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Preface

Euro-Par Conference Series

Euro-Par is an annual series of international conferences dedicated to the pro-
motion and advancement of all aspects of parallel computing. The major themes
can be divided into the broad categories of hardware, software, algorithms and
applications for parallel computing. The objective of Euro-Par is to provide a
forum within which to promote the development of parallel computing both as
an industrial technique and an academic discipline, extending the frontier of
both the state of the art and the state of the practice. This is particularly im-
portant at a time when parallel computing is undergoing strong and sustained
development and experiencing real industrial take-up. The main audience for,
and participants at, Euro-Par are seen as researchers in academic departments,
government laboratories and industrial organizations. Euro-Par’s objective is
to be the primary choice of such professionals for the presentation of new re-
sults in their specific areas. Euro-Par also targets applications demonstrating
the effectiveness of parallelism. This year’s Euro-Par conference was the tenth
in the conference series. The previous Euro-Par conferences took place in Stock-
holm, Lyon, Passau, Southampton, Toulouse, Munich, Manchester, Paderborn
and Klagenfurt. Next year the conference will take place in Lisbon. Euro-Par
has a permanent Web site hosting the aims, the organization structure details
as well as all the conference history: http://www.europar.org. Currently, the
Euro-Par conference series is sponsored by the Association for Computing Ma-
chinery (ACM) in cooperation with SIGACT, SIGARCH and SIGMM, by the
International Federation for Information Processing (IFIP) in cooperation with
IFIP WG 10.3, and by the Institute of Electrical and Electronics Engineers
(IEEE) in cooperation with TCPP.

Euro-Par 2004 at Pisa, Italy

Euro-Par 2004 was organized by the University of Pisa, Department of Computer
Science and by the National Research Council Institute of Information Science
and Technologies (ISTI), also located in Pisa. The conference took place at the
“Palazzo dei Congressi” (the Conference Center of Pisa University). A number of
tutorials and invited talks extended the regular scientific program. The tutorials
and the invited talks covered major themes in the current high-performance
parallel computing scenarios:

The full-day tutorial “Open Source Middleware for the Grid: Distributed
Objects and Components in ProActive”, by Denis Caromel (OASIS, INRIA
Sophia Antipolis, France) covered major aspects in the implementation of
middleware supporting the development of grid applications through suit-
able, open-source, component-based middleware.
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The half-day tutorial “Achieving Usability and Efficiency in Large-Scale Par-
allel Computing Systems” by Fabrizio Petrini and Kei Davis (Los Alamos
National Laboratory, USA) went through the techniques used to set up high-
performance clusters exploiting the most recent and advanced interconnec-
tion technology.
The half-day tutorial “Grid Resource Management and Scheduling”, by
Ramin Yahyapour (University of Dortmund, Germany) presented an overview
of the state of the art and experiences in Grid resource management and
scheduling.
The invited talk by Dennis Gannon (Indiana University, USA) “Building
Grid Applications and Portals: An Approach Based on Components, Web
Services and Workflow Tools” dealt with advanced techniques for building
grid applications.
The invited talk by Manuel Hermenegildo (Technical University of Madrid
and University of New Mexico) “Some Techniques for Automated, Resource-
Aware Distributed and Mobile Computing in a Multi-paradigm Program-
ming System” dealt with advanced techniques for distributed and mobile
computing.
The invited talk by Mateo Valero (DAP-UPC Barcelona, Spain) “Kilo-
instruction Processors” was about innovative processor technology aimed
at reducing the problems raised by memory access latency.
Last but not least, the invited talk by Murray Cole (School of Informatics,
Edinburgh, UK) “Why Structured Parallel Programming Matters” was fo-
cused on the relevance and effectiveness of structured parallel programming
with respect to performance, correctness and productivity.

The tutorials all took place on Tuesday, 31st of August. Two invited talks were
scheduled for the beginning of the regular scientific program of the conference,
on Wednesday, 1st of September, and two were scheduled for the end, on Friday,
3rd of September.

Euro-Par 2004 Statistics

Euro-Par 2004 followed the classic Euro-Par conference format and consisted of
a number of topics. Each topic was supervised by a committee of four persons:
a global chair, a local chair and two vice chairs. This year the conference ran
19 different topics. In addition to classic Euro-Par topics, the High-Performance
Bioinformatics topic was introduced for the first time. A Demo Session topic
included in the conference program after the positive experience of Euro-Par 2003
received a very small number of submissions. It was eventually canceled from the
conference program and the accepted submissions were moved to another, related
topic. The overall call for papers was closed in early February 2004 and attracted
a total of 352 submissions; 124 papers were accepted after a refering process that
collected an average 3.6 referee reports per paper, for a grand total of more than
1300 referee reports that involved more than 600 different reviewers; 105 papers
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were accepted as regular papers, 15 as research notes, and 4 as distinguished
papers. Eventually, 2 papers were withdrawn by the authors, and therefore 122
papers are actually included in these proceedings. Papers were submitted from 39
different countries, according to the corresponding author country. Papers were
accepted from 27 different countries. The major number of accepted papers came
from the USA (22 papers), France and Spain (15 papers each), and Germany
and Italy (13 papers each).
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reviewers who overall contributed to making this conference possible. Also, the
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ous support during the conference organization. Special support was provided
by Christian Lengauer, chair of the steering committee and by Harald Kosch,
co-organizer of the 2003 Euro-Par conference. A special thanks is for the local
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Coppola, Tiziano Fagni, Alessandro Paccosi, Antonio Panciatici, Diego Puppin,
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related to the conference organization and set up.

We all hope that the attendees had a pleasant stay in Pisa at the Euro-Par
2004 conference!

Pisa, June 2004 Marco Danelutto
Domenico Laforenza

Marco Vanneschi
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Building Grid Applications and Portals:
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Web Services and Workflow Tools
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Abstract. Large scale Grid applications are often composed a distributed col-
lection of parallel simulation codes, instrument monitors, data miners, rendering
and visualization tools. For example, consider a severe storm prediction system
driven by a grid of weather sensors. Typically these applications are very com-
plex to build, so users interact with them through a Grid portal front end. This
talk outlines an approach based on a web service component architecture for
building these applications and portal interfaces. We illustrate how the tradi-
tional parallel application can be wrapped by a web service factory and inte-
grated into complex workflows. Additional issues that are addressed include:
grid security, web service tools and workflow composition tools. The talk will
try to outline several important classes of unsolved problems and possible new
research directions for building grid applications.

1 Introduction

This talk will consider the basic problem of building Grid applications by composing
web services and CCA components in a dynamic, distributed environment. There are
three basic issues that we address. First we consider the way the user accesses the
Grid applications. It is our experience that this is best accomplished with a web portal
that can provide the user with a secure framework for accessing all his or her applica-
tions and services. The design of such a portal is non-trivial and plays a central role in
the overall security architecture of the Grid. The second important problem is to pro-
vide a way for the user to encapsulate legacy applications as Grid services that can be
securely accessed by remote, authorized clients. Finally we consider the problem of
integrating dynamic workflow with the static composition model of component
frameworks like the Common Component Architecture. In this extended abstract we
briefly consider each of these problems.

2 The Portal

There is a four layer model that can best illustrate the role of the portal in its relation
to the user and Grid/web services. At the bottom layer we have the physical resources

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 1–8, 2004.
© Springer-Verlag Berlin Heidelberg 2004



2 D. Gannon et al.

that comprise the Grid fabric. At the layer above that we have a core service frame-
work like WSRF or OGSI, which provides the common language to talk about the
real and virtual resources of the Grid. Above that we have the Open Grid Service
Architecture , which is s set of specifications for the common Grid services that appli-
cations use. Finally the Portal Server provides the gateway for the user. The portal
server provides the environment in which the user ‘s “grid context” is established.
This server is based on emerging standards [11] and is available from OGCE [15] or
the GridSphere [14] project.

Fig. 1. Users access the portal via a standard web browsers. The portal server becomes the
proxy for the user in his or her interactions with the Grid.

The OGCE and GridSphere portal servers are each based on the concept of “port-
lets”, which are portal components that each provide a specialized capability, such as
access to some service. For example, the OGSA Data Access and Integration service
is a Grid service to access databases and metadata services. Figure 2 illustrates the
portlet that is presented to the user from the portal server.

Users access the portal via a web browser over https, so they can be assured their
interaction with the portal server are secure. The portal server fetches and hold the
user’s proxy credentials , so that it can act on the user behalf for the duration of the
session. An important special case where the portal acts as the agent for the user while
interacting with the Grid, is when a Grid service must project a user interface to the
user. The way this is accomplished is illustrated in Figure 3.

The user first makes a request to the portal server to load the interface for the pro-
tected Grid Service. The portal server then calls the service in question using the
user’s credentials and asks for the service interface. The Grid service stores this inter-
face as a standard service resource. It may be an HTML form document or it may be
an applet. The portal delivers this interface back to the user. The user uses the inter-
face to formulate a query for the remote service and sends that back to the portal
server which tunnels it to the service.
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Fig. 2. The OGSA DAI portlet allows user to pose queries to Grid data services.

Fig. 3. Using the portal server to tunnel service requests to the back-end Grid services.

It should be noted that this model is very similar to WSRP [12], but it places the
emphasis on security and using the built-in capability of WSRF or OGSI. WSRP is an
OASIS standard for building Remote Portlets for Web Services. Our approach, which
is based on dynamically loading interfaces into the portal server has some advantages.
First, it allows the service to define the interface in the same way that a web site de-
fines the way it presents itself to users. But, most important, loading the interface first
into the portal server, allows that interface to share the users portal context informa-
tion. This context information includes security credentials, such as proxy certificates
and capability tokens.

It is also possible for the portal to generate an interface for simple web services
automatically. Octav Chipara and Aleksander Slominski developed Xydra Ontobrew
[21], (see figure 4 and 5) which can dynamically load a WSDL file that defines a web
service and generate an interactive interface for it. While it does not work in cases
where message have extremely complex types, it works in those cases where the ser-
vice may be designed for human interaction.
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Fig. 4. OntoBrew is a portal component that automatically generates a human interface for a
web service, given its WSDL definition. In this case we see the California Highway Traffic
Information Service.

Fig. 5. The result of the query to the traffic service for information about Highway 101.

We find the portal layer is one of the most important parts of the Grid system be-
cause it is where the user meets the Grid services. If it is not designed well, the users
will not use the Grid at all. There must be a clear advantage to using the portal over
dealing with the Grid in terms of basic distributed computing primitives. In fact, for
scientific users, they will use the portal only if it has something that can be accessed
with three or fewer mouse clicks and is something that they can access no other way.
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Fig. 6. The application factory model. The factory presents a user interface to the user through
the portal that allows the user to supply any configuration parameters needed by the application
prior to its execution.

3 Incorporating Legacy Applications Using a Factory Service

Legacy applications are an important part of almost all large scale Grid application.
The challenge for legacies is to incorporate them as components into larger work-
flows and composed applications. One solution is to provide a Factory service, as
illustrated in Figure 6, that is capable of launching instances of the application based
on parameters supplied to the factory by the user.

There are two significant issues that are important here. The first is that it is most
application scientists are not trained in writing web services and a mechanism is
needed to help them do this. Fortunately, it is possible to write a factory generator
that can live within the portal server and can be used to create a factory on behalf of
the application programmer. What the programmer must provide is a simple xml
document that describes the application and its configuration parameters and how it
is launched. From this information we can automatically generate a factory service for
the application.

The second issue is solving the problem of how to authorize other users to use a
factory service. Unlike most services, which run as “root”, the factory service runs
with the identity of the application program that created it. The solution we use is to
allow the owner of the factory service to create capability tokens which allow certain
users, or groups of users access to the factory. These tokens are simple xml docu-
ments that are signed by the owner of the service stating that the intended user shall
have the authorization to interact with the owner’s factory.

As shown in Figure 7, these capabilities can be stored in a separate capability store
and a user’s capabilities can be fetched by the portal each time the user logs into the
portal. The ability to encapsulate an application, and provide secure access and au-
thorization to it, is very similar in spirit to the original Netsolve and Ninf projects [4,
13], which pioneered the concept of viewing an application as a service.
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Fig. 7. Users access the portal via a standard web browsers. The portal server becomes the
proxy for the user in his or her interactions with the Grid.

4 Workflow and Component Composition

There are a host of good workflow tools for scientific Grid applications including
Dagman [5], ICENI [8], Triana [18], Keppler and Ptolemy II [17], Taverna and Gri-
dAnt [19]. On the industrial side there is BPEL4WS [3]. In addition there are compo-
nent based software systems like CCA [2, 16, 23]. In the presentation we will focus
on two aspects of doing workflow in Grid systems. First we will illustrate a large and
complex example motivated by mesoscale storm simulation [6] and then we will
discuss the interesting challenges of compiling very high level graphical specifica-
tions into one or more of the languages listed above.

There are a host of open problems for research in Grid Programming in general.
(See [22] for a good overview). In the area of component based systems, there are two
general models: dataflow based composition (Triana and Ptolemy are good examples
of this), in which as stream of data is pushed from a source port to a destination port
and remote procedure call (RPC) based systems like CCA a source invokes a function
on the remote side and waits for a response. In both cases, the underlying assumption
is that a source and destination port are both live partners in a data exchange. Work-
flow systems sequence activities and the connection between component services may
only be a causal dependence. However this is not always the case. Modern web ser-
vices allows us to send a message to one service and ask that the reply be sent to dif-
ferent service. This is possible because most web services operate on a message level
rather than RPC. However, CCA can be implemented using web services (see
XCAT3 [23]) and we can build workflows that incorporate both models.

Most of the tools for Grid workflow assume that the user wants to build the work-
flow as a simple graph of service component. However, this compact graph model is
not always appropriate. This may be the case when the workflow is simply too large
and complex to effectively “program” it as a graph. (However, some tools allow one
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to turn a Graph into a new first-class component or service, which can then be in-
cluded as a node in another graph (a workflow of workflows). This technique allows
graphs of arbitrary complexity to be constructed). But size complexity is not the only
problem. It may be the case that the workflow is driven by events that determine its
structure. It may also be the case that the workflow structure is defined by processes
that are negotiated at runtime. For example, suppose one component service must be
replaced by another and that new service requires other new services to be connected
into the picture. These new services may also require a different organization of the
upstream components of the workflow. Or, for example, a workflow may be able to
dynamically optimize its structure when it sees that a component service is not
needed. While applications of workflows of this complexity may appear to be science
fiction at the present time, the application of Grids to autonomic systems may require
this level of intelligence and adaptability.

Finally, the static graph model may fail as a means to characterize the workflow in
the case that the graph is implicit as in the case when the workflow is expressed as a
set of desired outcomes that can be satisfied by a number of different workflow en-
actments. For example, a data query may be satisfied moving a large data set across
country or it may be cheaper to recreate the data in a local environment. This is a
simple example of the Griphyn virtual data concept.

For larger systems, or for workflows of most complex dynamically structured type,
something that resembles a complete programming language is required. BPEL4WS
is the leading candidate for a “complete programming language” for workflows. In
fact, BPEL provides two usage patterns for expressing workflow behaviors. The first
usage pattern is based on the concept of an abstract process which represents a role,
such as “buyer” or “seller” in a business process and the “graph” based language to
describe their interaction. These interactions are defined by partner links and BPEL
provides the language to describe the public aspects of the protocol used in the inter-
action between these partners. The other usage pattern of BPEL involves the “alge-
braic” language needed to define the logic and state of an executable process in terms
of web service resources and XML data, and tools to deal with exceptions and fail-
ures.

There are a number of significant general issues for workflow authoring and en-
actment in Grid systems. Many of these point to general research problems for the
future.

One area that has received little attention in the current Grid workflow projects is
the issue of security. It is dangerous to trust a complex workflow enactment to assure
that resources are protected. To what extent is a single user’s identity/authority suffi-
cient to authroize a complex workflow enactment that may require a large set of ca-
pabilities to complete a set of distributed tasks?

Another interesting area of research involves the way in which we can use a work-
flow document as part of the scientific provenance of a computational experiment?
Under what conditions can we publish a workflow script as a document that can be
used by others to verify a scientific claim? If the workflow was triggered by se-
quences of external events, can the monitoring of the workflow capture these events
well enough so that the enactment can be repeated?

There are many other interesting questions. Can we build systems that allow work-
flows to automatically do incremental self-optimization? Can we automatically dis-
cover new properties and services of a Grid that enable such self-optimization? If
there is time, we will address additional issues in the final presentation.
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Abstract. Superscalar processors tolerate long-latency memory opera-
tions by maintaining a high number of in-flight instructions. Since the gap
between processor and memory speed continues increasing every year,
the number of in-flight instructions needed to support the large memory
access latencies expected in the future should be higher and higher. How-
ever, scaling-up the structures required by current processors to support
such a high number of in-flight instructions is impractical due to area,
power consumption, and cycle time constraints.
The kilo-instruction processor is an affordable architecture able to toler-
ate the memory access latency by supporting thousands of in-flight in-
structions. Instead of simply up-sizing the processor structures, the kilo-
instruction architecture relies on an efficient multi-checkpointing mecha-
nism. Multi-checkpointing leverages a set of techniques like multi-level in-
struction queues, late register allocation, and early register release. These
techniques emphasize the intelligent use of the available resources, avoid-
ing scalability problems in the design of the critical processor structures.
Furthermore, the kilo-instruction architecture is orthogonal to other ar-
chitectures, like multi-processors and vector processors, which can be
combined to boost the overall processor performance.

1 Introduction

A lot of research effort is devoted to design new architectural techniques able
to take advantage of the continuous improvement in microprocessor technology.
The current trend leads to processors with longer pipelines, which combines
with the faster technology to allow an important increase in the processor clock
frequency every year.

However, this trend generates two important problems that processor design-
ers should face up. On the one hand, long pipelines increase the distance between
branch prediction and branch resolution. The longer a pipeline is, the higher
amount of speculative work that should be discarded in case of a branch mispre-
diction. In this context, an accurate branch predictor becomes a critical processor
component. On the other hand, the higher clock frequency increases the main
memory access latency. Since the DRAM technology improves at a speed much
lower than the microprocessor technology, each increase in the processor clock
frequency causes that a higher number of processor cycles are required to access
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© Springer-Verlag Berlin Heidelberg 2004
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the main memory, degrading the potential performance achievable with the clock
frequency improvement.

If the main memory access latency increase continues, it will be a harmful
problem for future microprocessor technologies. Therefore, dealing with the gap
between the processor and the memory speed is vital in order to allow high-
frequency microprocessors to achieve all their potential performance. A plethora
of well-known techniques has been proposed to overcome the main memory la-
tency, like cache hierarchies or data prefetching, but they do not completely
solve the problem. A different approach to tolerate the main memory access la-
tency is to dramatically increase the number of in-flight instructions that can be
maintained by the processor.

A processor able to maintain thousands in-flight instructions can overlap the
latency of a load instruction that access to the main memory with the execution
of subsequent independent instructions, that is, the processor can hide the main
memory access latency by executing useful work. However, maintaining a high
number of in-flight instructions requires scaling-up critical processor structures
like the reorder buffer, the physical register file, the instruction queues, and
the load/store queue. This is not affordable due to cycle time limitations. The
challenge is to develop an architecture able to support a high number of in-
flight instructions while avoiding the scalability problems involved by such a big
amount of in-flight instructions.

2 Increasing the Number of In-Flight Instructions

Figure 1 shows an example of the impact of increasing the maximum number
of in-flight instructions supported by a four instruction wide out-of-order super-
scalar processor. The main memory access latency is varied from 100 to 1000
cycles. Data is provided for both the SPECint2000 integer applications and the
SPECfp2000 floating point applications. A first observation from this figure is
that the increase in the main memory latency causes enormous performance
degradation. In a processor able to support 128 in-flight instructions, the integer
applications suffer from an average 45% performance reduction. The degrada-
tion is even higher for floating point applications, whose average performance is
reduced by 65%. Nevertheless, a higher number of in-flight instructions mitigates
this effect. Increasing the number of in-flight instructions in a processor having
1000-cycle memory latency causes an average 50% performance improvement for
the integer programs, while the floating point programs achieve a much higher
250% improvement.

These results show that increasing the number of in-flight instructions is an
effective way of tolerating large memory access latencies. On average, executing
floating point programs, a processor able to maintain up to 4096 in-flight instruc-
tions having 1000-cycle memory latency performs 22% better than a processor
having 100-cycle latency but only being able to maintain up to 128 in-flight in-
structions. Executing integer programs, the processor supporting 4096 in-flight
instructions cannot achieve a better performance than the processor support-



Maintaining Thousands of In-Flight Instructions 11

Fig. 1. Average performance of a 4-wide out-of-order superscalar processor executing
both the SPEC2000 integer and floating point programs. The maximum number of in-
flight instructions supported is varied from 128 to 4096, and the main memory access
latency is varied from 100 to 1000 cycles.

ing 128 in-flight instructions. However, it is only 18% slower despite having a
memory latency 10 times larger. The improvement achieved in floating point
applications is due to the higher instruction-level parallelism available in these
programs. The amount of correct-path instructions that can be used to overlap
a long-latency memory operation in integer programs is limited by the presence
of chains of instructions dependent on long-latency loads, especially other long-
latency loads (i.e. chasing pointers), as well as the higher branch misprediction
rate. Nevertheless, the continuous research effort devoted to improve branch pre-
diction suggests that integer programs can achieve an improvement as high as
floating point programs in a near future. Moreover, the higher number of in-flight
instructions also enables different optimizations, like instruction reuse and value
prediction, which can provide even better performance.

Therefore, high-frequency microprocessors will be able to tolerate large mem-
ory access latencies by maintaining thousands of in-flight instructions. The sim-
plest way of supporting so much in-flight instructions is to scale all the processor
resources involved, that is, the reorder buffer (ROB), the physical register file,
the general purpose instruction queues (integer and floating point ones), and
the load/store queue. Every decoded instruction requires an entry in the ROB,
which is not released until the instruction commits. Every decoded instruction
also requires an entry in the corresponding instruction queue, but it is released
when the instruction issues for execution. The load/store queue has a different
behavior. An entry in this queue is not released until it can be assured that no
previous instruction will modify the contents of the memory address that will be
accessed by the load or store instruction. In addition, store instructions cannot
release their entries until commit because the memory hierarchy must not be
updated until the execution correctness is guaranteed. Finally, every renamed
instruction that generates a result requires a physical register, which is not re-
leased until it can be assured that the register value will not be used by a later
instruction, that is, when the commit stage is reached by a new instruction that
overwrites the contents of the registers.
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However, scaling-up the number of entries in these structures is impractical,
not only due to area and power consumption constraints, but also because these
structures often determine the processor cycle time [15]. This is an exciting
challenge. On the one hand, a higher number of in-flight instructions allows to
tolerate large memory access latencies and thus provide a high performance. On
the other hand, supporting such a high number of in-flight instructions involves a
difficult scalability problem for the processor design. Our approach to overcome
this scalability problem, while supporting thousands of in-flight instructions, is
the kilo-instruction processor.

3 The Kilo-Instruction Processor

In essence, the kilo-instruction processor [4] is an out-of-order processor that
keeps thousands of in-flight instructions. The main feature of our architecture
is that its implementation is affordable. In order to support thousands of in-
flight instructions, the kilo-instruction architecture relies on an intelligent use
of the processor resources, avoiding the scalability problems caused by an ex-
cessive increase in the size of the main processor structures. Our design deals
with the problems of each of these structures in an orthogonal way, that is, we
apply particular solutions for each structure. These solutions are described in
the following sections.

3.1 Multi-checkpointing

Checkpointing is a well established and used technique [8]. The main idea is to
create a checkpoint at specific instructions of the program being executed. A
checkpoint can be though of as a snapshot of the state of the processor, which
contains all the information required to recover the architectural state and restart
execution at that point. Several recent proposals are based on checkpointing.
Cherry [10] uses a single checkpoint outside the ROB. The ROB is divided into
a region occupied by speculative instructions, which can use the checkpoint for
recovery, and a region occupied by non-speculative instructions, which depend on
the ROB for recovery. Runahead execution [14] also creates a single checkpoint
when the head of the ROB is reached by a load that has missed in the second
level cache, allowing to speculatively execute the following instructions in order
to perform data and instruction prefetches.

Instead of using a single checkpoint, the kilo-instruction architecture relies on
a multi-checkpointing mechanism. Figure 2 shows an example of our checkpoint-
ing process [6]. First of all, it is important to state that there always exists at
least one checkpoint in the processor (timeline A). The processor will fetch and
issue instructions, taking new checkpoints at particular ones. If an instruction is
miss-speculated or an exception occurs (timeline B), the processor rolls back to
the previous checkpoint and resumes execution from there. When all instructions
between two checkpoints are executed (timeline C), the older checkpoint among
the two is removed (timeline D).
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Fig. 2. The checkpointing process performed by the kilo-instruction processor.

Our multi-checkpointing mechanism has been designed as an efficient way to
control and manage the use of critical resources inside the processor [3]. The nov-
elty of this mechanism is that the kilo-instruction architecture uses checkpointing
to allow an early release of resources. The multi-checkpointing mechanism en-
ables the possibility of committing instructions out-of-order, allowing to early
release ROB entries, which can lead to an architecture where the classical ROB
is essentially unnecessary [6]. Early release can also be applied to physical regis-
ters, reducing the number of required registers. In addition, multi-checkpointing
makes it possible to early manage the entries of the instruction queues, imple-
menting a two-level structure. In summary, the multi-checkpointing mechanism
is the key technique that makes our kilo-instruction architecture affordable.

3.2 Out-of-Order Commit

In a superscalar out-of-order processor, all instructions are inserted in the reorder
buffer (ROB) after they are fetched and decoded. The ROB keeps a history win-
dow of all in-flight instructions, allowing for the precise recovery of the program
state at any point. Instructions are removed from the ROB when they commit,
that is, when they finish executing and update the architectural state of the
processor. However, to assure that precise recovery is possible, the instructions
should be committed in the program order.

In-order commit is a serious problem in the presence of large memory access
latencies. Let us suppose that a processor has a 128-entry ROB and 500-cycle
memory access latency. If a load instruction does not find a data in the cache
hierarchy, it accesses the main memory, and thus it cannot be committed until its
execution finishes 500 cycles later. When the load becomes the older instruction
in the ROB, it blocks the in-order commit, and no later instruction will commit
until the load finishes. Part of these cycles can be devoted to do useful work, but
the ROB will become full soon, stalling the processor during several hundreds
cycles. To avoid this, a larger ROB is required, that is, the processor requires a
higher number of in-flight instructions to overlap the load access latency with
the execution of following instructions. However, scaling-up the number of ROB
entries is impractical, mainly due to cycle time limitations.
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The kilo-instruction architecture solves this problem by using the multi-
checkpointing mechanism for enabling out-of-order commit [3,6]. The presence
of a previous checkpoint causes that in-order commit is not required for preserv-
ing correctness and exception preciseness. If an exception occurs, the processor
returns to the previous checkpoint and restarts execution. Indeed, the ROB it-
self becomes unnecessary. In spite of this, we keep a ROB-like structure in our
kilo-instruction processor design. This structure, which we call pseudo-ROB [6],
has the same functionality of a ROB. However, the instructions that reach the
head of the pseudo-ROB are removed at a fixed rate, not depending on their
state. Since the processor state can be recovered from the pseudo-ROB, generat-
ing a checkpoint is only necessary when the instructions leave the pseudo-ROB.
Delaying checkpoint generation is beneficial to reduce the impact of branch mis-
predictions. Over 90% of mispredictions are caused by branches that are still
inside the pseudo-ROB. This means that most branch mispredictions do not
need to roll back to the previous checkpoint for recovering the correct state,
minimizing the misprediction penalty. In this way, the combination of the multi-
checkpointing and the pseudo-ROB allows to implement the functionality of
a large ROB without requiring an unimplementable centralized structure with
thousands of entries.

3.3 Instruction Queues

At the same time that instructions are inserted in the ROB, they are also inserted
in their corresponding instruction queues. Each instruction should wait in an
instruction queue until it is issued for execution. Figure 3 shows the accumulative
distribution of allocated entries in the integer queue (for SPECint2000 programs)
and in the floating point queue (for SPECfp2000 programs) with respect to the
amount of total in-flight instructions. The main observation is that, in a processor
able to support up to 2048 in-flight instructions, the instruction queues need a
high number of entries. To cope with over 90% of the scenarios the processor is
going to face, the integer queue requires 300 entries and the floating point queue
requires 500 entries, which is definitely going to affect the cycle time [15].

Fortunately, not all instructions behave in the same way. Instructions are
divided in two groups: blocked-short instructions when they are waiting for a
functional unit or for results from short-latency operations, and blocked-long in-
structions when they are waiting for some long-latency instruction to complete,
like a load instruction that misses in the second level cache. Blocked-long instruc-
tions represent by far the largest fraction of entries allocated in the instruction
queues. Since these instructions take a very long time to even get issued for ex-
ecution, maintaining them in the instruction queues just takes away issue slots
from other instructions that will be executed more quickly. Multilevel queues can
be used to track this type of instructions, delegating their handling to slower,
but larger and less complex structures. Some previous studies have proposed
such multilevel queues [9,2], but they require a wake-up and select logic which
might be on the critical path, thus potentially affecting the cycle time.

The kilo-instruction processor also takes advantage of the different waiting
times of the instructions in the queues, but doing it in an affordable way. First
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Fig. 3. Accumulative distribution of allocated entries in the integer queue (using the
SPECint2000 programs) and in the floating point queue (using the SPECfp2000 pro-
grams) with respect to the amount of total in-flight instructions. For example, in float-
ing point applications, 50% of the time there are 1600 or less in-flight instructions,
requiring 400 floating point queue entries. Data presented corresponds to a processor
able to maintain up to 2048 in-flight instructions and having 500-cycle memory access
latency.

of all, our mechanism detects those instructions that will take a very long time
to get issued for execution. The presence of the pseudo-ROB is beneficial for this
detection process, since it allows to delay the decision of which instructions will
require a long execution time until it can be effectively known. This not only
increases the accuracy of long-latency instruction detection, but also greatly
reduces the complexity of the logic required.

Long-latency instructions are removed from the general purpose instruction
queues and stored in-order in a secondary buffer, which allows to free entries
from the instruction queues that can be used by short-latency operations. The
secondary buffer is a simple FIFO-like structure that we call Slow Lane Instruc-
tion Queue (SLIQ) [6]. The instructions stored in the SLIQ will wait until there
is any need for them to return to the respective instruction queue. When the
long-latency operation that blocked the instructions finishes, they are removed
from the SLIQ and inserted back into their corresponding instruction queue,
where they can be issued for execution. This mechanism allows to effectively im-
plement the functionality of a large instruction queue while requiring a reduced
number of entries, and thus it makes it possible to support a high number of
in-flight instructions without scaling-up the instruction queues.

3.4 Load/Store Queue

Load and store instructions are inserted in the load/store queue at the same time
they are inserted in the ROB. The main objective of this queue is to guarantee
that all load and store instructions reach the memory system in the correct
program order. For each load, it should be checked if an earlier store has been
issued to the same physical address, and thus use the value produced by the store.
For each store, it should be checked if a later load to the same physical address
has been previously issued, and thus take corrective actions. Maintaining a high
number of in-flight instructions involves an increase in the number of loads and
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stores that should be taken into account, which can make the load/store queue
a true bottleneck both in latency and power.

Some solutions have been proposed for this problem. In [17], the load/store
queue scalability is improved by applying approximate hardware hashing. A
Bloom filter predictor is used to avoid unnecessary associative searches for mem-
ory operations that do not match other memory operations. This predictor is
also used to separate load/store queue partitions, reducing the number of par-
titions that should be looked up when a queue search is necessary. Another
approach is using multilevel structures [1,16]. These works propose different fil-
tering schemes that use two-level structures for storing most or all instructions in
a big structure, while a smaller structure is used to easily check the dependencies.

3.5 Physical Register File

A great amount of physical registers is required to maintain thousands of in-
flight instructions. Figure 4 shows the accumulative distribution of allocated
integer registers (for SPECint2000 programs) and floating point registers (for
SPECfp2000 programs) with respect to the amount of total in-flight instructions.
To cope with over 90% of the scenarios the processor is going to face, almost
800 registers are required for the integer programs and almost 1200 are required
for the floating point programs. Such a large register file will be impractical not
only due to area and power limitations, but also because it requires a high access
time, which will surely involve an increase in the processor cycle time.

In order to reduce the number of physical registers needed, the kilo-instruction
processor relies on the different behaviors observed in the instructions that use
a physical register. Registers are classified in four categories. Live registers con-
tain values currently in use. Blocked-short and blocked-long registers have been
allocated during rename, but are blocked because the corresponding instructions
are waiting for the execution of predecessor instructions. Blocked-short registers
are waiting for instructions that will issue shortly, while blocked-long registers
are waiting for long-latency instructions. Finally, dead registers are no longer in
use, but they are still allocated because the corresponding instructions have not
yet committed.

It is clear that blocked-long and dead registers constitute the largest fraction
of allocated registers. In order to avoid blocked-long registers, the assignment of
physical registers can be delayed using virtual tags [12]. These virtual register
mapping keeps track of the rename dependencies, making unnecessary the as-
signment of a physical register to an instruction until it starts execution. Dead
registers can also be eliminated by using mechanisms for early register recycling
[13]. These mechanisms release a physical register when it is possible to guaran-
tee that it will not be used again, regardless the corresponding instruction has
committed or not.

The kilo-instruction architecture combines these two techniques with the
multi-checkpointing mechanism, leading to an aggressive register recycling mech-
anism that we call ephemeral registers [5,11]. This is the first proposal that
integrates both a mechanism for delayed register allocation and early register
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Fig. 4. Accumulative distribution of allocated integer registers (using the SPECint2000
programs) and floating point registers (using the SPECfp2000 programs) with respect
to the amount of total in-flight instructions. Data presented corresponds to a processor
able to maintain up to 2048 in-flight instructions and having 500-cycle memory access
latency.

release and analyzes the synergy between them. The combination of these two
techniques with checkpointing allows the processor to non-conservatively deallo-
cate registers, making it possible to support thousands of in-flight instructions
without requiring an excessive number of registers.

4 Real Performance

Figure 5 provides some insight about the performance achievable by the kilo-
instruction processor. It shows the average performance of a 4-wide processor
executing the SPEC2000 floating point applications. The kilo-instruction proces-
sor modeled is able to support up to 2048 in-flight instructions, but it uses just
128-entry instruction queues. It also uses 32KB separate instruction and data
caches as well as an unified 1MB second level cache. The figure is divided into
three zones, each of them comprising the results for 100, 500, and 1000 cycles of
main memory access latency. Each zone is composed of three groups of two bars,
corresponding to 512, 1024, and 2048 virtual registers or tags [12]. The two bars
of each group represent the performance using 256 or 512 physical registers.

In addition, each zone of the figure has two lines which represent the per-
formance obtained by a baseline superscalar processor, able to support up to
128 in-flight instructions, and a limit unfeasible microarchitecture where all
the resources have been up-sized to allow up to 4096 in-flight instructions.
The main observation is that the kilo-instruction processor provides important
performance improvements over the baseline superscalar processor. Using 2048
virtual tags, the kilo-instruction processor is more than twice faster than the
baseline when the memory access latency is 500 cycles or higher. Moreover, a
kilo-instruction processor having 1000 cycles memory access latency is only a
5% slower than the baseline processor having a memory access latency 10 times
lower.

These results show that the kilo-instruction processor is an effective way of
approaching the unimplementable limit machine in an affordable way. However,
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Fig. 5. Average performance results of the kilo-instruction processor executing the
SPECfp2000 programs with respect to the amount of virtual registers, the memory
latency, and the amount of physical registers.

there is still room for improvement. The distance between the kilo-instruction
processor performance and the limit machine is higher for larger memory access
latencies. This causes that, although the performance results for more aggressive
setups nearly saturate for a memory access latency of 100 or 500 cycles, the
growing trend is far from saturating when the memory access latency is 1000
cycles. This trend suggests that a more aggressive machine, able to support a
higher number of in-flight instructions, will provide even a better performance.

5 Current Research Lines

The kilo-instruction architecture is not only an efficient technique for tolerating
the memory access latency. It is also a flexible paradigm able to cross-pollinate
with other techniques, that is, it can be combined with other mechanisms to
improve its capabilities and boost the processor performance.

The kilo-instruction architecture can be combined with multiprocessors or
simultaneous multithreaded processors. In particular, the kilo-instruction mul-
tiprocessor architecture [7] uses kilo-instruction processors as computing nodes
for building small-scale CC-NUMA multiprocessors. This kind of multiproces-
sor system provide good performance results, showing two interesting behaviors.
First, the great amount of in-flight instructions makes it possible for the system
not just to hide the latencies coming from local and remote memory accesses but
also the inherent communication latencies involved in preserving data coherence.
Second, the significant pressure imposed by many in-flight instructions translates
into a very high contention for the interconnection network. This fact remarks
the need for better routers capable of managing high traffic levels, dictating a
possible way for building future shared-memory multiprocessor systems.

Other interesting research line is the combination of the kilo-instruction ar-
chitecture with vector processors. Vector architectures require high bandwidth
memory systems to feed the vector functional units. The ability of bringing a
high amount of data from memory reduces the total number of memory ac-
cesses, also reducing the impact of large memory access latencies. However, this
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improvement is limited to the vector part of a program. The performance of the
scalar paxt will still be degraded due to the presence of a large memory access
latency. Our objective is to use a kilo-instruction processor to execute the scalar
part of vector programs, removing this limitation and thus providing a great
improvement in the performance of vector processors.

We are also analyzing the combination of kilo-instruction processors with
other techniques, which were previously proposed for processors with small in-
struction windows. Combining value prediction with kilo-instruction processors
makes it possible to predict the results of long-latency memory operations. This
technique allows to break the dependencies between long-latency loads and other
instructions, increasing the available instruction-level parallelism, and thus im-
proving the kilo-instruction processor ability of tolerating the memory access
latency. Kilo-instruction processors can also be combined with mechanisms for
detecting the reconvergence point after branch instructions. Correctly identify-
ing the control independent instructions will enable the possibility of reusing
independent instructions after branch mispredictions, alleviating the mispredic-
tion penalty. A different approach for avoiding the branch misprediction penalty
is combining the kilo-instruction processor with techniques for multi-path exe-
cution. In general, the possibility of combining the kilo-instruction architecture
with other techniques in an orthogonal way creates a great amount of new ap-
pealing ideas for future research.

6 Conclusions

Tolerating large memory access latencies is a key topic in the design of future
processors. Maintaining a high amount of in-flight instructions is an effective
mean for overcoming this problem. However, increasing the number of in-flight
instructions requires up-sizing several processor structures, which is impractical
due to power consumption, area, and cycle time limitations. The kilo-instruction
processor is an affordable architecture able to support thousands of in-flight in-
structions. Our architecture relies on an intelligent use of the processor resources,
avoiding the scalability problems caused by an excessive increase in the size of
the critical processor structures. The ability of maintaining a high number of in-
flight instructions makes the kilo-instruction processor an efficient architecture
for dealing with future memory latencies, being able to achieve a high perfor-
mance even in the presence of large memory access latencies.
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Abstract. Distributed parallel execution systems speed up applications
by splitting tasks into processes whose execution is assigned to different
receiving nodes in a high-bandwidth network. On the distributing side,
a fundamental problem is grouping and scheduling such tasks such that
each one involves sufficient computational cost when compared to the
task creation and communication costs and other such practical over-
heads. On the receiving side, an important issue is to have some assur-
ance of the correctness and characteristics of the code received and also
of the kind of load the particular task is going to pose, which can be
specified by means of certificates. In this paper we present in a tutorial
way a number of general solutions to these problems, and illustrate them
through their implementation in the Ciao multi-paradigm language and
program development environment. This system includes facilities for
parallel and distributed execution, an assertion language for specifying
complex programs properties (including safety and resource-related prop-
erties), and compile-time and run-time tools for performing automated
parallelization and resource control, as well as certification of programs
with resource consumption assurances and efficient checking of such cer-
tificates.

Keywords: resource awareness, granularity control, mobile code certifi-
cation, distributed execution, GRIDs.

1 Introduction

Distributed parallel execution systems speed up applications by splitting tasks
into processes whose execution is assigned to different nodes in a high-bandwidth
network. GRID systems [12] in particular attempt to use for this purpose widely
distributed sets of machines, often crossing several administrative domain bound-
aries. Many interesting challenges arise in this context.
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A number of now classical problems have to be solved when this process is
viewed from the producer side, i.e., from the point of view of the machine in
charge of starting and monitoring a particular execution of a given application
(or a part of such an application) by splitting the tasks into processes whose
execution is assigned to different nodes (i.e., consumers) on receiving sides of
the network. A fundamental problem involved in this process is detecting which
tasks composing the application are independent and can thus be executed in
parallel. Much work has been done in the areas of parallelizing compilers and
parallel languages in order to address this problem. While obviously interesting,
herein we will concentrate instead on other issues.

In this sense, a second fundamental problem, and which has also received
considerable attention (even if less than the previous one), is the problem of
grouping and scheduling such tasks, i.e., assigning tasks to remote processors,
and very specially the particular issue of ensuring that the tasks involve sufficient
computational cost when compared to the task creation and communication costs
and other such practical overheads. Due to these overheads, and if the granularity
of parallel tasks (i.e., the work necessary for their complete execution) is too
small, it may happen that the costs are larger than the benefits of their parallel
execution. Of course, the concept of small granularity is relative: it depends on
the concrete system or set of systems where parallel programs are running. Thus,
a resource-aware method has to be devised whereby the granularity of parallel
tasks and their number can be controlled. We will call this the task scheduling
and granularity control problem. In order to ensure that effective speedup can
be obtained from remote execution it is obviously desirable to devise a solution
where load and task distribution decisions are made automatically, specially
in the context of non-embarrassingly parallel and/or irregular computations in
which hand-coded approaches are difficult and tedious to apply.

Interestingly, when viewed from the consumer side, and in an open setting
such as that of the GRID and other similar overlay computing systems, ad-
ditional and novel challenges arise. In more traditional distributed parallelism
situations (e.g., on clusters) receivers are assumed to be either dedicated and/or
to trust and simply accept (or take, in the case of work-stealing schedulers) avail-
able tasks. In a more general setting, the administrative domain of the receiver
can be completely different from that of the producer. Moreover, the receiver is
possibly being used for other purposes (e.g., as a general-purpose workstation)
in addition to being a party to the distributed computation. In this environment,
interesting security- and resource-related issues arise. In particular, in order to
accept some code and a particular task to be performed, the receiver must have
some assurance of the correctness and characteristics of the code received and
also of the kind of load the particular task is going to pose. A receiver should be
free to reject code that does not adhere to a particular safety policy involving
more traditional safety issues (e.g., that it will not write on specific areas of
the disk) or resource-related issues (e.g., that it will not compute for more than
a given amount of time, or that it will not take up an amount of memory or
other resources above a certain threshold). Although it is obviously possible to
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interrupt a task after a certain time or if it starts taking too much memory this
will be wasteful of resources and require recovery measures. It is clearly more
desirable to be able to detect these situations a priori.

Recent approaches to mobile code safety involve associating safety informa-
tion in the form of a certificate to programs [28, 21, 26, 1]. The certificate (or
proof) is created at compile time, and packaged along with the untrusted code.
The consumer who receives or downloads the code+certificate package can then
run a verifier which by a straightforward inspection of the code and the cer-
tificate, can verify the validity of the certificate and thus compliance with the
safety policy. It appears interesting to devise means for certifying security by
enhancing mobile code with certificates which guarantee that the execution of
the (in principle untrusted) code received from another node in the network is
safe but also, as mentioned above, efficient, according to a predefined safety
policy which includes properties related to resource consumption.

In this paper we present in a tutorial way a number of general solutions to
these problems, and illustrate them through their implementation in the con-
text of a multi-paradigm language and program development environment that
we have developed, Ciao [3]. This system includes facilities for parallel and dis-
tributed execution, an assertion language for specifying complex programs prop-
erties (including safety and resource-related properties), and compile-time and
run-time tools for performing automated parallelization and resource control, as
well as certification of programs and efficient checking of such certificates.

Our system allows coding complex programs combining the styles of logic,
constraint, functional, and a particular version of object-oriented programming.
Programs which include logic and constraint programming (CLP) constructs
have been shown to offer a particularly interesting case for studying the issues
that we are interested in [14]. These programming paradigms pose significant
challenges to parallelization and task distribution, which relate closely to the
more difficult problems faced in traditional parallelization. This includes the
presence of highly irregular computations and dynamic control flow, non-trivial
notions of independence, the presence of dynamically allocated, complex data
structures containing pointers, etc. In addition, the advanced state of program
analysis technology and the expressiveness of existing abstract analysis domains
used in the analysis of these paradigms has become very useful for defining,
manipulating, and inferring a wide range of properties including independence,
bounds on data structure sizes, computational cost, etc.

After first reviewing our approach to solving the granularity control problem
using program analysis and transformation techniques, we propose a technique
for resource-aware security in mobile code based on safety certificates which
express properties related to resource usage. Intuitively, we use the granularity
information (computed by the cost analysis carried out to decide the distribution
of tasks on the producer side) in order to generate so-called cost certificates which
are packaged along with the untrusted code. The idea is that the receiving side
can reject code which brings cost certificates (which it cannot validate or) which



24 M. Hermenegildo et al.

have too large cost requirements in terms of computing resources (in time and/or
space) and accept mobile code which meets the established requirements.

The rest of the paper proceeds as follows. After briefly presenting in Section 2
the basic techniques used for inferring complex properties in our approach, in-
cluding upper and lower bounds on resource usage, Section 3 reviews our ap-
proach to the use of bounds on data structure sizes and computational cost to
perform automatic granularity control. Section 4 then discusses our approach to
resource-aware mobile code certification. Section 5 finally presents our conclu-
sions.

2 Inferring Complex Properties Including Term Sizes
and Costs

In order to illustrate our approach in a concrete setting, we will use CiaoPP [15]
throughout the paper. CiaoPP is a component of the Ciao programming envi-
ronment which performs several tasks including automated parallelization and
resource control, as well as certification of programs, and efficient checking of
such certificates. CiaoPP uses throughout the now well-established technique of
abstract interpretation [5]. This technique has allowed the development of very
sophisticated global static program analyses which are at the same time auto-
matic, provably correct, and practical. The basic idea of abstract interpretation
is to infer information on programs by interpreting (“running”) them using ab-
stract values rather than concrete ones, thus obtaining safe approximations of
program behavior. The technique allows inferring much richer information than,
for example, traditional types. The fact that at the heart of Ciao lies an efficient
logic programming-based kernel language allows the use in CiaoPP of the very
large body of approximation domains, inference techniques and tools for abstract
interpretation-based semantic analysis which have been developed to a powerful
and mature level in this area (see, e.g., [2, 27, 6, 16] and their references) and
which are integrated in CiaoPP. As a result of this, CiaoPP can infer at compile-
time, always safely, and with a significance degree of precision, a wide range of
properties such as data structure shape (including pointer sharing), bounds on
data structure sizes, determinacy, termination, non-failure, bounds on resource
consumption (time or space cost), etc.

All this information is expressed by the compiler using assertions: syntactic
objects which allow expressing “abstract” – i.e. symbolic – properties over dif-
ferent abstract domains. In particular, we use the high-level assertion language
of [29], which actually implements a two-way communication with the system: it
allows providing information to the analyzer as well as representing its results.

As a very simple example, consider the following procedure inc_all/2, which
increments all elements of a list by adding one to each of them (we use functional
notation for conciseness):
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Assume that analysis of the rest of the program has determined that this proce-
dure will be called providing a list of numbers as input. The output from CiaoPP
for this program then includes the following assertion:

Such “true pred” assertions specify in a combined way properties of both: “:”
the entry (i.e., upon calling) and “=>” the exit (i.e., upon success) points of all
calls to the procedure, as well as some global properties of its execution. The
assertion expresses that procedure inc_all will produce as output a list of num-
bers B, whose length is at least (size_lb) equal to the length of the input list,
that the procedure will never fail (i.e., an output value will be computed for
any possible input), that it is deterministic (only one solution will be produced
as output for any input), and that a lower bound on its computational cost
(steps_lb) is 2 length(A) + 1 execution steps (where the cost measure used in
the example is the number of procedure calls, but it can be any other arbitrary
measure). This simple example illustrates type inference, non-failure and deter-
minism analyses, as well as lower-bound argument size and computational cost
inference. The same cost and size results are actually obtained from the upper
bounds analyses (indicating that in this case the results are exact, rather than
approximations). Note that obtaining a non-infinite upper bound on cost also
implies proving termination of the procedure.

As can be seen from the example, in our approach cost bounds (upper or
lower) are expressed as functions on the sizes of the input arguments and yield
bounds on the number of execution steps required by the computation. Various
measures are used for the “size” of an input, such as list-length, term-size, term-
depth, integer-value, etc. Types, modes, and size measures are first automatically
inferred by the analyzers and then used in the size and cost analysis.

While it is beyond the scope of this paper to fully explain all the (generally
abstract interpretation-based) techniques involved in this process (see, e.g., [15,
10, 11] and their references), we illustrate through a simple example the funda-
mental intuition behind our lower bound cost estimation technique.

Consider again the simple inc_all procedure above and the assumption that
type and mode inference has determined that it will be called providing a list of
numbers as input. Assume again that the cost unit is the number of procedure
calls. In a first approximation, and for simplicity, we also assume that the cost
of performing an addition is the same as that of a procedure call. With these
assumptions the exact cost function of procedure inc_all is

where is the size (length) of the input list.
In order to obtain a lower bound approximation of the previous cost func-

tion, CiaoPP’s analyses first determine, based on the mode and type information
inferred, that the argument size metric to be used is list length. An interesting
problem with estimating lower bounds is that in general it is necessary to ac-
count for the possibility of failure of a call to the procedure (because of, e.g., an
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inadmissible argument) leading to a trivial lower bound of 0. For this reason, the
lower bound cost analyzer uses information inferred by non-failure analysis [9],
which can detect procedures and goals that can be guaranteed not to fail, i.e.,
to produce at least one solution (which would indeed be the case for inc_all)
or not terminate.

In general, in order to determine the work done by (recursive) clauses, it is
necessary to be able to estimate the size of input arguments in the procedure
calls in the body of the procedure, relative to the sizes of the input arguments.
For this, we use an abstraction of procedure definitions called a data dependency
graph. Our approach to cost analysis consists of the following steps:

1.

2.

3.

Use data dependency graphs to determine the relative sizes of variable bind-
ings at different program points.
Use the size information to set up difference equations representing the com-
putational cost of procedures
Compute lower/upper bounds to the solutions of these difference equations
to obtain estimates of task granularities.

The size of an output argument in a procedure call depends, in general,
on the size of the input arguments in that call. For this reason, for each output
argument we use an expression which yields its size as a function of the input data
sizes. For the inc_all procedure let denote the size of the output
argument (the second) as a function of the size of its first (input) argument
Once we have determined that the size measure to use is list length, and the size
relationship which says that the size of the input list to the recursive call is the
size of the input list of the procedure head minus one, the following difference
equation can be set up for inc_all/2:

The solution of this difference equation obtained is
Let denote a lower bound on the cost (number of resolution steps)

of a call to procedure p with an input of size Given all the assumptions above,
and the size relations obtained, the following difference equation can be set up
for the cost of inc_all/2:

The solution obtained for this difference equation is
In this case, the lower bound inferred is the exact cost (the upper bound cost
analysis also infers the same function). In our approach, sometimes the solutions
of the difference equations need to be in fact approximated by a lower bound (a
safe approximation) when the exact solution cannot be found. The upper bound
cost estimation case is very similar to the lower bound one, although simpler,
since we do not have to account for the possibility of failure.
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3 Controlling Granularity in Distributed Computing

As mentioned in Section 1, and in view of the techniques introduced in Section 2,
we now discuss the task scheduling and granularity control problem, assuming
that the program is already parallelized1. The aim of such distributed granular-
ity control is to replace parallel execution with sequential execution or vice-versa
based on some conditions related to task size and overheads. The benefits from
controlling parallel task size will obviously be greater for systems with greater
parallel execution overheads. In fact, in many architectures (e.g. distributed
memory multiprocessors, workstation “farms”, GRID systems, etc.) such over-
heads can be very significant and in them automatic parallelization cannot in
general be done realistically without granularity control. In some other architec-
tures where the overheads for spawning goals in parallel are small (e.g. in small
shared memory multiprocessors) granularity control is not essential but it can
also achieve important improvements in speedup.

Granularity control has been studied in the context of traditional program-
ming [20, 25], functional programming [17, 18], and also logic programming [19,
7, 30, 8, 23, 24]. In [24] we proposed a general granularity control model and re-
ported on its application to the case of logic programs. This model proposes
(efficient) conditions based on the use of information available on task granular-
ity in order to choose between parallel and sequential execution. The problems
to be solved in order to perform granularity control following this approach in-
clude, on one hand, estimating the cost of tasks, of the overheads associated with
their parallel execution, and of the granularity control technique itself. On the
other hand there is also the problem of devising, given that information, efficient
compile-time and run-time granularity control techniques.

Performing accurate granularity control at compile-time is difficult because
some of the information needed to evaluate communication and computational
costs, as for example input data size, is only known at run-time. A useful strategy
is to do as much work as possible at compile-time, and postpone some final
decisions to run-time. This can be achieved by generating at compile-time cost
functions which estimate task costs as a function of input data size, which are
then evaluated at run-time when such size is known. Then, after comparing costs
of sequential and parallel executions (including all overheads), it is possible to
determine which type of execution is profitable.

The approximation of these cost functions can be based either on some heuris-
tics (e.g., profiling) or on a safe approximation (i.e. an upper or lower bound).
We were able to show that if upper or lower bounds on task costs are available,
under a given set of assumptions, it is possible to ensure that some parallel, dis-
tributed executions will always produce speedup (and also that some others are
best executed sequentially). Because of these results, we will in general require

1 In the past two decades, quite significant progress has been made in the area of
automatically parallelizing programs in the context of logic and constraint programs,
and some of the challenges have been tackled quite effectively there – see, for example,
[13, 14, 4] for an overview of this area.
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the cost information to be not just an approximation, but rather a well-defined
bound on the actual execution cost. In particular, we will use the techniques for
inferring upper- and lower-bound cost functions outlined in the previous section.

Assuming that such functions or similar techniques for determining task costs
and overheads are given, the remainder of the granularity control task is to
devise a way to actually compute such costs and then dynamically control task
creation and scheduling using such information. Again the approach of doing
as much of the work as possible at compile-time seems advantageous. In our
approach, a transformation of the program is performed at compile time such
that the cost computations and spawning decisions are encoded in the program
itself, and in the most efficient way possible. The idea is to perform any remaining
computations and decisions at run-time when the parameters missing at compile-
time, such as data sizes or node load are available. In particular, the transformed
programs will perform (generally) the following tasks: computing the sizes of data
that appear in cost functions; evaluating the cost functions of the tasks to be
executed in parallel using those data sizes; safely approximating the spawning
and scheduling overheads (often also a function of data sizes); comparing these
quantities to decide whether to schedule tasks in parallel or sequentially; deciding
whether granularity control should be continued or not; etc.

As an example, consider the inc_all procedure of Section 2 and the program
expression:

which indicates that the procedure call inc_all (X) is to be made available for ex-
ecution in parallel with the call to r(Z) (we assume that analysis has determined
that inc_all(X) and r(Z) are independent, by, e.g., ensuring that there are no
pointers between the data structures pointed to by X,Y and Z,M. From Section 2
we know that the cost function inferred for inc_all is
Assume also that the cost of scheduling a task is constant and equal to 100 com-
putation steps. The previous goal would then be transformed into the following
one:

where ( if -> then ; else) is syntax for an if-then-else and “,” denotes
sequential execution as usual. Thus, when (i.e., the lower
bound on the cost of inc_all(X)) is greater than the threshold, the task is
made available for parallel execution and not otherwise. Many optimizations are
possible. In this particular case, the program expression can be simplified to:

and, assuming that length_gt(L,N) succeeds if the length of L is greater than
N (its implementation obviously only requires to traverse at most the first
elements of list), it can be expressed as:
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Fig. 1. A qsort program.

As mentioned before, scheduling costs are often also a function of data sizes
(e.g., communication costs). For example, assume that the cost of executing
remotely Y = inc_all(X) is 0.1 (length(X) + length(Y)), where length(Y) is
the size of the result, an upper bound on which (actually, exact size) we know
to be length(X). Thus, our comparison would now be:

Which essentially means that the task can be scheduled for parallel execu-
tion for any input size. Conversely, with a communication cost greater than
0.5(length(X) + length(Y)) the conclusion would be that it would never be
profitable to run in parallel.

These ideas have been implemented and integrated in the CiaoPP system,
which uses the information produced by its analyzers to perform combined
compile–time/run–time resource control. The more realistic example in Figure 1
(a quick-sort program coded using logic programming) illustrates additional op-
timizations performed by CiaoPP in addition to cost function simplification,
which include improved term size computation and stopping performing granu-
larity control below certain thresholds. The concrete transformation produced by
CiaoPP adds a clause: “qsort(X1,X2) :- g_qsort(X1,X2) .” (to preserve the
original entry point) and produces g_qsort/2, the version of qsort/2 that per-
forms granularity control (where s_qsort/2 is the sequential version) is shown
in Figure 2.

Note that if the lengths of the two input lists to the recursive calls to qsort
are greater than a threshold (a list length of 7 in this case) then versions which
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Fig. 2. The qsort program transformed for granularity control.

continue performing granularity control are executed in parallel. Otherwise, the
two recursive calls are executed sequentially. The executed version of each such
call depends on its grain size: if the length of its input list is not greater than the
threshold then a sequential version which does not perform granularity control is
executed. This is based on the detection of a recursive invariant: in subsequent
recursions this goal will not produce tasks with input sizes greater than the
threshold, and thus, for all of them, execution should be performed sequentially
and, obviously, no granularity control is needed. Procedurepartition_o3_4/6:

is the transformed version of partition/4, which “on the fly” computes the
sizes of its third and fourth arguments (the automatically generated variables
S1 and S2 represent these sizes respectively) [22].

4 Resource-Aware Mobile Computing

Having reviewed the issue of granularity control, and following the classification
of issues of Section 1 we now turn our attention to some resource-related issues on
the receiver side. In an open setting, such as that of the GRID and other similar
overlay computing systems, receivers must have some assurance that the received
code is safe to run, i.e., that it adheres to some conditions (the safety policy)
regarding what it will do. We follow current approaches to mobile code safety,
based on the technique of Proof-Carrying Code (PCC) [28], which as mentioned
in Section 1 associate safety certificates to programs. A certificate (or proof)
is created by the code supplier for each task at compile time, and packaged
along with the untrusted mobile code sent to (or taken by) other nodes in the
network. The consumer node who receives or takes the code+certificate package
(plus a given task to do within that code) can then run a checker which by a
straightforward inspection of the code and the certificate can verify the validity
of the certificate and thus compliance with the safety policy. The key benefit
of this approach is that the consumer is given by the supplier the capacity of
ensuring compliance with the desired safety policy in a simple and efficient way.
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Indeed the (proof) checker used at the receiving side performs a task that should
be much simpler, efficient, and automatic than generating the original certificate.
For instance, in the first PCC system [28], the certificate is originally a proof
in first-order logic of certain verification conditions and the checking process
involves ensuring that the certificate is indeed a valid first-order proof.

The main practical difficulty of PCC techniques is in generating safety cer-
tificates which at the same time:

allow expressing interesting safety properties,
can be generated automatically and,
are easy and efficient to check.

Our approach to mobile code safety [1] directly addresses these problems. It
uses approximation techniques, generally based on abstract interpretation, and
it has been implemented using the facilities available in CiaoPP and discussed in
the previous sections. These techniques offer a number of advantages for dealing
with the aforementioned issues. The expressiveness of the properties that can
be handled by the available abstract domains (and which can be used in a wide
variety of assertions) will be implicitly available to define a wide range of safety
conditions covering issues like independence, types, freeness from side effects, ac-
cess patterns, bounds on data structure sizes, bounds on cost, etc. Furthermore,
the approach inherits the inference power of the abstract interpretation engines
to automatically generate and validate the certificates. In the following, we re-
view our standard mobile code certification process and discuss the application
in parallel distributed execution.

Certification in the Supplier: The certification process starts from an initial
program and a set of assertions provided by the user on the producer side,
which encode the safety policy that the program should meet, and which are to
be verified. Consider for example the following (naive) reverse program (where
append is assumed to be defined as in Figure 1):

Let us assume also that we know that the consumer will only accept purely com-
putational tasks, i.e., tasks that have no side effects, and only those of polynomial
(actually, at most quadratic) complexity. This safety policy can be expressed at
the producer for this particular program using the following assertions:

The first (computational –comp) assertion states that it should be verified that
the computation is pure in the sense that it does not produce any side effects
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(such as opening a file, etc.). The second (also computational) assertion states
that it should be verified that there is an upper bound for the cost of this
predicate in i.e., quadratic in where is the length of the first list
(represented as length (A)). Implicitly, we are assuming that the code will be
accepted at the receiving end, provided all assertions can be checked, i.e., the
intended semantics expressed in the above assertions determines the safety con-
dition. This can be a policy agreed a priori or exchanged dynamically.

Note that, unlike traditional safety properties such as, e.g., type correct-
ness, which can be regarded as platform independent, resource-related properties
should take into account issues such as load and available computing resources
in each particular system. Thus, for resource-related properties different nodes
may impose different policies for the acceptance of tasks (mobile code).

Generation of the Certificate: In our approach, given the previous assertions
defining the safety policy, the certificate is automatically generated by an analy-
sis engine (which in the particular case of CiaoPP is based on the goal dependent,
i.e., context-sensitive, analyzer of [16]). This analysis algorithm receives as input
a set of entries (included in the program like the entry assertion of the example
above) which define the base, boundary assumptions on the input data. These
base assumptions can be checked at run-time on the actual input data (in our
example the type of the input is stated to be a list). The computation of the
analysis process terminates when a fixpoint of a set of equations is reached. Thus,
the results of analysis are often called the analysis fixpoint.

Due to space limitations, and given that it is now well understood, we do
not describe here the analysis algorithm (details can be found in, e.g., [2,16]).
The important point to note is that the certification process is based on the
idea that the role of certificate can be played by a particular and small sub-
set of the analysis results (i.e., of the analysis fixpoint) computed by abstract
interpretation-based analyses.

For instance, the analyzers available in CiaoPP infer, among others, the fol-
lowing information for the above program and entry:

stating that the output is also a list, that the procedure is deterministic and will
not fail, that it does not contain side-effects, and that calls to this procedure
take at most resolution steps. In addition,
given this information, the output shows that the “status” of the three check
assertions has become checked, which means that they have been validated and
thus the program is safe to run (according to the intended meaning):
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Thus, we have verified that the safety condition is met and that the code is
indeed safe to run (for now on the producer side). The analysis results above
can themselves be used as the cost and safety certificate to attest a safe and
efficient use of procedure reverse on the receiving side.

In general the verification process requires first generating a verification con-
dition [1] that encodes the information in the check assertions to be verified
and then checking this condition against the information available from analy-
sis. This validation may yield three different possible status: i) the verification
condition is indeed checked and the fixpoint is considered a valid certificate, ii)
it is disproved, and thus the certificate is not valid and the code is definitely
not safe to run (we should obviously correct the program before continuing the
process); and iii) it cannot be proved nor disproved. Case iii) occurs because
the most interesting properties are in general undecidable. The analysis pro-
cess in order to always terminate is based on approximations, and may not be
able to infer precise enough information to verify the conditions. The user can
then provide a more refined description of initial entries or choose a different,
finer-grained, abstract domain. However, despite the inevitable theoretical lim-
itations, the analysis algorithms and abstract domains have been proved very
effective in practice. In both the ii) and iii) cases, the certification process needs
to be restarted until achieving a verification condition which meets i). If it suc-
ceeds, the fixpoint constitutes a valid certificate and can be sent to the receiving
side together with the program.

Validation in the Consumer: The validation process performed by the con-
sumer node is similar to the above certification process except that the analysis
engine is replaced by an analysis checker. The definition of the analysis checker
is centered around the observation that the checking algorithm can be defined as
a very simplified “one-pass” analyzer. Intuitively since the certification process
already provides the fixpoint result as certificate, an additional analysis pass
over it cannot change the result. Thus, as long as the fixpoint is valid, one single
execution of the abstract interpreter validates the certificate.

As it became apparent in the above example, the interesting point to note is
that abstract interpretation-based techniques are able to reason about computa-
tional properties which can be useful for controlling efficiency issues in a mobile
computing environment and in distributed parallelism platforms. We consider
the case of the receiver of a task in a parallel distributed system such as a GRID.
This receiver (the code consumer) could use this method to reject code which
does not adhere to some specification, including usage of computing resources
(in time and/or space). Reconsider for example the previous reverse program
and assume that a node with very limited computing resources is assigned to
perform a computation using this code. Then, the following “check” assertion
can be used for such particular node:
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which expresses that the consumer node will not accept an implementation of
reverse with complexity bigger than linear. In order to guarantee that the cost
assertion holds, the certificate should contain upper bounds on computational
cost. Then, the code receiver proceeds to validate the certificate. The task of
checking that a given expression is an upper bound is definitely simpler than
that of obtaining the most accurate possible upper bound. If the certificate is
not valid, the code is discarded. If it is valid, the code will be accepted only
if the upper bound in the certificate is lower or equal than that stated in the
assertion. In our example, the certificate contains the (valid) information that
reverse will take at most resolution steps.
However, the assertion requires the cost to be at most length(A) + 1 resolution
steps. A comparison between these cost functions does not allow proving that
the code received by the consumer satisfies the efficiency requirements imposed
(i.e. the assertion cannot be proved)2. This means that the consumer will reject
the code. Similar results would be obtained if the worst case complexity property
steps_ub( o(length(A)) ) was used in the above check assertion, instead of
steps_ub( length(A) + 1 ).

Finally, and interestingly, note that the certificate can also be used to ap-
proximate the actual costs of execution and make decisions accordingly. Since
the code receiver knows the data sizes, it can easily apply them to the cost func-
tions (once they are verified) and obtain values that safely predict the time and
space that the task received will consume.

5 Conclusions

We have presented an abstract interpretation-based approach to resource-aware
distributed and mobile computing and discussed their implementation in the
context of a multi-paradigm programming system. Our framework uses modu-
lar, incremental, abstract interpretation as a fundamental tool to infer resource
and safety information about programs. We have shown this information, in-
cluding lower bounds on cost and upper bounds on data sizes, can be used to
perform high-level optimizations such as resource-aware task granularity control.
Moreover, cost information and, in particular, upper bounds, inferred during the
previous process are relevant to certifying and validating mobile programs which
may have constraints in terms of computing resources (in time and/or space). In
essence, we believe that our proposals can contribute to bringing increased flex-
ibility, expressiveness and automation of important resource-awareness aspects
in the area of mobile and distributed computing.

2 Indeed, the lower bound cost analysis in fact disproves the assertion, which is clearly
invalid.
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Abstract. Simple parallel programming frameworks such as Pthreads,
or the six function core of MPI, are universal in the sense that they
support the expression of arbitrarily complex patterns of computation
and interaction between concurrent activities. Pragmatically, their de-
scriptive power is constrained only by the programmer’s creativity and
capacity for attention to detail.
Meanwhile, as our understanding of the structure of parallel algorithms
develops, it has become clear that many parallel applications can be
characterized and classified by their adherence to one or more of a num-
ber of generic patterns. For example, many diverse applications share
the underlying control and data flow of the pipeline paradigm, whether
expressed in terms of message passing, or by constrained access to shared
data.
A number of research programs, using terms such as skeleton, template,
archetype and pattern, have sought to exploit this phenomenon by al-
lowing the programmer to explicitly express such meta-knowledge in the
program source, through the use of new libraries, annotations and con-
trol constructs, rather than leaving it implicit in the interplay of more
primitive universal mechanisms.
While early work stressed productivity and portability (the programmer
is no longer required to repeatedly “reinvent the wheel”) we argue that
the true significance of this approach lies in the capture of complex al-
gorithmic knowledge which would be impossible to determine by static
examination of an equivalent unstructured source. This enables devel-
opments in a number of areas. With respect to low-level performance,
it allows the run-time system, library code or compiler to make clever
optimizations based on detailed foreknowledge of the evolving computa-
tion. With respect to high-level performance, it enables a methodology of
improvement through powerful restructuring transformations. Similarly,
with respect to program correctness, it allows arguments to be pursued at
a much coarser, more tractable grain than would otherwise be possible.
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Support Tools and Environments

José C. Cunha, Allen D. Malony, Arndt Bode, and Dieter Kranzlmueller

Topic Chairs

Due to the diversity of parallel and distributed computing infrastructures and
programming models, and the complexity of issues involved in the design and
development of parallel programs, the creation of tools and environments to
support the broad range of parallel system and software functionality has been
widely recognized as a difficult challenge.

Current research in this topic continues to address individual tools for sup-
porting correctness and performance issues in parallel program development.
However, standalone tools are sometimes insufficient to cover the rich diversity
of tasks found in the design, implementation and production phases of the paral-
lel software life-cycle. This has motivated interest in interoperable tools, as well
as solutions to ease their integration into unified development and execution
environments.

Modern cluster and grid computing systems with possibly larger numbers of
nodes and several degrees of heterogeneity are posing new challenges to the tool
designers, developers, and users. Such environments require increased flexibility
in the individual tools, and in the support for tool interaction and composition.
Concurrently, the dynamic nature of modern computing applications requires
new solutions for dynamic and adaptive tools and environments. Capabilities
such as computational steering and dynamic performance tuning are growing in
interest and necessity.

This year 27 papers were submitted to this topic area. Overall, they illustrate
the current importance of tools and environments for supporting the develop-
ment of parallel programs, as well as the continued efforts in the search for im-
proved concepts and solutions. Among the submissions, 9 papers were accepted
as full papers for the conference (33%). These papers address a diversity of issues
and approaches, including instrumentation and monitoring support techniques,
and management of large traces, performance evaluation and optimization issues,
correctness support tools for concurrent programs, and integrated environments
for dynamic performance tuning, and for steering of parallel simulations.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, p. 38, 2004.
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Abstract. In this paper we present a collection of tools that are based on the
POMP performance monitoring interface for analysis of OpenMP applications.
These POMP compliant libraries, POMPROF and the KOJAK POMP library, pro-
vide respectively the functionality for profiling and tracing of OpenMP applica-
tions. In addition, we describe a new approach to compute temporal overhead
due to scheduling (load-imbalance), synchronization (barrier time), and the run-
time system. Finally, we exemplify the use of these libraries with performance
measurement and visualization of the ASCI sPPM benchmark code. Our examples
show that the information provided by both tools is consistent, and provides data
that is helpful for users to understand the source of performance problems.

1 Introduction

OpenMP is today’s de facto standard for shared memory parallel programming of sci-
entific applications. It provides a higher level specification for users to write threaded
programs that are portable across most shared memory multiprocessors. However, ap-
plication developers still face application performance problems such as load imbalance
and excessive barriers overhead, when using OpenMP. Moreover, these problems are
difficult to detect without the help of performance tools.

The MPI specification defines a standard monitoring interface (PMPI), which facil-
itates the development of performance monitoring tools. Similarly, a Java Virtual Ma-
chine Profiler Interface (JVMPI) is an experimental feature in the Java 2 SDK, which
is intended for users and tools vendors to develop profilers that work in conjunction
with the Java virtual machine implementation. Unfortunately, OpenMP does not pro-
vide yet a standardized performance monitoring interface, which would simplify the
design and implementation of portable OpenMP performance tools. Mohr et. al. [9] pro-
posed POMP, a performance monitoring interface for OpenMP. This proposal extends
experiences of previous implementations of monitoring interfaces for OpenMP [1,7,
10]. POMP describes an API to be called by “probes” inserted into the application by a

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 39–46, 2004.
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compiler, a pre-processor, or via a binary or dynamic instrumentation mechanism. With
such performance monitoring interface, users and tools builders can then define their
own POMP compliant libraries for performance measurement of OpenMP applications.

In [6], we presented DPOMP, a POMP instrumentation tool based on binary modifica-
tion, which takes as input a performance monitoring library that conforms to the POMP

API and an OpenMP application binary. DPOMP instruments the binary of the applica-
tion with dynamic probes containing POMP calls defined in the library. In this paper we
present two POMP compliant libraries, POMPROF and the KOJAK POMP library, which
provide respectively the functionality for profiling and tracing of OpenMP applications.
In addition, we exemplify the use of these libraries with performance measurement and
visualization of the ASCI SPPM benchmark code.

The remainder of this paper is organized as follows: In Section 2 we briefly describe
the main features of DPOMP. In Section 3 we describe our POMP compliant library for
profiling of OpenMP applications. In Section 4 we describe the KOJAK POMP library for
tracing of OpenMP programs. In Section 5 we present examples of utilization of these
two libraries. Finally, we present our conclusions in Section 6.

2 A POMP Instrumentation Tool Based on Binary Modification

DPOMP was implemented using DPCL [5], an object-based C++ class library and run-
time infrastructure based on the Dyninst Application Programming Interface (API) [3].
Using DPCL, a performance tool can insert code patches at function entry and exit
points, as well as before and after call sites. Since the IBM compiler translates OpenMP
constructs into functions that call “outlined” functions containing the body of the con-
struct, DPOMP can insert calls to functions of a POMP compliant monitoring library for
each OpenMP construct in the target application1. The main advantage of this approach
lies in its ability to modify the binary with performance instrumentation with no special
preparations, like re-compiling or re-linking. In addition, since it relies only on the bi-
nary, DPOMP works independently of the programming language used for the OpenMP

program.
DPOMP takes as input an OpenMP application binary and a POMP compliant perfor-

mance monitoring library. It reads the application binary, as well as the binary of the
POMP library and instruments the application binary, so that, at locations which repre-
sent events in the POMP execution model the corresponding POMP monitoring routines
are called. From the user’s point of view, the amount of instrumentation can be con-
trolled through environment variables which describe the level of instrumentation for
each group of OpenMP events as proposed by the POMP specification. From the tools
builder point of view, instrumentation can also be controlled by the set of POMP routines
provided by the library, i.e., instrumentation is only applied to those events that have
a corresponding POMP routine in the library. This means that tool builders only need
to implement the routines which are necessary for their tool and that instrumentation
is minimal (i.e., no calls to unnecessary dummy routines which don’t do anything). By

1 Notice that DPOMP has a dependence on the naming convention used by the IBM XL compiler.
However, it can be easily extended to any other OpenMP compiler that uses the “function
outline” approach.
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default, DPOMP instruments all OpenMP constructs for which there is a corresponding
POMP function in the library. It also instruments all user functions called from the main
program provided that there is a definition in the library for performance monitoring
of user functions. In addition, for MPI applications, by default DPOMP instruments all
MPI calls in the program. Once instrumentation is finished, the modified program is
executed.

3 The POMP Profiler Library

We implemented a POMP compliant monitoring library (POMPROF) that generates a de-
tailed profile describing various overheads and the amount of time spent by each thread
in three key regions of the parallel application: parallel regions, OpenMP loops inside a
parallel region, and user defined functions. In addition, POMPROF provides information
for analysis of the slowdown caused by sequential regions, as well as measurements
of execution time from user functions and OpenMP API calls such as set lock. The
profile data is presented in the form of an XML file that can be visualized by a graphical
interface as shown in Figure 3.

POMPROF performs overhead analysis, which is a key incremental method for per-
formance tuning of parallel applications [4]. Historically, both temporal and spatial
overheads have been defined as a function of two execution times of an application:
namely, the execution time of the sequential code, and the execution time of the paral-
lel code [4,12]. One of the problems of this approach is that it requires an application
programmer to have two versions of a program, a serial and a parallel. Moreover, often
overhead definitions for OpenMP do not include the property of measurability of ba-
sic blocks of code, reason being that it is not always possible to measure all overhead
sources at the OpenMP construct level.

Since we can use our binary instrumentation infrastructure to monitor blocks of
OpenMP code, which are packaged into outlined functions, we compute temporal over-
heads with measurable times. Measurable temporal overhead often results from an im-
balanced loop, a barrier for synchronization, or from the runtime code. So, POMPROF

focuses on temporal overhead that is due to scheduling (load-imbalance), synchroniza-
tion (barrier time), and the overhead due to the runtime system.

The main goal of our profiler library is to help application programmers tune their
parallel codes, by presenting a “thread-centered” temporal overhead information. Hence,
we define temporal overhead in terms of the total amount of time in the OpenMP con-
structs by each of the “N” threads in a parallel region. We assume that each of the “N”
threads runs on a different processor. To illustrate our definition and measurement of
the three components of overhead, we use a simple triangular loop inside an OpenMP

parallel region with an implicit barrier at the end, shown in Figure 1(a).
The code in Figure 1(a) leads to an execution pattern similar to the one depicted in

Figure 1(b). Let us assume that N threads are created by the parallel region. We define
for each thread where as the runtime system overhead before the
thread begins executing the work; as the runtime system overhead after the thread
ends the execution of the work; as the time spent on barrier synchronization;
as the time spent executing the allocated work; and finally      as the exit overhead,



42 L. DeRose, B. Mohr, and S. Seelam

Fig. 1. (a) Pseudo code for a triangular loop inside an OpenMP parallel region, and (b) possible
execution pattern

Load imbalance basically occurs because of un-equal amount of work is being dis-
tributed to the threads. In [2] load imbalance is defined as the difference between the
time taken by the slowest thread and the mean thread time, which essentially is a con-
stant for all threads. As we can see from Figure 1, each thread  may have a different
amount of execution time leading to different amounts of load imbalance. Hence
we need a thread-centered definition of load imbalance.

For performance enhancement reasons (e.g., selecting an appropriate scheduling
technique), in our approach to define load imbalance we focus on how much worse
each thread is performing with respect to the thread that takes the minimum amount
of time. Hence our definition of load imbalance is the percentage of extra time spent
by each thread in computation normalized with respect to the time of the fastest thread.
Thus, the load imbalance of each thread expressed in percentage, is computed as

Barrier overhead is the amount of time spent by each thread  while waiting for syn-
chronization with other threads, after its work share is completed. In OpenMP there are
two types of barriers: explicit and implicit. Explicit barriers are often visible at the bi-
nary level; hence, they can be instrumented and measured for each thread. On the other
hand, implicit barriers, which are normally used by OpenMP loop constructs, such as
the one shown in our example, are executed inside of the runtime library, and are not
visible in the application binary. Hence, they cannot be instrumented with DPOMP [6].

which is the sum of the barrier overhead and the exit overhead of the runtime system,
i.e., The total execution time of each thread is the sum of these
components, i.e.,
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In order to estimate the implicit barrier overhead for implicit barriers, we use the
measured total exit-overhead as follows:

We consider that the last thread to join the barrier (say thread incurs the least
amount of exit overhead and has zero barrier time. Hence, since with

we can assume that the runtime exit overhead The runtime exit
system overhead of each thread is a constant for all practical purposes, because
all threads executes the same runtime system code. Hence, we can compute the barrier
time of each thread as where for

In case of a “NO WAIT” clause at the end of the loop, the threads incur only an exit
runtime overhead, and the barrier overhead is considered zero.

Runtime overhead is the amount of time taken by each thread to execute the run-
time system code. For each thread the runtime overhead is computed as the sum
of the overheads at the beginning of the loop and at the end of the loop i.e.,

In case of an explicit barrier at the end of the loop, both and can be
instrumented and measured. However, for implicit barriers, only is measured, while

 is estimated as described in the barrier overhead.

4 The KOJAK POMP Library

We implemented a POMP monitoring library which generates EPILOG event traces. EPI-
LOG is an open-source event trace format used by the KOJAK performance analysis
tool framework [13]. Besides defining OpenMP related events, it provides a thread-safe
implementation of the event reading, writing, and processing routines. In addition, it
supports storing hardware counter and source code information and uses a (machine,
node, process, thread) tuple to describe locations. This makes it especially well suited
for monitoring OpenMP or mixed MPI/OpenMP applications on today’s clustered SMP
architectures. EPILOG event traces can either be processed by KOJAK’s automatic event
trace analyzer EXPERT or be converted to the VTF3 format used by the commercial
Vampir event trace visualization tool [11] (not shown here due to space limitation).

Figure 2 shows a screen-dump of the resulting display of the EXPERT automatic
event trace analyzer. Using the color scale shown on the bottom, the severity of per-
formance problems found (left pane) and their distribution over the program’s call tree
(middle pane) and machine locations (right pane) is displayed. The severity is expressed
in percentage of execution time lost due to this problem. By expanding or collapsing
nodes in each of the three trees, the analysis can be performed on different levels of
granularity. We refer to [13] for a detailed description of KOJAK and EXPERT.

If a more detailed (manual) analysis is needed, EPILOG traces can be converted to
VTF3 format suitable for Vampir. The conversion maps OpenMP constructs into Vampir
symbols and activities, as well as OpenMP barriers into a Vampir collective operation.
This allows users to investigate the dynamic behavior of an OpenMP application using
a Vampir time-line diagram as well as to use Vampir’s powerful filter and selection
capabilities to generate all kind of execution statistics for any phase of the OpenMP
application. In addition, all source code information contained in a trace is preserved
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Fig. 2. Result display of EXPERT automatic trace analyzer.

during conversion; allowing the display of the corresponding source code simply by
clicking on the desired activity.

5 Examples of Use

In this section we exemplify the use of both libraries with performance measurements
and visualization of the ASCI SPPM benchmark code [8], which solves a 3D gas dynam-
ics problem on a uniform cartesian mesh using a simplified version of the Piecewise
parabolic method, with nearest neighbor-communication. The SPPM benchmark is a
hybrid code (openMP and MPI), written in Fortran 77 with some C routines. Figure 3
shows the summary view for the program and the detailed view for one of the loops
(loop 1125) from the profile data obtained with POMPROF, when using “static” schedul-
ing for the OpenMP loops, running 8 threads on an IBM p690+. In the summary view,
which displays the highest value for each metric, we observe very high values for “%
Imbalance” on all the loops. The detailed view for the loop in line 1125 confirms this
imbalance. When replacing the static scheduling by dynamic scheduling, we observe a
much better behavior of the code with respect to “% Imbalance”, as shown in Figure 4.

These findings are also confirmed by the automatic trace analysis of EXPERT. As
shown in Figure 2, the imbalance caused by the static scheduling of OpenMP loop it-
erations results in a total of 8.5% of waiting time at explicit barriers. For the selected
barrier, the uneven distribution of this waiting time can be seen in the right pane. For
dynamic scheduling (not shown here), waiting time only amounts to 0.5%. By selecting
the property “Execution” in the left pane and one of the “!$omp do/for” loops in the
middle pane, the right pane of EXPERT would show the (im)balance in execution time.
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Fig. 3. Visualization of the POMPROF data from SPPM and detailed view of Loop 1125 imple-
mented with static scheduling

Fig. 4. Detailed view of Loop 1125, modified to use dynamic scheduling

6 Conclusion

We presented a collection of tools for the analysis of OpenMP applications based on the
DPOMP instrumentation infrastructure. The use of a standard monitoring interface like
POMP allows the utilization of a variety of measurement methods and provides the flex-
ibility for development of tools ranging from profilers to tracers for performance analy-
sis, debugging, and tuning. We presented the POMPROF profiling library and the KOJAK

performance analysis framework which not only includes the EXPERT automatic trace
analyzer but is also integrated with the Vampir trace visualization system. Other tools
can be easily integrated or developed from scratch by implementing a POMP compliant
monitoring library. In addition, we exemplified the use of these libraries with perfor-
mance measurement and visualization of the ASCI sPPM benchmark code. Through the
use of appropriate PMPI wrapper libraries which, if needed, record MPI point-to-point
and collective communication performance data, the DPOMP infrastructure can also be
used to monitor hybrid OpenMP / MPI applications. However, this requires an extra re-
linking step before execution. We are currently working on extending DPOMP to avoid
this problem.
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Abstract. Event tracing is a well-accepted technique for post-mortem
performance analysis of parallel applications. The EXPERT tool supports
the analysis of large traces by automatically searching them for exe-
cution patterns that indicate inefficient behavior. However, the current
search algorithm works with independent pattern specifications and ig-
nores the specialization hierarchy existing between them, resulting in a
long analysis time caused by repeated matching attempts as well as in
replicated code. This article describes an optimized design taking advan-
tage of specialization relationships and leading to a significant runtime
improvement as well as to more compact pattern specifications.

1 Introduction

Event tracing is a well-accepted technique for post-mortem performance analysis
of parallel applications. Time-stamped events, such as entering a function or
sending a message, are recorded at runtime and analyzed afterward with the
help of software tools. For example, graphical trace browsers, such as VAMPIR [1],
allow the fine-grained investigation of parallel performance behavior using a
zoomable time-line display. However, in view of the large amounts of data usually
generated, automatic analysis of event traces can provide the user with the
desired information more quickly by automatically transforming the data into a
more compact representation on a higher level of abstraction.

The EXPERT performance tool [9] supports the performance analysis of MPI

and/or OpenMP applications by automatically searching traces for execution
patterns that indicate inefficient behavior. The performance problems addressed
include inefficient use of the parallel programming model and low CPU and mem-
ory performance. EXPERT is implemented in Python and its architecture consists

* This work was supported in part by the U.S. Department of Energy under Grants
DoE DE-FG02-01ER25510 and DoE DE-FC02-01ER25490 and is embedded in the
European IST working group APART under Contract No. IST-2000-28077.
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of two parts: a set of pattern specifications and an analysis unit that tries to
match instances of the specified patterns while it reads the event trace once
from the beginning to the end. Each pattern specification represents a different
performance problem and consists of a Python class with methods to identify
instances in the event stream. Although all pattern classes are organized in a spe-
cialization hierarchy, they are specified independently from each other resulting
in replicated code and prolonged execution time whenever a pattern implemen-
tation reappears as part of another more specialized version.

This article describes an optimized design and search strategy leading to
a significant speed improvement and more compact pattern specifications by
taking advantage of specialization relationships. The design shares information
among different patterns by looking in each step for more general patterns first
and then successively propagating successful matches to more specialized pat-
terns for refinement. We evaluate two implementations of the new design, one in
Python and one in C++.

The article is outlined as follows: Section 2 describes related work. In Sec-
tion 3, we outline EXPERT’s overall architecture together with the current search
strategy in more detail. After that, we explain the successive-refinement strategy
in Section 4. Section 5 presents experimental results, followed by our conclusion
in Section 6.

2 Related Work

The principle of successive refinement has also been used in the KAPPA-PI [3]
post-mortem trace-analysis tool. KAPPA-PI first generates a list of idle times
from the raw trace file using a simple metric. Then, based on this list, a recur-
sive inference process continuously deduces new facts on an increasing level of
abstraction.

Efficient search along a hierarchy is also a common technique in online perfor-
mance tools: To increase accuracy and efficiency of its online bottleneck search,
Paradyn stepwise refines its instrumentation along resource hierarchies, for ex-
ample, by climbing down the call graph from callers to callees [2]. Fürlinger
et al. [6] propose a strategy for online analysis based on a hierarchy of agents
transforming lower-level information stepwise into higher-level information.

Ideas based on successive refinement can also be found in performance-
problem specification languages, such as ASL [4] and JavaPSL [5], which is basi-
cally a Java version of ASL. Both use the concept of metaproperties to describe
new performance problems based on existing ones.

3 Overall Architecture

EXPERT is part of the KOJAK trace-analysis environment [8,9] which also in-
cludes tools for instrumentation and result presentation (Figure 1). Depending
on the platform and the availability of tools, such as built-in profiling interfaces
of compilers, the application is automatically instrumented and then executed.
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During execution, the program generates a trace file in the EPILOG format to
be automatically postprocessed by EXPERT. EPILOG is able to represent region
entry and exit events, MPI point-to-point and collective communications, as well
as OpenMP fork-join, synchronization, and work-sharing operations.

Fig. 1. The KOJAK trace-analysis environment.

To simplify pattern specification, EXPERT uses the EARL library [8] to access
individual events. EARL provides a high-level interface to the event trace with
random-access capabilities. Events are identified by their relative position and
are delivered as a set of attribute values, such as time and location. In addition to
providing random access to single events, EARL simplifies analysis by establishing
links between related events, such as a link pointing from a region exit event
to its corresponding enter event, and identifying event sets that describe an
application’s execution state at a given moment, such as the set of send events
of messages currently in transit. EARL is implemented in C++ and provides both
a C++ and a Python interface. It can be used independently of EXPERT for a
large variety of trace-analysis tasks.

EXPERT transforms event traces into a compact representation of performance
behavior, which is essentially a mapping of tuples (performance problem, call
path, location) onto the time spent on a particular performance problem while
the program was executing in a particular call path at a particular location.
Depending on the programming model, a location can be either a process or
a thread. After the analysis has been finished, the mapping is written to a file
and can be viewed using CUBE [7], which provides an interactive display of the
three-dimensional performance space based on three coupled tree browsers.

3.1 Current Search Strategy

There are two classes of search patterns, those that collect simple profiling infor-
mation, such as communication time, and those that identify complex inefficiency
situations, such as a receiver waiting for a message. The former are usually de-
scribed by pairs of enter and exit events, whereas the latter are described by more
complex compound events usually involving more than two events. All patterns
are arranged in a hierarchy. The hierarchy is an inclusion hierarchy with re-
spect to the inclusion of execution-time interval sets exhibiting the performance
behavior specified by the pattern.

EXPERT reads the trace file once from the beginning to the end. Whenever an
event of a certain type is reached, a callback method of every pattern class that
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has registered for this event type is invoked. The callback method itself then
might access additional events by following links or retrieving state information
to identify a compound event representing the inefficient behavior. A compound
event is a set of events hold together by links and state-set boundaries and
satisfying certain constraints.

3.2 Example

The example of a process waiting for a message as a result of accepting mes-
sages in the wrong order illustrates the current search strategy. The situation
is depicted in Figure 2. Process A waits for a message from process B that is
sent much later than the receive operation has been started. Therefore, most of
the time consumed by the receive operation of process A is actually idle time
that could be used better. This pattern in isolation is called late-sender and is
enclosed in the spotted rectangle. EXPERT recognizes this pattern by waiting for
a receive event to appear in the event stream and then following links computed
by EARL (dashed lines in Figure 2) to the enter events of the two communication
operations to determine the temporal displacement between these two events
(idle time in Figure 2).

Fig. 2. Idle time as a result of receiving messages in the wrong order.

Looking at this situation in the context of the other message sent from process
C to A allows the conclusion that the late-sender pattern could have been avoided
or at least alleviated by reversing the acceptance order of these two messages.
Because the message from C is sent earlier than that from B, it will in all
probability have reached process A earlier. So instead of waiting for the message
from B, A could have used the time better by accepting the message from C
first. The late-sender pattern in this context is called late-sender / wrong-order.
EXPERT recognizes this situation by examining the execution state computed by
EARL at the moment when A receives the message from B. It inspects the queue
of messages (i.e., their send events) sent to A and checks whether there are older
messages than the one just received. In the figure, the queue would contain the
event of sending the message from C to A.
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This combined situation is a specialization of the simple late-sender. How-
ever, in spite of this relationship, both of them are currently computed indepen-
dently. Whenever a receive event is reached, the late-sender callback follows links
to see whether there is a receiver waiting unnecessarily. In addition, the callback
method responsible for detecting the combined late-sender / wrong-order situa-
tion first checks the message queue for older messages and, if positive, tries to
identify a late-sender situation as well – resulting in a part of the work done
twice.

3.3 Profiling Patterns

A similar problem occurs with patterns collecting profiling information. Here,
every pattern filters out matching pairs of enter and exit events that form re-
gion instances satisfying certain criteria, such as invocations of synchroniza-
tion routines, to accumulate the instances’ durations. Here also, a large fraction
of the work is done more than once, when for example, one pattern accumu-
lates communication time while a specialization of it accumulates collective-
communication time.

4 Successive Refinement

The new search strategy is based on the principle of successive refinement. The
basic idea is to pass a compound-event instance, once it has been detected by a
more general pattern, on to a more specialized pattern, where it can be reused,
refined, and/or prepared for further reuse. In the previous version, patterns have
only been able to register for primitive events, that is, events as they appear in
the event stream, as opposed to compound events consisting of multiple primitive
events. The new design allows patterns also to publish compound events that
they have detected as well as to register for compound events detected by others.

Figure 3 shows three pattern classes in EXPERT’s pattern hierarchy. The hier-
archical relationships between the three classes are expressed by their parent ()
methods. The register() methods register a callback method with the analysis
unit to be invoked either upon a primitive event or a compound event. Descrip-
tions of valid compound-event types for which a callback can be registered are
stored in a developer map and can be looked up there manually. At runtime, the
callback methods may return either a valid compound-event instance or None.
If a valid instance is returned, the analysis unit invokes all callbacks subscribing
for this type of compound event and a data structure holding the instance is
supplied as an argument to theses callbacks.

The class P2P registers the method recv() as callback for a primitive receive
event.recv() returns a compound event representing the entire receive operation
(recv_op) including the receive event and the events of entering and leaving
the MPI call. This corresponds to the left gray bar on the time line of process
A in Figure 2. The LateSender class registers the method recv_op() for the
compound event returned byrecv() and tries there to identify the remaining
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Fig. 3. Late-sender / wrong-order pattern based on successive refinement.

parts of the late-sender situation, as depicted in the spotted rectangle in Figure 2.
In the case of a positive result, the successfully matched instance is returned and
passed on to the LateSendWrOrd class. It is supplied as the ls argument to the
late_sender() method, which has previously been registered for this type of
compound event. ls is a Python dictionary containing the various constituents
of the compound event, such as the receive event and the enter event of the
receive operation, plus calculated values, such as the idle time lost by the receiver.
The method examines the queue to see whether there are older messages that
could have been received before the late message. If positive, the idle time is
accumulated.

The difference from the old version (not shown here) is that the results are
shared among different patterns so that situations that appear again as part of
others are not computed more than once. The sharing works in two ways. First, if
a compound event is successfully matched, it is passed along a path in the pattern
hierarchy and is refined from a common to a more specialized situation by adding
new constituents and constraints. Second, since subscribers on a deeper level of
the hierarchy are not invoked if the match was already unsuccessful on a higher
level, negative results are shared as well, which increases the search efficiency
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even further by suppressing matching attempts predicted to be unsuccessful.
In contrast, the old version might, for example, try to match the late-sender
situation twice: the first time as part of the late-sender pattern and the second
time as part of the late-sender / wrong-order pattern even if the simple late-
sender pattern was already unsuccessful. In addition to being more efficient, the
new design is also more compact since replicated code has been eliminated.

The profiling patterns mentioned in Section 3.3 offered a similar opportunity
for optimization. Previously, every profiling pattern had to do both: accumu-
lating time and hardware-counter values and then filtering based on call-path
properties. The new design performs accumulation centrally by calculating a
(call path, location) matrix for the execution time and every hardware counter
recorded in the trace. After the last event has been reached, the matrices are
distributed to all profiling-pattern classes where the filtering takes place. Be-
cause now the accumulation is done once for all patterns and because filtering is
done only once per call path as opposed to once per call-path instance, the new
version is again much more efficient.

5 Evaluation

We evaluated our new strategy using five traces from realistic applications, three
from pure MPI codes and two from hybrid openMP/MPI codes (Table 1). For
one of the applications, the SWEEP3D ASCI benchmark, we ran the original MPI
version monitoring also cache-miss values and a hybrid version without hardware
counter measurements. The second and the third rows of the table contain the
number of CPUs used to generate the traces as well as the trace-file sizes in
millions of events. Please refer to [8] for further details about the codes.

We compared two implementations of our new strategy, one in Python and
one in C++, against the old Python implementation. The test platform was
an IBM AIX system with a Power4+ 1.7 GHz processor. The first three rows
below the event numbers list the plain execution times in minutes, the last two
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rows give speedup factors in relation to the old version for a more convenient
comparison.

In all examples the new strategy implemented in Python achieved a speedup
of at least a factor of 2.5 and in many cases the speedup was even much higher
(13.0 maximum). Although the C++ version obtained significant additional
speedup for hybrid traces (e.g., 114.0 vs. 13.0 for REMO), it was surprisingly
unable to deliver any additional performance in the analysis of pure MPI traces,
which we hopefully can improve in the near future.

6 Conclusion

The benefit of our new design is twofold: a significant runtime improvement by
avoiding repetition of detection work on the one hand and less redundant and
therefore more compact pattern specifications on the other hand. In particular
the latter achievement will allow us to extend the set of patterns more easily in
the future. An integration of the underlying concepts into the ASL [4] specification
language might help share these results with a broader community. The KOJAK
software is available at http://www.fz-juelich.de/zam/kojak/.
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Abstract. The memory hierarchy becomes the bottleneck for multiprocessors
systems as its evolution does not keep pace with processor technology. This study
intends to identify the relationship between performance slow-down and mem-
ory pressure, using hardware performance counters. Based on this relationship,
we propose an adaptive control system that improves the efficiency of load bal-
ancing among the computer resources. The DRAC system, our adaptive control
system, observes the access requests on the memory bus. It then adapts its user-
level scheduling strategy to maximize the resource utilization. We describe the
DRAC system and its mathematical model. We show experimental results that
prove the DRAC system is nearly optimal with our model.

1 Introduction

The impact of memory hierarchy on the multiprocessor performance is well known [5].
As the technological development of processors is much faster than the one of mem-
ories, it has become a widely studied bottleneck. A strong relation between the slow-
down on multiprocessor architecture and memory pressure [9,3] has been identified.

Adaptive control system approach can be used to prevent apparition of bottlenecks,
like Paradyn [8] and Autopilot [11] which are based on user defined sensors and actors
that implement the mechanism of control. However those systems provide frameworks
for developing applications, not improving the concurrent execution of a set of applica-
tions. Another system, the Polychronopoulos’s project [9] proposes to monitor memory
swap requests to adapt its scheduling strategy at the kernel-level. This system tries to
avoid using swap.

These systems need low-level information to adapt their scheduling strategy. Most
of them use hardware counters that make it possible to observe a large number of low
level events like cache misses or memory bus transactions.

The first generation of tools provided raw data from hardware counters to the users.
Tools like TAU [1] and HPM Toolkit [4] propose processing of higher level: statistic
tools, automatic instrumentation and visualization tools. The most important problem
of these counters is their heterogeneity among processors. The counter type and access
modes differ from one processor family to another. Two projects, PCL [2] and PAPI
[6], address this problem and propose an application programming interface (API) to

* Supported by scholarship 200 242/00-8 from CNPq - Brazil.
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Fig. 1. Evolution of the speed-up according to the increase of memory rate (Dual Pentium II and
IV Processor).

abstract the architecture of many processors. The PAPI project provides a simple inter-
face for all counters and all events in many architectures.

Based on the hardware counters, we propose the DRAC project (aDaptive contRol
system with hArdware performance Counters). Its aim is to maximize the efficiency
of memory hierarchy utilization. The current DRAC system was developed in order to
optimize memory management. It identifies memory pressure during runtime and reacts
to reduce the amount of memory hierarchy saturation. It has a robust dynamic control
of processes.

This paper is organized as follows. Section 2 presents the bases on which DRAC is
build. In Section 3 we show the DRAC System, in Section 4 we explain the mathemat-
ical model used in our work, and in Section 5 we show an experimental evaluation of
the DRAC system and its comparison with our model. In the last section we conclude
and give directions for future works.

2 Links Between Application Behavior and Memory Activity

An efficient adaptive control system of memory hierarchy based on hardware coun-
ters needs to identify the relationship between speed-up and event counters, and needs
applications with foreseeable behavior to provide robustness.

We have observed the evolution of the memory bandwidth utilization over the time
for several SPEC2000 Benchmarks [12] (11 SPEC INT programs and 9 SPEC FP pro-
grams). We identified three different categories: stable, unstable and multi-regions. The
first one has a steady memory utilization during the execution (70% of the test programs
are following this behavior). For the second one, the memory access rate changes for
each probe (around 10% of the programs). Finally, the last one has different stable areas
over the time (the last 20%).

Thus, as the memory behavior of applications is foreseeable, the DRAC system can
use previous information on memory behavior of applications to improve the schedul-
ing strategy. In the following, we will introduce the relationship between speed-up and
memory bus rate. This relationship might be used to detect the memory utilization effi-
ciency. It might detect available memory bandwidth as well as memory bottlenecks.
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The test platform is composed of two computers. The first one is a dual PII processor
of 450 MHz, its memory bus runs at 66MHz, and it has 512 KB of memory cache. The
second one is a dual PIV processor of 1.7 GHz, its memory bus runs at 400 MHz and it
has 256KB of memory cache.

Figure 1 presents the speed-up according to the memory rate on P6 and PIV family
computers. In our tests we used memory benchmarks like STREAM [7], and computing
benchmarks like NPB-3.0 [13] (OpenMP version). We used the performance counters
to measure the memory rate in memory hierarchy (memory bus transactions) with the
perfctr’s [10] library (a PAPI [6] library component). Even if this library uses low-
level hardware mechanisms and sensible event counters, the standard deviation of the
measures remains small and is not represented.

Figure 1(a) (resp. Figure 1(b)) shows the tests on a Pentium II dual processor com-
puter (resp. PIV). We used the events that count the number of memory bus transactions
to measure the memory bus activity. For NAS Parallel Benchmarks [13] we have one
dot in the graph for each program (EP, BT, MG, SP and FT). We used the STREAM
benchmarks [7] (Triad, Copy, Add and Scale) to measure the speed-up for different
memory bus rates. To change the memory bus rate of the STREAM benchmark, we
modified the main loop. We added assembler instructions (nop) in the source code to
change the memory rate evolution. We developed another program to measure the mem-
ory bus activity: Stride. It copies an array and accesses different memory pages in order
not to use the cache.

We observe on Figure 1 that when the memory bus rate is low, the speed-up is
optimal (two). When the memory bus rate is reaching the full capability of the bus, the
speed-up falls to one. The NPB-3.0 EP speed-up is close to the optimal and has a low
memory access rate. Other NPB Benchmark programs reach the full capacity of the bus
and their speed-up fall. We do not show all STREAM benchmarks nor Stride results
because all these programs have the same behavior than Copy and Triad. They have a
gradual increase of memory bus rate utilization and the same characteristics of speed-up
and memory rate.

As a shared resource, the memory can be a bottleneck. It can lead to slow-down
in the execution of applications. We showed that for some areas, it is possible to link
memory behavior and speed-up. For example, on Intel PII, applications with memory
rate under around memory transactions per second have a high speed-up, whereas
applications with memory transactions per second have a low one. Moreover as
most applications have a steady memory utilization, the DRAC system can use this
information to adapt its scheduling and optimize memory utilization.

3 DRAC: Adaptive Control System

In this section we present the first implementation of the DRAC system, currently an
adaptive control system that reacts to memory bottleneck. It schedules processes to
optimize memory management.

The DRAC system monitors the memory bus and detects slow-down possibility
(cf. section 2). Then it schedules processes according to their memory consumption
to obtain a better memory utilization. The goal of DRAC is to avoid the cases where
requests exceed the memory bus capacity.
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Fig.2. (a): The DRAC System architecture. The simple scheduler uses a list of running processes
and the memory bus activity to take a decision. The admission control waits for a new process.
(b): An hypothetic scenario with the worst and the optimal scheduling.

We can define the DRAC system as a dynamic, preventive, adaptive and non-intru-
sive system as described in [9]. It is dynamic, since the DRAC base identifies the pro-
cesses behavior at runtime. It is preventive, because this system reacts to situations
which may lead to memory bus saturation. It is adaptive as it performs online scheduling
changes. It is non-intrusive, because it does not adversely affect the program execution.

3.1 System Architecture

DRAC is composed of two different layers: the hardware layer and the system one.
The hardware layer manages the register counters. The system layer takes care of the
user-level scheduling. Our system observes the memory hierarchy activity through the
perfctr [10] low-level library. We developed a new simple scheduler that bases its deci-
sions on this information.

Figure 2 (a) shows this architecture. The user-level scheduler takes a list of pro-
cesses and may change its scheduling according to the memory hierarchy activity pro-
vided by the memory monitor. The list of processes is shared between the scheduler
and the admission control. This list contains all the process information. The admission
control receives the requests for new processes. Then it checks if the system has free
memory available and the number of running processes. If both values are under limits,
a new process is executed, else it is suspended until the end of another process.

3.2 Implementation

Thanks to the low performance intrusion of the hardware counters, the DRAC system
can estimate at runtime the speed-up of applications. Indeed, the memory access rate
can be measured with the hardware counters and we showed in section 2 the relationship
between the speed-up and this rate.

The overhead of context switching misuses resources during the runtime, so we
need a strong decision system to avoid unnecessary ones. We choose to use an hysteresis
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control on account of its robustness with disturbed data. We take the decision according
to two limits: the first one max_limit represents the maximum wanted utilization of the
bus. When this limit is reached one considers that the bus might become saturated. The
second one min_limit is the threshold under which resources are considered under-used.
These limits are fixed manually for each processor.

When the scheduler identifies a memory bus saturation, it stops the most memory
bus consuming process. It substitutes this process with another one that does less mem-
ory access. The same policy decision was done in Polychronopoulos’s system [9] but
in another memory hierarchy level. We proceed according to the memory bus activity,
whereas the Polychronopoulos’s system focuses on swap requests. The DRAC system
observes the process behavior at runtime and saves the information within the list of
processes. When the system needs to know how much memory bus a process uses, it
checks the list of processes. If a process has never been started, there are no information
on it in the list. If no process has the right characteristics, the system takes a random
process.

The Figure 2 (b) shows two examples of scheduling: the optimal one, and the worst
one. We consider two kinds of processes: the grey process that does many access on the
memory bus (memory bus pressure) and the white one that does nearly no access (no
memory bus pressure). The sequential time of the grey process is 5 units of time. If two
grey processes are executed during the same time, they take a delay. So, we observe that
with an optimal scheduler, the final time is 10 units of time whereas with a worst one it
is 13 units.

The DRAC system follows the hypothesis of the model presented in the next sec-
tion. As the DRAC system decision algorithm depends on previous memory access rate
values, it needs applications with a steady memory access rate. Hopefully, most appli-
cations have such behavior (cf. section 2).

4 Mathematical Model

The previous sections showed that memory load influences the application execution
time and our adaptive control system. But there is still to know how this time is affected
by different scheduling strategies. We describe the mathematical model used to formally
approach the problem. Changes in the execution environment lead to several behaviors.
In this study we choose to evaluate the influences of the memory management on a
finite set of jobs. This model can be used to evaluate the quality of DRAC scheduling
as well as its overhead.

4.1 Slow-Down According to the Memory System Load

We will model here the impact of the memory system load on the runtime as it can be
experimentally seen in the previous sections.

Hypothesis:
1.
2.

The memory model is simple: a memory bus shared by all processors.
Dependencies between the running processes is limited to bus memory access (it
implies that processes do not use the swap).
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3.

4.

The instruction flows of the processes are the same when they run alone or with
other parallel processes.
The memory access rate demand of the processes is constant over time1.

Definitions: Let be the number of jobs, running on a processor computer. Let
be the memory rate of processes for and is the full capacity

of the memory bus. We define the following load:

The load of the process where is the proportion of the memory
bus the process uses when running alone. If the process does not use the
memory bus, if the process saturates the memory bus.
Theoretical load of the computer: The theoretical load can be greater
than 1 if the sum of the memory rates is higher than the maximum capacity of the
bus.
Real load of the computer: the theoretical load of the com-
puter or 1 when the former exceeds 1.

The total time of the program execution is:

where the sequential time is the processor time spent by processes one after
another

4.2 Case-Study: Dual Processor Architectures

In this section, we emphasize the dual processor case to show an application of this
mathematic model. We will use three schedulings: the Best Scheduling, the
Worst Scheduling and the Random Scheduling. For those three cases, we will
evaluate the parallel execution times

The scenario is composed of two types of processes and does not access
memory whereas does The speed-up of a process
is when running two processes P. The speed-up of is two. The speed-up
of is is the ratio of processes so N is the total
number of processes: The parallel execution time of and is

where and We suppose that when and are
running alone, their execution times are the same.

The following formula is the total execution time of the two set of processes. As
does not use the memory bus, running in parallel with does not slow down

the execution. Running twice may slow down the execution with a factor of
by definition of is the total execution time of all sequences where is in
parallel with during the runtime and is the execution time with no memory
congestion.

For the Random Scheduling we will calculate the time expectancy of a parallel exe-
cution. To calculate this expectancy we need the probability of each different execution:

1 If this rate varies too much, it becomes impossible to predict the behavior of the process.
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The expected time of a random execution is:
The Best Scheduling is obtained by minimizing the time when is running in

parallel with itself:

If so
If so

The Worst Scheduling is obtained by maximizing the time when is running in
parallel with itself:

Fig. 3. Normalized execution time of four different scheduling strategies according to the per-
centage of processes with high memory bus activity on the dual Pentium II and IV processor.

The relationship (cf . Section 2) between the memory load and the slow-down has
been compared with the experimentations. We used this as the base of the model. An
optimal memory management can be achieved. It can be proved that the maximum time
variation according to the scheduling for dual processors is when In this case
the best scheduling is 50% faster than the worst one. These model can be generalised to
p-processor, and keeps the same properties with As the model provides the best
and random scheduling, it will help to validate the DRAC scheduling.

5 Experimental Results

In this section, we present the experimental validation of our model hypothesis and
some experimental evaluations of the DRAC system. For all these experiments, we
used the GNU/Linux operating system with kernel 2.4.18 and the GNU compiler for C
language (gcc-3.2 with -O3 optimization). These results are obtained with the DRAC
system (cf. section 3). We used a set of jobs with two kinds of processes, one with high
memory bus activity (SPEC FP ART) and another one with low memory bus activity
(SPEC FP MESA). We performed tests on two different dual processors, one PII, and
one PIV (cf . section 2). Our experiments used four different schedulers that restrict the
total number of running processes to the number of processors: the Worst Scheduling,
the Best Scheduling, the Random Scheduling which are obtained with the mathematical
model described in Section 4, and the DRAC System.
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The experimental results on Pentium II (Figure 3(a)) show that the DRAC system
is 2% slower than the Best Scheduling and its worst result over the Random Scheduling
is when where DRAC is as fast as it. In the case where our system
runs 5% faster than the Random Scheduling and 12% faster than the Worst Scheduling.

The results on Pentium IV (Figure 3(b)) show that the DRAC system achieves nearly
the same time as the Best Scheduling strategy (less than 2% slower). When is 50%,
the DRAC system is 20% faster than the Random Scheduling and 41% faster than the
Worst Scheduling.

These results show that the DRAC system provides an efficient scheduling accord-
ing to the memory bus activity of processes, without a large overhead (less than 2%).

6 Conclusion and Future Works

We presented a study of the impact of the memory hierarchy utilization on multiproces-
sor system. We verified that the memory bus bottleneck slows-down processes. Then
we identified the relationship between the memory access rate and this slow-down.
Moreover, with the model, we proved that it is possible to obtain a speed-up of 50%
compared to the worst scheduling in some cases.

We used these results to propose DRAC, an adaptive control system whose main
goal is to avoid memory bottleneck. DRAC is supposed to work with steady mem-
ory utilization processes on account of its scheduling strategy. Some NAS, STREAM
and SPEC2000 benchmarks are following our hypotheses, we showed that DRAC can
achieve a significant improvement on real applications. The DRAC system has been
tested with several kind of processes. Its performance has been compared with the
model and it has been verified that its scheduling was nearly optimal (less than 2%
slower) for dual processor. The same tests have been done with four processor and the
results seem at least as good.

Future works go in the direction of testing the DRAC system with other real appli-
cations. As soon as possible we will test the memory behavior of the Intel Itanium II
multiprocessor. We have already started to study the hardware performance counters in
this architecture. Another part of this future work is to broaden this study to the case of
shared memory systems following the OpenMP specifications, and to take into account
workloads induced by other resources like the network or the disks on the memory
hierarchy.
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Abstract. A cornerstone of scientific progress is the ability to reproduce
experimental results. However, in the context of network benchmarking,
system complexity impedes a researcher’s attempts to record all of the
information needed to exactly reconstruct a network-benchmarking ex-
periment. Without this information, results may be misinterpreted and
are unlikely to be reproducible.

This paper presents a tool called CONCEPTUAL which simplifies
most aspects of recording and presenting network performance data.
CONCEPTUAL includes two core components: (1) a compiler for a high-
level, domain-specific programming language that makes it possible to
specify arbitrary communication patterns tersely but precisely and (2) a
complementary run-time library that obviates the need for writing (and
debugging!) all of the mundane but necessary routines needed for bench-
marking, such as those that calibrate timers, compute statistics, or out-
put log files. The result is that CONCEPTUAL makes it easy to present
network-performance data in a form that promotes reproducibility.

1 Introduction

Network and messaging-layer performance measurements are used for a variety
of purposes, such as explaining or predicting system and application perfor-
mance, procuring large-scale systems, and monitoring improvements made dur-
ing system deployment or messaging-layer development. Unfortunately, following
a truly scientific approach to measuring network performance is not easy. In the
absence of clear but precise experimental descriptions, the consumers of network
performance data may draw incorrect conclusions, leading to dire consequences.

Consider a standard ping-pong latency test, which reports the time needed
to send a message of a given size from one node to another by calculating half
of the measured round-trip time. Fig. 1(a) shows the result of running a latency
test atop two messaging layers and networks: p4 [1] (based on TCP) over Gigabit
Ethernet [2, Sect. 3] and Tports over Quadrics Elan 3 [3]. The latency test is
implemented using MPI [4] and both the p4 and Tports layers are integrated as
MPICH channel devices [5]. The latency program was compiled with GCC 2.96
using the –03 and –g flags. All experiments were performed across the same –
otherwise idle – pair of nodes, each containing two 1 GHz Itanium 2 processors

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 64–71, 2004.
© Springer-Verlag Berlin Heidelberg 2004



Reproducible Network Benchmarks with CONCEPTUAL 65

Fig. 1. Two variations of a latency test.

(one unused). Each data point represents the arithmetic mean of 11 executions
of the latency test. As Fig. 1(a) shows, the p4/GigE version of the latency test
exhibits lower latency than the Tports/Elan 3 version on all message sizes from
0 bytes to 2 kilobytes. Furthermore, the p4/GigE latency increases smoothly
while the Tports/Elan 3 latency varies erratically.

Figure 1(b) also shows the result of running an MPI-based latency test. This
test was run atop the same two messaging layers and networks as the previous
test. The same compiler was used and the experiments were performed across
the same nodes of the same cluster. As before, each data point represents the
arithmetic mean of 11 sequential executions of the latency test and, as before,
nothing else was running on the system. However, Fig. 1 (b) delivers the opposite
message from that delivered by Fig. 1(a): Fig. 1(b) shows that Tports/Elan 3
is significantly faster than p4/GigE. Also, the Tports/Elan 3 curve shown in
Fig. 1(b) is smooth, unlike the erratic curve presented in Fig. 1(a).

Naturally, something is different between the experiment/experimental setup
used in Fig. 1(a) from that used in Fig. 1(b) – but what? Although we defer
the answer to Sect. 2 the point is that even with all of the experimental setup
described above, the performance results are untrustworthy; some critical piece of
information is missing. This simple exercise demonstrates the problem with the
status quo of network benchmarking: performance data that lacks a complete
and precise specification is subject to misinterpretation. This paper proposes
a solution in the form of a programming environment called CONCEPTUAL
which was designed specifically to simplify the implementation of reproducible
network-performance tests. The rest of this paper is structured as follows. Sect. 2
motivates and describes CONCEPTUAL and showcases some sample output.
Sect. 3 places CONCEPTUAL in context, discussing the types of tasks for which
CONCEPTUAL is best suited. Finally, Sect. 4 draws some conclusions about the
implications of using CONCEPTUAL for network performance testing.
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2 coNCePTuaL

Fig. 1 on the preceding page shows how subtle differences in experimental setup
can lead to radically different performance results. CONCEPTUAL (= “Network
Correctness and Performance Testing Language”) is a programming environ-
ment designed to help eliminate the ambiguities that can limit the usefulness of
performance results. It centers around a high-level, domain-specific language cre-
ated for the express purpose of writing network benchmarks. The design decision
to introduce a new language instead of merely creating a performance library
stemmed from the desire to make CONCEPTUAL programs more readable than
a jumble of function calls and control structures. Although a library can cer-
tainly encapsulate all of the functionality needed for the scientific acquisition
and reporting of data and a textual or pseudocode description of a benchmark
can convey the basic idea, CONCEPTUAL combines the best features of both
approaches:

1.

2.

Like pseudocode or prose but unlike the combination of a general-purpose
programming language and a library, CONCEPTUAL programs are English-
like and can largely be read and understood even by someone unfamiliar
with the language.
Like the combination of a general-purpose programming language and a
library but unlike pseudocode or prose, CONCEPTUAL programs precisely
describe all aspects of a benchmark, most importantly the implementation
subtleties that may be omitted from a description yet have a strong impact
on performance (as demonstrated by the previous section’s description of
Fig. 1).

The CONCEPTUAL compiler, written in Python with the SPARK compiler
framework [6], sports a modular design that enables generated code to target
any number of lower-level languages and messaging layers1. Hence, the same
high-level CONCEPTUAL program can be used, for example, to compare the
performance of multiple messaging layers, even semantically disparate ones such
as MPI and OpenMP. The generated code links with a run-time library that
takes care of most of the mundane aspects of proper benchmarking, such as cal-
culating statistics, calibrating timers, parsing command-line options, and logging
a wealth of information about the experimental setup to a file.

The CONCEPTUAL language provides too much functionality to describe in
a short paper such as this; the reader is referred to the CONCEPTUAL user’s
manual [7] (available online) for coverage of the language’s syntax and seman-
tics. In lieu of a thorough description of the language, we now present a few
trivial code samples with some accompanying explanation to convey a basic feel-
ing for CONCEPTUAL. Listing 1 presents the complete CONCEPTUAL source
code which produced the data for Fig. 1(a) and Listing 2 presents the complete
CONCEPTUAL source code that produced the data for Fig. 1(b). One thing

Currently, the only backends implemented are C + MPI and C + Unix-domain data-
gram sockets; more backends are under development.

1
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Listing 1. Source code that produced Fig. 1(a)

Listing 2. Source code that produced Fig. 1(b)

to note is that the language is very English-like; CONCEPTUAL programs are
intended to read much like a human would describe a benchmark to another hu-
man. Although one can probably grasp the gist of Listings 1–2 without further
explanation, the following details may be slightly unintuitive:

The first statement in Listings 1 and 2 parses the command line, assigning
the argument of --bytes (or simply –b) to a variable called msgsize.
To simplify the common case, sends is synchronous and implies a matching
synchronous receives. Either or both operations can be asynchronous. CON-
CEPTUAL also supports data verification and arbitrary buffer alignment.
The CONCEPTUAL run-time library automatically maintains the
elapsed_usecs (“elapsed time in microseconds”) counter and many other
counters, as well.

If not yet obvious, the explanation of the performance discrepancy shown in
Fig. 1 is that the code shown in Listing 1 measures only a single ping-pong while
the code shown in Listing 2 reports the median of 100 ping-pong iterations.
Unlike p4, which uses TCP and therefore goes through the operating system
for every message, Tports is a user-level messaging layer that communicates
directly with the Elan. However, the Elan, which can transfer data from arbitrary
addresses in an application’s virtual-memory space, must pin (i.e., prevent the
paging of) message buffers before beginning a DMA operation. Because pinning
requires both operating-system intervention and a sequence of costly I/O-bus



68 S. Pakin

crossings, a large startup overhead is incurred the first time a message buffer
is utilized. The code shown in Listing 1 does not amortize that overhead while
the code shown in Listing 2 does. Neither latency test is unreasonable; although
codes like Listing 2 are more common in the literature, codes like Listing 1 are
used when they more accurately represent an application’s usage pattern. For
example, two of the three execution modes of Worley’s COMMTEST benchmark,
which is used to help tune climate and shallow-water modeling applications [8],
specify that each message be sent only once.

Although Listings 1–2 state simply “task 0 logs the CON-
CEPTUAL run-time library takes this as a cue to write a set of highly detailed
log files, one per task. Each log file contains information about the execution
environment, a list of all environment variables and their values, the complete
program source code, the program-specific measurement data, and a trailer de-
scribing the resources used during the program’s execution.

A sample log file is shown below. This particular file – selected arbitrarily
from those used in the preparation of this paper – corresponds to one of the
values averaged to make the upper-right data point of Fig. 1(a), although the
file represents a later run than was used in the figure.
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The key point is that a CONCEPTUAL log file contains not just performance
measurements but also a detailed description of how they were produced, which
helps third parties understand the performance results. Such complete log files
are also of use to the people who generated them: How often does a researcher
struggle to use old data in a new paper or presentation, not remembering if
results.dat was produced with the environment variable MPI_BUFFER_MAX set
to 2048 or 1048576; whether the experiment was run with the older 2.8 GHz
processors or the newer 3.2 GHz processors; or, even if the test transmitted mes-
sages synchronously or asynchronously? Furthermore, aspects of the execution
environment that cannot be determined automatically (e.g., characteristics of
the network fabric) can be inserted manually into a log file with a command-
line option to the benchmark program. In short, with CONCEPTUAL, log files
present a complete picture of an experiment, making them far more valuable
than measurement data alone.

3 Discussion

The programs presented in Sect. 2 are simple to express in CONCEPTUAL but –
apart from the creation of such content-rich log files – would be almost as sim-
ple to express in any other language. In general, CONCEPTUAL’s usefulness
increases with the complexity of the communication pattern being tested. For
example, the 4 × 4 synchronous-pipe pattern described in a MITRE report [9]
requires 248 lines of LSE, a terse but low-level language for describing communi-
cation benchmarks. Because CONCEPTUAL is a high-level language, the same
code (in fact, a more general M × N synchronous pipe) can be expressed in only
26 lines of CONCEPTUAL – far less than the LSE version and not significantly
more than what would be needed for a textual description of the communication
pattern. It is not merely short code lengths that make CONCEPTUAL useful;
the increased comprehensibility of a CONCEPTUAL program over the equiva-
lent program written in a lower-level language and the increased precision of a
CONCEPTUAL program over a prose description make CONCEPTUAL a useful
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tool for any sort of network performance testing. The language even supports a
hybrid coding style in which lower-level language code can be inlined and exe-
cuted from a CONCEPTUAL program, thereby ensuring that no functionality is
lost by programming in CONCEPTUAL instead of a lower-level language.

CONCEPTUAL is not intended to be a replacement for existing communicat-
ion-benchmark suites such as the Pallas MPI Benchmarks [10] or SKaMPI [11].
Rather, its real strengths lie in its ability to rapidly produce customized tests of
network and messaging-layer performance:

A CONCEPTUAL mock-up of an application may make “what if” scenarios
more easy to evaluate than would rewriting the original application. For in-
stance, a user can evaluate how altering the communication pattern (caused,
for example, by a different data decomposition) should affect overall applica-
tion performance. A CONCEPTUAL mock-up of Sweep3D [12] is currently
under development.
System and application performance problems can be diagnosed by generat-
ing a simple but representative communication benchmark and successively
refining it to hone in on the source of the problem. (This methodology was
recently used to nearly double the performance of an application running on
ASCI Q [13].)
Network-performance tests unique to a particular domain or otherwise unfa-
miliar to a target audience can be presented in a precise, easily understood
manner.

The CONCEPTUAL source code will soon be available from http://www.
c3.lanl.gov/~pakin/software/. Making the software open-source enables re-
searchers to scrutinize the code so that CONCEPTUAL can be used as a trust-
worthy replacement for C as a network-benchmarking language.

4 Conclusions

In the domain of network benchmarks, recorded performance data cannot blindly
be trusted. As demonstrated in Sect. 1, subtle variations in experimental setup –
even for a benchmark as trivial as a latency test – can lead to grossly varying
performance curves, even leading to different conclusions being drawn about
relative performance. The problem is that the complexity of current computer
systems makes it difficult (not to mention tedious) to store a sufficiently thorough
depiction of an experiment that was run and the experimental conditions under
which it ran. As a consequence, performance tests can rarely be reproduced or
validated in a scientific manner. Even unpublished performance data used locally
suffers from lack of reproducibility; a researcher may unearth old measurements
but have no record of what benchmark produced them or what parameters were
utilized in the process.

This paper proposes the CONCEPTUAL programming environment as a so-
lution to the problem of irreproducible network performance results. CONCEP-
TUAL tries to codify the best practices in network and messaging-layer per-
formance testing into a high-level domain-specific language and accompanying



Reproducible Network Benchmarks with CONCEPTUAL 71

run-time library. CONCEPTUAL was designed specifically to support and fa-
cilitate all aspects of network and messaging-layer performance testing, from
expressing complex communication patterns tersely yet unambiguously through
storing in self-contained log files everything needed to reproduce an experiment.
Using CONCEPTUAL, a researcher can easily present in a paper or report a
benchmark’s actual source code – not pseudocode, which may inadvertently
omit critical details. Although it will always be possible to misrepresent network
performance, CONCEPTUAL makes it much easier to be meticulous.
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Abstract. Loop transformations are well known to be a very useful tool
for performance improvements by optimizing cache access. Nevertheless,
the automatic application is a complex and challenging task especially for
parallel codes. Since the end of the 1980’s it has been promised by most
compiler vendors that these features will be implemented - in the next
release. We tested current FORTRAN90 compilers (on IBM, Intel and
SGI hardware) for their capabilities in this field. This paper shows the
results of our analysis. Motivated by this experience we have developed
the optimization environment Goofi to assist programmers in applying
loop transformations to their code thus gaining better performance for
parallel codes even today.

1 Introduction

Usually, a developer focuses on implementing a correct program which solves
the problem underneath. Applications which do not take into account the cache
hierarchy of modern microprocessors, most times achieve only a small fraction of
the theoretical peak performance. Tuning a program for better cache utilization
has become an expensive and time consuming part of the development cycle.

The EP-CACHE project1 [1, 2] is developing new methods and tools to im-
prove the analysis and the optimization of programs for cache architectures.
The work presented here is part of this research activity and focuses on the
optimization of the source code.

One way to optimize the cache usage of applications are source-to-source
transformations of loops. There are a number of transformations known that
improve data locality and therefore the reuse of the data in the cache, like loop
interchange, blocking, unrolling etc. (see Fig. 1).

Modern compilers claim to use loop transformations in code optimization.
We have tested three FORTRAN90 compilers (Intel ifc 7.1 [3], SGI MIPSpro 7.3
[4], and IBM xlf for AIX V8.1.1 [5]) for loop transformations. On one hand, an
1 Funded by the German Federal Ministry of Education and Research (BMBF) under

contract 01IRB04.
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Fig. 1. Visualization of the measured L1 misses per load instruction as a function of
time in Vampir [6] of a nested loop (a) before and (b) after the “unrolling” transfor-
mation.

example program was compiled with optimizations switched on. On the other
hand, the example source code was optimized manually. In Sect. 2 the tests and
their results are outlined in more detail.

Restructuring source code (e.g. applying loop transformations) by hand is
a complicated and error-prone task. Therefore, we developed a tool to assist
developers in optimizing their FORTRAN applications: loop transformations
are done automatically on user request. Sect. 3 gives and overview of this tool.
Finally, in Sect. 4 our future work and intentions are pointed out.

2 Current Compilers and Their Optimization Capabilities

2.1 Compiler Tests

In order to test the optimization capabilities of current compilers in terms of
cache access, we compared the code generated by compilers with code optimized
by hand. An example program was written in Fortran, which solves a system of
linear equations based on the Gaussian algorithm. Step by step the original code
of the algorithm was optimized manually and executed, both sequential and in
parallel. OpenMP was used for the realization of the parallel processing.

The original source code did not utilize any optimizations. The elements
of the coefficient matrix are accessed line by line. As this is contrary to the
internal storage order of the matrix elements, a large number of cache-misses
are produced. In the compilation process the maximum optimization level (-O5
for IBM’s xlf, -O3 for the other compilers) was used with all tested compilers.

A first manual optimization was realized by implementing a loop interchange.
This adapts the data access to the storage order on FORTRAN, increasing tem-
poral locality in the cache and therefore decreasing the cache miss rate.

Further optimizations were tested, both for the sequential and parallel case.
The following changes were applied: loop fission; replacing of multiple divisions
with one division and multiple multiplications; loading of loop invariant matrix
and vector elements into temporary variables; use of different names for loop
indices.
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2.2 Results

Figure 2 shows the results on SGI Origin 3800 with MIPS R12000 processors
(400 MHz) using the MIPSpro 7.3 compiler. With optimizations switched on,
the compiler recognizes the cache access problems and optimizes the sequential
code (“sequential: -O3” in Fig. 2). Further manual transformations provide only
very few improvements in the runtime of the sequential code (“sequential: loop
interchange” and “sequential: additional optimizations”).

The parallel programs are not optimized by the compiler automatically (“4
threads: -O3”). This can be concluded from the fact, that the manually optimized
code yields much better runtimes (“4 threads: loop interchange” and “4 threads:
additional optimizations”). The runtime even increases in parallel mode without
manual changes compared to the sequential case, which is probably caused by
the very good optimization results of the sequential code.

Fig. 2. Runtime as function of the matrix dimension on the SGI Origin 3800 with the
MIPSpro 7.3 FORTRAN compiler.

In Figs. 3 and 4 the results of the measurements on Fujitsu Siemens Celsius
670 and IBM Regatta p690 are illustrated. The Celsius machine consists of two
Intel Xeon 2.8 GHz processors running in hyperthreading mode (thus having
only 4 logical CPUs in contrast to the other machines with 4 physical CPUs). As
compiler Intel’s ifc Version 7.1 was used. On the Regatta with its Power4 1.7GHz
processors, the code was compiled with IBM’s xlf FORTRAN compiler for AIX
V8.1.1. For either compiler and both in sequential and parallel processing the
findings are similar: the improvement in runtime due to manual optimizations
is significant and larger than on the SGI Origin. The speedup is in the order of
about 10. In contrast to the MIPSpro7 compiler on the Origin, the appliance of
the additional optimizations does not result in any improvement. This implies,
that comparable optimizations were already done by the compilers.
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Fig. 3. Runtime as function of the matrix dimension on a Fujitsu Siemens Celsius 670 (2
CPUs in hyperthreading mode) with Intel’s FORTRAN compiler 7.1; the measurement
curves of the two manually optimized parallel codes and of the code with additional
optimizations are on top of each other.

As an example the runtimes for a matrix size of 1600 are listed in Table 1.

2.3 First Summary

Our measurements demonstrate, that the capabilities of the three tested FOR-
TRAN compilers to optimize cache behaviour vary. Only MIPSpro7 is able to
automatically optimize sequential code in such a way, that the resulting speedup
is comparable with a manual optimization.
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Fig. 4. Runtime as function of the matrix dimension on a IBM Regatta p690 system
with IBM’s xlf for AIX FORTRAN V8.1.1 compiler; the measurement curves of the
two manually optimized parallel codes are on top of each other.

In the case of parallel OpenMP processing, none of the compilers can im-
prove the original source code. Currently, the only way to improve cache access
problems in FORTRAN programs seem to be the manual optimizations like loop
transformations.

3 Assisting the Developer: Goofi

3.1 Goals

There are three drawbacks in a manual optimization of source code: it is time
consuming, error-prone and can become quite complicated. Therefore, we de-
veloped the tool Goofi (Graphical Optimization Of Fortran Implementations)
to support cache optimizations for FORTRAN applications. The goals are to
provide the user with

a graphical interface,
an easy way to request and specify transformations,
automatic transformations by one mouse click and
the possibility to easily compare original and transformed source code.

3.2 Doing Loop Transformations with Goofi

Making loop transformations with Goofi is done in two steps: Insert one or a chain
of transformation request directives (called “trafo directives”) and secondly, ask
Goofi to carry out the transformations. A “trafo directive” is composed of the
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name of the transformation requested and their parameters. It is inserted as a
FORTRAN comment beginning with a special character sequence. This allows
the user to save the directives with the source code for later reuse without
interfering with compilation.

The following directive e.g. requests a blocking of size 8 of the loop imme-
diately following the directive (I loop) with the loop nested one level below (J
loop):

It is also possible to specify a chain of directives at once like “normalize a loop
and then merge it with another one”.

Directives can be inserted either by hand or in a more comfortable way by
using Goofi. For the latter, the user loads the FORTRAN file he/she wants to
optimize into the Goofi environment. The original source code will appear on
the left side of a window splitted into two parts (see Fig. 5). Now, the user can
simply insert directives by right clicking into the source code at the places where
he/she wants to apply them. After selecting a special transformation, a popup
window will appear, where the transformation parameters can be filled in or
adjusted.

Finally, the user requests Goofi to do the transformations either by a button
click or by a selection from a menu. The resulting transformed source file will
show up in the right window of the split screen, making direct visual comparison
easily possible. It is also possible to edit the source code directly in Goofi, which
is supported by syntax highlighting.

Currently, the following loop transformations are implemented:

optimizing loop transformations
Index Set Splitting: split a loop into several loops
Fission/Distribution: split a loop into several loops distributing the loop
body increase temporal locality by reusing cached data that were
overwritten before
Fusion: merge two loops increase temporal locality by reusing data
distributed in several loops before
Interchange: exchange two nested loops increases temporal locality
Blocking: decompose loops over arrays into blocks improves cache line
usage and data locality
Unrolling: replicate the body of a loop minimizes loop overhead and
increases register locality
Outer Loop Unrolling: replicate the body of a outer loop in a loop nest

minimizes loop overhead and increases register locality
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Fig. 5. Screenshot of Goofi with original and transformed source files and the trans-
formation selection window.

preparing loop transformations
Normalization: bring the loop in the normalized form
Reversal: reverse the iteration order

The last group of transformations does not directly improve cache utiliza-
tion. However, it can be used to prepare loops for further transformations. E.g.
sometimes a loop can be fused with another one after the normalization step
only.

When using OpenMP, Goofi is capable to take into account changes needed
in OpenMP contructs that are affected by a transformation. As an example, the
change of the variable in the “private” clause of the outer parallized loop after
an interchange transformation can be mentioned.

Applying transformations can improve the runtime behaviour of applications
as cache access due to a prior cache miss is costly. Though Goofi is not directly
aimed to provide improvements especially for parallel codes the above statement
is true both for sequential and parallel applications. A distributed loop still
experiences pretty much the same problems, bottlenecks or advantages in the
cache behaviour as a sequential one.

3.3 Basics of Goofi

Goofi is based on a client-server architecture (see Fig. 6). The clients graphi-
cal user interface is written in Java to make it portable to different computing
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Fig. 6. Basic architectural principles of Goofi. The client is just a user interface, the
server analyses the FORTRAN code and applies the transformations.

platforms. This allows to bring the tool to the users source code on the plat-
form the code runs on. Goofi is dynamically configurable with XML-files. This
includes the GUI (like menu structures) and the language preferences. Currently,
the english and german language preferences are implemented. There is a strict
separation between the server and the client regarding their knowledge on FOR-
TRAN. The client is only the GUI and editor sending the FORTRAN source
code to the server for analysis and transformation. Server and client communi-
cate via sockets and use their own protocol. The server is implemented in C++
and C using the front end of the ADAPTOR [7] compilation system to analyse
the FORTRAN code. After scanning and parsing the source code, definition and
syntax check, a syntax tree is constructed (see Fig. 7). The “trafo directives”
requested by the user are inserted into this tree. The transformations are done
on the tree first. This includes restructuring the loops and statements (e.g. in
an interchange transformation) or inserting new syntax elements (e.g. new lines
with upcounted indices in an unrolling transformation). Finally, the transformed
source code is generated by unparsing the tree and is sent back to the client.

Additional care has to be taken if there are dependencies in the code. For
the syntax analysis, all elements (variables, functions etc.) have to be known. In
FORTRAN, there are two possibilities to introduce such dependencies: include
files and the use of modules. Dependencies due to include-files are resolved by
simply inserting the include-files during parsing. Thus, in the client the user has
to specify the directories where Goofi can look for them. Then, they have to be
sent to the server.

For the usage of modules their syntax trees have to be created before opening
files depending on such a module. These syntax trees are saved in files on the
server side. If a “USE” statement appears the server can load the syntax tree
from file. On the client side, the user only has to specify the directories containing
the source code of the modules. By one further click the modules are transfered
to the server and their syntax trees are created.
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Fig. 7. Example of the syntax tree of a DO-loop. The TRANSFO element marks the
transformation to be performed on this loop.

4 Future Work

Our next steps are to evaluate and validate the performance improvements pos-
sible with Goofi on large applications. Two representative parallel simulation
applications will be used: the local model of the DWD (Deutscher Wetterdienst,
German National Meteorological Service) and the geophysical package GeoFEM
of RIST, Tokio.

Having a tool like Goofi to assist a developer in applying optimizations is
just one part in an optimization process, actually it is even the second step. The
first major part is the identification and the understanding of bottlenecks in a
program due to cache access problems. General information about cache misses
are not very useful, as they give the user only the information that something
goes wrong, but not where and why.

The EP-CACHE project [2] is also intended to overcome this problem. We
are working on the exploration of hardware monitoring and monitor control
techniques (TU München, [8–10]) that can help the user to gain more precise and
detailed information about the cache behaviour of a program. Combined with
the useful performance visualization VAMPIR [6,11,12] and further optimization
tools (SCAI Fraunhofer Gesellschaft, Sankt Augustin) the user will be enabled
to easily speedup his or her application.
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Abstract. In this paper we show that data races, a type of bug that
generally only causes havoc in parallel programs, can also occur in se-
quential programs that use signal handlers. Fortunately, it turns out that
adapting existing data race detectors to detect such bugs for sequential
programs is straightforward. We present such a tool, and we describe
the modifications that were necessary to detect data races in sequential
programs. The experimental evaluation revealed a number of data races
in some widely used programs.

1 Introduction

Developing parallel programs is encumbered by the fact that proper synchronisa-
tion must be used to access shared variables. A lack of synchronisation will lead
to a data race [1]: two or more parallel executing threads access the same shared
memory location in an unsynchronised way, and at least one of the threads mod-
ifies the contents of the location. Note that the prerequisite parallel execution
does not imply that the application should be executed on a parallel computer
with multiple processors on which true physical parallel execution is possible. A
data race is also possible on computers with only one processor, as the scheduler
simulates logical parallellism between the threads.

As data races are (most of the time) considered bugs, they should be removed.
Fortunately, automatic data race detection is possible and a number of data race
detectors have been build in the past [2, 3]. Basically, two types of information
are needed to perform data race detection: a list of all load/store operations
(with information about the memory address used, the thread that executed the
instruction, the type of operation (load, store or modify)) and information about
their concurrency. The latter information can be deduced by intercepting the
synchronisation operations (e.g. thread creation, mutex operations, semaphore
operations, . . . ) .

Developers of sequential programs do not have to worry about data races,
except if the program uses signal handlers. We’ll show that signal handlers in-
troduce logical parallellism and as such data races can show up.

In the remainder of this paper, we start with a short description of UNIX
type signals and signal handlers. Next, we’ll show that signal handlers indeed
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introduce parallellism, even in sequential programs, and we’ll describe how an
existing data race detector for IA32 binaries running on Linux has been adapted
to detect them. We end with an experimental evaluation. To the best of our
knowledge, there are no other data race detectors that deal with signal handlers.

2 Signals

A signal is an important communication mechanism that was already supported
by the very first UNIX-implementations [4]. A signal is basically a message
(signal number, identity of the sender, context information, . . . ) that can be
sent to a process. The signal can either be sent by a process (including the
recipient) using the kill system call, or the kernel can trigger one upon the
occurrence of a certain event (e.g. a processor trap). In both cases, the kernel
will notify the application by sending the appropriate signal (read: setting a bit in
the process context). The next time the application is scheduled, the application
will execute the corresponding signal handler. Such a signal handler is a function
that is registered with the kernel by means of the signal or sigaction system
call. E.g. Figure 1 shows a program that will print You pressed ̂ C! each time
^C is pressed.

Typical signals are SIGSEGV (the application tries to access an invalid mem-
ory location), SIGILL (an illegal instruction was executed), SIGFPE (a floating
point exception occurred), SIGPIPE (broken pipe), SIGALRM (normally sent
by an application to itself in order to execute a function at a certain time in
the future), SIGINT (interrupt signal sent by the shell when you press ̂ C), SI-
GUSR1 (a general purpose signal), SIGWINCH (sent by the window manager
when the size of the window changes), . . . .

As mentioned above, when a signal reaches1 an application, the normal pro-
gram execution is interrupted and a signal handler is executed instead. As the
program execution can be interrupted at any time, esp. if a signal was sent by
another application, a data race can occur if one does not pay attention to this
fact. Figure 2 shows an example: inmain() the variable global is incremented
and decremented a (large) number of times, resulting in a final value of 0 for
global. However, each time^C is pressed, a signal handler gives global an ad-
ditional increment, resulting in a positive final value for global. This should be
considered to be a data race: two unsynchronised write operations to the same
variable. Of course, this is an artificial example, but similar problems can occur
in real life applications, e.g. a graphical application that receives a SIGWINCH
signal should update its width and height with care.

In [5], a number of Linux applications were examined, and the author states
that “80 to 90% of signal handlers we have examined were written in an insecure
manner”. The manual inspection revealed races in such high-profile applications
as sendmail, WU-FTP and screen.

1 Two signals (SIGKILL and SIGSTOP) never reach an application, but are directly
handled by the kernel.
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Fig. 1. A simple signal handler example.

Fig. 2. A small program exhibiting a data race involving global.

3 Dealing with Signals
in the Context of Data Race Detection

In order to detect data races in signal handlers, one has to trace the memory
operations and gather information about their concurrency. The latter requires
some attention: although signal handlers normally do not use synchronisation
operations in order to prevent data races, not all signal handler memory op-
erations are parallel with all memory operations executed by the application
itself.

Attention should be paid to the following points:

the data race detector should take into account that it is impossible to exe-
cute a signal handler before the signal handler is registered with the kernel.
E.g. Figure 3 shows a program in which global is modified inmain() and
in thesigint() signal handler. As the signal is installed after the modifica-
tion of global inmain(), the accesses to global will never be executed in
parallel, and hence no data race can occur.
the above also applies to a signal that was sent by the application itself,
e.g. using the kill() or alarm() function. Figure 4 shows an application
that sends an alarm signal to itself. In this case, no data race occurs as the
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Fig. 3. This program does not exhibit a data race involving global as main accesses
global before the signal handler is installed.

Fig. 4. This program does not exhibit a data race involving global as main accesses
global before sending the signal. However, a data race will occur if another process
also sends a SIGALRM to the application. The numbers refer to the modifications that
were applied to our data race detector, see section 4.3.

alarm() call always precedes the execution of thesigalarm() handler. Of
course, as the SIGALRM can also be sent by another application (resulting in a
data race), the signal context should be checked; if the sender is the process
itself, the data race detector should update the concurrency information.
the easiest way to prevent data races in signal handlers is blocking the arrival
of signals. Signals can be blocked automatically each time a certain signal
handler is executed or explicitly using the sigprocmask system call. For
both methods, a mask with one bit per signal is registered in the kernel. A
data race detector should take this blocking into account.
during the execution of a signal handler, the thread executing the signal
handler should be assigned a new thread number. This also applies to a
signal handler preempting the execution of another (or the same) signal
handler.
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4 Implementation in DIOTA

We have implemented data race detection for sequential programs in the data
race detector that is part of our DIOTA (Dynamic Instrumentation, Optimisa-
tion and Transformation of Applications) framework for Linux running on IA32
processors [6].

4.1 Description of DIOTA

DIOTA is implemented as a shared library for the Linux/80x86 platform. It
instruments programs at the machine code level, so it is completely compiler-
and language-agnostic and can also cope with hand-written assembler code. It
has support for extensions to the 80x86 ISA such as MMX, 3DNow! and SSE
and is written in an extensible and modular way so that adding support for new
instructions and new types of instrumentation is easy.

An environment variable is used to tell the dynamic linker to load the DIOTA
library whenever a dynamically linked application is started2. An init routine
allows DIOTA to be activated before the main program is started, after which
it can gain full control and start instrumenting.

The instrumentation happens gradually as more code of the program (and
the libraries that it uses) is executed, so there is no need for complex analysis
of the machine code to construct control-flow graphs or to detect code-in-data.
The instrumented version of the code is placed in a separate memory region
(called the “clone”), so the original program code is not touched and as such
neither data-in-code nor the variable-length property of 80x86 instructions pose
a problem.

The behaviour of DIOTA can be influenced by using so-called backends.
These are dynamic libraries that link against DIOTA and tell it what kind of
instrumentation should be performed. They can ask for any dynamically linked
routine to be intercepted and replaced with a routine of their own, ask to be
notified of each memory access, of each basic block that is executed and of each
system call that is performed (both before and after their execution, so their
behaviour can be modified as well as analysed).

4.2 Description of the Data Race Backend of DIOTA

The data race detection backend [7] is implemented as a shared library that uses
the services provided by DIOTA. The backend requests DIOTA to instrument all
memory operations and to intercept all pthread synchronisation operations and
provides functions that should be called whenever a memory or synchronisation
operations occurs. The data race detector works as follows:

For all parallel pieces of code, the memory operations are collected and
compared. This is based on the fact that all memory operations between

2 A dynamically linked helper program is used to instrument statically linked binaries.
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two successive synchronisation operations (called segments) satisfy the same
concurrency relation: they are either all parallel or not parallel with a given
operation and therefore with the segment containing the latter operation.
Given the sets and containing the addresses used by the load and
store operations in segment the parallel segments and contain racing
operations if and only if

Therefore, data race detection basically boils down to collecting the sets
and for all segments executed and comparing parallel segments.
In order to detect parallel segments, a vector timestamp [8, 9] is attached
to each segment. As vector clocks are able to represent the happened-before
[10] relation (they are strongly consistent), two vector clocks that are not
ordered must belong to parallel segments. This gives us an easy way to detect
parallel segments.

4.3 Modifications to Support Data Race Detection

in Signal Handlers

In order to detect data races in sequential programs, the backend was adapted
as follows (the numbers refer to the annotated Figure 4):

the data race detector is informed when the application installs a signal
handler. The current segment is ended, a new segment is started and the
vector timestamp is saved (as VC_install).
the data race detector is informed when the application sends a signal. If the
target of the signal is the application itself, the current segment is ended, a
new segment is started and the vector timestamp is saved (as VC_signal).
each time signals become unblocked (by exiting a signal handler, or by using
sigprocmask), a new segment is started and the vector timestamp is saved
(as VC_install) for each signal that becomes unblocked.

the data race detector is informed at the begin and at the end of the
execution of a signal handler. The backend then uses a new thread number for
all memory and synchronisation operations executed by this signal handler.
The initial vector timestamp for the signal handler is

if the signal was sent by the application itself (can be detected by check-
ing the signal context), the signal handler gets the vector clock that was
saved when the signal was sent (VC_install).
if the signal was sent by another application, the signal handler gets the
vector clock that was saved when the signal handler was registered with
the kernel (VC_signal).

The additional space required is therefore the space needed to store two vector
timestamps for each signal handler (there are 64 possible signals in Linux). The
actual size of such a vector timestamp can become quite large as each execution
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of a signal handler gets a new thread number. The data race backend can cope
with arbitrarily large vectors as as they are enlarged when a new thread starts.
The potentially large memory consumption could be limited by using accordeon
clocks [11] that can shrink as threads exit or by re-using thread numbers.

5 Experimental Evaluation

In order to test our implementation, we used a number of widely used Linux
applications. Using the data race backend is easy: after compiling DIOTA, type
diota-dr and the data race detector will attach itself to applications you start
in the same shell. As the data race detector intercepts all memory operations, a
huge slowdown should be expected (e.g. the mozilla browser incurs a slowdown
of 63.4 × [12]).

Our test revealed a number of applications with data races:

vim: (an editor) resizing the VIM window results in a SIGWINCH handler setting
the variable do_resize to TRUE. This variable is then checked in the main
event loop of VIM, where appropriate action is taken. Although our data
race backend flags this as a data race, this is actually no real data race.
This technique (setting a boolean in the signal handler and dealing with the
signal in the main loop) is used in a lot of applications (e.g. the pine e-mail
client, the Apache web server, . . . ) . The reason is that, although the signal
handler is executed on behalf of the application, a signal handler is restricted
in its capability to execute kernel calls. Delaying the actual signal handling
so that the main program can handle it at a later point helps overcome this
problem.

links: (a text-only web browser): resizing the window or pressing ^C causes
queue_event () to enter this event in a global queue (ditrm). As such, han-
dling queued events while resizing causes havoc.

lynx: (another text-only web browser): global variables LYlines and LYcols
are used for the width and height of the window. The SIGWINCH handler
changes these variables. The highlight() function highlights a link and
uses LYcols to check the available space.

Although we only tested a small number of applications, we were surprised
that we found data races in signal handlers, which clearly shows that developers
don’t pay much attention to this kind of problem.

6 Conclusion

In this paper, we have shown that data races can show up in sequential pro-
grams. Fortunately, extending data race detectors for sequential programs is
fairly straightforward: use a temporary thread number during the execution of
an asynchronous signal handler and use additional rules for updating the vector
clocks. The experimental evaluation revealed a number of data races in widely
used programs. DIOTA is released to the public under the GPL and can be
downloaded from http://www.elis.UGent.be/diota/.
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Abstract. The on-line visualization and the computational steering of
parallel simulations come up against a serious coherence problem. In-
deed, data distributed over parallel processes must be accessed carefully
to ensure they are presented to the visualization system in a meaningful
way. In this paper, we present a solution to the coherence problem for
structured parallel simulations. We introduce a hierarchical task model
that allows to better grasp the complexity of simulations, too often con-
sidered as “single-loop” applications. Thanks to this representation, we
can schedule in parallel the request treatments on the simulation pro-
cesses and satisfy the temporal coherence.

1 Introduction

Thanks to the constant evolution of computational capacity, numerical simula-
tions are becoming more and more complex; it is not uncommon to couple diffe-
rent models in different distributed codes running on heterogeneous networks
of parallel computers (e.g. multi-physics simulations). For years, the scientific
computing community has expressed the need for new computational steering
tools to better grasp the complex internal structure of large-scale scientific ap-
plications.

The computational steering is an effort to make the simulations more inter-
active. To reach this goal, we focus on three key functionalities: the control which
allows the end-user to precisely follow the simulation execution and to suspend
its execution; the on-line visualization of intermediate results which requires to
efficiently access the simulation data at run-time; the interactions which allow
the end-user to modify steering parameters on-the-fly or to remotely fire steering
actions at particular points of the simulation. The complex parallel simulations
commonly used in scientific computing raise the crucial issue of the temporal
coherence for the steering operations. For instance, an action must occur at the
very same moment for all the simulation processes. In the same way, the dis-
tributed data collection requires that all the pieces come from the same timestep
to remain meaningful.

The different approaches proposed to address the temporal coherence can be
compared by considering both the time management and the simulation model.
Magellan [1] represents a simulation with an unstructured collection of instru-
mentation points. To notify the time evolution, a timestamp is explicitly specified
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by the end-user on each instrumentation point but nothing ensures their coher-
ence over the parallel processes. CUMULVS [2] considers parallel simulations as
single-loop programs with a unique instrumentation point. Thanks to this simpli-
fication, it implements synchronization mechanisms relying on the internal loop
counter and provides time-coherent accesses to distributed data. Only VASE [3]
proposes a high-level model of simulations based on a control-flow graph (CFG)
and provides a data-flow coupling model. However, this environment is only in-
tended for sequential simulations. These environments are representative of the
state-of-the-art: efforts have to be done to achieve an efficient steering envi-
ronment which combines both the temporal coherence and a precise model of
parallel simulations.

In this paper, we focus on the steering of parallel simulations like SPMD or
simple MPMD applications (MPI, PVM, etc.). We first present the basis and
the architecture of EPSN1, our computational steering environment. Then, we
introduce the high-level model used in EPSN to specify the steering of parallel
simulations. Finally, we describe a strategy of scheduled request treatments to
guarantee the temporal coherence.

2 EPSN Steering Environment

EPSN is a distributed environment based on a client/server relationship be-
tween user interfaces (clients) and simulations (servers). Both simulations and
user interfaces must be instrumented with the EPSN API. The clients are not
tightly coupled with the simulation; actually, they can interact on-the-fly through
asynchronous and concurrent requests. These characteristics make EPSN envi-
ronment very flexible and dynamic.

EPSN uses an internal communication infrastructure based on CORBA
which provides the interoperability between applications running on different
architectures. We previously discussed this option and other aspects of the ar-
chitecture in [4]. As shown in Fig. 1, EPSN environment runs a permanent
thread attached to each process of the simulation. These threads are in charge
of all the steering treatments and each one contains a CORBA server waiting
for the client requests. In addition, an independent application, called proxy,
provides an unified view of the simulation and acts as a relay for the requests
between the clients and all the EPSN threads. Once a request for data is re-
ceived, the thread accesses the simulation process memory and transfers the data
directly to the remote client. This transfer occurs concurrently to the simulation
execution, in respect of the access areas placed in the simulation source code. As
both the simulation and the client can be parallel applications, we use a MxN
redistribution library, called RedSYM, with a CORBA communication layer.

Once a simulation has been instrumented with the EPSN library, it can be
deployed as usually. The clients locate it on the network using the CORBA nam-
ing service and then connect it through the proxy. To follow the time evolution

1 EPSN project (http://www.labri.fr/epsn) is supported by the French ACI-GRID
initiative.
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Fig. 1. Architecture of EPSN environment. Fig. 2. Visualization clients.

of data, one can use a high-level visualization system based on AVS/Express
(top of Fig. 2) or VTK. In addition, one can monitor a simulation and basically
interacts thanks to our Generic Client (bottom of Fig. 2).

3 High-Level Model of Steerable Simulations

In order to closely interact with any parallel simulations, we introduce a high-
level description model. Traditionally, numerical simulations are described as a
collection of steerable items (data, breakpoint, loop, etc.) which are remotely ma-
nipulated by a user-interface. In the EPSN environment, we organize these items
in a hierarchical task model that reflects the essential structure of SPMD and
simple MPMD applications. To describe a simulation according to this model,
we use an XML file parsed at the initialization of EPSN (epsn_init). As illus-
trated in Fig. 3, the XML is divided into three parts, the accessible data for
clients (section data), the task program structure (section htg) and the possible
interactions (section interaction).

3.1 Data Model

Data currently supported in EPSN are scalars and fields (dense multi-dimen-
sional arrays). Ongoing works will extend the data model for particles and
meshes. All accessible data must be declared, in the XML file (Fig. 3, lines 4–8),
with a unique ID, a type (short, long, float, etc.), the number of dimensions for
fields, and the distribution mode. Scalars and fields can be either located on a
single process or replicated among all processes. Fields can also be distributed
over the processes with any generic rectilinear decomposition such as the classi-
cal block-cyclic distribution. Finally, in order to make data accessible for clients
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Fig. 3. Example of a simulation description in XML.

(publish), the user must complete its description with the EPSN API and must
precise the data storage and the field distribution. Moreover, correlated data
may be logically associated in a group, and thus EPSN will ensure the temporal
coherence among the group members.

3.2 Hierarchical Task Model

The basis of our hierarchical task model consists in representing SPMD simula-
tions through a hierarchy of tasks (Fig. 3, lines 9–21). In this paper, we extend
the definition of hierarchical task graphs [5] or HTGs for the purpose of compu-
tational steering. Basically, an HTG is a directed acyclic graph, which captures
the control flow between blocks of code and hierarchical nodes (condition, loop).

Here, we consider three types of nodes: (1) basic tasks encapsulate logical
blocks (e.g. program routine); (2) loop tasks represent the iterative structures
(for, while); (3) conditional tasks represent the conditional structures (if-then-
else, switch-case). All these nodes are hierarchical in nature, as they can contain
a serie of other nodes. We also introduce breakpoint nodes, that are used to
explicitly control the execution flow and have no sub-nodes. Initially, a main
task encapsulates all the hierarchy which is delimited in the source code by the
epsn_init and the epsn_exit calls. In practice, the program structure can be de-
scribed at different levels of details and the user can consider only the relevant
tasks for the steering. The instrumentation is achieved by manually annotat-
ing the begin and the end of each task with the EPSN API (epsn_task_begin,
epsn_task_end, etc.). Figure 4 illustrates, on a simple “two-loop” program, that
the instrumentation exactly reflects the HTG structure and its XML description.
As a result, the instrumentation process can be partially automated.
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Fig. 4. Comparison of the different representation modes.

In addition, a task may have input and output data, explicitly specified in the
XML through a context. The input data are purely formal information, whereas
the output data are those modified by a task. EPSN prevents any client access to
output data during all the task execution and automatically releases them at the
end. Furthermore, a task may contain a specific access context, specifying the
protected and accessible data. Such access areas are fundamental in EPSN as
they exhibit where and when a data can be safely and asynchronously retrieved.

In simple MPMD cases that we consider, the processes are divided into very
few groups (process-partition) involved in different programs (e.g. ocean atmo-
sphere coupled models) and running on the same cluster. We assume that the
HTGs of the different groups have their upper hierarchy level in common, typ-
ically, they share a synchronized main loop. Consequently, we can describe the
whole simulation as a unified HTG whose lower levels are distributed in sub-
HTGs among the groups (distributed-sections). The user must also complete the
XML description to precise over which process group the data are replicated or
distributed (location attribute). The unified HTG provides the end-user with a
single representation of the simulation, which can be steered either at an upper
level addressing all processes or at a lower level addressing just a group.

3.3 Steering Interactions

As shown in Fig. 3 (lines 22–29), EPSN proposes two kinds of steering in-
teractions: the modification of simulation data (writing) and the callback of
user-defined functions (action). As we carefully consider such interactions, we
only enable them to occur on instrumentation points, identified in the XML
description. Only the actions require to be instrumented in the source code by
associating a callback function with the action ID.



A Time-Coherent Model for the Steering of Parallel Simulations 95

4 Temporal Coherence

The efficiency of a steering system for parallel simulations depends on its capabil-
ity to execute time-coherent operations over all the processes. Different strategies
can be used to maintain the temporal coherence, but they all rely on the ability
to compare the current positions in the execution of parallel processes.

4.1 Structured Dates

We consider the date of a process as its position in the execution flow. The
succession of the dates related to the instrumentation points define a discrete
time system. As we deal with structured applications typically involving a hie-
rarchy of loops, a simple timestamp, incremented at each instrumentation point,
would be ambiguous. As a result, we define a structured date as a collection
of doublets (e.g. As shown in Fig. 4, each
doublet corresponds to a level of the hierarchy and it is composed by a primary
and an secondary index. When the execution flow traverses a level of the HTG,
the corresponding primary index is simply incremented at each instrumentation
point. When it enters a sub-level of the HTG (loop, switch), the secondary index
marks the current iteration or the chosen branch; then, a new doublet is added
to follow the progression in the sub-level.

The use of structured dates presents several advantages for a steering en-
vironment. It first allows a client to clearly identify the simulation progress.
Structured dates are also relevant for elaborating precise requests. Finally, they
constitute a robust discrete time system: thanks to the inherent hierarchy of the
structured dates, a desynchronization in a sub-level will not propagate into the
upper ones.

4.2 Coherence Strategies

The toolkits and libraries developed for the steering of parallel and distributed
applications present different strategies to maintain the temporal coherence. In
the strategy of post-collection ordering, the environment first collect on a central
server the informations of the simulation, then these informations are interpreted
together. This strategy is mainly used for the ordering of monitoring events like in
Falcon [6] or PathFinder [7]. Considering that it requires a systematic centralized
data collection, it is poorly adapted  to the on-line visualization of large amount
of data. In the centralized request management strategy, at each step of the
simulation, the processes refer to a central server which indicates them if they
have to do a treatment. This strategy is used by client-server-client architectures
like DAQV [8], but it imposes a very strong synchronization and the simulation
processes advance at the server’s pace. For EPSN environment, we have chosen a
third strategy which consists in scheduling the treatments independently on each
process of the simulation. The scheduled treatment strategy is the one used in
CUMULVS [2] to plan data transfers between a simulation and its clients. This
strategy does not imply a synchronization with a server and if there is no request,
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Fig. 5. Scheduled treatment of parallel steering requests.

the simulation is not disturbed. However, to ensure the temporal coherence, the
requests must be scheduled at the same date, even asynchronously, in all the
processes and these processes must follow the same evolution.

4.3 Scheduled Treatments

We call scheduling point the date when the simulation processes schedule the
treatment of a request. It is also the earliest instrumentation point that no
simulation process has already passed when it get the request. The steps 1 to 3
of Fig. 5 illustrate the choice of the scheduling point. When the instrumentation
threads of the processes receive a request, they lock the instrumentation points,
they exchange their current dates to determine the scheduling point and then
they unlock the instrumentation points. Even if a process is between two in-
strumentation points, whether it is blocked on pending communications or just
computing, its instrumentation thread can communicate its current date to the
other threads. As a result, the research of the scheduling point can not lead to a
deadlock. When a simulation process goes past the scheduling point, the request
is activated independently of the other processes, and it will be treated as soon
as its associated constraints are satisfied. For control requests and actions, the
constraints are based on the current date. For data access requests, they are
based on the data release: the date when the data has been lately modified. The
release remains unchanged during all the access area after the data modification,
and the data can be treated at any time in this area. The constraints based on
the release are consistent because the data evolution is linked to the control-flow
through the task description and consequently it is the same on all the processes.

The steps 4 to 6 of Fig. 5 illustrate the use of the data release in the case
of a simple on-the-fly data access request. When a simulation process enters the
access area, the data is released and the request constraint is satisfied. During all
the access area, the request can be asynchronously treated because the simulation
description ensures that the data will not be modified. At the end of the access
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area, the request treatment is forced (flushed) before a process enters in a new
modifying area. Figure 5 exhibits all the mechanisms that ensure the temporal
coherence. However, in the best cases, the simulation would be synchronized
enough for the requests to happen at the same momentof the simulation, and
for the scheduling point to be chosen without blocking any process. In the same
way, if the access area is long enough, the data transfer would be completely
overlapped by the simulation.

5 Conclusion and Future Works

In this paper we address problems raised by the computational steering of pa-
rallel simulations. We have introduced a high-level model to better grasp the
complexity of these simulations and to closely follow their evolution. In this
context, the use of hierarchical task graphs has appeared to be very promising.
In order to allow the precise positioning in these graphs, we have defined the
structured dates which are the basis for our scheduling strategy of the steering
treatments. This temporal coherence strategy involves very little synchronization
between processes and allows the overlapping of data transfers.

The developments of EPSN are now oriented on the support of massively
parallel simulations and distributed applications, involving a hierarchy of proxies.
Ongoing works also aim at the specification of a generic data model for particles
and meshes which would be suitable for the MxN redistribution.
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Abstract. Performance is a key issue in the development of parallel/distributed
applications. The main goal of these applications is to solve the considered
problem as fast as possible utilizing a certain minimum of parallel system ca-
pacities. Therefore, developers must optimize these applications if they are to
fulfill the promise of high performance computation. To improve performance,
programmers search for bottlenecks by analyzing application behavior, finding
problems and solving them by changing the source code. These tasks are espe-
cially difficult for non-expert programmers. Current approaches require devel-
opers to perform optimizations manually and to have a high degree of experi-
ence. Moreover, applications may be executed in dynamic environments.
Therefore, it is necessary to provide tools that automatically carry out the opti-
mization process by adapting application execution to changing conditions.
This paper presents the dynamic tuning approach that addresses these issues.
We also describe an environment called MATE (Monitoring, Analysis and Tun-
ing Environment), which provides dynamic tuning of applications.

1 Introduction

Parallel/distributed systems offer high computing capabilities that are used in many
scientific research fields. They facilitate the determination of the human genome,
computing atomic interactions or simulating the evolution of the universe. So biolo-
gists, chemists, physicists and other researchers have become intensive users of appli-
cations with high performance computing characteristics. They submit applications to
powerful systems to get their results as fast as possible. In this context, performance
becomes a key issue. To satisfy user requirements, applications must reach high per-
formance standards. An application is inefficient and useless when its performance is
below an acceptable limit. Therefore, applications must not only be systematically
tested from the functional point of view to guarantee correctness, but must also be
optimized to ensure that there are no performance bottlenecks.

The optimization (or tuning) process requires a developer to go through the appli-
cation performance analysis and the modification of critical application parameters.
First, performance measurements must be taken to provide data about the applica-
tion’s behavior. This phase is known as monitoring and collects data related to the
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execution of the application. Then, the performance analysis of this information is
carried out. It finds performance bottlenecks, deduces their causes and determines the
actions to be taken to eliminate these bottlenecks. Finally, appropriate changes must
be applied to the application code to overcome problems and improve performance.
However, all these tasks are somewhat complicated, especially for non-expert users.

The classical approach to performance analysis is based on the visualization of
program execution. Tools that support this approach show the execution of the appli-
cation in graphical and numerical views [1, 2, 3]. Then, users must analyze generated
views recognizing the most problematic performance regions, determining the causes
of the bottlenecks and finally changing the application source code. To reduce devel-
oper effort and relieve them of such duties as analysis of graphical information and
determination of performance problems, an automatic analysis has been proposed.
Tools using this type of analysis are based on the knowledge of well-known perform-
ance problems. Such tools are able to identify critical bottlenecks and help in optimiz-
ing applications by providing suggestions to developers [4, 5, 6].

All mentioned tools involve developers changing a source code, re-compiling, re-
linking and restarting the program. They require a certain degree of knowledge and
experience of parallel/distributed applications and hence are appropriate for develop-
ers rather than for such users as biologists, chemists, physicists or other scientists. To
tackle these problems, it is necessary to provide tools that automatically perform pro-
gram optimizations. A good, reliable and simple optimization tool performing auto-
matic improvement could be profitable for non-expert users as well as for developers.
Because of the complexity of the solution, there are not many tools that support auto-
matic application optimization during run time [7, 8]. Moreover, they lean towards
automated tuning, which requires certain changes to the application.

This paper addresses the problem of automatic and dynamic tuning of paral-
lel/distributed applications. Section 2 presents this approach showing its fundamental
concepts. Section 3 describes a dynamic tuning environment called MATE. Section 4
shows a catalog of tuning techniques that we investigated as part of our study. Finally,
section 5 presents the conclusions of this study.

2 Dynamic Performance Tuning

The main goal of dynamic automatic tuning is to improve application performance by
modifying its execution without recompiling or rerunning it. In this approach, the
following steps can be distinguished: application monitoring, performance analysis
and modifications of the running program. All of these must be performed automati-
cally, dynamically, and continuously during application execution. The dynamic
analysis and introduced modifications enables adaptation of the application behavior
to changing conditions in the application itself or in the environment. Dynamic tuning
appears as a promising technique that exempts non-experts or programmers from
some of the performance-related duties. The most useful dynamic tuning is that which
can be used to successfully optimize a broad range of different applications. It would
be desirable to tune any application even though its source code and application-
specific knowledge is not available. However due to incomplete information this kind
of tuning is highly challenging and at the same time the most limited. The key ques-
tion is: what can be tuned in an “unknown” application?
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2.1 Tuning Layers

The answer to this key question can be found by investigating how an application is
built. Each application consists of several layers: application-specific code, standard
and custom libraries, operating system libraries, and hardware. An application is
based on services provided by an operating system (OS). OS offers a set of libraries
so that system users do not need to worry about low-level hardware details. The ap-
plication uses the system calls to perform hardware/system-specific operations. Be-
sides that, applications use standard libraries that support them with a variety of func-
tions, e.g. higher level I/O, mathematical, string manipulation functions and so on.
Additionally, applications may use custom libraries that provide domain-specific
functionality, e.g. communication libraries, numerical methods, programming frame-
works. These libraries insulate programmers from low level details as they offer a
higher level of abstraction. Finally, each application contains application-specific
implementation and consists of modules that solve a particular problem.

Considering OS and library layers, the tuning process is based on well-known fea-
tures for them. By investigating particular OS and libraries it is possible to find their
potential drawbacks and hence determine problems common to many applications.
For each drawback, a tuning procedure can be identified. Optimizing the application
code is the most complex and less reusable, due to the lack of application-specific
knowledge. Each application implementation can be totally different and there may be
no common parts, even though they may provide the same functionality. An applica-
tion can be tuned if there is knowledge of its internal structure. Therefore, to optimize
the application layer, dynamic tuning should be supported in some way with certain
information about the application.

2.2 Approaches to Tuning

Considering the available knowledge, we have defined two main approaches to tun-
ing: automatic and cooperative. In the automatic approach, an application is treated as
a black-box, because no application-specific knowledge is provided by the program-
mer. This approach attempts to tune any application and does not require the devel-
oper to prepare it for tuning (the source code does not need to be adapted) and, there-
fore, it is suitable for tuning such layers as the operating system and libraries. We can
find many general tuning procedures common to many applications. For each particu-
lar problem, all the necessary information, such as what should be measured, how it
should analyzed, and what should be changed and when, can be provided automati-
cally. The cooperative approach assumes that the application is tunable and adaptable.
This means that developers must prepare the application for the possible changes.
Moreover, developers must define an application-specific knowledge that describes
what should be measured in the application, what model should be used to evaluate
the performance, and finally what can be changed to obtain better performance. The
cooperative approach is suitable for the application tuning layer.

2.3 Performance Analysis

Performance analysis examines application behavior based on the collected measure-
ments, identifies performance bottlenecks, and provides specific solutions that over-
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come these problems. Application behavior can be characterized by an analytical
performance model. Such a model may help to determine a minimal execution time of
the application or predict the application performance. Such a model can contain
formulas and/or conditions that recognize a bottleneck and facilitate determination of
the optimal behavior. As input, a model needs the measurements extracted from the
application execution. Based on these and applying adequate formulas, the perform-
ance model can estimate the desired application behavior, e.g. the optimal value of
some parameter. Finally, the application can be tuned by changing the value of that
parameter.

To make the presented approaches to tuning (automatic and cooperative) homoge-
neous and to make optimization on the fly possible and effective, we concluded that
the application knowledge should be described as the following terms:

measure point – a location where the instrumentation must be inserted
performance model – determines an optimal application execution time
tuning point – the code element that may be changed
tuning action – the action to be performed on a tuning point
synchronization – policy determining when the tuning action can be invoked.

2.4 Dynamic Modifications of an Application

All phases of improving the application performance must be done “on the fly”. To
instrument the application without accessing the source code, the code insertion must
be deferred till the application is launched. Modifications cannot require source code
recompilation or restart. The technique that fulfills these requirements is called dy-
namic instrumentation. It permits insertions of a piece of code into a running program.
Dynamic instrumentation was used in Paradyn [6] to build an automatic analysis tool.
The Paradyn group developed a library called DynInst [9].

Considering DynInst’s possibilities and our definition of application knowledge,
we determined tuning actions that can be applied on the fly to a tuning point. A tuning
point can be any point found by DynInst in the application executable (e.g. function
entry, function exit). We consider the following to be tuning actions:

function replacement – function calls are replaced with a call to another function
function invocation – an additional function call is inserted at a specified point
one-time function invocation – a specified function is invoked just once
function call elimination – a specified function call is eliminated
function parameter changes – the value of an input parameter is modified
variable changes – the value of a particular variable is modified.

All modifications must be performed carefully to ensure that the application con-
tinues its execution correctly and does not crash. Therefore, each tuning action de-
fines the synchronization policy that specifies when the action can be invoked in a
safe manner. E.g. to avoid reentrancy problems, race hazards or other unexpected
behavior, a breakpoint can be inserted into an application at a specific location. When
the execution reaches the breakpoint, the actual tuning action is performed.
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3 MATE

To provide dynamic automatic tuning of parallel/distributed applications we have
developed a prototype environment called MATE (Monitoring, Analysis and Tuning
Environment). For the purpose of our work we have made the assumption of targeting
our tuning system to C/C++ parallel/distributed PVM [10] applications running on a
UNIX platform. MATE performs dynamic tuning in three basic and continuous
phases: monitoring, performance analysis and modifications. This environment dy-
namically and automatically instruments a running application to gather information
about the application’s behavior. The analysis phase receives events, searches for
bottlenecks, detects their causes and gives solutions on how to overcome them. Fi-
nally, the application is dynamically tuned by applying a given solution. MATE con-
sists of the following main components that cooperate among themselves, controlling
and trying to improve the application execution:

Application Controller (AC) – a daemon-like process that controls the application
execution on a given host (management of tasks and machines). It also provides the
management of task instrumentation and modification.
Dynamic monitoring library (DMLib) – a shared library that is dynamically loaded
by AC into application tasks to facilitate instrumentation and data collection. The
library contains functions that are responsible for registration of events with all re-
quired attributes and for delivering them for analysis.
Analyzer – a process that carries out the application performance analysis, it auto-
matically detects existing performance problems “on the fly” and requests appro-
priate changes to improve the application performance.

Figure 1 presents the MATE architecture in a sample PVM scenario. In this exam-
ple the PVM application consists of 3 tasks distributed on 2 different machines. When
the Analyzer has been started, it distributes the AC to all machines where the applica-
tion is running to control all the tasks. Once the AC is distributed the Analyzer re-
ceives from it information about the configuration of a virtual machine. The perform-
ance analysis is based on tunlets. Each tunlet is a shared library that implements the
analysis logic for one particular performance problem. A tunlet uses the Analyzer’s
Dynamic Tuning API (DTAPI) to perform the performance monitoring and tuning of
a program. Tunlets are passive components that drive the analysis by responding to a
set of incoming events. The Analyzer provides a container that is responsible for
managing a set of tunlets simultaneously. Tunlets provide the Analyzer with an initial
set of measure points that are forwarded to all ACs. Next, the Analyzer asks the AC to
start the application. The AC loads the shared monitoring library (DMLib) to the task
memory that enables its instrumentation.

During execution, the ACs manage the instrumentation of each task. The shared
monitoring libraries are responsible for delivering registered events directly to the
Analyzer. When an event record is received, the Analyzer notifies the corresponding
tunlet and this tunlet in turn finds bottlenecks and determines their solutions. By ex-
amining the set of incoming event records, the tunlet extracts measurements and then
uses the built-in performance model to determine the actual and optimal performance.
If the tunlet detects a performance bottleneck, it decides whether the actual perform-
ance can be improved in existing conditions. If this is the case, it then asks the Ana-
lyzer to apply the corresponding tuning actions. A request determines what should be
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Fig. 1. Architecture of the MATE dynamic tuning for PVM.

changed (tuning point/action/synchronization) and it is sent to the appropriate in-
stance of AC.

4 Tuning Techniques

We conducted a number of experiments on parallel/distributed applications to study
how our approach works in practice. We proved that running applications under the
control of MATE may be effective, profitable, and the adaptation of the application
behavior to the existing conditions results in performance improvements. All required
information related to one particular performance problem is what we call a tuning
technique. Each tuning technique describes a complete optimization scenario:

it specifies a potential performance problem of a parallel/distributed application
it determines what should be measured to detect the problem (measure points)
it determines how to detect the problem (performance model)
it provides a solution for how to overcome the problem (tuning point/action/sync).

All experiments were conducted in a cluster of Sun UltraSPARC II workstations
connected by LAN network. To investigate the profitability of dynamic tuning we
used the following applications: (1) a set of synthetic master-worker programs; (2)
Xfire – Forest Fire Propagation application [11], a computation-intensive program
that simulates fireline propagation; (3) IS – NAS Integer Sort benchmark [12], a
communication-intensive application that ranks integers using a bucket sort method.

We organized tuning techniques into a catalog in accordance with the tuning ap-
proach and the layer at which a modification occurs. Each tuning technique is imple-
mented in MATE as a tunlet. Currently, we are focused on investigating tuning tech-
niques separately. The catalog available in MATE is the following:
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Operating system layer (Automatic approach):
Message aggregation – minimizes communication overhead by grouping sets of
consecutive messages into large ones. The tuning consists of replacing operating
system function calls that transmit data, e.g.write(), with their optimized custom
version with an aggregation mechanism. In networks with non-ignorable latencies
and applications that send small messages, the technique can produce noticeable
time savings (up to 91% in the case of synthetic applications).
TCP/IP buffers – maximize the network transmission performance across high-
performance networks using TCP/IP-based protocol. This is done by setting the
send and receive socket buffers to an optimal value that can be estimated calculat-
ing bandwidth delay product. The tuning action includes one time system call invo-
cation setsockopt() using SO_SNDBUF and SO_RCVBUF socket options. [13] re-
ports improvements ranging from 17% up to 500% for FTP transmissions.

Standard library layer (Automatic approach):
Memory allocation – improves performance by optimizing memory allocations.
Programs that make intensive use of memory may benefit from optimized pool-
based allocators if they perform a large number of small object allocations and de-
allocations. The tuning action replaces the standard allocator with the optimized
pool allocator. The specialized pool allocators perform much better, giving up to
60-70% experimenting with synthetic applications.

Custom library layer (Automatic approach):
PVM communication mode – minimizes the PVM communication overhead by
switching the messaging to point-to-point mode. The tuning action includes one-
time function call pvm_setopt (PvmRoute,pvmRouteDirect). Changing the com-
munication mode resulted in faster communication, up to 50% in synthetic applica-
tions and 17% in IS benchmark. The measured intrusion did not exceed 3,5% of the
improved execution time.
PVM encoding mode – minimizes the PVM encoding overhead by skipping data
encoding/decoding phase. The tuning action includes input parameter modification
of pvm_initsend() that changes the encoding mode from default XDR to data raw.
We observed important benefits from data raw encoding mode (up to 74% in syn-
thetic applications and up to 47% in IS benchmark). The intrusion reached up to
2,8% of the total application execution time.
PVM message fragment size – selects the optimal size of message fragments to
minimize the PVM communication time. The tuning action includes one-time func-
tion call pvm_setopt(pvmFragsize,optFragsize). To calculate the optimal frag-
ment size, we used the experimentally deduced formula. This technique gave up to
55% profit in synthetic applications and up to 28% in IS benchmark. The intrusion
reached 4,9%.

The PVM experiments that we conducted are described in more detail in [14].

Application layer (Cooperative approach):
Workload balancing – balances the amount of work that is distributed by the master
to workers considering the capacities and load of the machines where the applica-
tion is running. During program execution, the simulation algorithm estimates the
optimal workload. The tuning action changes the work factor by updating the vari-
able value in the master that adapts the work assignment. This technique produced



MATE: Dynamic Performance Tuning Environment 105

up to 50% profit in synthetic applications and 48% in Xfire. The overhead was
small – about 2% of the improved execution time.
Number of workers – optimizes the number of workers assigned to perform a speci-
fied amount of work in the master/worker application. To calculate the optimal
number of workers we used the performance model presented in [15]. The tuning
action changes the number of workers by updating the variable value in the master
process. We observed that changes to the number of workers could produce profits
ranging from 20% to 300% in synthetic applications.

5 Related Work

The Autopilot [8] project bases on closed loop and allows parallel applications to be
adapted in an automated way. It contains a library of runtime components needed to
build an adaptive application. Autopilot provides a set of distributed performance
sensors, decision procedures and policy actuators. The programmer can decide what
sensors/actuators are necessary and then manually inserts them in the application
source code. The toolkit includes fuzzy logic engine that accepts performance sensor
inputs and selects resource management policies based on observed application be-
havior. Autopilot is similar to the MATE cooperative approach. However, it differs
from the black-box approach where necessary measure and tuning points are decided
and inserted dynamically and automatically. The Autopilot uses fuzzy logic to auto-
mate the decision-making process, while MATE is based on simple, conventional
rules and performance models. Moreover, MATE is based on the dynamic instrumen-
tation where measure and tuning points are inserted on the fly while in Autopilot it is
done manually.

Active Harmony [7] is a framework that allows an application for dynamic adapta-
tion to network and resource capacities. In particular, Active Harmony permits auto-
matic adaptation of algorithms, data distribution, and load based on the observed
performance. The application must contain a set of libraries with tunable parameters
to be changed. Moreover, it must be Harmony-aware, that is, to use the API provided
by the system. Active Harmony manages the values of the different tunable parame-
ters and changes them for better performance. The project focuses on the selection of
the most appropriate algorithm. This is conceptually similar to the cooperative ap-
proach of MATE. However, it differs from the automatic method that treats applica-
tions as black-boxes and does not require them to be prepared for tuning. Active
Harmony automatically determines good values for tunable parameters by searching
the parameter value space using heuristic algorithm. Better performance is repre-
sented by a smaller value of the performance function, and the goal of the system is to
minimize the function. MATE uses a distinct approach where performance models
provide conditions and formulas that describe the application behavior and allow the
system to find the optimal values.

The AppLeS [16] project has developed an application-level scheduling approach.
This project combines dynamic system performance information with application-
specific models and user specified parameters to provide better schedules. A pro-
grammer is supplied information about the computing environment and is given a
library to facilitate reactions to changes in available resources. Each application then
selects the resources and determines an efficient schedule, trying to improve its own
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performance without considering other applications. MATE is similar to AppLeS in
that it tries to maximize the performance of a single application. However, it focuses
on the efficiency of resource utilization rather than on resource scheduling.

6 Conclusions

Parallel/distributed programming offers high computing capabilities to users in many
scientific research fields. The performance of applications written for such environ-
ments is one of the crucial issues. It is therefore necessary to provide good, reliable
and simple tools that automatically carry out tasks involving performance analysis of
parallel/distributed programs and behavior optimization. Our goal was to investigate
and prove that dynamic tuning works, is applicable and may be effective. We also
wanted to demonstrate that it is possible to support a user with a specific functioning
environment for automatic dynamic tuning. Our work concluded with the prototype
environment called MATE. It includes the monitoring, analysis and modifications of
an application on the fly without stopping, recompiling or rerunning the application.
The MATE environment tries to adapt the application to dynamic behavior. The con-
clusion of this work is that although dynamic tuning is a complicated task, it is not
only possible, but also provides real improvements in application performance. This
methodology seems to be a promising technique for accomplishing the successful
performance of applications with dynamic behavior.
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Abstract. Modern microprocessors have sacrificed the exactness of ex-
ceptions for improved performance long ago. This is a side effect of re-
ordering instructions so that the microprocessor can execute instructions
which were not to be executed due to an exception. By throwing more cir-
cuits at the problem, microprocessors are designed so that they are able
to roll back to the instruction causing the exception. However, some mi-
croprocessors, like the HP Alpha, do not roll back and impose a paradigm
of inaccurate exceptions. This decision can reduce circuit complexity and
increase speed. We propose a similar method of handling exceptions in
a component environment that achieves high performance by sacrific-
ing exception accuracy when dealing with parallel Single Program Mul-
tiple Data (SPMD) components. The particular domain this design is
intended for is high performance computing, which requires maximum
resource use and efficiency. A performance-centric way to handle excep-
tions is explained as well as additional methodology to enforce exception
strictness if required.

1 Introduction

The component software abstraction is one that has been leveraged in multiple
computing environments. One such environment is that of high performance sci-
entific computing (see [1]). High performance computing is an environment that,
more so than others, emphasizes optimizing the performance of the application.
In order to achieve the maximum possible performance and leverage distributed
computing potential, the execution of an application may be performed in paral-
lel by multiple parallel computing threads. Typical parallel algorithms divide the
problem space in some fashion among the available computing threads, which
work in concert to solve the problem, sometimes communicating part of the
developing solution to each other. These algorithms often employ the Single
Program Multiple Data (SPMD) programming paradigm.

In a component environment, multiple computing threads can be coupled
to form one component called an SPMD parallel component. This collection of
computing threads is intended to work collaboratively to solve some problem. In
order to provide interaction between SPMD parallel components in a distributed
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environment, collective method invocations are used from a proxy1 to a parallel
component. Collective invocations are defined as ones which require the involve-
ment of each computing thread. That is, all callee computing threads receive
an invocation for the same method and all caller threads make an invocation.
Therefore, a method invocation launches all computing threads that proceed to
execute the same method on separate pieces of data (as the SPMD paradigm
suggests). The movement and separation of the data are problems that have
been discussed in literature [3,4,6,2].

Parallel components have already been introduced by multiple component
frameworks intended for high performance applications. However, these frame-
works differ slightly in the way parallel component interaction is defined. For in-
stance, the Parallel Remote Method Invocation (PRMI) mechanism of the PAR-
DIS framework is indirect so that a parallel component’s invocation to another
parallel component is serialized before it is sent over the wire and deserialized
afterwards. That is, the data between components is transferred through a single
communication link [Figure 1 (left)]. The authors of PARDIS later acknowledged
the performance penalty of the serialization [7] and provided direct, multiport
component interaction [Figure 1 (right)]. The improved performance of the di-
rect method, in this case, was to be expected as this method provides better
utilization of the network and imposes less synchronization on the computing
threads. Our system, SCIRun2, leveraged the previous work in this field and
was built with collective invocations that provide direct communication between
each parallel computing thread (as it is needed).

Another important aspect of collective invocations is the level of synchro-
nization imposed in their implementation by the underlying system. In order to
provide a guarantee of collectiveness, systems often enforce a barrier on the col-
lective invocation. This unarguably provides better error reporting, but at a very
significant cost of execution speed, which is unacceptable for many high perfor-
mance computing applications. Because of this, SCIRun2 and other equivalent
systems extend unsynchronized behavior as much as possible. The imprecise ex-
ceptions described here, only make sense in a direct and mostly unsynchronized
component framework. In fact, their main goal is to loosen the synchronization
reigns that regular implementation of exceptions would require.

2 Problem Description and Related Work

This direct mode of invocation and communication introduces our nemesis when
dealing with exceptions. Specifically, what if only one computing thread on the
invoked (callee) component throws an exception? This exception will be prop-
agated quickly to one of its proxies on the invoking (caller) component, which
would cause one of the invoking threads to throw an exception. The rest of the

1 Proxies are objects used to represent other objects. All requests to the proxy are
forwarded to the represented object. They are used frequently in distributed mid-
dleware in order to invoke a method on a component. In this context, proxies are
synonymous to caller components.



110 K. Damevski and S. Parker

Fig. 1. Serialized and multiport (direct) collective invocation of parallel components.

invoking threads are not aware of the exception as they do not participate in the
invocation on the excepting thread. The result is that the invoking component
has an incoherent state, possibly destroying the collective behavior of the caller.
The user is not in control of which invoking thread has received the exception and
is left with a mess to clean up. There is little useful that could come out of this
situation. One possibility is to do away with exceptions altogether. Another is
to provide the user with a necessary framework to propagate the exception to all
the processes of the invoking component. The latter approach has an additional
problem: due to the communication lag and the general unsynchronized nature
of the processes making the invocation, the exceptions may not arrive exactly
during the method invocation. We call these imprecise exceptions. Appropri-
ate thread synchronization can be in place to mitigate this problem; however
synchronization will always hurt the performance of the application. Instead we
introduce imprecise exceptions, allowing the programmer to trade off accuracy
of the exception and performance.

One category of exceptions that CORBA supports are those that represent
various network and system failures. These are termed system exceptions. Con-
versely, user purpose exceptions are explicitly defined in the IDL via a throws
clause in each method. While CORBA’s user exceptions occur only on the server
side, system exceptions can occur in both client and server. An exception hier-
archy of classes also exists. The base classes impose methods on the derived
classes which report useful information about the exception, such as whether or
not method completed executing or not. However, exception inheritance of any
sort is not allowed within the CORBA IDL.

Imprecise exceptions have been suggested for the Haskell functional pro-
gramming language [5]. This is a language that achieves high performance and
flexibility through lazy evaluation of expressions. Adding imprecise exceptions to
Haskell provides the stack unwinding error reporting mechanism of exceptions,
without sacrificing rich transformations or other strengths of the language. Some
of our ideas are similar to the ideas presented by Peyton-Jones et al. [5], although
the domain is quite different.
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3 Design

This work will provide the utility of component exceptions in a distributed
SPMD component setting, while attempting not to sacrifice performance. In
doing this we ought to emphasize that very little additional overhead is imposed
in cases in which an exception does not occur. If an exception does occur, it is
thrown and the application incurs a performance penalty (as it should).

Let us consider an example that enables us to propose a design for imprecise
parallel component exceptions. In discussing this design, we will use the following
interface (written in Scientific Interface Definition Language (SIDL) [8]):

The SomeThrowSomeNo interface contains two methods that throw excep-
tions and one method that does not. The noexceptionmethod method has no
implementation. The two exception-throwing methods have the following imple-
mentation:

For the purposes of this discussion, we consider two SPMD parallel compo-
nents of three parallel threads each; one component will be the caller and the
other the callee. We assume that a proxy has already been created by the caller
component. Each thread of the caller component has a parallel proxy and is able
to invoke a method on any callee thread. However, the collective interaction
dictates that all callee threads should be invoked only once. Therefore, we have
a one-to-one correspondence in the collective invocation between the threads of
the parallel component. For the sake of clarity let’s assume that the caller thread
whose rank is zero invokes the method on the zero ranked callee thread, rank
one invokes on rank one, etc.

3.1 Reporting Imprecise Exceptions

Upon the execution of this SPMD code:

The caller thread ranked one receives an exception message back from its
invocation. Threads zero and two have continued execution to some other part
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of the code. We are concerned that threads zero and two eventually receive
information about the exception that occurred. Thread one has the responsibility
of informing the other threads of the exception in exceptionOnemethod. It does
so through an asynchronous message to each of the other threads. After this,
thread one can throw the C++ equivalent of exceptionOne and goes into its
appropriate catch block (if it exists).

All remote method invocation stubs contain code to check for the existence of
asynchronous messages notifying of exceptions in other threads. In the scenario
we discussed, we assume the threads are perfectly synchronized (i.e. they execute
the same instruction at the same time) and an asynchronous message travels at
lightning speed. Upon the invocation of noexceptionmethod, threads zero and
two will instantaneously detect the existence of exceptionOne and will throw it
within their context. At this time all threads would have excepted and reached
a steady state.

Asynchronous messages provide the appropriate behavior since they do not
impose synchronization of the processes in order to communicate the exception
and because reads for these messages come by at an extremely small cost. Per-
forming a check for an exception message within all remote invocations may be
unnecessary at times. At other times, it would be overzealous. Overall, we feel
that providing the check through each proxy use strikes a perfect balance in most
cases. The cost of checking for an asynchronous message is extremely small (typ-
ically checking a global flag) and negligible even if there are many frequent uses
of the proxy. However, if the opposite is true and proxy use is very infrequent it
could decrease the granularity of the exception checks to an unacceptable limit.
We discuss this problem in the next section. The extreme example of this case
is when there are no proxy uses after an exception and no opportunity to report
this exception. This problem is considered in Section 5.

3.2 getException Method

We realize that it is unfair to assume lightning speed message delivery as we did
before. Therefore, if the threads are not synchronized, we should be prepared
to see exceptionOne thrown sometime later than the invocation of the noexcep-
tionmethod. In many cases this is not acceptable. Executing noexceptionmethod
may depend on the successful finish of exceptionOnemethod.

If the programmer is unable to count on exceptions to occur within a spe-
cific invocation, an exception can crop up too late or too early and provide the
wrong behavior. In order to allow the programmer to control where exceptions
occur in the code, we provide a getException method which is invoked on the
proxy (similar to Peyton-Jones et al.’s use of the same method). Once we in-
voke getException we guarantee that all exceptions that have occurred have been
propagated to this thread. The only real way to ensure this in a parallel and dis-
tributed environment is to synchronize the caller threads. That is, this method
requires a barrier and as such imposes a performance penalty. Despite this, it is
useful for it provides the programmer with a wider range of uses for exceptions.
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4 Corner Cases

Although the design presented above is straightforward, the complex interaction
between two parallel components requires that a number of non-trivial scenarios
be analyzed.

Consider what would happen if the implementation of exceptionOnemethod
were something like this:

Collective invocation to this method would result with each caller thread
receiving a separate exception. When this occurs, threads should ignore the
asynchronous exception messages reporting exceptionOne in order not to throw
the same exception multiple times. To do this, we keep an exception log which
makes sure that we are aware of exception we have already produced. In doing
this we have to make sure that we keep enough information to help us determine
the right course of action. We use a combination of tags to uniquely identify
each proxy invocation. The guarantee that all collective methods are invoked by
all computing threads can be relied on to uniquely tag each collective invocation
without imposing additional communication.

Let us consider the following example where method invocations are executed
by the caller component using the SomeThrowSomeNo interface:

Both exceptionOne and exceptionTwo have been thrown in this scenario.
Caller thread one and two respectively are the first ones to receive each exception.
Let us suppose that they both contact thread zero at about the same time so that
thread zero has received messages about two distinct exceptions. Now thread zero
has a dilemma about which exception to report: exceptionOne or exceptionTwo.
Here are some possible ways to resolve this problem:

Allow non-determinism. This allows for either exception to be thrown.
It is probably an improvement over no exceptions being thrown, however it
is definitely not a clean solution as the collective nature of the caller is not
preserved, and the application may except differently in each run. This may
confuse the programmer and result with unwanted behavior.

Always report the user exception before the system or vice versa. This may
prove to be effective in some situations. However, this choice would work poorly
when the confusion is between two user and two system exceptions.

Report the first method’s exception first. Using the information tags that
we collect per each proxy invocation, we can easily make this determination.
This would provide consistent behavior and error reporting which would be of
use to a programmer. We opt for this solution.

This scenario also requires that thread rank two comes to its senses and
throws exceptionOne instead of exceptionTwo. In order to provide this behavior,
we should synchronize and determine the correct exception between all the ex-
ceptions that have been witnessed among all of the threads. This includes each
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thread that comes in direct contact with an exception. It should not rush and
throw an exception before it makes sure that it is the correct exception to throw.
In order to perform this, our implementation modifies the tournament barrier
algorithm to determine the best exception to be thrown and propagate the result
to all the threads. This algorithm is also applied in the implementation of the
getException method, since similar exception election is needed there as well.
Detailed discussion of the tournament barrier and other barrier types can be
found in [9].

One situation not captured by our running example is one where a collective
invocation of the same method yields two different exceptions caught by separate
caller threads. This is a situation that is not likely to occur often. We propose a
random yet consistent choice of which exception to throw. The exception report-
ing mechanism will use a consistent way of choosing to throw the same exception
across different runs or compilations and in all of the computing threads. In our
system exceptions are related to exception IDs assigned by the compiler roughly
representing the order of the exceptions in the throws clause. The lower excep-
tion ID is chosen to resolve this confusion. This provides consistent behavior to
all runs of the code compiled by our IDL compiler. As every compiler and par-
allel component architecture could make this determination differently (we do
not propose that everyone uses exception IDs), we fully expect that a different
exception may be raised in the same situation in a different environment. This is
something that the parallel component programmer should be prepared to face.
Another possibility would be to prefer the exception type thrown by the lowest
(or highest) rank.

The exception reporting mechanism relies on the checks performed by the
proxy upon each method invocation. If no method invocation existed in the ex-
ecuting code we could fail to report an exception. In order to remedy this, we
could impose a getException call upon the proxy destructor. This would guaran-
tee that exceptions are reported and is a viable solution. However, if proxies are
created and deleted often, we would significantly constrain the performance of
the application by synchronizing the computing threads upon each invocation to
getException. Another possibility is to save the actual deletion of the proxy until
the very end of the program. Synchronization at the end of a program will not im-
pact performance. Our suggestion is to perform a getException synchronization
within the Object Request Broker2 (ORB) destructor. The ORB’s deallocation
by the destructor typically occurs when main finishes on a particular machine.

An imprecise exception can come before, during, or after the excepting
method invocation in caller threads that do not directly receive an exception.
So far, we have mostly discussed exceptions arriving after the collective method
invocation to the exception method is finished. We have not yet considered the
case of them arriving before. Exceptions arriving before the invocation are very
awkward to face. In essence, we have been given a glimpse of the future and

2 Object Request Broker exists on each node and manages requests among compo-
nents. An ORB should be deallocated when all component interactions on one node
cease.
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we respond to this sight even though we have not yet reached this point of ex-
ecution. The best alternative is to rule this case out altogether using the proxy
infrastructure we have already described. This comes at almost no extra cost
and does not impact performance. We can hold off and ignore the existence of a
specific exception from an asynchronous message until we encounter the method
which has produced it. When we reach this method we do not invoke it but
throw the exception at that time.

5 Conclusions

We have presented a paradigm of imprecise exceptions for parallel distributed
components. Based on the fact that less synchronization improves performance,
we claim that this approach saves us from a drastic execution speed penalty with
exceptions. We examined the difficult scenarios that are possible with imprecise
exceptions. We also provided a way to synchronize imprecise exceptions so that
they provide the same behavior as regular exceptions. This imprecise excep-
tion mechanism is targeted at a component-based distributed Problem-Solving
Environment, but could be applied to a variety of scenarios involving multiple
communicating SPMD parallel programs.

6 Results

The performance improvement of our design is somewhat self-validating. We
provide an exception handling method that allows a greater degree of asynchrony,
which in turn betters performance. In spite of this, we implemented a simple
example and provided some runtimes for it in order to show that our concepts
work and to exemplify how much of a performance increase we can achieve.

The use scenario we chose involves a parallel query tool sending queries to
a parallel data server. We implemented these as parallel components and tested
various modes of exception use: total imprecise exceptions, use of the getExcep-
tion method after each query, and use of regular (precise) exceptions. Assuming
the time to process the query is close to zero, here are the results of this test
(between two Pentium4 class machines connected by Gigabit Ethernet):
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The results were largely what we expected. The performance increase of the
imprecise exceptions scales as the degree of parallelism increases. It is important
to note that the imprecise exceptions we measured do not make use of the
getException method. This total asynchrony is unrealistic in practice; therefore
the difference in performance would be slightly less exaggerated and peaking at
the numbers we have shown above.
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Besides excellent performance results for quite some applications for large scale
systems, measurements very often reveal performance limitations for parallel pro-
grams. They result either from the architecture of the parallel systems (memory
organization, communication hardware), from system software (parallel compil-
ers, message passing implementations, operating systems), or sometimes even
from implementation aspects of the given application. However, one of the main
observations still is that on a single PE, many, if not most applications which
are relevant to the technical field do not benefit adequately from clock rate im-
provement. The reason for this is memory accesses: most data read and write
operations have to access memory which is relatively slow compared to proces-
sor speed. With several levels of caches we now have architectures which, in
principal, provide plenty of options to keep the data as close as possible to the
processor. Nevertheless, the resulting chip architectures are quite complex, and
the compiler development progresses more slowly than anticipated.

In the near future, we will see chip architectures which integrate more than
one core on a chip. A simple pocket calculator analysis shows that in most cases
this will limit memory bandwidth even further. After the delivery of powerful
SMP nodes from most vendors, we have learned that coupling these kinds of
chips to a parallel shared memory computer and integrating these new SMP
basic blocks to larger SMP-Clusters is even more challenging. It does not really
matter whether some kind of message passing (like MPI), some kind of shared
memory (like OpenMP) or may be a heterogeneous combination of both is used
as the parallelization concept. The announced system peak performance num-
bers are quite impressive, based on the simple multiplication of single PE peak
performance numbers. In contrast to the new opportunities, a large number of
application programmers are still struggling with many complex features of to-
days modern computer architectures. Quite often, it takes several hundreds of
clock ticks to get one element out of the memory. In future, it is expected that
the numbers get worse. This will limit the success of a technology which could
give a boost to new application areas like virtual products (engineering), new
medication (biology field) or even better insight to complex simulation problems
(nanotechnologies).

Therefore, the techniques and methods developed in our field have a high
potential to address a couple of system bottlenecks, to improve their local-
ization and understanding, and to provide solutions. Our workshop brings to-
gether people working in the different fields of performance modeling, evalua-
tion, prediction, measurement, benchmarking, and visualization for parallel and
distributed applications and architectures. It covers aspects of techniques, im-
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plementations, tools, standardization efforts, and performance-oriented develop-
ment of distributed and parallel applications. This year, 24 papers were submit-
ted to this workshop, one was selected as distinguished paper, eight were selected
as regular papers, and three as short papers.

The removal of measurement overhead and intrusion from the measurement
process - one of the more general and very important problems in our field - is
the topic of the distinguished paper from Malony and Shende. New algorithms
for quantifying and eliminating the overhead on-the-fly for profiling mechanisms
have been developed and implemented. The tests with the NAS parallel bench-
marks have shown that they are effective at reducing the error in estimated
performance. Another very interesting approach is the detection of performance
bottlenecks. The paper from Gerndt et. al. focuses on the capability of two
OpenMP performance analysis tools.

We already have stressed the aspect of performance limitation through mem-
ory access. The contribution from Kereku et.al. is focused on a monitoring envi-
ronment where the access to data structures is analyzed by using a combination
of a hardware monitor and a software simulator. A quite similar approach is
going to be presented by Luiz DeRos et. al. A data-centric component analyz-
ing the memory behaviour requires the mapping of memory references to the
corresponding symbolic names of the data structure. The paper presents the
algorithms implemented in the SIGMA environment. The third paper in that
area - from Tao and Karl - investigates cache effects. Based on simulator results,
these studies concentrate on several different cache coherence protocols.

Message passing is still the dominant parallelization paradigm for large scale
computations. Therefore, performance limitations in such implementations have
a large impact on the application performance. Based on a monitoring system,
the contribution from Bongo et.al. investigates the performance of collective op-
erations. For the “allreduce” operation, they have identified parameters which
have significant impact on the load balance of this operation. In the paper from
Saif and Parashar, several MPI implementations for non-blocking communica-
tion operations have been analyzed. By using the results from this analysis in a
test application, performance improvements between 25% and about 50% have
been reported. The third contribution from Hipp and Rosenstiel describes a
heterogeneous parallelization approach for a particle simulation code.

The first paper from the last part of the workshop from Iosevich and Schuster
compares the performance of two different multithreaded memory coherence
protocols. While the coherence protocol always is the critical decision when a
DSM system is realized, the runtime results have shown no dramatic differences
between a simple and a highly optimized variant. The second paper from Stahl
et.al. describes techniques to exploit task-level parallelism in sequential object-
oriented programs to obtai parallel Java. The third paper from Rodriguez et.
al. presents a method to derive accurate and simple analytical models which
are able to describe the performance of parallel applications. Finally, the last
paper from Fernandes et.al. presents a theoretical performance analysis of a tool
(PEPS) used to analyze Stochastic Automata Networks.
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Abstract. Measurement-based profiling introduces intrusion in program
execution. Intrusion effects can be mitigated by compensating for mea-
surement overhead. Techniques for compensation analysis in performance
profiling are presented and their implementation in the TAU performance
system described. Experimental results on the NAS parallel benchmarks
demonstrate that overhead compensation can be effective in improving
the accuracy of performance profiling.

Keywords: Performance measurement and analysis, parallel computing,
profiling, intrusion, overhead compensation.

1 Introduction

Profiling and tracing are the two main approaches for empirical parallel perfor-
mance analysis. Parallel tracing is most often implemented as a measurement-
based technique. Here, the application code is instrumented to observe events
which are recorded in a trace buffer on each occurrence during execution [5,28].
In contrast, performance profiling [16] can be implemented in one of two ways:
1) in vivo, with measurement code inserted in the program (e.g., see [6,9,21,
23,24]), or 2) ex vivo, by periodically interrupting the program to assign perfor-
mance metrics to code regions identified by the halted program counter (e.g., see
[10,13,14,22,26]. The first technique is commonly referred to as measurement-
based profiling (or simply measured profiling) and is an active technique. The
second technique is called sample-based profiling (also known as statistical pro-
filing) and is a passive technique since it requires little or no modification to
program.

There are significant differences of opinion among performance tool research-
ers with regards to the merits of measured versus statistical profiling. The is-
sues debated include instrumentation, robustness, portability, compiler optimiza-
tions, and intrusion. Ultimately, the profiling methods must be accurate, else
the differences of opinion really do not matter. Herein lies an interesting per-
formance analysis conundrum. How do we evaluate analysis accuracy when the
“true” performance is unknown? Some technique must be used to observe per-
formance, and profiling tools will always have limitations on what performance
phenomena can and cannot be observed [17]. Is a tool inaccurate if it does not
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provide information about particular performance behavior at a sufficient level
of detail? Furthermore, no tool is entirely passive, and any degree of execution
intrusion can result in performance perturbation [17]. Should not all profiling
tools be considered inaccurate in this case? Parallel performance analysis is no
different from experimental methods in other sciences. “Truth” always lies just
beyond the reach of observation. As long as this is the case, accuracy will be a
relative assessment.

Until there is a systematic basis for judging the accuracy of profiling tools,
it is more productive to focus on those challenges that a profiling method faces
to improve its accuracy. Our work advocates measured profiling as a method of
choice for performance analysis [21]. Unfortunately, measured profiling suffers
from direct intrusion on program execution. This intrusion is often reported as
a percentage slowdown of total execution time, but the intrusion effects will be
distributed throughout the profile results. The question we pose in this paper is
whether it is possible to compensate for these effects by quantifying and removing
the overhead from profile measurements.

Section §2 describes the problem of profiling intrusion and outlines our com-
pensation objectives. The algorithms for overhead removal are described in Sec-
tion §3. We tested these on a series of case studies using the NAS parallel bench-
marks [1]. In Section §4, we report our findings with an emphasis on evaluating
relative accuracy. Our approach can improve intrusion errors, but it does not
fully solve the overhead compensation problem. Section §5 discusses the thorny
issues that remain. Conclusions and future work are given in Section §6.

2 Measured Profiling and Intrusion

Profiling associates performance metrics with aspects of a program’s execution.
Normally, it is the program’s components being profiled, such as its routines
and code blocks, and profile results show how performance data are distributed
across these program parts. Execution time is the most common metric, but any
source of performance data is valid (e.g., hardware counters [4,6,23,30]). Flat
profiles show performance data distributed onto the static program structure,
while path profiles [11] map performance data to dynamic program behavior,
most often represented as program execution paths (e.g., routine calling paths
[7,11]). Profiling both measures performance data and calculates performance
statistics at runtime.

Measured profiling requires direct instrumentation of a program with code
to obtain requisite performance data and compute performance statistics. Gen-
erally, we are interested in observing events that have entry / exit semantics.
Instrumentation is done both at the event “entry” point (e.g., routine begin)
and the event “exit” point (e.g., routine return). Profile statistics report per-
formance metrics observed between event entry and exit. We typically speak
of inclusive performance, which includes the performance of other descendant
events that occur between the entry and exit of a particular event, as well as of
exclusive performance, which does not include descendant performance.
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Unfortunately, the measurement code alters the program’s execution, pri-
marily in execution time dilation, but it also affects hardware operation. In-
trusion will be reflected in the profile results unless techniques can compensate
for it. Other research work has sought to characterize measurement overhead
as a way to bound intrusion effects or to control the degree of intrusion during
execution. For instance, the work by Kranzlmüller [15] quantifies the overhead
of MPI monitors using the benchmarking suite SKaMPI, and Fagot’s work [8]
assesses systematically the overhead of parallel program tracing. The work by
Hollingsworth and Miller [12] demonstrates the use of measurement cost models,
both predicted and observed, to control intrusion at runtime via measurement
throttling and instrumentation disabling.

Our interest is to compensate for measurement intrusion. Thus, we need
to understand the intrusion effects are manifested in performance profiles. Let
us first consider inclusive execution time profiles, using routines as our generic
events. Two timing measurements are necessary to determine inclusive time for
a routine every time it is called: one to get the current clock value at time of
entry and one to get the clock value at exit. The difference between the clock
samples is the inclusive time spent in this call. Let represent the overhead to
measure the inclusive time. If the routine A is executed N times, its inclusive
time is increased by measurement overhead.

However, A’s inclusive time is also increased by the overhead incurred in the
inclusive time measurement of descendant routines invoked after A is called and
before it exits. If M routines are called while A is active (M covers all calls to A),
the inclusive time is increased additionally by because each descendant
routine profiled will incur inclusive overhead.

To calculate A’s exclusive time, the inclusive time spent in each direct de-
scendant is subtracted from A’s inclusive time. Since this occurs at A’s exit,
the inclusive times for all direct descendant calls must be summed. If is the
measurement overhead to do the summation upon each direct descendant exit,
the total overhead that gets reflected in A’s exclusive time is for L di-
rect descendant calls. (The subtraction from A’s inclusive time is small and will
be ignored for sake of discussion.) It is important to observe that all overhead
accumulated in the inclusive times of A’s direct descendants gets cancelled in
the exclusive time computation. Unfortunately, if we calculate the inclusive and
exclusive times simultaneously, as is normally the case, the overhead must
be added to A’s inclusive time.

To summarize, the total performance profile of routine A will show an increase
in inclusive time due to measurement overhead of
where N is the total number of times A is called, M is the number of times
descendant routines of A are called, and L is the number of times A’s direct
descendant routines are called. The performance profile of routine A will also
show an increase in exclusive time of due to overhead.

Standard profiling practice does not report the measurement overheads in-
cluded in per event inclusive and exclusive profiles. Typically, overhead is re-
ported as a percetage slowdown in total execution time, with the implicit as-
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sumption that measurement overhead is equally distributed across all measured
events. Clearly, this is not the case. Events with a large number of descendant
event occurrences will assume a greater proportion of measurement overhead. If
we cannot compensate for this overhead, the performance profile will be distorted
as a result. Furthermore, if processes of a parallel application exhibit different
execution behavior, the parallel profiles will show skewed performance results.

3 Overhead Analysis and Compensation

The above formulation allows us to quantify the measurement overheads that
occur in inclusive and exclusive times as a result of measured parallel profiling. If
we were to actually compute these overheads, it must be done at runtime because
the overheads depend on the dynamic calling behavior. However, our goal is to
additionally remove the measurement overhead incurred in parallel profiling.
Thus, the profiling system must both track the overhead and compensate for it
dynamically in profile computations.

As a first step, we must determine the values and These overhead
units will certainly depend on the machine and compilers used, but could also
be influened by the application code, the languages and libraries, how the ap-
plication is linked, and so on. Also, it should not be assumed that and
are constant. In fact, they may change from run to run, or even within a run.
This means that we must measure the overhead values at the time the applica-
tion executes, and even then the values will be approximate. The approach we
propose is to conduct overhead experiments at application startup.

3.1 Overhead Analysis

To ascertain the overhead values and we must measure the instrumenta-
tion code that calculates inclusive and exclusive performance. However, the
and values may be at the same scale as the measurement precision. Thus,
we must construct a test that guarantees statistical accuracy in our estimation
of and

Our approach is to conduct a two-level experiment where the inclusive mea-
surement code is executed number of times (in a tight loop) and the per-
formance data being profiled is measured and stored. This procedure is then
repeated times and the minimum performance value across the experiments
is retained. We use that value divided by to compute While this does not
entirely insure against anomalous timing artifacts, its statistical safety can be
improved by increasing The two-level experiment is then repeated, this time
with the exclusive measurement code included, resulting in an approximation
of         We can substract our    approximation to find    It is impor-
tant to note that we need to do this overhead evaluation at the beginning of
the application execution for the specific set of profile performance data being
measured1.

1 In this regard, and are really vectors of overhead values.
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3.2 Overhead Compensation

Given the approximations for and we are ready to apply overhead com-
pensation. There are several ways to go about it. One way is to use the formulas
above and remove the overhead at the end of the execution. To do so, however,
we must determine the variables N, M, and L for every event. Without going
into details, calculating N, M, and L amounts to maintaining a dynamic call
graph for every currently active event as the root of its own call tree. Knowing
this allows us to consider a second way that removes inclusive overhead on-the-
fly with every event exit. In this case, we need to only determine and values
for each ith event occurrence and for Since
we must calculate profile values at event exit, it is reasonable to have these be
compensated calculations.

Using compensated inclusive calculations at event exit, we now have a choice
for calculating compensated exclusive profile values. Without loss of generality
with respect to other performance metrics, consider only execution time. The
exclusive time for an event A is the difference between A’s inclusive time and
the sum of the inclusive times of all of A’s direct descendants. Regardless of
compensated or uncompensated inclusive times, we have to accummulate the
inclusive times of A’s direct descendants. However, for uncompensated inclusive
times, an additional subtraction at A’s exit of is needed to calculate the
exclusive profile time for this invocation of A. Thus, the scheme we advocate for
on-the-fly overhead compensation of exclusive time is to subtract the compen-
sated inclusive times of A’s direct descendants (as they exit) from A’s running
exclusive time, and add A’s compensated inclusive time back in when A finally
returns.

4 Experiments with Compensation Analysis in TAU

To evaluate the efficacy of overhead compensation, we must implement the meth-
ods described above in a real parallel profiling system and demonstrate their abil-
ity to improve application profiling results. To this end, we have implemented
the overhead compensation techniques in the TAU parallel performance system
[21]. TAU uses measured profiling to generate both flat profiles and callpath
profiles. Inclusive and exclusive overhead compensation is implemented in TAU
for both profiling modes.

How will we know if our overhead compensation works successfully? The
standard measure for intrusion error is usually given as a percentage slowdown
in total execution time. Thus, one can test the ability of a compensation-enabled
profiling tool to accurately recover total execution time from profile measure-
ments with varying levels of instrumentation. As the instrumentation increases,
so likely will the intrusion and the overhead compensation techniques will be
more stressed. However, it is important to understand that accurate perfor-
mance profiling will also depend on the precision of measurement, in particular,
the ability to observe small performance phenomena. Overhead compensation
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can improve measurement accuracy, but it cannot remove measurement uncer-
tainty for small events.

For any level of instrumentation, it is reasonable to expect that less instru-
mentation leads to more accurate profiling results than more instrumentation.
Thus, if the total execution time is accurate, we might assume the rest of the pro-
file statistics are also. However, there are two issues to keep in mind. First, perfor-
mance variability due to environmental factors can arise even in un-instrumented
applications. Second, the success of overhead compensation on profile statistics
is difficult to assess given that the “real” profile values are not known. The best
we can do then is to compare profiling results at one level of instrumentation
with results from using less instrumentation, under the assumption that the ex-
ecution is relatively stable and the results from less instrumented runs are more
reliable and accurate.

4.1 Experimental Methodology

The experimental methodology we use to evaluate overhead compensation char-
acterizes the profiling measurement for an application with respect to levels of
instrumentation and sequential versus parallel execution. For the experiments
we report here, we used three levels of instrumentation. The main only (MO)
instrumentation is used to determine the total execution time for the “main”
routine. This will serve as our standard estimate for overall performance using
as little instrumentation as possible. The profile all (PA) instrumentation gen-
erates profile measurements for every source-level routine of the program. The
callpath all (CA) instrumentation uses TAU’s callpath profiling capabilities to
generate profile measurements for routine callpaths of the program. Obviously,
this CA instrumentation is significantly greater than PA and will further stress
overhead compensation.

Five experiments are run for an application using the three levels of instru-
mentation. The MO experiment gives us a measure of total execution time.
For parallel SPMD applications, we profile the “main” routine of the individual
processes, using the maximum as the program’s total execution time. The per
process times can also be used for evaluation under the assumption the pro-
gram’s behavior is well-behaved. The PA experiment returns profiling measure-
ments without compensation. We let PA-comp represent a PA-instrumented run
with compensation enabled. Similarly, a CA experiment returns callpath pro-
filing measurements without compensation and a CA-comp experiment returns
callpath profile results after overhead compensation.

We can compare the “main” profile values from PA, PA-comp, CA, and CA-
comp runs to the MO run to evaluate the benefit of overhead compensation.
However, we can also look at other indirect evidence of compensation effec-
tiveness. Assuming the PA-comp run delivers accurate profile results, we can
compare the associated statistics from the CA-comp profile to see how closely
they matched. This can also be done for the PA and PA-comp runs with different
levels of instrumentation. Per process values can be used in all parallel cases for
comparison under SPMD assumptions.
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Ten trials are executed for each experiment. We have a choice of using pro-
file results with the minimum “main” values or the average “main” values in
the evaluation. Our preference is to use the profiles reporting minimums. The
reason is that these runs are likely to have less artifacts in the execution (i.e.,
anomalies not directly attributed to the program) and, thus, represent “best
case” performance. On the other hand, an argument can be made to take the
average profile values, since artifacts may be related to the instrumentation. We
report both values in our results below. However, it is important to note that
calculating average profiles may not be reliable for programs that do not behave
in a deterministic manner.

Following the experimental methodology above, we tested overhead compen-
sation on all NAS parallel benchmark applications [1]. As the application codes
vary in their structure and number of events, we expected differences in the
effectiveness of compensation. We ran the ten experiments for each application
sequentially and on 16 processors. Problems sizes were chosen mainly to achieve
runtimes of reasonable durations. The parallel system used in our study was
a Dell Linux cluster2. In the following sections, we report on six of the NAS
benchmarks: SP, BT, LU, CG, IS, and FT.

4.2 Sequential Experiments

Table 1 shows the total sequential execution time of “main” in microseconds
from the different profiles for the different applications. The minimum and mean
values are reported. We also calculate the percentage error (using minimum and
mean values) in approximating the MO time for “main.” The dataset size (A or
W) used in the experiments is indicated.

An important observation is that the TAU measurement overhead per event
is already very small, on the order of 500 nanoseconds for flat profiling on a 2.8
GHz Pentium Xeon processor. This can be easily seen in the TAU profile results
(not shown) where the overhead estimation is given as an event in the profile. Of
course, the slowdown seen in the PA and CA runs depends on the benchmark
and the number of events instrumented and generated during execution. Because
more events are created for callpath profiling, we expect to see more slowdown
for the CA runs.

The results show that overhead compensation is better at approximating
the total execution time, both for flat profiles and for callpath profiles. This is
generally true for all of the NAS benchmarks we tested. In the case of IS-A,
the flat profile compensation (PA-comp) shows remarkable improvement, from
a 193% error in the PA measurement to within 2.1% of the “main” execution
time. The improvements in compensated callpath profiles for SP-W to less than
1% error are also impressive.

To be clear, we are instrumenting every routine in the program as well as
every depth of callpath. If, as a result, we instrument a small routine that gets
2 Hardware: 16 dual-processor 2.8 GHz Intel® Pentium 4 Xeon™ CPUs, 512 KB

cache, 4 GB memory per node, gigabit ethernet interconnect, hyperthreading en-
abled. OS: Red Hat Linux 2.4.20-20.8smp kernel.
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called many times, overheads can accumulate significantly. For callpath profiling
with instrumentation including a small event, overheads will be effectively mul-
tiplied by the number of callpaths containing the small routine. This is what is
happening in IS-A. Flat profile compensation can deal with the error, but call-
path compensation cannot. It is interesting that the reason can be attributed to
the small differences in overhead unit estimation, ranging in this case from 957
nanoseconds (minimum) to 1045 (maximum). This seemingly minor 90 nanosec-
onds difference is enough in IS-A callpath profiling to cause major compensation
errors. Certainly, the proper course of action is to remove the small routine from
instrumentation.

4.3 Parallel Experiments

Table 2 reports the results for parallel execution of the six NAS benchmarks on
the Linux Xeon cluster. All of the applications execute as SPMD programs using
MPI message passing for parallelization across 16 processors. For evaluation
purposes, we compare minimum “main” values for each process to those for the
MO run. Each process will complete its execution separately, resulting in different
“main” execution times. We show the range of minimum values (labeled “high”
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and “low” in the table), the mean error over this range (comparing process-by-
process with the minimum results from the MO run), and the error of the mean
and “high” values (effectively execution time of Node 0’s “main”).

Overall, the results show that compensation techniques improve performance
estimates, except in a few cases where the differences are negligible. This is en-
couraging. However, we also notice that the results display a variety of interesting
characteristics, including differences from the sequential results.

For instance, the PA values for SP-A, BT-A, and FT-A are practically equiv-
alent to “main” only results, yet the sequential profiles show slowdowns. The PA-
comp values are within less than 1% in these cases. We believe this suggests that
the instrumentation intrusion is being effectively reduced due to parallelization,
resulting in fewer events being measured on each process. We tend to charac-
terize the SP-W flat profile experiments in the same way, since the errors are
reasonably small and the minimum ranges are tight.

Other benchmarks show differences in their range of minimum “main” exe-
cution times. IS-A is one of these. It also has the greatest error for flat profile
compensation. Compared to the sequential case, there is a significant reduction
in PA error (193.9% to 10.2%) due to intrusion reduction, but the compensated
values are off by 11.1% on average per process and 7.6% for Node 0’s “main”
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time (compared to 2.1% minimum error in the sequential case). This suggests a
possible correlation of greater range in benchmark execution time with poorer
compensation, although it does not explain why.

CG-A also has a significant difference in its “high” and “low” range, but
its PA-comp errors are lower than IS-A. However, as more events are profiled
with callpath instrumentation, the CA and CA-comp errors increase significantly.
Compared to the sequential CA and CA-comp runs, we also see a slowdown in
execution time compared to the sequential case. This is odd. Why, if we assume
the measurement intrusion is being reduced by parallelization, do we see an
execution slowdown? Certainly, the number of events is affecting compensation
performance, as was the case in the sequential execution, but the increase in
execution times beyond the sequential results suggests some kind of intrusion
interdependency. In addition, we see the execution time range is widening.

Looking for other examples of widening execution time range with increased
number of events, we find additional evidence in the callgraph runs (CA and
CA-comp) for SP-A, BT-A, LU-A, and FT-A. The effect for LU-A is particu-
larly pronounced. Together with the observations above, these findings imply
a more insidious problem that may limit the effectiveness of our compensation
algorithms. We discuss these problems below.

5 Discussion

The experiments we conducted were stress tests for the overhead compensation
algorithms. We profiled all routines in the application source code for flat profiles
and we profiled all routine calling paths for callpath profiles3. While the results
show the overhead compensation strategies implemented in TAU are generally
effective, we emphasize the need to have an integrated approach to performance
measurement that takes into account the limits of measurement precision and
judicious choice of events. It should not be expected that performance phe-
nomena occurring at the same granularity as the measurement overhead can be
observed accurately. Such small events should be eliminated from instrumenta-
tion consideration, improving measurement accuracy overall. In a similar vein,
there is little reason to instrument events of minor importance to the desired
performance analysis.

TAU implements a dynamic profiling approach where events to be profiled are
created on-the-fly. This is in contrast with static profiling techniques where all
events must be known beforehand [7]. Static approaches can be more efficient in
the sense that the event identifiers and profile data structures can be allocated a
priori, but these approaches do not work for usage scenarios where events occur
dynamically. While TAU’s approach is more general, modeling the overhead
is more complicated. For instance, we do not currently track event creation
overhead, which can occur at any time. Future TAU releases will include this
estimate in the overhead calculation. The good news is that we made significant
3 We did eliminate a few very small routines: BINVCRHS, MATMUL_SUB, and MATVEC_SUB,

from the BT benchmark, and ICNVRT from CG.
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improvements in the efficiency of TAU’s profiling system in the course of this
research. Our callpath profiling overheads were improved ten times by switching
to a more efficient callpath calculation and profile data lookup mechanism.

Callpath profiling is more sensitive to recovery of accurate performance statis-
tics for two reasons. First, there are more callpath events than in a flat profile
and each callpath event is proportionally smaller in size. Second, we only esti-
mate the flat profiling overhead at this time in TAU. The overhead for profiling
measurements of callpaths is greater because the callpath must be determined
on-the-fly with each event entry and the profiling data structures used must be
mapped dynamically at runtime (flat profile data structures are directly linked).
Nevertheless, it is encouraging how well compensation works with callpath pro-
filing using less exact (smaller) overhead values. Also, TAU’s implementation
of callpath profiling allows the depth of callpath to be controlled at execution
time. A callpath depth of 0 results in a flat profile. Setting the callpath depth
to results in events for all callpaths of being profiled. This callpath
depth control can be used to limit intrusion.

The most important result from the research work is the insight gained on
overhead compensation in parallel performance profiling. Our present techniques
are necessary for compensating measurement intrusion in parallel computations,
but they are not sufficient. Depending on the application’s parallel execution
behavior, it is possible, even likely, that intrusion effects seen on different pro-
cesses are interdependent. Consider the following scenario. A master process
sends work to worker processes and then waits for their results. The worker pro-
cesses do the work and send their results back to the master. A performance
profile measurement is made with overhead compensation analysis. The workers
see some percentage intrusion with the last worker to report seeing a 30% slow-
down. The compensated profile analysis works well and accurately approximates
the workers “actual” performance. The master measurement generates very little
overhead because there are few events. However, because the master must wait
for the worker results, it will be delayed until the last worker reports. Thus, its
execution time will include the last worker’s 30% intrusion! Our compensated
estimate of the master’s execution time will be unable to eliminate this error be-
cause it is unaware of the worker’s overhead. We believe a very similar situation
is occurring in some, if not all, of the parallel experiments reported here.

Figure 1 depicts the above scenario. Figure 1(a) shows the measured ex-
ecution with time overhead indicated by rectangles and termination times by
triangles. The large triangle marks where the program ends. The overhead for
the master is assumed to be negligible. The arrows depict message communi-
cation. Figure l(b) shows the execution with all the overhead bunched up at
the end as a way to locate when the messages returning results from the work-
ers (dashed arrows) would have been sent and the workers would have finished
(small shaded triangles), if measurements had not been made. Profile analysis
would correctly remove the overhead in worker performance profiles under these
circumstances. However, the master knows nothing of the worker overheads and,
thus, our current compensation algorithms cannot compensate for it. The master
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Fig. 1. Parallel Execution Measurement Scenario.

profile will still reflect the master finishing at the same time point, even though
its “actual” termination point is much earlier.

Unfortunately, parallel overhead compensation is a more complex problem to
solve. This is not entirely unexpected, given our past research on performance
perturbation analysis [18–20]. However, in contrast with that work, we do not
want to resort to a parallel trace analysis to solve it. The problem of overhead
compensation in parallel profiling using only profile measurements (not tracing)
has not been addressed before, save in a restricted form in Cray’s MPP Ap-
prentice system [29]. We are currently developing algorithms to do on-the-fly
compensation analysis based on those used in trace-based perturbation analysis
[25], but their utility will be constrained to deterministic parallel execution only,
for the same reasons discussed in [17,25]. Implementation of these algorithms
also will require techniques similar to those used in PHOTON [27] and CCIFT [2,
3] to embed overhead information in MPI messages. While Photon extends the
MPI header in the underlying MPICH implementation to transmit additional in-
formation, the MPI wrapper layer in the CCIFT application level checkpointing
software allows this information to piggyback on each message.

6 Conclusion

Measured profiling has proven to be an important tool for performance analysis
of scientific applications. We believe it has significant advantages over statis-
tical profiling methods, but there are important issues of intrusion that must
be addressed. In this paper, we focus on the removal of measurement overhead
from measured profiling statistics. The algorithms we describe for quantifying
the overhead and eliminating it on-the-fly have been implemented in the TAU
performance system. Testing these algorithms using TAU on the NAS parallel
benchmarks shows that they are effective at reducing the error in estimated per-
formance. This is demonstrated for both flat and callpath profiling. In general,
the overhead compensation techniques can be applied to any set of performance
metrics that can be profiled using TAU.

However, there are still concerns and problems to address. We need to validate
the compensation analysis approach on other platforms where different factors
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will influence observed overhead. We need to better understand the limits of
overhead compensation and its proper use in an integrated instrumentation and
measurement strategy. In particular, the problems with overhead compensation
analysis in parallel profiling require further study. While the current methods
do reduce intrusion error in parallel profiling, they are unable to account for
interdependent intrusion effects. We will address this problem in future research.
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Abstract. This paper describes a monitoring environment that enables
the analysis of memory access behavior of applications in a selective
way with a potentially very high degree of detail. It is based on a novel
hardware monitor design that employs an associative counter array to
measure data structure related information at runtime. A simulator for
this hardware monitor is implemented, providing the capability of on-the-
fly simulation targeting shared memory systems. Layers of software are
constructed to operate and utilize the underlying hardware monitor, thus
forming a complete monitoring environment. This environment is useful
to help users to reason about optimizations based on data reorganization
as well as on standard loop transformations.

1 Introduction

This paper describes a novel approach for analyzing the memory access behavior
of OpenMP applications developed in the German project EP-Cache. It is based
on a hardware monitor designed to be integrated into cache controllers which
provides counters that can be configured to measure events for certain address
ranges.

This hardware monitor enables nonintrusive analysis of access overhead to
data structures in the program. While state of the art hardware counters in
modern CPUs can only be used to measure access behavior for program regions
or program lines, this hardware monitor is capable to give, for example, infor-
mation about the number of cache misses for a specific array in a loop of the
program.

This information can then be used in the identification of transformations
for optimizing the cache behavior of applications. Especially for data structure
transformations, such as padding, it will be very useful.

To exploit the abilities of the new hardware monitor, a software infrastructure
is required to collect and map the measured information back to the symbols in
the program. This paper describes this software infrastructure as well as a sim-
ulator for the hardware monitor which enables us to investigate the advantages

* The work presented in this paper is mainly performed in the context of the EP-
Cache Project, funded by the German Federal Ministry of Education and Research
(BMBF).
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obtained from having this data structure-related information in the optimization
process.

Section 2 gives an overview of the monitoring infrastructure. Section 3 de-
scribes the individual components of the infrastructure. Section 4 presents a
monitoring scenario and Section 5 the analysis and optimization of Gauss Elim-
ination.

2 An Overview of the Monitoring Infrastructure

Monitoring data structures in a selective way is a demanding task. It requires
knowledge about the involved data structures, the state of application execution,
as well as the state of different memory levels present in the system - all of these
have to be taken in account in a coordinated way. We designed our monitor-
ing system to meet those requirements in the first place, but taken others into
consideration as well, such as portability and extendibility. The primary goal
is to give more detailed information about memory access behavior in Fortran
OpenMP programs targeting specific data structures. Programs written in other
programming languages as well as MPI programs can also be analyzed with
our environment provided that the language-specific instrumenters for program
regions and data structures are available.

Fig. 1. (a) The central component is the Monitoring Control Component(MCC), which
controls the application’s execution, and manages different hardware and software mon-
itoring resources. (b) An application must go through several preprocessing procedures
before it can be monitored.

Figure 1 depicts the building blocks of our monitoring system, focusing on the
Monitor Control Component (MCC). The MCC provides two APIs: Monitoring
Request Interface (MRI)[4] and the monitoring library interface.

Via MRI, performance analysis tools1 can specify monitoring requests and
retrieve runtime data. The MCC converts MRI requests into many low level

In the rest of the paper we interchangeably use the terms “Tool” and “Performance
Tool” always refereeing to a Performance Analysis Tool.

1
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requests which are addressed to different sensors2. Those sensors can be hard-
ware counters, e.g. counting cache misses, or software sensors, e.g. information
about the current state of program execution. The information provided by the
sensors is subsequently processed by the MCC - for example, the information is
aggregated through region instances or threads upon request from the tools, pro-
ducing in this way the required profile or trace data. The monitored application
calls the monitoring library at instrumented regions. This library implements
parts of the MCC.

Some preprocessing procedures are necessary before we can start monitor-
ing an application (Figure 1). First, a Code Region Instrumenter (see Section
3.3) inserts calls to the monitoring library(Section 3.5) at the entry and exit
of regions in a selective way. A second instrumentation is done by the Data
Structure Instrumenter based on ADAPTOR [7] to generate information about
the application’s data structures, such as their virtual address range. In the
next step, the application is compiled and linked with libraries, including the
monitoring library, the simulator libraries and the ADAPTOR runtime system
library, producing an executable. Finally the program is executed which includes
a simulation of the cache hierarchy and the new hardware monitor. During the
execution, performance tools request and access performance data via the MRI.

The whole process can be automated. We provide a simple script which takes
source files of the application as input and generates the executable.

3 Resources for Data Structure Monitoring

3.1 The Hardware Monitor

The proposed hardware monitor [6] enables non-intrusive performance monitor-
ing of access overhead for specific data structures. It can be configured into two
working modes. The static mode allows to count predefined events or accesses
to specific memory regions of interest. This can be used to monitor given data
structures or parts of arrays, in order to get such information as L1 cache misses
for array A, L2 caches hits for array B etc. The dynamic mode enables a fine-
grained monitoring of memory accesses to selected address ranges. It provides
a histogram, e.g., for the cache misses of array A. The histogram’s granularity
can be configured as multiples of cache lines.

3.2 Hardware Monitor Simulator

While the hardware monitor is still only a concept, currently, a simulation of the
monitor is used instead. Though this environment can only catch memory ac-
cesses happening in user space of target processes, this enables the development
of performance tools and optimization techniques.

2 Our Hardware Monitor plays in the Figure 1 the role of sensor. MCC accesses it
through ePAPI, a PAPI [10] alike interface with the extension of histogram support.
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The simulation and monitoring environment is capable of providing detailed
information about the runtime cache access behavior, and is composed of the
following modules: a runtime instrumentation module which instruments the pro-
gram’s load/store operations while the program is executing, a cache simulation
module which simulates a hierarchy of caches on processors with shard memory,
and a monitor simulation module which simulates the hardware monitor exactly
as it was described in the last section.

The runtime instrumentation module provides the capability of on-the-fly
cache simulation for OpenMP programs, which is enabled by the Valgrind [9]
runtime instrumentation framework. This allows catching all memory references
of an IA-32 binary, including SIMD instructions introduced in modern Intel
processors (MMX/SSE/SSE2). While the instrumentation is done inside of the
Valgrind CPU emulation layer, the cache simulator and monitor simulator are
linked to the target binary, and are notified via a callback mechanism each time
there is a memory access.

3.3 Code Region Instrumenter

To be able to measure performance data for regions in the program code, the
application has to be instrumented. We developed a Fortran 95 instrumenter
based on the NAG compiler frontend. It instruments sequential regions, taking
into account multiple exits from regions, as well as OpenMP regions [5]. For
OpenMP we follow the work of Bernd Mohr et. al. in Opari [3] and POMP [1].

The programmer can select which regions are instrumented by using appro-
priate command line switches. This is especially important when instrumenting
sequential loops. Sometimes it might be beneficial to instrument nested loops,
although the measurement overhead can be quite high.

The instrumenter generates information about the instrumented region in
an XML-Format that was designed in the APART working group. It is called
the Standard Intermediate Program Representation (SIR). Besides the file and
the lines covered by a region and the region type, we also collect information
on the data structures accessed in the region. For arrays, the generated XML-
representation specifies the data type as well as the array size if it is statically
known. This information can be used to help the user and automatic tools to
select appropriate data structures for measurements.

3.4 Data Structure Instrumenter

To be able to measure, for example, the L1 cache misses of a data structure
with the hardware monitor, we need to know the virtual address range of the
data structure at runtime. Our current implementation uses some components of
the ADAPTOR compilation system. ADAPTOR inserts for all arrays code which
handles array descriptors at runtime. These store, besides other information, the
address range to which the array is mapped. For scalar variables this information
can easily be obtained without special support. The ADAPTOR runtime system
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also provides an interface through which our monitor can retrieve the current
virtual address range for a specific data structure.

This kind of implementation restricts our monitoring to data structures in
code regions that are already allocated when the region is entered.

3.5 Lightweight Monitoring Library

The monitoring library implements the function calls that are inserted into the
application by the Program Region Instrumenter. Although the instrumentation
is done only for selected regions, most of the instrumented regions will actually
not be measured. The tools can and should request only information required
for the analysis via the MRI.

Thus, most of the calls will actually be empty calls and should have as little
overhead as possible. Due to the numbering scheme of code regions, which is
based on a file number and the regions first line number, we had to implement
the Configuration Table for storing MRI requests as a hash table (see Figure 2).
Each table entry represents an instrumented region. It has a flag that is only set
if there is an MRI request appended to the region. This way, the minimal weight
of a library call is basically reduced to the access time for the hash table.

3.6 Monitor Control Component

MCC (ref. Figure 2) is the central component that glues all the resources de-
scribed in the previous sections together and communicates with the performance
analysis tool. It is responsible for the initialization and configuration of resources,
for handling MRI requests, and for postprocessing and delivery of the runtime
information. For handling MRI requests for specific data structures, the MCC
translates the variables names into virtual addresses and vice versa.

Fig. 2. A more detailed view of our system revealing some internal functionality and
implementation details.
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4 Monitoring Scenario

Our monitoring system is structured into two processes, the application pro-
cess and the tool process. These processes communicate via a System V shared
memory segment. Accordingly, the system is implemented as two libraries. The
first library, linked to the application, contains the monitoring library, the MCC
functionality and the simulator. The other library, linked to the analysis tool,
implements the Runtime Information Producer (RIP) responsible for MRI pro-
cessing at the client side (Figure 2).

At runtime, the first statement executed by the application is the initial-
ization of the MCC. The application is blocked during initialization until the
analysis tool specified MRI requests and released the application. The MCC ini-
tializes all monitoring sensors, retrieves the region structure of the application
from SIR, and builds up a configuration table in the shared segment. The con-
figuration table is implemented as a hash table, where the couple of file ID and
region first line number serves as the key.

When the tool is started, it will first initialize the RIP and wait for a READY
signal of the MCC. It will then specify MRI requests which are validated and
attached to the appropriate region entries in the configuration table by the RIP.
The requests specify the requested runtime information (e.g. the number of L1
cache hits), information about the target code region and eventual data struc-
tures, and any desired aggregation. The data structure provides also space for
the measurement results.

Once the tool finished its initial requests3, it specifies where the program
should stop (usually the end of a region) and the MCC is notified to start the
application’s execution.

At the enter and exit point of each instrumented region, the region instru-
menter inserted a call to the monitoring library. When the control flow enters
the library, MCC looks up the configuration table for an MRI request that is
appended to the current region. If such a request exists, symbolic data struc-
ture information will be translated into virtual addresses if necessary and the
monitor will be configured accordingly. After that, the control is returned to the
application.

At the end of the monitored region, MCC stops the monitor, retrieves the
results, aggregates the results if required, and transfers the results to the space
reserved by the MRI request. When the end of a region corresponds with the
specified halting point, the tool is notified and the application, together with
MCC, is blocked again.

3 We say initial because the tool can make other requests at any time. The synchro-
nization between MCC and RIP allows interruption of the program for getting partial
results or for making new requests. This is particulary useful if the Tool can make
new decisions (followed by new requests) starting from the data gathered until the
present state of application’s execution.
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5 Analysis and Optimization of Gauss Elimination

In order to illustrate the usefulness of the monitoring system, we use a Fortran 90
program for solving linear equations, using Gauss elimination without
pivoting. Variable A, a two dimensional real array (100x100), is chosen as the
target data structure of monitoring.

Figure 3 presents two access histograms for L1 cache, including events of
read hits, read misses, write hits and write misses. The x-axis shows the relative
position of the access, with the whole memory range for A evenly divided into 25
portions. The y-axis represents the number of events. Both measurements target
code regions that constitute the numerical kernel, excluding the initializations
etc.

Fig. 3. Cache access histograms for the original and optimized Gauss program.

The left part of Figure 3 illustrates the access histogram of the original
Gauss elimination program. The most significant feature of this histogram is the
high value of read misses and very low level of read hits. This encouraged us
to optimize the original program with different optimization techniques, such
as loop unrolling etc, and we finally derived an optimized version of the Gauss
program with better utilization of the hardware. The right part of Figure 3
presents the access histogram of the optimized program. It can be clearly seen
from this diagram, that the read misses are significantly reduced.

6 Future Work

This paper presents the current status of the development of a monitoring system
for measuring the memory access behavior for specific data structures. It is based
on a novel hardware monitor design.
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In the near future we plan to enhance the automation scripts driving the
preprocessing and to make a full implementation of the monitor available. We
will develop a version of the monitor that works with the PAPI interface and will
thus be able to access the current hardware counters of modern microprocessors.
Another effort will be made to port our ePAPI interface to Itanium architectures
taking advantage from this processor’s support on monitoring predefined data
address spaces. We are also working on mapping variables to virtual address
based on debug information.

Within the EP-Cache project we will also develop an automated performance
analysis tool that does an incremental online analysis as described in the moni-
toring scenario on top of our monitor. The tool will be based on a formalization
of performance property with the APART Specification Language (ASL).
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Abstract. Understanding and tuning memory system performance is a critical
issue for most scientific programs to achieve reasonable performance on current
high performance systems. Users need a data-centric performance measurement
infrastructure that can help them understand the precise memory references in
their program that are causing poor utilization of the memory subsystem. How-
ever, a data-centric performance tool requires the mapping of memory references
to the corresponding symbolic names of the data structure, which is non trivial,
especially for mapping local variables and dynamically allocated data structures.
In this paper we describe with examples the algorithms and extensions imple-
mented in the SIGMA environment for symbolic mapping of memory references
to data structures.

1 Introduction

A variety of performance measurement, analysis, and visualization tools have been cre-
ated to help programmers tune and optimize their applications. These tools range from
source code profilers, tracers, and binary analysis tools (e.g., SvPablo [4], TAU [8], KO-
JAK [10], VampirGuideView [5], HPCView [6], and Paradyn [7]) to libraries and utilities
to access hardware performance counters built into microprocessors (e.g., Perfctr [9],
PAPI [1], and the HPM Toolkit [2]).

In general, performance measurement and visualization tools tend to be control-
centric, since they focus on the control structure of the programs (e.g., loops and func-
tions), where traditionally application programmers concentrate when searching for
performance bottlenecks. However, due to the advances in microprocessors and com-
puter systems designs, there has been a shift in the performance characteristics of scien-
tific programs from being computation bounded to being memory/data-access bound.
Hence, understanding and tuning memory system performance is today a critical issue
for most scientific programs to achieve reasonable performance on current high perfor-
mance systems. Thus, users also need a data-centric performance measurement infras-
tructure that can help them understand the precise memory references in their program
that are causing poor utilization of the memory hierarchy. Fine-grained information
such as this is useful for tuning loop kernels, understanding the cache behavior of new
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algorithms, and to investigate how different parts of a program and its data structures
compete for and interact within the memory subsystem.

In [3], we presented SIGMA (Software Infrastructure to Guide Memory Analysis),
a new data collection framework and a family of cache analysis tools. The goal of
the SIGMA environment is to provide detailed cache information by gathering mem-
ory reference data using software-based instrumentation. This is used to provide feed-
back to programmers to help them apply program transformations that improve cache
performance. An important characteristic of the SIGMA infrastructure is that it is both
control-centric and data-centric; it presents performance metrics expressed in terms of
functions, as well as data structures defined in the source code.

In order to provide such relation to the source program, whenever a memory ref-
erence is made, SIGMA gathers the address of the instruction that made the reference
and the address of the referenced data. It then associates the instruction address to the
source line in the program that made the reference, and the data address to the symbolic
name of the data structure that corresponds to the reference. While the transformation
of the instruction address into the corresponding source line can be performed easily by
analyzing the line number and symbol table stored in the executable, mapping the data
address to the corresponding symbolic name of the data structure requires considerably
more work. This is especially true if we want to support local variables and dynamically
allocated data structures, which were not supported in the work presented in [3]. The
main problem in supporting the mapping of local (automatic) variables and dynamically
allocated variables is that the virtual address cannot be known statically at link time.

The remainder of this paper is devoted to describing the algorithms implemented in
SIGMA that map each memory reference to the corresponding data structure. Section 2
presents a brief overview of the SIGMA infrastructure. In Section 3, we describe with
examples our algorithms for mapping memory references to variable names. Finally, in
Section 4, we present our conclusions.

2 The SIGMA Approach

The SIGMA environment consists of three main components: a pre-execution instru-
mentation utility that reads the binary file to locate and instrument all instructions that
refer to memory locations; a runtime data collection engine that collects the streams
of instructions and memory references generated by the instrumentation, performs the
symbolic mapping, and a highly efficient lossless trace compression. It also provides a
number of simulation and analysis tools that process the compressed memory reference
trace to provide programmers with tuning information.

SIGMA uses a binary instrumentation approach so that it can gather data about the
actual memory references generated by optimizing compilers rather than using source
instrumentation which would gather data about the user specified array references. The
simulation and analysis tools include a TLB simulator, a data cache simulator, a data
prefetcher simulator, and a query mechanism that allows users to obtain performance
metrics and memory usage statistics for current and hypothetical architectures. For more
details on the SIGMA environment, please refer to [3].
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The runtime symbolic conversion engine, which is the subject of this paper, per-
forms the transformation:

and maintains a table where each column represents an active data structure and each
row represents a function in the program. Each entry in the table contains counters
for the memory events of interest, such as cache accesses, hits, and misses. Once the
symbolic transformation (1) is completed the module updates the counters for the en-
try corresponding to the source line sourceLine and the data structure varName. If the
variable is an array the precise element references is also available.

3 Mapping Memory References to Data Structures

In order to perform the transformation: dataAddress varName the runtime engine
builds and maintains a linked list shown in Figure 1, where each entry corresponds to
an allocated virtual address range and carries the information about the symbolic name
of the data structure that corresponds to each address range. When an address is
accessed, the runtime engine searches the list for an entry such that in
order to match the reference to the data structure

Fig. 1. Table to map memory addresses to symbolic names.

Clearly, since data structures can be allocated and deallocated dynamically, this
list has to be dynamically updated at runtime. Moreover, the instrumentation engine
must capture the information about allocations and deallocations. A further difficulty is
presented by the fact that stack variables are not identified by a global address range,
but by an offset within the stack pointer of the function where they are defined.

In this section we describe our approach to support the mapping of each data address
to the corresponding symbolic name of the data structure. We divide the description in
three parts: the algorithm for mapping of global variables, the algorithm for mapping
of dynamically allocated variables, and the algorithm for mapping of stack variables.
Our examples are based on the IBM compilers for AIX and their binary representation
(XCOFF), but the ideas can be extended to other environments.

3.1 Mapping Global Variables

Global variables are allocated in the Data Segment of the binary, where the information
about the virtual address assigned to each variable and its size is completely known at
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link time. If the program is compiled with the debugger flag, this information is stored
by the compiler in the executable in the form of tables. Hence, by analyzing these tables
we can build the linked list of Figure 1 statically, before the application starts executing.
For example, let us consider the following C pseudocode:

By analyzing the symbol table of the compiled executable, we find the following
entries that refer to the data structure var1:

The first entry classifies the symbol var1 as a variable statically allocated at the virtual
address The second entry identifies the variable as a global variable (sym-
bol G) of type –13, which is the internal code for double. We can therefore infer that
the variable var1 will be attributed the address range and
we can build an entry in the linked list. Similarly, the array array1 and the variable
var2 are represented as:

where the last Stab entry defines the type 6 as an array 0 , . . . , 99 of integers. The table
for this binary is shown in Figure 2.

Fig. 2. Table to map memory addresses to symbolic names.

3.2 Mapping Dynamically Allocated Variables

Normally, the sizes of dynamic data structures depend on user input and are often un-
known at compile time. Moreover, a data structure size may need to be changed during
the program execution. Hence, an address range of a dynamically allocated data struc-
ture is assigned to the variable at runtime, and cannot be deduced uniquely from the
executable tables. Furthermore, allocated variables can be “released” when they are no
more needed, and the same address range (or a subset of it) can be re-assigned to some
other dynamic variable.
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In order to account for such situations, we needed to expand our instrumentation
utility to capture the allocation and deallocation requests, the address range allocated
or freed, and the symbolic data structure that is bound from time to time to the ad-
dress range. To illustrate the algorithm, let us consider the following C example and its
corresponding entries in the symbol table:

The symbol table of the executable contains an entry for the global variable A (of
type 4, i.e., pointer to integer, as specified in the first Stab entry), which is associated
to the virtual address When the malloc function is called, it returns the
address of the newly allocated address range. By intercepting at runtime this return
address and the corresponding argument passed to malloc, we can infer that a new
address range has been allocated. Unfortunately, the malloc call does not
directly provide any information about the symbolic name that the new address range
is associated with. However, the compiler usually stores the new address into the
memory location identified by A. The code generated for the malloc call is usually of
the following type, where R3 indicates the register that is used to pass the first argument
to a function and to collect its return code:

An optimizing compiler might avoid storing the address and just keep it in a
register. In this case, we are unable to bind the address range with the symbolic name,
and we classify such references to belong to a dynamically allocated area whose name
is unknown. In practice, however, this situation only occurs when the allocated memory
is used for a very limited amount of time and then released, and is not encountered
often in real applications where the allocated memory is heavily reused (for example in
a loop) before being released.

The algorithm to track dynamically allocated memory is the following: first, by
analyzing the executable tables we create an entry for A, as shown in Figure 3. Second,
from the malloc instrumentation, we obtain the parameter passed to malloc (size

and the returning value (address and instantiate an entry, as shown in Figure 4,
where the name is still undefined. Then, when a store instruction: store x into a
is executed, we search the list for an entry whose name is undefined and is in the
begin address of its range. If we find such an entry, we infer that the address range is
now associated with the data structure whose virtual address is a. In the example above,
when store R3 into 0x2000055c is executed, we change the list by assigning
the name A to the allocated variable, as shown in Figure 5.

Finally, each time free is called, we capture the address passed to it and search the
table for an entry that corresponds to it. We then remove the entry from the table, since
it is no more “active”.
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Fig. 3. Table entry for a pointer declaration.

Fig. 4. Table entry after a dynamic allocation at address of size

Fig. 5. Table entry of a dynamically allocated variable after symbolic mapping.

3.3 Mapping Stack Variables

When a stack variable is declared in the source code, such as an automatic variable in C
or a local variable in Fortran 90, the virtual address that will be assigned to the variable
will depend on the position of the stack pointer when the function is called, and is
therefore unknown at compile time. However, the compiler stores in the executable the
offset of each stack variable in the stack frame. For instance, the pseudocode

would carry in the executable the following symbols:
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Fig. 6. Table to map memory addresses to symbolic names.

which identify var1 as a symbol defined locally in the function foo.var1 is a symbol
of type int, allocated at offset in the stack frame, and array1 is an array 0 , . . . , 99
of integers, allocated at offset The .bf and . ef symbols denote the begin and
end of a function variable definition.

A local variable is therefore defined by a pair (function, offset), where function in-
dicates the function where the variable is defined and offset indicates the stack offset
where the variable will be allocated. In order to map stack memory references to the
symbol associated with them, we need to be able to identify, for each stack reference,
the stack offset of the reference and the function whose stack frame we are accessing.
The approach is the following: first, the table in Figure 1 was extended to accommo-
date the information about local variables, as shown in Figure 6. The beginAddr and
endAddr fields are interpreted as absolute addresses or offsets, depending whether the
variable is a global or local symbol (G or S in the type field). The field function indi-
cates the function where the variable was declared and is empty for global variables.
Second, we extended the instrumentation utility to fetch the value of the stack pointer.
Each time the stack pointer changes, we record the event as a couple (stkPointer, func-
tion) where stkPointer is the new value of the stack pointer and function is the function
that is currently executing.

During execution, we maintain an internal stack structure called stkList. Each time
the stack pointer changes we search the stkList from the top and if we find an entry that
matches the current stack pointer, we make that entry the top of the stkList. Otherwise,
we add the current couple (stkPointer, function) to the top of the stkList. For instance,
let us consider the following call and return sequence:

and let us further assume, for the sake of simplicity, that there are no stack pointer
changes other than the ones involved in the function calls and returns. When f1 is
called, a new stack pointer is allocated. We capture the stack pointer change and
create an entry in the stkList. Then, when f2 is invoked, and therefore a new
stack pointer is allocated, we add it to our stack: Similarly
for f3 we update the table as When f3 returns, its
stack frame is poped and the new value of the stack pointer becomes We then delete
the entry from the list: and so on. In this way, if the function f2
accesses a variable whose address is, say, in the range we can immediately
identify it as a reference to a variable declared in f1. We will then search our symbolic
linked list for an entry whose function field equals f1 and such that
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4 Conclusions

In this paper we presented the algorithms implemented in the SIGMA environment to
map memory references to data structures. With the mapping of global variables, dy-
namically allocated variables, and stack variables, such as automatic variables in C and
local variables in Fortran 90, SIGMA provides data-centric performance information
that is useful for tuning loop kernels, understanding the cache behavior of new algo-
rithms, and to investigate how different parts of a program and its data structure compete
for and interact within the memory subsystem in current and hypothetical systems.

In addition we described the extensions to SIGMA that were needed to support the
symbolic memory mapping. These extensions include the binary instrumentation of the
functions for allocation (malloc) and deallocation (free) of variables, needed for
symbolic mapping of dynamic data structures, and the simulation of a stack frame in
the runtime data collection engine, needed for symbolic mapping of local variables.
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Abstract. OpenMP is becoming an important shared memory programming
model due to its portability, scalability, and flexibility. However, as it is a fact
with any programming paradigms, cache access behavior significantly influences
the performance of OpenMP applications. Improving cache performance in order
to reduce misses therfore becomes a critical issue for High Performance Comput-
ing. This can be achieved by optimizing the source code, but also gained through
adequate coherence schemes.
This work studies the behavior of various cache coherence protocols, including
both hardware based mechanisms and software based relaxed models. The goal is
to examine how well individual schemes perform with different architectures and
applications, in order to find general ways to support the cache design in shared
memory systems. The study is based on a simulation environment capable of
modeling the parallel execution of OpenMP programs. First experimental results
show that relaxed models are scalable and can be used as efficient alternative for
those hardware coherence mechanisms.

1 Introduction

OpenMP [3] is becoming increasingly popular in both research and commercial areas.
In contrast to the message passing models, like PVM and MPI [8], OpenMP has the
advantages of being capable of releasing the programmers from the burden of explicitly
specifying the control and communication between processes and threads. OpenMP
also enforces a nested structure in the parallel program allowing to exploit the paral-
lelism to the full extent. In addition, OpenMP is portable, flexible, and scalable.

Traditionally, OpenMP is developed to program Symmetric Multiprocessor (SMP)
machines that deploy a physically shared memory. With the endeavor of compiler devel-
opers, however, OpenMP applications can currently also run on top of cluster environ-
ment with software Distributed Shared Memory (DSM). Examples are the Nanos Com-
piler [4] and the Polaris parallelizing compiler [2]. These compilers enable to maintain
the architectural properties, e.g. scalability and cost-effectiveness, of modern cluster
systems, while at the same time use OpenMP for developing parallel programs.

A problem with parallel programming is that applications usually can not achieve
expected performance. Among those various reasons cache utility is rather critical.
Since data stored in caches can often not be reused, applications still suffer from large
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amount of cache misses and the thereby resulted long access time. This issue is spe-
cially critical for OpenMP programs on cluster architectures since OpenMP exploits
fine-grained parallelism, which introduces more data transfers between processors.

A primary source causing cache misses is cache line invalidation. On a multiproces-
sor system, each processor cache can hold a copy of the same data and all these copies
have to be kept consistent. Tightly coupled systems usually use hardware based consis-
tency mechanisms, and clusters with software DSM often deploy relaxed consistency
models. These coherence protocols vary significantly in techniques for selecting cache
lines to invalidate and hence probably result in rather different behavior of invalidation.

This work investigates various cache coherence protocols, including those existing
schemes and several novel ones. This study is based on an OpenMP cache simulator that
models shared memory architectures and the parallel execution of OpenMP programs.
First experimental results with standard benchmark applications show that hardware
consistency mechanisms perform well on small systems, while relaxed models often
behave better on larger machines.

The remainder of this paper is organized as follows. Section 2 briefly describes com-
mon used cache coherence protocols and several new ones. In Section 3 the OpenMP
simulation environment is introduced. This is followed by the first experimental result
in Section 4 that shows the different validation behavior of the investigated coherence
models. The paper concludes in Section 5 with a short summary and a few future direc-
tions.

2 Cache Consistency Model

Shared memory systems are typically constructed from commodity processors with on-
chip caches or cache hierarchies. Replications of data in caches have to be consistent
giving the user a unified memory abstraction. This kind of consistency is maintained by
cache coherence protocols.

For bus-based multiprocessors, like SMPs, usually a snooping protocol is deployed.
A snoopy coherence protocol uses an invalidation strategy with this concept: when a
processor writes to its cache, it sends the address in a special invalidation message
through the bus to other processors; cache copies in these processors are correspond-
ingly invalidated. This strategy does not result in much traffic due to the shorter invali-
dation message. Snooping protocols often combine a cache tag with different states and
uses a simple state machine to adjust the status of cache tags. A well known represen-
tative is MESI [1], which uses four states: modified, exclusive modified, shared, and
invalid, to identify the cache tags.

Another group of hardware coherence protocols are directory based mechanisms. In
contrast to the snooping protocols, the directory based protocols maintain a distributed
directory for information about which caches contain which memory entries. When
an entry is modified, the directory invalidates the copies in other caches with that entry.
Since no broadcast is required during the invalidation process, directory based protocols
are usually applied on multiprocessors with hardware DSM like NUMAchine [5] and
SGI Origin O2000/3000 [7].
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However, both groups of coherence mechanisms can not be used on clusters with
software DSM since they rely on hardware support. On these machines the consistency
behavior is controlled in software and usually a relaxed coherence protocol is deployed.

Relaxed consistency models [12] formalize the use of inconsistent memory hence
giving the programmer a consistent memory abstraction. They are generally combined
with synchronization primitives, like locks and barriers, which are contained in shared
memory codes. These primitives force the caches consistent by invalidating cache en-
tries with an Acquire access. Existing systems in this area often deploy a full invalida-
tion mechanism that invalidates the whole cache by a synchronization operation. This
is easy to implement, but introduces significant overheads and cache line misses.

Actually, full invalidation is not necessary because often only partial entries in the
caches are updated before a synchronization operation is required. Therefore, we pro-
pose two novel schemes based on partial invalidations: Selective I and Selective II. The
former only invalidates cache lines holding remote memory contents, while the latter
invalidates only those remote cache lines which require to be invalidated. In contrast
to the former scheme, the second one is capable of leading to less invalidations. For
example, locks usually protect specific regions. Cache lines that would need to be in-
validated under a lock might not be updated outside the critical regions and need not to
be invalidated during the next barrier operation.

3 Simulation Platform

The cache coherence mechanisms described above have been evaluated using an
OpenMP simulation platform [10] based on Valgrind [11]. Valgrind is a trace-driven
memory simulator and debugger for x86-GNU/Linux. It is capable of supervising the
execution of a program and recording all memory reads and writes. More specially, Val-
grind models the POSIX threads supporting therefore any shared memory programming
models based on this thread library. Additionally, Valgrind uses a runtime instrumen-
tation technique to mark each memory access instruction within the executables. This
enables to build an independent OpenMP simulator allowing the use of any compiler
including the commercial ones.

Valgrind itself contains a cache simulator, which supports two level cache hierarchy
with fixed write back behavior and LRU replacement policy. However, this simulator
does not model multiprocessors, but uniprocessor systems. In order to enable the study
of the memory system on shared memory machines, we have integrated into Valgrind
a backend, while using Valgrind as a frontend for establishing the basic simulation
infrastructure and generating memory references.

The backend [9] is a self-developed package that models the target architectures.
As we focus on the research work on the memory system, the backend contains mainly
mechanisms for modeling the complete memory hierarchy in detail. This includes a
flexible cache simulator which models caches of arbitrary levels and various cache co-
herence protocols, a memory control simulator which models the management of shared
and distributed shared memories and a set of data allocation schemes, and a network
mechanism simulating the interconnection traffic.
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The cache simulator models a multilevel cache hierarchy and allows each cache to
be organized as either write-through or write-back depending on the target architec-
tures. All relevant parameters including cache size, cache line size, and associativity
can be specified by the user. In addition to simulating the caches themselves, the cache
simulator also models a set of cache coherence protocols. This includes those mech-
anisms described in Section 2 and an optimal scheme in order to evaluate them. All
schemes maintain the caches on the system consistent in the following way:

MESI: invalidates all valid cache copies on other processors at every shared write.
Optimal: within this scheme, invalidations are not done by write operations, rather
by read accesses. At each shared read, the accessed cache line is invalidated only
when the content has been updated by other processors since the last loading. This
scheme hence performs invalidations only when necessary.
Full Invalidation: invalidates all valid cache lines on other processors whenever an
application initiates a lock or a barrier.
Selective I: similar to the Full Invalidation, but invalidates only those cache lines
holding remote memory contents.
Selective II: similar to Selective I, but invalidates only those remote cache lines
which require to be invalidated.

4 Experimental Results

Using this simulation platform described above, we could study the influence of various
cache coherence policies on the cache performance of OpenMP applications. All appli-
cations for this study are chosen from the NAS parallel benchmark [6]. This benchmark
is designed for comparing the performance of parallel computers and is widely recog-
nized as a standard indicator of computer performance. Selected applications are FT,
LU, MG, and CG.

FT contains the computational kernel of a three-dimensional FFT-based spectral
method. It performs three one-dimensional fast Fourier transformations, one for each
dimension. LU is a simulated CFD application that uses symmetric successive over-
relaxation (SSOR) to solve a block lower triangular and block upper triangular system
of equations resulting from an unfactored finite-difference discretization of the Navier-
Stokes equations in three dimensions. MG uses a multigrid algorithm to compute the
solution of the three-dimensional scalar Poisson equation. CG tests unstructured grid
computation and communication using a matrix with randomly generated locations of
entries. For the following experiment, the working set size is chosen: 64×64×32 for
FFT, 32 × 32 × 32 for LU and MG, and 1400 for CG.

Firstly, we examine the invalidation behavior of these coherence protocols on DSM
systems in order to give an initial comparison. For this, all tested codes are simulated
on a loosely-coupled multiprocessor with 4 processor nodes, each deploying a 16KB,
2-way L1 cache and a 512KB, 4-way L2 cache. Access latency on memory locations is
chosen with 1 cycle for L1, 5 cycles for L2, 50 cycles for the main memory, and 2000
cycles for inter-node communication.
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Fig. 1. Cache misses (right) and invalidations (left) on a 4-node system.

Figure 1 shows the experimental results with the left presenting the number of in-
validations and the right the number of cache misses caused by different coherence
protocols. It can be observed that applications vary significantly.

For FT similar behavior can be seen with all protocols in terms of miss number.
A surprised case is the Full scheme, where even 1.3 million invalidations have been
caused, which are nearly 5 factors more than the MESI protocol, the execution behavior
of FT is not clearly influenced. This can be explained by the fact that the invalidated
cache lines do not contain reused data and hence those additional invalidations result in
no more cache misses.

The LU code, however, shows a quite different behavior. As expected, the Optimal
protocol behaves better than MESI due to its ability of only performing invalidations as
necessary. MESI behaves better than Full. This is caused by the full cache invalidation
of the latter. Nevertheless, both Selective schemes performs well with even a better per-
formance than MESI. This can be explained by the fact that LU contains many barriers
and locks, where Full and the Selective protocols perform invalidations. Since both Se-
lective schemes only invalidate partial cache lines, rather than the whole cache as Full
does, frequently reused data can be maintained in the caches.

For the MG code, it can be observed that all relaxed consistency models result in
more cache misses than MESI. This poor behavior is caused by the larger number of
invalidations which can be seen in the right figure. While only one barrier is used in this
code, both selective schemes can not show their advantages.

The last code CG shows a close behavior with FT in terms of cache misses. While
Optimal presents a slight improvement, the others behave similarly with only a 0.06%
gain for MESI in comparison to Full and the Selective schemes.

Overall, the experimental results show that the relaxed consistency models are gen-
erally not worse than MESI on small systems. This leads us to further examine the
invalidation behavior on larger system and using larger working set size. The experi-
mental results show that relaxed consistency models are beneficial on larger systems
and larger working set, and can provide an efficient alternative for hardware coherence
mechanisms.
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5 Conclusions

This work uses a simulation platform to investigate the impact of various cache coher-
ence protocols on the execution behavior of OpenMP applications. The studied mecha-
nisms include hardware based schemes and several relaxed models. It is found that the
former, like the MESI protocol, works well on machines with small number of proces-
sors, while the latter often outperforms on larger systems and working set.

In the next step of this research work, we will examine more applications with
complex access patterns, especially those realistic ones. The goal is to classify various
applications and detect adequate coherence schemes for them. In addition, the same
work would be done on actual cluster systems.
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Abstract. We outline the design of ATS, the APART Test Suite, for
evaluating (automatic) performance analysis tools with respect to their
correctness and effectiveness in detecting actual performance problems,
with focus on the ATS test programs related to OpenMP. We report on
results from applying two OpenMP performance analysis tools to the
test cases generated from ATS.

1 Introduction

Achieving high performance on parallel computers most often requires perfor-
mance tuning. The programmer identifies performance problems with the help
of manual or automatic performance analysis tools, and transforms the code to
improve its performance. The members of the European IST APART working
group are developing automatic performance analysis tools for parallel and grid
environments. The APART group defined the APART Specification Language
(ASL) for writing portable specifications of typical performance problems [2]. Re-
cently, an extensive set of performance properties for hybrid parallel programs
combining MPI and OpenMP has been collected [4].

Automatic performance analysis tools, such as those implemented by APART
members [1, 5, 7, 8], must be tested with respect to correctness and effectiveness
in detection of actual performance problems. For an automatic performance
analysis tool (positive) correctness means that the tool is able to detect mani-
fested performance problems in a given application; negative correctness means
that the tool does not falsely report performance problems where none exist.
To aid the correctness testing and to provide a “standardized” testbed that can
be applied to different tools, we are developing the APART Test Suite (ATS)
framework which allows for easy construction of synthetic positive and negative

* Part of this work is funded by the European Commission via the working group on
Automatic Performance Analysis: Real Tools (APART),
http://www.fz-juelich.de/apart/
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test programs. The current version includes test cases for MPI and OpenMP
performance properties in C and Fortran [6].

This paper gives an overview of typical OpenMP performance properties
(Section 2), explains the basic structure of ATS (Section 3) and reports on first
findings of an evaluation study of two OpenMP performance tools (Section 4).

2 A Performance Property Hierarchy for OpenMP

To describe performance properties of parallel programs an object-oriented, func-
tional formalism called ASL (APART Specification Language) has been devel-
oped [2]. In ASL terminology a performance property characterizes a particular
performance-related behavior of a program based on available or required per-
formance data.

Performance data is primarily dynamic information collected during one or
more sample runs of the program, and can be either trace or summary infor-
mation. Performance data, however, also includes static information about the
program (block structure, program and data flow information, loop scheduling
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information etc.) and the programming model/paradigm. Examples of perfor-
mance properties are load imbalance, abundant or mis-scheduled communica-
tion, and cache misses.

A performance property is described by a boolean condition, and has an
associated severity for expressing the relative importance of the property. A
performance property is a performance problem if it is present and its severity
exceeds a preset threshold. A performance bottleneck is a most severe perfor-
mance problem. In this framework performance engineering consists in locating
and eliminating performance bottlenecks.

Using the ASL formalism, the APART group has compiled hierarchically
structured specifications of typical performance properties for the programming
paradigms MPI, OpenMP, and HPF [2]. Specifications for OpenMP can be found
in [3], and considerably more detailed in [4]. We briefly summarize the proper-
ties recorded in [4], since these are the properties that are closely mirrored in
ATS. The specification is divided into four categories: (i) synchronization, (ii)
load imbalance, (iii) control of parallelism, and (iv) inefficient serial execution.
Concrete properties in the four categories are listed in Tables 1 to 4. For hybrid
OpenMP/MPI programming, additional categories contain properties related to
MPI communication and to parallel I/O.

3 APART Test Suite Design

We briefly describe the design of the APART Test Suite, especially as pertaining
to the OpenMP properties listed in the previous section. The first version of
ATS covers the “standard” parallel programming paradigms MPI and OpenMP,
but the modular structure of the design easily allows to add modules for other
programming paradigms like HPF, PVM, or POSIX threads.

The main idea of our design is a collection of functions with a standardized
interface, hierarchically organized into modules that can be easily combined to
produce a program exhibiting desired performance properties. Thus, functions
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Fig. 1. Basic Structure of the ATS framework.

from the modules should have as little context as possible, and whatever context
is necessary is provided through standardized parameters. Furthermore, since
(automatic) performance analysis tools have different thresholds/sensitivities, it
is important that the test suite is parametrized so that the relative severity of
the properties can be controlled by the user.

Figure 1 shows the basic structure of the ATS framework for the MPI and
OpenMP programming paradigms. The boxes with shaded titles represent the
basic modules. Arrows indicate used-by relationships. For the lower levels, the
functions provided by those module are listed.

The lowest two modules, work and distribution, provide basic functionality
to specify the amount of generic work to be executed by the individual threads
or processes of a parallel program. The next level provides generic support for
the two main parallel programming paradigms MPI and OpenMP. The third
level implements property functions which when executed exhibit one specific
performance property. For OpenMP this means that we implemented one such
function for each property listed in Section 2. Finally, there are several ways of
calling the property functions so that different aspects of performance correctness
testing can be addressed. For a full description of the ATS framework, see [6].

4 Evaluation of OpenMP Performance Tools

We used the ATS to evaluate four OpenMP performance analysis tools, namely
the Hitachi Profiling Tool pmfunc specifically for Hitachi parallel supercomput-
ers, Intel’s performance tool Vtune, the platform-independent tools EXPERT and
Vampir. Vtune, Vampir and the Hitachi Profiling Tool are manual, while EX-
PERT is an automatic tool. Due to limited space, we only discuss pmfunc and
EXPERT below.
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4.1 Hitachi Profiling Tool

The Hitachi SR8000 supercomputer is a clustered SMP design. Each node con-
sists of eight processors that can be used by applications. Applications are de-
veloped in the hybrid programming model, MPI across nodes and OpenMP or
COMPASS, a Hitachi proprietary shared memory programming API, within
nodes.

The Fortran, C and C++ compilers on the Hitachi SR8000 can automatically
instrument program regions. A compiler switch pmfunc directs the compiler to
instrument user functions. The switch pmpar instruments all COMPAS parallel
regions, independent of whether they are generated by automatic parallelization
or by manual transformation. In OpenMP programs, the switch instruments
only OMP PARALLEL REGION, OMP PARALLEL DO, and OMP PARALLEL SECTION. It
does not instrument work-sharing constructs within parallel regions. The com-
piler switches not only insert calls to the monitoring routines, but also link a
performance monitoring library to the instrumented code. This library measures
for each instrumented region, that is, user function or parallel region, among
other values execution time, cache misses, load/store instructions, floating point
operations, and number of executions. See [9] for details.

For each node a separate information file is generated that can be inspected
with the pmpr command. This command displays the information contained in
the output files in a humanly readable form (Figure 2).

The information measured for a function or parallel region is presented sep-
arately for each thread. This makes it possible to investigate differences among

Fig. 2. Example information file showing load imbalance due to uneven section dis-
tribution. The code had 12 sections, so the first four threads got two sections. The
evaluation program pmpr marks the largest and smallest values in each column with
‘<’ and ‘>’ respectively.
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the threads, for example, resulting from load imbalance. For parallel regions the
values can be compared directly. For functions, the data have to be interpreted
more carefully. If a function is started on the master processor but includes
parallel regions, the data of the other threads are accumulated in the master
processor. If, on the other hand, a function is called in a parallel region, the
execution information is reported for each thread individually.

Since execution time and instruction counts are given on a per thread basis
for parallel regions, load imbalance properties could be identified. The execution
time did show the imbalance only in imbalance_in_parallel_loop_nowait since
in all other cases the implicit barrier ensures equal execution times. In those
cases, the imbalance was detected from the differences in the instruction counts.

The difference between unparallelized_ordered_loop and imbalance_in_-
ordered_loop was not shown since ordered loops are executed by the Hitachi
compilers as sequential loops.

The only test case based on cache misses, false_sharing_in_parallel_-
region, could be detected from a very high cache miss rate (about 75%). The
tool did not give any indication that the misses resulted from false sharing.

Properties related to synchronization bottlenecks could not be identified since
the tool gives no information about synchronization operations. The same is true
for properties checking parallelism overhead.

4.2 EXPERT

The EXPERT automatic event trace analyzer [8] is part of the KOJAK project
(Kit for Objective Judgment and Knowledge-based Detection of Performance
Bottlenecks), whose aim is a generic automatic performance analysis environ-
ment for parallel programs. Performance problems are specified in terms of exe-
cution patterns that represent situations of inefficient behavior. These are input
to an analysis process that recognizes and quantifies inefficient behavior in event
traces. The pattern specification in EXPERT is different from ASL, as it allows
to specify how performance metrics are calculated out of basic event attributes.

The KOJAK analysis process is composed of two parts: a semi-automatic
multi-level instrumentation of the user application followed by an automatic
analysis of the generated performance data. Running an instrumented executable
generates a trace file in the EPILOG format. After program termination, the trace
file is fed into the EXPERT (Extensible Performance Tool) analyzer. The analyzer
generates an analysis report, which serves as input for the EXPERT presenter. A
screen dump is shown in Figure 3. Using the color scale shown on the bottom,
the severity of performance problems found (left pane) and their distribution
over the program’s call tree (middle pane) and machine locations (right pane)
is displayed. By expanding or collapsing nodes in each of the three trees, the
analysis can be performed on different levels of granularity.

The experiments were performed on a 4 CPU Intel IA32 Linux system. As
can be seen in the left part of Figure 3, for OpenMP, EXPERT is currently able
to identify performance problems related to Flush, thread startup (Fork), bar-
rier and locking overhead. It also shows that EXPERT could detect all properties
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Fig. 3. Expert Presenter result display. Left pane shows performance problems, middle
pane their distribution, and right pane their machine location.

related to load imbalance, as indicated by darker boxes in the middle pane. The
numbers shown are the percentage of the total execution time lost because of
the identified performance property. The load imbalance problems are detected
due to high barrier overhead. Similar properties could be defined to distinguish
lock contention and frequent locking. By selecting specific call tree nodes the
distribution of the problem over the machine, processes, and threads can easily
be investigated in the right pane (shown for the property function imbalance_-
due_to_uneven_section_distribution). EXPERT was also able to identify per-
formance problems related to locks and critical regions (not visible in Figure 3).

5 Conclusion and Future Work

We listed the current set of OpenMP performance property functions in the
APART Test Suite (ATS), a framework which can be used to generate test cases
for the evaluation of (automatic) performance analysis tools. We ran the full set
of OpenMP functions with a semi-automatic vendor performance analysis tool
and the automatic EXPERT tool.

The effectiveness of the tools depends highly on the information provided by
the runtime monitor. With the Hitachi tool no synchronization information is
available. Thus, even simple load imbalance problems cannot be easily detected.
The hardware counter information can be used instead to get hints to load
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imbalances and have proved very useful to identify false sharing. The Hitachi
profiling tool provides only summary tables in ASCII form. The EXPERT tool
detects performance problems automatically, for example code regions with high
synchronization overhead, but more detailed properties explaining the reason for
load imbalance cannot be detected automatically.

The ATS enabled us to evaluate the four tools (results for Vtune and Vampir
are not discussed here due to limited space). Due to the well defined semantics
of the property functions, the strength and weaknesses of the different tools
can be easily identified. However, a formal comparison or ranking of the tools is
quite difficult since, except for EXPERT, the user has to interpret the information
provided by the tools and identify the performance properties manually.

We plan to extend ATS in the future with more performance properties and
to work on the automatic generation of test programs combining the individual
modules. ATS is freely available for the evaluation of other performance tools at
http://www.fz-juelich.de/apart/ats/.
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Abstract. We describe an approach and tools for optimizing collec-
tive operation spanning tree performance. The allreduce operation is
analyzed using performance data collected at a lower level than by tra-
ditional monitoring systems. We calculate latencies and wait times to
detect load balance problems, find subtrees with similar behavior, do
cost breakdown, and compare the performance of two spanning tree con-
figurations. We evaluate the performance of different configurations and
mappings of allreduce run on clusters of different size and with differ-
ent number of CPUs per host. We achieve a speedup of up to 1.49 for
allreduce. Monitoring overhead is low, and the analysis is simplified since
many subtrees have similar behavior. However, the calculated values have
large variations, and reconfiguration may affect unchanged parts.

1 Introduction

Clusters are becoming an increasingly important platform for scientific comput-
ing. Many parallel applications run on clusters use a communication library, such
as MPI [9], which provides collective operations to simplify the development of
parallel applications. Of the eight scalable scientific applications investigated in
[16], most would benefit from improvements to MPI’s collective operations.

The communication structure of a collective operation can be organized as a
spanning tree, with threads as leafs. Communication proceeds along the arcs of
the tree and a partial operation is done in each non-leaf node. Essential for the
performance of a collective operation is the shape of the tree, and the mapping
of the tree to the clusters in use [7, 12–14].

We present a methodology and provide insight into performance analysis
within the communication system. We demonstrate and evaluate the methodol-
ogy by comparing and optimizing the performance of different allreduce config-
urations.

Performance monitoring tools for MPI programs [8] generally treat the com-
munication system as a black box and collect data at the MPI profiling layer (a
layer between the application and the communication system). To understand
why a specific tree and mapping have better performance than others it is nec-
essary to collect data for analysis inside the communication system. We describe
our experiences about what type of data is needed, how to do the analysis, and
what the challenges are for collective communication performance analysis.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 163–172, 2004.
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Usually, MPI implementations only allow the communication structure to be
implicitly changed either by using the MPI topology mechanism or by setting
attributes of communicators. To experiment with different collective communi-
cation configurations, we use the PATHS system [2], since it allows to inspect,
configure and map the collective communication tree to the resources in use.

For a given tree configuration and mapping, our analysis approach and vi-
sualizations allows us to find performance problems within the communication
system, and to compare the performance of several configurations. This allows
us to do a more fine grained optimization of the configuration than approaches
that only use the time per collective operation (as in [14]).

In addition to remapping trees, collective operation performance can be im-
proved by taking advantage of architecture specific optimizations [12, 13], or by
using a lower-level network protocol [6, 13]. However, the advantage of these op-
timizations depends on the message size. For example, for small message sizes,
as used by most collective operations, point-to-point based communication was
faster than Ethernet based broadcast in [6], and a shared memory buffer im-
plementation for SMPs in [12]. Our approach allows comparing advantages of
changing the communication protocol, or synchronization primitives for different
message sizes.

On SMPs, collective communication performance can also significantly be
reduced, by interference caused by system daemons [10]. Reducing the interfer-
ence will make the performance analysis within the communication system even
more important.

Mathematical models can be used to analyze the performance of different
spanning trees (as in [1]), but these do not take into account the overlap and
variation in the communication that occurs in collective operations [14].

For each thread, our monitoring system traces messages through a path in
the communication system. We calculate latencies and wait times, and use these
to detect load balance problems, find subtrees with similar behavior, do cost
breakdown for subtrees, and compare the performance of two configurations.

Monitoring overhead is low, from nearly 0 to 3%. Analysis is simplified since
many subtrees have similar behavior. Monitoring overhead is low, and the anal-
ysis is simplified since many subtrees have similar behavior. However, the cal-
culated values have large variation, reconfiguration may affect unchanged parts,
and predicting the effect of reconfigurations is difficult. Despite these problems
we achieved a speedup of up to 1.49 for an allreduce benchmark using our tools.

The rest of this paper proceeds as follows. PATHS is described in section
2. Our monitoring tool and analysis approach are described in section 3 and
demonstrated in section 4. In section 5 we discuss our results, and finally, in
section 6 we conclude and outline future work.

2 Reconfigurable Collective Operations

We use the PATHS system [2] to experiment with different collective operation
spanning tree configurations and mappings of the tree to the clusters in use. In
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Fig. 1. An allreduce tree used by threads T1–T8 instrumented with event collectors
(EC1–EC13). The result is stored in a PastSet element (CoreElm).

allreduce, each thread has data that is reduced using an associative operation,
followed by a broadcast of the reduced value. The semantics differs from MPI in
that the reduced value is stored in the PastSet structured shared memory [17].

Using PATHS we create a spanning tree with all threads participating in
the allreduce as leafs (figure 1). For each thread we specify a path through the
communication system to the root of the tree (the same path is used for reduce
and broadcast). On each path, several wrappers can be added. Each wrapper
has code that is applied as data is moved down the path (reduce) and up the
path (broadcast). Wrappers are used to store data in PastSet and to implement
communication between cluster hosts. Also, some wrappers, such as allreduce
wrappers, join paths and handle the necessary synchronization.

The PATHS/PastSet runtime system is implemented as a library that is
linked with the application. The application is usually multi-threaded. The
PATHS server consists of several threads that service remote clients. The service
threads are run in the context of the application. Also, PastSet elements are
hosted by the PATHS server. Each path has its own TCP/IP connection (thus
there are several TCP/IP connections between PATHS servers). The client-side
stub is implemented by a proxy wrapper. Wrappers are run in the context of the
calling threads, until a wrapper on another host is called. These wrappers are
run in the context of the threads serving the connection.

In allreduce, threads send data down the path by invoking the wrappers on
their path. The allreduce wrappers block all but the latest arriving thread, which
is the only thread continuing down the path. The final reduced tuple is stored
in the PastSet element before it is broadcasted by awakening blocked threads
that return with a copy of the tuple. For improved portability, synchronization
is implemented using Pthread condition variables.

3 Monitoring and Analysis

To collect performance data we use the EventSpace system [3]. The paths in
a collective operation tree are instrumented by inserting event collectors, im-
plemented as PATHS wrappers, before and after each wrapper. In figure 1, an
allreduce tree used by threads T1–T8 is instrumented, by event collectors EC1–
EC13. For each allreduce operation, each event collector records a timestamp



166 L.A. Bongo, O.J. Anshus, and J.M. Bjørndalen

when moving down, and up the path. The timestamps are stored in memory
and written to trace files when the paths are released. In this paper analysis is
done post-mortem.

Depending on the number of threads and the shape of the tree, there can
be many event collectors. For example, for a 30 host, dual CPU cluster, a tree
has 148 event collectors collecting 5328 bytes of data for each call (36 bytes per
event collector). The overhead of each event collector is low on a 1.4 GHz
Pentium 4) compared to the hundreds of microseconds per collective operation.
Most event collectors are not on the slowest path, thus most data collecting is
done outside the critical path.

There are three types of wrappers in an allreduce spanning tree: gred (par-
tial allreduce), proxy (network) and core (PastSet). For core wrappers the two
timestamps collected by the event collector above it (EC13 in figure 1) are used
to calculate the store latency; the time to store the result in PastSet. For proxy,
we calculate the two-way TCP/IP latency by where (down)
and (up) are collected by the event collector above the proxy in a path, and

(down) and (up) are collected by the event collector below. To achieve the
needed clock synchronization accuracy for calculating one-way latencies (tens of

special hardware is needed [11].
Gred wrappers have multiple children that contribute with a value to be

reduced. The contributor can be a thread or data from another gred wrapper (in
figure 1 threads T5–T6 contribute to gred2, while gred1–3 contribute to gred4).
There is one event collector on the path to the parent that collects timestamps
and while the paths from the P parents each have an event collector collecting
timestamps and We define the down latency for a gred wrapper to be

the down latency for the last arrival The up latency is the
up latency for the first departurer

For a given number of collective operations we calculate for each participant
the arrival order distribution and the departure order distribution; that is the
number of times the contributor arrived and departed at the gred wrapper as
the first, second, and so on. In addition we calculate: arrival wait time
the amount of time the contributor had to wait for the last contributor to
arrive, and departure wait time elapsed time since the first contributor

departed from the gred wrapper, until contributor departed.
For the analysis we often divide the path from a thread to a PastSet element

into several stages consisting of the latencies and wait times described above. To
calculate the time a thread spent in a specific part of the tree (or a path), we
add together the time at each stage in the tree (or path). Usually mean times are
used. Similarly, we can do a hotspot analysis of a tree by comparing the mean
times.

For the performance analysis we (i) detect load balance problems, (ii) find
paths with similar behavior, (iii) select representative paths for further analysis,
(iv) find hotspots by breaking down the cost of a path into several stages, (v)
reconfigure the path, and (vi) compare the performance of the new and old
configuration.
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For applications with load balance problems, optimizing collective operations
will not significantly improve performance since most of the time will be spent
waiting for slower threads. To detect load balance problems, we use the arrival
order at each gred wrapper to create a weighted graph with gred wrappers and
threads as nodes, and the number of last arrivals as weights on the edges. The
part of the tree (or thread) causing a load imbalance can be found by searching
for the longest path (i.e. with most last arrivals).

Usually, many threads have similar paths, with similar performance behavior.
Thus, we can simplify the analysis and optimization by selecting a representative
path for each type of behavior. Also, fast paths can be excluded since the allre-
duce operation time is determined by the slow paths. We have experimented
with, but not succeeded in finding analysis and visualization approaches that
allows for a detailed analysis of multiple paths at the same time.

When analyzing a representative path we break the cost of an allreduce
operation into subtrees that can be optimized independently such as the subtree
for an SMP host, a cluster, or TCP/IP latencies within a cluster and on a
WAN. As for a gred wrapper, we calculate for a subtree the down latency, up
latency, and departure wait time (using for the subtree on host B in figure
1 event collectors EC5–8 and EC13). A large down latency implies that the
computation in the operation takes a long time. A large up latency indicates
performance problems in the gred implementation, while a large departure wait
time implies scalability problems of the synchronization variables, leading to
unnecessary serialization.

4 Experiments

In this section we analyze the performance of different allreduce configurations
for a blade cluster with ten uni-processor blades (Blade), a cluster of thirty two-
way hosts (NOW), a cluster of eight four-way hosts (4W), and a cluster of four
eight-way hosts (8W). The clusters are connected through 100 Mbps Ethernet,
and the operating system is Linux. We designed experiments to allow us to
measure the performance of different shapes and mappings of the spanning trees
used to implement allreduce. A more detailed analysis can be found in [4].

We use a microbenchmark, Gsum, which measures the time it takes T threads
to do N allreduce operations. The allreduce computes a global sum. The number
of values to sum is equal to the number of threads, T. Threads alternate between
using two identical allreduce trees to avoid two allreduce calls to interfere with
each other.

We also use an application kernel, SOR, a red-black checker pointing ver-
sion of successive over-relaxation. In each iteration, black and red points are
computed and exchanged using point to point communication, before a test
for converge which is implemented using allreduce. A communication intensive
problem size was used (57% of the execution time was spent communicating).
The computation and point-to-point communication results in a more complex
interaction with the underlying system than in Gsum.
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Gsum was run ten times for 25000 iterations on each cluster, but only the
results from one execution are used in the analysis. The Gsum execution time
has a small standard deviation (less than 1%). Also, the slowdown due to data
collection is small (from no slowdown up to 3%). For SOR the execution time
variation is similarly low, and the monitoring overhead is lower since SOR has
relatively less communication than Gsum.

The standard deviation for the allreduce operation time is large. On the
NOW cluster the mean is about and the standard deviation is about

Also the variation is large for the computed latencies and wait times. For
many stages both the mean and the standard deviation are about The
only values with low standard deviation are the TCP/IP, and store latencies.
Despite the large variation, using mean in the analysis gives usable results.

The large standard deviation for gred up, and down latency is caused by
queuing in the synchronization variables, while the departure wait time distri-
bution is a combination of several distributions since the wait time depends on
the departure order (which, in our implementation, depends on the arrival or-
der). We expect most implementation to have similar large variations for these
stages. For Gsum, arrival wait time variation is caused by variations on the up-
path, while for SOR and other applications there are additional noise sources
such as system daemons [10].

Fig. 2. Timemap visualizations for NOW cluster spanning tree configurations.

For well balanced applications, such as Gsum and SOR, there is not one
thread causing a load imbalance. SOR has a load imbalance when run on the 4W
and 8W clusters caused by differences in point-to-point communication latency
since two threads on each host communicate with a neighbor on a different host.
Due to the load imbalance performance will not significantly be improved by
optimizing allreduce as shown in figure 2a, where the down paths are
dominated by arrival wait time (i.e. load imbalance). Based on our experiences
most of the optimizations can be done on the up paths SOR can be
reimplemented to hide the point-to-point communication latency, and thereby
reducing the load imbalance.
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Fig. 3. Visualizations for comparing the performance of different configurations.

Differences in network latency also cause a load imbalance within the com-
munication system when Gsum is run on a multi-cluster. However, the problem
is caused by the spanning tree and can be improved by reconfiguring the tree.
For the remaining analysis we ignore the arrival wait times, since these hide the
difference between fast and slow paths.

To get an overview of the communication behavior of the different threads
we use a timemap visualization that shows the mean time spent in each
stage of the path when moving down and up the tree. X = 0 is when
the threads enter the bottommost wrapper. For more details we use tables with
statistics for each thread, and for each stage. The timemap in figure 2b shows
that the 60 threads run on the NOW cluster have similar behavior. Arrival wait
times are not shown, and the up-path has variations due to the arrival-departure
order dependency. The threads can roughly be divided into classes according to
the number of TCP/IP connections in their paths. An optimized configuration
for 2W has a more irregular shape complicating the analysis due to rather large
variation for most stages.

For the mostly used allreduce message sizes (below 256 bytes [15]), a cost
breakdown shows that broadcast is more expensive than reduce. The up, and
down gred-latency are only a few hence the time to do the reduce operation
is insignificant. For SMPs the departure wait time can be large, but for the best
configuration the TCP/IP stages dominate the execution time. Also, the time
spent storing the result in PastSet is insignificant. For some single-CPU cluster
configurations we have a few outliers in the proxy stage that can significantly
reduce performance. For one Blade Gsum configuration they caused a slowdown
of 54.2.

When tuning the performance of a configuration it is important to find the
right balance between load on root hosts and number of network links. Load on
root hosts can be reduced by moving gred wrappers to other hosts. This will also
improve potential parallelism, but it will introduce another TCP/IP connection
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to some threads paths. For SMPs, the performance of a host subtree can be
improved by adding or removing an additional level in the spanning tree.

Reconfiguration improved the performance of Gsum up to a factor of 1.49.
However, the effects of a reconfiguration can be difficult to predict. For a 4W
Gsum configuration we doubled the number of TCP/IP connections on a threads
path, but the time spent in these stages only increased by 1.55 due to the TCP/IP
latency being dependent on load on the communicating hosts. A reconfiguration
can also have a negative performance effect on unchanged subtrees. In addition,
the best configuration for a cluster is dependent on CPU speed on hosts, LAN
latency, number of hosts in cluster, and the message size used in the collective
operation.

An overview of the differences between two configurations is provided by
a timemap visualization that shows several configurations for one thread. Since
paths in two configurations can have unequal length, the y-coordinates are scaled
such that both have the same and Figure 3a shows that by moving a
gred wrapper to another 4W host (B4 and B256), gives better performance for
4 byte messages, but worse for 256 byte messages, due to a trade-off between
increased TCP/IP latencies, and single host subtree performance.

Figure 3b shows how adding additional levels to a subtree improves perfor-
mance on an 8-way host. The figure shows the introduced latency (x=0), and
the amount of serialization (slope of the curve, flatter is better). On the x-axis
the order of departure is shown, and on the y-axis the up latency + departure
wait time is shown. Notice that the up-latency is the same for all departures, and
that for the first departurer (x=0) has zero departure wait time. The optimal
height of the tree depends on the load on the hosts.

To find the fastest configuration, it is usually enough to compare the paths
that are on the average slowest, but not always. A 4W Gsum configuration A,
is slower than configuration B even if the 12 slowest threads are faster, because
the remaining 20 threads in A are slower, and the large variation causes A to
have the slowest thread for most allreduce calls.

5 Discussion

The timestamps collected by EventSpace allows us to analyze the performance
of spanning trees and their mapping to the clusters in use. However, information
from within the operating system is needed to understand why a synchronization
operation, or a TCP/IP connection is slow. Hence, information from within the
operating system should be collected and used in the analysis.

For ease of prototyping we used our own parallel programming system
(PATHS). Our analysis approach should be applicable for MPI runtime sys-
tems provided that we can collect timestamps that can be correlated to a given
MPI collective operation call. Once monitoring tools using the proposed MPI
PERUSE interface [5] are available these may be used to collect the data nec-
essary for our analysis. However, other runtime systems will have performance
problems not treated by this work, for example with regards to buffering.
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The calculated values used in the analysis have large variation, and outliers
can have a significant effect on performance. A complete trace of all messages sent
within a given time period provides enough samples for statistical analysis, and
can be used to detect any periodical performances faults (e.g. caused by system
daemons [10]). EventSpace allows to collect such traces with a small overhead
and memory usage (1 MB of memory can store 29.127 EventSpace events).

We only studied one application; SOR. Since MPI defines the semantics of
collective operations the communication pattern of SOR is general and frequent.
Since SOR has a load imbalance a better application for the study would have
been one of the applications described in [10]. Also, only the allreduce operation
has been analyzed. We believe the analysis will be similar for other collective
operations with small message size such as reduce and barrier. Message arrival
order, synchronization points, and network latencies are also important for the
performance of operations with larger messages, such as alltoall, allgather, and
the MPI-IO collective operations. For MPI-IO we can wrap the I/O operations
using PATHS wrappers.

6 Conclusion and Future Work

We have described systems for monitoring and tuning the performance of col-
lective operation within the communication system. For each thread we trace
the messages through a path in the communication system. We demonstrated
an analysis approach and visualizations by evaluating and optimizing different
spanning-tree configurations and cluster mappings of the allreduce operation.

The monitoring overhead is low, from nearly 0 to 3%, and the analysis is sim-
plified since many paths have similar behavior. However, the computed latencies
and wait times have large variation, reconfiguration may affect unchanged parts,
and it is difficult to predict the effect of some changes.

As future work, we will use the EventSpace system [3] for run-time analy-
sis. Also, we will examine how data collected inside the operating system can
be used in the analysis, and if some load balance problems can be avoided by
reconfiguring the collective operation spanning trees. Finally, our long-term goal
is to build a communication system where collective communication is analyzed,
and adapted at run-time.
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Abstract. The behavior and performance of MPI non-blocking mes-
sage passing operations are sensitive to implementation specifics as they
are heavily dependant on available system level buffers. In this paper
we investigate the behavior of non-blocking communication primitives
provided by popular MPI implementations and propose strategies for
these primitives than can reduce processor synchronization overheads.
We also demonstrate the improvements in the performance of a parallel
Structured Adaptive Mesh Refinement (SAMR) application using these
strategies.

1 Introduction

The Message Passing Interface (MPI) [1] has evolved as the de-facto message
passing standard for supporting portable parallel applications - with commercial
as well as public-domain implementations available for most existing platforms
including general purpose clusters to high-performance systems such as IBM SP.

An important design goal of the MPI standard is to allow implementations
on machines with varying characteristics. For example, rather than specifying
how operations take place, the MPI standard only specifies what operations do
logically. Consequently, MPI can be easily implemented on systems that buffer
messages at the sender, receiver, or do no buffering at all. It is typically left
to the vendors to implement MPI operations in the most efficient way as long
as their behavior conforms to the standards. As a result of this, MPI imple-
mentations on different machines often have varying performance characteristics
that are highly dependant on factors such as implementation design, available
hardware/operating system support and the sizes of the system buffers used.

The behavior and performance of MPI non-blocking message passing oper-
ations are particularly sensitive to implementation specifics as they are heavily
dependant on available system level buffers and other resources. As a result,
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naive use of these operations without an understanding of the underlying im-
plementation can result in serious performance degradations, often producing
synchronous behaviors.

We believe that an efficient and scalable use of MPI non-blocking communi-
cation primitives requires an understanding of their implementation and its im-
plication on application performance. This paper has two key objectives: (1) To
investigate and understand the behavior of non-blocking communication primi-
tives provided by two popular MPI implementations: the public domain MPICH
[2] implementation on a Linux cluster, and the proprietary IBM implementation
on an IBM SP2 [3]. (2) To propose and evaluate usage strategies for these prim-
itives that the parallel programmer can implement to reduce processor synchro-
nization and optimize application performance. We use the proposed strategies
to optimize the performance of parallel implementations of scientific/engineering
simulations that use finite difference methods on structured adaptive meshes [4].

2 Non-blocking MPI: Behavior and Performance

The generic operation of a non-blocking MPI communication is a “three step”
process in which the implementation (of the non-blocking communication) de-
couples the send and receive operations by using system and/or application
buffers at the sender and receiver processes, allowing computation and commu-
nication to be overlapped. However, this decoupling is strictly limited by the
size of the buffers available to copy the message. MPI implementations typically
switch to a synchronous communication mode when the message size exceeds
the available buffer size, where the sender waits for an acknowledgement from
the receive side before sending out the data.

In this section we experimentally investigate the behavior and performance
of non-blocking MPI communications in two popular MPI implementations:
MPICH on a Beowulf cluster, and IBM MPI on the IBM SP2.

The test kernel used for these experiments - as illustrated in Figure 1 - is
a typical non-blocking communication implementation between two processes
in which one sends and the other receives. In this kernel the sending process
(process 0) issues MPI_Isend (IS) at time-step T0 to initiate a non-blocking send
operation while the receiving process (process 1) posts a matching MPI_Irecv
(IR) call. Both processes then execute unrelated computation before executing
an MPI_Wait call at T3 to wait for completion of the communication. In the
following discussion we denote MPI_Wait posted on the send side as Ws and the
MPI_Wait posted on the receive side as Wr. The processes synchronize at the
beginning of the kernel and use deterministic offsets to vary values of T0, T1, T2
and T3 at each process. For each configuration (value of T0, T1, T2 and T3 at
each process) we conducted a number of experiments varying the message size,
system buffer size and number of messages exchanged. The objectives of these
experiments included determining thresholds at which the non-blocking calls
synchronize, the semantics of synchronization once this threshold is reached,
and possibility of deadlocks.
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Fig. 1. Operation of the test kernel used in the experimental investigation.

2.1 MPICH on a Linux Beowulf Cluster

The first MPI implementation analyzed is MPICH version 1.2.5, release date
January 6, 2003 [3] on Frea, a 64 node Linux Beowulf SMP cluster at Rutgers
University. Each node of cluster has a 1.7 GHz Pentium 4 processor with 512
MB main memory. The MPICH profiling tool Upshot [14] is used for the profiles
and timing graphs presented below.

Our first experiment investigates the effect of message size on non-blocking
communication semantics. In this experiment the value of T0 - T3 are approx-
imately the same on the two processes, and the message size was varied. The
system buffer size was maintained at the default value of 16K. For smaller mes-
sage sizes (1KB), we observe that IS and IR return without blocking (Figure 2).
Furthermore, Ws and Wr, posted after local computations, return almost im-
mediately, indicating complete overlap. However, for message sizes greater than
or equal to 60 KB, IS blocks and returns only when the receiver process posts
Wr (Figure 3). We can further see from the Figure that Wr blocks until the
message delivery completes. This threshold is dependent on the system buffer
size as discussed below.

To further understand the synchronizing behavior of MPI_Isend for large
message sizes, we modified our experiment to post a matching MPI_Test (a non-
blocking variant of MPI_Wait) on the receiver side (i.e. process 1) in the middle
of the computation phase. As shown in Figure 4, in this case MPI_Isend returns
as soon as MPI_Test is posted. It was also seen that the Wr posted after com-

Fig. 2. Profile of the test on MPICH where process 0 (top) sends a 1 KB message to
process 1 (bottom).
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Fig. 3. Profile of the test on MPICH where process 0 (top) sends a 60 KB message to
process 1 (bottom).

Fig. 4. Profile of the test on MPICH in which process 1 (bottom) posts an intermediate
MPI_Test.

putation returns almost immediately, indicating that the message was already
delivered during the computation. This indicates that MPI_Isend blocks for large
messages until the completion of the corresponding MPI_Irecv is checked using
either blocking (MPI_Wait) or non-blocking (MPI_Test). Note that, as the MPI
implementation optimizes the number of messages sent to a single destination,
the message size threshold is cumulative. That is, in the above case MPI_Isend
switches to blocking semantics when the cumulative size of outstanding messages
to a particular process is 60KB. For example, when we repeated the test using
3 sends of size 20KB each (instead of one of size 60KB), the same non-blocking
behavior was observed.

The experiment plotted in Figure 5 evaluates potential deadlocks if two pro-
cesses simultaneously send large messages to each other using MPI_Isend and
block. The Figure shows that process 1 initially blocks but then returns after
a certain time instead of waiting for process 0 to post a Wr. Process 0 how-
ever blocks until Wr is posted on process 1. This behavior seems to indicate a
non-deterministic time out mechanism to ensure progress.

In the case of the Frea Beowulf cluster, default TCP socket buffer size
is 16KB. This can be increased by either using the environment variable
P4_SOCKBUFSIZE or using the command line option -p4sctrl bufsize=<size>.

Fig. 5. Profile of the test on MPICH in which both processes post MPI_Isend. Message
size is 60Kb.
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We repeated the experiments using messages of size 60KB but increased the
TCP socket buffer size. We observed that for a TCP socket buffer size of 64KB,
IS did not block.

Analysis and Discussion. To try to understand the behavior of the MPICH
non-blocking communication presented above let us consider its implementation.
MPICH has a layered software architecture [5] consisting of (a) a high level
MPI API layer (b) a middle Abstract Device Interface (ADI) layer and, (c) a
D1evice layer. The Device layer defines three protocols to send messages based
on the message size: short, eager (long) and rendezvous (very long). In the case
of relatively short messages, for example 1KB, MPICH can copy the message
directly into the system socket buffer and thus send the message out onto the
network using the eager protocol, allowing MPI_Isend to return immediately.

In the case of larger messages (e.g. 60KB), the system socket buffer is not
large enough to accommodate the message and MPICH cannot directly copy the
message into the buffer. Instead, it switches to the rendezvous protocol, which
requires the sending process to synchronize with the receiving process before the
message is sent out. As a result MPI_Isend, which should return immediately
irrespective of the completion mode, now has to wait for the corresponding
Wr for an acknowledgement (Figure 3). Similarly, when a matching MPI_Test is
posted at the receiver process, it essentially sends an acknowledgement back to
the sender which caused the blocked MPI_Isend to return. When the TCP/IP
socket buffer size is increased to 64 KB, MPICH can copy the 60 KB message
directly into the socket buffer and use the eager protocol allowing the MPI_Isend
call to return without blocking.

Finally, due to MPICH optimizations, the blocking behavior of MPI_Isend
depends on the system socket buffer and the cumulative size of the outstanding
messages rather than the actual number of messages sent. Consequently, reducing
the message size by breaking up the total message into smaller messages will not
yield any performance improvement.

Optimization Strategies. Based on the analysis presented above we identify
two strategies to address the blocking behavior of MPI_Isend in MPICH. The
first strategy is obvious, increase the TCP socket buffer size. However this option
is not scalable since the total buffer space grows with the number of processes.
Further, every system imposes a hard limit on the total socket buffer size. As a
result this option has only limited benefits and any further optimization must
be achieved at the applications level.

It is clear from the analysis presented above that the only way to prevent
MPI_Isend from blocking is for the receiving process to return an acknowledge-
ment using a (blocking or non-blocking) test for completion call. Our second
strategy is to use calls to the non-blocking test for completion (MPI_Test or its
variant) on the receive side to release a blocked sender.

To illustrate this consider the code snippet (Figure 6) for a typical loose-
synchronous application, for example, a finite-difference PDE solver using ghost
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Fig. 6. MPICH: Unoptimized algorithm. Fig. 7. MPICH: Optimized algorithm.

Fig. 8. MPICH: Unoptimized algorithm. Fig. 9. MPICH: Optimized algorithm.

communications. In this pseudo-code, each process posts non-blocking receive
calls before computing on its local region of the grid. After finishing computation,
it then sends its data to update the ghost regions of its neighboring processors
using the MPI_Isend/MPI_Wait pair. The process may do some further local
computation and then finally waits to update it own ghost regions, possibly
using an MPI_Waitall. In this case, if the message size is greater than 60KB
the MPI_Isend will block until the corresponding MPI_Waitall is called on the
receiving process as shown in Figure 8.

If we now insert an intermediate MPI_Testall call as shown in Figure 7,
MPI_Isend returns as soon as the receiver posts the test (Figure 9). While the
MPI_Testall call does have a cost, this cost is small compared to the performance
gain.

2.2 IBM MPI on the SP2

The second MPI implementation analyzed is the IBM native implementation
(version 3 release 2) [3] on the IBM SP2, BlueHorizon, a teraflop-scale Power3
based clustered SMP system at the San Diego Supercomputing Center. The ma-
chine consists of 1152 processors, each having 512 GB of main memory. Once
again, our first experiment investigates the effect of message size on non-blocking
communication semantics. For smaller message sizes (1KB), we observe the ex-
pected non-blocking semantics. This is also true for larger messages sizes (greater
than 100 KB) as shown in Figure 10.
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Fig. 10. SP2: Ws and Wr posted at the
same time-step.

Fig. 11. SP2: Ws and Wr posted at dif-
ferent time-steps.

To further understand the effect of increasing message size on the behavior of
non-blocking communications in the IBM MPI, we moved Ws to T1, i.e. directly
after the send to simulate the situation where one might want to reuse the send
buffer. Wr remained at T3. In this case, for message sizes greater than or equal
to 100KB, Ws blocked until Wr was posted by the receiver at T3 (Figure 11).

In an experiment where both processes exchange messages, IS and IR are
posted at T0, process 0 posts Ws at T1 while process 1 posts Ws at T2, and
both processes post Wr at T3. The message size is maintained at 100KB. In this
case deadlock is avoided in an interesting manner since Ws, posted at T1 and
blocks on process 0, returns as soon as process 1 posts Ws at T2, rather than
waiting for the corresponding Wr on T3.

Analysis and Discussion. The SP2 parallel environment imposes a limit
(called the eager limit) on the total message size that can be sent out asyn-
chronously. When message sizes exceed this limit, the IBM MPI implementation
switches to a synchronous mode. However, in this case, it is the Ws call that
blocks until an acknowledgement is received from the receiver process. Conse-
quently in the experiment above, Ws blocks until Wr is posted at the receiving
process. The analysis above also shows that the synchronization call on the re-
ceive side need not be a matching wait. In fact the receiver may post any call to
MPI_Wait (or any of its variants) to complete the required synchronization.

Optimizations Strategies. The POE users’ guide [3] specifies the environment
variable, MP_EAGER_LIMIT, which defines the size of MPI messages that can
be sent asynchronously. However, as the number of processes increase, trying to
increase MP_EAGER_LIMIT simply reduces the amount of memory available to
the application.

A more scalable strategy is to address this at the application level by ap-
propriatly positioning IS, IR, Ws and Wr calls. The basic strategy consists of
delaying Ws until after Wr and is illustrated in Figures 12 and 13.

To illustrate the strategy, consider a scenario in which two processes exchange
a sequence of messages and the execution sequence is split into steps T0-T3. Both
processes post MPI_Irecv (IR) calls at T0 and Wall denotes a MPI_Waitall call.
Assume that, due to load imbalance, process 0 performs computation until T2
while process 1 computes only till t1. Ws posted on process 1 at T1 will block
until process 0 posts Ws at T2. For a large number of messages, this delay can
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Fig. 12. SP2: Unoptimized algorithm. Fig. 13. SP2: Optimized algorithm.

become quite significant. Consequently, to minimize the blocking overhead due
to Ws on process 1, it must be moved as close to T2 as possible. Now, if Ws is
removed from the send loop and a collective MPI_Waitall is posted as shown in
Figure 13, it is observed that process reaches T2, it has already posted IS for
all of its messages and is waiting on Wall, thus reducing synchronization delays.

3 Evaluation of Communication Performance in SAMR

Dynamic Structured Adaptive Mesh Refinement (SAMR) techniques [4] for solv-
ing partial differential equations provide a means for concentrating computa-
tional effort to appropriate regions in the computational domain. These methods
(based on finite differences) start with a base coarse grid with minimum accept-
able resolution that covers the entire computational domain. As the solution
progresses, regions in the domain requiring additional resolution are recursively
tagged and finer grids are laid over these tagged regions of the coarse grid [4].

Parallel implementations of hierarchical SAMR applications typically parti-
tion the adaptive heterogeneous grid hierarchy across available processors, and
each processor operates on its local portions of this domain in parallel [7]. Due to
their irregular load distributions and communication requirements across levels
of the grid hierarchy, parallel SAMR applications make extensive use of non-
blocking MPI primitives so as to overlap intra-level communications with com-
putations on the interior region.

A typical implementation of intra-level communications in parallel SAMR
applications is similar to the ghost communication associated with parallel fi-
nite difference PDE solvers as described in Section 2. Clearly, the optimizations
proposed by us in Section 2 can be applied here to reduce the synchronization
costs.

Evaluation Using the RM3D Kernel. To evaluate the impact of the pro-
posed optimization strategies on application performance we used the 3-D ver-
sion of the compressible turbulence application kernel (RM3D) which uses SAMR
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Fig. 14. Comparison of execution and communication times on Frea (MPICH).

Fig. 15. Comparison of execution and communication times on SP2 (IBM POE).

techniques to solve the Richtmyer-Meshkov instability [9]. The experiments con-
sist of measuring the message passing and application execution times for the
RM3D application kernel before and after incorporating our optimizations strate-
gies outlined in this paper, on both Frea and Blue Horizon. Except for the op-
timizations in the message passing algorithm, all other application-specific and
refinement-specific parameters are kept constant. The results of the evaluation
for MPICH on Frea for 16, 32 and 64 processors are shown in Figure 14. These
runs used a base grid size of 128*32*32 and executed 100 iterations. We observe
that the reduction in communication time is approximately 27%.

On the SP2 the evaluation run used a base grid size of 256*64*64 and exe-
cuted 100 iterations. Figure 15 shows the comparisons of the execution times and
communication times respectively for 64, 128 and 256 processors. In this case
we observe that the reduction in communication time is approximately 44%.

4 Summary and Conclusions

In this paper we experimentally analyzed the behavior and performance of non-
blocking communication provided by two popular MPI implementations. It is
important to note that the blocking behavior described by us is not a bug in
the message passing softwares. Rather it is due to inherent limitations in the
underlying hardware architectures.

We used the strategies proposed in this paper to optimize the performance
of the SAMR-based Richtmyer-Meshkov compressible turbulence kernel. Our
evaluation shows that the proposed strategies improved the performance by an
average of approximately 27% for MPICH and 44% for IBM MPI.
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Abstract. We present a methodology which allows to derive accurate
and simple models which are able to describe the performance of parallel
applications without looking at the source code. A trace is obtained and
linear models are derived by fitting the outcome of a set of simulations
varying the influential parameters, such as: processor speed, network
latency or bandwidth.
The simplicity of the linear models allows for natural derivation of inter-
pretations for the corresponding factors of the model, allowing for both
prediction accuracy and interpretability to be maintained.
We explain how we plan to extend this approach to extrapolate from
these models to be apply it to predict for processor counts different to
the one of the given traces.

1 Motivation and Goal

Obtaining performance models of parallel applications is extremely useful for a
broad range of purposes: determining if a platform achieves its expected perfor-
mance, identification of the source of performance problems [16], scheduling, and
many others.

Models based on simulations are used to explore the parameter space design,
but are time consuming and lack the abstraction and possibility of interpretation
that analytic models provide [8–10].

In this work we want present, extend and validate a methodology that we
are developing [18] to extend the analysis capabilities of the tools DIMEMAS[1]
and PARAVER[2] developed at CEPBA.

We want to derive simple analytical models including the number of pro-
cessors as a parameter starting from post-mortem trace-files of the application
under study. The simplest model presents non-linearities and we show how we
treat them being methodological while gaining insight of how the application is
affected by the architectural parameters.
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2 Methodology

We apply the following methodology: for each application that we want to
analyze, we obtain traces from its real execution varying the number of pro-
cessors. The dynamic instrumentation technology of MPIDtrace[11] (based on
DPCL[12]) allows us to obtain traces of production binaries without needing
access to its source code. This traces contain information of communication re-
quests of all processes as well as the CPU demands between those requests. The
usefulness of MPIDtrace has been shown in [13–15]. Other previously proposed
methods needed the source code and knowledge of the program structure to be
able to instrument the application [17].

This traces feed the DIMEMAS[1] simulator. DIMEMAS implements a sim-
ple abstract model of a parallel platform in which the MPI software layers are
taken into account. It allows to simulate for varying Latencies, Bandwidths, and
CPU ratios (that models the CPU performance ratio between the source and tar-
get machine). Given a trace for a particular number of processors, DIMEMAS is
not able to perform a simulation of the trace under a different processor count.

STORM[3] performs DIMEMAS simulations of a particular trace file, ran-
domly varying the influential architectural parameters.

From these results, we fit a linear model from these data of the elapsed
time of the application against the architectural parameters. The coefficients
characterize the application.

2.1 Brief Review of Previous Results and Methodology

We have already addressed the problem of finding an accurate model, simple
and at the same time general enough, to explain and predict the behavior of the
same set of programs [18], using a formula like: 1

We obtained the through linear fitting of DIMEMAS simulations
varying L and BW. P was not a parameter.

A further step was the unification of these formulas to a single one, including
the processor count P as one additional parameter in the form of:

represents the time of the critical path, the number of non-overlapped
latencies and the number of bytes exchanged between processors not over-
lapped with computation. By knowing these functions of P we would be able to
predict for a different processor count of that of the original traces.

It would be simple to model as: (following Amdahl’s
law). However, in a parallel program, this is not necessarily true. We observe a
non-linearity on P for the “critical path” when the distribution of com-
putation improves locality and therefore results in a better memory hierarchy
performance.

1 L stands for Latency, BW, Bandwidth, and P for the number of processors.
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2.2 Decoupling Non-linearities

Such a non-linearity is found in the parameter for the NAS BT bench-
mark. Locality plays and important role, and executions for increasing processor
counts account for smaller total amounts of computation2, as would be expected
following Amdahl’s law.

We use the term Locality Factor to quantitatively express the difference
between the expected amount of work using Amdahl’s law, and the real one.
This Locality Factor is computed as the relation between the total CPU time
for all processors of the trace for the minimum processor count (reference P)
and the actual amount of time accounted for a particular processor count

The Locality factors of the NAS BT executions do not vary linearly with the
number of processors. Amdahl’s law would predict a constant behavior (Locality
factor being always 1). However the BT total sequential execution times decrease
as much as 55% from 4 to 49 processors (non-linearly).

In order to apply our methodology, this non-linear effect should be decoupled,
and therefore we propose the following formula:

Where and are obtained having previously corrected the effect of in-
creased locality. We simply scale all the CPU bursts of the simulations by setting
the DIMEMAS CPU efficiency scaling parameter, CPU_ratio, to the value of the
Locality factor. The same methodology explained in the two first paragraphs of
Subsect. 2.1 is applied to the trace of the execution of the application for each
processor count P with the corresponding CPU efficiency scaling factor applied
in the simulation to obtain the

Given these we then apply a linear regression (this time with no non-
linearities involved) to obtain an estimate of of the form:

We checked (Sect. 3) that and are statistically identical to and
and independent of the Locality factor for a sensible range of correcting factors.

We expect to find linear behaviors in and as they roughly repre-
sent the non–overlapped latencies and communication bandwidth (see [18]).

The model obtained predicts with very high accuracy the DIMEMAS sim-
ulations obtained with the Locality Factor correction. However, this model is
not predicting the real application, but an ideal one where the memory effects
are not taken into account. To model the real application, the corresponding

parameter should be again multiplied by the Locality factor correspond-
ing to the processor count to obtain what would be the real (critical path’s
time). We checked this approach in Sect. 3 and we show that for the applications
considered, this process does not change the communication pattern.
2 In DIMEMAS terms, Total CPU time: sum of all CPU bursts of all processors.
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3 Example of Methodology Use

To validate this methodology we have used IBM SP2 traces, from 4 to 49 pro-
cessors, of the following applications: NAS BT[4], Sweep3D[6], RNAfold[5] and
POP[7]. We show how we applied the process and show the relative errors ob-
tained.

The last column of Table 1 shows the factors obtained through regression
of the set of simulations with no Locality Factor correction; the second column
shows the parameters3 obtained using (4), in which its coefficients where
obtained by fitting the data obtained of a set of simulations using the corre-
sponding Locality Factor (shown in the third column), and therefore decoupling
the non-linearity. Finally, the correctness of the model is validated by recon-
struction of the parameter as the product LocalityFactor(P), shown
in the fourth column. In this table, the factors are calculated as:

where and were calculated by doing a linear regression on the obtained
having previously applied the Locality Factor correction. The followed a linear
behavior on the inverse of the number of processors, whereas the original
with non-corrected Locality Factors, did not.

In Table 1 we show that we could eliminate the non-linear behavior of the
parameter through a simple transformation, and then go back to the original

one using a function LocalityFactor(P) for which we understand its meaning
and could derive a model. But we also have to show that this transformation
does not affect the other factors: and

Table 2 shows that the parameters are independent from the scaling of
the CPU bursts according to the LocalityFactor(P).

Given these facts, it was possible to use the and to go
back to (2), recovering what the and parameters would be and
validate the model and the explained transformations. Table 3 shows the values
obtained for the linear models used to fit the three factors.
3 i.e., the parameters.
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We validated our results with more than 200 randomly selected bandwidths
and latencies for each of the traces for varying P. In Table 4 we show the Maxi-
mum Relative Errors using (2) (where the parameters were obtained simulating
with the corrected Locality Factors). These relative errors compare the predic-
tion of model (2) and the actual times calculated by DIMEMAS.

4 Conclusions and Future Work

We have analyzed the possibility of easily deriving simple models that accurately
characterize the behavior of a set of representative parallel benchmarks, from
which one of them is a real application: POP[7].

The methodology under development allows to understand the underlying
factors that influence the performance of a program. We analyzed the meaning
of the parameters in a previous work [18] and are extending that analysis.

We have overcome the difficulties imposed by non-linearities and we are now
testing this methodology to extrapolate the results to any number of processors.



188 G. Rodriguez, R.M. Badia, and J. Labarta

We plan to extrapolate the model using similar techniques to the ones
in [15] (PMACS), as well as determining the regions of linearity in a more or
less automatic way.
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Abstract. We present a library for the parallel computation of particle
simulations called ParaSPH. It is portable and performs well on a variety
of parallel architectures with shared and distributed memory. We give
details of the parallelization for hybrid architectures (clustered SMPs)
using MPI and OpenMP and discuss implementation issues, performance
results and memory consumption of the code on two parallel architec-
tures, a Linux Cluster and a Hitachi SR8000-F1. We show the advantage
of hybrid parallelization over pure message-passing especially for large
node numbers for which we gain a maximum speedup of about 350 for
hybrid parallelization compared to 120 for message-passing.

1 Introduction

The Collaborative Research Center (CRC) 382 works in the field of Compu-
tational Physics with a main focus on astrophysical simulations. Our group is
responsible for the parallel computing. Some methods used in the CRC 382 are
particle based and thus we develop efficient parallel particle libraries to support
these applications. [6]

There is always a need for larger simulations needing more memory and
computing power. A parallelization combining threads and message passing is
a promising way to reduce the parallel overhead in respect of memory and per-
formance on the increasing number of hybrid architectures over pure message-
passing parallelization.

2 Hybrid Architectures

For development and performance analysis we are working on two parallel sys-
tems. A Hitachi SR8000 installed at the HLRB in Munich and a Linux Cluster
installed locally at Tübingen University.

* This project is funded by the DFG within CRC 382: Verfahren und Algorithmen
zur Simulation physikalischer Prozesse auf Höchstleistungsrechnern (Methods and
algorithms to simulate physical processes on supercomputers).

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 189–197, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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The Hitachi SR8000 consists of 8-way SMP nodes coupled by a fast commu-
nication network. The installation in Munich has 168 nodes with a total FPU
performance of 2 TFlops.

The Linux cluster is built of commodity hardware and has two partitions.
One partition consists of 96 2-way SMP Intel Pentium 3 nodes with 650 MHz
processor speed and the second partition consists of 32 2-way AMD Athlon nodes
with 1667 MHz processor speed. All nodes from both partitions are connected
with a switched full-bisection-bandwidth Myrinet network. The peak FPU per-
formance of the Linux cluster is 338 GFlops.

3 Motivation

The majority of parallel machines in the TOP500 lists are so called hybrid par-
allel architectures, a combination of N-way shared memory nodes with message
passing communication between the nodes.

Hybrid parallelization is the combination of a thread based programming
model for parallelization on shared memory nodes together with message-passing
based parallelization between the nodes. The standard library for message pass-
ing is MPI[8] OpenMP[9] has become the standard for thread based program-
ming for scientific applications.

Obviously, the share of common data structures on shared memory nodes
can reduce the amount of required memory. More important is the reduction
of the communication. Every parallel implementation has a maximum speedup
limited by its serial parts. In our non trivial particle codes the major serial part
is the (often collective) communication. A hybrid implementation reduces the
amount of transferred data because the communication of shared data on the
SMP nodes is implicit.

But the communication itself is faster, too. A simple test shows this for the
MPI-Allgather call. We distribute a 200 MByte data array on the Hitachi SR8000
between all nodes. K is the number of nodes.

In the first test (pure-MPI) a MPI process runs on every SR8000 processor.
The K × 8 processors send and receive 200/(K× 8) MByte to/from each processor.
In the second test (Hybrid) the same amount of data is just sent between the
master threads of each node and thus each call sends and receives 200/K MByte
to/from each node (other non-master threads are idle).

The numbers in the table are the time for 50 MPI-Allgather calls in seconds
on the SR8000-F1 at the HLRB in Munich.

Pure-MPI
Hybrid

K=1
16
10

K=2
51
15

K=4
97
20

K=8
126
21

K=16
172
22

K=32
200
21

One can see a big difference between the hybrid communication (compara-
ble to the hybrid programming model with implicit intra-node communication)
and the pure-MPI communication model with explicit MPI intra-node commu-
nication. Because the inter-node communication should be independent of the
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parallelization strategy for a good implemented Allgather call, for K > 1 one
would expect for K > 1 the same 16 to 10 ratio of the K = 1 case (showing
the time of the intra-node communication and the overhead for 8 times more
messages). Instead, for the K = 32 run, the hybrid programming model is 8
times faster.

3.1 OpenMP

We chose OpenMP to keep the implementation portable. Compilers for OpenMP
are available on all important hybrid platforms including Hitachi SR8000, NEC
SX5/6 and Linux (Intel C++ or Portland Group compilers). OpenMP has ad-
vantages over explicit thread programming, for example POSIX threads. First,
it annotates sequential code with compiler directives (pragmas) allowing an in-
cremental and portable parallelization. Non-OpenMP compilers ignore the direc-
tives. Second, POSIX threads require to implement parallel sections in separate
functions and functions with more than one argument need wrappers, since the
POSIX threads API supports only one argument. OpenMP allows joining and
forking threads at arbitrary positions in the source code.

3.2 HPF

A complete different approach is using a HPF compiler such as the Vienna
Fortran Compiler, which is able to generate hybrid code. If a code is parallelized
with HPF and performs well on a message-passing architecture this can be an
interessting option. Since our code-base was written in C and there was a MPI
parallelisation, this was no option for us.

4 The SPH Method

An important particle method used in the CRC 382 is Smoothed Particle Hydro-
dynamics (SPH). SPH is a grid-free numerical Lagrangian method for solving
the system of hydrodynamic equations for compressible and viscous fluids. It
was introduced in 1977 by Gingold [3] and Lucy[7]. It has become a widely used
numerical method for astrophysical simulations. Later, the method was also ap-
plied to other problems such as the simulation of a fluid jet to model the primary
break-up of a diesel jet as it is injected into the cylinder of an engine [2].

Rather than being solved on a grid, the equations are solved at the positions
of the pseudo particles, representing a mass element with certain physical quan-
tities while moving according to the equations of motion. Due to the mesh-less
nature of the method, SPH is well suited for free-boundary problems and can
handle large density gradients.

Each particle interacts with a limited number of particles in its neighborhood.
Because the particle positions and therefore the neighbor interactions change
after each time-step one cannot find a perfect load balancing and domain de-
composition for the parallelization in advance. Instead, a reasonable fast and
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communication optimized domain decomposition, which must be applied after
every time-step is crucial. The general parallelization strategies are explained in
more detail in [5].

5 Hybrid Implementation

The hybrid implementation is an extension of the ParaSPH library for particle
simulations. ParaSPH is written in C and parallelized with MPI. The library
separates the parallelization from the physics and numeric code. The interface
between the library and the application is optimized for particle simulations.
The library provides an iterator concept to step through all particles and their
neighbors and later communicates the results.

In parallel mode, the library transparently distributes the work amongst all
processors. Every local iterator processes only a subset of all particles. The code
performs well on machines with a fast message passing network. We tested the
code on Cray T3E, Hitachi SR8000, IBM SP and a Linux cluster.

For the hybrid implementation, OpenMP is used for the inner intra-node
parallelization. MPI is still used for inter-node communication. To achieve a
better portability, because not all MPI implementations are thread safe, only the
master thread calls the MPI library. The performance penalty is small for our
applications, since the expensive communication calls are collective operations.

Experiments showed, that it is necessary to optimize the load balancing.
Therefore, we introduced two different balancing strategies. The standard load
balancer for distributed memory is used only for a coarse load balancing between
the nodes. For the fine balancing on the node, the user can choose between
two new balancers, a fixed load balancing and a dynamic master-worker load
balancing. The master-worker algorithm promises the best load balancing for
inhomogeneous problems, because of its inherent load-steeling. The disadvantage
is the worse cache utilization, because the data is not bound to a specific CPU for
successive runs over the particle list. For SPH simulations with a fixed number of
neighbour interactions, the static load balancing is faster. One may consider the
dynamic load balancer for computations with a variable number of interactions
and large density gradients.

From OpenMP, we used 15 parallel pragmas, one barrier pragma and one
threadprivate pragma. We also need two additional locks to protect internal
structures.

The first version, ParaSPH frequently called sections with a critical region
and showed a bad performance on the SR8000. Explicit locking instead of critical
regions improved the performance only a little. Lock-free implementations of the
static load balancer and iterator fixed the problem. We setup up an independent
particle list with its own iterator for each thread and omit shared counters and
pointers.

Another problem was a compiler flaw in the Hitachi OpenMP implementa-
tion, if the program uses a local constant value like
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The compiler generated a shared variable together with an initialization for
every run through the local code section instead of using an immediate value or
a register. The cache trashing leads to a two times slower code.

On the Linux platform, we used Intel’s C++ compiler. We had to replace the
threadprivate directives by explicit memory allocation for every thread, because
the threadprivate directive triggers a compiler bug.

No additional code change was necessary to instrument 95% of the parallel
code with OpenMP. But 5% remaining serial code limits the speedup to about
6 on one Hitachi node with its 8 CPUs per node. So, we redesigned parts of
the code to increase the parallelization ratio. The strategy was to first identify
the hot spots in the remaining 5% and find a lock-free implementation. Most
parts need minor changes to omit necessary locks or heavy usage of shared data
structures. For the remaining parts with no lock-free alternative, we tried to
optimize the serial code itself to reduce the run time. With these changes we
gain a parallelization ratio of about 98% compared to the pure-MPI version.

6 Results

Our standard application – a typical astrophysical problem of an accretion disk
– is a 2-dimensional SPH simulation with 300 000 particles and 80 interaction
partners per particle. This medium sized simulation requires about 900 MBytes
of memory on one node. One integration step needs about 74 seconds on one
Hitachi node (8 processors, pure-MPI mode). Large production runs use more
particles and are often calculated in three dimensions. They usually need 1000
or more integration steps resulting in several days of computation time on eight
CPUs and weeks on one CPU.

6.1 Hitachi SR8000 Single Node Performance

First we compared the performance of the hybrid and pure-MPI code on one
SR8000-F1 node. We used the hybrid version for this test, although there is no
message-passing. The application was about 25% slower (95 sec. compared to 74
sec.).

We found three main reasons for the performance impact of the hybrid ver-
sion.

Serial Parts. The code is not fully annotated with OpenMP instructions. There
is a small serial part, which is not present in the pure MPI version. This causes a
performance decrease especially on machines with a great number of processors
per node like the SR8000. In hybrid mode, the serial part is a fixed overhead
over pure-MPI parallelization. For the SR8000, the remaining 2% serial code in
ParaSPH result in a performance decrease of about 14%.
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OpenMP Overhead. Similar to the serial overhead is the OpenMP overhead
itself (thread creation, locking of critical sections) together with some additional
parallelization work (for example the fine load balancing described above). Flaws
in the OpenMP compiler may additionally decrease performance and are difficult
to find. Usually, the generated assembler code has to be verified after identifying
the problem with a profiler.

Cache. The parts computing the physical quantities have a near perfect hybrid
parallelization (no serial code) together with a near perfect load balancing (about
99%) But unfortunately, the total computing speed of the physical part is much
slower in hybrid mode. When we monitor the number of data load/stores and
the data cache-misses we get a near equal number of load/stores but 3 to 4 times
higher data cache-misses. The reason is not yet investigated. There is no simple
reason, since the intra-node load balancer tries to schedule the same load to the
same thread for successive runs over the particle list and concurrent memory
access of the same data exists only for reading (causing no cache-trashing). Only
data writes from different threads may fall into the same cache line resulting in
a higher cache miss rate.

6.2 Linux Cluster Single Node Performance

We used gcc for the pure-MPI version and Intel icc for the OpenMP version.
The Intel icc is about 4% slower than the gcc in pure-MPI mode.

So, we expect only a little difference between the pure-MPI and the hybrid
version for the Linux Cluster with only two processors per node. The reality was
different. The hybrid version is 30% slower on one node than pure-MPI.

The reason may be a again a much worse cache utilization discussed in
the section above. Additionally, the Linux kernel may frequently reschedule the
threads on different processors while MPI processes are better stuck to one CPU.

6.3 Parallel Speedup

Figure 1 shows the speedup comparison of the pure-MPI and the hybrid paral-
lelization for different processor numbers. Now the inter-node communication be-
comes important. On the SR8000 with 8 processors per node the hybrid speedup
for large node numbers is much better. There is only little difference between the
two strategies on the Linux cluster. “Physics” is the computation of the physical
quantities including their communication. It shows a linear hybrid speedup until
256 CPUs. Since it contains communication, there is no linear speedup for larger
node numbers. For pure-MPI, the “Physics” is the dominant part while for hy-
brid the parallelization overhead (without communication) is dominant. On the
Linux cluster one can see a super-linear speedup for the “Physics” curve. The
reason is the increasing cache efficiency. The smaller per-processor problem sizes
for large processor numbers result in a better cache reuse. The effect is smaller
for pure-MPI, since one node cache efficiency is higher.
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Fig. 1. Speedups using different parallelization strategies on Hitachi SR8000 (left) and
the Linux Cluster (right).

The reduced communication is the reason why the hybrid version is faster
than the pure-MPI version for large node numbers (see 2). The time consuming
call in the communication part is a MPI_Allgather and (after a code change)
several calls to MPI_Allgatherv together with some post processing to reorganize
the received data. In the Allgather-test in section 3 we sent the same amount
of data independent of the number of nodes. For the SPH method, the amount
of data sent to the neighbors even increase with the number of nodes, because
the interaction area between the domains increases compared to the domain
size. On the SR8000 the hybrid communication time is near constant for large
node numbers, while the pure-MPI communication significantly increases for
more than 128 processors. On the Linux Cluster, there is only little difference
between hybrid and pure-MPI parallelization.

Fig. 2. The communication is the reason for the limited speedup in pure-MPI mode
for large node numbers.
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6.4 Memory Consumption

The SPH method with its neighbour interactions shares a lot of data between
processor domains. The advantage of reducing the number of domains for the
memory consumption is obviously. While there is only little thread overhead, a
pure-MPI run on one SR8000 node takes about the same amount of memory
as a hybrid job on 8 nodes. The exact reduction depends on several simulation
parameters. A good approximation is that we can double our problem size by
switching to hybrid mode.

7 Related Works

The comparison of a pure-MPI with a hybrid OpenMP/MPI programming
model is done in [1] for the NAS benchmark on a IBM SP. To achive a good
hybrid implementation the NAS benchmark is profiled to find loops for OpenMP
parallelization. Comparing only computation time, the pure-MPI version is near
always faster. There are only advantages for the hybrid version, if communication
time dominates the benchmark.

In [10] there is an extensive comparison of different hybrid programming
models. The author compares hybrid-masteronly, hybrid-multiple and pure-MPI
communication on several parallel platforms. The author concludes, that on
some platforms (for example IBM SP) only a hybrid-multiple programming style
can achive full inter-node bandwith because a single CPU cannot saturate the
network unless the MPI library itself uses a thread based model to optimize the
communication.

Henty [4] presents the results of a hybrid implementation of a Discrete El-
ement Modelling (DEM) code. The author made similar experiences, that a
scalable hybrid implementation is not achieved without effort. Worse cache uti-
lization and locking in a thread based parallelization reduces overall performance.
Therefor, the pure-MPI parallelization of the DEM code is better than a hybrid
model for a cluster of SMPs. The load balancing advantages of a hybrid code
cannot compensate the penalties.

8 Conclusion

A simple instrumentation of a MPI parallelized code with OpenMP usually re-
sults in a worse performance, because it is not always possible to find a simple
thread based parallelization for a message-passing based code. Since locks are
very expensive, at least on the Hitachi SR8000, it is important to have a lock-
free implementation. We gain a parallelization rate of about 98% with simple
OpenMP instrumentation together with minor code rewrites and explicit opti-
mization of serial parts.

With these enhancements, a hybrid parallelization is possible. It has serveral
advantages over pure-MPI such as reduced memory consumption and can in-
creased performance for larger node numbers on machines with bigger SMP



Parallel Hybrid Particle Simulations Using MPI and OpenMP 197

nodes such as the 8-way Hitachi SR8000, while there is no performance ad-
vantage or even a disadvantage over pure-MPI parallelization for small node
numbers or machines with only 2-way SMP nodes. The reasons are a worse
cache efficiency, thread scheduling problems together with compiler flaws and
inefficient implementations of some OpenMP features.

For large node numbers the parallelization profits from the reduced com-
munication overhead in hybrid mode. For the SPH method, one can achieve a
speedup of about 257 on 512 CPUs and 346 on 1024 CPUs while the pure-MPI
version is limited to a speedup of about 120 on 256 CPUs on the Hitachi SR8000.

The future work is to further investigate the reason for the reduced cache
utilization of the hybrid parallelization and to provide a hybrid version with
good performance for small node numbers, too.
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Abstract. Choosing a memory consistency model is one of the main de-
cisions in designing a Distributed Shared Memory (DSM) system. While
Sequential Consistency (SC) provides a simple and intuitive program-
ming model, relaxed consistency models allow memory accesses to be
parallelized, improving runtime performance. In this article we compare
the performance of two multithreaded memory coherence protocols. The
first protocol implements Home-based Lazy Release Consistency (HLRC)
memory semantics and the second one implements SC semantics using
a MULTIVIEW (MV) memory mapping technique. This technique en-
ables fine-grain access to shared memory while using the virtual memory
hardware to track memory accesses. We perform an “apple-to-apple”
comparison on the same testbed environment and benchmark suite, and
investigate the effectiveness and scalability of both these protocols.

1 Introduction

A Distributed Shared Memory (DSM) system provides the distributed applica-
tion with an abstraction of the shared address space in such a way that all data
stored in this space is shared between all nodes in the cluster. Generally, each
node uses its local virtual memory as a cache of the shared memory, often iden-
tifying the presence of data in the local cache by utilizing the virtual memory
hardware. If the data is located on a remote node, the DSM system is responsi-
ble for fetching it, while maintaining the correctness of the shared memory. This
concept was first proposed by Li and implemented in the first software DSM sys-
tem, named IVY [1]. In order to keep the cache in a coherent state, the shared
data is grained to atomic segments, like lines in a real cache. These segments are
called coherency units.

A formal specification of how memory operations appear to execute to the
programmer is called a memory consistency model. Since the introduction of
Lamport’s now-canonical sequential consistency (SC) model [2], various consis-
tency models have been proposed by researchers [3, 4]. The idea of these models
is to postpone the propagation of coherence information until synchronization
points are reached. There are two types of synchronization operations, ACQUIRE
and RELEASE, used respectively to obtain and yield exclusive access to shared
data.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 198–205, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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Lazy Release Consistency (LRC) [4] is a refinement of the Release Consis-
tency (RC) model [3]. The RC model requires that shared memory accesses be
performed globally upon a RELEASE operation only. The idea of LRC is to make
those accesses visible only to the processor that acquires a lock rather than
perform all operations globally. False-sharing is alleviated by allowing different
processes to access the same page simultaneously if these operations are not
synchronized. A home-based implementation of LRC (HLRC) was proposed by
Iftode [5]. In this implementation each shared page has an assigned home node.
This home node always hosts the most updated contents of the page, which can
then be fetched by a non-home node that needs an updated version.

2 Contribution

This work compares the runtime performance of two memory coherence proto-
cols: a multithreaded implementation of the HLRC model and an efficient mul-
tithreaded implementation of the SC model that uses a MULTIVIEW [6] memory
mapping technique. Both coherence protocols are implemented within

the same DSM system, where all code that is not consistency-specific

is used by both protocols. We use the same benchmark suite, where all ap-
plications produce the same output for both tested protocols. We show that an
efficient implementation of the SC memory model can match the performance of
the HLRC coherency protocol for the majority of tested applications. We analyze
the impact of multithreading on DSM performance and show that the majority
of tested applications improve their performance in the multithreaded mode.

3 Implementation

Our implementation is based on a MILLIPEDE DSM system [6]. MILLIPEDE im-
plements a technique called MULTIVIEW, which allows an efficient implementa-
tion of SC and fine-grain access to the shared memory. MULTIVIEW can com-
pletely eliminate false sharing, treating each shared variable as a coherency unit.
If false sharing is to be eliminated, the DSM system must be aware of the size
of each shared variable, and this information is naturally supplied by an appli-
cation via allocation requests. That means that each variable must be allocated
separately, and generally requires only a small change to an application source
code. A small size of a coherency unit can result in a large number of faults. An
application’s data set can be allocated by chunks of few variables as a trade-
off between false sharing and data prefetching. Generally, there is an optimal
allocation pattern for each application that results in a minimal execution time.

Niv and Shuster [7] proposed a mechanism that automatically changes the
shared memory granularity during runtime. This mechanism, called the dynamic
granularity was proven to be a successful technique for improving MULTIVIEW’s
performance. It is based on a history of shared memory accesses and aggregates
variables in larger coherency units when the application accesses them coarsely.
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When different nodes start to request different parts of this large coherency unit,
it is disassembled to separate variables.

Our complementary work [8] details the efficient implementation of the HLRC
memory coherence protocol that supports preemptive multithreading. Previous
HLRC implementations proposed non-preemptive multithreading [9] or creating
a process for each CPU in an SMP node [10, 11]. The only HLRC implementation
that supports preemptive threads is mentioned by Antoniu and Bougé in [12].

The protocol is implemented over the Virtual Interface Architecture (VIA)
[13] – a standard architecture for high-speed networking. The implementation
details are not provided here for lack of space. To make a real “apple-to-apple”
comparison, we port a previous version of MILLIPEDE to this communication
layer in order to evaluate both protocols on the common substrate.

4 Performance Evaluation

In this section we compare and analyze the performance of two multithreaded
shared memory coherence protocols: SC implemented with MULTIVIEW (further
denoted as SC/MV) and HLRC. Our testbed environment is a cluster of twelve
Compaq Professional Workstations AP550. Each node is an SMP PC with two
733MHZ Pentium-III processors, a 512KB L2 cache, a 512MB physical memory
and a 32-bit/33MHz PCI bus. All nodes run the Win2000 operating system. The
cluster is interconnected by the ServerNet-II [14] VIA-based network.

We also investigate the effect of chunk allocation in order to estimate the
potential of the SC/MV technique and discover the best static granularity for
the particular application. In addition, we try to estimate how the dynamic
granularity change can boost the performance of the MULTIVIEW technique.
Our system does not support the dynamic granularity protocol, but we try to
estimate the runtime performance for the dynamic granularity on the basis of
results presented in [7]. We estimate the performance gain achieved with dy-
namic granularity versus fixed granularity and the presented results are only an
approximation.

4.1 Benchmark Application Suite

Our benchmark suite consists of two microbenchmarks, NBodyW and NBody;
eight applications from the SPLASH-2 [15] benchmark suite (Barnes, Volrend,
LU, Water-nsq, Water-sp, FFT, Radix and Ocean); and TSP and SOR from the
TreadMarks [16] benchmark applications.

NBodyW is a microbenchmark that imitates a kernel of n-body applications.
The program operates with a large set of 64-byte bodies and performs three
phases as follows: (1) Each of the P application’s threads reads the entire set
of bodies. (2) Each of the P application’s threads processes and updates 1/P
of the bodies. The processing of a body is simulated by a constant-length busy
loop. (3) A single thread updates all the bodies (sequential phase). NBody is
a shortened modification of NBodyW that contains only the first two phases.
Hence, this application contains one coarse phase and one fine phase.
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A detailed description of the other benchmarks can be found in related papers
and is not provided here for lack of space. Table 1 summarizes input data sets
and memory sharing characteristics of all tested benchmarks.

4.2 Performance Analysis and Comparison

Fig. 1 summarizes the speedups obtained for all applications, with one thread
running on each node. We can divide the tested benchmarks into three groups,
according to their performance with each of the two memory coherence protocols
mentioned above.

The first group contains the majority of tested applications, for which the
SC/MV protocol matches HLRC’s performance, or for which the gap between
the two can be eliminated by using the proper granularity level or dynamic
granularity protocol. These applications are: NBody, NBodyW, Volrend, TSP,
Water-nsq, Water-sp, Radix and FFT.

The second group comprises three applications: SOR, LU and Ocean, which
achieve a better speedup with the SC/MV protocol. HLRC’s poor performance
for these applications is due to the excess coherence operations that are required
by the consistency model but not justified in this specific case. Generally, these
operations are performed on barriers, when all threads are notified about modi-
fications performed by all other threads. Nevertheless, each thread processes its
own part of a data set and is not interested in the modifications of other threads.

To the third group we ascribe Barnes only. For this application, the HLRC
coherence protocol significantly outperforms the SC/MV, and this gap cannot
be bridged by optimal or dynamic chunking levels. Dynamic granularity does
improve the SC/MV protocol’s performance, but it is still a long way from that
of HLRC.

Investigating the impact of multithreading on DSM performance, we found
that while generally beneficial, multithreading can also be detrimental in some
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Fig. 1. Speedup comparison for all tested applications. The speedup is measured as
the relation between the serial execution time and the minimal execution time on a
12-node cluster, where each node runs only one application thread.

cases. First of all, there are sequential phases performed by a single thread (as
in NBodyW, Volrend and LU) or phases where the same task is performed by
all threads regardless of their location, as in the first phase of NBody(W). Fur-
thermore, multithreading does not always provide computation-communication
overlap and can lead to increased contention in the shared memory protocol and
communication layer. Consequently, multithreading affects all applications to a
different extent, as can be observed from Fig. 2. In summary, the HLRC proto-
col benefits from multithreading, with an average performance improvement of
35.5%. The SC/MV protocol without optimized allocation improves its perfor-
mance by 21.9% on average. With the optimized allocation pattern, the SC/MV
protocol gains 30.7%.

5 Conclusions

The coherency state information that must be kept by the SC/MV protocol is
quite simple. Only the presence of all page replicas must be tracked. In con-
trast, the HLRC protocol is much more memory-consuming and cumbersome.
Tracking the causality relation between memory accesses requires complex data
structures that must be referenced by different threads. This requires a very
accurate mutual exclusion mechanism to keep the state data valid.

If data has to be fetched from a remote node as the result of a fault, this will
always take one round trip in HLRC – a request message is sent to a home node
that answers with the requested content. In the SC/MV protocol, however, this
operation generally takes three messages. The first message is sent to a manager
(if the faulting node is not the manager itself), and the second is forwarded by
the manager to the page owner (if the manager is not the owner itself), which,
in turn, replies to a requester. This results in a more costly fault in the SC/MV
implementation. It should be noted that although chunk allocation increases the
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Fig. 2. Speedup gain from multithreading. The presented measure is the difference
in the speedup achieved on a 12-node cluster with each node running one vs. two
application threads.

average cost of a fault (due to the increased portion of data that must be sent
to the requester), the overall number of faults is reduced, alleviating page fault
overhead.

We found that the average speedup of the HLRC protocol is 5.97, while the
average speedup of the SC/MV protocol with non-optimized allocation is 4.5.
This means that HLRC exhibits a 32.7% performance advantage over a non-
optimized SC/MV. Considering the best possible allocation pattern for each
application, we raise the average speedup of the SC/MV protocol to 5.6, which
is very close to the average HLRC speedup. This decreases the HLRC perfor-
mance advantage to only 6.6%. Taking into account the speedup achieved by the
SC/MV protocol if the granularity is changed dynamically at runtime, we get
an average SC/MV speedup of 6.2.

6 Related Works

Dwarkadas et al. [17] compared the Shasta [18] (SC) and Cashmere [19] (RC)
DSM systems, both of which were tuned to run on a cluster of four-CPU 400 MHz
multiprocessors connected via a Memory Channel network. The authors con-
cluded that for the eight applications that were written and tuned for hardware
DSM systems, Shasta performed 6.1 times better than Cashmere. For the five
programs that were written or tuned for page-based DSM, Cashmere performed
1.3 times better than Shasta. When all the tested applications were optimized
separately for both coherence protocols, Cashmere performed 1.15 times better
than Shasta. Both of the aforementioned protocols differ from those investigated
in our study, and we ran our DSM on nodes with more powerful CPUs. Never-
theless, the results confirm our conclusion that the SC protocol, if implemented
efficiently, performs no worse than relaxed memory consistency models. In addi-
tion, Shasta and Cashmere are two completely different DSM systems: they differ
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not only in coherence protocols but also in implementing services such as syn-
chronization primitives, communication, and the tracking of memory accesses.
We implement both coherence protocols within the same DSM system where all
code that is not consistency-specific is used identically by both protocols.

Additional research was conducted by Zhou et al. [20] on a noncommodity
hardware system that supports access control at custom granularity. This allows
the use of a uniform access control mechanism for both fine-grain and coarse-
grain protocols. The authors tried to find the best combination of granularity
and consistency protocols for different classes of applications. Three consistency
protocols with four sizes of coherence granularity were tested: SC, single-writer
LRC, and HLRC. The results show that no single combination of protocol and
granularity performs best for all the applications. A combination of the SC proto-
col and fine granularity works well with 7 of the 12 applications. The combination
of a HLRC protocol and page granularity works well with 8 of the 12 applica-
tions. It should be noted that the testbed environment used in [20] consisted
of 66MHz processors, while our processors are an order of magnitude faster. In
contrast to this study, we use standard hardware to implement DSM protocols.

Keleher [21] compared single- and multiple-writer versions of the LRC pro-
tocol, and the SC protocol, all implemented in the CVM software DSM system.
Keleher found that the multiple writer LRC protocol performs an average of
34% better than the SC protocol. While not specified, the SC protocol used
in this study is probably a page-based protocol and therefore cannot perform
well for applications that use fine-grain data sharing. Nevertheless, it performs
well for coarse-grain applications like FFT and LU. The results show that the
SC protocol performs like multiple-writer LRC for FFT and outperforms it for
LU. This confirms our results for these applications. The use of slow (66MHz)
processors make it difficult to compare this study to our research.
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Abstract. In the era of future embedded systems the designer is confronted with
multi-processor architectures both for performance and energy reasons. Exploit-
ing (sub)task-level parallelism is becoming crucial because the instruction-level
parallelism alone is insufficient.
The challenge is to build compiler tools that support the exploration of the task-
level parallelism in the programs. To achieve this goal, we have designed an
analysis framework to estimate the potential parallelism from sequential object-
oriented programs in Java.
Data-access analysis is one of the crucial techniques for estimation of the trans-
formation effects. We have implemented support for platform-independent data-
access analysis and profiling of Java programs. Herein, we focus on the technique
for design-time data-access analysis. It complements our earlier work on paral-
lel performance analysis. We demonstrate the feasibility and effectiveness of our
approach on a number of Java applications.

1 Context and Related Work

Data-access and communication analysis for parallel programs is an important topic,
as motivated in the abstract. We can identify two main categories: data-access analysis
for single-processor platforms with memory hierarchy and communication analysis for
parallel programs on multi-processor platforms.

We have been partially inspired by work of Ding and Zhong [4], who introduce
platform-dependent, run-time monitoring of data accesses. This approach is based on
compiler-directed instrumentation of single-threaded C programs. A similar approach
for data-access analysis has been introduced by Bormans et al. [5] They use design-time
data-access analysis to identify all possible data-accesses in the sequential C programs.
Afterwards, the executable specification is profiled and the data-access traces generated.
Leeman et al. [6] introduce a technique for data-access profiling for power estimation.
They use method-level data-access summaries, which are inserted into the program
code at design-time so that the run-time system can gather the data-access traces for
arbitrary data types. We distinguish from these approaches in the following way: first,
we have introduced the concept of parallel execution [15], which allows the designer to
perform parallel program analysis without the previous mapping to the target platform,
and second, we have introduced the concept of parallel communicating tasks [16] for
which we analyse the computation as well as communication cost.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 206–213, 2004.
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In the area of parallel systems, the research focus has been mainly on communi-
cation analysis and optimisation. These approaches usually require explicit communi-
cation between the tasks. Miller et al. [10] have introduced Paradyn - parallel perfor-
mance measurement tools. It focuses on the profiling and post-processing of profile
information for long-running large-scale programs written in high-level data-parallel
languages. Haake et al. [11] have introduced a similar approach, but they have imple-
mented profiling support for the Split-C programs with Active Messages. It is based
on fine grain communication profiling while the program traces are post-processed off-
line. Another approach, implemented by Vetter [9] analyses the performance of parallel
programs with message passing communication. The main contribution of this work is
in the classification of communication inefficiencies, i.e., it is a post-processing phase
of performance analysis that gives the designer concise and interpreted performance
measures. Chakrabarti, et al. [7] introduce communication analysis and optimisation
techniques for High-Performance Fortran programs. Even though the approach includes
performance analysis, the main focus is on the optimisation of the global program com-
munication. We distinguish from the previous approaches by introducing automated
data-access analysis support for high-level programming languages. Additionally, these
approaches are intended for a platform-specific performance analysis for particular ma-
chines, as opposite to our platform-independent analysis.

We believe that the approach introduced by Tseng [8] is one of the closest to
our work. The technique focuses on communication analysis for machine-independent
High-Performance Fortran programs, and provides application-oriented analysis of the
communication in the parallel programs. We, on the other hand, introduce design-time
data-access analysis for high-level concurrent object-oriented programs. Moreover, we
introduce the above mentioned concept of parallel-execution environment with support
for performance and data-access profiling.

2 Parallel-Performance Analysis Framework for Java

The proposed performance analysis tool is based on a concept of parallel-execution
time [15,16], which allows one to abstract specific architectural features of the plat-
form. The concept is used to simulate parallel execution of program tasks while the
program is actually executed on the underlying platform, which does not need to be the
final target platform. The tools work as follows. Firstly, the program is automatically
transformed based on designer’s input constraints. This phase consists of two comple-
mentary transformations: parallel performance analysis and data-access analysis. Sec-
ondly, the parallel program execution is simulated and profiled. Finally, the profiling
information is analysed and interpreted to provide the designer with a more convenient
form of profiling output.

Herein, we focus on the design-time data-access analysis. The analysis identifies all
potential data-accesses which are then profiled at run time. For this purpose, we define a
data-access model (Figure 1) that consists of main execution thread, number of separate
threads and shared data. The implementation of the transformation passes as well as
intra and inter-procedural program analysis is based on the existing transformations in
the SOOT optimisation framework [1].
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3 Design-Time Data-Access Analysis

The data-access model (Figure 1) is used as a representation for modelling the accesses
to the data shared between different program tasks present in a sequential or parallel
program. Therefore, it serves as the conceptual base for the design-time data-access
analysis. The data-access model consists of the following components: main-program
thread, separate threads/methods and shared data. No cache memories are included yet
this extention is possible. All shared data belong to main method and they are stored
in the shared-data section. The separate methods require an amount of data to be read
from the shared-data section before they can proceed with execution. On the other hand,
the methods generate and write an amount of data to be stored back to the shared-data
section.

Fig. 1. Data-access model: a shared memory communication model of an abstract architecture,
used in the data-access analysis to separate local and non-local accesses of separate threads

The designer specifies a set of separate methods, and the analysis identifies all the
accesses performed on the shared data. To achieve this, it traverses the corresponding
parts of the program representation based on a method-call graph (Figure 2). In the case
of a polymorphic method call the analysis resolves all method call candidates while
only one of them is selected and profiled at run-time. The analysis identifies all the data
created outside the scope of a separate method, and accessed within its scope. Based
on the Java programming language specification [2], access to this shared data can be
performed only via method parameters        - list of parameter for method M), class
members    - list of class fields) and return statements We can conceptually
split the data-access analysis into two parts: data-read and data-write analysis:

The data-access analysis algorithms are implemented recursively because of their
iterative nature without manifest bounds on the exploration depth. The upper bound
of computation complexity of the algorithms is for forward pass
and for backward pass, where is number of methods selected
by designer, is number of methods accessed from selected methods for data
read (resp. write) and is number of shared data which are read (resp. written)
within the scope of selected methods. However, we have not observed this worst-case
behaviour in analysis of tested programs.

The data-access analysis identifies and distinguishes three groups of data types:

primitive type short, integer, long, float, double,
reference type Array Reference,
array type 1.

1 The Java arrays implement distinct concept within the Java language so we consider them a
special case of the reference type.
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Fig. 2. Example: the data-access analysis identifies all possible read and write accesses from
thread’s local scope to shared-data section, where M0() is the separate (or thread’s main) method.

3.1 Forward Data-Read Analysis

The data-read analysis identifies the read accesses to the shared data resulting in purely
forward recursive traversal of the program representation. The potential candidates
for the data-read access are only method parameters and class members. The anal-
ysis consists of the following steps: analysis of method calls for own class methods
(ClassMethods), analysis of method parameters and analysis of class members

accessed within each separate method.

Method clone(M) creates a clone of given method M with unique thread iden-
tification tag. Each top-level method and sub-graph of the method-call graph accessed
from this method is identified by an identification tag. Method is analysed if it is
invoked with M method body and it is a method implemented
with the same class

Method FieldList.identify(Field, Method) identifies and resolves given class
member within global program scope. The analysis uses this global information to re-
solve accesses to all members of given classes. Thus, it removes aliasing of the members
which is introduces by assignments in different methods of the program. This alias re-
moval results in minimal and realistic data-access patterns. As shown below, the same
method is used for the data-write analysis that results in accurate information on read
and write accesses to all the class members.

The algorithm enters method for each of the method param-
eters and class members used within M method body
The method analyses the given argument based on its type (primitive reference
or array as follows.
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Call to addRdType(Method, Parameter, Type) does the actual code annotation
for later use in other phases of program transformation. The method adds parameter-
specific annotation to the code segment of cloned method The annotation consists
of parameter name and type or Each data (parameter or member)
is assigned a unique global identification tag that it is identifiable within the global
program scope, i.e., for all the separate methods.

In the case of array data type the analysis annotates all array elements
accessed withing the method body Thus, the annotation made
by method includes also the actual array index, e.g., if the
annotated program is later profiled the actual index value is identified, which results in
a detailed data-access trace for the arrays.

Method ArrayList.identify(Array, Method) has similar usage as FieldList
method yet it resolves even method-local array data. This way, the analysis keeps global
information on the accesses to individual array elements that results in alias removal on
the level of array elements.

3.2 Backward Data-Write Analysis

The data-write analysis traverses the representation forward until it finds any write ac-
cess to a shared data then it starts a backward traversal to identify the origin of the data
assignment. Furthermore, it inspects all potential accesses to this data. Thus, it uses
the forward analysis to resolve all read accesses to this newly identified data which is
eventually written into shared-data section. The potential candidates are non-primitive
method parameters, class members, and return statements.

The method is defined as follows.
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Method is called for each assignment
of a reference, array and array element. Based in the result of its analysis an

appropriate method annotation is made

Method traverses the program representation backwards to search
for the original assignment of the given data It returns true only in case of true
local assignment, i.e., if the given data was created locally within the scope of given
separate method.

In the case of definition by parameter if the analysis
operates in the representation of a particular separate method (SeparateMethods) the
returned value is false and no further analysis is needed. This situation corresponds to
assignment from input parameter of the given separate method to its output data, which
means that no actual read and/or write access is performed.

Design-time data-access analysis traverses all potential method calls in the sub-
graph of the method-call graph while performing alias checks to isolate given data
structures and thus provide accurate information on potential data accesses in the pro-
gram.

4 Experimental Results

In experiments accomplished we have focused on the usability of the proposed frame-
work [16]. We have used the host platform and corresponding memory model[3] to
obtain the absolute timing information for program execution and data communication
while the main interest of our platform-independent program characterisation is in the
relative comparison between them. The data communication timing is calculated as a
product of the number of memory accesses and data-access timing for the above refer-
enced memory model.

For the evaluation of the performance analysis framework we have used a 3D ap-
plication [13], an MPEG video player [12] and the following set of applications from
the Java Grande Forum Thread Benchmark Suite [14]: JGFCrypt, JGFSparseMatMult,
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JGFRayTracer and JGFMonteCarlo. The results of the performance analysis can be in-
terpreted as follows (Table 1): data-communication time is calculated separately
for concurrent and sequential data accesses to the shared-data section
The total execution time is a sum of execution time and data-communication time.
Thus, the achievable speed-up ranges from the speedup for random data-access model

to the speedup for page-mode data-access model For comparison reasons
we present also speedup for an ideal reference data-communication overhead).

An example of application with heavy data communication is the MPEG video
player. Based on the interpretation of the analysis results (Table 1, we see
that in case of random data-access mode, the communication corresponds to 31% of
the total execution time. Thus, compared to the ideal reference the realistic
speed-up is considerably degraded Another example of such an applica-
tion is JGFSpareMatMult (Table 1, On the other hand, an example of less
data dominated application is the JGFMonteCarlo benchmark programs. Even though,
the program complexity is similar the communication time ranges from 0.3 - 6.3%.
Thus, the final speedup (ranging from 2.92 to 3.11, with reference speedup of 3.12)
does not depend on the data-communication as heavily as in the previous example.

The execution time of the data-access analysis tool ranges from 245 ms for JGFS-
parseMatMult program (2 analysed methods and 11 identified data accesses) to 33798
ms for MPEG video player (41 methods and 773 data accesses), executed using Sun
J2SDK1.3.1 on desktop PC with Pentium-4 1.6GHz, 640MB RAM. Typical execution
time is in the range of 1 to 4 seconds (programs with 20 to 60 methods and 10 to 140
identified accesses).
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5 Conclusions

We have introduced the design-time data-access analysis which is a crucial part of our
transformation framework for exploration of task-level parallelism in sequential object-
oriented programs. The main difference of our approach compared to related work is
the introduction of the design-time data-access analysis for the programs with shared-
memory communication model. To increase the usability of our technique we have
implemented automatic tool that performs the data-access analysis on Java programs.
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Abstract. This paper presents a theoretical performance analysis of a parallel
implementation of a tool called Performance Evaluation for Parallel Systems
(PEPS). This software tool is used to analyze Stochastic Automata Networks
(SAN) models. In its sequential version, the execution time becomes imprac-
ticable when analyzing large SAN models. A parallel version of PEPS using
distributed memory is proposed and modelled with SAN formalism. After, the
sequential PEPS itself is applied to predict the performance of this model.

1 Introduction

In recent years, the effort of many authors has confirmed the importance of perfor-
mance prediction of parallel implementations. Some authors have presented generic
studies offering options to the performance prediction of parallel implementations [1,
2]. The research community classifies the different approaches in three quite distinct
groups: monitoring, simulation and analytical modelling. This last approach (analytical
modelling), compared to the two first ones, is more rarely employed to achieve parallel
programs performance prediction. This happens due to a frequent misconception: the
most known formalisms to analytical modelling, e.g., Markov chains [3] and queueing
networks [4], are not very suitable to represent parallelism and synchronization. In this
paper, we adopted the analytical modelling approach using a formalism called Stochas-
tic Automata Networks (SAN). The reader interested in a formal description of the
formalism can consult previous publications [5]. The SAN formalism describes a com-
plete system as a collection of subsystems that interact with each other. Each subsystem
is described as a stochastic automaton, i.e., an automaton in which the transitions are
labelled with probabilistic and timing information. The analysis of the theoretical SAN
models is performed by a software package called Performance Evaluation for Parallel
Systems (PEPS) [6]. Although PEPS has proven its usability during the past years, it
presents an important drawback: the execution time to analyze SAN models with too
many states is very often impracticable. Thus, the main contribution of this paper is to

* This work was developed in collaboration with HP Brazil R&D.
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verify the feasibility of a parallel implementation of the PEPS tool using a SAN model,
identifying the requirements and advantages of such approach.

2 PEPS Implementation Analysis

The input of PEPS is a SAN model described in a predefined grammar. The current ap-
plication loads this grammar and builds an equation system using the events rates. The
SAN models allow a better management of the needs for space memory than Markov
Chains, because they are described in a more compact and efficient way. This optimiza-
tion can be carried out due to the use of tensorial algebra [5]. Thus, a model is no more
described by a unique matrix, but instead, by a new structure called Markovian Descrip-
tor. This structure is the kernel of the PEPS tool and it has a significant impact over its
execution time. Considering a network with N automata and E synchronizing events,
the Markovian Descriptor is given by:

In this equation, there are N matrices representing the local events and 2E
matrices representing the synchronizing events, which result in a total of N +
2E stored matrices. The basic operation to solve a SAN model in numeric iterative
methods (like the Power Method, GMRES, etc.) is to multiply a probability vector
by a Q matrix stored in the Markovian Descriptor form. This probability vector assigns
a probability to each one of the states of the Markov Chain
equivalent to the SAN model. Each element of Q may represent a local event or a
synchronizing event. The local events are given by a sum of normal factors. On the
other hand, synchronizing events are given by a product of normal factors [5]. Hence,
the most important point in this descriptor-vector multiplication is to know how one
can multiply normal factors. In spite of the Markovian Descriptor optimization, the
PEPS application still suffers from a performance decline at the same time that the
complexity1 of the model grows (more details can be found in [6]).

3 PEPS Parallel Version

In order to improve the PEPS software tool performance, this paper proposes a paral-
lel version for this tool based on the features of a specific kind of high performance
architecture. To reinforce the usability of this new version, the hardware environment
should be based on an usual and not very expensive (compared to a supercomputer) one.
Following this scenario, the new version is designed to run over a cluster architecture
which has several processors connected by a dedicated fast network.

As seen in section 2, PEPS solves a SAN model using numeric iterative methods.
In order to represent a SAN model, many matrices are created, describing local and

1 Complexity here is related to synchronizing events and states amount.
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synchronized events rates. Another feature of PEPS is that the number of iterations
necessary to make the model converge is different from one input model to another. Due
to this, it is not possible to deduce how many iterations are necessary to determinate
the convergence of a model. The solution proposed here is based on a synchronized
master-slave model. Considering that a SAN model is described as a set of tensorial
matrices (from the Markovian Descriptor, equation 1) and each iteration represents the
multiplication of a probability vector by these matrices, the main idea is to distribute
a set of matrices to each slave and execute the multiplications concurrently. In each
iteration, the master node sends, in broadcast, the vector from the iteration to the
slaves. Each slave takes some time processing its own task, and returns to the master a
piece of the next iteration vector. For each iteration, the master must wait for the results
from all slaves (reduce operation) to combine them into the next iteration vector. Finally,
the master sends this new probability vector in broadcast to the slaves, starting a new
iteration. This procedure will continue until the convergence criteria of the numerical
method is matched.

4 SAN Model for Parallel PEPS

Taking on a parallel point of view, the main relevant states to be modelled using SAN
are those who are focused on processes data exchange and computing time. That hap-
pens because the trade-off between these two features is the key to determine the suc-
cess of the parallel implementation. The SAN model which describes the PEPS parallel
implementation explained in section 3 is presented in Fig. 1. The model contains one
automaton Master and P automata (i = 1 ..P).

Fig. 1. The PEPS SAN model.

The automaton Master has five states ITx, Tx, Rx, Cx and FCx. It is responsible
over the distribution of iteration vectors to the slaves. The states ITx, Tx and Rx mean,
respectively, the initial transmission of the matrices and the first vector to the slaves,
transmission of new iteration vectors to slaves, and the reception of the resulting vectors
evaluated by the slaves. The states Cx and FCx represent, respectively, the time spent to
sum all slaves evaluated vectors and write on file the asked results. The occurrence of
the synchronizing event in broadcasts the matrices and the first vector to the slaves. On
the other hand, the occurrence of the event end finalizes the communication between



Parallel PEPS Tool Performance Analysis Using Stochastic Automata Networks 217

master and slaves. The synchronizing event s broadcasts the vector of the iteration
to slaves. The synchronizing event receives one resulting vector of the slave i. The
occurrence of events can change the state of master automaton or not, depending
on the probability The master will change to Cx state when the last slave sends its
results and goes to Rx state, i.e., the master must wait until all slaves send their results
of the iteration. The Master automaton initializes new iterations or finalizes the
descriptor-vector multiplication by the occurrence of the local event c. In 99% of the
times (represented by the probability the event c will initialize new iterations. On the
remaining time the event c will finalize the descriptor-vector multiplications.

Automaton represents the slave of index where It has four
states: I (Idle), Cx (Computing), Tx (Transmitting) and Rx (Receiving). All slaves start
their tasks when synchronizing event in occurs. Slave i stops processing a task by the
occurrence of the local event The same slave sends its resulting vector to the
master with the synchronizing event When the event s occurs, all slaves start to
compute a new step. The occurrence of the event end finalizes the execution of the
slaves processes.

In order to complete the model representation it is necessary to assign occurrence
rates to its events. The rate of one event is the inverse of the time spent in its associated
state. The occurrence rate of the event end is extremely high because the time spent to
finish a model is insignificant. The occurrence rates of events in and are inversely
dependent by the probability vector size and also by the number of slaves nodes. On the
other hand the rate of the events are only inversely dependent by the probability
vector size. The rate of the events are inversely dependent by the number
of multiplications each slave will perform. This number of multiplications is directly
dependent by the probability vector size and inversely dependent by the number of
slaves nodes. All these rates were obtained through sample programs performed over
the target architecture2, e.g., the time spent by one slave to compute a probability vector
was obtained through a program that simulates the number of multiplications performed
by one slave).

5 Results

The results given by PEPS are steady state probabilities. For instance, the time that
the system stays in state Tx of the automaton Master is equal to the probability of the
system to be in this state. These probabilities are important information to indicate the
amount of time the system will stay in a given state. For a parallel implementation this
information will help to verify if the proposed parallel solution has bottlenecks which
compromise its performance.

Three case studies will be presented next. Each one uses an hypothetical different
input SAN model which differs in the number of states (directly related to the size of
the probability vector). The behavior of the PEPS parallel version will be analyzed for
each input model. Readers must pay attention that the sequential version of PEPS is
used to analyze the SAN model that represents the proposed parallel version of PEPS,
which needs some input SAN models to solve. Another important remark is that for

2 The target architecture is a COW (Cluster of Workstations).



218 L. Baldo et al.

each new slave added, the SAN model of the PEPS parallel version changes because a
new automaton Slave must be added to the model. Thus, the sequential PEPS execution
time to solve the parallel PEPS model strongly increases and that is the reason why we
have carried out experiments with only until seven slaves nodes for each case study.

Table 3, Tab. 4 and Tab. 5 show the state stay probabilities for each case study. The
first important remark is that the probabilities of slave nodes be computing
decline as the number of slaves grows, indicating that more work is done in parallel.
Another interesting result can be observed in the probability of master to be receiving
data from each case study presents a different behavior. In the 16,384
states case study, this probability increases as the number of slaves grows. That happens
because slaves have progressively less work to compute, thus increasing the frequency
they send their results to the master. Therefore, for this size of input model, more than
two slaves seems to compromise the master efficiency. Looking at the same probability
for the others input models (65,536 and 327,680 states) and applying the same analysis,
it is possible to identify the best number of slaves (i.e., the point the master becomes
the bottleneck of the system) at five for the second case study and probably seven for
the third case study. Finally, looking comparatively at the probability of slaves to be
computing in all three case studies, one can see that, as the number of states
of the input model grows, the time each slave spends computing gets higher. This is
a coherent result, because if the system has a higher workload, it is expected that the
nodes spend more time computing.

Until this point, all results presented were based on an homogeneous environment,
i.e.all slaves have exactly the same computational power and workload (represented by
the matrices computational cost). In order to verify the importance of the workload bal-
ance for the parallel PEPS implementation, heterogeneity in the slaves behavior was
introduced in the SAN model for the parallel version of PEPS. That was done by using
different computing rates for each slave. Table 6 presents the results of this experiment,
where using the input model with 16,384 states and fixing the number of slaves on 6,
four different configurations were analyzed: none, low, medium or high heterogene-
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ity. The results show that as heterogeneity grows, the degree of discrepancy among the
slaves to be in state Cx increases. Through this analysis, the model seems to be capa-
ble of identify the impact heterogeneity in the slaves behavior could represent over a
parallel implementation.

6 Conclusion

The main contribution of this paper is to point out the advantages and problems of the
analytical modelling approach applied to predict the performance of a parallel imple-
mentation. According to authors best knowledge, some others efforts to predict perfor-
mance of parallel systems were not so formal. The recent work of Gemund [7] exploits
a formal definition used for simulations to automatically generate a formal description
of a parallel implementation. Gelenbe et al. [4] employs a more conservative formalism
(queueing networks) in which the synchronization processes are not easy to describe.
The SAN formalism, instead, was quite adequate to describe the behavior of a master-
slave implementation. The definition of the events was very intuitive; their rates and
probabilities were a little bit more hard to obtain but still intuitive. The stationary so-
lution of the model provided enough prediction information about the behavior of the
parallel version of the PEPS tool. The master and slaves nodes behaviors were clearly
understood, and an analysis about the workload balance was also possible. The natural
future work for this paper is to verify the accuracy of the proposed model by compar-
ison with the real parallel implementation, in order to validate the correctness of the
modelling choices made.
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Topic 3

Scheduling and Load Balancing

Emilio Luque, Jose G. Castaños, Evangelos Markatos, and Raffaele Perego

Topic Chairs

Scheduling and Load Balancing techniques are key issues for the performance
of applications executed in parallel and distributed environments, and for the
efficient utilization of these computational resources. Research in this field has a
long history and is well consolidated. Nevertheless, the evolution of parallel and
distributed systems toward clusters, computational grids, and global computing
environments, introduces new challenging problems that require a new gener-
ation of scheduling and load balancing algorithms. Topic 3 in Euro-Par 2004
covers all aspects related to scheduling and load balancing from application and
system levels, to theoretical foundations and practical tools. All these aspects
are addressed by contributed papers.

A total of 29 papers were submitted to Topic 3, from where our review-
ers selected 7 full-length papers to be included in the Conference program. We
divided their presentation into two sections of three papers each, while the re-
maining paper will be presented in conjunction with Topic 6 (Grid and Cluster
Computing).

Two papers present new theoretical results for specific scheduling problems.
The paper Scheduling Under Conditions of Uncertainty: a Bayesian Approach,
by L. P. Santos and A. Proenca, proposes the use of Bayesian decision networks
to dynamically schedule a parallel application among the nodes of a distributed
system. J. Andersson, M. Ericsson, W. Löwe, and W. Zimmermann in Lookahead
Scheduling for Reconfigurable GRID Systems discuss the problem of schedul-
ing simple, stateless data parallel applications in an evolving grid environment.
The remaining papers propose and evaluate scheduling and load balancing algo-
rithms that experimentally exhibit performance improvements. H. Casanova, F.
Desprez, and F. Suter in From Heterogeneous Task Scheduling to Heterogeneous
Mixed Parallel Scheduling present techniques for scheduling mixed data-parallel
and task-parallel codes in heterogeneous clusters of homogeneous machines. In
Scheduling Tasks Sharing Files from Distributed Repositories, A. Giersch, Y.
Robert, and F. Vivien focus on the problem of scheduling a large collection of
independent tasks which share files stored in distributed repositories. The goal
of this work is to minimize the total execution time by finding an appropri-
ate task allocation and communication schedule. The paper A Scheduling Algo-
rithm for Running Bag-of-Tasks Data Mining Applications on the Grid, by F.
A. Barbosa da Silva, S. Carvalho, and E. R. Hruschka, presents a new schedul-
ing approach devoted to improve the performance and the scalability of Bag of
Tasks Data Mining applications running on the grid. The solution is based on a
extension of the MyGrid middle-ware. In Scheduling of MPI Applications: Self
Co-Scheduling, G. Utrera, J. Corbalàn, and J. Labarta present a new technique

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 220–221, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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aimed at scheduling MPI parallel jobs on SMP architectures. The proposed ap-
proach combines co-scheduling and space-sharing. Its performance is assessed
either with artificial workloads composed of jobs having all the same number
of processes and the same arrival time, and with realistic applications. The last
paper Experimental Study of Multi-Criteria Scheduling Heuristics for GridRPC
Systems, by Y. Caniou, and E. Jeannot presents a study of scheduling heuristics
for GridRPC. The authors focuse on NetSolve, an instantiation of GridRPC,
and compare the standard scheduling heuristic of NetSolve (MCT) , with three
proposed enhancements. This paper extensively measures the performance of
these alternatives.

We would sincerely like to thank all of the contributing authors for their
work, as well as to express our gratitude to the numerous experts in the field for
their assistance in the reviewing process. Their hard work produced an interesing
and stimulating trak.
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Abstract. The efficient execution of irregular parallel applications on
shared distributed systems requires novel approaches to scheduling, since
both the application requirements and the system resources exhibit an
unpredictable behavior. This paper proposes Bayesian decision networks
as the paradigm to handle the uncertainty a scheduler has about the
environment’s current and future states. Experiments performed with a
parallel ray tracer show promising performance improvements over a de-
terministic approach of identical complexity. These improvements grow
as the level of system sharing and the application’s workload irregular-
ity increase, suggesting that the effectiveness of decision network based
schedulers grows with the complexity of the environment being managed.

1 Introduction

Shared parallel and cluster computing, coupled to the exploitation of unused cy-
cle times on interconnected workstations, is pushing the computing paradigms
towards new levels of expectations. To assure that parallel applications get a per-
formance close to the theoretical available processing power, the workload must
be effectively distributed over the available resources. The role of the scheduler is
to ensure this adequate correspondence between the workload structure – both
code and data – and the distributed system resources.

The scheduling problem complexity increases when applications exhibit un-
predictable computing and communication requirements, and the available set
of computing resources is dynamically shared among several users and applica-
tions: the scheduler must still correctly distribute the workload on the shared
set of resources, but exact prediction of the environment behavior is impossible
due to its dynamic nature [1].

Dynamic scheduling strategies that regularly measure the environment state
seem appropriate, since they enable the scheduler to react to fluctuations on
the environment behavior. However, the data gathered through the scheduler’s

* This work was partially supported by grant PRAXIS 2/2.1/TIT/1557/95.
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sensors, about the environment’s current state, quantifies only those quantities
that were included on the scheduler’s simplified model of the world, may suffer
from noise and will age with time. Furthermore, the future state of the environ-
ment and the outcome of the scheduler selected actions can not be accurately
predicted, because other processes, independent of the scheduler, are acting on
the shared computing resources. The scheduler is required to decide and act un-
der conditions of uncertainty about past, present and future system states and
workload profiles.

The problem of handling uncertainty on computational models of real world
problems can be solved by using decision theory. Decision theory combines prob-
abilities and utilities to evaluate alternative actions. One of the tools proposed
by decision theory for rational decision making under conditions of uncertainty
are decision networks [2–4]. Decision networks allow the inclusion, on the reason-
ing process, of the uncertainty about the environment current state and about
the consequences of the scheduling agent’s selected actions, i.e., the environment
next state after each scheduling event. The hypothesis put forward by this paper
is that a scheduler is more effective if it uses decision making mechanisms that
deal explicitly with this uncertainty, and that Bayesian decision networks are
such a mechanism.

The use of decision networks to dynamically schedule a parallel application
among the nodes of a distributed shared system is the main contribution of this
paper; the authors have no knowledge of any related work where decision net-
works have been applied to solve this problem. Previous works modelled stochas-
tically either only the environment’s current state (e.g., Bayesian probabilistic
networks [5], stochastic structural execution models [6,7], handling information
aging [8,9]) or only the suitability of each possible action, given the environ-
ment’s current state, such as with stochastic learning automata [10,11]. Bayesian
decision networks allow the integration of the uncertainty on both these factors
on a single paradigm, and provide an automated process for computing the ex-
pected utility of each action, enabling rational decision making by selecting the
action which maximizes the expected utility.

2 Handling Uncertainty

A dynamic scheduler collects information about the system state and workload
profile and creates an internal image of the environment current state. Using this
information and its execution model of the world, it generates estimates about
the environment next state for each possible action The scheduler’s decision
making mechanism must select the action that leads the environment to the most
desirable next state [12]. Uncertainty, however, derives from four main sources
and may hinder the scheduler from meeting its performance requirements:

1. it is too expensive, or even impossible, to get exact and accurate information
about the current environment state, i.e., the environment is not totally
measurable;
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the image the scheduler has about the environment state gets obsolete with
time – information aging;
the environment complexity requires that some simplifications be included
in the execution model, either by neglecting or summarizing some of the
environment characteristics; therefore, the model can not provide exact and
accurate predictions of the environment near future behavior;
the workload profile and system behavior can be unpredictable, both due
to the application characteristics and to the background workload imposed
upon the distributed shared system by other users and/or applications.

2.

3.

4.

2.1 Bayesian Decision Networks

Due to uncertainty the scheduler’s knowledge is, at best, a degree of belief on
the environment’s most relevant aspects. Probability theory provides a tool to
process and combine these beliefs [3,13]. A probabilistic model consists of a set
of stochastic variables that represent some important aspect of the world. The
joint distribution assigns probabilities to all possible states of the world. Its size
grows exponentially with the number of variables and these probabilities are
seldom easy to assess.

High–dimensional probabilistic models can only be computationally tractable
if modularity is introduced [3,14]. This may be achieved by introducing the con-
cept of conditional independence among variables and by representing these local
interactions. Each stochastic variable is directly influenced by at most other
variables, referred to as The remaining variables carry no informa-
tional relevance to once the relevant ones are known. The probabilistic model
may be structured in terms of direct influences among the variables, quantified
by conditional probability tables (CPT) By integrating the
notion of conditional independence, the required number of independent numeric
values is drastically reduced and, if the model is causally constructed, the ex-
pert task of assessing each variable CPT is simplified, since the resulting model
represents the expert natural way of thinking about the problem.

A Bayesian belief network is a directed acyclic graph, whose nodes are the
model variables and whose links represent local causal dependencies. The net-
work topology can be thought of as an abstract knowledge base that holds inde-
pendently of the numerical assignment of conditional probabilities [2–4,15–18].
A fully specified Bayesian network can be used as a probabilistic inference en-
gine, which computes the posterior probability distribution for a set of query
variables given the probability distribution for some evidence variables.

Decision networks [2–4], combine belief networks with two additional nodes:
a decision node, which represents the choices available to the agent and has its
value imposed to represent actions, and a utility node, which represents the util-
ity function to be optimized. Evaluating an action amounts to impose the value
of the decision node, which, on a non–deterministic environment, may have sev-
eral different outcomes. This setting alters the probability distribution of a set of
stochastic variables in the network, resulting on the probability distribution over
all possible next states of the environment for that action. To be able to select
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among different actions, an agent assigns utilities to all the different possible
states. Utility theory states that the agent will prefer states with higher utility.
The expected utility of each possible action can be computed by weighing the
utility of each of the various possible outcomes of that action with the proba-
bilities that these outcomes may occur. An agent exhibits rational behavior if it
selects the action that yields the highest expected utility.

Since the numerical parameters required to quantify all the CPTs can be
substantial and hard for an expert to assess, the initial assessments of proba-
bilities for some stochastic variables can be updated whenever new data is
available. At each inference step the agent observes the environment state as
perceived by its sensors. The observed variables are represented by the evidence
vector E. The inference algorithm updates the belief given E on all stochastic
variables These values can be used to update the probabilities
using a process known as sequential updating [13,19,20]:

This is a crucial capability, allowing the development of systems that can over-
come errors in their initial model and adapt to changes in the dynamics of the
environment being modelled.

3 Applying Decision Networks to a Dynamic Scheduler

On a decision network two different subsets may be identified: one related to
modelling the current state, the other, referred to as the transition model, related
to the outcome of actions and the environment’s next state.

The Environment’s Current State. The scheduling agent acquires informa-
tion about the environment through its sensors and infers its belief distribution
on the state of the world. Imperfect information about the stochastic variable
X, representing some metric of the world, can only be obtained through per-
fect information about the sensor readings E and the sensor model, –
which is a causal relationship: X determines the sensor readings, not the other
way around. The inference process uses Bayes’ theorem to compute the proba-
bility distribution over X, The possibility of noisy or incorrect sensor
readings are accounted for on the sensor model. Information age, i.e.the time
elapsed since the sensor was actually read, T, can be included on the model
and influences the belief distribution over the sensor’s readings, The
prior probabilities associated with the metrics, P(X), are ideal candidates for
sequential updating, since these are the quantities that actually describe the en-
vironment state. Higher level variables can be used to model abstract concepts,
such as the distributed system degree of load balancing or the communication
network availability (Fig. 1).

The Environment’s Next State. The outcome of a scheduler’s action de-
pends not only on the current state and on the selected action, but also on
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the dynamics of the environment itself. These uncertainties are modelled by the
CPTs related to the variables that represent the next state given the current
state and the selected action This set of CPTs is referred to
as the state transition model.

Generic Structure. Figure 1 presents a generic structure for a scheduling de-
cision network, whose topology complies with causal relationships: the sensors
readings are an effect of the relevant quantities actual values (information age
nodes have not been displayed for simplicity reasons), the next state is a func-
tion of both the current state and the selected action (factors external to the
scheduler are modelled in the state transition model). Four different blocks can
be identified:

the resources capacities, the tasks requirements and the scheduling overheads
model the agent’s belief on the environment current state;
the decision variable lists all the actions available to the scheduling agent;
the next state variables model the belief on the outcome of each action;
the utility variable computes the expected utility for each action.

Fig. 1. A generic structure for a scheduling decision network.

The variety of available sensors determines the type of information that can
be included in the execution model. These can include the node computing
throughput, the network latency and bandwidth, the work completed at the
sampling time, the communication volume, the available memory, etc. The ac-
tions available to the scheduler, represented by the decision variable, depend on
the workload and on the distributed system being managed; these may include:
assign task to node migrate task from node to node transfer
35% of node workload to node etc. The next state is composed by a set of
variables that describe the most relevant aspects of the environment, after each
action is executed. These should be quantities that are affected by the actions
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being selected, since the agent uses them to quantify the desirability of each ac-
tion. These can include the tasks estimated new completion times, the resulting
degree of load balancing, the actions expected overheads, etc. Finally, the utility
variable represents the performance goals degree of achievement for each action.

4 Results and Concluding Remarks

Experimental Setup. To validate this approach experiments were conducted
using a parallel ray tracer with image space decomposition. Four different scenes
were used: balls3, balls3c, teapot9 and balls4pv1; these are listed by increasing
order of computational and communication requirements. To simulate different
levels of system sharing, four predefined synthetically generated stochastic back-
ground workload patterns were applied: dedicated (no sharing), light, medium
and heavy background workloads. The evaluation results were obtained on a
cluster of seven workstations, interconnected by a Myrinet network. The re-
sults obtained with the decision network based scheduler (DN) were compared
with other decision making mechanisms: a static uniform work distribution, a
demand driven work allocation (dd), and a deterministic sensor based strat-
egy (det) with the same capabilities as the stochastic strategy, to enable direct
comparisons between deterministic and stochastic approaches of identical com-
plexity. The performance metric used to compare the various schedulers was the
time required to render the scenes.

Results Analysis. Figure 2 shows the performance improvements for each
dynamic scheduling strategy compared to the uniform work allocation for the
two most complex scenes and different levels of system sharing. The performance
improvement is computed as where sched refers to each
of the scheduling strategies and unif refers to the uniform work distribution.

Fig. 2. Performance improvement.

1 Taken from Eric Haines rendering benchmarks (ftp.princeton.edu).
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Some remarks can be made from this figure:

the improvements obtained with any of the dynamic scheduling strategies
increase with the complexity of the data set and with the weigh of the
background workload: the dynamic schedulers can redistribute the workload
in runtime, counterbalancing changes on the nodes background workload;
the sensor based dynamic strategies get more effective as the background
workload increases when compared to the demand driven approach: the
better quality of the generated schedules clearly overcomes the overheads
associated with dynamically collecting data;
the improvements obtained with DN may not seem significantly larger than
those achieved with det; however, the difference between them tends to in-
crease with the background workload weigh, the complexity of the data set
and the number of nodes (Fig. 3). Additional results [12] also show that these
improvements are achieved by reducing both idle times and task migrations.

Fig. 3. Performance improvements relative to deterministic (dedicated mode).

Concluding Remarks. This paper proposes Bayesian decision networks as the
paradigm to handle the uncertainty that parallel application schedulers have
about the application requirements, the distributed system state and the out-
come of its actions. A generic structure for such a network is presented, including
the entities that play a relevant role on the scheduling process. Sequential updat-
ing is used to both learn some of the model’s numerical parameters and adapt to
changes in the dynamics of the environment. The experimental results obtained
so far show that a Bayesian decision network based scheduler gets more effec-
tive than a deterministic one with identical capabilities when the level of system
sharing and the application’s workload irregularity increase.

These results corroborate our initial hypothesis: the explicit representation of
uncertainty on the scheduler execution model and decision making mechanism,
using decision networks, increases its effectiveness. Further research is required
to confirm these results with different types of applications and environments.
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Additional enhancements may also be considered, namely the assessment of the
state transition model. Numerical imprecisions can be corrected by updating the
conditional probabilities tables whenever new data is available: either Bayesian
learning techniques or reinforcement learning algorithms can be applied to im-
prove the model accuracy.
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Abstract. Mixed-parallelism, the combination of data- and task-
parallelism, is a powerful way of increasing the scalability of entire classes
of parallel applications on platforms comprising multiple compute clus-
ters. While multi-cluster platforms are predominantly heterogeneous,
previous work on mixed-parallel application scheduling targets only ho-
mogeneous platforms. In this paper we develop a method for extending
existing scheduling algorithms for task-parallel applications on heteroge-
neous platforms to the mixed-parallel case.

1 Introduction

Two kinds of parallelism can be exploited in most scientific applications: data-
and task-parallelism. One way to maximize the degree of parallelism of a given
application is to combine both kinds of parallelism. This approach is called
mixed data and task parallelism or mixed parallelism. In mixed-parallel appli-
cations, several data-parallel computations can be executed concurrently in a
task-parallel way. This increases scalability as more parallelism can be exploited
when the maximal amount of either data- or task-parallelism has been achieved.

This capability is a key advantage for today’s parallel computing platforms.
Indeed, to face the increasing computation and memory demands of parallel
scientific applications, a recent approach has been to aggregate multiple compute
clusters either within or across institutions [4]. Typically, clusters of various
sizes are used, and different clusters contain nodes with different capabilities
depending on the technology available at the time each cluster was assembled.
Therefore, the computing environment is at the same time attractive because of
the large computing power, and challenging because it is heterogeneous.

A number of authors have explored mixed-parallel application scheduling in
the context of homogeneous platforms [8–10]. However, heterogeneous platforms
have become prevalent and are extremely attractive for deploying applications
at unprecedented scales. In this paper we build on existing scheduling algo-
rithms for heterogeneous platforms [6,7,11,14] (i.e., specifically designed for
task-parallelism) to develop scheduling algorithms for mixed-parallelism on het-
erogeneous platforms.

* An extended version of this paper is given by [13].
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This paper is organized as follows. Section 2 discusses related work. Section 3
shows how scheduling algorithms for task-parallel applications on heterogeneous
platforms can be adapted to support mixed-parallelism, which is illustrated with
a case study in Section 4. Section 5 presents our evaluation methodology and
Section 6 presents our evaluation results. Section 7 concludes the paper with a
summary of our contributions and a discussion of future work.

2 Background

Most existing mixed-parallel scheduling algorithms [8–10] proceed in two steps.
The first step aims at finding an optimal allocation for each task, that is the
number of processors on which the execution time of a task is minimal. The
second step determines a schedule for the allocated tasks, that is the ordering of
tasks that minimizes the total completion time of the application.

In [1], we proposed an algorithm that proceeds in only one step. The alloca-
tion process is substituted by the association of a list of configurations to tasks.
This concept of configuration has been developed to be used in this work and
will be detailed in Section 3. Furthermore, the algorithm we present in this pa-
per, unlike that in [1], explicitly accounts for platform heterogeneity, and is thus
applicable to real-world multi-cluster platforms.

The problem of scheduling a task graph onto a heterogeneous platform is
as follows. Consider a Directed Acyclic Graph (DAG) that models a parallel
application. Each node (or task) of the DAG has a computation cost which leads
to different computation times on different processors. An edge in the DAG
corresponds to a task dependency (communication or precedence constraint.)
To each edge connecting two nodes is associated the amount of data in bytes
to communicate. Each such transfer incurs a communication cost that depends
on network capabilities. It is assumed that if two tasks are assigned to the same
processor there is no communication cost and that several communications may
be performed at the same time, possibly leading to contention on the network.

The target architecture is generally a set of heterogeneous processors con-
nected via a fully connected network topology, i.e., as soon as a task has com-
pleted, produced data are sent to all its successors simultaneously. We assume
that computation can be overlapped with communication and the execution time
to be known for each task-processor pair.

The objective is to assign tasks to processors so that the schedule length
is minimized, accounting for all interprocessor communication overheads. This
problem is NP-complete in the strong sense even when an infinite number of
processors are available [2]. A broad class of heuristics for solving the scheduling
problem is list-scheduling. In the context of heterogeneous platforms popular
heuristics list-scheduling heuristics include PCT [6], BIL [7], HEFT [14], and
DLS [11]. All these heuristics are based on the same two components: a priority
function, which is used to order all nodes in the task graph at compile time; and
an objective function, which must be minimized.
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3 Towards Heterogeneous Mixed Parallel Scheduling

While the list-scheduling algorithms described in Section 2 operate on a fully het-
erogeneous platform (compute resources and network links), in our first attempt
at using these heuristics for mixed-parallelism we impose three restrictions on the
platform and its usage: (i) the platform consists of a heterogeneous collection of
homogeneous clusters; (ii) the network interconnecting these clusters is fully con-
nected and homogeneous; (iii) data-parallel tasks are always mapped to resources
within a single cluster. These restrictions are justified as follows. Restriction (i)
clearly makes the problem more tractable but is in fact highly representative
of currently available Grid platforms. Indeed, these platforms typically consist
of clusters located at different institutions, and institutions typically build ho-
mogeneous clusters. Restriction (ii) is more questionable as end-to-end network
paths on the wide-area are known to be highly heterogeneous. However, one
key issue for scheduling mixed-parallel application is that of data redistribution:
the process of transferring and remapping application data from one subset of
the compute resources to another subset. Data redistribution on heterogeneous
networks is a completely open problem, which is known to be NP-complete in
the homogeneous case [3]. Assuming a homogeneous network among clusters al-
lows us to more easily model redistribution costs. Finally, restriction (iii) is just
a convenient way to ensure that we can reuse the parallel application models
(e.g., speed-up models) traditionally employed in the mixed-parallelism litera-
ture. This restriction can be removed in cases in which models for parallel ap-
plication on heterogeneous platforms are available. In summary, our computing
platform consists of several homogeneous clusters of different speeds and sizes
interconnected via a homogeneous network.

To utilize list-scheduling algorithms for the purpose of scheduling mixed-
parallel application, we have adapted the concept of configuration of [1]. A con-
figuration is now defined as a subset of the set of the processors available within,
and only within, a cluster. Moreover, we keep only information about the size
and shape of the virtual grid represented by the configuration. While in task
scheduling the smallest computational element is a processor, in our work the
smallest element is a configuration. We limit configurations to contain numbers
of processors that are powers of 2, to be rectangular, and to span contiguous
processors, which is usual for the vast majority data-parallel applications. These
limitations are for simplicity and to reduce the total number of configurations to
consider, and can be removed easily if needed. For a given configuration size, we
only consider a non-overlapping tiling of the cluster. This ensures that all config-
urations of the same size can be utilized concurrently. Removing this restriction
would mandate sophisticated application performance models that are currently
rarely available. For the purpose of scheduling, the target architecture is then
abstracted as collections of configurations subject to the restrictions listed above.

Mixed-parallel programs can also be modeled by a DAG, in which nodes
represent data-parallel tasks. Whereas in the purely task-parallel case each task
was assigned a compute cost, here we assign a cost vector to each parallel task,
that represents the compute cost of the task when mapped to each configuration.



From Heterogeneous Task Scheduling to Heterogeneous Parallel Scheduling 233

4 Case Study: HEFT

To illustrate our approach we chose to extend the task-parallel scheduling heuris-
tic proposed in [14], Heterogeneous Earliest Finish Time (HEFT), to the mixed-
parallel case. It is important to note that our approach is general and applicable
to other task-parallel scheduling heuristics. We chose HEFT because it is simple,
popular, and was shown to be competitive.

The priority function used by HEFT is based on “upward ranking”. Basically,
it is the length of the critical path from a task to the exit task, including the
computation cost of this task. The upward rank of a task is the sum of the
average execution cost of this task over all available processors and a maximum
computed over all its successors. The terms of this maximum are the average
communication cost of an edge and the upward rank of the successor.

The Earliest Start Time (EST) is the moment when the execution of a task
can actually begin on a processor. An execution can start either when a processor
becomes available or when all needed data has arrived on the processor. Adding
the execution cost, we obtain the Earliest Finish Time (EFT) of a task.

HEFT uses the EFT as the objective function for selecting the best processor
for a node. The rationale is that the schedule length is the EFT of the exit node.

To derive a mixed-parallel version of the HEFT algorithm, called M-HEFT
(Mixed-parallel HEFT), the priority and objective functions of HEFT have to be
adapted the new compute and communication units. We consider two approaches
to define the average mixed-parallel execution cost of a task and average mixed-
parallel redistribution cost of an edge.

We first follow exactly the same approach as HEFT, i.e., compute the aver-
age mixed-parallel execution cost as the sum of the compute times for the task
over all 1-processor configurations, divided by the number of such configurations
(i.e., the number of processors in the platform). Similarly we assume serial com-
munications and compute the average mixed-parallel communication cost as the
sum of the average network latency and of the data size divided by the average
network bandwidth. In this paper we only consider homogeneous networks, so
the average latency and bandwidth are equal to the latency and bandwidth of
any network link. We denote this heuristic by M-HEFT1.

The second approach is to adapt HEFT directly to the mixed-parallel case.
One can compute average mixed-parallel execution cost of task as the sum of each
element of the cost vector of the task divided by the number of configurations
and the average redistribution cost of an edge as the sum of the redistribution
cost for each couple of configurations divided by the number of such couples.

But in this case several identical configurations are accounted for in each
cluster, which may result in a biasing of the average. For instance, in an 8-
processor cluster, the execution cost formula will incorporate compute costs for
8 identical 1-processor configurations. To avoid the biasing of the average, we
enforce that, for a given configuration size, only one configuration be taken
into account for each cluster. For the same reason, we enforce that for a given
source configuration size and a given destination configuration size, only one
redistribution be taken into account. We denote this heuristic by M-HEFT2.
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5 Evaluation Methodology

We use simulation for evaluating our approach as it allows us to perform a
statistically significant number of experiments and makes is possible to explore
a wide range of platform configurations. We use the SIMGRID toolkit [5,12] as
the foundation of our simulator.

We consider platforms that consist of 1 to 8 clusters. Each cluster contains
a random number of processors between 4 and 64. Cluster processor speeds
(in GFlop/sec) are sampled from a uniform probability distribution, for vari-
ous means ([1–1000]) and ranges ([0–1.8]), with the range being proportional
to the mean. For all experiments we assume that the network has a 5 ms la-
tency and a 10 GBit/sec bandwidth. We keep the network characteristics fixed
and vary the processor speeds to experiment with a range of platform commu-
nication/computation ratios. These parameters generate 280 different platform
configurations. We generate several samples for each of them.

We consider two classes of application DAGs, depicted in Figure 1. The left
part shows the DAG corresponding to the first level of decomposition of the
Strassen algorithm. We instantiate 6 DAGs with different matrix sizes.

Fig. 1. Strassen (left) and Fork-Join (right) DAGs.

We also experiment with simple fork-join DAGs so that we can evaluate our
algorithms for graphs with high degree of task-parallelism. In particular, the
task-parallel HEFT heuristic should be effective for such graphs. We instantiate
fork-join DAGs with 10, 50, and 100 tasks. Each task is either a matrix addition
or matrix multiplication. We also assume that the entry task send two matrices to
each inner task, and that each inner task send the result of the matrix operation,
i.e., one matrix, to the end task. We generate DAGs with 25%, 50%, and 75%
of multiplication tasks. We have thus 9 possible fork-join graph configurations.

We compare the effectiveness of HEFT, M-HEFT and a third algorithm,
HEFT*, which is a simple data-parallel extension of HEFT. For each cluster in
the platform, HEFT* first determines the number of processors in the largest
feasible configuration, and then computes the smallest such number over all
clusters. The HEFT* algorithm then executes each task on configurations with

processors. The rationale behind HEFT* is that, unlike HEFT, it can take
advantage of data-parallelism, and is thus a better comparator for evaluating
M-HEFT. However, unlike M-HEFT, HEFT* cannot adapt the configuration
size to achieve better utilization of compute and network resources.



From Heterogeneous Task Scheduling to Heterogeneous Parallel Scheduling 235

6 Simulation Results

For the Strassen application we only present results for the first variant of
M-HEFT, M-HEFT1. The Strassen DAG has a layered structure and the upward
rank of two tasks at the same layer differ at most by the cost of an addition, which
is generally insignificant. Therefore, the different methods used in M-HEFT1 and
M-HEFT2 lead to virtually identical task orderings.

Fig. 2. Relative makespans for HEFT and HEFT* versus the matrix size used in the
Strassen DAGs (left) and the number of clusters in the platform (right).

Over all our simulation results, the average makespans of HEFT and HEFT*,
relative to that of M-HEFT, are 21.67 and 3.85 respectively. M-HEFT outper-
forms HEFT by more than one order of magnitude, which was expected as HEFT
cannot take advantage of any data-parallelism and thus is highly limited in the
number of resources it can use. More interestingly, the fact that M-HEFT clearly
outperforms HEFT* demonstrates that our scheme for determining appropriate
configuration sizes for data-parallel tasks is effective.

Figure 2(left) shows relative makespans for HEFT and HEFT* versus the
matrix size used in the Strassen DAGs. The original decrease can be explained
as follows. M-HEFT maps data-parallel matrix additions to very large configu-
rations as they can be performed without communications. On the other hand,
data-parallel matrix multiplications involve inter-processor communications and
are thus mapped to smaller configurations. This results in many data redistri-
butions that incur potentially large network latencies. For small matrices, these
latencies are thus less amortized over the computation. For the same reason, as
matrices get large, redistribution costs increase due to bandwidth consumption.
We observe similar trends for HEFT*, but its performance is more on par with
that of M-HEFT. Nevertheless, M-HEFT is still a factor 3.85 better on average.
This is because HEFT*, unlike M-HEFT, is limited in the size of processor con-
figuration that could be used for expensive tasks (e.g., matrix multiplications).

In summary, while M-HEFT clearly outperforms its competitors, its perfor-
mance is negatively impacted by redistribution costs, which indicates that these
costs are not accounted for adequately. This points to a subtle limit of our ap-
proach. The mixed parallel EFT function includes only a computation cost, and
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no redistribution cost. Therefore, the mapping of the entry tasks of the applica-
tion graphs are chosen without consideration of initial data-distribution costs.
This in turn leads to these tasks being distributed on potentially very large
configurations (typically for matrix additions in the case of the Strassen appli-
cation), and thus to expensive data redistributions for subsequents tasks in the
application task graph. This explains why M-HEFT leads to overly expensive
data redistributions in some cases. It is important to note that our adaptation
of HEFT into M-HEFT is somewhat naïve as our goal in this paper is to pro-
vide a generic method for adapting task-parallel list-scheduling heuristics to the
mixed-parallel. It would be possible to further improve M-HEFT (and possibly
other mixed-parallel list-scheduling heuristics obtained via our methodology) by
including redistribution costs explicitly into the objective function.

Figure 2 (right) shows relative makespans for HEFT and HEFT* versus the
number of clusters in the platform. As expected HEFT’s relative makespan in-
creases as the number of clusters increases because, while M-HEFT can exploit
large computing platforms, HEFT is limited to using 10 processors (the maximal
number of tasks that can be executed concurrently). We see that HEFT*’s rela-
tive makespan also increases after 4 clusters. Recall that the value is computed
as a minimum over all clusters. Therefore, even when many clusters are available
and some of these clusters are large, HEFT* is limited to using configurations
containing at most the number of processors of the smallest cluster.

Unlike for the Strassen application, we compared the two variants M-HEFT1
and M-HEFT2 for the fork-join DAG. We found that overall the experiments
M-HEFT1 led to better schedules in 33% of the cases, that M-HEFT2 led to
better schedules in 26% of the cases, and that in the remaining 41% the two led
to the same performance. Furthermore, the average performance of M-HEFT1
relative to M-HEFT2 is 1.15, with a maximum of 23.69. These results show that
the two variants exhibit roughly similar efficacy. Since M-HEFT2 has the highest
complexity we only present results for M-HEFT1 hereafter.

The average performance of HEFT relative to M-HEFT over all experiments
is 4.70 and that of HEFT* is 12.11. This is in sharp contrast with the results we
obtained for the Strassen application. As mentioned before some of our fork-joins
graphs exhibit high levels of task-parallelism, which can be exploited by HEFT.
On the other hand, HEFT* uses data-parallelism for all tasks with the same
configuration size for all tasks. This both leads to small tasks being executed
in parallel with high overhead, and to a limited ability to exploit high levels of
task-parallelism. M-HEFT adapts configuration sizes to avoid this pitfall.

7 Conclusion and Future Work

In this paper we have proposed a generic methodology for the conversion of
any heterogeneous list-scheduling algorithm for task-parallel application into an
algorithm for the mixed-parallel case. We have presented a case study for the
popular HEFT scheduling algorithm, which we have extended to obtain the
M-HEFT (Mixed-parallel HEFT) algorithm. Our simulation results showed that
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M-HEFT achieves good performance over competitors in the vast majority of
the scenarios.

The first future work of this paper is to validate the approach with more
significant benchmarks. The first step will be to define a large set of generated
DAGs. Parameters such as shape, density, regularity, communication to compu-
tation ratio will have to be part of the DAG generation. The second step is to
study the data redistribution with heterogeneous configurations (both heteroge-
neous processors and network). Our approach would be to consider initially only
special but relevant heterogeneous configuration (e.g., two different sets of ho-
mogeneous processors connected over single network link), rather than the fully
heterogeneous case. Third, as explained in Section 6, we will improve our generic
methodology by incorporating redistribution costs in the objective function to
reduce redistribution overheads in the application schedule.
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Abstract. Scheduling parallel jobs has been an active investigation area. The
scheduler has to deal with heterogeneous workloads and try to obtain through-
puts and response times such that ensures good performance.
We propose a Dynamic Space-Sharing Scheduling technique, the Self Co-
Scheduling, based on the combination of the best benefits from Static Space
Sharing and Co-Scheduling. A job is allocated a processors partition where its
number of processes can be greater than the number of processors. As MPI jobs
aren’t malleable, we make the job contend with itself for the use of processors
applying Co-Scheduling.
We demonstrate that our Self Co-Scheduling technique has better performance
and stability than other Time Sharing Scheduling techniques, especially when
working with high communication degree workloads, heavy loaded machines
and high multiprogramming level.

1 Introduction

An operating system must give support to different kind of parallel applications. The
scheduler has to take into account the particular characteristics of each architecture
and jobs to exploit the maximum performance of the overall system.

In our work, we will focus on shared memory multiprocessors (SMMs) and on
Message Passing Interface [6] (MPI) jobs. This library is worldwide used, even on
SMMs, due to its performance portability on other platforms, compared to other pro-
gramming models such as threads and OpenMP. This is especially important for fu-
ture infrastructures such as information power grids, where resource availability dy-
namically changes for submitted jobs. Our objective will be to obtain the best per-
formance in service time and throughput.

In this study, we try to demonstrate that it is possible to combine Co-Scheduling
(CS) policies with Space Sharing policies to build a Dynamic Space-Sharing schedul-
ing policy, which we call the Self Co-Scheduling policy (SCS), in a dynamic envi-
ronment where the number of processors allocated to a job may be modified during
job execution without loss of performance. We implement, evaluate and analyze sev-
eral schemes that exploit the low-level process management with the goal of minimis-
ing the loss of performance generated when the number of total processes in the sys-
tem is greater than the number of processors, as MPI jobs aren’t malleable1.

1 Malleable jobs are the ones that can modify their number of processes at execution time.
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After that we select the two policies that work best and re-evaluate them in a more
realistic environment varying the machine load and communication degree. We show
that jobs obtain better responses times and stability when share resources with them-
selves, as under SCS, than when share resources with other jobs, as under the Time
Sharing techniques. At processor level, we have observed that is better to free the
processor as soon as the process detects it has no useful work to do and select the next
process to run in the local queue, in a Round Robin manner.

The rest of the paper is organized as follows. In Section 2 is the related work. Then
in Section 3 follows scheduling strategies evaluated and in Section 4 the execution
framework and the performance results. Finally in Section 5 the conclusions and fu-
ture work.

2 Related Work

There are three main approaches that share processors among jobs: Time Sharing
(TS), Space Sharing (SS), and Gang Scheduling or its relaxed version, Co-Scheduling
(CS).

When having more processes than processors, TS algorithms multiplex the use of
processors among jobs in time. For parallel jobs the performance is degraded because
of lack of synchronization and the context switching effect.

SS reduces the context switching effect, by partitioning the set of available proces-
sors among the jobs. These approaches have demonstrated to perform well on malle-
able jobs such as the OpenMP by adjusting the number of processes of a job to the
number of available processors, which is not the case for MPI jobs.

From the combination of TS and SS, comes the CS, classified in the literature as:
Explicit Scheduling (ES), Local Scheduling (LS), and Dynamic or Implicit Co-
Scheduling (DCS). In [8] there is an interesting classification of CS techniques based
on the combinations of two components in the interaction between the scheduler and
the communication mechanism: what to do when waiting for a message and what to
do on message arrival.

The ES proposed by Feitelson and Jette [4] based on a static global list, execution
order of the jobs and simultaneous context switching over processors, suffers from
processor fragmentation, context switching overhead and poor scalability.

In the LS [5] the scheduling decisions are made independently at each local node.
Here the performance of fine grain communication jobs is deteriorated because there
isn’t any synchronization at all.

DCS [1] is an intermediate approximation where decisions are made locally but
based on global communication events such as message arriving and round trip mes-
sage time. This information is combined in several ways, resulting in different sched-
ulers. The Periodic Boost (PB) [8] is a kind of DCS where some monitor process
manipulates the process priorities based on the unconsumed message queue. In most
of these cases the MPI library was modified.

With respect to coordination between the queuing system and the processor sched-
uler there is an interesting work in [3]. In [7] they determine at execution time the
grain of the job. They classify an individual process as ‘frustrated’ if the scheduling
policy actually applied doesn’t satisfy its communication requirements.
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3 Scheduling Policies Evaluated

We have implemented our SCS, the FIFO as a Static Space Sharing and other existing
TS techniques. In Table 1 are summarized all the scheduling policies evaluated.

Let’s notice that under TS, there may be from all to none of the processes from a
job executing at the same time. But under SCS there will be always at least a fixed
minimum number of processes executing at the same time.

3.1 Self-co-scheduling Technique

In order to combine SS and CS techniques we concentrate on three decisions: how
many processors assign to a job, the process allocation in each partition and the
scheduling of each processor local queue. These decisions are taken at low-level
process management.

The number of processors assigned to a job is closely related to its number of proc-
esses and the multiprogramming level (MPL)2. This number is calculated by the equa-
tion (1):

Once the Queuing System launches a job, it starts execution if there are enough
free processors that satisfy the Initial_allocation number given by (1). Otherwise it
must wait until other job finishes execution and free processors were recalculated.
During execution, if there aren’t any queued jobs, then free processors are redistrib-
uted in an equipartition way, between the jobs in the system, using the Re_allocation
number (1). As soon as a new job arrives if there aren’t enough free processors for it,
all the jobs are shrinked to their Initial_allocation number of processors.

A user-level scheduler does the process mapping to the set of assigned processors
in an ordered way using the internal MPI identification. As the number of processors
assigned to a job could be less than its number of processes, there may be a process
local queue at each processor, which we schedule by applying the CS techniques.

When executing a MPI blocking function, if the process cannot continue execution
it may blocks immediately (BI) or do Spin Blocking (SB) [1]. After blocking a Con-
text Switching routine is invoked. This decides which process of the local queue fol-
lows executing: the next in a Round Robin (RR) fashion or the process that has the
greater number of unconsumed messages (Msg).

So from these variations arise the following combinations of SCS: (1) With BI and
RR; (2) With BI and Msg; (3) With SB and RR; (4) With SB and Msg.

3.2 Time Sharing Techniques

The TS techniques evaluated were: the scheduler of the IRIX 6.5 operating system as
a pure TS scheduler and because is the native scheduler of the SMM where we are

2 We call MPL to the number of processes subscribed to a processor.



Scheduling of MPI Applications: Self-co-scheduling 241

working on, an implementation of the Periodic Boost (PB) [8] for being the one that
demonstrated the best performance in [8], and some variations to other CS techniques
based on the actions taken on the message waiting and arrival.

The CS variations arise at processor level management. We have implemented the
analogous combinations already described in Section 3.1 for SCS.

4 Evaluations

Firstly we present the architectural characteristics of the platform used. After that
follows a brief description of the execution environment, the workloads and finally
the performance results.

The metrics used were the slowdowns of the response times with respect to FIFO
execution, which means jobs executing in a first come first served order with a SSS
scheduling policy. In the rest of the paper we will refer to this policy as FIFO.

Our implementation was done on a shared memory multiprocessor, the SGI Origin
2000 [9]. It has 64 processors, organized in 32 nodes with two 250 MHZ MIPS
R10000 processors each. The machine has 16 Gb of main memory of nodes (512 Mb
per node) with a page size of 16 Kbytes. Each pair of nodes is connected to a network
router. The operating system is IRIX 6.5 with its native MPI library with no modifica-
tions

4.1 Execution Environment

The Launcher is the user-level queuing system used in our execution environment. It
performs a first come first served policy from a list of jobs belonging to a predefined
workload. Once the Launcher starts executing a queued job, it enters under the control
of a user-level scheduler, the CPUM, which implements the scheduling policies. It
decides how many processors allocate to a job, where it will reside, the processors
local queue scheduling and controls the maximum MPL for all the applications in the
system, which is given as a parameter. The communication between the CPUM and
the jobs is done through shared memory by control structures.

The CPUM wakes up periodically and at each quantum time expiration examines if
new jobs have arrived to the system or have finished execution, updates the control
structures and if necessary depending on the scheduling policy, redistributes proces-
sors. For a more detailed description about the CPUM mechanism refer to [10].
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4.2 Applications and Workloads

To drive the performance evaluations we consider jobs from the MPI NAS Bench-
marks suite [2] and the Sweep3D.

We have observed in initial experiments, that as we increment the MPL, the per-
formance degrades due to the execution time dedicated to perform MPI blocking
functions, like global synchronizations, barriers or blocking receives. In Table 2 and 3
we show the workloads constructed with the applications classified as high (hi), me-
dium (me) and low (lo) comm. degree according to their MPI percentage execution
time. The workloads were sized to run for 5 minutes.

4.3 Performance Results for the Scheduling Policies Evaluation

The evaluations were run on 64 processors, using the workloads from Table 2,
MPL=4, with all the jobs having 64 processes each to avoid fragmentation, and the
same arrival time. In Fig. 1 we present the execution times of the workloads evaluated
under the different policies.

As we can the IRIX scheduler and the PB show the worst performance especially
in high comm. degree workloads with slowdowns of 10 and 7 respectively.

The Spin Times evaluated were 1200 microsecs. when the next to run was by Msg
and 800 microsecs. where the next to run was by RR. They were chosen in such a way
they minimize the responses times. A Spin Time equal to zero, that is BI seemed the
best option. This can be deduced from [1], as we have latency null because we are
working on a SMM.

About the best slowdowns, we have SCS with 0.76 for high comm. and 0.58 for
low comm. degree workloads. CS achieves 0.86 for high comm. and 0.72 for low
comm. degree.

An interesting observation is that under SCS, the jobs execute always in the
“same” environment, no matter the workload they are in, for being a kind of SS pol-
icy. But, under CS, applications become more sensible with respect to the environ-
ment, because they must share processors between them. We measure the impact with
the standard deviation coefficient (CV) of the execution times of the applications
between workloads. For example the MG has under the SCS techniques a CV of 5.5,
while under CS techniques it can be greater than 26.9. This means that SCS show a
greater stability than CS. This is important because an application, under SCS, will
have a more predictable behavior.
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Fig. 1. Evaluation of different scheduling policies under the workloads from Table 2.

4.4 Comparing CS and SCS Varying Workload and System Characteristics

In the previous section we showed that SCS with BI and RR dominated the other
strategies evaluated. In this section we show the results from re-evaluating it and
comparing with CS. The workloads used are from Table 3 with different number of
processes (between 32 and 60) and arrivals distributed in exponential form. In [7]
Moreira et al showed that MPLs greater than 6 are equal to infinite MPL. So the
greatest MPL evaluated was 6.

In Fig. 2 we can see graphically the avg. slowdowns of the response times with re-
spect to FIFO execution, for jobs in high and low communication degree workloads,
evaluated for MPL=2, 4 and 6 under CS and SCS policies with machine loads of 20%
and 60%. In general SCS dominates CS especially for high comm. degree workload
and MPL=4, in about 20%. For MPL=2, low comm. degree workloads and light
loaded machines, SCS and CS are quite similar.

Fig. 2. Avg. Slowdowns for high and low comm. workloads under SCS and CS, varying MPL
(2, 4 and 6) and machine load (20% and 60%).
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Our CS configuration generates some kind of unfairness, when high and low
comm. jobs share resources, in favour of the second. This is because low comm. de-
gree jobs, do very few context switches as they rarely invoke MPI blocking functions,
so they almost never free the processor.

5 Concluding Remarks and Future Work

In this paper we have implemented and evaluated our proposed SCS technique and
compared to SSS or FIFO, and TS alternatives: PB, the native IRIX scheduler and
some CS configurations, under different workloads and system characteristics.

In the first part of the evaluation to avoid fragmentation and strictly measure the
impact with the maximum machine utilisation, we use a MPL=4, a fixed number of
processes per job, equal to 64, and the same arrival time for the entire workload. Here
we concluded that the SCS techniques with BI and choosing the next to run in the
local queue in a Round Robin manner seemed the best option. They showed also a
more predictable behaviour and stability than the TS techniques. SCS have an average
improvement from 20% to 40% over FIFO executions depending on the communica-
tion degree. On the other hand for applications, which have global synchronization or
do mostly calculations, CS showed better response times.

In the second part, we re-evaluate and compare the SCS and CS techniques in a
more realistic environment varying machine utilisation, with different number of
processes per job and arrivals time to the system. We observed that as in the first part,
SCS dominate the CS techniques especially for high machine utilisation. For low
machine utilisation, CS and SCS perform quite similar.

There is some fragmentation under the SCS generated due to the maximum MPL is
fixed, which goes from 9% for MPL=6 to 24% for MPL=2. This can be avoided if
MPI jobs were malleable. We are planning to work with moldable jobs, deciding the
optimal number of processes to run the job, depending on its scalability and the cur-
rent system fragmentation. As MPL and machine utilisation increment, the fragmenta-
tion in SCS decrements, improving its performance. On the contrary, with high MPL,
CS cannot afford the synchronization problem as good as the SCS.

In the future we plan to exploit the coordination between the queuing system and
the processor scheduler, and the knowledge about the job obtained at execution time
in order to determine for example its multiprogramming level dynamically. Although
this work has been done only on Shared Memory multiprocessors, we plan to extend
this work to the other platform in the future.
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Abstract. This paper is devoted to scheduling a large collection of inde-
pendent tasks onto a distributed heterogeneous platform, which is com-
posed of a set of servers. Each server is a processor cluster equipped
with a file repository. The tasks to be scheduled depend upon (input)
files which initially reside on the server repositories. A given file may well
be shared by several tasks. For each task, the problem is to decide which
server will execute it, and to transfer the required files to that server
repository. The objective is to find a task allocation, and to schedule the
induced communications, so as to minimize the total execution time. The
contribution of this paper is twofold. On the theoretical side, we establish
a complexity result that assesses the difficulty of the problem. On the
practical side, we design several new heuristics, including an extension
of the min-min heuristic to such a decentralized framework, and several
lower cost heuristics, which we compare through extensive simulations.

1 Introduction

In this paper, we are interested in scheduling independent tasks onto collections
of heterogeneous clusters. These independent tasks depend upon files (corre-
sponding to input data, for example), and difficulty arises from the fact that
some files may well be shared by several tasks. Initially, the files are distributed
among several server repositories. Because of the computations, some files must
be replicated and sent to other servers: before a task can be executed by a server,
a copy of each file that the task depends upon must be made available on that
server. For each task, we have to decide which server will execute it, and to
orchestrate the file transfers, so that the total execution time is kept minimum.

This paper is a follow-on of two series of work, by Casanova, Legrand,
Zagorodnov, and Berman [3] on one hand, and by Giersch, Robert, and Vivien [5]
on the other hand. In [3], Casanova et al. target the scheduling of the tasks typi-
cally submitted to APST, the AppLeS Parameter Sweep Template [1]. Casanova
et al. have considered three heuristics designed for completely independent tasks
(no input file sharing) that were proposed in [6]. They have modified these three
heuristics (originally called min-min, max-min, and sufferage in [6]) to adapt
them to the additional constraint that input files are shared between tasks. The
number of tasks to schedule is expected to be very large, and special attention
should be devoted to keeping the cost of the scheduling heuristics reasonably low.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 246–253, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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In [5], Giersch et al. have introduced several new heuristics, which are shown to
perform as efficiently as the best heuristics in [3] although their cost is an order
of magnitude lower.

However, all the previous references restrict to a very special case of the
scheduling problem: they assume the existence of a master processor, which
serves as the repository for all files. The master distributes the files to the pro-
cessors, so that they can execute the tasks. This master-slave paradigm has a
fundamental limitation: communications from the master may well become the
true bottleneck of the overall scheduling scheme.

In this paper, we deal with the most general instance of the scheduling prob-
lem: we assume a fully decentralized system where several servers, with different
computing capabilities, are linked through an interconnection network. To each
server is associated a (local) data repository. Initially, the files are stored in
one or several of these repositories (some files may be replicated). After having
decided that server will execute task the input files for that are not
already available in the local repository of will be sent through the network.
Several file transfers may occur in parallel along disjoint routes.

The contribution of this paper is twofold. On the theoretical side, we establish
in Section 3 a complexity result that assesses the difficulty of our scheduling prob-
lem. On the practical side, we design several heuristics. The first heuristic is the
extension of the min–min heuristic to the decentralized framework (Section 4).
The next heuristics aim at retaining the good performances of the min–min vari-
ants while reducing the computational cost by an order of magnitude (Section 5).
We compare all these heuristics through extensive simulations (Section 6). We
start by describing in Section 2 the specifications of our scheduling problem.

Due to space limitations, we refer to [4] for missing details and proofs.

2 Framework

Tasks and files. The problem is to schedule a set of independent tasks
The weight of task is The execution of each

task depends upon one or several files, and a given file may be shared by several
tasks. Altogether, there are files in the set The size of
file is

We use a bipartite graph to represent the relations between files
and tasks. The set of nodes in the graph is and there is an edge

in if and only if task depends on file Each node in
is weighted by or

Platform graph. The tasks are scheduled and executed on an heterogeneous
platform composed of a set of servers, which are linked through a platform
graph Each node in is a server, and each link

represents a communication link from server to server We assume
that the graph is connected, i.e., that there is a path linking any server pair.

Each server is composed of a local repository associated
to a local computational cluster The files are stored in the repositories. We
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assume that a file may be duplicated, and thus simultaneously stored on several
repositories. We make no restriction on the possibility of duplicating the files,
which means that each repository is large enough to hold a copy of all the files.

For cluster to be able to process task repository must hold all files
that depends upon. Therefore, before can start the execution of the
server must have received from the other server repositories all the files
such that and which were not already stored in For communica-
tions, we use the one-port model: at any given time-step, there are at most two
communications involving a given server, one sent and the other received.

As for the cost of communications, first consider the case of adjacent servers
in the platform graph. Suppose that server sends the file to another server

through the network link We denote by the bandwidth of the link
so that time-units are required to send the file. Next, for communica-

tions involving distant servers, we use a store-and-forward model: we route the
file from one server to the next one, leaving a copy of the file in the repository
of each intermediate server. The communication cost is the sum of the costs of
the adjacent communications. Leaving copies of transferred files on intermediate
servers multiplies the potential sources for each file and is likely to accelerate
the processing of the next tasks, hence the store-and-forward model seems quite
well-suited to our problem. Finally, we assume no communication time between
a cluster and its associated repository: the cost of intra-cluster messages is ex-
pected to be an order of magnitude lower than that of inter-cluster ones.

As for computation costs, each cluster is composed of heterogeneous
processors The speed of processor is meaning that

time-units are needed to execute task on A coarser and less precise
approach is to view cluster as a single computational resource of cumulative
speed This is the approach used in all of our heuristics when the
completion time of a task on a server needs to be evaluated.

Objective function. The objective is to minimize the total execution time. The
execution is terminated when the last task has been completed. The schedule
must decide which tasks will be executed by each processor of each cluster, and
when. It must also decide the ordering in which the necessary files are sent from
server repositories to server repositories. We stress two important points: (i) some
files may well be sent several times, so that several clusters can independently
process tasks that depend upon these files, and (ii) a file sent to some repository
remains available for the rest of the schedule (if two tasks depending on the same
file are scheduled on the same cluster, the file must only be sent once).

We let (Tasks Sharing Files from Distributed Repositories)
denote the optimization problem to be solved.

3 Complexity

Most scheduling problems are known to be difficult [7]. The TSFDR optimiza-
tion problem is no exception. Heterogeneity may come from several sources: files
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or tasks can have different weights, while clusters or links can have different
speeds. Simple versions of these weighted problems already are difficult. For in-
stance the decision problem associated to the instance with no files and two
single-processor clusters of equal speed already is NP-complete (it reduces to
the 2-PARTITION problem as tasks have different weights). Conversely, mapping
equal-size files and equal-size tasks on a single server platform with two het-
erogeneous processors and two links of different bandwidths is NP-hard too [5].
Even in the un-weighted version of our problem, where all files have same size
and all communication links have same bandwidth, to decide where to move the
files so as to execute the tasks is a difficult combinatorial problem due to file
sharing. This is what formally state Definition 1 and Theorem 1.

Definition 1 Given a bipartite application
graph a platform graph assuming: (i) uniform
file sizes (ii) homogeneous interconnection network and (iii)
zero processing time or and given a time bound K, is it
possible to schedule all tasks within K time-steps?

Theorem 1. is NP-complete.

4 Adapting the min–min Scheme

Due to the presence of weights in tasks, in files, and in the platform graph,
approximation algorithms are not likely to be feasible. Hence, we look for poly-
nomial heuristics to solve TSFDR, and we will compare these heuristics through
extensive simulations. Considering the work of Casanova et al. [3] for master-
slave systems with a single server, we start by adapting the min–min scheme.

The principle of the min–min scheme is quite simple:

While there remain tasks to be scheduled do
1.

2.

for each task that remains to be scheduled and each processor
evaluate the Minimum Completion Time (MCT) of if mapped on
pick a couple with minimum MCT and schedule on

The problem then is to evaluate a task MCT. When trying to schedule a task
on a given processor, one has to take into account which required files already
reside in the corresponding repository, and which should be brought from other
servers. One can easily determine which communications should take place. But
scheduling these communications is an NP-complete problem in the general case.

Scheduling the communications. We deal with the situation where all commu-
nications have the same destination (namely the server that will execute the
candidate task In the 1-port model, if the routing in the platform graph
is not fixed, we show that scheduling a set of communications is already NP-
hard [4] in our context. As the routing is usually decided by table lookup, one can



250 A. Giersch, Y. Robert, and F. Vivien

assume the routing to be fixed. But when trying to schedule the communications
required for a task one must take into account that the communication links
are already used at certain time slots due to previously scheduled communica-
tions. Even under a fixed routing, this also leads to an NP-complete problem [4].

Therefore, we rely on heuristics to schedule the necessary communications.
A first idea would be to memorize for each link the date and length of all com-
munications already scheduled, and to use an insertion scheduling scheme to
schedule new communications. This scheme should be rather precise but may be
very expensive. A second idea is to use a simple greedy algorithm which schedules
new communications as soon as possible but always after communications using
the same links. In both cases we assume a fixed routing. If a file is available on
several servers, we heuristically decide to bring it from the closest server.

Complexity of the adapted min–min scheme. The complexity of the whole min–
min heuristic is when using the
greedy communication scheduling heuristic, if we denote by the maximum
number of files that a task depends upon, and by the diameter of the plat-
form graph. Of course, the complexity is larger with the insertion scheduling
scheme. The last term in the expression comes from scheduling tasks on clus-
ters. Indeed, once the communications are scheduled, on each cluster, we greedily
schedule the tasks on the available processors. Among the tasks of lowest avail-
ability date, we take the largest one and schedule it on the processor on which
it will reach its MCT.

The sufferage heuristic is a variant of min–min which sometimes delivers
better schedules, but whose complexity is slightly greater [3,5,4].

5 Heuristics of Lower Complexity

As appealing as the min–min scheme could be because of the quality of the
scheduling it produces [5], its computational cost is huge and may forbid its use.
Therefore, we aim at designing heuristics which are an order of magnitude faster,
while trying to preserve the quality of the scheduling produced.

The principle of our heuristics is quite simple. The min–min scheme is especially
expensive as, each time it attempts to schedule a new task, it considers all
the remaining tasks and compute their MCTs. On the opposite, we worked on
solutions where we only consider a single task candidate per cluster. This leads
to the following scheme:

While there remain tasks to be scheduled do
1.

2.

for each cluster pick the “best” candidate task that remains to be
scheduled;
pick the “best” couple and schedule on

The whole heuristic then relies on the definition of the “best” candidate. For
that, we design a cost function that we use as an estimate of the MCT of a
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task on a given server. Using the results of [5], we simply defined the cost of
a task on a server as the sum of the time needed to send the required
files to (communication time), plus the time needed by the cluster to
process the task, when the cluster is seen as a single computational resource
(computation time). The communication time can be evaluated using either of
the two heuristics described in Section 4. In practice, we approximate it by
using either the “sum” of all the communications required (over-approximation
by sequentialization of all communications) or its “max” (under-approximation
by considering all communications to take place in parallel).

Static heuristics. In our static heuristics, for each cluster we first build a list
of all tasks sorted by increasing cost function. Then, each time we schedule
a new task: 1) we define as local candidate for cluster the task which has
lowest cost on and has not already been scheduled; 2) among all the local
candidates we take the one of lowest cost and we assign it on the correspond-
ing cluster; 3) we schedule the necessary communications and the computation
as we did for the min–min scheme. The overall complexity of this scheme is:

(with
greedy communication scheduling) which is an order of magnitude less than the
complexity of the min–min scheme: we no longer have a term.

In the MCT variant of our static heuristic we make two modifications to our
scheme. First, if on one cluster there is a task which only depends on files residing
on the corresponding server, it becomes the local candidate (whatever its cost).
Then, we compute the actual MCT of each local candidate (only on its candidate
cluster) and we pick the task of lowest MCT. The two modifications only lead
to an additional term of in the complexity.

Dynamic heuristics may seem a better approach than static ones. Indeed, as
scheduling decisions are taken, files are copied between servers and the original
cost estimate become less pertinent. Hence the desire to use dynamically updated
costs to drive the mapping decisions. But the updates should be kept as compu-
tationally cheap as possible. Hence, each time a file is duplicated we update
only the where depends on Using a clever data structure
(see [4] for details) the overall complexity of maintaining dynamic costs is only

where when we over-approximate the communications
and when we under-approximate them.

In the dynamic1 heuristics, for each cluster we maintain a heap of dynamic
costs, and the selection of the local candidate for each cluster is cheap. Then,
the overcost due to the dynamicity is only:

Another way of decreasing the complexity of the selection of the local can-
didate is to select, on each server, tasks of lowest costs, instead of only one
task. Such a selection can be realized in linear time in the worst case [2]. The
dynamic2 heuristic uses this approach. Then, the overcost due to the dynamicity
is: For the simulations described in
the next section, we used
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6 Simulation Results

In order to compare our heuristics, we have simulated their executions on ran-
domly built platforms and graphs. We have conducted a large number of exper-
iments, which we summarize in this section.

Simulation framework. We generated three types of server graphs (7 servers):
clique, random tree, or ring. Each server is associated a cluster of 8, 16, or 32 pro-
cessors. The processors speeds and communication links bandwidths were chosen
from a set of values recorded on real machines. These values were normalized
so as to model three communication-to-computation cost ratios: computation
intensive, communication intensive, and intermediate. For the tasks graphs, we
generated four types of graphs, from very regular ones with lots of file sharing,
to fully randomly built ones. The initial distribution of files to server is built
randomly. A fully detailed description of the simulations can be found in [4].

Results. We report the performance of our heuristics together with their cost
(i.e., their CPU time). The randommap heuristic randomly picks the local candi-
date (the same for all clusters) but uses the same optimizations and scheduling
schemes than the other heuristics. Table 1 summarizes all the simulations, i.e.,
36,000 random tests (1,000 tests over each combination of task graph, platform
graph, and communication-to-computation cost ratio). For each test, we com-
pute the ratio of the performance of all heuristics over the best heuristic for
the test, which gives us a relative performance. The best heuristic differs from
test to test, which explains why no heuristic in Table 1 can achieve an aver-
age relative performance of 1. The optimal relative performance of 1 would be
achieved by picking, for any of the 36,000 tests, the best heuristic for this par-
ticular case. (The relative cost is computed along the same guidelines, using the
fastest heuristic.)

The basic versions of our heuristics are far quicker than the min-min versions
but at the cost of a great loss in the quality of the schedules produced (two times
worse). The MCT variant greatly improves the quality of our heuristics (this is
exemplified by randommap) while their costs remain very low. For example, the
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MCT variant of dynamic 1 produces schedules which are only 19% longer than
those ofmin–min... but it produces them 460 times more quickly. We also ran the
heuristics with the insertion scheduling heuristic for communication scheduling
(rather than with the greedy scheduling as previously). As predicted, the quality
of results significantly increased. The overhead is prohibitive for the min–min
variants (these versions only differ from the original by the insertion scheduling
scheme). Surprisingly, this overhead is reasonable for our heuristics. For example,
this version of dynamic 1 produces schedules which are 3% shorter than those of
the original min–min... and it produces them 400 times more quickly.

7 Conclusion

In this paper, we have dealt with the problem of scheduling a large collection
of independent tasks, that may share input files, onto collections of distributed
servers. On the theoretical side, we have shown a new complexity result, that
shows the intrinsic difficulty of the combinatorial problem of deciding where
to move files. On the practical side, our contribution is twofold: 1) we have
shown how to extend the well-known min–min heuristic to this new framework,
which turned out to be more difficult than expected; 2) we have succeeded in
designing a collection of new heuristics which have reasonably good performance
but whose computational costs are orders of magnitude lower than min–min:
our best heuristic produces schedules whose makespan is only 1.1% longer than
those of the best min–min variant, and produces them 585 times faster than the
quickestmin–min variant.

We plan to deploy the heuristics presented in this paper for a large medical
application, with servers in different hospitals in the Lyon-Grenoble area, and we
hope that the ideas introduced when designing our heuristics will prove useful
in this real-life scheduling problem.
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Abstract. Data mining applications are composed of computing-intensive proc-
essing tasks, which are natural candidates for execution on high performance,
high throughput platforms such as PC clusters and computational grids. Be-
sides, some data-mining algorithms can be implemented as Bag-of-Tasks (BoT)
applications, which are composed of parallel, independent tasks. Due to its own
nature, the adaptation of BoT applications for the grid is straightforward. In this
sense, this work proposes a scheduling algorithm for running BoT data mining
applications on grid platforms. The proposed algorithm is evaluated by means
of several experiments, and the obtained results show that it improves both
scalability and performance of such applications.

1 Introduction

Knowledge discovery in databases is the non-trivial process of identifying valid,
novel, potentially useful, and ultimately understandable patterns in data [1]. Data
Mining (DM) is a step in this process that centers on the automated discovery of new
facts and relationships in data. DM consists of three basic steps: data preparation,
information discovery and analysis of the mining algorithm output. All these steps
exploit huge amounts of data and are computationally expensive. In this sense, several
techniques have been proposed to improve the performance of DM applications, such
as parallel processing [3] and implementations based on cluster of workstations [4].

A computational grid, or simply grid for short, provides access to heterogeneous
resources in a geographically distributed area, allowing the integration of these het-
erogeneous and distributed resources into a unified computer resource. Computational
grids are usually built on top of specially designed middleware platforms, the so-
called grid platforms. Grid platforms enable the sharing, selection and aggregation of
a variety of resources including supercomputers, servers, workstations, storage sys-
tems, data sources and specialized devices that are geographically distributed and
owned by different organizations [5].

Among the most suitable applications for running on a grid are the Bag-of-Tasks
(BoT) applications, which are parallel applications whose tasks are independent of
each other. Examples of BoT applications include Monte Carlo simulations, massive
searches (such as key breaking), parameter sweeps, image manipulation, and data
mining. In this work, we analyze the use of computational grids for data mining.
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BoT data mining applications can present scalability problems when executing on
the grid. In this paper, we define scalability as the ability of a grid platform to reduce
the total execution time of a BoT application as the number of machines added to the
grid increases, given that the number of tasks of the BoT application is larger than the
number of machines in the grid. This paper proposes a scheduling algorithm that
improves scalability of BoT data mining applications on the grid, by grouping sets of
independent tasks into larger ones, which are executed on grid machines. For the
experimental results we used the MyGrid platform [6], which is specially designed to
run BoT applications.

The remaining of this paper is organized as follows: Section 2 approaches the em-
ployed data mining algorithm (K-Means) in the context of BoT applications. This
section also presents experimental results related with the scalability problem to be
tackled by our scheduling algorithm. This algorithm is described and evaluated in
Section 3. Finally, Section 4 presents the conclusions and points out some future
work.

2 Running Data Mining Algorithms as BoTs Applications

Some recent works suggest that grids are natural platforms for developing high per-
forming data mining services [7,8,9]. For instance, Orlando et al. [8] describe the
application of two data mining algorithms in the Knowledge Grid [7]: DCP and K-
means. The former algorithm enhances the popular Apriori Algorithm [10], which is
an algorithm for frequent set counting, whereas the latter one is a clustering algo-
rithm. In this work, we have also employed the K-Means algorithm (briefly described
in Section 2.1) implemented as a BoT application on the MyGrid platform (depicted
in Section 2.2). Section 2.3 reports experimental results that illustrate the need for a
specific scheduling algorithm specially designed to run BoT applications.

2.1 K-Means Algorithm

Clustering algorithms involving the calculation of the mean (centroid) of each cluster
are often referred to as K-means algorithms [2]. Basically, these algorithms partition a
dataset of n objects into K clusters. The K value, which represents the number of
clusters, is specified by the user. These algorithms try to minimize the error sum of
distances (e.g. Euclidean) between objects of a cluster and its centroid. The imple-
mentation employed in our work can be summarized as follows:

1.
2.
3.
4.

The convergence criterion can be defined either as the maximum number of itera-
tions (t) of steps 2 and 3 or as the maximum absolute difference between centroids in
two consecutive iterations. The K-Means Algorithm has two main drawbacks: (i) it
may get stuck at local optimal partitions; (ii) the user has to provide the number of
clusters (K). Besides, the K-Means can sometimes end up with less than K clusters if,

Generate a random initial partition of objects into K nonempty clusters;
Compute the cluster centroids (mean vectors) of the current partition;
Assign each object to the cluster with the nearest centroid;
If the convergence criterion has been met, stop. Otherwise, go to step2.
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in a set of K centroids, at least one is worse than all the other ones. This situation can
happen, for instance, if all objects are nearer to the other (K-1) centroids. However,
this is not a hard limitation, because it can indicate that there are less than K clusters.
Indeed, the choice of K is very hard and a usual practical approach is to try several
different solutions (one for each K-value) and then choose the most suitable one, by
plotting the value of the clustering criterion against the number of clusters. In a grid
environment, this approach can be performed in a parallel way, in which each ma-
chine runs the algorithm for a specific K-value. In addition, it is also useful to run the
K-Means for different initial partitions, and it can also be performed in parallel (this
approach is employed in our work). Due to those characteristics, the K-Means algo-
rithm is suitable for execution as a BoTs application on the MyGrid platform. In addi-
tion, K-Means is suitable for our experiments, because of its efficiency - O(tKn).

2.2 The Platform MyGrid

The MyGrid platform [6] was conceived to support the execution of BoT applications,
which constitute a class of parallel applications that can be partitioned in several in-
dependent tasks. Usually, these tasks have an infrequent need for communication.

The main benefits of MyGrid are twofold: minimal installation effort and ease of
use. Most grid platforms (for example see [11]) can only be installed and configured
by system administrators. Moreover, installation procedures are usually manually
repeated in a considerable number of machines. MyGrid enables regular users to
create their own grid to run applications on whatever resources they have access to,
without the need for these users to get involved into grid details and administrative
procedures for heterogeneous platforms.

Since MyGrid focuses on BoT applications, its working environment consists of a
small set of services to enable its users to manipulate their files on the grid. Conse-
quently, no previous software installation nor shared file system are needed on ma-
chines. A user is required to install and configure MyGrid only on one machine,
which is called home machine. Interactions with other machines are supported by the
Grid Machine Interface (GMI), i.e., a minimal set of services that must be available in
a machine so it can be used as a machine for grid computing, the so-called grid ma-
chine. These services consist of: (1) remote executing on a grid machine; (2) termina-
tion of a running task; and (3) file transfers between the home and grid machines.

Mygrid implements two task scheduling algorithms, Work Queue[6] and Work
Queue with Replication (WQR) [12]. WQR starts the execution of each task on idle
grid machines just like the Workqueue algorithm. Once the queue is empty, Mygrid
starts execution of replicated instances of unfinished tasks on idle machines. Once a
task completes, all other replicas are terminated. If a machine is overloaded or fails,
the WQR will eventually re-execute the corresponding task on another machine.

2.3 Running K-Means as a Bag-of-Tasks Application

Our experiments were performed in a dataset formed by nine overlapping clusters.
These clusters contain 100 objects, randomly generated using bi-dimensional Gaus-
sian distributions with standard deviations equal to 0.5 and centers [x,y] given by
[1,1],[3,1],[5,1],[1,3],[3,3],[5,3],[1,5],[3,5],[5,5]. We have employed K=150 clusters
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and t=500 iterations. These parameter values were chosen because they are suitable to
characterize the scalability of the grid platform and to assess the performance of the
proposed scheduling algorithm.

Initially, experiments to estimate the performance gains were executed on a grid of
25, 30 and 35 machines. Twenty machines are located at UniSantos and the others at
the Federal University of Campina Grande, Brazil. A distance of about 3000 kilome-
ters separates these two sites. The machines at UniSantos are 1.8 GHz Pentium IV
machines with 128 MB of RAM. Machines at Campina Grande have l.8GHz Pentium
IV processors with 630 MB of RAM. The results shown in Figure 1 are the average of
ten executions at different times of the day. A Pentium IV with 1GB of main memory
was used as the home machine. This machine is dedicated to provide dataset distribu-
tion, task dispatching to grid machines and output file gathering. The scheduling
strategy used was the standard Workqueue algorithm. Version 1.1 of MyGrid was
used in experiments.

The execution time of DM applications can be significantly reduced on a Grid en-
vironment, but the scalability of a grid with more than 30 machines is poor, as illus-
trated in Figure 1. It is due to both the application behavior and the way MyGrid in-
teracts with grid machines to manage input and output files. Thus, a more detailed
view of the MyGrid working environment becomes necessary.

Each MyGrid task is divided in three subtasks (init, remote and collect), which are
performed sequentially, in that order. Both init and collect subtasks are executed on
the home machine, to send input files to grid machines and to collect the output files
back to the home machine, respectively. The remote subtask runs on grid machines,
and it is responsible to perform the computation itself. Depending on the size of input
and output files and the number of grid machines, the execution of init and collect
subtasks on the home machine may become a bottleneck. The overhead related to file
transfers in the home machine depends on both the size of the input and output files
and the number of machines added to the grid. In addition, the data transfer rate ob-
served in the home machine can also be affected by the running time of remote sub-
tasks. The shorter is the execution time of remote subtasks, the more frequent is the
transfer of input and output files, which increases the data transfer rate in the home
machine.

The main cause of the poor scalability depicted in Figure 1 is the bottleneck that
appeared at the home machine. For each application task, a small number of proc-
esses are created at the home machine to manage the transferring of input and output
files to and from grid machines. Such processes are eliminated as soon as their corre-

Fig. 1. Average execution times in a Grid
environment (350 tasks).

Fig. 2. Average execution times in a dedicated
cluster environment.
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sponding tasks have been completed. Thus, short-duration application tasks can in-
crease the rate of creation/destruction of such processes to critical levels. Moreover,
these processes execute concurrently, competing for memory, I/O subsystem, network
bandwidth, CPU cycles, and other resources. Our tests have shown that the scalability
of the application can be severely impacted when we execute a large number of tasks,
due mainly to the bottleneck created at the home machine. This fact is evidenced by a
new set of experiments generated on a dedicated cluster of Pentium IV machines.
These results are shown in Figure 2.

For the results shown in Figure 2, we run the set of tasks sequentially on a single,
stand alone machine with a Pentium IV (1.8 GHz) processor, and 1 GB of main mem-
ory. Then, the same set of tasks were run on 2,4, 8, 12, 16 and 20 dedicated machines
with similar hardware characteristics, interconnected by a 100 Mbps Ethernet LAN.
The schedulling strategy was the standard Workqueue algorithm. By examining Fig-
ure 2, it is clear that scalability is poor for cluster platforms with more than 16 ma-
chines.

3 A Scheduling Algorithm for Data Mining Tasks

The bottleneck represented by the home machine can be characterized by examining
the execution times of each independent task and isolating the times required for the
corresponding init, remote and collect subtasks. For very short executions, like the
ones here performed, the time waste transferring data sometimes is larger then the
computational time. Beyond that, there is a reduction of performance when more
machines are aggregated, because the home machine needs to manage more processes
which compete for resources. In Mygrid 1.1, for each application task, a small number
of processes are created to manage the transfer of input and output files to and from
grid machines. Such processes are terminated as soon as their tasks have been accom-
plished. Thus, short application tasks can increase the rate of creation/destruction of
such processes to critical levels. Moreover, these processes execute concurrently,
competing for memory, I/O subsystem, network bandwidth, CPU cycles, and other
resources in the home machine.

One way of reducing the impact of the bottleneck represented by the home ma-
chine on the scalability of the platform is to group sets of tasks in one larger task and
then execute the “big” task in a grid machine. In the following we will refer to this big
task as a job. The main idea is to group a set on tasks into one execution in a remote
grid machine, when the number of machines of the grid grows up and the execution
time of an individual task is small, i.e., having the same order of magnitude of the
time need to transfer input and output files over the network.

In the following we propose scheduling algorithms for reducing the impact of the
bottleneck at the home machine. As a consequence, scalability is improved. Two
different platforms are considered: a dedicated cluster, in which all machines are
located in the same administrative domain, and a grid environment composed of het-
erogeneous machines located at different sites.

For the results in the following sections we run a BoT K-means application com-
posed of 350 independent tasks. These tasks simulate possible variations of initial
partitions in the K-means algorithm (described in Section 2.1).
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3.1 Dedicated Cluster

In a dedicated cluster we used the following algorithm to group tasks: (i) Tasks are
grouped in a way that only one job (group of independent tasks) is created per ma-
chine. By considering just one job per machine we reduce the amount of work to be
done by the home machine in managing jobs; (ii) Tasks are clustered into jobs in a
way that the time needed for processing each job is about the same for every machine.
In order to do so, static information about the configuration of each machine (such as
processor speed and memory) should be available. Therefore, the amont of work to be
executed by each processor is statically balanced.

We performed initial experiments using a cluster comprised of 20 machines at
Unisantos in the same administrative domain. All machines have one Pentium IV (1.8
GHz) processor, and 128 MB of main memory. For those executions we used a home
machine with 1 GB of main memory. Results for clusters composed of 8, 12, 16 and
20 machines are shown in Figure 3.

Fig. 3. Average execution times in a dedicated cluster - tasks grouped into jobs.

Since the platforms are composed of homogeneous machines, the number of inde-
pendent tasks assigned to each machine is an integer in the interval

where T is the total number of tasks (in this case 350) and P is number of machines. It
is worth noting the improvement in scalability when tasks are grouped into jobs.

Since the files to be processed by each task are the same in this application, it is
possible to send the files just once. As a consequence there is a reduction on both the
amount of processing needed to manage remote tasks in home machine and network
traffic. As a consequence there is significant reduction in the overall makespan, which
can be verified by comparing the results in Figure 3 to the results in Figure 2.

3.2 Grid Platform

In grid platforms, faults are common, and this fact should be taken into account ex-
plicitly to define a scheduling algorithm. The degree of heterogeneity is also much
larger in a grid, when comparing to a cluster. We used the algorithm proposed for the
dedicated cluster as a starting point, and modified it as described below:
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(i)

(ii)

(iii)

(iv)

Just like the dedicated cluster algorithm, tasks are grouped in a way that only
one job is created per machine.
Cluster tasks into jobs in a way that the time needed for processing each job is
about the same for every machine, as if the machines are dedicated, by using
static information. In the case of a grid the static information should include
the machine is local, i.e., if the machine is in the same administrative domain of
the home machine. A larger amount of work should be assigned to local ma-
chines, as network delays are considerably smaller in this case.
For every x tasks completed, the grid machine should send the corresponding
results back to the home machine. This mechanism is similar to a regular
checkpointing. If the grid machine fails, the only tasks that have to be executed
are those for which the results were not received. It is possible to obtain
information about the current load of a grid machine by measuring the time
needed for executing x tasks. Beyond that, the home machine can assert the
failure of a grid machine by considering a dynamically adjustable timeout. If
the home machine does not receive any results for a period of time equal or
larger than the timeout, the grid machine is considered offline.
If a machine becomes idle, send a replica of the remaining tasks of the slowest
machine to the idle machine. If the slowest machines’ tasks have already been
replicated, consider the second slowest machine, and so on (only one replica
per task).

We also run experiments in a grid environment comprised of 25, 30 and 35 hetero-
geneous machines, 20 machines from Unisantos and the others from Federal Univer-
sity of Campina Grande. Initial results are shown in Figure 4. Given the static infor-
mation available about the machines and networks, the load was distributed in a way
that about 60 % to 80% of the tasks were initially assigned to local machines at Uni-
santos. The actual figure depends on the number of local machines that compose the
grid. The other tasks were assigned to remote (Campina Grande) machines. Despite
the short execution times and the relatively small number of machines, the results of
Figure 4 show a very significant improvement when compared to results shown in
Figure 1. Both the scalability and the performance are considerably improved. For
instance, for the 35 machines plataform, the performance improvement in the overall
makespan is about 56%.

Fig. 4. Average execution times in a grid environment – tasks grouped into jobs.
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4 Conclusion

This paper evaluated the scalability of a data mining method (K-Means Algorithm)
implemented as a BoT application, using the middleware Mygrid. We proposed a
scheduling strategy aimed to improve scalability, by grouping together sets of inde-
pendent tasks to be executed in a grid machine. Our group is now investigating ways
of improving even further the scalability of the platform by distributing the functions
associated to the home machine among several machines.
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Abstract. This paper proposes an approach to continuously optimizing paral-
lel scientific applications with dynamically changing architectures. We achieve
this by combining a dynamic architecture and lookahead malleable task graph
scheduling.

1 Introduction

There is a rich body of research on both off-line scheduling and on-line load balancing.
The former produce good results for statically know programs, especially if the com-
munication behavior is know statically. The latter is commonly used when programs
or hardware configurations change during execution. The disadvantage of load balanc-
ing is its unawareness of the applications, leading to limited anticipation of future load
situations. Re-scheduling of changed applications or hardware configurations is a non
option since the algorithms are too slow.

This paper contributes by making off-line scheduling algorithms applicable for dy-
namic scenarios. We approach the problem by defining a Dynamic Service Architecture
(DSA), responsible for managing event-driven changes to applications and continuously
generating schedules for possible future situations. In order to make the continuous gen-
eration of schedules feasible we apply malleable task graph scheduling. This allows for
faster scheduling by the reuse of partial schedules.

The paper is organized as follows. Section 2 gives the foundations for the execution
and programming model, and introduces the DSA. Section 3 defines the mapping be-
tween the two architectural levels of the DSA. This section introduces the composition
and the scheduling models. Finally, Section 4 concludes the paper.

2 Application Scenario

This section introduces the foundations of the programming and execution model of the
intended system and defines the Dynamic Service Architecture.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 263–270, 2004.
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2.1 Programming and Execution Model

The hardware infrastructure, GRID System in the following, consist of: Sensors called
input nodes, generating a stream of input values, computation processors (nodes) and
an interconnecting network for communication. On this GRID system applications are
executed processing data from sensors. These applications are data parallel programs.
Their inputs are sensor input values directly or the output of other applications. If the
input of application is the output of an application is called data-dependent on

This is denoted by Applications are stateless, data driven, functions.
For individual applications we assume a High Performance Fortran (HPF)-like pro-

gramming model, with data parallel synchronous programs without any data distribu-
tion. We can model such an application by a family of taskgraphs
Scientific applications can automatically be compiled to such a family of task-graphs [5].
The tasks model local computations without access to shared memory. is
the execution time of task on the target machine, and there is a directed edge from

to iff writes a value to shared memory, that is read later by task Task-graphs
are always acyclic. does not always depend on the actual input In many cases
of practical relevance, it only depends on the problem size We call these program
oblivious and denote their task graphs by We write G instead of if is arbitrary
but fixed. The height of a task denoted by is the length of the longest path from
a task with in-degree 0, to the task

The hardware is modeled by the LogP [2] model: in addition to the computation
costs it models communication costs with parameters Latency, overhead, and gap
(which is actually the inverse of the bandwidth per processor). In addition to L, o,and

parameter P describes the number of processors. Moreover, there is a capacity con-
straint: at most messages are in transmission in the network from any processor
to any processor at any time. A send operation that exceeds this constraint stalls.

A LogP-schedule is a schedule that obeys the precedence constraints given by the
task-graph and the constraints imposed by the LogP-machine, i.e., sending and receiv-
ing a message takes time there must be at least time between two consequential
send or receive operations, there must be at least time L between the end of a send task
and the beginning of the corresponding receive task, and the capacity constraint must
be obeyed. denotes the execution time of schedule i.e., the time at which
the last task finishes.

The configuration of a system is defined by: (i) its set of applications, (ii) the data
dependencies, and (iii) Quality of Service (QoS) parameters for the different applica-
tions.

2.2 Dynamic Service Architecture

A configuration might change over time, i.e. it is dynamic. These changes are user-,
application-, or system-triggered. The Dynamic Service Architecture (DSA) manages
change the running system. The DSA can be seen as a conceptual control system listen-
ing to events from and reconfiguring a physical processing accordingly. The architecture
of the processing system is defined by a composition of data-parallel applications. The
focus of reconfiguration is, for this paper, the rescheduling.
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The user in our scenario controls a certain set of applications. A typical user-
triggered change is adding an application to the system or removing it after gaining the
results. Some applications act as detectors, recognizing certain patterns in the processed
data, that will require a reconfiguration. Application-triggered change is the detection
of an interesting sensor activity requiring changed QoS parameters. The complexity of
applications might be input dependent. Certain inputs may lead to load peaks in applica-
tions. In order to guarantee the required quality of service to applications, certain others
applications are postponed to off-line computations. This is a typical system-triggered
change.

The DSA use two architecture levels. A scheduler establishes a one-to-one map-
ping M between the conceptual processing architectures, A, and the actual physical
running systems User-triggered changes occur on the conceptual level.
As a result a new conceptual system-architecture is activated. This triggers
computation of a corresponding implementation including the computa-
tion of a new schedule that is distributed to the physical level. Inversely, application-
and system-triggered changes occur on the physical level. The level should reflect the
situation of the level in order to handle subsequent user-triggered changes in a cor-
rect manner. Hence, application- and system-triggered changes also affect the concep-
tual. However, we distinguish between conceptual events implementing user-triggered
change requests and physical events implementing application- and system-triggered
events. Both event-classes initiates the generation of new implementations using the
translation and scheduling

3 Mapping Conceptual to Physical Architecture

This section continues the discussion of the reconfigurations performed by the DSA,
more specifically the mapping from a conceptual to a physical implementation. This
mapping consists of the composition of applications to systems, discussed in Section
3.1 and scheduling. The scheduling is implemented as a continuous process, generating
all possible schedules for a given state. This lookahead scheduling is defined in Section
3.2. The lookahead-scheduling must be as fast as possible, since it defines the rate of
change events that can be dealt with. This means that we need to speed-up the classic
static scheduling algorithms. This is accomplished using malleable task scheduling,
which is described in Section 3.3.

3.1 Static Composition of Applications to Systems

So far, we defined the components: data-parallel applications, translated to task graphs
and scheduled to the infrastructure. For each component, we can determine an upper
time bound for its execution. Each component implements a function mapping an input
array to an output array

To this end, composition of components can be done by defining a program using
these components and assigning the output array of one component to the input of
another. Obviously, this system is a data-parallel program, too. It can be compiled and
scheduled just like the individual components.



266 J. Andersson et al.

The computation of an optimum LogP-schedule is known to be NP-hard. How-
ever, good approximations and heuristics, c.f. our own contributions in task scheduling,
e.g. [3], guarantee a small constant factor in delay. In practice, the results are even closer
to the optimum. Moreover, an upper time bound for the execution time of a
schedule can be determined statically.

Adding/removing a component requires a complete re-translation of the system
to a new task graph and a rescheduling of the new task-graph. This is, in principle,
not a problem since adding/removing a component can be planned and prepared off-
line. After the complete schedule is computed for the new system, the computation
can replace the running system with the new system. However, for application- and
system-triggered changes the delay to prepare for a change is not acceptable. There-
fore, we compute new schedules before they are actually needed. We call this lookahead
scheduling.

3.2 Lookahead Scheduling

As mentioned before, we distinguish between conceptual events implementing user-
triggered change requests and physical events implementing application- and system-
triggered events. If an occurs, we compute the new architecture of the
processing system, map it to a implementation architecture compute the
delta between the current implementation architecture and and deploy that delta to
the GRID system. If a occurs, the reconfiguration must be finished in mil-
liseconds. However, we exploit the assumption that the expectation on the rate of such
events is rather low. The fundamental principle for the optimization of our dynamic
reconfiguration is to employ a continuous implementation mapping with a lookahead
schema. For each system architecture A, we pre-compute possible changes w.r.t.
possible system events More specifically: given a current (baseline) architecture

and each possible system event we compute the evolved architecture
After having determined possible deltas, we have a set of lookahead(1)

architectures. These are mapped in the same way as the base-line-architecture is mapped
to lookahead(1)- implementations: Together with the current baseline im-
plementation these possible lookahead(1)-implementations are deployed. If
this process is not interrupted by other change events, we can react on events to come
very swiftly. Details for both scenarios are defined in [1].

The frequency at which we can tolerate change events is the inverse of the delay
for computing the lookahead schedules. This delay can be reduced by two means: (i)
performing composition on task graph level instead of application level and (ii) using
predefined schedules for the task graphs. Both will be discussed below.

Instead of composing data-parallel applications to a data-parallel system, which is
then translated to task graphs and scheduled to the infrastructure, we bookkeep the task
graphs of the individual applications and just compose these task graphs. Only a new
application is translated into a new task graph. Inversely, removal leads to disconnecting
the corresponding task graphs and deleting transitively depending tasks.

While reusing task graphs is straight forward, reusing schedules is not, since an op-
timum schedule (or its approximation) does not necessarily keep the schedules for the
different task graphs distinct. Instead, it might merge tasks of different task graphs into
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one process. Moreover, optimum schedules of individual task graphs (or their approxi-
mations) are, in general, not part of the optimal schedule for a composed system (or its
approximation).

This problem is approached by modeling task graphs as malleable tasks and sys-
tems with malleable task graphs. A malleable task is a task that can be executed on

processors. Its execution time is described by a non-increasing function
of the number of processors actually used. For each task graph the schedules

can be pre-computed for and A malleable task graph
is recursively defined as a task graph over malleable tasks, i.e. nodes are ordinary task
graphs or malleable task graphs and edges are the data-dependencies between them.

3.3 Scheduling Malleable Task Graphs

We now show how malleable task-graphs stemming from oblivious programs can be
scheduled. The basic idea is to schedule a malleable task-graph layer by layer. By defi-
nition, a layer contains only independent tasks. Hence, the results of [4] can be applied
when scheduling a layer. After scheduling a layer one builds a communication phase.
In order to determine the weight function of a malleable task a malleable task graph
within is scheduled for processors. If the task-graph only contains
atomic tasks then traditional algorithms are applied. The following algorithm imple-
ments these ideas:
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The computation of the schedules in the malleable tasks need only be done once.
In order to analyze the make-span of schedules computed by the algorithm, the time

required for a communication phase, the make-span of schedules for task-graphs with
atomic tasks, and the make-span of scheduling independent malleable tasks has to be
determined. The worst case for a communication phase is an all-to-all communication.
One could extend the underlying machine model with such communications or use a
scheduling approach for implementing such a communication phase (e.g the approach
of [3] for the LogP-model). In this article it is sufficient that a communication phase
for processors costs time where is the total amount of data communi-
cated. For the purpose of this article it is just sufficient to assume that the make-span of
a schedule for a task-graph G containing only atomic tasks can be estimated by an ap-
proximation factor i.e. the make-span is at most where is the
make-span of an optimal schedule for G on processors. For scheduling independent
tasks onto processors, we use the results of [4], i.e., any schedule has a make-span
of at most A better approach will reduce the approximation factor.

We define a degree of malleability for the analysis of the make-span. Since the
number of hierarchy levels play a role, we inductively define the hierarchy level of a
malleable task and the hierarchy level of a malleable task-graph as follows:

If is not malleable the hierarchy level of is 0
If is a malleable task-graph G = (V, E, T) then the hierarchy level of is that of
G
The hierarchy level of a malleable task graph G = (V, E, T) containing only
atomic tasks is 0
The hierarchy level of a malleable task graph G = (V, E, T) containing at least a
malleable task is where is the maximal hierarchy level of a task

The work of a malleable task graph G = (V, E, T) is defined as

The work of a set of tasks is defined as

The degree of malleability, of a malleable task graph G = (V, E, T) with
layers is inductively defined as follows:

i.

ii.

iii.

iff each is atomic

where if

is atomic.

Theorem 1. Let G = (V, E, T) be a malleable task-graph with hierarchy level and
be a schedule for P processors computed by the above approach. Then the make-span
for the schedule is at most: where a scheduling algorithm
with approximation factor is used for each malleable task in any level of the hierarchy
which has only atomic tasks.

Proof. For the claim states that since in
this case. The claim holds since G only contains atomic tasks and G is scheduled by
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an algorithm guaranteeing an approximation factor For we prove the slightly
stronger claim that by induction
on
CASE               We have to show that

Let the make-span of the schedule for layer Observe that for
the case any is malleable task that is a task-graph containing only
atomic tasks. Thus, for any of these tasks it holds that they have a schedule
with Hence, the layer using the result of [4], it holds

where is the make-span of an optimal schedule
for It holds:

CASE We argue similar as in the case By induction hypothesis, we have
for any a schedule such that

Using[4] we obtain
for the schedule of layer With these observations, we calculate

Remark 1. The bounds can be improved if a better approximation algorithm for schedul-
ing independent malleable tasks is used. If there is an algorithm guaranteeing an approx-
imation factor then the factor can be replaced by



270 J. Andersson et al.

4 Conclusions

This paper discussed systems of data-parallel applications requiring high performance.
Additionally, applications could be added/removed dynamically. In our scenario, the
system architecture could even change due to the results of applications.

We introduced a Dynamic Service Architecture for these systems, based on static
compositions and optimizations, but also allows for high performance and flexibility, by
use of a lookahead scheduling mechanism. In order to realize the lookahead schedul-
ing, malleable task scheduling is required. The lookahead scheduling and the results in
malleable task scheduling are the main contributions of this paper.

Future work include an implementation of the DSA for our test bed 1. Here, we are
are also concerned with practical questions like administrating and prioritizing applica-
tions.

On a theoretical level, we are interested in extending our cost model towards the
compilation and scheduling processes of the applications. Together with a modeling
of the expectations of different system events, we might then be able to prioritize the
creation of specific evolved systems including even the creation of systems for more
than one evolution step in the future.
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Abstract. Program transformations are one of the most valuable com-
piler techniques to improve data locality. However, restructuring compil-
ers have a hard time coping with data dependences. A typical solution is
to focus on program parts where the dependences are simple enough to
enable any transformation. For more complex problems is only addressed
the question of checking whether a transformation is legal or not. In this
paper we propose to go further. Starting from a transformation with no
guarantee on legality, we show how we can correct it for dependence sat-
isfaction with no consequence on its locality properties. Generating code
having the best locality is a direct application of this result.

1 Introduction

Exploiting data locality is one of the keys to achieve high performance level
in most computer systems and hence one of the main challenges for optimizing
compilers. The basic framework for increasing the cache hit rates aims at moving
references to a given memory cell (or cache line) to neighboring iterations of some
innermost loop. Let us consider for instance two accesses to the same memory
cell. It seems probable that the longer the time interval between these accesses
is, the higher the probability of the first reference to be evicted from the cache.
Since such a transformation modifies the operation execution order, the existence
of a good solution highly depends on data dependences.

To bypass the dependence problem, most of the existing methods apply only
to perfect loop nests in which dependences are non-existent or have a special
form (fully permutable loop nests) [18]. To enlarge their application domain
some preprocessing, e.g. loop skewing or code sinking, may enable them [18,1,
8]. More ambitious techniques do not lay down any requirement on dependences,
but are limited to propose solution candidates having some locality properties
then to check them for legality [10,5]. If the candidate is proved to violate
dependences, then another candidate having less interesting properties is studied.
In this paper, we present a method that goes beyond checking by adjusting
an optimizing transformation for dependence satisfaction, without modifying
its locality properties. This technique can be used to correct a transformation
candidate as well as to replace preprocessing.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 272–283, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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This paper is organized as follows. In section 2 is outlined the background of
this work. Section 3 deals with the transformations in the polyhedral model and
focuses on both their dependences constraints and locality properties. Section 4
shows how it is possible to correct a transformation for legality. Lastly, section
6 concludes and discusses future work.

2 Background and Notations

A loop in an imperative language like C or FORTRAN can be represented using
a column vector called its iteration vector:

where is the loop index and is the innermost loop. The surrounding
loops and conditionals of a statement define its iteration domain. The statement
is executed once for each element of the iteration domain. When loop bounds
and conditionals only depend on surrounding loop counters, formal parameters
and constants, the iteration domain can always be specified by a set of linear
inequalities defining a polyhedron [11]. The term polyhedron will be used in a
broad sense to denote a convex set of points in a lattice (also called
or lattice-polyhedron), i.e. a set of points in a vector space bounded by affine
inequalities [15]. A maximal set of consecutive statements in a program with such
polyhedral iteration domains is called a static control part (SCoP) [4]. Figure 1
illustrates the correspondence between static control and polyhedral domains.
Each integral point of the polyhedron corresponds to an operation, i.e. an in-
stance of the statement. The notation refers to the operation instance of
the statement S with the iteration vector The execution of the operations
follows lexicographic order. This means in a polyhedron, the op-
eration corresponding to the integral point defined by the coordinates
is executed before those corresponding to the coordinates iff

Each statement may include one or several references to arrays (or scalars,
i.e. some particular cases of arrays). When the subscript function of a
reference is affine, we can write it where F is called the subscript
matrix and is a constant vector. For instance, the reference to the array B in
figure 1(a) is with

In this paper, matrices are always denoted by capital letters, vectors and
functions in vector spaces are not. When an element is statement-specific, it
is subscripted like excepted in general formulas where all elements are
statement-specific in order to avoid too heavy notations.
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Fig. 1. Static control and corresponding iteration domain.

3 Affine Transformations for Locality

3.1 Formulation

The goal of a transformation is to modify the original execution order of the
operations. A convenient way to express the new order is to give for each op-
eration an execution date. However, defining all the execution dates separately
would usually require very large scheduling systems. Thus optimizing compilers
build schedules at the statement level by finding a function specifying an exe-
cution time for each instance of the corresponding statement. These functions
are chosen affine for multiple reasons: this is the only case where we are able to
decide exactly the transformation legality and where we know how to generate
the target code. Thus, scheduling functions have the following shape:

where is the iteration vector, is a constant transformation matrix and
is a constant vector (possibly including affine parametric expressions using the
structure parameters of the program i.e. the symbolic constants, mostly array
sizes or iteration bounds).

It has been extensively shown that linear transformations can express most of
the useful transformations. In particular, loop transformations (such as loop re-
versal, permutation or skewing) can be modeled as a simple particular case called
unimodular transformations (the matrix has to be square and has determi-
nant ±1) [2,16]. Complex transformations such as tiling [17] can be achieved us-
ing linear transformations as well [19]. These transformations modify the source
polyhedra into target polyhedra containing the same points, thus with a new
lexicographic order. Considering an original polyhedron defined by the system
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of affine constraints and the transformation function leading to
the target index we deduce that the transformed polyhedron can be
defined by (there exits more convenient way to describe the
target polyhedron as discussed in [3]). For instance, let us consider the polyhe-
dron in figure 2(a) and the transformation function The
corresponding transformation is a well known iteration space skewing and the
resulting polyhedron is shown in figure 2(c).

Fig. 2. A skewing transformation.

3.2 Legality

It is not possible to apply any transformation to a program without changing its
semantics. Statement instances reading and writing the same memory location
should be kept in the same order. These operations are said to be dependent on
each other. The dependence relations inside a program must direct the transfor-
mation construction. In this section, we recall how dependences can be expressed
exactly using linear (in)equalities. Then we show how to build the legal trans-
formation space where each program transformation has to be found.

Dependence Graph. A convenient way to represent the scheduling constraints
between the program operations is the dependence graph. In this directed graph,
each program statement is represented using a unique vertex, and the existing
dependence relations between statement instances are represented using edges.
Each vertex is labelled with the iteration domain of the corresponding statement
and the edges with the dependence polyhedra describing the dependence relation
between the source and destination statements. The dependence relation can be
defined in the following way:
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Definition 1. A statement R depends on a statement S (written if
there exits an operation an operation and a memory location
such that:

1.

2.
3.

and refer the same memory location and at least one of
them writes to that location;

and respectively belong to the iteration domain of S and R;
in the original sequential order, is executed before

From this definition, we can easily describe the dependence polyhedra of each
dependence relation between two statements with affine (in)equalities. In these
polyhedra, every integral point represents a dependence between two instances
of the corresponding statements. The systems have the following components:

1.

2.

3.

Same memory location: assuming that is an array location, this constraint
is the equality of the subscript functions of a pair of references to the same
array:
Iteration domains: both S and R iteration domains can be described using
affine inequalities, respectively and
Precedence order: this constraint can be separated into a disjunction of as
many parts as there are common loops to both S and R. Each case corre-
sponds to a common loop depth and is called a dependence level. For each
dependence level , the precedence constraints are the equality of the loop
index variables at depth lesser to for and if

is less than the common nesting level. Otherwise, there are no additional
constraints and the dependence only exists if S is textually before R. Such
constraints can be written using linear inequalities:

Thus, the dependence polyhedron for at a given level and for a given pair
of references can be described using the following system of (in)equalities:

There is a dependence if there exists an integral point inside This
can be easily checked with some linear integer programming tool like PipLib1 [6].
If this polyhedron is not empty, there is an edge in the dependence graph from
the vertex corresponding to S up to the one corresponding to R and labelled
with For the sake of simplicity we will ignore subscripts and and
refer in the following to as the only dependence polyhedron describing

Legal Transformation Space. Considering the transformations as scheduling
functions, the time interval in the target program between the executions of two
operations and is

1 PipLib is freely available at http://www.prism.uvsq.fr/~cedb
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If there exists a dependence i.e. if is not empty, then

must be a nonnegative form in (intuitively, the time interval between two
operations and such that depends on must be at
least 1, the smallest time interval: this guarantees that the operation
is executed after in the target program). This affine function can be
expressed in terms of D and by applying Farkas Lemma (see Lemma 1) [7].

Lemma 1. (Affine form of Farkas Lemma [15]) Let be a nonempty polyhe-
dron defined by the inequalities Then any affine function is
nonnegative everywhere in iff it is a positive affine combination:

where and are called Farkas multipliers.

According to this Lemma, for each edge in the dependence graph, we can find a
positive vector and matrix (the Farkas multipliers) such that:

This formula can be split in as many equalities as there are independent vari-
ables and components, parameters and scalar value) by equating their
coefficients in both sides of the formula. The Farkas multipliers can be elim-
inated by using the Fourier-Motzkin projection algorithm [15] in order to find
the constraints on the transformation functions. The constraint systems describe
the legal transformation space, where each integral point corresponds to a legal
solution.

3.3 Properties

Program transformations for locality aim at bringing the processing of some
memory cells closer. The general framework using affine schedules is to find
partial transformation functions (only the first few dimensions of the functions
are defined) such that the partial execution dates of the operations referring to a
given datum are the same. In this way, the operations have neighboring schedules
and the datum may stay in the cache during the time intervals between the
accesses. The framework ends by applying a completion procedure to achieve an
invertible transformation function (see [18] for references).

For instance, let us consider self-temporal locality and a reference
to an array B with the affine subscript function Two instances
of this reference, and refers the same memory location iff

that is when then iff with
Thus there is self-temporal reuse when The basis vectors

of ker F give the reuse directions for the reference if ker F is empty,
there is no self-temporal reuse for the corresponding reference. The reuse can be
exploited if the transformed iteration order follows one of the reuse directions.
Then we have to find an orthogonal vector to the chosen reuse direction to be
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the first part of the transformation matrix T. If this partial transformation do
not violate dependences, we have many choices for the completion procedure in
order for the transformation function to be instance-wise, by considering artificial
dependences [13,9] or not [3]. For instance, let us consider the following pseudo-
code:

where is an invertible matrix and is a constant vector, the locality prop-
erties are left unmodified for each time step. Intuitively, if gives the same
execution date for and then the transformed function does it as well. In
the same way if the dates are different with then the transformed function

returns different dates. But while the values of and do not change the
self-temporal locality properties2, they can change the legality of the transfor-
mation.

Transformation expressions similar to (5) and having the same type of degrees
of freedom can be used to achieve every type of locality (self or group - temporal
or spatial) [16,5]. The challenge is, considering the candidate transformation
matrices to find the corrected matrices and the constant vectors
in order for the transformation system to be legal for dependences.

2 A more formal discussion on this property, showing that locality transformations
have to respect rank constraints not modified by and can be found in [5].

the subscript function of the reference is the kernel of the

subscript matrix is then ker F = span {(1,0)}. Thus there is reuse generated by
the reference and we can exploit it thank to a transformation matrix built
with an orthogonal vector to the reuse direction, e.g. [0 1] and its completion to
a unimodular transformation matrix as described in [9]: The transfor-

mation function would be i.e. a loop interchange (the reader

may care to verify that this solution do exploit the reuse of the reference
It is easy to generalize this method for several references by considering not only
a reuse direction vector, but a reuse direction space (built with one basis vector
per reference). It appears that there are a lot of liberty degrees when looking for
a transformation improving self-temporal locality, since it is possible to choose
the reuse direction space, the completion method and the constant vector of the
transformation function.

Let us consider self-temporal locality and a transformation candidate before
completion This function has the property that, modified in
the following way:
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4 Finding Legal Transformations

Optimizing compilers typically decouple the properties that the transformation
functions have to satisfy to achieve optimization and legality. The basic frame-
work is first to find the best transformations (e.g. for data locality improvement,
which references carry the most reuse and necessitate new access patterns, which
rank constraints should be respected by the corresponding transformation func-
tions, etc.), then to check if a candidate transformation is legal or not3. If not,
build and try another candidate, and so on. The major advantage of such a
framework is to focus firstly on the most interesting properties, and the main
drawback is to forsake these properties if a legal transformation is not directly
found after a simple check of a candidate solution. We saw in section 3.3 that
there exists an infinity of transformation functions having the same properties
as a candidate transformation (see formula 5). Thus, it is not possible to check
all these transformations to find a legal one. In this section we study another
way: we show how to find, when possible, the unknown components and

of formula 5 in order to correct the transformations for legality.
This problem can be solved in an iterative way, each dimension being consid-

ered as a stand-alone transformation. Each row of is a linear combination
of the rows of Thus, the unknown in the algorithm iteration are, for each
statement, the linear combination coefficients building the row of from

and the constant factor of the corresponding entry. After each iteration,
we have to update the dependence graph because there is no need to consider the
dependences already satisfied. Thus, to find a solution is easier as the algorithm
iterates. The algorithm is shown in figure 3.

Let us illustrate how the algorithm works using the example in figure 4.
Suppose that an optimizing compiler would like to exploit the data reuse gen-
erated by the references to the array A of the program in figure 4(a) and that
it suggests the transformation candidates in figure 4(b). As shown by the graph
describing the resulting operation execution order, where each arrow represents
a dependence relation and each backward arrow is a dependence violation, the
transformation system is not legal. The correction algorithm modifies succes-
sively each transformation dimension. Each stand-alone transformation splits
up the operations into sets such that there are no backward arrows between
sets. The algorithm stops when there are no more backward arrows or when
every dimension has been corrected. Then any polyhedral code generator, like
CLooG4 [3], can generate the target code. Choosing transformation coefficients
as small as possible (step 1(c)i) is a heuristic helping code generators to avoid
control overhead.

The correctness of the algorithm comes from two properties: (1) the tar-
get transformations are legal, (2) the matrices are invertible. The legality is
achieved because each transformation part is chosen in the legal transformation
3

4

This can be done easily by instantiating the transformation functions in the legal
transformation space as defined in section 3.2 then checking for the feasibility of the
constraint system with any linear algebra tool.
CLooG is freely available at http://www.prism.uvsq.fr/~cedb
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Fig. 3. Algorithm to correct the transformation functions.

space (step 1a). The second property follows from the updating policy (step
1(c)iv): at start the matrices are identities. During each iteration, we ex-
change their rows, multiply some rows by non null constants (as guaranteed by
step 1b) and add to these rows a linear combination of the other rows. Each of
these transformations does not modify the invertibility property.

5 Related Work

In compensation of the need for very simple dependences, first works on com-
piler techniques for improving data locality discuss enabling transformations to
modify the program in such a way that the proposed method can apply. Wolf
and Lam [16] proposed in their seminal data locality optimizing algorithm to
use skewing and reversal5 to enable tiling as in previous works on automatic
parallelization. McKinley et al. [14] proposed a technique based on a detailed
cost model that drives the use of fusion and distribution mainly to enable loop
permutation. Such methods are limited by the set of directives they use (like fuse

5 An exhaustive survey on loop transformations can be found in [18].
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Fig. 4. Iterative transformation correction principle for graphs).
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or skew) and because they have to apply them in a definite order. We claim that
giving (and correcting) scheduling functions is more complete and has better
compositionality properties.

A significant step on preprocessing techniques to produce fully permutable
loop nests has been achieved by Ahmed et al. [1]. They use the Farkas Lemma to
find a valid code sinking-like transformation if it exists. But this transformation is
still independent from the optimization itself and it is limited to produce a fully
permutable loop nest. The method proposed in this paper may find solutions
while it is not possible to achieve such a loop nest. Recently, Griebl et al. [8]
proposed to use well known space-time mapping [12] as a preprocessing technique
for tiling. Our method can be included in their framework to find legal time
mapping with locality properties.

Reasoning directly on scheduling functions, Li and Pingali proposed a com-
pletion algorithm to build a non-unimodular transformation function from a
partial matrix, such that starting from a legal transformation, the completed
transformation stay legal for dependences [13]. In the same spirit, Griebl et al.
extended an arbitrary matrix describing a legal transformation to a square in-
vertible matrix [9]. In contrast, we show in this paper how to find the valid
functions before completion.

6 Conclusion and Future Work

In this paper is presented a general method correcting a program transformation
for legality with no consequence on the data locality properties. It has been im-
plemented in the Chunky prototype [5], advantageously replacing usual enabling
preprocessing techniques and saving a significant amount of interesting trans-
formations from being ignored. It could be used combined with a wide range of
existing data locality improvement methods, for the single processor case as well
as compiling techniques for parallel systems using space-time mappings [12].

Further implementation work is necessary to handle real-life benchmarks
in our prototype and to provide full statistics on corrected transformations.
Moreover, the question of scalability is left open since, for several tenth of deeply
nested statements, the number of unknown in the constraint systems can become
embarrassingly large. Splitting up the problem according to the dependence
graph is a solution under investigation.
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Abstract. The features of the IA64 architecture create new opportu-
nities for link-time optimization. At the same time they complicate the
design of a link-time optimizer. This paper examines how to exploit some
of the opportunities for link-time optimization and how to deal with the
complications. The prototype link-time optimizer that implements the
discussed techniques is able to reduce the code size of statically linked
programs with 19% and achieves a speedup of 5.4% on average.

1 Introduction

On the EPIC (Explicitly Parallel Instruction Computer) platform, the compiler
determines which instructions should be executed in parallel. This responsibility
corresponds to the belief that better performance can be achieved by shifting
the parallelism extraction task from hardware (as in superscalar out-of-order
processors) to the compiler: the hardware becomes less complex and the compiler
can exploit its much wider view on the code [8].

Unfortunately compilers only have a fragmented program view: most com-
pilers compile and optimize all source code files independently of each other.
Even when all source code is compiled together, the libraries are still compiled
separately, and hence not optimized for any specific program. The resulting lack
of compile-time whole-program optimization is particularly bad for address com-
putations: As the linker decides on the final program layout in memory, code
and data addresses are not known at compile time. The compiler therefore has
to generate relocatable code, which is most often far from optimal.

Optimizing linkers try to overcome these problems by adding a link-time
optimization pass in the tool chain. Optimizing linkers take compiled object files
and precompiled code libraries as input, and optimize them together to produce
smaller or faster binaries. In this paper we present our link-time optimizer for
the IA64 architecture. Our main contributions are:

We extend the existing work on Global Offset Table optimizations by creat-
ing a second global pointer at link-time.
We show how existing link-time liveness analysis can be adapted to deal with
the rather peculiar register files of the IA64 architecture.
We demonstrate how the set of branch registers can be exploited more effec-
tively with whole-program optimization.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 284–291, 2004.
© Springer-Verlag Berlin Heidelberg 2004



Link-Time Optimization of IA64 Binaries 285

This paper is organized as follows. Section 2 presents a short overview of our
link-time optimizer. IA64-specific whole-program analyses and optimizations are
the topic of Section 3. Our results are summarized in Section 4, and Section 5
discusses related work. We conclude in Section 6.

2 Link-Time Optimizer Overview

Our link-time optimizer for the IA64 architecture is developed on top of Dia-
blo [3] (http://www.elis.ugent.be/diablo), a portable and retargetable link-time
program editor framework. Any application developed with Diablo first links the
compiled program object files and the needed library code. The linked program
is disassembled, and an interprocedural control flow graph (ICFG) is constructed
via call-backs to object file format and architecture back-ends. Given the rather
clean nature of the IA64 application binary interface, the ICFG construction
is trivial. Nodes in the ICFG model basic blocks, while edges model execution
paths. Basic blocks consist of an instruction sequence, in which each instruction
has both an architecture-independent and architecture-dependent part.

On the ICFG all whole-program analyses and optimizations are performed
iteratively, since applying one optimization may trigger other optimization op-
portunities. The core of Diablo provides a number of architecture-independent
analyses and optimizations, such as interprocedural liveness analysis and un-
reachable code elimination that operate on the architecture-independent part
of the instruction representation. Additional architecture-dependent analyses
and optimizations, such as peephole optimization, and semantics-based anal-
yses, such as constant propagation, rely on call-backs.

Once all optimizations are applied, the code layout is determined (optionally
using profile information), and the code is scheduled into the parallel instruction
bundles of the EPIC, and assembled into binary code again.

3 IA64 Whole-Program Optimizations

3.1 Global Offset Table Optimizations

Since the linker determines the final memory layout of the code and data in a
program, the compiler does not know the final addresses of the global data. It
must therefore assume that the data may be distributed throughout the 64-bit
address space. Since 64-bit addresses cannot be encoded into a single instruction
efficiently, the compiler generates code that indirectly accesses this data. Before
each access, the data’s address is loaded from a Global Offset Table (GOT) using
a special purpose global pointer (GP) register that always points to the GOT.

Unfortunately the compiler has to assume that one GOT will not suffice for
the final program. First, the compiler does not know how much data will end
up in the final program. Moreover, the size of a GOT is limited: all addresses
in a GOT need to be accessed through the same base GP value, and the GP-
relative offsets used to access the elements in the table is limited by 22-bit width
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of immediate instruction operands. As a result, each compiler module (a single
source code file or a group of files compiled together) is given a separate GOT.
Every time control flow enters a module, the GP’s value is reset to point to the
corresponding GOT. The major drawbacks of this solution are that (1) global
data accesses require additional loads because of the indirection through the
GOT, and (2) the GP value needs to be reset again and again.

The latter drawback can be overcome at link-time by combining the small
GOTs of different modules into fewer larger GOTs, eliminating all GP resets
when control flow crosses the corresponding module boundaries. The former
drawback can be avoided for global data that is allocated nearby the GOT itself,
by computing the data’s address with an addition to the GP instead of loading
it from the GP. Both solutions are well known and were implemented on the
Alpha 64-bit platform [9]. On the IA64 however, the read-only data section is
not located nearby the GOT, as on the Alpha, and therefore much fewer address
loads can be converted into additions.

Our link-time solution to this problem is to create a second GP to point to
the read-only data. This second GP is created by eliminating all existing uses
of the general-purpose register GR3, after which we use GR3 as a second GP:
loads through the original GP are then converted to additions to the second GP.

To eliminate the existing uses of GR3, we rename them. At each program
point where renaming is required, either a free register already is available, which
is detected through liveness analysis, or we create a free register by adding
spill code that spills a register to the stack. Fortunately this spilling is rarely
needed. In single-threaded applications on the IA64/Linux platform, the special-
purpose Thread Pointer register (GR13) can always be used. In almost all other
applications we examined, only the special setjmp() and longjmp() C-library
procedures use all registers, forcing us to insert register spills.

By merging smaller GOTs into larger GOTs – mostly one GOT suffices –
4% of all instructions can be eliminated on average. By converting loads from
the GOT into additions, the static number of load instructions is reduced on
average with 16.1%, while the number of executed loads decreases with 11.1%.
Roughly one third of these improvements results from using a second GP.

3.2 Liveness Analysis

As a result of the optimizations of the previous section, most of the address
computations involving the GOT become superfluous. Other optimizations, such
as copy propagation, also render certain instructions useless, meaning that the
values they produce are never used, which are hence dead. In order to actually
eliminate those useless instructions, interprocedural liveness analysis is needed.
This backward data flow analysis solves the following flow equations [6]:
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N denotes the set of basic blocks and C denotes the set of basic blocks ending
with a procedure call. Equation (1) states that all registers used (= consumed)
in a block before being defined and all registers that are live at the end without
being defined, are live upon entry to the block. Equation (2) implements the
confluence of edges and equation (3) tells us which registers are live at procedure
call-site Muth [6] describes in detail how to solve these equations.

Fig. 1. Dummy blocks simulate the behavior of the register stack.

Straightforward application of these equations is incorrect on the IA64 archi-
tecture, since register windows are used to ease parameter passing. With register
windows, every procedure call involves automatic register renaming. This process
is depicted in Figure 1. Each procedure has a limited view on the register stack
file, which always begins at register and is divided in local (including the
input registers) and output registers. When a call is executed, the register win-
dow moves and the local registers of the caller are no longer visible to the callee.
Supposing the first output register of the caller was this register is named

after the call. The caller can resize its window with the alloc instruction.
When a return is executed, the register window of the caller is restored.

This register renaming needs to be modeled correctly in our liveness analysis.
Our solution consists of adding dummy blocks to the ICFG prior to calls and at
continuation points, as depicted in Figure 1. Note that they are added at the call
site, as the number of local registers at the call site determines the renaming.
Their flow equations are:

The functions local() and output() return the set of the local and output reg-
isters of a given procedure respectively. maps the name of a register
in the callee to the name it has at the the call-site. does the opposite.
In our example and

As equation (1) operates only within a basic block, no additional measures
need to be taken to assure its correctness. Equation (4) corrects the liveness
information that is propagated to the exit of a callee as a result of equation (2).
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Without this equation the registers with names and would be considered
to contain live values at the callee’s exit, while the others might be considered
to contain dead values (depending on the other successors). This is however in-
correct due to the register stack mechanism: the value of the register named
in the register window of the caller is not visible to the callee, while the register
named is called in the register window of the callee. The resulting liveness
information should be that contains a live value and that the other registers
might contain dead values. As a result of equation (4)

and the cor-
rect information is propagated into the callee’s exit.

At first sight the correctness of equation (3) can be restored by adapting
only the computation of the and sets. The renaming
cannot take place within these functions as these sets depend only on the callee

while the renaming depends on the number of local registers of the caller,
and this number is not necessarily constant for all callers of a procedure. Clearly
a more complex solution is needed, resulting in equation (5). The first part
states that local registers that are live at the return site are live at the call-
site. Essentially these are live registers that are saved across the call. The sec-
ond part assures that values in output registers, live at the called procedure

are live at the block. The is needed because the out-
put registers will be renamed after the call. In our running example this re-
sults in

3.3 Branch Register Optimization

The IA64 architecture has eight branch registers, which can be used to store
return addresses of procedure calls or to store target addresses of indirect jumps
and procedure calls. However, our measurements on the code produced by the
GCC compiler have learned us that only 2 of these 8 registers are used frequently:
register B0 to store return addresses, and register B6 to store target addresses.

This inefficient use of the branch registers is due to calling conventions. When
a procedure calls another procedure and stores the return address in a branch
register, the second procedure has to know where the return address has been
stored. Since a procedure from a separately compiled module or library cannot
know all its callers, a fixed branch register has to be used, in this case B0. When
the second procedure in turn calls another procedure, it also uses register B0
to store the return address. Therefore the first return address has to be saved
before the call and restored afterwards.

To avoid this spilling of return addresses as much as possible, we have im-
plemented the following link-time solution: all procedures get assigned a value
ranging from 0 to 6, each indicating one of the branch registers B0-B5 and B7
in which the return addresses of the the procedure’s callers will be stored. In
the call graph of the whole program, leaf procedures (i.e. procedures that do not
call any other procedure) are assigned the value 6. Other procedures are then
iteratively given the minimum value of their callees minus 1, or, if this would
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result in a negative number, the (standard) value 0. Once all procedures are
assigned a value, all instructions using the branch registers are adjusted accord-
ingly. Whenever a procedure still has a callee with the same value, a register
spill remains, but otherwise they are eliminated.

Please note that exceptions to this simple solution have to be made in the
presence of indirect procedure calls, i.e. calls through function pointers. For
such calls, the possible targets can only be estimated at link-time. The set of
procedures that can be called indirectly is limited however, and a link-time
optimizer can derive this set from the relocation information available in the
object files of the program. All procedures in this set are assigned the value 0.

Still our branch register optimization is applied to 10% of all procedures,
reducing the number of saves and restores of branch registers by 5% on average.

3.4 Code Layout and Scheduling

When the analyses and optimizations are finished, the control flow graph is serial-
ized and the instructions are scheduled. Code placement may have an important
impact on the performance of an application as it may improve caching and re-
duce the number of page faults. We implemented a profile-based closest-is-best
technique, based on Pettis and Hansen [7]. As a result the number of cycles lost
waiting for instructions is reduced by 38% on average. The average performance
impact is moderate however because, except for the vortex benchmark, instruc-
tion latency is not a major bottleneck. In vortex instruction latency accounts for
7% of the execution time, and there we achieve a speedup of almost 3%.

More important than code layout is code scheduling. This is particularly the
case on the IA64 architecture, where the compiler needs to convey explicit in-
formation on the parallelism between instructions to the processor. Instructions
that can be executed in parallel need to be clustered into instruction groups.
These instruction groups are then mapped onto bundles. Each bundle has three
41-bit instruction slots and a 5-bit template that indicates the types of the in-
structions in the slots and the borders between instruction groups. The fact that
the number of allowed combinations of instruction types and borders is limited
to 32 complicates the scheduling process and as a result, it is often necessary to
insert no-op instructions when no useful instruction can be found.

We implemented two local scheduling algorithms in our link-time optimizer:
a list scheduler [1] and the so called noptimizer. The noptimizer is based on [4].
It can operate with different cost functions, to either minimize the number of no-
op instructions, or to minimize the number of instruction groups and as a result
the number of execution cycles. The noptimizer is a branch and bound version
of the optimal scheduling algorithm, but its search depth is severely limited, to
limit the execution time of the scheduler. Still, compared to the original binaries
produced by the GCC compiler, the noptimizer is able to reduce 18% of all
no-ops on average, with an overall compaction of 5%.

In order to increase the amount of parallelism, we also developed a global
scheduling algorithm, the so-called globtimizer, which is roughly based on [10]. It
is a branch and bound algorithm as well and it uses a cost function (number of no-
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op instructions, number of instruction groups, etc.) to optimize the instruction
sequence. The idea here is to move instructions up and down between basic blocks
using predication, schedule those basic blocks with a local algorithm and compare
the quality of the solution with those of other configurations. The structure of
the flow graph remains untouched however, so no basic blocks are merged or
split like many other global scheduling algorithms do.

Currently some simple combinations and structures of basic blocks are con-
sidered to move instructions between blocks. Nevertheless, combined with the
noptimizer, it is able to further reduce the number of no-op instructions by 23%.

4 Experimental Evaluation

To evaluate our link-time optimizer, we used 7 programs from the SPECint2000
benchmark suite. We compiled them with the GCC compiler (v3.2) and linked
them with the glibc library (v2.3.1). The experiments were performed on a 4-way
Intel Itanium multiprocessor system, running Linux 2.4.18.

Fig. 2. Experimental results: code compaction, speedup and IPC improvement.

Our results are summarized in Figure 2. The code size is reduced on average
with 19%. The major contributions come from unreachable code elimination
(9.64%), instruction scheduling and bundling algorithms (5.22%) and reduction
of load instructions (3.27%). We also achieve an average speedup of 5.4%. The
IPC (instructions per cycle) improves up to 11%, and 4.1% on average. The
speedup is mainly caused by the reduction of load instructions and, in the case
of vortex, by profile-guided code layout.

5 Related Work

Srivastava and Wall describe the optimization of GOT accesses on the Alpha
architecture [9], for which both Alto [6] and Spike [2] are link-time optimizers.
By contrast, Diablo [3], the framework we used for link-time optimization, is
portable and retargetable. We also extended the existing GOT optimizations by
introducing a second GP that fully exploits the IA64 architecture.
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Numerous EPIC-specific scheduling algorithms have been developed. In [5]
and [10], Integer Linear Programming is used to obtain an optimal local and
global schedule respectively. We adopted the filosophy in [10] and designed a
branch and bound version, in which the structure of the flow graph is also pre-
served. A technique for minimizing the number of no-op instructions is pre-
sented in [4]. We extended this work by integrating branch instructions tighter
into the bundling process and by filling up partially filled bundles more care-
fully. More details on our extensions, including source code, can be found at
http://www.elis.ugent.be/diablo.

6 Conclusions

We have shown how link-time optimization is able to improve the code quality
of IA64 code, which is crucial given the EPIC paradigm. By optimizing the
Global Offset Table address computations, the use of the branch registers and
by improving the code schedules, code size reductions of 19% on average were
achieved, together with an average speedup of 5.4%.
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Abstract. We wish to extend the effectiveness of loop-restructuring
compilers by improving the robustness of loop transformations and easing
their composition in long sequences. We propose a formal and practical
framework for program transformation. Our framework is well suited for
iterative optimization techniques searching not only for the appropriate
parameters of a given transformation, but for the program transforma-
tions themselves, and especially for compositions of program transforma-
tions. This framework is based on a unified polyhedral representation of
loops and statements, enabling the application of generalized control and
data transformations without reference to a syntactic program represen-
tation. The key to our framework is to clearly separate the impact of
each program transformation on three independent components: the it-
eration domain, the iteration schedule and the memory access functions.
The composition of generalized transformations builds on normalization
rules specific to each component of the representation. Our techniques
have been implemented on top of Open64/ORC.

1 Introduction

Todays compilers ability to apply and search for compositions of program trans-
formations is limited. Compilers can embed a large array of optimizations, but
they are often expressed as a collection of ad-hoc syntactic transformations based
on pattern-matching. In addition, control structures are regenerated after each
transformation, making it harder to apply the next transformations. Finally,
compilers follow a rigid ordering of phases, so that only short and fixed se-
quences of program transformations can be applied [26]. Current approaches
to iterative optimization [1,11,8] substitute empirical search strategies to the
usual model-driven heuristics, but to not improve the transformation framework
itself. Indeed, iterative/adaptive compilers usually choose a rather small set of
transformations, e.g., cache tiling, unrolling and array padding, and focus on
finding the best possible parameters, e.g., tile size, unroll factor and padding
size. O’Boyle et al. [11] and Cooper et al. [8] outlined that the ability to perform
long sequences of composed transformations is key to the emergence of practi-
cal iterative optimization frameworks. Another recent study [22] confirms that
complex compositions of many distinct transformations can bring significant
performance benefits.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 292–303, 2004.
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This article introduces a framework for easily expressing compositions of pro-
gram transformations, based on the polyhedral representation of programs [10]
and on a robust code generation technique [23,3]. We distinguish three different
types of actions performed by program transformations: modification of the it-
eration domain (loop bounds and strides), modification of the iteration schedule
of each statement, and modification of the memory access functions (array sub-
scripts). Current program representations do not clearly reflect this separation,
making the implementation and composition of program transformations more
complicated. E.g., current implementations of loop fusion incur loop bounds and
array subscript modifications that are only byproducts of a schedule transforma-
tion (the fused loops are often peeled, increasing code size and making further
optimizations more complex). Within our representation, loop fusion is expressed
as a schedule transformation with no explicit impact on the iteration domain and
memory access. Similarly, a domain transformation like unrolling has no impact
on the schedule or memory access functions representations; or a memory access
transformation like privatization has no impact on the schedule or domain repre-
sentations, thus not conflicting with the later application of skewing or unrolling.
While our framework is geared toward iterative optimization techniques, it can
also facilitate the implementation of statically driven program transformations.

To date, the most thorough application of the polyhedral representation is
the Petit dependence analyzer and loop restructuring tool [15] within the Omega
project [16]. These tools show that most single loop transformations (both uni-
modular and non-unimodular) can be modeled as geometric transformations
of polyhedra. However, traditional polyhedral representations do not separate
the three above-mentioned actions induced by program transformations. Indeed,
space-time transformations in the polytope model [10,25,15,18] were aimed at
model-based optimizations through operation research algorithms (e.g., linear
programming) with no real need for composition sequences. Some polyhedral
approaches [15,9,19,12,24] reproduce or extend classical loop transformations,
but ultimately rely on the program syntax for the identification of the loops to
operate on. These works require the explicit generation of source code and re-
construction of polyhedra at each transformation step, whether our framework
sticks to the polyhedral representation along the whole sequence of transfor-
mations. There is a large amount of related works and projects targeting loop-
restructuring compilers, see e.g., [7,13,5,14,16,17,15,21] for representative ex-
amples. The associated research report outlines the main comparison points with
our approach [6].

This paper does not present performance numbers. The goal is to revisit
some theoretical and engineering cornerstones of the design of loop-restructuring
compilers. We refer to classical techniques for validation and optimization heuris-
tics [26].
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2 Separate Polyhedra
for Unified Program Transformations

The polytope model is based on a semantics-based representation of loop nests.
This representation clearly identifies three separate components: array access
functions – affine functions describing the mapping of iterations to memory
locations – from the iteration domain – a geometrical abstraction of loop bounds
and strides shaping loop structures – and from the affine schedule – another
geometrical abstraction of the ordering of iterations and statements. In addition
to classical characterization of affine schedules, we also separate the description
of iteration ordering of a single statement from inter-statements scheduling.

We assume constant strides and affine bounds for loops; affine array sub-
scripts are hoped for but not mandatory. Within a function body, a Static Control
Part (SCoP) is a maximal set of consecutive statements without while loops,
where loop bounds and conditionals only depend on invariants (symbolic con-
stants and surrounding counters) within this set of statements. These invariants
are called the global parameters of the SCoP. We do not consider procedures,
pointers, and inter-SCoP transformations.

The following definitions assume some familiarity with the polytope model:
the unfamiliar reader may refer to an associated research report [6]; in addition,
Section 3 ends with a short example. Formally, a SCoP is a pair where

is the set of consecutive statements and is the vector of global parameters
(known at run-time). denotes the number of global parameters
and the depth of statement S, i.e., the number of nested loops enclosing the
statement in the SCoP. A statement is a quadruple
where is the iteration domain of S, and denote ar-
ray references written by S (left-hand side) and read by S (right-hand side)
respectively, and is the affine schedule of S, defining the sequential execution
ordering of iterations of S. 1

Iteration domains. We denote matrices by capital letters. is a convex poly-
hedron defined by matrix such that

where is the matrix defining the domain inequalities; is the number of
inequalities necessary to define the domain (the number of matrix rows, a priori
not limited); 1 adds a matrix column to specify the affine component of each
domain inequality; and is the number of local variables required to implement
integer division and modulo operations via affine projection.

Statements guarded by non-convex conditionals – such as
– are split into separate statements with convex domains in the polyhedral

representation.

Memory access functions. and are sets of pairs, where A is an array
variable and is the access function mapping iterations in to locations in A.

1 The term polyhedron will be used in a broad sense to denote a linearly-bounded
lattice, i.e., a set of points in a vector space bounded by affine inequalities.
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Affine schedules. is the affine schedule of S; it maps iterations in to
multidimensional time stamps, i.e., logical execution dates. Multidimensional
time stamps are compared through the lexicographic ordering over vectors, de-
noted by iteration i of S is executed before iteration of if and only if

is defined by a matrix such that

does not involve local variables, they would be redundant with the it-
erators they are related to. Notice the number of rows is and not
to define the relative ordering of statements across iterations at depth we
need dimensions; to define the relative ordering of statements within each
iteration, we need an additional dimension for each depth plus depth 0, hence
the dimensions. This encoding was proposed before [10,15], to model
classical transformations into the polytope model.

The schedule matrix is decomposed in a form amenable to transformation
composition and scalable code generation; it consists of three sub-matrices: a
square iteration ordering matrix operating on iteration vec-
tors, a statement ordering vector and called
a parameterization matrix. The structure of the schedule matrix is shown
below. capture the iteration order of S with respect to surrounding loop
counters. specify the ordering of S among all other statements executed at
the same iteration; the first row of corresponds to depth 0, the outermost
level2. extend the nature of possible transformations, allowing iteration ad-
vances and delays by constant or parametric amounts.

Towards a normalized representation. A given program can have multiple rep-
resentations, and that, in turn, can limit the application of transformations.
E.g., a condition for fusion is that statements must be consecutive; otherwise,
if there is a statement in between, one must first decide where to move it (and
check dependences). Normalization conditions avoiding these pitfalls are called

2 Notice the first component of is numbered

Access functions only describe affine references; other references are allowed if
the dependence analysis framework can manage them [27,2].

The access function is defined by a matrix such
that
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invariants. Besides avoiding useless composition prohibitions, these invariants
also serve to avoid matrix parameters overflow.

The schedule density invariant is to ensure that all statements at an identical
depth have a consecutive ordering (no gap). As a side-effect, this invariant also
avoids integer overflows on the parameters,

where denotes the first dimensions of
vector The condition states that, for any non-null parameter at dimension

there necessarily exists another statement with the same and the
preceding value at dimension

The domain parameter invariant avoids redundant inequalities and integer
overflows in the domain matrix parameters. For that purpose, we impose
that the coefficients in a row of are always relatively prime.

The sequentiality invariant states that two distinct statements, or two iden-
tical statements in distinct iterations, cannot have the same time stamp:

A sufficient (though not necessary) condition
to enforce that property is the following: (unimodular) and

3 Polyhedral Program Transformations

In our framework, program transformations take the form of a set of elementary
operations on matrices and vectors describing a SCoP.

We first define elementary operations called constructors. Given a vector
and matrix M with columns and at least rows, inserts
a new row at position in M and fills it with the value of vector
does the opposite transformation. and play similar
roles for columns. Moving a statement S forward or backward is a common
operation: the constructor leaves all statements unchanged except
those satisfying

where denotes that is a prefix of where P and Q are statement ordering
prefixes s.t. defining respectively the context of the move and marking the
initial time-stamp of statements to be moved, and where offset is the value to be
added/subtracted to the component at depth dim(P) of any statement ordering
vector prefixed by P and following Q. If is positive, inserts

free slots before all statements S preceded by the statement ordering prefix Q
at the depth of P; respectively, if is negative, deletes slots.
These constructors make no assumption about the representation invariants and
may violate them.

3.1 Composition of Primitives

From the earlier constructors, we define invariant-enforcing transformation prim-
itives to serve as building blocks for transformation sequences. Figure 1 lists
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typical primitives affecting the polyhedral representation of a statement. de-
notes the vector filled with zeros but element set to 1, i.e., (0, ..., 0,1,0, ..., 0);
likewise, denotes the matrix filled with zeros but element set to 1.

Like the Move constructor, primitives do not directly operate on loops or
statements, but target a collection of statements and polyhedra whose statement-
ordering vectors share a common prefix P. There are no prerequisites on the
program representation to the application and composition of primitives.

We also specified a number of optional validity prerequisites that conserva-
tively check for the semantical soundness of the transformation, e.g., there are
validity prerequisites to check that no dependence is violated by a unimodu-
lar or array contraction transformation. When exploring the space of possible
transformation sequences, validity prerequisites avoid wasting time on corrupt
transformations.

FUSION and FISSION best illustrate the benefit of designing loop transforma-
tions at the abstract semantical level of our unified polyhedral representation.
First of all, loop bounds are not an issue since the code generator will handle any
overlapping of iteration domains. For the fission primitive, vector prefixes
all statements concerned by the fission; and parameter indicates the position
where statement delaying should occur. For the fusion primitive, vector
prefixes all statements that should be interleaved with statements prefixed by

Eventually, notice that fusion followed by fission (with the appropriate
value of leaves the SCoP unchanged.

UNIMODULAR implements any unimodular transformation, extended to arbi-
trary iteration domains and loop nesting. U and V denote unimodular matrices.

SHIFT is a kind of source-level hierarchical software pipeline, extended with
parametric forward/backward iteration shifts, e.g., to delay a statement by N
iterations of one surrounding loop. Matrix M implements the parameterized shift
of the affine schedule of a statement. M must have the same dimension as

RESTRICT constrains the domain with an additional inequality, given in the
form of a vector with the same dimension as a row of matrix

EXTEND inserts a new intermediate loop level at depth     initially restricted
to a single iteration. This new iterator will be used in following code transfor-
mations.

ADDLVDOM and ADDLVACC insert a fresh local variable in the domain
and and access functions, respectively. This local variable is typically used by
RESTRICT.

PRIVATIZE and CONTRACT implement basic forms of array privatization
and contraction, respectively, considering dimension of the array. Privatiza-
tion needs an additional parameter the size of the additional dimension; is
required to update the array declaration (it cannot be inferred in general, some
references may not be affine). These primitives are simple examples updating
the data layout and array access functions.

Although this table is not complete, it demonstrates the expressiveness of
the unified representation through classical control and data transformations.
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Fig. 1. Some classical transformation primitives

This table is not complete (e.g., it lacks index-set splitting and data-layout
transformations), but it demonstrates the expressiveness of the unified represen-
tation.

Primitives operate on program representation while maintaining the struc-
ture of the polyhedral components (the invariants).

Despite their familiar names, the primitives’ practical outcome on the pro-
gram representation is widely extended compared to their syntactic counter-
parts. Indeed, transformation primitives like fusion or interchange apply to sets
of statements that may be scattered and duplicated at many different locations
in the generated code. In addition, these transformations are not proper loop
transformations anymore, since they apply to sets of statement iterations that
may have completely different domains and relative iteration schedules. For ex-
ample, one may interchange the loops surrounding one statement in a loop body
without modifying the schedule of other statements, and without distributing
the loop first. Another example is the fusion of two loops with different domains
without peeling any iteration.

Previous encodings of classical transformations in a polyhedral setting – most
significantly [25] and [15] – use Presburger arithmetic as an expressive operating
tool for implementing and validating transformations. In addition to operat-
ing on polytopes, our work generalizes loop transformations to more abstract
polyhedral domain transformations, without explicitly relying on a nested loop
structure with known bounds and array subscripts to define the transformation.

Instead of anchoring loop transformations on a syntactic program form, limit-
ting ourselves to what can be expressed with an imperative semantics, we define
higher level transformations on the polyhedral representation itself, abstracting
away the overhead (versioning, duplication) and constraints of the code genera-
tion process (translation to an imperative semantics).

Naturally, this higher-level framework is beneficial for transformation compo-
sition. Figure 2 composes primitives into typical transformations. INTERCHANGE

swaps the roles of and in the schedule of the matching statements; it is
a fine-grain extension of the classical interchange making no assumption about
the shape of the iteration domain. SKEW and REVERSE define two well known
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Fig. 2. Composition of transformation primitives

unimodular transformations, with respectively the skew factor with it’s coor-
dinates and the depth of the iterator to be reversed. STRIPMINE in-
troduces a new iterator to unroll times the schedule and iteration domain of
all statements at the depth of P (where is a statically known integer). This
transformation is a complex sequence of primitives, see Figure 2. TILE extends
the classical loop tiling at of the two nested loops at the depth of P, using
blocks, with arbitrary nesting and iteration domains. Tiling and strip-mining
always operate on time dimensions; it is possible to tile the surrounding time
dimensions of any collection of statements with unrelated iteration domains and
schedules.

Other properties of our framework include confluence and commutativity,
when operating on distinct components of the representation. Further explo-
ration of these properties is under way, in an attempt to improve the structure
of the transformation space for iterative optimization purposes.

3.2 Composition Example

Code complexity after loop transformations is mainly due to control optimiza-
tions (hoisting of conditionals, unrolling) which do not affect the complexity of
our representation. The main asset of our framework is to hide the code com-
plexity along the sequence. At intermediate steps, the complexity of the code
representation within our framework remains fairly low, i.e., it only depends
linearly on the number of original statements and statement-insertions. Using
syntactic program transformations, the code complexity may increase at each
intermediate step, sometimes even preventing further optimizations [6]. Notice
that transformation with an intrinsic syntactical behavior like loop unrolling
may also benefit from a polyhedral representation: one may strip-mine the loop
instead, delaying the proper unrolling to the code generation step, and separate
transformations may still be applied to each virtually unrolled iteration.
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Let us compare our framework with syntactic transformations, studying the
evolution of the representation along a sequence of transformations. The example
in Figure 3 performs two matrix-vector multiplications, yielding BEC
(typical of quadratic form computations), where arrays B and E store M × N
rectangular matrices.

We apply a sequence of three transformations to this program. In Figure 4,
we interchange the loops in the first nest to optimize spatial locality on B. In
Figure 5, we fuse the outer loops to improve temporal locality on A. Figure 6
shows part of the resulting code after advancing assignments to A by 4 iterations,
in order to cover the latency of floating-point multiplications. This sequence
corresponds to the following composition of primitives:

Based on the final polyhedral representation, the code generation phase will
generate control-optimized code quite similar to the hand-optimized fragment in
Figure 6, without redundant guards or dead iterations.

Fig. 3. Original code and its representation

Fig. 6. After four shifts (partial code frag-
ment)Fig. 5. After fusion

Fig. 4. After interchange
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4 Implementation

This framework uses the PolyLib [20] and CLooG – a robust new code generator
[3]. It is implemented as a plug-in for Open64/ORC3. The availability of CLooG
is a major reason for making polyhedral approaches applicable to real codes.
Our tool converts the WHIRL, the intermediate representation of Open64, to an
augmented polyhedral representation with maps to the symbol table and syntax
tree, and regenerates WHIRL from this representation [4]. 12 SpecFP 2000 and
PerfectClub benchmarks were run through the whole source-to-polyhedra-to-
source conversion cycle (without loop transformations); it takes from one second
to two minutes on a typical Pentium III, see [4] and [3] for details. The software
component in charge of the polyhedral transformations is driven through a script
language, with a specific syntax to define primitives and to compose new trans-
formations. The syntax is based on C++ with overloaded operators for vector
and matrices. From the script, the tool generates the actual source code of the
related transformations: it effectively generates a class for each transformation
with its own methods for prerequisite checking and application.

5 Conclusion

We presented a polyhedral framework that enables the composition of long se-
quences of program transformations. Coupled with a robust code generator,
this method avoids the typical code complexity explosion of long compositions
of program transformations; these techniques have been implemented in the
Open64/ORC compiler. While revisiting the design of a polyhedral program
representation and the definition of transformation primitives, we have shown
the advantages of using such advanced techniques in the software engineering
of a loop-restructuring compiler. In particular, we have decoupled the polyhe-
dral representation, transformation and code generation techniques from their
historical applications to automatic affine scheduling and mapping (automatic
parallelization and model-based optimization). More practically, the ability to
perform numerous compositions of program transformations is key to the exten-
sion of iterative optimizations to finding the appropriate program transforma-
tions instead of just the appropriate program transformation parameters.
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Abstract. This paper presents a compiler-directed strategy for reducing energy
consumption of instruction TLBs. The main idea is to restructure the code to in-
crease the chances that one can generate virtual-to-physical address translation
without going through the instruction TLB. The preliminary experimental re-
sults are promising.

1 Introduction and Motivation

TLB (translation lookaside buffer) is a crucial component that maintains recent vir-
tual-to-physical address translations. Optimizing energy consumption of TLB is criti-
cal due to two main reasons. First, since this component is accessed at each memory
reference, it can contribute to a significant fraction of on-chip energy budget. For
example, instruction and data TLBs are known to contribute to over 15% of on-chip
energy consumption in SH-3 and Intel StrongARM [14]. Second, since TLB is a very
small component, its power density can be quite high as a result of frequent accesses.
Therefore, reducing TLB energy consumption can be very important. TLB optimiza-
tion has been focus of several circuit and architecture level studies. For example, Juan
et al [7] proposed modifications to the basic cells and to the structure of TLBs that led
to15% improvement in per access energy consumption. Choi et al [3] proposed a two-
way banked filter TLB and a two-way banked main TLB. Balasubramonian et al [2]
and Delaluz et al [5] proposed changing the TLB configuration dynamically, based on
the need of the application at a given execution phase.

In a recent work, Kadayif et al [8] has demonstrated that using an optimizing com-
piler and a suitable help from the hardware, one can generate most of virtual-to-
physical address translations automatically, thereby reducing the frequency of iTLB
accesses. Their compiler-directed strategy operates as follows. Overall philosophy of
this strategy is to perform the translation for a page once, and subsequently keep reus-
ing it directly without going to the iTLB, as long as it does not change. This is
achieved through the use of a register called Current Frame Register (CFR), whose
format is of the form:

<Virtual Page Number, Physical Frame Number, Protection/Other Bits>.

* This research is partly supported by NSF Career Award #0093082.
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Fig. 1. Two possible instruction page transitions during execution. (a) Boundary case. (b)
Branch case.

Basically, this register holds the current virtual-to-physical address translation. As
long as we are sure that the current address translation does not change (i.e., we are
within the same page), we take the translation from the CFR without going to the
iTLB. Whenever there is a page change, we need to re-load (update) the CFR. This
occurs in two scenarios in normal execution as shown in Figure 1: (a) two successive
instructions, which are on page boundaries (we refer to this as the boundary case), i.e.,
one is the last instruction of a page, and the next is the first instruction of the next
page (we assume that instructions are aligned so that a single instruction does not
cross page boundaries), and (b) explicit branch instructions whose target is in a differ-
ent page (we call this the branch case).

In the compiler-based scheme proposed in [8], the compiler is used to determine
both the boundary and branch cases. The branch cases are handled as follows. The
compiler assumes that the branch target is within the same page as the branch instruc-
tion if the static analysis of the code by the compiler can reveal (with 100% accuracy)
that this indeed is the case (note that this typically occurs when branch targets are
given as immediate operands or as PC relative operands). Otherwise, if the branch is
unanalyzable or its target is proven to go outside the current instruction page, the
compiler conservatively assumes a page change and updates the CFR contents via an
iTLB access. The necessary compiler support for implementing this involves check-
ing whether the target of a statically analyzable branch is on the same page of the
branch itself. To handle the boundary case, the compiler inserts an explicit branch
instruction at the end of each instruction page, with the target being the very next
instruction (the first one on the next page). Note that this mechanism does not much
affect iL1 and L2 hits or misses, and thus it does not affect the rest of the memory
system energy consumption.

While the experimental results given in [8] indicate significant energy benefits
without much performance overhead, note that one can achieve even better energy
savings by restructuring the code. Specifically, what we need to do is to increase the
number of branches whose targets can be proven to be within the same page (as the
branch instruction itself). In the rest of this paper, we describe a compiler-directed
strategy to achieve this.



306 I. Kadayif, M. Kandemir, and I. Demirkiran

Fig. 2. (a) An example code fragment. (b-c) Two alternate page assignments.

2 Code Restructuring for Translation Reuse

We can define our problem as follows. Consider the code layout shown in Figure
2(a). Let represent the size of basic block i, and P be the page size. We use B to
denote the set of all basic blocks in the code. The connections between basic blocks
(which correspond to the edges in the control flow graph representation of the pro-
gram) are indicated using edges Each edge also carries a weight, de-
noted which indicates the importance of satisfying the edge. In this context,
strictly speaking, “satisfying edge means colocating and within the same
instruction page. However, we will use a relaxed version of this definition, which says
if and are stored in memory one after another, is satisfied. Given an assignment
of basic blocks to memory (denoted using mapping M), it is likely that some edges
will remain inside a page, whereas some other edges will cross the page boundaries;
these two sets of edges are referred to as in-page edges and out-page edges in the rest
of this paper. Then, the cost of such an assignment can be formulated as:

such that is an out-page edge. That is, the total weights of all out-page edges
give us the cost of mapping M. Obviously, our objective is to place basic blocks into
pages such that C(B,M) is minimized. In other words, we want to find an M that
minimizes C(B,M).

In this paper, we propose an algorithm for solving this problem of determining M
(a memory assignment) for all blocks in B as shown below:

This strategy, which is actually a heuristic, operates in a page size (P) oblivious
manner. Consequently, it adopts the relaxed definition of the concept of satisfying an
edge, as described above. This heuristic is similar to the Kruskal’s spanning tree algo-
rithm [4], and is given below. In this algorithm, E is the ordered set of edges (accord-
ing to their weights), and T is the (spanning) tree to be built.
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Basically, this algorithm builds a spanning tree (which includes all nodes in B and
a subset of edges in E), with the property that no node (basic block) is connected to
more than 2 neighbors. This is done so to guarantee that each pair of nodes with a
connected edge will be stored in memory consecutively (since in memory layout a
basic block can have only two neighbors). This algorithm is similar to the one pre-
sented in [9] for assigning program variables to memory locations in DSPs. The main
difference is that we work on basic blocks not variables since our objective is to re-
structure code layout for iTLB energy savings. Note also that this algorithm is com-
pletely different from prior work on instruction cache optimization [13, 6, 11, 10] as
we use a different representation and solution method. It is to be noted, while this
algorithm does not take into account the page size (P), we do not expect this to be a
major problem in practice. This is because the algorithm will fail to optimize only in
cases where the two basic blocks with high affinity fall into different pages. Given the
large page sizes, we do not expect this to occur very frequently.

Figures 2(b) and (c) illustrate two possible page assignments, assuming, for sim-
plicity, that each page can hold three basic blocks. The first alternative (shown in (b))
is the straightforward one, whereas the second (the one in (c)) is the one generated by
our approach (under the assumption of same weights for all edges between the basic
blocks). In both the cases, the thick line delineates the page boundary. Note that, in
our case, there is only one out-page edge, while we have five out-page edges in the
straightforward option.

3 Preliminary Experiments

We have implemented the proposed strategy and performed experiments with several
Spec95 applications. The experiments have been performed using SimpleScalar [1],
and the energy numbers have been obtained through CACTI [12]. In Figure 3(a), we
present the normalized energy consumptions for two different strategies. The first
strategy (marked opt-1) is the one presented in [8]. It uses the CFR to the fullest ex-
tent possible, but does not restructure code for the CFR reuse. The second strategy
(marked opt-2) represents the results obtained through the compiler-based code re-
structuring strategy discussed in this paper. For each benchmark, both the bars are
normalized with respect to the iTLB energy consumption of the original (default)
case, where we do not make use of CFRs, and all instruction accesses go through
iTLB. Note that in both opt-1 and opt-2, all extra energy consumptions due to CFR
accesses have been included in the results. We observe from these results that, in five
out of six benchmarks, our approach improves the iTLB energy consumption beyond
the method presented in [8]. That is, restructuring application codes for CFR reuse is
useful in practice. The performance (execution cycle) results are given in Figure 3(b).
As before, all the bars are normalized with respect to the default version, where no
iTLB energy-saving technique is used. We see that, while opt-1 generates (almost) the
same results with the default version, opt-2 slightly improves performance as well.
This is because our approach also enhances instruction cache locality by bringing the
blocks with temporal affinity together. Therefore, we can conclude that the proposed
scheme brings both energy and performance benefits. Our on-going work involves
implementing an optimal scheme for basic block re-ordering (based on integer linear
programming), and comparing it against the scheme proposed in this paper.
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Fig. 3. (a) Normalized iTLB energy. (b) Normalized execution cycles.
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Abstract. New DRAM technologies such as SDRAMs, RDRAMs, EDRAMs,
CDRAMs and others are vying to be the next standard in DRAMs and improve
upon bandwidth limit of conventional DRAMs. With proliferation of power-
aware systems, banked DRAM architecture has emerged as a promising candi-
date for reducing power. Prior work on optimizing applications in a banked
memory environment has exclusively focused on uncompressed data. While this
may be preferable from a performance viewpoint, it is not necessarily the best
strategy as far as memory space utilization is considered. This is because com-
pressing data in memory may reduce the number of memory banks it occupies
and this, in turn, may enable a better use of low-power operating modes. In this
paper, we explore the possibility of compressing infrequently used data for in-
creasing effectiveness of low-power operating modes in banked DRAMs. Our
experiments with five highly parallel array-based embedded applications indi-
cate significant savings in memory energy over a technique that exploits low-
power modes but does not use data compression/decompression.

1 Introduction

Low power dissipation in portable battery-operated platforms has drawn significant
interest in the past decade. In many applications targeting at embedded platforms, a
large fraction of energy consumption is due to main memory accesses. Recent work
[1, 2, 3, 5] has suggested multi-banking as a way of reducing memory energy con-
sumption. The main rationale behind this approach is that per access energy consump-
tion is proportional to the size of the memory, and a small memory bank consumes
much less (per access) energy than a large monolithic structure. In addition, unused
memory banks in a multi-bank architecture can be placed into low-power operating
modes to further energy savings.

Prior work on optimizing applications in a banked memory environment has exclu-
sively focused on uncompressed data. In other words, the data manipulated by the
application have been kept in memory in an uncompressed form throughout the exe-
cution. While this may be preferable from a performance viewpoint, it is not necessar-
ily the best option as far as memory space utilization is considered. This is because
compressing data in memory may reduce the number of memory banks it occupies

* This research is partly supported by NSF Career Award #0093082.
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and this, in turn, may enable a better use of existing low-power operating modes (i.e.,
unused banks can be placed into low-power operating modes).

It is to be noted, however, that there are several important issues that need to be
addressed before one has a reasonable data compression strategy.

How should the available memory space be divided between compressed and un-
compressed data?
What should be the granularity of compression? A whole array, a data page, etc.?
Which compression strategy should be employed when a given data block is to be
compressed/decompressed?

The third question posed above is orthogonal to the ideas explored in this paper.
That is, the proposed strategy can work in conjunction with any data compres-
sion/decompression algorithm. Therefore, without loss of generality, in this paper we
use the algorithm proposed by Kjelso et al [4]. In this work, we concentrate on the
remaining questions and propose a strategy for optimizing the effectiveness of low-
power operating modes. While prior work employed data compression for energy
savings and performance improvement [7, 9], to the best of our knowledge, this is the
first study that considers data compression within the context of banked memory
architectures.

Our strategy divides the available memory space (memory banks) into two disjoint
parts (groups): one that holds compressed data and one that holds uncompressed data.
The main objective here is to keep non-hot data (i.e., the data that are not very fre-
quently used) in the compressed form to the extent possible. Another important issue
here is to cluster the compressed data as much as possible for increasing the effec-
tiveness of low-power modes. The timing for compressions/decompressions is also an
important issue. Typically, one does not want to access data while it is in the com-
pressed form (since it needs to be decompressed before it can be used; and this re-
quires extra cycles in execution). In addition, when a new data is created or an old
data is re-written, one needs to decide whether to store it in compressed or uncom-
pressed form. In the rest of this paper, we focus on a banked memory architecture,
and evaluate several compression-based memory bank management strategies for
making best use of available low-power operating modes in a DRAM-based memory
architecture.

This paper is structured as follows. The next section gives an overview of banked
memory architecture and low-power operating modes. Section 3 presents details of
our compression-based memory management strategy. Section 4 gives experimental
data. Section 5 concludes the paper by summarizing our major results, and giving a
brief discussion of ongoing work.

2 Banked Memory Architecture and Low-Power Operating Modes

We target a memory system that contains a number of banks, each of which can be
energy-controlled independently. To save energy in this architecture, we put unused
memory banks into a low-power operating mode. We assume the existence of three
operating modes for a memory bank: active, napping, and power-down. Each mode is
characterized by its power consumption per cycle and the time that it takes to transi-
tion back to the active mode (referred to as the resynchronization time or resynchroni-
zation cost). Typically, lower the energy consumption, higher the resynchronization
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time. These modes are characterized by varying degrees of the bank components
being active. Table 1 shows our operating modes, their per cycle power consump-
tions, and resynchronization costs.

A memory controller that interfaces with the memory bus controls DRAM banks.
The interface is not only for latching the data and addresses, but also to control the
configuration and operation of the individual banks as well as their operating modes.
For example, programming a specific control register in each memory bank could do
the operating mode setting. Next is the issue of how the memory controller can be
told to transition the operating modes of the individual banks. In this paper, we use a
hardware-based approach to control mode transitions. In this approach, there is a
watchdog hardware that monitors ongoing memory transactions. It contains some
prediction mechanism to estimate the time until the next access to a memory bank and
circuitry to ask the memory controller to initiate mode transitions. The specific hard-
ware depends on the prediction mechanism that is implemented. In this work, we use
an adaptive next-mode prediction scheme. In this scheme, if a memory bank has not
been accessed for a while, then it is assumed that it will not be needed in the near
future. A threshold is used to determine the idleness of a bank after which it is transi-
tioned to a lower energy mode. The threshold is adaptive in the sense that it tries to
adjust for any mispredictions it has made. Specifically, it starts with an initial thresh-
old, and transitions to the lower energy mode if the bank is not accessed within this
period. If the next access is to come soon after that (the resynchronization energy
consumption is more dominant than the savings due to the lower energy mode), mak-
ing the mode transition more energy consuming than if we had not transitioned at all,
the threshold is doubled for the next interval. On the other hand, if we find that the
next access comes fairly late, and we were overly conservative in the threshold value,
then the threshold is reset to the initial value (one could potentially try more sophisti-
cated techniques such as halving the threshold as well). Our objective in this work is
to demonstrate that using data compression, one can increase the effectiveness of this
low-power mode management scheme; i.e., we can either put more banks into low-
power modes, or we can use more aggressive (i.e., more energy-saving) low-power
mode for banks.

3 Compression-Based Memory Management

We explore design space in a systematic way, focusing on each design decision sepa-
rately.

Memory Space Division. There are two different ways of dividing a given memory
space between compressed and uncompressed data. In the “static” strategy, p out of a
total of m memory banks are reserved for compressed data, whereas the remaining
banks are allocated for uncompressed data. Obviously, if most of the data manipu-



Using Data Compression to Increase Energy Savings in Multi-bank Memories 313

lated by the application are not hot (i.e, not frequently accessed), one may want to
increase p. On the other hand, in the “dynamic” strategy, the number of memory
banks allocated to compressed and uncompressed data changes dynamically during
the course of execution. Note that the dynamic strategy is expected to perform better
than the static one if the behavior of the application changes during the course of
execution.

Compression Granularity. Data can be compressed/decompressed in different granu-
larities. In the “fixed granularity” scheme, we divide each dataset (array) into blocks
of fixed size (e.g., 4KB), and the block sizes for all datasets are the same. Alternately,
in the “variable granularity” scheme, each dataset (e.g., an array) can have a different
block size (though all the blocks belonging to a given dataset are of the same size).
Note that, as a special case of this latter scheme, one can set the block size of each
dataset to the dataset size (in which case we have only 1 block per array).

Data Creation/Re-writing Strategy. When the data is created or re-written, we have
flexibility of storing it in compressed or uncompressed form. In the rest of this paper,
these two strategies are termed as the “compressed store” and “uncompressed store.”
Ideally, this decision should be made considering the future use of the data in ques-
tion. It should be noticed that it is also possible to make this decision by analyzing the
data access pattern exhibited by the application. More specifically, if the compiler can
determine that a data block will not be used for a long period of time, it can be stored
in the compressed format. On the other hand, if it will be reused shortly, it can be
stored in an uncompressed form. This compiler-directed strategy is called “dynamic”
in the remainder of this paper, since it tunes the store strategy based on the reuse of
each data block.

Decompression Strategy. Another important question is when to decompress data.
One obvious choice is “on-demand” decompression, whereby data is decompressed
(if it is in the compressed format) only when it is really needed. In contrast, in “pre-
decompression,” data is decompressed before it is actually accessed. This latter alter-
native is only possible when we have extra cycles to pre-decompress data. Also, this
is a compiler-based strategy in that the compiler analyzes the code, identifies the
potential reuses of each data block, and inserts explicit pre-decompress calls in the
code to initiate pre-decompression of data blocks.

Based on these, Table 2 shows our four-dimensional design space, a subset of
which is explored in this paper from both energy and performance (execution cycles)
perspectives.

Let us now discuss the implementation details of these different memory manage-
ment strategies. Static memory space division is easy to implement. Basically, we
select a value for p, and use p banks for the compressed data. However, implementing
dynamic strategy is more involved. This is because we need to decide when to change
the value of p during the course of execution. To achieve this, we make use the con-
cept of the miscompression rate (or MCR for short), which is the fraction of the data
accesses where the data is found in the compressed format in memory. Obviously,
MCR should be reduced as much as possible. Based on MCR, our dynamic memory
space division strategy operates as follows. If the current MCR is larger than a high-
threshold (high-MCR) we reduce p, and if it is lower than a low-threshold (low-
MRC), we increase p. We do not change p as long as the current MCR value is be-
tween low-MCR and high-MCR. In other words, as long as we are operating between
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low-MCR and high-MCR, we assume that the current division of the memory space is
performing well. Also note that the current MCR value needs to be updated at regular
intervals. In our current implementation, this is achieved as follows. Each time a
block is accessed, we check whether it is compressed or not. If it is compressed, we
increase a counter. At regular intervals (whose period is programmer-tunable), we
compute the MCR, and change the memory space partitioning between compressed
and uncompressed data if necessary.

As far as the compression granularity is concerned, implementing variable granu-
larity is relatively easy if the block size for a given dataset is set to its total size (i.e.,
block size = array size). In this case, only bookkeeping necessary is a data structure
that keeps track of which datasets are currently in the compressed form and which
ones are not. However, implementing the fixed block strategy is more challenging, as
we need to keep track of the status of each data block individually. In order to do this,
our implementation employs a bit map, where each bit represents the status of a
block. Consequently, each memory access goes through this bit map to determine the
status of the data block to be accessed. In this paper, we experimented with only two
re-writing strategies: uncompressed store and dynamic. We did not consider the com-
pressed store strategy as our initial experiments showed that its performance is ex-
tremely poor (since, due to temporal locality of data, it is not a good idea to store the
data always in the compressed format). Comparing the two strategies we experi-
mented with, it is easy to see that the dynamic strategy requires extra compiler sup-
port (which will be explained shortly) to measure the reuse distance of the data
(whereas the static strategy does not need such help).

Finally, while implementing on-demand decompression strategy is not very diffi-
cult, to implement the pre-decompression strategy, the compiler needs to analyze the
program and schedule data decompressions ahead of the time. The necessary com-
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Fig. 1. Normalized energy consumption values with
different methods.

piler support for this is similar to that of software-based data prefetching [11]. It is to
be noted that this pre-decompression scheme can be successful only when we have
extra cycles to pre-decompress the data. In our current implementation, we use an
extra (pre-decompression) thread to perform pre-decompressions. This thread shares
the same resources with the main execution thread. Whenever there are idle cycles, it
kicks in and performs necessary (soon to be needed) decompressions. In the worst
case, it may happen that the main execution thread wants to access a block and finds it
compressed (which means that the pre-decompression thread could not find opportu-
nity to decompress the block in question). If this happens, we proceed by allowing the
pre-decompression thread to finish its job before the block is accessed.

In this work, we implement and study a subset of the strategies listed in Table 2.
There are two main reasons for that. First, some of the strategies in Table 2 do not
make much sense. Second, by being a bit careful in selecting the subset mentioned,
one may have a good insight on the trends of interest as far as energy and perform-
ance behaviors are concerned.

4 Experimental Evaluation

Table 3 lists the default parameters used in our simulations. We use 4-issue processor
core with 8K instruction and data caches. Later in our experiments we modify some
of the parameters given in this table to conduct a sensitivity analysis. Recall that Ta-
ble 1 gives the characteristics of the low-power operating modes used in this work.

All energy numbers presented in this paper have been obtained using a custom
memory energy simulator (built upon SimpleScalar simulator). This simulator takes
as input a C program and a banked memory description (i.e., the number and sizes of
memory banks as well as available low-power operating modes with their energy
saving factors and re-synchronization costs). As output, it gives the energy consump-
tion in memory banks along with a detailed bank inter-access time profiles. By giving
original and optimized programs to this simulator as input, we measure the impact of
our compression-based strategy on memory system energy.

All necessary code restructurings for implementing “dynamic” and “pre-decom-
pression” strategies have been implemented within the SUIF framework from Stan-
ford University [8]. To implement the dynamic strategy, we keep track of data reuse
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information at the array block granularity (instead of array element granularity as
done in conventional compiler-based locality optimization studies). For this purpose,
we employ the proposed solution by Wolf and Lam [10], and feed the data block
information to the compiler. Implementing pre-decompression is very similar to im-
plementing compiler-directed data prefetching. Basically, the compiler predicts future
use of data and inserts appropriate pre-compression calls (instead of prefetching calls)
in the code.

We test the effectiveness of our optimization strategy using five benchmark codes.
Table 4 presents descriptions and important characteristics of these benchmarks. The
last column in this table gives memory energy consumption when no compres-
sion/decompression is employed but available low-power operating modes are fully
exploited. While we also have access pointer-based implementations of these bench-
mark codes, in this study we used array-based implementations.

We focus mainly on five different methods (from Table 2), and Figure 1 gives their
memory energy consumption values, normalized with respect to the case without
compression (i.e., with respect to the last column of Table 4). The reason why we are
focusing on these five methods can be explained as follows. We consider Method 1 as
the base and obtain the other versions by changing one parameter at a time (see the
column titles in Table 2). One can observe from Figure 1 that the average energy
improvement brought about by Method 1 is 29.78%, indicating that our compression-
based scheme can be very successful in practice. Now, if consider Method 9, we can
see from Figure 1 that its average saving is significantly better than that of Method 1
(36.66%). To understand this better, we focus on one of our applications (Usonic) and
present its bank usage behavior. The x-axis in the graph in Figure 2 represents the
time, and the y-axis gives the total size of the compressed data (on a time quantum
basis) in terms of the number of banks it occupies. For example, if the y-axis value is
4.3 at a given time quantum, it means that the total size of the compressed data can
occupy 4.3 banks. One can conclude from this graph that the amount of bank space

Fig. 2. Bank usage pattern off Usonic over the time (Method 9).
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occupied for the compressed data varies over the time. Therefore, a strategy (such as
Method 1), which allocates 3 banks for the compressed data (i.e., p=3 as shown in
Table 3) throughout the execution, cannot generate the best energy behavior. In other
words, for the best behavior, the amount of space allocated for the compressed data
should be varied. In fact, we can see from Figure 1 that dynamic space division is
beneficial for all applications except one.

5 Ongoing Work and Concluding Remarks

Banked-memory architectures enable power savings through low-power operating
modes. While previous compiler, OS, and hardware based techniques showed signifi-
cant savings in memory energy consumption by making use of these low-power
modes, this paper demonstrated that further savings are possible if one employs data
compression. We first described the potential search space, and then evaluated some
select implementation methods. Our ongoing research includes experimenting with
more sophisticated strategies (such as the one that allows different block sizes for
different arrays), and evaluating the impact of our approach on multi-programmed
workloads.
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Abstract. This paper introduces a compiler framework that optimizes embed-
ded applications written in C, and produces high-level hardware descriptions of
the applications for customization on Field-Programmable Gate Arrays
(FPGAs). Our compiler performs machine-specific and machine-independent
optimizations in order to increase the performance of an embedded application
and reduce area/power requirements without explicit programmer intervention.
Our experimental results show that our compiler framework can increase per-
formance by 38% with loop and expression parallelism for eight embedded
benchmarks. Also, area usage and power consumption are reduced by 69% and
55%, respectively through the efficient utilization of on-chip FPGA resources
for Xilinx Virtex-II FPGA chip.

1 Introduction

The attraction of using FPGAs is the ability to generate application specific logic
where the balance and mix of functional units can be altered. This has the potential to
generate orders of magnitude speedup for computationally intensive algorithms.
However, the time taken to develop and optimize an application for execution on an
FPGA using a traditional hardware description language (HDL) design flow may be
prohibitive.

Our goal is to develop a compilation framework (see Fig. 1) that takes an applica-
tion written in ANSI-C, translates it into an intermediate representation (IR) for per-
forming optimizations, and produces Handel-C code. Handel-C [12] is a high-level
HDL language that can reduce both the time and the expertise required to develop
embedded FPGA applications. However, the programmer must explicitly specify code
parallelism, the storage type (memory or registers), operand bit-widths, resource shar-
ing or private resource allocation using special language constructs. The detection and
exploitation of parallelism in an application and explicit specification of operand bit-
widths and decisions about how to allocate resources are tedious, error-prone tasks
which can be largely automated.
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Our compilation framework is built upon the Stanford SUIF1 compiler [8]. It per-
forms several architecture-independent optimizations as well as architecture-specific
optimizations on the SUIF IR such as loop parallelization, expression scheduling,
shared hardware structuring, operand bit-width specifications, the efficient utilization
of on-chip RAM and ROM, multi-ported RAM and dedicated multipliers in the target
FPGA chip. The final step of our compiler is to generate Handel-C code from the
optimized IR. The Handel-C compiler reads the generated Handel-C code and pro-
duces EDIF netlists for Xilinx Virtex-II XC2V6000 FPGA chip [13].

Fig. 1. Our compilation framework

The organization of the paper is as follows: Section 2 explains compiler optimiza-
tions for improving performance and analyzes performance results. Section 3 presents
optimizations and experimental results of area and power consumption. Section 4
discusses the related work in hardware compilation, and finally, Section 5 concludes
the paper with a discussion of future work.

2 Optimizations for Performance

This section introduces compiler optimizations to increase the performance of em-
bedded applications by taking advantage of the Handel-C parallelism constructs. Each
assignment statement in Handel-C takes exactly one clock-cycle to execute. The op-
erand reads of variables are initiated at the start of a clock cycle and a write to the
destination variable is finalized by the end of the clock cycle. This means that it is
permissible to have multiple reads and a single write to a variable occurring in the
same clock cycle.

2.1 Loop Iteration Parallelization

Handel-C has three different loop constructs: for, par and seq. Each construct has the
same syntax:

The way that the for loop in Handel-C works is the same as in C, i.e. the loop is
executed by the amount of the loop trip count. In a par loop, every iteration and every
statement in the iteration is executed in parallel. On the other hand, the seq loop fully
unrolls or replicates the loop and executes the iterations sequentially. Loop-carried
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data dependency analysis can determine if loop iterations are independent and suitable
for parallel execution. A for loop whose iterations are independent can be replaced by
a Handel-C par construct. Note that the statements in the loop body are by default put
into a seq construct in our system and will execute sequentially. For example, the C
sample code on the left-hand side can be parallelized using Handel-C as shown on the
right-hand side below.

The sample loop has independent iterations since there are no data-carried depend-
ences between iterations. The loop can be transformed into a par loop, and the loop
body is conservatively contained in a seq statement that guarantees that the two
statements execute sequentially. In this example, the two statements have no data
dependency and can run simultaneously. However, our parallel expression scheduling
algorithm described in the next section can detect this case and replace the seq with a
par construct.

The loops that cannot be parallelized can be fully unrolled by using a seq loop al-
though this may be of little benefit. The Handel-C compiler places each iteration
sequentially, and separate hardware is synthesized for each iteration in the final
FPGA. The advantage of fully unrolling is that there is no need for a loop increment
and comparison operations. The disadvantage is the amount of FPGA area consumed
by unrolled iterations. If area is of concern, then the for statement should not be re-
placed by a seq statement. The logic created by a for statement consists of the loop
body and the loop test. It is important to note that the loop bounds must be known in
order to translate a for into a par or a seq. Other loops such as do..while and while are
translated into par and seq loops if they can be transformed into a canonical loop
form.

2.2 Parallel Expression Scheduling

Expressions having no true data dependencies amongst them can be executed in the
same cycle by enclosing them in a par block. A variable can be read multiple times
and assigned to at most once in a par block. For instance, the three statements on the
left-hand side of the following code are data-independent and can execute in parallel
using a Handel-C par statement as shown on the right-hand side. All three statements
in this par block will execute in a single cycle, whereas it takes three cycles to exe-
cute the code if no par is used since a statement in Handel-C takes a cycle to execute.
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Fig. 2. Pseudo-code for expression scheduling

Data dependency analysis is performed to find data-independent expressions and
put them in par blocks. A directed acyclic graph (DAG) scheduling technique is used
to schedule independent expressions into several parallel expression groups as shown
in Fig. 2. Each node in the DAG represents an expression and an edge represents true,
output or anti-dependency between two nodes. Anti and output dependencies are false
data dependencies that can be eliminated by variable renaming. However, renaming
uses temporary variables that demand more FPGA resources.

True and output dependencies restrict expressions to be grouped in the same par
block. On the other hand, anti-dependencies may or may not restrict the scheduling of
expressions. The expression that writes the anti-dependent operand (i.e. the sink ex-
pression) may be scheduled in an earlier cycle than the expression that reads the anti-
dependent operand (i.e. the source expression). The depth of the sink expression must
be made equal to the depth of the source one to guarantee that they will be at least in
the same par block.

After the computation of all depths in the DAG, the DAG is converted into a flat
list of nodes sorted in ascending order of their depths. The expressions with the same
depth are put into the same par block. If there is only one expression associated with a
depth, then a par block is not necessary.
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2.3 Experimental Results

The benchmark programs used in this study are shown in Table 1. They represent
various embedded computing fields such as DSP, image processing, telecommunica-
tions and scientific computing. All benchmarks perform integer arithmetic because
Handel-C supports only integer arithmetic. For each benchmark, our compiler carries
out loop parallelism and expression scheduling and finally generates the Handel-C
code. The Handel-C code is then passed to the Handel-C compiler, which in turn
generates an EDIF netlist for the Xilinx Virtex-II XC2V6000 FPGA device. Xilinx
Virtex-II XC2V6000 is a 6M-gate chip with 8448 Configurable Logic Blocks
(CLBs). Each CLB is made of four slices, each of which has two 4-input look-up
tables (LUTs), two 16-bit D-type registers, dedicated multiplexers and fast carry look-
ahead chain. In addition to an array of CLBs, the Xilinx Virtex-II XC2V6000 FPGA
chip has also 324KByte block RAM/ROM and 144 18xl8-bit multipliers. We used
Xilinx ISE 6.2 tool set with standard placement/route effort levels.

In order to form a baseline model for performance comparison, each benchmark is
also transformed into Handel-C without performing any of the aforementioned op-
timizations. Our metric for performance comparison is the total execution time for
each benchmark. The total execution time is determined by multiplying the total cy-
cles required to execute the benchmark by the minimum clock period. The total cycles
is computed as the sum of every individual or parallel statement. The minimum clock
period is the clock period required to operate the FPGA after each benchmark is
mapped and implemented onto the FPGA.

Fig. 3. Speedup results in the total execution time

Fig. 3 presents the speedups in terms of percentage reduction in the total execution
time for each benchmark using two parallelization techniques. The highest speedups
come from matrix multiplication, huffman encoder and FIR by 78%, 70% and 59%,
respectively, matrix multiplication has three nested loops from which the outermost
two loops can be translated into par loops because there are no loop-carried data de-
pendencies across their iterations. For huffman encoder and FIR, the loops that are
converted into par loops have a great amount of expression parallelism. The speedups
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of the other benchmarks vary between 7% and 18%. Smaller performance improve-
ments in these benchmarks are caused by the fact that none of the loops can be paral-
lelized. Only parallel expressions contribute to the speedups. In summary, an average
of 38% improvement in performance can be obtained over eight benchmarks.

3 Optimizations for Area and Power

This section discusses machine-specific optimizations to reduce area and power con-
sumption in the Xilinx Virtex-II XC2V6000 FPGA chip. Such optimizations typi-
cally attempt to utilize on-chip resources of block RAM/ROM and multipliers present
on the FPGA chip so that precious FPGA area can be allocated to more compute-
intensive operations or tasks.

3.1 On-chip RAM and ROM Utilization

Arrays are implemented using look-up tables and flip-flops in the FPGA slices. For
FPGA devices that support on-chip block RAM and ROM such as in the Xilinx
Virtex-II architecture, these arrays can be declared as ram, rom and mpram (multi-
ported ram) in Handel-C to use on-chip RAM/ROM hardware resources so that the
FPGA slices can be allocated for other uses. The difference between an array and a
ram variable declaration is that any number of array elements can be read or written
in a single clock cycle in an array, whereas only a single location in a single ported,
single bank RAM array can be read or written in a single clock cycle. Similarly, ROM
can be read only once in a clock cycle. If an array is to be used more than once in the
same cycle, it can be declared as mpram to allow simultaneous read/writes through
multiple ports in the same cycle, mpram supports only dual-port memory accesses.

A compiler algorithm is written to analyze the global and local array declarations
and to find out whether they can be declared as ram, rom or mpram. An array variable
can be declared as rom if it is not accessed more than once in a statement or a par
block and all accesses are reads. The array variable can be declared as ram if it is not
accessed more than once in a statement or a par block and not all accesses are reads.
If it is accessed at most twice in a statement or a par block, then it can be declared as
dual-port mpram. Array variable names can also be passed as arguments in procedure
calls, and alias names can be used at the call sites. Thus, argument-parameter alias
analysis is also performed for the whole program to determine the set of alias names
for each array name passed as an argument to procedures. The array variable has to be
kept as an array declaration if it is accessed more than twice in a statement or a par
block.

3.2 On-chip Dedicated Multiplier Utilization

Customized multiplication units can take up a vast amount of slices in the FPGA. If
the widths of multiplicands are wider, the multiplication operation takes longer and
this can cause a drop in the overall clock frequency of the FPGA since every instruc-
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tion in Handel-C takes exactly one cycle. Hence, it is requisite that the compiler must
assign some of multiplication operations to the dedicated fast on-chip 18x18-bit mul-
tipliers in the FPGA chip. If the widths of the multiplicands are larger than 18 bits,
several multipliers can be tied together to form wider multipliers. A multiplier can be
assigned to more than one operation but only one of them can access it at any cycle.
This will create a multiplexer logic in front of the multiplier to route only one set of
multiplicands to the multiplier. As more sets of multiplicands share a multiplier, the
multiplier becomes slower due to its wide multiplexer. The compiler must intelli-
gently distribute multiplication operations among the dedicated multipliers so that
none of the multipliers has prohibitively wide multiplexers. Fig. 4 shows the on-chip
18 by 18 bit multiplier assignment algorithm.

Fig. 4. The pseudo-code for the dedicated multiplier assignment algorithm

The algorithm puts each multiplication operation into a list by traversing each pro-
cedure. Then, the list is sorted by the sum of bit-widths of multiplicands of each op-
eration in descending order. Each multiplier is assigned a weight that shows the esti-
mated length of its multiplexer if more than one set of multiplicands share the multi-
plier. After all the weights are initialized to zero, an operation is popped off the list. If
the bit-width of any of its multiplicands is less than or equal to 18, then only one
multiplier is needed. Otherwise, more than one multiplier is needed to implement the
current multiplication. The number of the required multipliers is computed by divid-
ing the maximum bit-width by 18. After determining the exact number of multipliers,
the multiplier list is searched to select the multipliers with the lowest weights. Then,
the multiplication operation is assigned to these selected multiplier(s) and their
weight(s) are incremented by the sum of the bit-widths of the two multiplicands. The
same steps are applied to all operations in the multiplication operation list until all of
them are assigned to the dedicated multipliers. The objective of the algorithm is to
ensure that the multipliers to which long multiplications (i.e. the ones with wider
operand bit-widths) are assigned are not multiplexed with many different sets of mul-
tiplicands of other multiplications.
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3.3 Experimental Results

Area usage and power consumption are measured for each benchmark. Similar to
Section 2.3, our base model for comparison are the same benchmarks with no on-chip
RAM/ROM and multiplier utilization optimizations. For the area usage, we measure
the percentage reduction in the number of FPGA slices on the chip. The dynamic
logic power consumption consumed by the logic implemented on the FPGA chip is
measured after a complete placement and routing of the design on the FPGA using
Xilinx’s XPower estimation tool. We set the FPGA’s clock frequency and source
voltage to 100MHz and 1.5V, respectively. Also, circuit switching activity rate is set
to 100% or ½ the clock frequency, which is the rate at which a logic gate switches.

Fig. 5. The percentage reduction in the number of FPGA slices using on-chip RAM/ROMs and
multipliers

Fig. 5 shows the percentage reduction in the number of FPGA slices on the chip.
The black bar denotes the reduction contributed by only on-chip RAM/ROM and the
grey bar represents the reduction contributed by only on-chip multiplier utilizations. It
is possible to save an average of 69% of FPGA slices for all benchmarks as shown in
the last column. Of this average, 64% comes from the on-chip RAM/ROM utilization
and only 5% savings from the slices are due to the on-chip multiplier utilization. The
arrays in all benchmarks can fit into the on-chip RAM/ROM structures. Although the
majority of FPGA slice savings is caused by efficient utilization of on-chip
RAM/ROMs, a reasonable amount of reduction has been made using on-chip multi-
plier optimizations such as in FIR, 2D convolution and g721decoder. These three
benchmarks have several multiplication operations that are allocated to on-chip mul-
tipliers. On the other hand, adpcm, shellsort. huffman, matrix multiplication and IDFT
have either no multiplication or only one multiplication operation. Thus, the contribu-
tion of on-chip multiplier utilization to the area reduction for these benchmarks re-
mains less than 1%.

Fig. 6 presents the percentage reduction in dynamic logic power consumption of
on-chip RAM/ROM and multiplier utilizations for eight benchmarks. The large num-
ber of FPGA slice savings allows energy-efficient designs by reducing the logic
power consumption proportional to the number of slices. Over eight benchmarks, an
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average of 55% (i.e. 51% due to on-chip RAM/ROMs and 4% due to on-chip multi-
pliers) reduction in dynamic logic power consumption is possible by utilizing on-chip
FPGA resources.

Fig. 6. The percentage reduction in the dynamic logic power consumption using on-chip
RAM/ROMs and multipliers

4 Related Work

There have been several projects [1] [2] [3] [4] [5] [6] [7] [9] [10] [11] that attempt to
transform modified C programs to custom hardware by way of producing low-level
HDL languages such as Verilog or VHDL. In spite of their portable nature, these
languages are not suitable to explore instruction-level and loop-level parallelism.
Hence, we use Handel-C as our backend language whose high-level constructs allow
us to exploit both instruction and loop-level parallelism with explicit control.

5 Conclusion

We have introduced a compilation framework that optimizes embedded applications
written in C to improve performance, and reduce area/power requirements. Loop
parallelism and expression scheduling are applied to decrease the total execution time
of the programs. We have shown that an average of 38% improvement in perform-
ance is possible with these parallelizations for all benchmarks. We have also pre-
sented the experimental results of machine-specific optimizations for utilizing on-chip
block ROM/RAMs, and dedicated multipliers to reduce area and power consumption
of the Xilinx Virtex-II XC2V6000 FPGA chip. Our results have showed that an
average of 69% reduction in area and an average of 55% reduction in logic power
consumption over eight benchmarks can be attained through the efficient utilization of
on-chip resources.
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We are exploring various compiler optimizations such as shared expressions, stor-
age reuse, expression splitting and combining, and software pipelining. Our ultimate
aim is to develop an iterative hardware compilation environment that can apply com-
piler transformations using feedback-directed data from timing, resource mapping and
power estimation tools to optimize for combinations of performance, power consump-
tion and area.
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Abstract. Several optimization techniques are hindered by uncertainties about
the control flow in a program, which can generally not be determined by static
methods at compile time. We present a novel approach that aims to alleviate this
limitation by explicitly enumerating all control paths through a loop nest, thus
allowing wider and more efficient use of standard optimization passes later. Our
analysis will address the possible explosion in code size, which despite high theo-
retical upper bounds appears to be acceptable in practice, as well as performance
gains both for RISC and CISC target processors.

1 Introduction

The quality of many optimization algorithms is directly dependent on the amount and
accuracy of the information retrieved by prior analysis steps. Despite continuous pro-
gress in the development of such tools, certain program structures invalidate the analysis
efforts: One of these cases is the joining of two or more different flows of execution after
a conditional at a so-called merge point in the control flow graph. At such a point, the
analysis is uncertain which of the multiple paths was actually taken to arrive at the
merge point. Thus, it cannot propagate beyond the merge point any assertions (e.g., on
variable values and memory contents) that are not common to all of the execution paths
arriving at the merge point.

2 Related Work

The criticality of analysis across merge points has been recognized previously. One
technique that is already practically used in many compilers (e.g., using -ftrace for
GCC [1]) is tail duplication [2]. This approach is used for the joining of blocks into
single-entry point hyperblocks by copying a dedicated instance of all shared tail blocks
into each individual hyperblock, thus reducing the number of merge points. The tech-
nique is also commonly used for improving the scheduling of the generated code [3] [4].
Some research has been done in combining loop unrolling and tail duplication [5], but
the algorithm presented there does not re-splice the program as done in our approach.

3 Novel Approach

However, these existing approaches (both for hyperblock construction and scheduling)
limit the scope of their operation to limited areas such as only within loop bodies. The
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algorithm presented here has all the advantages of conventional tail splitting and loop
unrolling, but now the back edges are re-spliced between specialized versions of the
loop body and do not lead back to the initial loop header. This unrolling, splitting and
re-splicing operation was termed Aggressive Tail Splitting (ATS). Its effect is to keep
disjunct paths of execution isolated for as long as feasible, thus avoiding the creation of
analysis-impeding merge points. The approach was inspired by the basic use of the tail
splitting transformation in an interpreter [6].

4 ATS Algorithm

We will introduce the algorithm using the trivial example of the C source code fragment
shown in Figure 1.

Fig. 1. Initial input source code

Since some of our later analyses of ATS effects will be performed with disabled
compiler optimizations (to focus on ATS itself), we will perform some simple optimiza-
tions such as Common Subexpression Elimination (CSE) manually on b0(), leading to
the version b1() shown in Figure 2.

Fig. 2. Result of single intra-loop iteration tail splitting

4.1 Tail Splitting the Back Edge

We now begin by splitting all edges arriving at blocks with multiple predecessors, copy-
ing the original block backward along each of the split edges (see Figure 3). Initially,
this occurs only within the loop body (as suggested in [6]), leading to the source code
b2() shown in Figure 2.
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Fig. 3. First inter-iteration tail-splitting and beginning of head duplication

At this stage, we have not yet achieved our aim of reducing the number of merge
points. On the contrary, in b1(), Block 1 only had two arriving execution paths, while
in b2(), it now has three arriving paths. To avoid cluttering this figure, an arriving
edge can carry more than one path of execution, the actual number is determined by the
number of originating nodes.

Beyond conventional tail-splitting, ATS now continues this process along the back-
edges, thus crossing loop iteration boundaries. This step is shown in Figure 3: The two
back edges have been tail split and replaced by copies of the loop header Block 1. As
before, however, the number of execution paths arriving at merge points has increased.
Blocks 2 and 3 now both have three arriving paths. Due to the increasing convolution of
the structure at this point, we will no longer show the source code of these intermediate
steps.

Undeterred by the temporary decrease in solution quality, ATS continues in the same
fashion. Later on, it generates the structure shown in Figure 4.a: Now, three distinct
copies exist of the loop body. The entire first iteration has been peeled off and serves as
a dispatcher to the specialized loops lower in the hierarchy. At this stage of the process,
a specialized loop exists for each execution path arriving there. In the example, the
loop B was created for the case that the condition in b2() was true during the previous
(peeled-off) iteration, and the loop A for the inverse case.

4.2 Termination Conditions for the Tail Splitting Process

At this stage in the discussion, we have to address the question of when to stop splitting
edges. Even with the structure shown in Figure 4.a, we could continue the process.
It is thus useful to step back from the algorithm itself and re-examine the aim of our
methods.

The main goal of ATS is to enable more aggressive optimizations inside of loop
bodies. The manner in which this should be achieved is by providing other optimization
passes with accurate information (assertions) about the execution path that lead to a
given node (history). Based on these assertions, these optimizations can then perform
their own transformations or scheduling decisions.

Thus, to arrive at the termination condition of the tail-splitting phase, we need to
determine the minimal required length of the history. It turns out that for loops, this
length depends on the distance vectors for loop-carried dependencies. In our example,
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Fig. 4. (a) Loop unrolling and tail spliting, (b) ATS

b0() has a distance vector of d : {0,1}, indicating that a calculation at a[i] depends
on a[i-0] and a[i-1]. This implies that in this case, there is no need to keep track of
data or control flow beyond the previous loop (the one that computed a[i-1]). Thus,
the length of the history required is the maximum range of the distance vectors for loop
carried dependencies.

By closely examining the digraph we use to represent the program structure (Figure
3 and 4.a), it can be determined that during the tail-splitting phase, this digraph will
always have the same tree-like nature: The root and inner nodes serve as dispatcher to
specialized loops represented by the leaf nodes (here A and B), with the only back-edges
occurring at the leaf-level.

It is thus obvious that the depth of the digraph (the longest path from the root to
a node) is limited by the length of the history: Each level of the graph represents a
loop-carried dependency on a previous iteration.

4.3 Inter-leaf Node Re-splicing

Thus far, our approach relied on repeatedly applying a well-known technique to trans-
form the program. But now that we have determined when to terminate this process, we
can transform the leaf-level edges to accurately encode the histories without further ex-
pansion of the digraph. This is achieved by connecting each of the back-edges leaving
a leaf-level node to the leaf-level node (same or different) that was specialized for that
specific intra-loop execution path.

The method will become clearer when illustrated using the example in Figure 4.a.
As stated previously, there are only two history-specific back-edges out of the loop
bodies1, depending on the condition (t<0) ....

For the example, we will thus ensure that all paths R which had P = true during the
previous iteration will lead to the loop specialized for this case, namely B. Analogously,

1 Since the center edge is not a back-edge (loop exit), it is disregarded here.
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all paths L that had P= false in the previous iteration will be processed in the specialized
loop A. The result of this transformation is shown in Figure 4.b. The histories leading
to a loop body are thus encoded in the selection of which specific specialized leaf-level
loop is executed. As a result, a later optimizer processing the loop bodies A or B can
now be certain which assertions can be exploited. For brevity, the actual source code
for this structure, termed b3() in the following text, is omitted here.

5 Performance

To evaluate the performance of code subjected to ATS, we compiled the the processing
stages b1() to b3() of our example onto the UltraSPARC III+ and Athlon XP targets.
For the SPARC, we used the Sun Workshop C Compiler 5.3 with maximum optimiza-
tion effort (option -fast). On the Athlon, we employed GNU GCC 3.2 with the -O3
option. The results are summarized in Table 1.

So even for this trivial example, some modest performance gain (up to 57% on the
Athlon) was realized. Before analyzing a larger, more meaningful application in Section
5.2, we will consider the effects of ATS on later optimization passes.

5.1 Increased Optimization Opportunities

As seen in Figure 4.b, even the post-ATS version b3() contains hyperblocks with mul-
tiple predecessors. However, now all paths even through different predecessors keep
track of the same history (and thus assertion sets), increasing the opportunities for stan-
dard optimization techniques. Thus, constant propagation or CSE can now be applied
across iteration boundaries. This is not possible when the loop is not tail split because
of the uncertainty of the execution path leading to a block. Another technique that al-
lows such inter-iteration optimization is loop unrolling. However, even here the path
uncertainty problem remains and limits the applicability of the standard optimizers.

5.2 Effect of ATS on Control Flow

To evaluate the effect of ATS on a more meaningful program, we now consider a de-
coder for fixed-table Huffman codes. Since this algorithm actually contains a substantial
control-content in its loops (in contrast to many DSP codes), it is a good candidate for
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Fig. 5. Huffman decoder source

ATS. Due to the size of the intermediate and final stages, we will only list the original
source program in Figure 5.

As before, the code is evaluated on the SPARC and Athlon targets. For each target,
Table 2 shows three versions: The original, a fully-expanded ATS variant, and finally
an optimized ATS version. The latter was subjected to agressive propagation, replacing
constant accesses to constant memory locations with their contents. In both ATS cases,
the inner loop has been completely unrolled to remove all internal merge points. The
size given is the size of the compiler generated object code (.text segment).

The Huffman decoder has a theoretical upper bound of growth2 in the number of
instructions by a factor of 299593. However, the maximum observed growth factor of
the optimized ATS digraph is only 56. More aggressive compiler optimization options

2 Due to space limitations, the relevant analyses cannot be shown here.
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(-fast and -O3) exploit the ATS’ed structure even further, leading to a maximum
growth of only 16.01. This is well within the practical limits established by other tech-
niques such as aggressive loop unrolling (e.g., by a factor of 96 in [7]).

In terms of performance gain, on the SPARC target, at best 52% were achieved
(interestingly not at the highest compiler optimization level). On the Athlon however,
the highest speedup was over 350%.

When examining the final assembly code, it becomes apparent that its post-ATS
structure is completely different from the original source code: Now, the entire fixed
Huffman table has been inlined into the program, resulting in an actual FSM for de-
coding the bit stream. This was possible due to the fact that the index variable now was
subject to constant propagation, making the value constant for all reads. This reduces
the number of memory accesses considerably, since the table walk is now encoded into
the program’s control flow. By lowering the pressure on the memory, more ILP can be
exploited.

6 Interpreting the Benchmark Results

Since ATS itself is no optimization, the origin of the performance gains should be ex-
amined. In the initial example (b1()...b3()), the speed-up was realized by removing
multiplications by zero after constant propagation.

The Huffman decoder of Figure 5 is more complex. A GCC-compiled version was
analyzed in greater detail using processor-internal performance counters on both plat-
forms. These measurements are shown in Table 3. Of interest are the actual number of
instructions executed and the number of cycles stalled due to branch mispredictions.

Since the ATS operation imposes a more complex control structure on the program
(multiple value-specialized versions for each execution path), the quality of the pro-
cessor’s branch prediction logic becomes crucial. In the numbers shown above, it is
obvious that the unit in the SPARC is not able to cope with the increase in complexity
(more mispredict cycles) of the complete ATS form. The Athlon’s predictor, however,
can easily handle that version (only minimal increase in mispredict cycles).

The performance gains of ATS are mainly due to the reduced number of instructions
actually executed (see Table 3). E.g., for the Athlon, only 30% of the original number
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of instructions is executed after ATS. This reduction is achieved by giving the later op-
timization stages (in this example: especially the constant propagation step) a larger set
of assertions to work with. Since the constant propagation in the ‘optimized’ versions
extends to removing references to the constant Huffman table, 71.9% of all memory
accesses are eliminated in the post-ATS code (on both platforms).

7 Future Work

We are currently integrating an automatic ATS pass into a complete compile flow, thus
allowing a more thorough experimental evaluation in the future. Furthermore, the ATS
digraph itself is amenable to high-level minimization techniques which we expect to
limit the practical code growth even further.

8 Conclusion

The ATS transformation can considerably increase the opportunities for applying stan-
dard optimization techniques to inner loops. In practice, the excessive theoretical growth
in code size can often be avoided. By selectively applying the transformation, the
growth penalty need only be accepted when economical (e.g., in the range of 100-200
and only for time-critical inner loops).
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Abstract. Predicated execution has become a standard feature in mod-
ern high-performance microprocessors, and is supported by compilers
through if-conversion. The static single assignment (SSA) form has been
demonstrated to be a very successful intermediate representation in mod-
ern compilers. Traditionally, SSA optimizations preceed the if-conversion
because the classical SSA form is not adapted for if-converted programs.
Recently, the extension of the classical SSA form has been pro-
posed for optimizing predicated code. However, up until now, the if-
conversion itself has not been applicable to programs in SSA form. As
a result, optimizers that want to use SSA before and after the
if-conversion would have to translate the program out of the SSA form be-
fore performing the if-conversion, and to rebuild the from scratch
after the if-conversion. In this paper, we propose a simple model of if-
conversion in SSA form such that if-conversion results in the
We implemented our if-conversion method in the Open64/ORC com-
piler code generator, and evaluated the size of the form resulting
from if-conversion on a set of MediaBench programs.

1 Introduction

Predication has become a standard feature in modern high-performance micro-
processor architecture. Compilers support predication through if-conversion [1],
transforming programs into predicated code in such a way that execution of
the instructions previously guarded by conditional branches is guarded by pred-
icates. A predicate enables the instruction to execute if it is TRUE, or nullifies
the instruction if it is FALSE.

The SSA form has been demonstrated to be a very successful intermediate
representation for various compiler optimizations [2–9]. Traditionally, the SSA
based optimizations are applied before the if-conversion since classical SSA form
is not readily applicable to predicated code. Recently, it has been shown that SSA
representation can benefit optimizations of predicated code as well [10]. Thus, the
SSA representation may be desirable in the compiler back-end both, before and
after the if-conversion. However, up until now, if-conversion itself could not be
directly applied to programs in SSA form. Lacking such if-conversion algorithm,
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optimizers that want to use SSA before and after the if-conversion would have to
translate the program out of the SSA form before performing the if-conversion,
and rebuild the SSA representation from scratch in order to apply subsequent
SSA based optimizations.

We have developed an approach that allows application of the if-conversion
directly to programs in SSA form. Our approach builds upon the work on
an extension to the classical SSA representation suitable for predication [10]. In

are generated at program points where different predicated
values merge. Similar to which indicate definitions reaching a given
program point through different control flowpath, indicate which pred-
icated assignments to a variable may be active at a given program point. Our
if-conversion method exploits the duality between the and the In
particular, the in the original program are replaced by the in
if-converted program. In contrast to [10], where the form is constructed
taking predicated code as starting point, in our approach, the results nat-
urally from if-converting a program in SSA form. As an important consequence,
the number of in resulting is bound by the number of
existing before the if-conversion.

We have implemented our if-conversion method in the Open64/ORC code
generator. We measured the size of the representation on a set of pro-
grams from the MediaBench testsuite [11]. Previous research focused on mea-
suring the SSA size in the context of target-independent optimizations [2, 9].
We’re not aware of any previous work that provides similar investigation into
the size of the SSA representation at the assembly level. Our experience con-
firms that most functions display only a moderate increase in the intermediate
representation size due to their translation to the form.

The rest of the paper is organized as follows. In the next section, we develop a
code example that illustrates our if-conversion method. Section 3 reminds to the
reader basics of the SSA and the representation. In section 4, we derive
the sufficient condition for the correctness of our approach. Finally, section 5
presents experimental evidence that can be a practical alternative IR for
compiler back-end optimizations.

2 Motivating Example

Consider well-known J.Fang’s if-conversion algorithm [12]. This algorithm con-
sists basically of two steps: the first step assigns predicates to basic blocks in the
control flow graph; the second step predicates instructions in these basic blocks.
In the process, instructions are concatenated into a straight-line code, eliminat-
ing merge points in the if-converted region. When program is in SSA form, the
question arises: how can be predicated ? Indeed, since if-conversion re-
moves control flow merge points, loose their meaning in the if-converted
code.

The representation enables a simple solution to the problem:
in the if-converted region can be replaced by with the same operands. As
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Fig. 1. Heapsort Inner Loop.

an example, consider if-converting the loop shown as psudo-assembly in Figure
1(a) (from the heapsort sorting algorithm). In the first step, predicate is
associated with block BB2, predicate with block BB3, and predicate TRUE
with blocks BB1, BB4, and BB5. In the second step, instructions in block BB2
are predicated with instructions in block BB3 are predicated with and
conditional branches are removed from blocks BB1 and BB2. Figure 1(b) shows
the if-converted code with the in block BB4 replaced with a in the
resulting form1. The new indicates that variable takes on value
of either or depending on which of the assignments to the two variables
is last executed at run-time. Thus, takes on value of if the assignment

is executed (i.e. predicate is TRUE), otherwise it takes on value
of Notice that variable has exactly the same value before and after the
if-conversion: before the if-conversion, variable takes on value of if both
branches, in blocks BB1 and BB2, are not taken; in if-converted program,
takes on value of if is TRUE, which in turn is TRUE only if is TRUE,
corresponding to both branches not being taken in the original program. Notice
also that ordering of operands is significant and corresponds to the order
in which and appear in if-converted sequence [10].

1 Notice that resulting has two operands compared to three-operand
in the original control flow graph. This is because two or more identical operands in
a can always be safely collapsed into a single operand [10].
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Fig. 2. Transformed Heapsort Inner Loop.

However, replacing with during if-conversion is not as
straightforward when transformations such as code motion or copy propaga-
tion have been applied to the program. Figure 2(a) shows the same loop after
partially redundant load has been removed in block BB4. Replacing the second

with a in transformed loop results in incorrect program in Figure
2(b). In the if-converted code, variable takes on value of if is TRUE (cor-
responding to not taken branch in block BB1). This is different from its value
before the if-conversion where it takes on the value of only if both conditions,

and are TRUE.
In this paper, we prove that replacing with during if-

conversion results in correct if-converted program if the original program is in
conventional SSA form [13]. When the SSA is first build it is conventional. How-
ever, the SSA program transformed through the code motion, copy propagation,
etc. may not be conventional. The SSA form in the Figure 2(a) is no longer
conventional as a result of the partial redundancy elimination. Conventional
SSA form will be explained in details in the following section. For now, simply
consider conventional SSA form of the transformed loop shown in Figure 3(a)2.
If-converting loop in conventional SSA results in program in Figure 3(b), where
variable takes on value of only if both predicates, and are TRUE
exactly like in the original program.

2 In conventional form, a copy has been added to block BB3.
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Fig. 3. Consistent Heapsort Inner Loop.

3 Preliminaries

We view an assembly-level program as a control flow graph of basic blocks. Each
basic block contains a sequence of target processor instructions. Without loss
of generality, we assume each instruction to be either a write to a register, a
memory load or store, or a control flow transfer. Instructions can be predicated
such that their associated guards determine whether the instruction is executed
or not.

In the SSA form, each write to a register is given a unique name, a SSA name,
and all of the uses reached by that write are renamed to match this new name.
At the join basic blocks of the control flow graph, indicate which SSA
names reach the control flow join point. The SSA names in a SSA representation
can be partitioned into classes [13]:

Definition 1 Given avariable the class of
and are referenced in the same or there exist a variable

such that and are referenced in the same and and are referenced
in the same }.

Intuitively, two names belong to a class if they are connected via

When the form is first built, it satisfies the conventional SSA form
property: liveranges of SSA names sharing a class do not inter-
fere [13]. The conventional SSA property allows sharing register assignment by
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the members of a class in the final compiled program. As a re-
sult of various optimizations, the SSA form may loose this property. Sreedhar
et al. developed an algorithm for restoring conventional SSA form by generating
copy instructions and removing interferences within classes. In the
example in figure 2, the SSA form is not conventional because liveranges of
and belonging to the same class interfere. By adding a copy
instruction in block BB3 in the figure 3(a), the SSA form consistency
can be restored enabling our if-conversion method.

In are placed at program points where register writes ac-
tive under different predicates are merging. A has the form:

where the result, takes on value of the operand,
whose assignment is last active assignment under its predicate at run-time.

The order of operands is significant and corresponds to program order
of assignments to these operands before any transformations. The original or-
der of predicated assignments may be violated by the SSA optimizations, and
may need to be restored during out-of-SSA translation based on the ordering
information contained in [10].

4 If-Conversion in SSA Form

Following theorem establishes the sufficient condition for the correctness of our
if-conversion method:

Theorem 1. If a program is in conventional SSA form, replacing by
the with the same operands during if-conversion results in an equivalent
new program.

Proof. Let be the block dominating the if-converted region. Consider a
in block Let variable take on value of

such that at the run-time execution path is taken, where
assignment to happens in basic block

In if-converted program, let this be replaced with a
We need to show that if the original program is in conventional

SSA form, takes on value of in if-converted code, i.e. following two con-
ditions hold: (1) instruction defining is active during execution (its predicate
is TRUE), and (2) in predicated program, assignment to is the last active
assignment among assignments to

(1) A valid if-conversion algorithm guarantees that if instruction defining
is executed in original program, then this instruction must be active during

execution of the if-converted program.
(2) Assume that the assignment to originally in basic block is also

active in the if-converted code. Thus, execution path must have
been taken at run-time in the program before the if-conversion. If the original
program is in conventional SSA form, block otherwise liveranges of

and would interfere. Furthermore, block must preceed block in
the original program, i.e. execution path is taken,
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otherwise the in block would assign value of instead of to
Since if-conversion concatenates instructions in Breadth-First-Order of the

basic blocks [12], the assignment to is guaranteed to follow the assignment to
in the if-converted code sequence.

Because during if-conversion, are created as replacement to existing
the number of resulting form the if-conversion is bound by

the number of before the if-conversion. Thus, the size of the
representation is essentially the same as the size of the equivalent classical SSA
representation before the if-conversion.

5 Measurements

5.1 Experimental Framework

We implemented our if-conversion method in the Open64/ORC compiler code
generator (ipf-orc.sourceforge.net)3. Our goal was to investigate the size of
the representation resulting from our if-conversion method for programs
encountered in practice. Previous measurements of the size of SSA intermediate
representation were obtained in the context of the target processor independent
phase of the compiler optimization [2, 9]. We’re not aware of any previous work
that provides similar investigation into the size of the SSA representation at the
assembly level.

Our benchsuite consists of the 9 MediaBench benchmarks [11] listed in the
first column of table 1. These benchmarks include applications from multimedia
and communications domain such as video and audio coding and compression,
image processing, encription, etc. Benchmarks were cross compiled for the IA64
system under Linux using the NUE environment (software.hp.com/ia64linux).

3 Details of our implementation are outside the scope of this paper.
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5.2 Results and Observations

The summary statistics of our experiments are given in the table 1. The second
column of the table shows the total number of routines in each benchmark pro-
gram. The third column lists the maximal, minimal, and median size of routines
in each of the benchmarks programs in the number of intermediate representa-
tion instructions. The fourth column shows the maximal and median increase
in the number of intermediate representation instructions when each program
is in form (the size of the representation is measured after the
if-conversion). Next column in the table lists the maximal, minimal, and median
size of routines in each program in the number of distinct variable names. Fi-
nally, the last column shows the maximal and median increase in the number of
variable names (SSA names) in the form.

The maximal increase in the intermediate representation size of 1.52 times
is smaller than 5.2 times reported by Cytron et al. [2]. We also observe smaller
maximal increase in the number of distinct variable names in the program, 1.99
versus 3.8. These numbers are explained by the fact that we build prunned SSA
representation instead of the minimal one discussed in Cytron’s et al. work.
This also confirms that prunned SSA representation can drastically reduce the
number of in program variables reported by Briggs et al. [9].

Fig. 4. Number of instructions in the versus number of instructions in the
original program.

As the plot in figure 4 shows, increase in the number of intermediate represen-
tation instructions is linear in the size of the program. The increase in instruction
counts reflects the number of and in the program. We didnot find
any correlation between the original instruction count and the instruction count
increase due to translation. More significant instruction count increases
were related rather to the complexity of program’s control flow. The median ra-
tio varied from 1.03 to 1.06, and the largest increase of 1.52 occured in a function
of 292 intermediate instructions.

The plot in figure 5 shows increase in the number of variable names in the
The median increase in the number of variables varied from 1.11 to 1.21.
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Fig. 5. Number of SSA names in the versus number of distinct variable names
in the original program.

The largest increase of 1.99 occured in the same function with the largest in-
struction count increase, and this function had 193 intermediate variables. All-
together, 90% of the functions had increase of the number of variables under 1.4
times.

6 Conclusions

SSA form benefits optimization of unpredicated code as well as predicated code
after the if-conversion. We developed a method for if-converting programs in
SSA form resulting in form. Our measurements of the size of
present a strong evidence that is a practical alternative as intermediate
representation for compiler code generators.
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Topic 5

Parallel and Distributed Databases,

Data Mining and Knowledge Discovery

David Skillicorn, Abdelkader Hameurlain, Paul Watson, and Salvatore Orlando

Topic Chairs

This topic addresses the parallel storage and processing of data, ranging from
traditional database systems, through OLTP and OLAP systems, to data mining.
The primary motivation for parallelism in this setting is performance. Parallel
database systems have been in use for several decades, but the use of parallelism
for data mining is more recent. Interestingly, a new motivation for parallelism
in handling data is becoming important – the need to compute results from
multiple datasets without necessarily having full access to each of them. This
idea of preserving some level of privacy for the contents of each part of a dataset
generates some interesting problems and we look forward to papers in this area
in years to come.

We received 15 submissions this year, and were able to accept 6, an accep-
tance rate of 40%.

The accepted papers cover a wide range of topics. Fagni, Perego and Sil-
vestri address how to improve the performance of a concurrent web search cache,
showing that a cache region dedicated to high-frequency queries improves over-
all performance. Lima, Mattoso and Valduriez use a new method for the virtual
partitioning of OLAP queries on clusters to improve performance. Dash, Petru-
tiu and Scheuermann show how hierarchical clustering can exploit the property
that clusters are not well-separated until the final stages of a clustering. Glim-
scher and Agrawal find a way to express both the E and M stages of the EM
clustering technique as generalized reductions, which can then be implemented
in parallel using a middleware system they have developed. Coppola, Pesciullesi,
Ravazzolo and Zoccolo describe the design of a parallel customer relationship
management system. Finally, di Giacomo, Martinez and Scott describe Search-
Plus, a distributed system for bibliographic records.

We thank all of the referees whose work helped to select an interesting pro-
gram.
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Abstract. This paper discusses the design and implementation of SDC,
a new caching strategy aimed to efficiently exploit the locality present in
the stream of queries submitted to a Web Search Engine. SDC stores the
results of the most frequently submitted queries in a fixed-size read-only
portion of the cache, while the queries that cannot be satisfied by the
static portion compete for the remaining entries of the cache according to
a given cache replacement policy. We experimentally demonstrated the
superiority of SDC over purely static and dynamic policies by measuring
the hit-ratio achieved on two large query logs by varying cache parame-
ters and the replacement policy used. Finally, we propose an implemen-
tation optimized for concurrent accesses, and we accurately evaluate its
scalability.

1 Introduction

Due to the high locality present in the stream of queries processed by a Web
Search Engine (WSE), caching the results of the queries submitted by users
is a very effective technique to increase the throughput. WSE results caching,
similarly to Web page caching, can occur at several places, e.g. on the client
side, on a proxy, or on the server side. Caching on either the client or the proxy
has the advantage of saving network bandwidth. Caching on the server side,
on the other hand, has the effect of saving I/O and computational resources
used by the WSE to compute the page of relevant results to be returned to a
user. One of the issues related to server-side caching is the limited resources
usually available on the server, in particular the RAM memory used to store
the cache entries. However, the architecture of a scalable, large-scale WSE is
very complex and includes several machines which take care of the various sub-
tasks involved in the processing of user queries. The distributed architecture
of a large-scale WSE [7, 1] is composed by a farm of identical machines running
multiple WSE Core modules, each of which is responsible for searching the index
relative to one specific sub-collection of documents. In front of these searcher
machines we have an additional machine hosting a Mediator. This module has
the task of scheduling the queries to the various searchers, and of collecting
the results returned back. Note that multi-threading is exploited extensively by
all these modules in order to process concurrently distinct queries. Within this
architecture the RAM memory is a very precious resource for the machines that
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host the WSE Core, which perform well only if the mostly accessed sections of
their huge indexes can be buffered into the main memory. Conversely, the RAM
memory is a less critical resource for the machine that hosts the Mediator. This
machine can thus be considered as an ideal candidate to host a server-side cache.
The performance improvement which may derive from the exploitation of query
results caching at this level is remarkable. Queries resulting in cache-hits can be
in fact promptly served thus enhancing WSE throughput, but also the queries
whose results are not found in cache benefit substantially due to the lower load
on the WSE and the consequent lower contention for the I/O, network and
computational resources.

Beside the fact that several papers analyzed query logs to study the behav-
ior of WSE users, only a few works propose effective techniques to exploit the
locality present in the stream of user requests[5, 9, 4]. Markatos compared sev-
eral caching policies on the basis of the hit-ratio obtained on a actual log of
queries submitted to Excite [5]. The work by Saraiva et al. [9], discusses in-
stead a two-level caching system which try to enhance the responsiveness of a
hierarchically-structured search engine The first-level cache is similar to the one
discussed in [5], while, the second-level cache is intended to store the posting lists
of the keywords contained into the query strings. Finally, Lempel and Moran re-
cently proposed PDC (Probabilistic Driven Caching), a new effective caching
policy which associates a probability distribution to all the possible queries that
can be submitted to a WSE. The distribution is built over the statistics com-
puted on the previously submitted queries, and is used to compute a priority
exploited to maintain an importance ordering among the entries of the cache.

In this paper, we are interested in studying the design and implementation
of such a server-side cache of query results. Starting from the analysis of the
content of two real query logs, we propose a novel replacement policy (called
SDC- Static and Dynamic Cache) to adopt in the design of a fully associative
cache of query results. According to SDC, the results of the most frequently
accessed queries are maintained in a fixed size set of statically locked cache
entries. This Static Set is rebuilt at fixed time intervals using statistical data
coming from WSE usage data. When a query cannot be satisfied by the Static
Set, it competes for the use of a Dynamic Set of cache entries. The management
of the Dynamic Set can exploit, in principle, any replacement policy. In all the
tests performed, the presence of a static portion of the cache resulted in large
advantages both on the hit-ratio achieved and on the overall throughput of the
caching system. We experimentally evaluated SDC by measuring the hit-ratio
and the throughput achieved on actual query logs by varying the size of the
cache, the percentage of cache entries of the Static Set, and the replacement
policy used for managing the Dynamic Set. Differently from the other works,
we also accurately assessed the scalability of our caching system with respect to
the number of concurrent threads using it. The paper is organized as follows.
Section 2 describes the query logs used, while in Section 3 we discuss our novel
caching policy. Section 4 shows the results of the simulations performed on the
different query logs. Finally, Section 5 presents some concluding remarks.
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2 Analysis of the Query Logs

In order to evaluate the behavior of different caching strategies we used query
logs from the Tiscali and Altavista search engines. In particular we used Tiscali,
a trace of the queries submitted to the Tiscali WSE engine (www.janas.it) on
April 2002, and Altavista a query log containing queries submitted to Altavista
on the Summer of 20011. Each record of a query log refers to a single query
submitted to the WSE for requesting a page of results, where each page contains
a fixed amount of URLs ordered according to a given rank. All query logs have
been preliminarily cleaned by removing the useless fields. At the end of this pre-
processing phase, each entry of a query log has the form (keywords, page_no),
where keywords corresponds to the list of words searched for, and page_no de-
termines which page of results is requested. We further normalize the query log
entries by removing those referring to requests of more than 10 results-per-page.
After the cleaning, the Altavista query log contains 6, 175, 648 queries of which
2, 657, 410 are distinct. The Tiscali logs is instead composed of 3, 278, 211 queries
of which 1, 538, 934 are distinct. Thus in both the logs about the 54% of the total
number of queries are repeated more than once. The plots reported in Figure 1
assess the locality present in the query logs using a log-log scale. In particular
Figure l.(a) plots the number of occurrences within each log of the most popular
queries, whose identifiers have been assigned in decreasing order of frequency.
Note that, in all the two logs, more then 10,000 different queries are repeated
more than 10 times. Since the number of occurrences of a given query is a mea-
sure that might depend on the total number of records contained in the logs, to
better highlight temporal locality present in the logs we also analyzed the time
interval between successive submissions of the same query. The rationale is that
if a query is repeatedly submitted within a small time interval, we can expect
to be able to retrieve its results even from a cache of small size. Figure l.(b)
reports the results of this analysis. For each query log we plotted the cumulative
number of resubmissions of the various queries as a function of the time interval
(expressed as a distance measured in number of queries). Once more the results
are encouraging: in the Tiscali log for more than 350,000 times, the time in-
terval between successive submissions of the same query is less than 100; in the
Altavista log this temporal locality is slightly smaller than that in Tiscali but,
again, for more than 150,000 times the time interval is still less than 100.

3 The SDC Policy

SDC is a two-level policy which makes use of two different sets of cache entries.
The first level contains the Static Set consisting in a set of statically locked
entries filled with the most frequent queries appeared in the past. The Static Set
is periodically refreshed. The second level contains the Dynamic Set. Basically,
it is a set of entries managed by a classical replacement policy (i.e. LRU, SLRU,

1 We are very grateful to Ideare S.p.A. and to Ronny Lempel for providing us with
these query logs.
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Fig. 1. Analysis of the locality present in the query logs.

etc.). The behavior of SDC in the presence of a query is very simple. First
it looks for in the Static Set, if is present it returns the associated page of
results back to the user. If is not contained within the Static Set, then it is
looked for in the Dynamic Set. If is not present, then SDC asks the WSE for
the page of results and replaces an entry of the Dynamic Set according to the
replacement policy adopted.

The rationale of adopting a static policy, where the entries to include in the
cache are statically decided, relies on the observation that the most popular
queries submitted to WSEs do not change very frequently. On the other hand,
several queries are popular only within relatively short time intervals, or may
become suddenly popular due to, for example, un-forecasted events (e.g. the

September 2001 attack). The advantages deriving from this novel caching
strategy are two-fold. In fact the results of the most popular of the queries can
always be usually retrieved from the Static Set even if some of these queries
might be not requested for relatively long time intervals. On the other hand, the
Dynamic Set of the cache can adequately cover sudden interests of users.

First Level – Static Set. The implementation of the first level of our caching
system is very simple. It basically consists of a lookup data structure that allows
to efficiently access a set of entries, where N is the total number
of entries of the whole cache, and the factor of locked entries over the
total. is a parameter of our cache implementation whose admissible values
ranges between 0 (a fully dynamic cache) and 1 (a fully static cache). The static
cache has to be initialized off-line, i.e., with the results of most frequent queries
computed on the basis of a previously collected query log.

Each time a query is received, SDC first tries to retrieve the corresponding
results from the Static Set. On a cache hit, the requested page of results is
promptly returned. On a cache miss, we also look for the query results in the
Dynamic Set.
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Second Level – Dynamic Set. The Dynamic Set relies on a replacement pol-
icy for choosing which pages of query results should be evicted from the cache
as a consequence of a cache miss and the cache is full. Literature on caching pro-
poses several replacement policies which, in order to maximize the hit-ratio, try
to take the largest advantage from information about recency and frequency of
references. SDC surely simplifies the choice of the replacement policy to adopt.
The presence of a static read-only cache, which permanently stores the most
frequently referred pages, makes in fact recency the most important parameter
to consider. Currently, our caching system supports the following replacement
policies: LRU, LRU/2 [6] which applies a LRU policy to the penultimate refer-
ence, FBR [8], SLRU [5], 2Q [3], and PDC [4] which consider both the recency
and frequency of the accesses to cache blocks.

4 Experiments

All the experiments were conducted on a Linux PC equipped with a 2GHz
Pentium Xeon processor and 1GB of RAM. Since SDC requires the blocks of
the static section of the cache to be preventively filled, we partitioned each query
log into two parts: a training set which contains 2/3 of the queries of the log, and
a test set containing the remaining queries used in the experiments. The N most
frequent queries of the training set were then used to fill the cache blocks: the
first most frequent queries (and corresponding results) were used to
fill the static portion of the cache, while the following queries to
fill the dynamic one. Note that, according to the scheme above, before starting
the tests not only the static blocks but also the dynamic ones are filled, and
this holds even when a pure dynamic cache is adopted. In this way
we always starts from the same initial state to test and compare the different
configurations of SDC, obtained by varying the factor (i.e. warm cache,
using the terminology in [4]).

Figures 2 reports the cache hit-ratios obtained on the Tiscali (a), and Altavista
(b) query logs by varying the ratio between the sizes of the static and
dynamic sets. Each curve corresponds to a different replacement policy used for
the dynamic portion of the cache. In particular, was varied between 0 (a
fully dynamic cache) and 1 (a fully static cache), while the replacement policies
exploited were LRU, FBR [8], SLRU [5], 2Q [3], and PDC [4]. The total size of
the cache was fixed to 256,000 blocks. Several considerations can be done look-
ing at these plots. First, we can note that the hit-ratios achieved are in some
cases impressive, although the curves corresponding to different query logs have
different peak values and shapes, thus indicating different amounts and kinds of
locality in the query logs analyzed. At a first glance, these differences surprised
us. After a deeper analysis we realized that similar differences can also be found
by comparing other query logs already studied in the literature [10,2,11], thus
indicating that users’ behaviors may vary remarkably from time to time. Another
important consideration is that in all the tests performed SDC remarkably out-
performed the other policies, whose performance are exactly those corresponding
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to a value of The best choice of the value for depends from the
query log considered and, more importantly, the different replacement policies
do not impact heavily on the overall hit-ratio for the optimal values of

Fig. 2. Hit-ratios achieved on Tiscali and Altavista logs for different replacement poli-
cies and varying

To measure the sensitivity of SDC with respect to the size of the cache, Fig-
ures 2 plot the hit-ratios achieved on the Tiscali (c) and Altavista (d) query logs
as a function of the number of blocks of the cache and the parameter. As
expected, when the size of the cache is increased, hit-ratios increase correspond-
ingly. In the case of the Tiscali log, the hit-ratio achieved is about 37% with
a cache of 10,000 blocks, and about 45% when the size of the cache is 50,000.
Note that actual memory requirements are however limited: a cache storing the
results as an Html page and composed of 50,000 blocks requires about 200MB
of RAM.

We designed our caching system to allow efficient concurrent accesses to
its blocks. This is motivated by the fact that a WSE has to process several user
queries concurrently. This is usually achieved by making each query processed by
a distinct thread. The methods exported by our caching system are thus thread-
safe and also ensure the mutual exclusion. In this regard, the advantage of SDC
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over a pure dynamic cache is related to the presence of the StaticTable, which is
a read-only data structure. Multiple threads can thus concurrently lookup the
StaticTable to search for the results of the submitted query. In case of a hit, the
threads can also retrieve the associated page of results without synchronization.
For this reason our caching system may sustain linear speed-up even in configu-
rations containing a very large number of threads. Conversely, the DynamicTable
must be accessed in the critical section controlled by a mutex. Note, in fact, that
the DynamicTable is a read-write data structure: while a cache miss obviously
causes both the associative memory and relative list of pointers to be modified,
also a cache hit entails the list pointers to be modified in order to sort the cache
entries according to the replacement policy adopted.

Fig. 3. Scalability of our caching system for different values of as a function of
the number of concurrent threads used.

Figure 3 shows the performance of our cache system in a multi-threading
environment. In particular, the Figure plots, for different values of the
scalability of the system as a function of the number of concurrent threads
sharing a single cache. Scalability has been measured by considering the ratio
between the wall-clock times spent by one and threads to serve the same large
bunch of queries. The replacement policy adopted in running the test was LRU.
In the case of a cache hit, the thread serving the query returns immediately
the requested page of results, and gets another query. Conversely, when a query
causes a cache miss, the thread sleeps for 40 ms to simulate the latency of the
WSE core in resolving the query. As it can be seen, the system scales very well
even when a large number of concurrent threads is exploited. The scalability
of a purely static cache is optimal since the cache is accessed read-only, but
high scalability values are achieved also when SDC is adopted. Note that even
when a purely dynamic cache is adopted our system scales linearly
with up to 250 concurrent threads due to the very low cache management times
(experimentally measured between 11 and
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5 Conclusions and Future Works

In this paper we presented SDC, a new policy for caching the query results of
a WSE which exploits the knowledge about the queries submitted in the past
to make more effective the management of the cache. In particular, we maintain
the most popular queries and associated results in a read-only static section of
our cache. Only the queries that cannot be satisfied by the static cache section
compete for the use of a dynamic cache. The benefits of adopting SDC were
experimentally shown on the basis of tests conducted with two large query logs.
In all the cases our strategy remarkably outperformed either purely static or
dynamic caching policies. We evaluated the hit-ratio achieved by varying the
percentage of static blocks over the total, the size of the cache, as well as the
replacement policy adopted for the dynamic section of our cache. Moreover, we
evaluated cost and scalability of our cache implementation when executed in a
multi-threaded environment. The SDC implementation resulted very efficient
due to an accurate software design that allowed to make cache hit and miss
times negligible, and to the presence of the read-only static cache that reduces
the synchronization between multiple threads concurrently accessing the cache.
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Abstract. The efficient execution of OLAP queries, which are typically read-
only and heavy-weight, is a hard problem which has been traditionally solved
using tightly-coupled multiprocessors. Considering a database cluster as a cost-
effective alternative, we propose an efficient, yet simple, solution, called fined-
grained virtual partitioning to OLAP parallel query processing. We designed
this solution for a shared-nothing database cluster architecture that can scale up
to very large configurations and support black-box DBMS using non intrusive,
simple techniques. To validate our solution, we implemented a Java prototype
on a 16 node cluster system and ran experiments with typical queries of the
TPC-H benchmark. The results show that our solution yields linear, and some-
times super-linear, speedup. With 16 nodes, it outperforms traditional virtual
partitioning by a factor of 6.

1 Introduction

Decision support applications require efficient support for On-Line Analytical Proc-
essing (OLAP) on larger and larger databases. OLAP queries are typically read-only
and heavy-weight. In the TPC-H benchmark [12], specific to decision support sys-
tems, twenty-two database queries are complex, heavy-weight and read-only and only
two have updates. Furthermore, OLAP queries have an ad-hoc nature. As users get
more experienced about OLAP system features, they demand more efficient ad-hoc
query support [5].

The efficient execution of OLAP queries, where “efficiency” means “as fast as
possible”, is still an open problem. High-performance of database management has
been traditionally achieved with parallel database systems [13], implemented on
tightly-coupled multiprocessors. Parallel data processing is then obtained by partition-
ing and replicating the data across the multiprocessor nodes in order to divide proc-
essing. Although quite effective, this solution requires the database system to have
full control over the data and is expensive in terms of software and hardware. Clusters
of PC servers provide a cost-effective alternative to tightly-coupled multiprocessors.
Recently, the database cluster approach, i.e. clusters with off-the-shelf (black-box)
DBMS nodes, has gained much interest for various database applications [1, 4, 9].

In this paper, we propose a solution to efficient OLAP query processing in a data-
base cluster using simple parallel processing techniques. The basic technique we
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employ is virtual partitioning [1] which gives more flexibility than physical (static)
data partitioning [7] for parallel query processing. In its simplest form, it consists in
fully replicating the database among the cluster nodes. To distribute the workload,
predicates are added to queries to force each DBMS to process a different subset,
called a virtual partition, of data items. Each DBMS processes exactly one sub-query.
The problem is these sub-queries can take almost as long as the original query to be
executed. Depending on the estimated amount of data to be processed, DBMS opti-
mizers can opt for fully scanning the virtually partitioned table, reducing (or even
eliminating) benefits obtained from virtual partitioning. Temporary disk-based struc-
tures demanded by sub-queries that deal with huge amounts of data can also limit
virtual partitioning performance. In this paper, we propose a major improvement
called fine-grained virtual partitioning (FGVP) which addresses these problems. As
proposed in [1], virtual partitioning assigns each cluster node one sub-query, what can
lead to problems aforementioned. Our approach is to work with a larger number of
virtual partitions, much greater than the number of nodes. It is an attempt to keep sub-
queries as simple as possible, avoid full table scans and expensive temporary disk-
based structures. Our experimental results, based on our implementation on a 16-node
cluster running PostgreSQL, show that linear, and sometimes super-linear, speedup is
obtained for typical OLAP queries. In the worst cases, almost linear speedup is
achieved. FGVP outperformed the traditional virtual partitioning for all queries when
using more than two nodes. We think FGVP also provides a good basis for dynamic
load balancing as it makes it possible to perform sub-query reallocation. This article is
organized as follows. Section 2 presents our database cluster architecture. Section 3
describes our fine-grained virtual partitioning technique. Section 4 describes our pro-
totype implementation as well as experimental results. Section 5 concludes.

2 Database Cluster Architecture

A database cluster [1] is a set of PC servers interconnected by a dedicated high-speed
network, each one having its own processor(s) and hard disk(s), and running an off-
the-shelf DBMS. Similar to multiprocessors, various cluster system architectures are
possible: shared-disk, shared-cache and shared-nothing [13]. Shared-disk and shared-
cache require a special interconnect that provides a shared space to all nodes with
provision for cache coherence using either hardware or software. Shared-nothing (or
distributed memory) is the only architecture that does not incur the additional cost of
a special interconnect. Furthermore, shared-nothing can scale up to very large con-
figurations. Thus, we strive to exploit a shared-nothing architecture as in PowerDB
[11] and Leg@Net [4]. Each cluster node can simply run an inexpensive (non paral-
lel) DBMS. In our case, we use the PostgreSQL [8] DBMS, which is freeware. Fur-
thermore, the DBMS is used as a “black-box” component [4]. In other words, its
source code is not available and cannot be changed or extended to be “cluster-aware”.
Therefore, extra functionality like parallel query processing capabilities must be im-
plemented via middleware.

We use data replication to improve performance. As in [1,4], we assume full data-
base replication for simplicity: each database is replicated at each node. To maintain
copy consistency, we can assume a preventive replication protocol [2] which scales
up well in cluster systems. But since database updates are rare in OLAP applications,
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copy consistency is not an issue. The only potential problem with full database repli-
cation is database size, which can be huge. A good solution is to have a mix of data
replication and data partitioning as in [9]. Our technique can be employed in such
configurations.

Fig. 1. Database Cluster Architecture

In our system architecture, query processing is done by independent DBMSs or-
chestrated by distributed middleware. Our middleware main components are Client
Proxy, Cluster Query Processor, Catalog Manager and Node Query Processor (see
Figure 1). The Client Proxy is the system entry point. It is used by client applications
for query submission. Upon reception, the Client Proxy passes the query on to the
Cluster Query Processor (CQP) which is responsible for elaboration and execution of
Query Execution Plans (QEP). Elaborating a QEP means determining the virtual
partitioning attributes, the number of virtual partitions and the participating nodes. For
QEP elaboration, metadata information like schema definition and database statistics
is obtained from the Catalog Manager. When the QEP is ready, the CQP starts the
threads responsible for distributed query execution management and final result com-
position. This process involves interaction with the Node Query Processors. By defi-
nition, each node in a database cluster runs a DBMS instance [1]. In our architecture,
each node has also a Node Query Processor (NQP) which is responsible for node-
level query execution and result composition. After receiving its workload from the
CQP, the NQP interacts with the local DBMS, submitting SQL queries and collecting
their corresponding results. These results are locally computed and sent to the CQP
which does global result composition. When all NQPs are finished, the CQP sends the
final results to the Client Proxy for delivery to the client application.

3 Dynamic Virtual Partitioning

In this section, we introduce the principle of virtual partitioning and describe our
proposal of fine-grained virtual partitioning.

Assuming a fully replicated database, virtual partitioning adds predicates to queries
to force each DBMS to process a different subset, called a virtual partition, of data
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items. For example, let us consider query Q1 which accesses the Lineitem relation,
the largest one from TPC-H:

Q1: SELECT l_returnflag, l_linestatus, SUM(l_quantity), COUNT(*)
FROM lineitem
WHERE l_shipdate <= date ‘1998-12-01’ - interval ‘90 day’
GROUP BY l_returnflag, l_linestatus;

Q1 is a typical OLAP query. It has an aggregate and accesses a huge table (in TPC-
H’s smallest configuration, Lineitem has 6,001,215 tuples). The select predicate is not
very selective since there are 5,916,519 tuples that satisfy it. For simplicity, it con-
tains no joins. Using virtual partitioning, this query would be rewritten by adding the
predicate “and l_orderkey >= :v1 and l_orderkey < :v2” to the “where” clause of Q1.
The rewritten query can then be submitted to the nodes that participate in Q1 process-
ing. Lineitem’s primary key is formed by the attributes l_orderkey and l_linenumber.
Since there is a clustered index on the primary key and l_orderkey has a large range
of values, l_orderkey has been chosen as the virtual partitioning attribute. Each node
receives the same query, but with different values for v1 and v2, so that the whole
range of l_orderkey is scanned. This technique allows great flexibility for node alloca-
tion during query processing: any set of nodes in the cluster can be chosen for execut-
ing any query.

One basic goal of virtual partitioning is to reduce the amount of data read from
disk by each DBMS. Clustered indexes play an important rule as, by using them, each
DBMS can work on a different subset of disk pages. However, the existence of such
indexes based on attributes used for virtual partitioning does not guarantee their use
during query processing. DBMS query optimizers decide using them or not according
to estimations on the amount of data to be retrieved, which depends on the attribute
value range specified in each sub-query. Incidentally, the optimizer can even opt for
performing a full scan on the virtually partitioned table. We experienced this when
performing experiments with virtual partitioning and PostgreSQL.

To overcome this problem, we propose an optimization technique called “fine-
grained virtual partitioning” (FGVP). Instead of assigning one sub-query per node (as
in [1]), our approach is to produce an initial number of virtual partitions greater than
the number of participating cluster nodes. For example, if four cluster nodes are cho-
sen to participate in a query processing we could produce sixty-four virtual partitions,
generating sixty-four sub-queries. Then, sixteen sub-queries would be submitted to
each node. The number of initial partitions should be much greater than the number of
participating nodes, each partition corresponding to a small range of data items. We
believe small sub-queries can bring many improvements to traditional virtual parti-
tioning. They make it possible to avoid full scans on the virtually partitioned table.
Besides, some queries demand temporary structures to store data while being proc-
essed. According to the amount of data, disk resources have to be employed. Small
queries can exclusively use main memory structures.

In [10], small physical database fragments are also used for OLAP query process-
ing with good results. A data fragmentation technique to be applied on fact tables is
proposed, called multi-dimensional hierarchical fragmentation (MDHF). Its success
solely depends on a good fragmentation. FGVP has the advantage of not requiring
physical data fragmentation, facilitating the migration of applications from sequential
environments, as in [4].
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FGVP can provide a good basis for the introduction of dynamic load balancing in
virtual partitioning. As proposed in [1], traditional virtual partitioning assigns each
node exactly one sub-query. Normally, when a DBMS starts executing a query, it is
not possible to externally stop it, modify the query and resume execution. So, there is
no room for workload redistribution. Working with more sub-queries than cluster
nodes, as FGVP proposes, could make sub-query reallocation possible, easing load
balancing. The more partitions we have, the more opportunities to perform dynamic
optimization.

Obviously, if there are too many virtual partitions, performance can degrade as
more inter-process communication would become necessary. The problem is thus to
determine the number of virtual partitions. By now, we use a static approach based on
database statistics and DBMS-specific information, like the threshold after which the
DBMS starts performing full table scans instead of using clustered indexes. As our
goal is just to investigate the general behavior of FGVP, we employ this simple ap-
proach by now in spite of not thinking it is appropriate for cluster databases with
black-box DBMSs. Alternatively, as database clusters and multi-database systems [7]
are similar in many aspects, one can reuse techniques of predicting query execution
costs in such environments [3, 6, 14].

4 Experimental Validation

To validate our solution, we implemented a prototype on a cluster system and ran
experiments with the TPC-H benchmark. The cluster system has 16 nodes, each with
2 Pentium III 1 GHz processors, 512 Mb main memory, and a disk capacity of 40 Gb.
Cluster nodes are interconnected through a 1 Gb/s Myrinet network. We use the Post-
greSQL 7.3.4 DBMS running on Linux Mandrake 8.0. We generated the TPC-H da-
tabase as specified in [12] with a database size of 1.96 Gb. The fact tables (orders and
lineitem) have clustered indexes on their primary keys. We also built indexes for all
foreign keys. As our goal is to deal with ad-hoc queries, no other optimization was
performed. The database is replicated at each cluster node.

Our prototype is implemented in Java and some components like the Cluster Query
Processor (CQP) and parts of the Node Query Processor (NQP) are implemented as
Java RMI objects. Our implementation exploits multi-threading. Each query is proc-
essed by a different thread of the CQP and NQP. Result composition is done in paral-
lel at each NQP. Only the final global result composition is done by CQP in one of
the participating nodes. To maximize system throughput and avoid bottlenecks, sub-
query submission and result composition are processed by separate threads.

In our experiments, each query was run several times. To ease result presentation
(Figures 2(b), 3(a) and 3(b)), we normalized their mean response time, by dividing
each mean response time by the greatest response time of its associated query. Re-
sponse time was measured by the client application from the moment it submitted the
query till the moment it received the final result. We use TPC-H queries Q1, Q12 and
Q14, each corresponding to a different OLAP query type according to the classifica-
tion in [2]. Q1 accesses only the largest fact table and performs many aggregate op-
erations. Q12 accesses both fact tables with a join between them. Q14 performs a join
between the largest fact table and one dimension table. We concentrate on those three
queries because they are most representative of OLAP applications.



360 A.A.B. Lima, M. Mattoso, and P. Valduriez

The partitioning is as follows. For Q1, it is based on l_orderkey since it is the first
primary key attribute of lineitem table and has few tuples for each value. For Q12, we
use primary virtual fragmentation for the orders table based on primary key
o_orderkey and derived virtual fragmentation for the lineitem table based on foreign
key 1_orderkey. For Q14 which accesses only one fact table (lineitem), we employ the
same strategy as for Q1.

Figure 2 (a) shows the response time improvement of fine-grained virtual partition-
ing (FGVP) over traditional virtual partitioning (VP) varying the number of nodes.
With one node, VP performs like sequential execution because there is only one parti-
tion to deal with. In this case, Q12 and Q14 yield better performance with VP than
with FGVP. By analyzing the query plans generated by PostgreSQL, we observed that
lineitem table is fully scanned in VP while an index is used in FGVP. Each sub-query
generated by FGVP accesses only a small number of tuples. So, PostgreSQL decides
to execute each one using an index as it is not aware that each sub-query is part of a
larger query. For both strategies, all lineitem tuples need to be processed since there is
no index on the predicate attributes of the initial query. With a single node, a full scan
is more efficient in this case. Q1 performs better with FGVP than with VP even when
only one node is used. This is because it consumes more CPU resources than Q12 and
Q14 as it has many aggregate operations. In our prototype, we implemented modules
for collecting intermediate results (from the intermediate queries) and performing the
required aggregations. With two CPUs per node, query processing (performed by
DBMS) and partial result aggregation (performed by our middleware) can be parallel-
ized. By producing a large number of sub-queries, FGVP takes full advantage of this
characteristic. On the other hand, as VP produces only one sub-query per node, it does
not benefit too much from it. Then, FGVP performs better. With two nodes, only Q12
still yields better performance with VP. However, Q12 and Q14 start outperforming
with FGVP. From 4 to 16 nodes, FGVP outperforms VP significantly, yielding an
improvement factor of 6 for Q12 and Q14 with 16 nodes. This is due to different
query plans generated for sub-queries produced by each technique. For instance, let us
analyze the 16-node case. For Q1, VP produces a full scan of the fact table which is
processed by all nodes, thus making difficult to benefit from the parallel execution.
With FGVP, the table is accessed through an index and small intermediate results are
generated. For Q12, VP produces a merge join algorithm [7] while FGVP produces a
fast main-memory nested loop join (thus avoiding I/O operations) because the parti-
tions are small. For Q14, VP produces full scans of the lineitem table for each (large
size) virtual partition while FGVP uses an index to access the lineitem table, thus
reducing response time.

Figure 2 (b) shows how FGVP scales up with the number of nodes. Q1 and Q12
have almost linear speedup. Q14 has slightly smaller speedup. In Q1 and Q12, all
tables are accessed through clustered indexes while in Q14, the part table (200,000
tuples) is accessed through a non-clustered index which is less efficient.

Figure 3 shows the performance of FGVP with different numbers of partitions with
8 and 16 nodes. We observe that the best number (among those that are being
showed) varies from query to query. Incidentally in these experiments, this number is
the same for both configurations when we consider the same queries. Other experi-
ments not described here show variations for the same query according to the number
of nodes employed. This shows the importance of a good partition size estimation and
dynamic adjustment.
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Fig. 2. Performance of VP versus FGVP

Fig. 3. FGVP with varying numbers of partitions

5 Conclusion and Future Work

In this paper, we proposed an efficient solution, called fined-grained virtual partition-
ing (FGVP), to OLAP parallel query processing in a database cluster. The idea behind
FGVP is conceptually simple. Assuming replication of the database among the cluster
nodes, queries are rewritten to deal with virtual partitions of the database. Unlike
traditional virtual partitioning (VP), FGVP produces a number of sub-queries much
larger than the number of nodes employed for query processing. Consequently, more
light-weight sub-queries are generated, avoiding full table scans and expensive tem-
porary disk-based structures. FGVP is a significant improvement over static virtual
partitioning (VP). FGVP can also work with partially replicated databases.

Our database cluster has a shared-nothing architecture to provide for scale up to
very large configurations. It supports black-box DBMS using non intrusive, simple
techniques implemented by Java middleware. Thus, it can support any kind of rela-
tional DBMS. To validate our solution, we implemented a Java prototype on a 16-
node cluster system and ran experiments with typical queries of the TPC-H bench-
mark. The results show that FGVP yields linear, and sometimes super-linear, speedup.
With 16 nodes, FGVP outperforms VP by a factor of 6 which is excellent.

As a next step, we intend to introduce dynamic load balancing in FGVP. We also
intend to investigate a DBMS-independent approach to calculate the number of sub-
queries produced by FGVP.
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Abstract. Hierarchical agglomerative clustering (HAC) is a common
clustering method that outputs a dendrogram showing all N levels of
agglomerations where N is the number of objects in the data set. High
time and memory complexities are some of the major bottlenecks in its
application to real-world problems. In the literature parallel algorithms
are proposed to overcome these limitations. But, as this paper shows,
existing parallel HAC algorithms are inefficient due to ineffective parti-
tioning of the data. We first show how HAC follows a rule where most
agglomerations have very small dissimilarity and only a small portion to-
wards the end have large dissimilarity. Partially overlapping partitioning
(POP) exploits this principle and obtains efficient yet accurate HAC al-
gorithms. The total number of dissimilarities is reduced by a factor close
to the number of cells in the partition. We present pPOP, the parallel
version of POP, that is implemented on a shared memory multiprocessor
architecture. Extensive theoretical analysis and experimental results are
presented and show that pPOP gives close to linear speedup and out-
performs the existing parallel algorithms significantly both in CPU time
and memory requirements.

Keywords: hierarchical agglomerative clustering, partitioning, parallel
algorithm, shared memory architecture.

1 Introduction

Hierarchical agglomerative clustering (HAC) is often used in various applications
due to its capability to output a dendrogram showing all agglomerations. Unlike
K-means and other types of clustering where objects are clustered into a given
number of clusters, a dendrogram can be used to get any number of clusters.
HAC algorithms are non-parametric, natural and simple in grouping objects,
and capable of finding clusters of different shapes by using different similarity
measures. However, they are limited in their application to real-world problems
mainly due to high CPU time and memory complexities. Existing algorithms
take CPU time and require memory. Parallel algorithms

* Research of the third author on this project was supported by NSF grant IIS-
0325144.
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are proposed to alleviate this limitation. Existing parallel algorithms either par-
allelize other clustering methods such as K-means (Dhillon and Modha [1]) and
subspace clustering (Nagesh et al. [2]), or are not very efficient due to lack of
performance enhancing partitioning [3].

In [4] we have shown that complexities of the existing sequential HAC algo-
rithms can be reduced significantly by an efficient partitioning scheme without
losing accuracy. The proposed methods are based on an observation that in
HAC most iterations agglomerate very small clusters separated by very small
dissimilarity. Only a small number of iterations towards the end agglomerate
the large clusters. Using this observation a structure called partially overlapping
partitioning (POP) divides the data into a number of overlapping cells. Analy-
sis and experiments showed that POP-based sequential HAC algorithms reduce
existing time and memory complexities by a factor close to the number of cells

In this paper we present parallel versions of POP, called pPOP. Due to the
independent nature of each partitioned cell, parallelization is able to achieve
similar reduction in time and memory complexities as POP, i.e., by a factor close
to the number of cells We implement pPOP over a shared memory architecture.
Experimental evaluations show that for large data sets pPOP obtains near linear
speedup. In addition, for stored matrix implementations, pPOP results in a two
order of magnitude improvement in computation time over the existing parallel
HAC algorithms.

2 Background

Let us assume that there are N objects each with M attributes. We use real
type data and Euclidean distance to measure dissimilarity. Other distance
measures, e.g. Manhattan, can be used (see [4]).

The 90-10 Rule: In an experiment we ran the centroid type HAC method
over a 2-D data set with 100 clusters and some noise. In the centroid type, each
cluster is represented by a centroid and the pair with the closest centroids is
merged in each iteration. In Figure 1, we plot the closest pair distance for each
iteration. Notice that most agglomerations except for a small portion towards
the end have very small closest pair distance compared to the maximum closest
pair distance. This maximum distance is taken over all agglomerations. If we
plot the size of clusters merged in an iteration it also shows a similar plot. We
experimented with many data sets having varying characteristics. For varying
M, N (typically large – at least a few thousand objects), and K (number of
clusters), the general trend is as follows: if a majority of the objects are inside
clusters then the shape of the distance plot is as shown in Figure 2. We name
this as ‘90-10 rule’ to convey the idea that in a dendrogram, most levels from the
bottom merge pairs of very small clusters separated by a very small portion of the
maximum closest pair distance. The 90-10 rule extends to other HAC algorithms
beyond the centroid method for both the geometric and the graph metrics. For
space constraints, we restrict all discussions in this paper to centroid method.
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Fig. 1. An important property of HAC: the distance plot shows that the closest pair
distance is very small even until last stage of agglomeration.

See [4] for detailed discussion on the 90-10 rule and other metrics. Next we show
how to exploit this inherent characteristic of HAC.

2.1 Partially Overlapping Partitioning (POP)

An axis-parallel POP divides the data-space uniformly into number of over-
lapping cells. The overlapping region is called where is the overlap-
ping distance between two cells. Figure 2 depicts the axis-parallel POP. For the
centroid metric (and other geometric metrics), if the representative point of a
cluster falls in a then each affected cell that contains this holds
it, otherwise only one cell holds it.

Fig. 2. The 90-10 rule is exploited by POP for efficient HAC.
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Before discussing POP any further, we very briefly describe some existing
HAC algorithms. HAC algorithms are mainly of two types: stored matrix (e.g.,
dissimilarity matrix and priority queues) and stored data (e.g., nearest neigh-
bor). The dissimilarity matrix method stores dissimilarities between each pair of
clusters. When a pair is merged dissimilarities are computed for the new cluster
and the matrix is updated. The memory complexity of this method is
and the time complexity is In the priority queue method a heap-based
priority queue is maintained for each cluster. Because a priority queue requires

time for each insert and delete operation for elements, the time com-
plexity reduces to although the memory complexity stays at
The nearest neighbor array method maintains nearest neighbors for each clus-
ter in an array. If after each iteration the average number of clusters whose
nearest neighbors need to be changed is then the time complexity reduces
to and the memory complexity reduces to O(N). An upper bound for

is When memory is enough to store dissimilarities, stored
matrix algorithms are preferred as they do fewer computations. Otherwise, the
stored data type is preferred.

2-Phase Algorithm: In [4] we proposed a new 2-phase algorithm for HAC
based on the axis-parallel POP. In phase 1 clusters are partitioned into c over-
lapping cells. The basic idea is that in each iteration the closest pair is found for
each cell and from those the overall closest pair is found. If the overall closest
pair distance is less than then the pair is merged and the priority queues (or
the dissimilarity matrix or the nearest neighbor array) of only the container cell
are updated. If the closest pair or the merged cluster is in a then the
priority queues of the affected cells are also updated. Phase 1 terminates when
the closest pair distance exceeds Phase 2 merges the remaining clusters of
phase 1 using the existing algorithm, thus completing the dendrogram. Accu-
racy: POP in phase 1 ensures that any pair with distance less than must reside
together in at least one cell. Hence, as phase 2 is the existing algorithm itself, the
2-phase algorithm guarantees the correct dendrogram. Complexity Analysis:
By setting to the closest pair distance at the turning point of the distance plot
(see Figure 1), a large number of small clusters are merged in phase 1 while only
a small number of larger clusters are merged in phase 2. Recall that phase 1 uses
POP which is very efficient whereas phase 2 uses the existing algorithm which
is not so efficient. In Figure 1, if is set to the turning point of the distance
plot, 96% agglomerations from the beginning are merged in phase 1 and the
remaining 4% in phase 2. Therefore, the overall computational time is reduced
drastically. So, we see that when is set to the turning point, the number of
clusters remaining for phase 2 is very small and the total number of clusters
in the is also very small. For simplification of the complexity anal-
ysis, we consider and to be negligible. This is reasonable because the 90-10
rule holds for all data sets that have clusters in it. We assume equal cell size and
equal size for each cell. In [4] we give the detailed complexity analysis
comparison between the existing and the 2-phase algorithms. Following is a brief
overview of that. Stored matrix type that requires memory now requires
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in the 2-phase algorithm. Hence memory is reduced by a factor close to
Because of this reduction, the 2-phase dissimilarity matrix algorithm, whose

time complexity is dominated by the time required to create the matrix, enjoys
a reduction by a factor close to The time complexity of the priority queue
algorithm is dominated by the update effort required to maintain the priority
queues. After each agglomeration of the closest pair, the priority queues of all
other clusters are updated. But in the 2-phase algorithm this effort is restricted
only to the cell that holds the closest pair, and if it happens to be in a
then it is restricted only to the affected cells. So after simplification the reduc-
tion factor is i.e., the time complexity reduces from to

In stored data type there is no reduction in the memory complex-
ity of O(N). The time complexity is dominated by the time required to update
the nearest neighbors of the affected clusters. For the existing algorithm the time
required to find the nearest neighbor of one affected cluster is O(N) but for the
2-phase algorithm it is So, the overall reduction factor is close to

Setting and  – Nested Algorithm: The performance of the 2-phase algo-
rithm depends on and As shown in the distance plot of Figure 1, there exists
an ideal at the turning point at which the total time taken by the 2-phase
algorithm is minimum. But it is not straightforward to compute. So, we adopted
a nested approach where in the beginning POP partitioning starts with a very
small and gradually increases it until a few or just one cluster remain. As
increases, which is set initially to a high value, is gradually reduced. Accuracy
of this nested algorithm is assured from the accuracy of the 2-phase algorithm.
Experiments show that the nested algorithm is more efficient than the 2-phase
algorithm even when is set ideally for the 2-phase algorithm. For example, for
the data set described in Section 2, the minimum time for the 2-phase algorithm
is 125.4 cpu sec while the nested algorithm takes only 57.8 cpu sec.

Higher Dimensional Data: The above discussion focuses on 2-D data. For
higher dimensions we proposed a very efficient data structure as a replacement
for the axis-parallel partitioning. Due to space constraint we limit the scope of
this paper to 2-D and refer the interested reader to [4].

3 pPOP Algorithms

Parallel HAC algorithms have been studied by Li [5], Li and Fang [6], Olson [3],
and Wu et al. [7]. The common feature of these algorithms is: for ‘stored matrix’
type the task of computing and maintaining dissimilarities is divided
among the processors, whereas for ‘stored data’ type the task of computing
and maintaining the O(N) nearest neighbors is divided among the processors.
For example, Olson used processors to reduce the time complexity of the dis-
similarity matrix method to and that of the priority queue method to

[3]. The time complexity for the nearest neighbor array method
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reduces to These algorithms are not very efficient because they still
require total memory for ‘stored matrix’ type, and in each iteration they
require to update all the priority queues or dissimilarity matrix. For ‘stored
data’ type the existing methods need to check all the clusters after each ag-
glomeration to determine whether the newly merged cluster is nearer than the
previous nearest. So, the reduction in these parallel algorithms is mostly because
of parallelization, but not due to efficient partitioning.

The advantage of pPOP is that each cell is sufficient by itself, and hence
parallelization benefits by dividing the task of creating and maintaining the
dissimilarities or priority queues or nearest neighbors of each cell among the
processors. This reduces the total computation of searching for the closest pair
and maintaining the data structure drastically. Below we give the complexities
of sequential, existing parallel and pPOP algorithms. For complexity analysis
we select the 2-phase algorithm of the stored matrix type since, as we shall
show later, this algorithm achieves larger speedups compared to the existing
algorithms. As before, we assume equal cell sizes, negligible size, and negli-
gible phase 2 time. Among existing algorithms, those described by Olson [3] are
selected. The number of processors is denoted by

In Table 1 (priority queues) step 1 of pPOP computes priority queues in
time. Recall that pPOP reduces the memory by a factor of i.e.,

pPOP divides the total computation for the cells among processors, and
hence, assuming no synchronization delays the complexity becomes Step
4 updates the priority queues of the affected clusters. In pPOP a priority queue
holds elements in the beginning. Hence, due to parallelization the total time

complexity of this step is So, the overall reduction factor is
Table 1 shows the overall complexities for the dissimilarity matrix type as well.
It has a reduction factor close to The memory requirement for priority queues
and dissimilarity matrix types is reduced by a factor close to For the nearest
neighbor type, the gain of pPOP over the existing parallel algorithms cannot be
obtained directly from the complexity analysis. For the step where each cluster
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is checked to find whether it is affected by the agglomeration, pPOP needs to
do it for one (or a few, if in cell whereas the existing algorithm needs
to do it for all clusters. Similarly, the existing algorithm needs to check all the
clusters to find the new nearest neighbor of each affected cluster. But pPOP
requires only the container cell to be checked. Experimental results in the next
section show that pPOP outperforms the existing algorithms substantially for
all the above three types of HAC.

4 Experimental Results

We performed a number of experiments to study the performance and scala-
bility of our proposed pPOP algorithms. Both stored matrix (priority queues)
and stored data (nearest neighbors) types of pPOP were implemented using
the 2-phase algorithm. For comparison purposes we implemented the corre-
sponding existing parallel algorithms, hereby denoted as existing algorithms.
These are described in [3]. The performance was measured in terms of CPU
time, memory space and speedup. We experimented using several real, bench-
mark, and artificial data sets. Due to space constraint we show the results
over an artificial data set that is used in [8]. Other results are available from
www.ece.northwestern.edu/~manoranj/research.html. The experiments were
run on the SGI Origin2000 multiprocessor system which is a shared memory
machine consisting of 8 R10000 CPUs running at clock rate of 195MHs. The
secondary cache size is 4MB. We used OpenMP which is an API for directed
based parallel programming applications in a shared memory environment [9].
We decided to use it because it is designed for fine-grained parallelism, which
was predominant in our algorithm.

The pPOP implementation in OpenMP uses guided self scheduling clause in
the assignment of iterations to threads, i.e., processors. During each iteration of
HAC each processor is assigned in turn a chunk of cells to work on, with the
chunk size being reduced as we proceed with the iteration. After an iteration
is finished, a critical region is established in order to find the overall closest
pair of clusters and merge them. The priority queues of the cells affected by the
agglomeration can be updated in parallel.

In Figure 3 we show the results over the synthetic data set whose size varies
from 3K to 60K. The existing stored matrix algorithms require memory,
hence we could experiment only with a data size up to 5K; on the other hand for
pPOP we report results for data sets up to 30K. The number of processors varies
from 1 to 8. In Figure 3 (a-b) we report the speedups of pPOP. Although the
speedup of pPOP is small for smaller data sets, we observe that for larger data
sets (30K or higher) the speedup of pPOP improves substantially and approaches
linear speedup for data sets of 60K. Figure 3 (c-d) gives the relative speedup
of pPOP over the existing algorithm. pPOP is always superior over the existing
algorithm because of its efficient partitioning, and independent nature of each
cell. The relative speedup increases with data size. Among stored matrix and
stored data types, pPOP’s performance is much better for stored matrix. It
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Fig. 3. Synthetic data results: For stored matrix and stored data types, and for
varying #processors (1 to 8), (a-b) show performance of pPOP, and (c-d) show

achieves a two order of magnitude improvement in computation time over the
existing algorithm.

As shown in Figures 3 (c-d) the relative speedup, decreases
as the number of processors increases. This is due to the fact that for a small
number of cells, when the number of processors is increased, some processors end
up working on cells containing a very small number of clusters, and will therefore
spend a lot of time being idle when they are done with the computation in a given
iteration. However, as the data set size increases and/or the number of clusters
increases, load balancing among the processors becomes better. This phenomena
can be observed in our figures. Although for both 3K and 5K sizes for stored
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matrix type the relative speedup drops by approximately the same amount (285)
when the number of processors increased from 1 to 8, the noticeable fact is that
relative speedup for 1 processor for 3K size is 375, but that for 5K size is 460.
That is to say as the number of processors increased, with increasing size of
data the rate of drop in speedup decreased. Although due to the high memory
requirement of the existing parallel algorithms we could not test for higher data
sizes, we postulate that for larger data sets this trend of reduction in relative
speedup for more processors will continue to slow down further.

We compared the memory for stored matrix type. For 3K and 5k pPOP
reduced the memory requirement by a factor of 97 and 189 respectively. For
stored data type both algorithms require similar amount of memory.

5 Conclusion and Future Directions

In this paper we proposed pPOP for efficient parallel HAC. Analysis and ex-
periments showed that, for both stored matrix and stored data types, pPOP
outperforms the existing algorithms significantly both in CPU time and mem-
ory requirements. This is achieved by exploiting a 90-10 rule of HAC which states
that in a dendrogram, most levels from the bottom merge pairs of very small
clusters separated by a very small portion of the maximum closest pair distance.
The data space was partitioned by partially overlapping cells each of which could
be processed independent of other such cells without affecting accuracy. Future
work includes parallelizing the high-dimensional data structure.
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Abstract. In this paper, we report on parallelization of the EM cluster-
ing algorithm using the FREERIDE middleware developed in our prior
work. FREERIDE is based upon the observation that the processing
structure of a large number of data mining algorithms involves gener-
alized reductions. FREERIDE offers a high-level interface and support
both distributed memory and shared memory parallelization, besides ef-
ficient execution on disk-resident datasets. We show how the main pro-
cessing loops in both the E and M steps of the EM algorithm essentially
involve a generalized reduction, and therefore, the algorithm can be par-
allelized using FREERIDE.

1 Introduction

As the amount of data available for analysis has been increasing rapidly, scalabil-
ity of data mining implementations has become an important issue. For dealing
with large datasets, it’s important to both parallelize the algorithms, and imple-
ment them to execute efficiently on disk-resident datasets. However, developing
applications that can execute in parallel as well as efficiently process disk-resident
data sets is a difficult task.

In our prior work, we have developed a middleware called FREERIDE
(FRamework for Rapid Implementation of Datamining Engines) [4–6]. It has
been used successfully for a number of common mining algorithms, including
apriori and FP-tree based association-mining, k-means clustering, decision tree
construction, k-nearest neighbor search, as well as a scientific feature extraction
algorithm. FREERIDE is based upon an observation that the structure of paral-
lel algorithms for the above problems essentially involves a generalized reduction.
Besides allowing parallelization on both distributed memory and shared memory
settings, FREERIDE allows efficient execution on disk-resident interface.

This paper focuses on the use of FREERIDE for creating a parallel and
scalable implementation of the Expectation Maximization (EM) clustering al-
gorithm. EM is a popular technique for clustering and has been widely used
in machine learning and computer vision communities [2, 9, 8]. We show how
each iteration of EM essentially involves two generalized reduction loops. We
describe how FREERIDE can be used for parallelizing EM on cluster of SMPs
and executing it efficiently on disk-resident datasets. Our implementation is ex-
perimentally evaluated on a cluster of SMPs, using several different datasets.
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Fig. 1. Sequential Pseudo-code for the Expectation Maximization Algorithm

As compared to other efforts that reported parallelization of EM algorithm [3,
7, 1], this paper makes the following two important contributions. First, we com-
bine both distributed memory and shared memory parallelization, and support
execution on disk-resident datasets. Second, we show that EM can be paral-
lelized using a middleware that has been used for a number of other data mining
algorithms.

2 The EM Clustering Algorithm

This section gives a brief overview of the Expectation Maximization (EM) clus-
tering algorithm. The EM algorithm was first introduced in the seminal pa-
per [2]. EM is a distance-based based algorithm that assumes the data set can
be modeled as a linear combination of multivariate normal distributions. There
are several advantages to using EM for clustering data: it has a strong statistical
basis, it is robust to noisy data, it can accept the desired number of clusters as
input, it provides a cluster membership probability per point, it can handle high
dimensionality and it converges fast given a good initialization [8].

The pseudo-code for EM algorithm is presented in Figure 1. Complete details
of the statistical basis and the algorithm itself can be found in [2,9,8]. The goal
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of the EM algorithm is to estimate the means C, the covariances R and the
mixture weights W of a Guassian probability function [8]. The algorithm works
by successfully improving the solution found so far. The algorithm stops when the
quality of the current solution becomes stable; this measured by a monotonically
increasing statistical quantity called loglikelihood.

3 FREERIDE Middleware and Parallelization Techniques

This section gives a brief background on the functionality and interface of the
FREERIDE system [4–6].

The FREERIDE (Framework for Rapid Implementation of Datamining En-
gines) is based on the observation that a number of popular data mining algo-
rithms share a relatively similar structure. Their common processing structure
is essentially that of generalized reductions. During each phase of the algorithm,
the computation involves reading the data instances in an arbitrary order, pro-
cessing each data instance, and updating elements of a reduction object using
associative and commutative operators.

In a distributed memory setting, such algorithms can be parallelized by di-
viding the data items among the processors and replicating the reduction object.
Each node can process the data items it owns to perform a local reduction. Af-
ter local reduction on all processors, a global reduction can be performed. In a
shared memory setting, parallelization can be done by assigning different data
items to different threads. The main challenge in maintaining the correctness
is avoiding race conditions when different threads may be trying to update the
same element of the reduction object. We have developed a number of techniques
for avoiding such race conditions, particularly focusing on the memory hierarchy
impact of the use of locking. However, if the size of the reduction object is rela-
tively small, race conditions can be avoided by simply replicating the reduction
object.

Our middleware incorporates techniques for both distributed memory and
shared memory parallelization and offers a high-level programming interface. For
distributed memory parallelization, the interface requires the programmers to
specify pairs of local and global reduction functions, and an iterator that invokes
these and checks for termination conditions. For shared memory parallelization,
the programmers are required to identify the reduction object, and also the
updates to those, and also specify a way in which different copies of the reduction
object could be merged together.

A particular feature of the system is the support for efficiently processing
disk-resident datasets. This is done by aggressively using asynchronous opera-
tions for reading chunks or disk-blocks from the dataset.

In the past, FREERIDE has been used for a number of well-known data min-
ing algorithms, including apriori and FP-tree based association mining, k-means
clustering, decision tree construction, nearest neighbor search, and a scientific
feature mining application. The details of the functionality and results from
evaluation of the system are available in our earlier publications [4–6].
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4 Parallelizing EM with FREERIDE

In this section, we describe the parallelization of EM using FREERIDE. For
using FREERIDE, an application must comprise of one or more steps involving
generalized reductions. Therefore, we initially discuss how the EM algorithm
meets this requirement.

As stated previously, FREERIDE supports both distributed memory and
shared memory parallelization, while also enabling scaling to disk-resident data-
sets. Our discussion will initially focus on distributed memory parallelization,
and will then subsequently describe shared memory parallelization and scaling
to disk resident datasets.

4.1 EM Algorithm and Generalized Reductions

Consider the sequential EM algorithm shown in Figure 1. Here is the number
of points or data instances, is the number of dimensions, and is the number
of clusters that are desired. Let us consider the arrays that are involved. Y is
a array that is input to the algorithm. There are four output arrays, C,
R, W and X, whose sizes are and respectively. The
algorithm also involves three temporary arrays, and They have the
same sizes as C, R, and W, respectively.

Let us consider the parallelization of this algorithm. The input array Y and
the output array X can be partitioned between the nodes. Based upon these
partitions, the loops iterating over the data instances can be parallelized. Both
the E and M steps involve such loops. Based upon the computations performed
in these loops, we can see that no communication is required for the arrays X
and Y. However, the arrays C, R, W, cannot be partitioned, but
instead should be replicated on all processors. However, now the question is, can
we correctly update these arrays when the loops are executed in parallel.

In the E step, and are the two arrays that are updated. It can be
easily seen that these updates are done using an associative and commutative
operation (addition). Also, the scalar llh is also updated using an associative
and commutative operation. Therefore, the E step is essentially a generalized
reduction.

Now, consider the nested loop involved in the M step. The array C is com-
puted from the arrays and W. If these two arrays are replicated on each node,
then the computation for C can be performed on each node. Again, we can see
that the array is updated using associative and commutative operations.
Thus, this loop is also a generalized reduction.

To summarize, the parallel loops in the EM algorithm match the structure
of generalized reductions and FREERIDE is well suited for parallelizing this
algorithm.

4.2 Distributed Memory Parallelization

In view of the discussion above, it is easy to see how the EM algorithm can be
parallelized on distributed memory machines.
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The input data instances (the array Y ) are distributed between the nodes.
The arrays C, R, and W, whose initial values are provided by the user, are
replicated on all nodes. The arrays are allocated and initialized on
all nodes. The E step is carried out on all nodes, using the set of data instances
they have. After such local processing, a global combination is done. In this
step, all nodes communicate their values of and llh to one node, which
aggregates these values and broadcasts them to all nodes.

Next, each node computes a new value of C, using the updated value of
and W. Note that W has not been modified since the start of this iteration, so all
nodes have the same and correct value. Then, the nested loop is again executed
on each node’s data instances. Another round of global combination is done to
compute the final value of

Finally, each node computes a new value of R and W. Thus, at the end of
the M step, each node has an updated value of C, R, W, and llh. Using llh, each
node independently decides if another iteration is needed. If another iteration is
needed, the values of C, R, and W are used in E and M steps.

The above steps can be implemented easily using the FREERIDE interface.
Two different local processing functions are created, corresponding to the pro-
cessing in E and M steps, respectively. There is one global combination function
associated with each of these. The global function associated with the E step is
responsible for aggregating and llh. Similarly, the global function associ-
ated with the M step is responsible for aggregating The iterator is responsible
for checking the terminal conditions, and performing all computations that are
replicated on all the nodes.

4.3 Shared Memory Parallelization

If multiple CPUs are available within a node, each of these can be used for local
processing. A set of data instances can be assigned to each thread, which can
perform the computation associated with these data instances. The main chal-
lenge in maintaining correctness arises because of race conditions when multiple
threads may try to update the same array and for E step, and for the
M step).

In our prior work, we have reported on a number of techniques for avoiding
race conditions that are implemented within the FREERIDE framework [5,6].
One of the techniques is full replication, where the updated arrays or data-
structures are replicated. Another set of techniques is based upon the use of
locking.

The size of the arrays that are updated by different threads is quite small
in the case of EM algorithm, unless both the number of dimensions and the
number of clusters is quite large. Therefore, full replication can work without
a significant memory overhead and is used by our implementation. In using
this technique, a separate copy of updated arrays is allocated and initialized for
each thread. Each thread can update its copy without any possibility of race
conditions. Before global combination, the different copies are aggregated.
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4.4 Scaling to Disk-Resident Datasets

The existing support in FREERIDE can be used for scaling the EM algorithm
to large datasets that do not fit into main memory. The data instances are
divided into chunks. The middleware provides support for reading these chunks
using asychronous operations, and applying the local processing function on each
chunk.

5 Experimental Results

In this section, we evaluate the performance of our EM implementation. We
conducted a number of experiments with the following two goals: 1) Studying of
parallel scalability of our implementation, in both distributed and shared mem-
ory settings, and 2) Evaluating the scalability with increasing dataset size, i.e.,
does the execution time remain proportional to the dataset size as the dataset
becomes disk resident.

Our experiments were conducted on a cluster of 700 MHz Pentium machines.
The nodes in the cluster are connected through Myrinet LANai 7.0. The memory
on each node is 1GB, but contention for main memory space from other pro-
cesses was created, to make sure that the datasets were disk resident. We used
3 datasets each one containing a different number of 10-dimensional points. The
datasets were: 1) A 253 MB dataset, containing points to be clustered,
2) A 498 MB dataset, containing points to be clustered, and 3) A 996
MB dataset, containing points to be clustered.

Each one of there datasets was partitioned into 8192 chunks, thus leaving the
number of chunks across the dataset the same, but growing the chunk size.

Fig. 2. Shared and distributed memory
parallel performance on a small dataset
(253 MB)

Fig. 3. Shared and distributed mem-
ory parallel performance on a medium
dataset (498MB)

Let us consider speed-ups achieved through distributed memory paralleliza-
tion on the smallest dataset first (Dataset size = 253MB, results summaraized
in Figure 2). We report the speedup by increasing the number of nodes, but
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keeping the number of threads fixed. On 2 nodes the speed-ups were 1.76 for 1
thread, 1.79 for 2 threads, 1.84 for 3 threads, and 1.89 for 4 threads. On 4 nodes
the speed-ups were 3.47 for 1 thread, 3.36 for 2 threads, 3.45 for 3 threads, and
3.54 for 4 threads. On 8 nodes the speed-ups were 6.00 for 1 thread, 6.44 for 2
threads, 6.65 for 3 threads and 6.53 for 4 threads. The results are not quite lin-
ear, but yet speed-ups are significant, achieving parallel efficiency between 75%
and 85%. Now, we focus on speed-ups achieved through shared memory paral-
lelization on the same dataset (253MB). With 2 threads running, the speed-ups
were 1.96 for 1 node, 1.99 for 2 nodes, 1.90 for 4 nodes, and 2.10 on 8 nodes.
With 3 threads running, the speed-ups were 2.88 on 1 node, 3.01 on 2 nodes,
2.86 on 4 nodes, and 3.19 on 8 nodes. The speedups are linear (and in some
cases super-linear), because the reduction object is small enough to be cached
in some of the instances. With 4 threads running the speed-ups were 2.94 for 1
node, 3.16 for 2 nodes, 2.99 for 4 nodes, and 3.20 for 8 nodes. Thus, adding the
4th thread doesn’t result in additional speed-ups.

The results from the 498 MB dataset are summarized in Figure 3). On 2
nodes, the speed-ups were 1.80 for 1 thread, 1.79 for 2 threads, 1.84 for 3 threads,
and 1.91 for 4 threads. On 4 nodes the speed-ups were 3.47 for 1 thread, 3.37
for 2 threads, 3.46 for 3 threads, and 3.50 for 4 threads. On 8 nodes the speed-
ups were 6.02 for 1 thread, 6.46 for 2 threads, 6.65 for 3 threads and 6.46 for
4 threads. With 2 threads running, the speed-ups were 1.96 for 1 node, 1.95
for 2 nodes, 1.89 for 4 nodes, and 2.11 on 8 nodes. With 3 threads running,
the speed-ups were 2.92 on 1 node, 2.98 on 2 nodes, 2.91 on 4 nodes, and 3.22
on 8 nodes. Once again, the 4th thread creates CPU contention and, therefore,
doesn’t result in any additional significant speed-up.

Fig. 4. Shared and distributed memory parallel performance on a large dataset
(996MB)

The results from the largest dataset are summarized in Figure 4. On 2 nodes
the speed-ups were 1.76 for 1 thread, 1.79 for 2 threads, 1.84 for 3 threads, and
1.89 for 4 threads. On 4 nodes the speed-ups were 3.47 for 1 thread, 3.37 for 2
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threads, 3.45 for 3 threads, and 3.54 for 4 threads. On 8 nodes the speed-ups were
6.00 for 1 thread, 6.44 for 2 threads, 6.65 for 3 threads and 6.53 for 4 threads.
With 2 threads running, the speed-ups were 1.96 for 1 node, 1.99 for 2 nodes,
1.90 for 4 nodes, and 2.10 on 8 nodes. With 3 threads running, the speed-ups
were 2.87 on 1 node, 3.01 on 2 nodes, 2.86 on 4 nodes, and 3.18 on 8 nodes.

These experiments demonstrate that in the shared memory parallelization
setting our implementation scales well up to 3 threads on 4 CPU machines.
Also, as the size of a dataset has grown, the execution time has grown in a
manner proportional to the dataset size, so the implementation scales well with
increased dataset size, which is very important for a data intensive application.
Lastly, the above experiments also demonstrate that a significant (although not
strictly linear) speed-up is achieved by our implementation when parallelized in
the distributed memory setting. In a cluster with 8 nodes, the parallel efficiency
varied between 75 and 85 percent.

6 Conclusions

We have reported on parallelization of the EM clustering algorithm using the
FREERIDE middleware developed in our prior work. We have shown how the
main processing loops in both the E and M steps of the EM algorithm essentially
involve a generalized reduction, and therefore, the algorithm can be parallelized
using FREERIDE. As compared to other efforts that reported parallelization of
EM algorithm, this paper has made two important contributions. First, we com-
bine both distributed memory and shared memory parallelization, and support
execution on disk-resident datasets. Second, we show that EM can be paral-
lelized using a middleware that has been used for a number of other data mining
algorithms.
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Abstract. We describe a parallel KDD architecture we are developing
as part of an open-source based customer relationship management sys-
tem, in the framework of the SAIB industrial research project. The design
of the prototype, leveraging on the features of the ASSIST programming
environment, results in a high-performance parallel data mining core,
tightly integrated with parallel data management and interfaced to busi-
ness standard technologies and systems.

1 Introduction

In this paper we describe the system architecture and the implementation of a
parallel Knowledge Discovery in Databases (KDD) system we are developing for
Customer Profiling in the framework of the SAIB project (System for Internet
Banking Applications).

Developing a parallel KDD system is an interesting challenge in itself, and
also with respect to the main focus of our research on parallel programming
environments. Beside developing efficient parallel mining algorithms, a key issue
is the degree of integration the system can reach, both internally, as simplic-
ity and performance of the interaction between mining algorithms and parallel
data management, and externally, as ease of cooperation with different software
technologies. Industry standard languages and technologies like XML, Java, or
component programming have to be exploited to integrate advanced parallel
modules within larger applications.

We describe the efforts made so far toward this goal, also focusing on the
advantages that a high-level parallel programming environment like ASSIST [1]
can bring in designing a parallel KDD architecture. In Sect. 2 we introduce the
SAIB research project and present the overall architecture of the system. Sect. 3
summarizes our past research and the features of the ASSIST environment. We
describe in Sect. 4 the design of the parallel KDD system, and in Sect. 5 the
implementation of the parallel mining primitives and a simple case study we
are using to test system integration. Sect. 6 summarizes results and future work
directions.
* This work has been supported by the SAIB Project on High-performance infrastruc-

tures for financial applications, funded by MIUR and leaded by SchlumbergerSEMA,
owned by ATOS Origin, and by the Italian MIUR Strategic Project L.449/97-2000
on High-performance distributed enabling platforms.
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Fig. 1. (a) Overall Architecture of the SAIB system — (b) The UMS architecture.

2 A Data Mining Engine for the SAIB Project

SAIB is a large research project which brings together several Italian academic
institutions and industrial partners in the effort of producing a flexible, open-
source based Customer Relationship Management (CRM) solution for Internet
Banking and Insurance.

The SAIB project has as essential goals to provide: (1) compatibility and
cooperation with existing Hw/Sw infrastructures, in order to enhance their per-
formance, (2) flexibility and programmability of the CRM solution, (3) privacy
and security of end-user interaction, (4) multi-channel (e.g. kiosk, e-mail, mo-
bile) and Internet-based interaction, (5) high performance customer profiling
functionalities. The ultimate goal of the project goes beyond the Internet Bank-
ing solution, and it is to design a development environment for the broader class
of CRM applications, including e.g. IT support systems for the public admin-
istration and call centers. In the SAIB system architecture (a partial overview
is shown in Fig. 1a) a workflow interpreter (the Business Manager) executes a
number of tasks, mostly triggered by local or remote user interaction. It controls
a set of application modules which perform actual computation and interac-
tion. The system can be easily tailored to different applications by adding new
functional modules and new workflow programs.

Interchange of parameters and data among SAIB modules exploits industry
standards like EJB interfaces, XML encoded Java RMI, and ODBC connection
with a database server (the CRM-DB), which is a centralization point of the
system. The Legacy Gateway module provides translation and integration of the
Business Manager protocols to let SAIB cooperate with existing legacy systems.

Our KDD prototype is one of the main modules of the system, the User Mod-
eler Server (UMS), providing static and dynamic customer profiling functions.
We can roughly divide SAIB users into customers and administrative users. The
UMS provides a restricted class of the administrative users (e.g. marketing an-
alysts) with Knowledge Discovery and Data Mining services, in order to build
customer profiles from the CRM-DB database. Knowledge models can then be
deployed to the CRM main core, where they can be used by workflow programs
to customize user interaction at different levels. Workflow programs can either
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access information that has been downloaded to the main database, or issue
on-line, per-user queries to the data mining engine.

The UMS thus performs both batch operations (heavyweight, but that do not
condition the main business flow) and on-line ones, which are subject to near-
real-time constraints. To avoid interference with the main system, and to allow
higher performance to the parallel mining algorithms, the UMS operates pri-
marily on data cached in its internal, parallel data management module, tightly
coupled with the mining engine. The UMS controlling interface allows the user
to load data from the CRM-DB, and to put back new information. The example
we describe at the end of Sect. 5 is a simple customer segmentation and classifi-
cation process. It is just one of the feasible applications of KDD to CRM, that
range from user interface personalization to potential fraud detection.

We wanted the Data Mining engine of SAIB to be able to deal with databases
of several Gigabytes in size, to distribute computation and I/O in parallel and
to scale with available computing resources to higher performance and through-
put. In HPC these goals are often hard to meet with a portable, high-level
software design. On the contrary, the programming approach of the ASSIST
environment allowed us to efficiently develop parallel application modules and
high-performance libraries, merging them into a complex application.

3 The ASSIST Parallel Programming Environment

The adoption of a high-level parallel programming environment to develop the
high-performance modules is one of the central assumptions of the SAIB project.

Our research in the field stems from the skeletons model [2], one in the class of
structured parallel programming (SPP) models. SPP models, by describing the
parallel semantics of programs in a high-level way, provide increased portability,
ease of code reuse and application evolution with respect to low-level paral-
lel programming approaches based on communication libraries. The approach
is characterized by the (hierarchical) composition of modules with completely
defined interfaces, each composition mapping to a set of known implementa-
tion templates. However, too strong constraints can make it difficult to develop
complex and dynamically behaving applications.

With ASSIST [1, 3] we close in to component-based parallel programming.
A program is an unrestricted graph of sequential and parallel modules inter-
acting through data streams. Parallel modules (parmods) can express mixed
data-parallel and task-parallel computations, can explicitly manage load balanc-
ing and non-determinism if needed, have an internal state, and can interface to
external resources. Each parmod (or combination of parmods) is then easily used
as a component of larger applications.

The design of the ASSIST model explicitly targets the needs of large ap-
plications over massively parallel platforms and Computational Grids, taking
into account issues like dynamic resource adaptiveness, dependability, hetero-
geneity. Some of the corresponding features have already been implemented in
the ASSIST environment at present time (we refer the reader to more specific
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works like [4]), while the more general problem of devising a GRID programming
model is being tackled in the framework of the ongoing national research project
“Grid.it”.

In the KDD architecture we have implemented, we exploited several features
of the ASSIST coordination language. Among them the support for external
objects [1], that are object-like interfaces used from inside ASSIST code modules
to access heterogeneous software resources. External objects can have their own
run-time support, that must not interact with that of the application. In this case
we have used the SMReference objects to manage large dynamic data structures
in virtual shared memory, and we implemented the support for a parallel file
system as an external object library for parallel and sequential modules.

4 Knowledge Discovery Architecture

The overall architecture of the KDD engine we have designed (Fig. 1b) is quite
straightforward, based on four main modules providing
1.
2.
3.
4.

data management functionalities (the Data Repository, DR)
knowledge and meta-data management (the Knowledge Repository, KR),
a set of mining algorithms (MAs) and
a control interface, the Activity Scheduler.

The Scheduler interfaces to the rest of the SAIB system by means of Java
RMI. Since it is not performance critical, the scheduler is actually implemented
in Java, cooperating with the rest of the KDD engine by Java native methods,
file system I/O and through the ASSIST program loader.

The scheduler accepts synchronous and asynchronous operation requests, en-
queues them internally and manages the corresponding parallel programs and
their results. Though the current SAIB architecture does not use it yet, con-
current operation execution with task priorities and dependencies can be dealt
with in the scheduler. For testing purposes, a simple graphical Java front-end
has been developed that connects to the scheduler and controls it.

The set of MA modules contains ASSIST parallel programs that perform
actual mining tasks, and simpler ones used to manage the DR data (e.g. selection
and sorting). We reused parallel mining applications designed in our previous
research [5] and extended them as well with new functionalities. Taking advan-
tage of the modular structure of ASSIST programs, we have evolved them so
that they (1) interface to the DR module for most of the I/O, and (2) expose a
common set of program interfaces (streams for data I/O, knowledge I/O and an
XML-encoded file with running parameters).

This second requirement allows MAs to be viewed as a kind of software com-
ponents within our system, decoupling their actual implementation from that
of the mining engine as a whole. Adding new MA modules to the set known to
the scheduler is simply a matter of defining their specific parameters as an XML
schema. Moreover, standard conforming modules can be automatically composed
into a larger ASSIST program to be compiled and run. This is still a work in
progress to simplify and improve the performance of complex mining/validation
processes that have to be executed routinely.
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The DR module is implemented as an external object of ASSIST. It provides
high performance I/O support for large files with simple record structure (the
kind of regular data tables we have to host in a mining warehouse), a set of data
types suitable to meet mining needs, and a mechanism of block-oriented views
to allow parallel operation on the same file (a dataset, in the following) in a
controlled way. It is a common choice to have data management functionalities
integrated within the mining architecture. We aimed at a software layer that
offered less overhead and more control on low-level issues w.r.t relational DBMS,
while still providing a richer and more portable interface to data than working
with flat files. For instance we use a block-oriented interface to allow explicit
secondary memory management and concurrent operation within the MAs, since
a large I/O grain is used anyway in the MA, and the waste of space is negligible.

Current DR implementation provides data types encoding floating-point num-
bers, nominal values from unordered list of labels, date values, booleans, unique
keys and fixed-size uninterpreted raw data. We chose to have a fixed set of
machine-dependent representations, to allow direct memory loading of data ta-
bles without translation, minimizing memory requirements and computational
overhead in the algorithms. Special UNKNOWN values are provided for all types,
and meta-data is kept linked with each dataset.

Most of these functions are provided as a library linked to the ASSIST gen-
erated code. A lower implementation layer moves data blocks in and out of
each process memory, wrapping the actual file system layer. This design exploits
parallel file system performance and bandwidth from within portable ASSIST
programs, by allowing the data block engine to initiate concurrent data trans-
fers across multiple I/O and processing nodes. The prototype is based on PVFS
[6], and sequential UNIX file systems are supported too, including NFS, with
lower I/O performance.

The KR module manages the knowledge produced by the mining algo-
rithms, allowing to store, retrieve, refine knowledge models, and to track their
history. Models are represented using the standard PMML 2.0 language [7], ex-
ploiting the PMML extension mechanism in a few cases where non-standard
model semantics is needed. Each model is a PMML file containing the results of
one or more mining algorithms, a link to the source dataset, and all the relevant
meta-data and algorithmic parameter information. Models are interconnected so
that a full KDD process can be designed and stored as a unit in the KR.

Knowledge models also have different states and attributes that condition
their use inside the UMS, and their visibility in the whole SAIB system (e.g.
a model has to be validated before its information is downloaded to the CRM-
DB). A standard CVS server is used to store the actual PMML data, access to
models being mediated by a custom server which performs additional controls
and attribute caching. A client-side linked library provides XML parsing and
serialization on models, as well as interface to the server processes.

5 Mining Primitives

The mining algorithms we have implemented are derived from our earlier expe-
rience in Data Mining with structured parallel programming environments [5].
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Fig. 2. (a) The parallel classifier. (b) Association-rule based clustering.

They have been extended, making use of the new features of ASSIST. We sum-
marize here the basic UMS functions and the key points of their implementation.

We also show a few performance results measured on a cluster of 8 Pen-
tium4/2GHz/512Mb RAM processing nodes with ATA UDMA disks, connected
by a Gbit Ethernet switch and running Red Hat Linux 7.3.

Classification is performed with a decision tree induction algorithm. It uses
the same score functions as the C4.5 classifier by Quinlan, but it currently works
on nominal attributes only. Tree induction is a typical divide and conquer pro-
cess, where a tree is built from the root (the whole input), at each node evaluat-
ing and partitioning the available data, each node expansion being independent
from those happening on separate branches of the tree. Beside parallelism in the
tree visit, large partitions call up for data-parallel decomposition of the splitting
computation. Our prototype (Fig. 2a) keeps in the DR module data partitions
associated with nodes, loading them on demand. The tree structure is local to
the controller module, and statistic data are shared using SMReference external
objects, thus the prototypes exploits a two-layer distributed memory hierarchy.

The expansion policy is given by a single process, controlling a parmod that
performs all the computation. Expanding a node is a (possibly large) task, on
which data-parallel, globally synchronized operations as well as task-parallel,
concurrent ones are possible. Each task can result in more tasks to be produced
(new nodes added to the tree) or in a fully sequential sub-computation (a com-
plete subtree is generated down to the leaves). For the sake of conciseness, we
disregard the fact that further decomposition happens of the parallel activities
into evaluation and splitting steps.

After a first phase of the execution where the data parallel decomposition is
used (current prototype actually employs this strategy only for the root node), we
switch to the task-parallel behaviour, and below a certain node size to sequential
computation. Dynamic load balancing in the task parallel case is guaranteed by
the ASSIST support. The expansion policy, based on node size, determines the
computation switch points and the relative priorities of different nodes.

ASSIST features allowed us to improve the program structure reported in [5]
following the idea outlined in [1], i.e dynamically mixing data and task paral-
lelism in the same high-level program. W.r.t. [5] we exploited the flexibility of
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the ASSIST parmod construct to express at the coordination level the different
but correlated functionalities of the Conquer module (e.g. task parallel expan-
sion, data parallel counting, and sorting). Stream guards controlled by shared
variables make it clear and manageable the transition among the different be-
haviors. Data-parallel expansion allows to exceed the main-memory limits of a
single processing node.

W.r.t. the solution in [1] we exploit a two-level distributed memory hierar-
chy (shared memory and parallel file system) using two kinds of external object.
However, data-parallel expansion is still limited to the first node. We are cur-
rently developing the adaptive behaviour of the classifier to allow tuning of the
transition from data to task parallelism, which is needed for large datasets, and
to let the application deal with numeric attributes. We think that these improve-
ments will also benefit performance on medium-size datasets. Figure 3a shows
the speedup in such a case (sequential completion time is 43 seconds).

Association Rules are computed by an Apriori-like algorithm. Its parallel
version is based on the partitioning method and requires two phases, each one
performed in parallel on separate partitions of the input. As in [5], the input
dataset is scanned two times in full, load-balancing being guaranteed by the on-
demand distribution of ASSIST, but here we exploit the DR module to dispatch
partitions from the hosting nodes to the requesting ones.

The partitioned method has a good parallel speed-up and it is scalable w.r.t.
the number of transactions in the dataset. Fig. 3b shows almost linear speed-up
for a medium-size, synthetic dataset (1.2M transactions of av. length 30).

Clustering is developed around the association rules module. We use a notion
of clustering derived from [8], grouping together records that satisfy the longest,
most popular association rule of a dataset. To produce more clusters, rules are
mined again and again on unclustered records until a threshold on support or a
prefixed number of clusters is reached.

The parallel implementation reuses the association rule main modules, the
local tree build and the counting parmods, exploiting additional streams and
guarded channels to control the iteration process, and to continuously reorganize
a temporary copy of the input dataset. Figure 2b shows a simplified representa-
tion of the clustering application, including streams that carry on block indexes,
frequent itemset information and cluster defining rules.

The rearranging strategy employed by the modules during local frequent
set search accumulates already clustered records into a “black list” of data blocks
to be subsequently skipped, in order to enhance locality and progressively reduce
the amount of I/O. Active blocks saved on disk are reassigned to any waiting
process, ensuring proper load balancing. After the first phase, a global counting
phase follows and an association rule is selected as a cluster definition. Clustered
records are then discarded by the rearranging policy while searching for the next
best rule.

Filters to perform basic manipulations on datasets can be implemented within
the DR interface of an algorithm, or as stand-alone parallel programs that are
run by the Scheduler like any MAs. In the first class there are field and record
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Fig. 3. Speed-up tests with 8 I/O nodes and N processing nodes. (a) Tree induction
from 4M instances of the LED database, 20 attributes, 4% noise, 10 classes; switch
to sequential computation at 500K, 1M node size. (b) Association Rule computation:
156Mb dataset, 1.2M trans., 661s and 1468s sequential time. (c) Simple key join, ver-
tical and horizontal select DR routines: 2Gb dataset; peak data transfer bandwidth
achieved is in the 86Mb/s – 141Mb/s range.

selections from a dataset, while the second class contains more complex opera-
tion like k-way merge-sorting, merging of datasets w.r.t. a common key attribute,
summarization operators. In Fig. 3c we see the speedup obtained by three simple
filter programs (key join, column and record selection) operating on datasets of
1 – 2Gbytes. Here communication bandwidth is the main limit to the speedup.
Knowledge validation functions are also implemented as MAs. As an example,
current UMS prototype provides functions to compute confusion matrices, in
order to evaluate classification or clustering models.

Case Study. We have chosen a simplified case study to check the overall system
design, showing correct interoperability of the UMS basic blocks. The target is
to customize commercial advertising by developing a set of customer profiles,
and a classifier that allows us to assign new customers to a base profile, on the
ground of the limited amount of information that is initially available.

The initial data comes as a special purpose table stored within the CRM-DB,
one record per customer, containing a large set of summarized attributes about
customer behaviour. The input data is periodically imported to a DR dataset.
New users may either be missing from this dataset, or correspond to records
with many missing values.

The knowledge extraction process is based on the distinction of customer
attributes into factual ones, that identify the user and do not change quickly
over time, and behavioral ones, historical data about user interaction which are
derived from transactional databases, and reflect evolving customer’s commercial
attitude. A process based on a similar data model is reported in [9].

We start the mining process extracting clusters from the dataset, by applying
the association-rule-based clustering algorithm to the available behavioral data
of customers. We try to identify classes of customers with similar habits, e.g. us-
ing the same bank services in the same period of time. After expert’s validation,
the set of cluster-defining rules is turned into a class label definition for all user
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with sufficient behavioral information. The second step is to infer a classification
tree for customers, modeling the class label in terms of the factual attributes.
After another validation step and possibly more iterations of the process, we
can classify new users using the tree even if some of the factual attributes, usu-
ally available, are missing. Clearly, the distinction of attributes into factual and
behavioral is not dogmatic, and trying different attribute sets for both process
steps is part of the experimental part of the KDD process.

6 Conclusions and Future Work

We have implemented a parallel KDD architecture, written in Java, C++ and
the ASSIST coordination language, with support for parallel I/O and mining
algorithms, that is integrated with industry standard protocols and provides a
Java RMI control interface. In the process we exploited a modular approach to
integrate sequential and parallel code, reusing and modifying existing parallel
kernels to integrate them into a single system. As a side effect of the project we
have integrated in the ASSIST environment support for the PVFS parallel file
system, using the abstraction of external objects.

The resulting design distinguishes from distributed mining frameworks like
Papyrus [10]. Our KDD prototype fits in a general framework for high perfor-
mance application development, not limited in scope to data mining. As a con-
sequence, we designed a block-oriented, shared-memory like data distribution
layer, instead of a sophisticated data transport layer like Papyrus’ one.

Moreover, we aim at efficiently exploiting the processing power of Beowulf
clusters. With respect to existing distributed mining systems relying on coordi-
nation of many independent sequential mining engines, like [11], our approach
can be applied to a broader set of mining tasks, and it is much less influenced
by the memory and computing power constraints of any single machine.

Work is still in progress to improve the different components of the system,
especially to enrich the set of mining functionalities and to improve the manage-
ment of meta-data within the KDD process. Tests are ongoing according to the
simple KDD process outlined to verify the degree of integration with the SAIB
CRM solution.

Our system is not constrained to a specific class of computing platforms.
The current testbed is a small dedicated cluster of tightly coupled machines, but
the ASSIST environment allows us to seamlessly run applications on clusters,
LANs and WANs, as well as on grids and heterogeneous clusters (w.r.t. CPU
architecture, O.S., and performance). While not every combination of different
settings is already supported, the current implementation of ASSIST and of the
KDD system makes it feasible to run mining algorithms on local networks with
a common CPU architecture.

Moving to more distributed platforms opens up new research issues about
the scheduling of parallel activities, and about the forecast of performance and
scalability of the resulting KDD engine, as bandwidth and latency constraints
affect the efficiency of many of the mining tasks. The problem in perspective
merges with our current research on high-level Grid Programming environments.
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Abstract. The Web has become the primary means for information dissemina-
tion of all kinds; our interest is in dissemination of scientific information from
on-line digital libraries. We have designed a Web application, called SearchPlus,
based on a distributed, scalable, fault-tolerant, and secure architecture, to allow
access to tens of millions of scientific bibliographic records and their citations, in-
tegrating information from multiple heterogeneous data sources, and making this
information available for querying and analysis. A full-scale test-bed environ-
ment has been developed to assess hardware and software configuration and per-
formance. This paper gives the motivations for building such a system, describes
the architecture of our distributed database system, and highlights performance
analyses and subsequent improvements.

1 Motivation

The Los Alamos National Laboratory (LANL) Research Library (RL) [2] focuses on
digital information services. It provides commercially available scientific data, through
Web applications, to LANL scientists as well as several external institutions. One such
application is SearchPlus. The primary objective of SearchPlus is the construction of a
comprehensive distributed database of scientific journal articles – now over 55 millions
– and citation information in a common format – now over 500 million entries, and
providing access to this information to RL customers. Scientists now rely on these re-
sources to meet deadlines, write articles, and vie for funds in highly competitive fields.
Such a critical research resource must exhibit as little service disruption as possible.
To fulfill this requirement, a robust, fast, flexible, scalable, and secure system has been
developed. Commercial products and those deriving from other research projects have
been explored, but no complete solutions have been found. The underlying mass-storage
systems and search engine are commercial products; the rest of the application is home-
grown.

The the architecture design of SearchPlus was driven by the following functional
requirements. 1) Transformation of bibliographic data for scientific publications in dif-
ferent formats into a common XML format, storage for indexing and retrieval. 2) Pro-
cessing of data in a secure environment behind a firewall and making it available to
users through a web application outside the firewall. 3) Providing an information re-
trieval system in the form of a web application with a flexible interface, allowing search
and retrieval of bibliographic data, linking to cited and citing articles, linking to full-text
articles, and providing weekly alerts. 4) Delivering a responsive, interactive service. 5)
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Providing a reliable, fault-tolerant and highly-availability system[1], tolerating no loss
of data. 6) Building a scalable and adaptable system capable of handling weekly up-
dates, new data sources, formats, and content.

This paper makes two main contributions. A first is the description of the archi-
tecture of SearchPlus, which comprises a large collection of software and hardware
components. We argue that the lessons learned may be of wide interest in the research
community. The second contribution is the description of the methodology that has been
used to optimize the performance, enhance the usability, and improve the robustness of
SearchPlus. The rest of this paper is organized as follows: Section 2 outlines the soft-
ware and hardware architecture of SearchPlus; section 3 provides insight into a large
number of optimizations that have been performed on SearchPlus, together with their
impact on the overall performance; section 4 provides concluding remarks.

2 Architecture

This section describes the architecture of the system, focusing on the main components
and the reasons for choosing them. The overall architecture of the proposed environ-
ment is shown in Figure 1, the elements of the hardware configuration are listed in
Table 1.

Fig. 1. The architecture of SearchPlus.

The physical architecture outside the firewall consists of a load balancer, two front-
end systems running Verity K2 brokers and web applications, two systems running Ver-
ity K2 servers, a system running a MySQL server for an authentication/authorization
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database, and a system with a MySQL slave server for the author browse database. The
architecture inside the firewall includes all the components residing outside the firewall
with the exception of the load balancer and MySQL slave server. The MySQL master
server and the XML data processing and K2 indexer system also reside inside the fire-
wall. At a high level, there is a single user interface that provides a unified environment
for both data retrieval and citation linkage. Users can access all the functionalities in-
dependent of the physical architecture of the system. At a low level, the load balancer
accepts client connections and balances them between two front-end systems. Each
front-end server runs the web application and a K2 broker. The application examines a
MySQL database to verify the user authentication and authorization rights to the inte-
grated XML data. If that is successful the application sends a query to the K2 broker
running on the same machine. The K2 broker forwards the query to the appropriate K2
servers which search the collections. The K2 servers return results to the K2 broker
which sorts and returns them to the application. At this point, the application may also
query the author browse and citation database to build bibliography and citation counts.
Java and Apache/Tomcat have been chosen as the platforms to provide web accessibil-
ity. Access to the MySQL databases is handled using servlets and connection pooling.
The main components of the hardware and software architecture on which we will fo-
cus our attention are the following: storage architecture, XML data layout, Verity K2
Enterprise, and MySQL database.

Storage Architecture. Digital library data centers have demanding size, speed, reli-
ability and flexibility requirements. In addition we also need to provide a secure en-
vironment for our data and systems. Our institution has a firewall with services inside
and outside. All the data, systems, and services behind the firewall benefit from better
security. However, we need to run our application and access data from outside the fire-
wall for our external customers. Our choices for storage, file system, and distribution of
processing have been predicated on protecting the data while keeping it easily accessi-
ble. Redundant Arrays of Inexpensive Disks (RAID) and Storage Area Network (SAN)
technologies have been deployed to prevent data lost and provide storage capacity. The
most complicated part of our design has been sharing data among servers located in-
side and outside the firewall. The combination of a SAN and a shared-access file system
gives us the capability to achieve our objective. Sun’s Quick File System (QFS), a Large
Storage Configurations (LSC) file system, is designed to solve file system performance
bottlenecks by maximizing the performance of the file system in conjunction with the
underlying disk technology. QFS is implemented using a standard Solaris virtual file
system interface and can be shared among Solaris environments. Several servers can
read the data distributed in a file system, while another server can write and modify the
same data. Using a shared-access file system, we can build, update, and modify data
inside the firewall, while the web application outside the firewall has read-only access.

XML Data Layout. Scientific articles typically have associated metadata which pro-
vides such information as author, title, abstract, keywords, source, volume, issue, num-
ber of page, etc. An article may also have a bibliography of citations (cited references).
There are two sets of records, stored in XML format: those containing the metadata
for scientific articles and those containing citations for the same articles. A record con-
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taining the metadata for an article is stored in a single file on a file system reserved
for metadata records. For those articles with a bibliography, citation data is stored in a
single file on a file system reserved for citation records. For citations that have a cor-
responding metadata record in our XML repository, a link is established from the cited
reference to the corresponding metadata record.

Verity K2 Enterprise. Native XML search engines have been evaluated and found to
be underdeveloped, so we have investigated full-text search engines, settling on Verity
K2 Enterprise (K2). Two of the compelling features of K2 are its distributed design and
scalability. The design makes it easy to distribute indexing, search and retrieval, and
administration. The K2 architecture consists of client, broker, server, admin server, and
indexer components. The K2 client, in our case, refers to the Web application, developed
in-house, which is integrated with K2 using Java. A K2 server is the core of the search
and retrieval component. The K2 server contains the search engine for a specific set
of indexed documents (collections) and the viewing service which renders documents
returned by a search. The K2 broker manages communications between K2 clients and
one or more K2 servers. When multiple collections are searched, each K2 Server per-
forms a search against its collections, returning the results to the broker responsible for
merging, sorting, and presenting results to the client. A broker can communicate with
all its K2 servers simultaneously, whether or not they are on the same machine. Broker-
ing enables scaling the system as the amount of information being searched for grows:
brokers can be added according to demand. Similarly, as the number of documents to
search grows, more K2 servers can be added, and collections can be mirrored to balance
an increased load.

MySQL/Relational Database. Why has a relational database been used to store data
related to XML bibliographic records when they are already stored on file systems and
searchable with the Verity search engine? The XML data repository consists of millions
of small files, and backup and recovery of such a file system can be problematic. Mirror-
ing the data stored on disk in a relational database offers the additional benefit of faster
backup time and useful data redundancy. In addition to searching and retrieval, we need
to provide browsing capability on authors and cited and citing articles, and dynamic ci-
tation counts. A relational database provides flexibility to build browsing functionality.
MySQL is an open source relational database. Four reasons for choosing MySQL are
(1) Speed: MySQL has proven to be fast at handling links among 1,435,000,000 rows
of data in several virtual tables; (2) Data storage capabilities: we currently manage over
400GB of data; to limit individual table size, we take advantage of merged tables; (3)
Fault tolerance: As mentioned, we use MySQL in production and as disk-based backup
for our data; (4) Security: MySQL replication is used to protect and update our data;
the master MySQL server runs behind a firewall, while a slave server accesses the data
from outside the firewall, in read-only mode.

3 Performance Analysis and Improvements

In order to determine why application performance was not as good as expected – the
initial response time for a simple search was tens of seconds – we undertook a number of
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performance studies. To simplify the process we concerned ourselves with examination
of individual problems. We analyzed each component of the overall architecture: layout
of disk arrays and file systems, memory use, the benefits of running in a 32-bit versus a
64-bit environment, network infrastructure, tools used by the application (MySQL DB,
Verity K2 Engine, Java Virtual Machine, Java compiler, XSL, JSP, Apache/Tomcat)
and of course, the application code itself. We estimated the impact of every component
on performance and scalability and focused our tuning efforts on those which would
provide the most benefit.

3.1 Hardware Architecture

Hardware performance tuning efforts were focused on evaluating the number of
database/collection servers, the number of CPUs per server, the amount of memory
needed, and the number of files per file system. Initial assessments of performance typ-
ically involve processor speed or memory consumption, not transfer rates to and from
disk storage. Since disks are several orders of magnitude slower than RAM, avoiding
access to disk and making necessary access as fast as possible can have a huge impact
on application performance. To solve this problem, we have used RAID technology. If
configured properly (several experiments were performed using different disk striping
strategies), the disk arrays are fast, cheap (considering the amount of data stored) and
safer. We have stored over 7 TB of data, distributed in two categories: the first set con-
sists of millions of small files laid out on file systems, the second of MySQL database
tables. These require different choices for disk configuration. We looked at disk orga-
nization and layout, making sure that all parameters were appropriately tuned for the
type of data stored. To sum up, important decisions impacting the I/O performance were
choosing a correct page size, the unit of disk, the metadata, and data distribution of each
file system. Looking at the network infrastructure, all the servers and storage devices
that must communicate have been connected on the same network path and controlled
by the same network switch to minimize latency and network delays.

3.2 Verity Tuning Optimizations

We knew before the project started that there would be a large number of users access-
ing the application, but we did not have a clear picture of the search distribution. Some
time was spent monitoring how the Verity collections were queried and how many users
access the system in a specific time frame. We also performed a number of optimiza-
tions, mostly on the allocation and caching policies of Verity K2, with improvements
shown in Table 2. As can be seen, many of them had a significant performance impact.
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3.3 MySQL Optimization

Over 400 GB of data are stored in the MySQL database. MySQL server configura-
tion, table structure, table allocation, query handling, concurrency, and replication were
examined for optimization.

Server Optimization. The first component analyzed was the MySQL server, its com-
pilation, and linkage. By using a suitable compiler and appropriate compiler options,
a 10-30% speed increase was realized. MySQL was compiled to take advantage of the
64-bit Solaris architecture and address up to 32 GB of memory, very helpful for query
caching. We observed how MySQL server uses system memory, how the memory is
shared, and how it is used by MySQL threads when performing queries. Several exper-
iments were done tuning the size of the memory buffer that MySQL uses for storing
the indexed data. Several tests were made using different block size for storing and
retrieving the indexed data.

Table Structure Optimization. The first table optimization involved structuring the
data and indexes to take as little space as possible on the disk and in memory. This
results in significant improvements because disk reads are faster and less memory will
be used. Indexing also takes fewer resources if done on smaller columns. The second
optimization was to lay out the tables accessed at the same time on different file systems.
The third and ongoing process of optimization involves running the MySQL table check
mechanism to remove fragmentation and re-sort the indexes after updates. The fourth
performance improvement that has been undertaken, which has not yet been completed,
is restructuring the data inside the tables so that we can take advantage of some of the
newer features of MySQL.

Replication. MySQL replication has been used in our architecture to protect and up-
date our data. When using the MyISAM index mechanism, MySQL has extremely fast
table locking (multiple readers/single writer). The biggest problem with this table type
occurs when one has a mix of a steady stream of updates and slow selects on the same
table. One way to address this problem is to use MySQL replication, where a master
server updates the data in a secure environment and a slave server gets the data from
the master and provides the data to the users. Using this mechanism, we have been able
to reduce the MySQL query time while updates are made on the same data. Replication
also provides a secure environment for the data to be updated. Table 3 summarizes the
impact of the major MySQL optimizations.
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4 Conclusion

The main motivation of SearchPlus has been to develop a powerful, responsive, robust,
and intelligent distributed database environment for knowledge discovery information.
We have described the architecture of our relatively complex, multi-TB system and out-
lined our performance optimization methodology. All the optimizations performed have
reduced the response time of the system to less than three seconds, a substantial perfor-
mance improvement with respect to the original system. SearchPlus is therefore very
responsive and fault-tolerant and is currently used by a sizable number of customers.
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Topic 6

Grid and Cluster Computing

Thierry Priol, Craig Lee, Uwe Schwiegelshosh, and Diego Puppin

Topic Chairs

Grid and Cluster Computing are becoming the two main approaches for
building large-scale and cost-effective computing infrastructures. Cluster com-
puting relies on the gathering of just a few, or up to thousands, of inexpensive
personal computers combined into a single machine, i.e., a cluster. However, de-
spite that cluster computing is a more economically viable approach for building
a supercomputing platform, the effective programming of such a computing in-
frastructure remains difficult. Grid computing is pushing this idea further by
clustering a large variety of geographically distributed resources like computer,
storage, data and other services, at a wider scale. Grids rely heavily on the In-
ternet to connect all these resources together and offer them to the users as
transparently as possible. Although much progress has been made in the de-
ployment of grid infrastructures, many challenges still lie ahead of us before the
ultimate goal of the Grid can be realized. This topic reports recent advances in
Grid models, services, application development, data storage and management.

The topic received 48 submitted papers dealing with various aspects of Grid
and Cluster computing. This is the highest number of submissions compared to
the other topics, clearly indicating that Grid and Cluster Computing represent
two very active research fields. Finally, after a careful review procedure, involving
115 international reviewers who did an awesome job, we only selected 8 regular
papers and 2 short papers. These papers cover important, current research areas
in Grid and Cluster computing.

The regular papers cover the main following issues: (1) an agreement-based
infrastructure to enable quality of service in the Grids, (2) a double auction
economic model to address Grid economy, (3) a distributed resource management
application API to aid the development and distribution of application across
the Grid, (4) a Grid service programming framework for the composition of
mesh-based MPI applications, (5) the integration, into a Grid infrastructure, of a
MPI-based system for the simulation of action potential propagation on a cardiac
tissue, (6) the profiling of two Grid data transfer protocols and servers to enable
full system optimization, (7) an approach to disk storage power management for
a clustered server environment, and finally (8) a path selection-based algorithm
for data dissemination and scheduling for distributed real-time application over
the Grid.

The short papers deal with the following problems: (1) a component based
grid-aware library service to integrate HPC legacy software modules, and (2) a
monitoring framework which provides a uniform and general purpose interface
to build worldwide information services.
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Abstract. Enabling quality of service (QoS) in the Grids requires not only re-
source management strategies but also the development of protocols enabling
structured negotiation for the use of resources. Such protocols will allow the
creation of policies dynamically and automatically broadening the scope of
Grid applications. In this paper, we describe design, implementation and appli-
cation of an agreement-based infrastructure. We then discuss its use in the vir-
tual control room developed for the National Fusion Collaboratory.

1 Introduction

Over the last decade computational Grids [1] became a very successful tool at provid-
ing distributed environments for the secure and coordinated execution of applications.
More recently we have seen an increased demand for Grid technologies in areas with
stringent quality of service (QoS) requirements such experimental science [2, 3]. This
resulted in stronger emphasis on providing QoS in Grid technologies [4] and focus on
technologies enabling it. The most recent work in Grid computing [5-8] indicates that
the next-generation Grids will include policy-based resource management, a variety
of authorization services, and support dynamic resource procurement as well as adap-
tation to changing system conditions.

If such dynamic, need and opportunity driven environment is to be achieved, it is
fundamental to establish mechanisms and protocols enabling clients to negotiate and
renegotiate policies dynamically rather than rely on static policy sets. Agreement
services provide such mechanism. A client can negotiate with an agreement service to
meet specific objectives in a Grid environment. An agreement service evaluates the
client’s request in the context of a potentially complex set of policies. As a result of
the negotiation, an agreement is created representing a concretization of those policies
to suit the client’s requirements. An agreement can be subsequently renegotiated,
amended, or otherwise dynamically and automatically updated.

Providing Grid services based on such agreements and managing them to auto-
matically adjust to agreement changes allows many advantages to clients as well as
providers in the Grid. An agreement-based services infrastructure combines informa-
tion, negotiation and execution services that allow clients to query the availability of a
particular service in the context of their priority needs, as well as to compare offers
from different providers. Service providers can use agreements as a provisioning
target driving resource management as well as to estimate future demand and analyze
client needs. Combining multiple agreements allows for the creation of agreements of
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arbitrary complexity. Automatic resource management based on such agreements
allows for adaptation that can both leverage and counteract the changing conditions in
the Grid.

In this paper, we describe the implementation of an agreement-based infrastructure
loosely based on the WS-Agreement specification [9] currently developed at the
Global Grid Forum (GGF). We describe terms for specific applications including
combined agreements, dependency based agreements, and agreement templates. To
manage uncertainty, we associate agreements with confidence levels representing the
strength of the agreement to the client. Finally, we demonstrate how our implementa-
tion satisfies a client’s point of view, working under to constraints of a virtual control
room developed by the National Fusion Collaboratory for use in fusion experiments.

2 Agreements: Architecture and Implementation

In this section, we first give an overview of the architecture of our system loosely
based on WS-Agreement [9]. We then describe our implementation of this architec-
ture and our definition of agreement terms used to capture agreements for services
described in section 3.

Fig. 1. Interactions in an agreement-based system

Figure 1 illustrates a basic interaction in an agreement based approach to resource
management. The interaction starts with a negotiation process which can be viewed as
a discovery phase in which clients advertise their needs to the agreement factory, and
the factory represents what capabilities can be provided depending on policies, state
of the Grid and other potential factors (1). This phase ends in the creation of an
agreement when both sides commit (2). Agreements represent state that can be ac-
cessed and managed in terms of its lifetime and other properties. For example, in [9]
they represented as Grid services [10] while we used an approach that is closer to
Web Services Resource Framework (WS-RF) [11]. Agreement terms describe the
objectives of a particular agreement. The client can manage (e.g., destroy or renegoti-
ate) and monitor an agreement throughout its lifetime (3).

Once an agreement is created, it can be used to create or influence a service so that
it meets specified objectives. Depending on the agreement terms, this may happen
automatically (i.e., without requiring any further action from a client), or it may be
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triggered by an event from a client (4). Further, a client may be required to explicitly
point a provider at an agreement, or the agreement may be available to the provider
through other means.

Although in practice both agreement management and the service provider may be
implemented in the same service, the agreement format and interface are distinct and
the same across multiple services. By standardizing it, we enable service providers to
integrate agreements into their implementation model.

2.1 Implementation

We implemented agreement-based interactions using the Globus Toolkit 3 (GT3).
While our implementation was influenced by WS-Agreement [9] and Web Service
Level Agreement (WSLA) [12], our use case did not require a full implementation of
it. Instead, we focused on defining terms and functionality required by the application
and practical experiences with the system.

Instead of representing each agreement as a Grid service [10], we implemented the
factory to create and maintain a table of current “agreement entries” exposed as fac-
tory Service Data Elements and managed as factory state. The factory also imple-
mented the agreement management interface. Although based on an implementation
of Grid services, this approach makes our implementation much closer to WSRF [11];
in general we found this model to be simpler and lighterweight.

Our negotiation process is simplified and emphasizes discovery. An agreement fac-
tory allows a client to retrieve an “agreement template” (based on the Agreement -
TermType in the section below) advertising some initial values of the agreements it
supports: for example, a factory may support only services of a fixed description. The
clients can then fill out some or all fields in this template and propose an agreement.
By filling out more or fewer fields, the client can effectively ask a more or less con-
crete question about the availability of a specific service. The agreement may be re-
jected (if the terms specified by the client cannot be satisfied) by returning an excep-
tion. Alternatively, the factory can supply values for fields not filled out by the client
and return it as provider’s pre-committed offer together with an agreement handle
identifying the agreement. Pre-commitment on the provider’s side results in creating
an “agreement entry” with a short expiration time that can be extended if the client
commits (or expire if the client abandons negotiation). After receiving factory re-
sponse, the client can either commit to the proposed agreement or try again. Our ne-
gotiation model is simpler than WS-Agreement as it does not implement multi-phase
negotiations or support renegotiation once an agreement has been created. Further, it
allows negotiation on the level of the whole agreement only. We also support a sim-
pler commitment model: only the provider can pre-commit and client commit. Cli-
ent’s commitment extends the agreement time to the end of availability time.

Although for the purposes of our application domain an agreement should be
claimed through an event (the requisite calculations are performed when the data
becomes available) we decided to simplify this process in order to reduce the impact
of service creation overhead on agreement claiming. Thus, agreement commitment
causes the requisite application service to be instantiated as soon as its availability
period starts. The client can then obtain the handle to the application service from the
factory and claim the agreement from the application service which triggers the exe-
cution of desired actions.
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2.2 Agreement Term Type

An agreement represents a commitment that services described by the service descrip-
tion will be provided during a specified time of service availability with a specified
QoS (whenever applicable). At most one such service will be provided at a time, but it
may be claimed multiple times as the availability period allows. Our agreement terms
are described as follows:

Listing 1. Generic term types used for any agreement in our system

The first three items of the schema correspond to the wsa:ContextType of the
specification. They describe the parties of the agreement and include the Grid Service
Handle (GSH) of the client and the provider. The serviceInstanceHandle
element holds the GSH of the application service created as a result of the agreement.
The dependency element contains the agreement handle(s) which the agreement is
dependent on (see section 3.2 and section 3.4 for illustration).

The availability element defines the time period when the services specified
in the agreement are available. The expirationTime element corresponds to the
lifetime of the agreement (not the created service).

The serviceLevel element refers to QoS guaranteed by the agreement. The
timeBound element describes guaranteed execution time. While some entities can
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be managed in a deterministic fashion (CPU reservation for example), others are not
(for example, data transfer over the Internet). In order to account for this uncertainty,
the service provider accompanies the agreement terms with a confidence level with
which it can provide the terms.

The serviceDescription element is a domain-specific element; its content
depends on the service; examples will be described in the next section.

3 Agreements and Services

In this section, we describe service description terms for a few simple services and
corresponding service implementations that can be used within an agreement-based
framework described in the previous section. We describe how service levels were
implemented and how the corresponding levels of confidence were estimated.

3.1 CPU Reservation Service

Agreements for this service allow clients to reserve a CPU resource. The ser-
viceDescription term is defined as follows:

This service description is sufficient to reserve one CPU per host and possibly time-
sharing that CPU with other jobs. Thus, CPUUtilization describes the percentage of
CPU to be used. When the agreement is claimed, the job ID of a job to which the
reservation should be applied is passed as an argument to the claim. Note, that the
services description here is not related to QoS: the agreement simply states that a
certain service will be provided.

The implementation of the resource reservation service is similar to GARA [6]: to
implement resource reservation, this service utilizes DSRT [13], which has function-
ality to allocate specified percentage of CPU cycles to a certain process. The service
maintains a reservation table; when an agreement is proposed, the table is first con-
sulted to make sure there is a slot available, and if a specified percentage of CPU
cycles is free during the period of availability, the proposed agreement is accepted.

To meet the needs of more complex hardware configurations, these service
description terms can be extended (see [14] for a more extensive definition of terms).
We are currently working on generalizing this infrastructure to allow reservations in
clusters using for example the Maui scheduler plug-in in conjunction with the PSB
batch system [15].

3.2 Application Execution

The terms below allow a client to make agreements for the execution of an applica-
tion. The service description represents the name of the program and concrete argu-
ment values. For the specific application used in our experiment (the magnetohydro-
dynamics equilibrium fitting code EFIT [16]) the serviceDescription is as
follows:
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The agreement for this service guarantees execution of a specific service description
with certain service level as described in listing 1 (in this case: the execution time is
bounded by a certain value). It is important that the service description externalizes all
the arguments that QoS may depend on; in this example both executionMode and
timeSteps influence the execution time of our application.

To meet the QoS, this service reserves CPU resources using the CPU reservation
service. In the current implementation, resource reservation is made by job execution
agreement factory when the level of the execution service is negotiated, but we also
envision scenarios where the client can use a preexisting reservation as input to nego-
tiation. The GSH of CPU reservation service is stored as the dependency element
of AgreementTermType (see listing 1). It should be noted that the agreement does
not indicate in what way or to what extent the service depends on the dependency
agreement; the knowledge of how to “consume” the dependency is application-
specific.

The time bound on which the service will finish, is calculated by combining infor-
mation about the resource reservation and prediction of execution time based on his-
torical data and scaled to the number of timesteps and the CPU share. The confidence
level of the time bound is modeled as prediction error. Thus, although the terms of the
agreement are based on resource management, they are to some extent informational,
that is, the estimate of execution time is based on prediction rather than adaptive man-
agement of the application.

When the agreement is claimed, the service starts executing the job using GT3’s
Grid Resource and Allocation Manager (GRAM) service. The CPU is claimed by
associating the job ID of the job started in this way with the reservation and the exe-
cution time of the application is monitored by the provider and reported after the
execution finishes.

3.3 Data Transfer Service

The Data Transfer Service is implemented based on the GT3 reliable file transfer
(RFT) [17] service and uses RFT’s transferRequest as part of its service de-
scription. Among other qualities, transferRequest contains information about
the source and destination of the transfer, needed to calculate QoS. The exact parame-
ters are as follows:

Again, estimates of execution time (transfer time, in this case) are based on a sim-
ple prediction depending on historical data for this transfer, and confidence level on
associated error. Although we have explored more sophisticated ways of QoS en-
forcement for data transfer [18], we have not yet integrated them into this system.
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Since fusion codes produce multiple files as a result of a run, the data transfer ser-
vice has been customized to operate on directories of data rather than individual files:
the data is tarred before RFT is invoked and untarred at destination. As with applica-
tion execution, the transfer time is monitored by the provider and reported after the
service finishes.

3.4 End-to-End Application Execution

Providing an end-to-end application service based on remote execution requires coor-
dinating several subsidiary services. In our case the workflow scenario is very simple
and consists of application execution and data transfer of output data. The ser-
viceDescription exposes interface similar to application execution:

As before, the service description externalizes arguments on which the QoS de-
pends; in this case we add the argument describing the destination of the data to those
on job execution. In this way, the end-to-end timebound calculation can be adjusted to
the location in which the execution is eventually scheduled.

The end-to-end application service directly depends on the job execution and data
transfer services for its service level. We currently store those dependencies as the
dependency element of AgreementTermType. Negotiating a composite agree-
ment is more complex as it requires the factory to in turn to negotiate subsidiary
agreements. Further, dependencies between multiple components may impose an
order on negotiating subsidiary agreements. The end-to-end time is calculated by
combining execution times of the services in appropriate ways (in our case by adding,
but in general we could use min/max, etc.) and using the confidence level of subsidi-
ary services to calculate a weighted error. As with the other services, the workflow
and its subsidiary services are instantiated when the availability period starts. Claim-
ing an agreement on an application service will trigger claims on subsidiary services.

In principle, by externalicing the application description as a workflow rather than
an opaque service we could both express a stronger dependency and subject much of
what is currently embedded implementation to automatic management. While full
implementation of this concept would require incorporating a workflow language into
our agreement structure, we made some modest steps in that direction by for example
externalizing service monitoring.

4 Case Study: Interactions in the Virtual Control Room

Our prototype infrastructure and services were put to the test in the virtual control
room experiment at SC03 illustrating how Grids can be used in fusion science ex-
periments. Fusion experiments operate in a pulsed mode producing plasmas of up to
10 seconds duration every 15 to 20 minutes, with multiple pulses per experiment.
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Decisions for changes to the next plasma pulse are made by analyzing measurements
from the previous plasma pulse (hundreds of megabytes of data) within roughly 15
minutes between pulses. This mode of operation could be made more efficient by the
ability to leverage Grid resources to do more analysis and simulation in the short time
between pulses. Hence, the ability to do time-bounded execution in the Grids is of
critical importance.

The virtual control room experiment followed the script of typical experiment
preparation and interaction. Before an experiment, a scientist can negotiate an agree-
ment for the execution of a remote fusion code and request for data to be delivered to
a specific location. This process allows the scientist to experiment with, and fine-tune
the parameters for the execution of the code. Thus the agreement-based system is
used not only to perform management actions but also to structure and automate ex-
perimental process that has grown more complex with the use of Grids.

The agreement formed in this way promises to deliver an end-to-end QoS on exe-
cution time of the service as long as the execution is requested within a certain avail-
ability window. Delivering the QoS entails combining data transfers with application
execution and CPU management. At the time of the experiment, the client can request
service execution against a previously formed agreement and expect it to be satisfied
with the agreed on QoS.

In the experiment our implementation and services discussed earlier were used to
obtain agreements and claim execution of an end-to-end EFIT application service.
The agreement based execution was triggered form the SC03 show floor in Phoenix
Arizona when experimental data became ready. The execution comprised: (1) reserva-
tion-based remote execution of EFIT at Princeton Plasma Physics Lab (PPPL), and
(2) data transfer to the control room team at General Atomics in California. Servers of
each site executed on Pentium 4 1.5GHz CPU under Red Hat Linux 7.1.

Measured
Agreement

application service
95 (92-99) sec
95 sec, 90%

data transfer service
54 (52-57) sec
53 sec, 93%

end-to-end execution
173 (167-180) sec
172 sec, 92%

The table above shows how our actual execution values compared to what was
promised in the agreement. The “measured” row shows the mean of 10 values and
their range for each quality measured. The “agreement” row shows promised value
and the level of confidence with which it is promised. The results show good agree-
ment with estimated values. The overhead (difference between total execution time
and sum of application execution and data transfer time) is large mainly due to the
fact that while the time spent on the respective services was measured locally, the
end-to-end execution time was measured from the SC show floor accumulating the
high latencies of acknowledgement messages from the services. Despite that, the
overall execution time was satisfactory.

5 Conclusions and Future Work

Although our implementation provides only a simple negotiation model, we found
that it fulfilled the needs of our use case very well. The negotiation phase worked well
as a capability discovery customized to the needs of a client. In fact, some of our
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current agreements are used in “advisory” capacity and enable the scientist to do, in a
structured way, what was previously done and an ad hoc manner: estimate times for
codes that will be run during the experiment. Underpinning this interaction are the
resource management actions ensuring the success of such preparations.

Given the dynamic and unreliable nature of a Grid environment, any guarantee
must be qualified: resources may become unavailable or policies and priorities may
change at any moment. Furthermore, while some qualities in the Grid can be managed
(CPU reservations for example), others cannot: we cannot reserve bandwidth on the
Internet or predict exactly the runtime of an application. For this reason, we have
introduced levels of confidence used by the provider to represent the strength of a QoS
guarantee. We modeled them as the probability that a certain QoS will be achieved.
While this measure is correct from a provider’s perspective, it is not very helpful for
the client since it does not give it the means of verifying failure rate. However, with
the addition of resource management it is possible to convert a provider’s failure rate
into a failure rate for a specific user. Such guarantee would be more appropriate from
the perspective of our use case.
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Abstract. The use of a service-based approach in Grid computing will
lead to such services becoming valuable economic commodities. Cur-
rent economics models on the Internet are concerned with the creation,
sale and purchase of commodities (generally information resources), and
ways in which buyers and sellers interact in markets for them. Although
several initiatives are engaged in the development of Grid technologies,
Grid economy issues are yet to be fully addressed. A “Grid market”
architecture based on the double auction economic model is proposed.
Components of the design, and a prototype of the double auction model
framework, which makes use of the Globus and Java CoG toolkits, are
subsequently presented.

Combining commodity technologies like Web Services with Grid technologies like
Globus/UNICORE, has led to the development of Grid Services. This change is
significant, as it enables the use and provision of such services on a variety of
different platforms and operating systems. The price at which services can be
sold depends on factors such as demand, supply and how the market operates.
Participants in a Grid services market may be suppliers of computational or stor-
age resources, or consumers as application or data users. We make the following
assumptions within our market model: the demand for a particular Grid service
is determined by the value users place upon the service, and the price they are
willing to pay to obtain it. We also assume that the number of Grid services that
are supplied in the market depends on how much suppliers can expect to charge
for them, and costs of any existing similar services. The nature of competition
amongst suppliers, how they interact with customers, and how the market is
regulated play an important role on the pricing of Grid services. Based on the
price charged and market rules, a provider has to recover cost and remain active
on the market. The economic models and charging rules for Grid computing
have to evolve according to market driven forces. A trading mechanism based
on the auction economic model for Grid services should provide tools to deliver
some overall value (or utility) to users, and it should allow them to express their
requirements and overall goals.

The components of a Grid auction system, (referred to as the Grid Mar-
ket Model Flow) based on a double auction model, are described. In a double
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auction system buyers and sellers are treated symmetrically, with buyers sub-
mitting bids and sellers submitting asks. The architecture combines workflow
approaches with a resource trading model provided through the double auc-
tion system. We focus on the security and auction issues, which differs in focus
from Grid Bank [6] and the procurement process (as investigated by others).
The main contribution of this paper is the particular architecture for a Grid
market, based on the notion of a Virtual Organisation (VO), and a partial im-
plementation that demonstrates our ideas using Java CoG. The COllaborative
VIrtual TEams (COVITE) project [8] develops a software tool in which such
of VOs can form and evolve and offers also the possibility of developing and
integrating instances of Grid markets. The Figure 1(a) shows the PSCD appli-
cation integrated with the Grid market component. Resources can belong to
multiple concurrent VOs, participants may buy or sell their resources (for ex-
ample CPU time, CPU power and memory in order to host Slave Grid Services
of their VOs) to Grid market instances, so the utilisation of their own surplus
can be maximised. The paper is organised as follows: Section 1 illustrates re-
lated work of auction systems for Grid resources. Section 2 presents the Grid
Market Model Flow architecture. Section 2.1 illustrates the double auction Grid
economic market architecture scenarios and some implementation. Conclusion
and further work follows in Section 3.

Fig. 1. Grid Market Module integration within the PSCD application.

1 Related Work

Various economic models including microeconomic and macroeconomic prin-
ciples can be applied when sharing Grid resources in a market. Some of the
commonly used economic models include: Commodity Market Model (service
providers specify the service price and charge users according to the amount of
service they utilise), Posted Price Model (similar to commodity market model ex-
cept that there are special offers for services from time to time in order to attract
more users), Bargain Model (resource providers offer their resources at a price as
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low as possible for use over longer time periods), Auctioning Model (such as those
based on e-commerce, e-auctioning, e-marketplace, etc), Tendering/Contract-
Net Model (based on the contracting mechanism – which governs the agreement
between users and service providers for consuming the resources), Cooperative
Bartering Model (resources are shared within a community – and members are
allowed to barter for resources owned by the community), Monopoly (the case
when a single service provider is the only one on the market offering a par-
ticular service and therefore dictates the resource price), Market-based control
(whereby an ‘artificial economy’ is established for sharing resources) [2]. In ad-
dition to these economic models, different pricing schemes apply on the markets,
such as: Flat price model (once the price is established it remains unchanged for a
certain period of time), Competitive economic models (such as e-auctioning and
e-marketplaces), Usage timing (peak/off-peak – like telephone services), Demand
and supply based (prices change as supply and demand change), Foresight-based
(based on the ability to model and predict responses by competitors), Loyalty
based (special prices for loyal and regular users), Advance agreement/contract
based (the price is agreed and a contract established a time before the use of
resources) [2]. Some of these economic models and pricing schemes have already
been used in different Grid projects to demonstrate their applicability in a Grid
economy. In [3] the commodity market based approach to allocated resources is
used, where resources are classified into different categories based on their hard-
ware components, network connectivity and operating systems. An algorithm is
presented to determine the price of the resources based on the demands of the
resources (or bundled resources) and the supply for commodities. This price is
based on the tâtonnement process – that is postulated in economic theory to
explain price determination in competitive market. In such a scheme the allo-
cation is not changed until the price reaches equilibrium. The initial price is
pre-assigned. The resource is allocated on a first come-first serve base.

In [4] two economic models are used: commodities market and the Vickrey
auction. First, the commodity market model treats disparate resources as inter-
changeable commodities. The supply and demand pricing scheme is applied to
determine when transactions are completed. Second, the Vickrey (second-price
sealed-bid) auction model is used for determining transaction prices for two com-
modities – the CPU (processor) and storage. In [5] a market based mechanism
for trading CPU time is presented, in which the Vickrey (second-price sealed-
bid) auction and a simple sealed-bid double auction (both buyers and sellers
offer a low price and a high price, as well as a rate of change) are implemented.

Economic theory models have generally been used in the context of resource
allocation, although the important question about which model is the most ap-
propriate for supporting resource and allocation on the Grid is often not fully ad-
dressed. Often it is also difficult to pinpoint the exact model to use in a particular
instance – requiring multiple models to co-exist. However, numerous applications
of double auctions in electronic commerce, including stock exchange and financial
markets, business-to-business commerce, market-trading of equities, commodi-
ties etc, have lead to a great deal of interest in fast and effective algorithms of
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the double auction model [8]. This economic model therefore provides a useful
approach in the context of resource allocation on the Grid. We make use of this
research, and feel that it best represents the exchange of resources within a Grid
environment. The double auction model proposed aims to force the market to a
theoretical equilibrium price, as there are posted “bids” (buy orders) or “asks”
(sell orders) and the auction process rules determine prices. The Grid services
have a price based on the demand, supply, and value in the Grid economy. The
real-time process auction periodically closes the bidding process and chooses
the winners. Members of the Global Grid Forum GESA working group [6] have
started to define the protocols and service interfaces needed to support a variety
of economic models for the charging of Grid Services using the Open Grid Service
Architecture (OGSA). This effort is concentrated on developing an infrastruc-
ture to enable the trading of Grid services, as well as defining additional service
data and ports needed to describe an economic Grid service. This has led to the
definition of a “Chargeable” Grid Service and the Grid Banking Service, as a
step to a Market for Computational Services. In [7] a computational economic
framework for resource allocation and for regulating supply and demand in a
Grid computing environment is presented. Various economic models from the
real world market are described for setting the price for Grid resources such as:
commodity market, posted price, tender and auction models, as described earlier
in this section. The prices of the resources are based on supply and demand, and
their perceived value to a user.

The architecture proposed in this paper is complementary to the GESA work-
ing group. It also describes an auction mechanism service, in part presented in [7],
and shows the interaction with other components in a Grid market. The main
focus is on an auction broker (making use of workflow operations) based on the
double auction model. The advantage of the double auction model is that it pro-
vides a robust process of price discovery. Bidders can initially bid conservatively,
and then raise their bids in response to market forces.

2 Grid Market Model Flow

A Grid market is a virtual place where Grid services are traded at specified
time periods. The concept of a market may be related to that of a “Virtual
Organisation” (VO). A typical Grid project often involves many individuals and
institutions collaborating for the duration of the project – forming a VO. Each
such VO may be an instance of a Grid market in which resources can be traded.

Grid Market Architecture: Components of the Grid Market Model Flow
architecture are illustrated in Figure 1(b). A double auction model in which a
‘bid’ and ‘ask’ are submitted to a common Grid market any time during the
trading period is used. An ask starts at the highest price and is decreased,
and a bid starts at the lowest price and is increased. Customers issue a bid
for the resources needed, and Grid resources issue an ask with the price and
resources offered. If any bid and ask match their requirements and prices, the
trade is executed. The Grid Market Model Flow architecture has two types of
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components: Brokers and Data Repositories – Brokers operate on the data in
Repositories. The Brokers include a Registration & Authentication Broker, an
Auction Broker, a Contract Broker, and a Payment Broker.

Registration & Authentication Broker is used for security management. The
broker defines a security framework using the Globus Security Infrastructure
(GSI) – requiring users to provide a private key and an X.509 certificate to
authenticate themselves [1]. GSI provides a single sign-on capability, and sup-
ports delegation, via a proxy, to perform the authentication on users and Grid
resources’ behalf. Further details regarding the full implementation of the Regis-
tration & Authentication Broker can be find in [11]. Auction Model Flow Broker
is used for auction management, and comprises of a Resource, Auction and
Decision Broker. The Resources Broker is used to access the Market Models
Repository for displaying the current active bids. The Resource Broker contains
rules which apply to the market, such as: the definition of a bid string, the re-
serve price for the ask, time period over which an ask is alive on the market, etc.
All participants have to agree with the rules defined in the Resource Broker in
order to place their bids or asks in a market. The Auction Broker is used for the
real-time auction process, while the Decision Broker decides when the auction
process will close and a winner chosen. The Decision Broker also contains rules
such as: how long a bid or an ask can stay alive, when a bid or an ask are fired,
etc. Contract Broker is responsible for managing the Service Level Agreement
(SLA) after the transaction is executed. The SLA is part of the contract that
guarantees the quality and the performance of Grid services acquired during the
auction process by users. An SLA must cover performance parameters, such as:
networking parameters (e.g. bandwidth), computational parameters (e.g. num-
ber of processors, CPU time, CPU power, storage capacity, etc), the duration
for which the Grid service is required, the cost of the transaction, etc. We ex-
plore the use of SLAs in other work [9]. Payment Broker is used to charge for
the transaction via a Bank [6]. The Contract Broker initiates, and the Payment
Broker closes the procurement process. The Bank is an established infrastructure
used to transfer money from the account of a service user to a service provider
accounts, to pay for Grid services purchased within the auction.

Data repositories include a Market Models Repository, which both service
users and providers have access to. This repository contains a list of prices for
different services available on the market. Service providers can define a fair
price for their resources using the Price Algorithm Broker, and service users
can issue a bid for resources with the price which is in demand on the market
at that time. The second repository – Registration Repository is used to keep
information about all participants on the market.

2.1 Scenarios

Two Grid economic market architecture case scenarios are presented from the
point of view of how the market is defined: first, a common single market for
trading resources, and second, a market that contains sub-markets for each type
of resources traded.
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Common Single Market: The following resources can be traded in a com-
mon single market: CPU time, CPU power, memory, and storage capacity. The
auctions will run according to the following high-level protocol:

1.

2.

3.

4.

A Service User submits bids with preferences, threshold and expenditure
limits (prices) to the Auction Broker.
A Service Provider submits their asks with a “reserved” price to the Auction
Broker.
The Auction Broker updates its price quote every T minute, indicating the
current going price(s). A value of 5 minutes for T is used as the default in
our system.
The Auction Broker uses a schedule to decide for how long a bid and an ask
are alive on the market.

The rules defined in the Decision Broker specify when or under what conditions a
bid matches an ask, and record the transaction. A bid or an ask become inactive
if they do not lead to a transaction within the scheduled time for which they
are alive, as specified in the Auction Broker. Both a service user and provider
may decide to once again issue a bid and an ask, or to retrieve them from the
market.

The bid format is defined as a bid string – representing a willingness to buy
or sell the service in an auction. A service user bid string contains a list of bid
points in the following format: where: is the bid substring
in the following format: In this bid, parameter 1 represents CPU
time, parameter 2 represents CPU power, parameter 3 represents memory, and
parameter 4 represents storage capacity, represents the type of the Grid service
a participant is willing to buy. represents the price of the Grid service a
participant is willing to pay for. An Auction Broker uses the following rule: a
service user is willing to buy services of type for a price but not bigger than
the expenditure limit prices defined when the bid is placed on the market. is
the preference (threshold) parameter, and lies between 1 to 10. The threshold
has to be chosen when a bid is placed on the market. A service provider bid
string contains a list of bid points in the following format:
where Parameter definitions are the same as before. An Auction
Broker uses the following rule: a service provider is willing to sell goods of type

for a price but not less than the reserved price defined when the ask is
placed on the market. The bid is placed on the market with a threshold. The
bid string contains preferences for each service traded on the market.

The following example illustrates the rules: consider a service user bid string
of (10(1 £30), 2(2 £25), 4(3 £35), 7(4 £32)); the threshold is £5 and the ex-
penditure limit £33 for each service; as soon as substrings 1 and 4 are fulfilled
(because their preferences are bigger than the threshold) then the bid is fired and
the transaction recorded; even if substrings 2 and 3 are not fulfilled, or only one
of them is fulfilled. Alternatively, consider a service provider ask string of (-(1
£35), -(2 £0), -(3 £0), -(4 £0)) with a reserved price of £29. The requirement
of the ask is fully fulfilled if the price offered for it is no less than the reserved
price of the ask. If the price is less than the reserved price, the ask is fired but
the transaction is not recorded.
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Common Market with Multiple Sub-markets: We now consider a common
market which contains multiple sub-markets – with each sub-market being used
for trading specific services. As before, the common market contains four sub-
markets: for CPU time, CPU power, memory, and storage capacity. The auction
uses the same high-level protocols and assumptions as in the single market. A
service user bid format is defined as follows: where in which

represents the price of the Grid service. The following rules will apply in the
Auction Broker: (1) the service user is willing to buy the good at the auction,
for a price but not bigger than the expenditure limit price. (2) is the
preference (threshold), on a scale from 1 to 10 – chosen when a bid is placed on
the market. The service provider bid string contains a list of bid points in the
following format: where in which is the selling price of the Grid
service. As before, the service provider wants to sell the service at the auction
for but not less its reserved price.

Consider the following scenario: if a user needs, for example, three out of
four services, bids with their preferences may be placed on specific sub-markets,
with a threshold for each bid. A transaction is fulfilled as soon as all the bids
from sub-markets complete. If we consider the following service: 1=CPU time,
2=CPU power, 3=memory, and 4=storage capacity, and only 1, 2, and 4 are
required, then the bids in specific sub-markets are as follows: for service 1,
for 2, and for 4, The threshold chosen is 5. As soon as the bids with the

(service 1 and 4 here) have fulfilled their requirements, service user has
traded on each sub-market, but for a price not bigger than the limit expenditure
price. The transaction is recorded even if the bid with (service 2 here)
is not matching his requirements. Conversely, a service provider’s ask is fully
fulfilled if the price offered for it is no less than the reserved price of the ask. If
the price is less than the reserved price, the ask is fired but the transaction is
not recorded.

The prototype uses RedHat Linux 7.3, and Globus 2.2.4. The programming
tools are: Java2 SDK Version 1.4.1-01, Java CoG version 1.1., Servlets, and JSP,
with an Apache Tomcat Web server. MS-Access database is used as a Market
Model Repository hosted by another machine running the WindowsXP operating
system. Further development will upgrade the database to MS SQL Server, which
is more robust and scalable than MS-Access. The Service Providers may make
available their Grid resources and publish them in the Market Repository, as
show in Figure 2. The interface to the Market Repository is an XML based
Web Service. The Auction Broker can invoke and search the repository using
Simple Object Address Protocol (SOAP) messages. The prototype currently
supports security and auction brokers only – work is underway to add additional
components.

3 Conclusion and Further Work

A Grid market architecture based the double auction theory is described. This
auction model is the dominant market model for real-world trading of equities,
commodities, derivatives, etc. This paper focuses on two Grid market model
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Fig. 2. The Market Repository.

architectures (the designing and development) of an auctioning system, based
on the double auction model postulated in the economic literature, used for Grid
resource acquisition based on the “supply and demand” principle.
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Abstract. Despite important advances in Grid computing, scalability
and interoperability issues obstruct the integration of the existing iso-
lated grids into the Grid. We propose a worldwide monitoring framework
which forms the basis for building worldwide grid information services
that can have a global notion of the Grid. This work motivates the mon-
itoring framework in terms of applications and challenges, sets its archi-
tecture and design space, and offers indicative performance results in a
variety of hypothetical Grid instances.

1 Introduction

Grid computing is emerging as a new paradigm for on-line resource sharing and
collaboration; numerous yet small and isolated grids exist as of early 2004. The
existing grids, however, are missing the properties that are required for scal-
ing and integration into the Grid (i.e., the capitalisation denotes a worldwide
Grid where millions of nodes can collaborate to form “virtual organisations” as
needed), in the same way that the Internet bridges together dispersed networks
around the globe. The technical issues of this integration include the restructur-
ing or extension of basic grid services in order (i) to satisfy the scalability and
robustness required for operation into the Grid, and (ii) to support interoperabil-
ity between grids with potentially different middleware implementations. Among
the basic grid services, information services (e.g., [3]) include the collection of
data about resources (monitoring) and the use of those data to support resource
discovery and enquiry. However, existing information services are not interop-
erable, and suffer in terms of scalability because they are intended for small to
medium size deployments. In this respect, the execution of a large scope resource
discovery query (e.g., search throughout the Grid for the cheapest resource with
given characteristics) would need a significant amount of time.

This paper proposes a worldwide monitoring framework that operates on
top and hides the diversity of existing monitoring and information services, and
thus supports the visibility and eventually utilisation of resources across grids.
The suggested framework can cope with the scalability requirement of a Grid
because resource information is collected in advance of queries, as opposed to on
demand. Consequently, the overhead is proportional to the total number of grid
resources, in contrast to the total number of query requests, which is the case
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for existing information services. The framework provides a uniform and general-
purpose interface for worldwide grid information services, and allows analysis of
the Grid in a similar way Netcraft and Alexa (netcraft.com,alexa.com) anal-
yse the World Wide Web. Besides motivating a worldwide monitoring framework
and setting the design issues that need to be addressed for a scalable, flexible,
and robust realisation, an additional contribution of the paper is a feasibility
experiment with simulation results that indicate the performance of a minimal
version of the proposed framework in a variety of hypothetical Grid instances.
This paper considers architectural and performance issues of the framework but
does not contribute towards interoperability.

The next section outlines potential applications of the suggested monitoring
framework and identifies the involved challenges. Section 3 proposes a general ar-
chitecture and highlights the relevant design space. Section 4 presents simulation
results to illustrate the framework’s scalability and Section 5 concludes.

2 Applications, Challenges and Related Work

The proposed monitoring framework can be used two-fold: (i) to build efficient,
Grid-wide resource discovery end-user applications or services, such as search
engines or directories of grid resources, or (ii) to provide a variety of “global
view” services to enhance the understanding of the Grid.

Grid search engines, as envisaged in [4], may provide an efficient means of
resolving complex, large-scope queries (i.e., involving the combination of infor-
mation from many organisations.) However, end-users may not be able to specify
exactly their needs or be unaware of the resources that are available through-
out the Grid. In this respect, resource directories could support end-users to
find the appropriate matches through a browsable list of resources, offered in a
variety of classifications. The latter can be based on criteria such as discipline
(in case of collaborations, data repositories, and on-line instruments), sharing
policy, physical location (e.g., continent, country, city), administration hierar-
chy (e.g., virtual organisation, organisation, department), supported quality of
service guarantees, and hardware and software specifications.

On the other hand, global view services will provide a comprehensive quantita-
tive and qualitative characterisation of the Grid throughout time. This will help
to understand the dynamics of the Grid, support long-term capacity planning
and contribute to its realistic modelling and simulation by answering questions
such as: how many are the grid resources in the public (commercial) Grid; what
is their distribution among sites; which resource types are rare or popular; which
grid sites are most reliable; how these numbers evolve throughout time; and how
does the Grid’s evolution relates to that of the Internet.

Challenges. A realisation of the proposed monitoring framework needs to ad-
dress a set of contradicting requirements; namely scalability, extensibility, adap-
tivity, flexibility, completeness and freshness of the collected information. The
system must be highly scalable with respect to the number of resources available
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throughout the Grid, and to the imposed network intrusiveness. The latter is a
crucial concern given the high utilisation costs of wide area network links. The
design must also allow for extensibility to readily accommodate the new types
of resources that are introduced for sharing through the Grid. This concern has
motivated the grid and web communities to adopt XML and RDF based repre-
sentations (www.w3.org/{XML,RDF}); their applicability on a worldwide moni-
toring framework, however, should be investigated with respect to the stringent
scalability requirement. The monitoring framework also needs to be adaptive to
unforeseen conditions, such as a rapid growth of the number of grid resources
or an Internet slowdown caused by a worm. In addition, it must be flexible with
respect to (i) the overhead that resource providers are willing to accept; and (ii)
the supported query language for resource-related information retrieval.

Moreover, the framework has to support a high degree of coverage of the Grid.
Although this completeness may not always be needed, it is what differentiates
the proposed framework from the existing, scope-limited grid information ser-
vices. The completeness requirement is an engineering challenge (e.g., to achieve
the required scalability and accommodate the diversity in monitoring and infor-
mation systems) as well as a political one (e.g., why should resource providers
expose detailed information concerning their resources.) Last, the freshness of
the collected information refers to its correctness with respect to the dynamic
nature of resources. Obviously optimal freshness cannot be achieved given the
scale and dynamism of the Grid. Highly dynamic features of resources (e.g., CPU
load) could be considered as statistically annotated aggregates.

Related Work. Many research activities relate to the integration of grids, includ-
ing middleware interoperation [2] and semantically rich (e.g., domain dependent)
resource matching [5]. In the context of large-scale information services, however,
the only work we are aware of is that of Balaton et al [1]. In contrast to our work
which extends the web crawler paradigm, their proposal resembles the architec-
ture of the USENET Internet service. In particular, their system appears to
have a more decentralised structure; it would be interesting, however, to see how
a USENET-like system could support user-level flexibility of data collection,
delivery and scheduling policies (discussed in the next section).

3 Overall Architecture and Design Space

This section describes the considered framework’s architecture and the relevant
design space that needs to be explored. The presented architecture is a gener-
alised extension of the one described in [4]. For the needs of the following discus-
sion, resource provider and resource information collector sites are referred as
grid and collector sites respectively. Grid sites host resources that are exposed
through the monitoring framework; collector sites systematically collect infor-
mation about available resources. The exact granularity of grid sites (e.g., de-
partments or organisations) is an issue that needs to be investigated. Generally,
higher granularity suggests more potential for aggregating resource information,
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but also more network links affected by the traffic generated by the monitoring
process. The proposed architecture consists of proxies, crawlers, and collectors
(Fig. 1). Proxies are located on grid sites for continuously collecting data about
local resources (i.e., configuration and status properties), either from the actual
resources or from the local information services. Also, proxies aggregate and
normalise these data according to a universal and compact data representation.
On the collection side, multi-threaded
crawlers traverse the network of previ-
ously discovered proxies for retrieving mon-
itoring information, which is later used
in application-specific ways. Additionally,
proxies actively push a minor subset of the
monitoring information to multi-threaded
collectors, located at the collector site, to
achieve timely delivery of previously desig-
nated important events (e.g., that an im-
portant resource has gone through a hard-
ware upgrade.) Note also that proxies, in
addition to the important functionality al-
ready described, are necessary to achieve
the decoupling, in time and space, between
resources on the one hand, and crawlers
and collectors on the other1.

Fig. 1. Overall Architecture of the
proposed monitoring framework
(R:Resources, GIS:Grid Information
Services).

Design Space. The described architecture sets the components and their interac-
tions, but still many design variations need to be evaluated. These relate to four
core themes: resource representation and addressing; data collection and reduc-
tion; data delivery and scheduling policies; and proxy membership management.

An extensible, expressive, yet highly compact resource representation is
needed to capture, in addition to standard resource properties, the multi-dimens-
ional relationships between resources (e.g., physical, logical, administrative.) Ad-
ditional information regarding usage policies and disciplines needs to be sup-
ported. Another issue to be tackled is the provision of a universal resource ad-
dressing scheme that, among others, features high performance filtering; pro-
perty-, structure-based schemes (e.g., feature vectors and uniform resource iden-
tifiers (URIs) respectively) and combinations of them have to be considered.

Exchanges between proxies and crawlers/collectors need to be relatively rare
(given the sheer number of proxies.) To this end, crawlers have to set, and com-
municate to proxies, a data collection policy concerning the type, level of detail,
and temporal granularity (e.g., fifteen-minute average values of, say, processor
load) of the desired information. Proxies systematically collect and keep this
information for the period between consecutive crawler “visits.” The collection

1 Time decoupling means that two parties need not be on-line at the same time in
order for them to communicate; space decoupling means that the parties need not
know the other end’s address/location.
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activity may vary significantly depending on the capabilities of local information
services (e.g., lack of subscriptions requires polling.) In addition, data reduction
techniques need to be evaluated for minimising the size of the transmitted in-
formation, and therefore the imposed network overhead.

A data delivery policy determines whether proxies passively provide (pulled
from crawlers) or actively send (pushed to collectors) a given type of informa-
tion. This should be decided on the basis of a given information’s lifetime and
significance, as well as the importance of the associated resource. Once such a
policy is in place, a scheduling strategy is needed to determine the frequency
and ordering of pull and push exchanges, in order to achieve optimum freshness
of the delivered information, taking into account the resource limitations of the
collector site (e.g., an inappropriate scheduling of pushes could easily overwhelm
a collector site’s network or processing capacity.)

An equally important design axis is the effective management of proxy mem-
bership. That is, the procedure that determines how new proxies join the mon-
itoring framework (e.g., register with a collector site or passively discovered.)
Also, collector sites have to set and identify the conditions in which a proxy’s
membership should be maintained or terminated (e.g., during a temporary net-
work partition or a permanent shutdown of a grid site).

4 Simulation-Based Preliminary Results

A simulation-based evaluation (based on SimPy, simpy.sourceforge.net) of
a minimal version of the framework was carried out to illustrate its scalability
and estimate its performance in terms of the time needed for a (theoretically)
complete Grid crawl. Although performance needs may vary among different
applications of the framework, a Grid crawl per 24 hrs is assumed for resource
discovery purposes. (Note that the framework is suitable for more frequently
changing information through the use of push updates, which however are not
considered in this simulation.) At this point, data reduction, failures, access con-
trol, and proxy management issues are not considered (i.e., proxies are assumed
to be known to the collector site.) Proxies are collecting information about the
latest configuration of resources and their status since the previous crawler visit;
crawlers visit proxies sequentially and retrieve all information for all resources
(i.e., no filtering is applied.) No collectors exist since proxies do not push any
information.

A collector site has a 16 Mbps full-duplex Internet connection, and adequate
crawler hosts to saturate the connection. Connections between grid sites and the
collector site are assumed to have an average end-to-end bandwidth of 256 Kbps.
The end-to-end latency is sampled from a normal distribution, with parameters

(seconds.) Given the network settings and an average resource
description size, the total transmission time of crawler and proxy messages is
calculated by taking into account packet size, end-to-end bandwidth and latency.

The simulation has been run against three Grid instances (see Tab. 1), each
one consisting of grid sites, with a different static distribution of resources



422 S. Zanikolas and R. Sakellariou

among sites (10 resources each, uniform in the range [1,100] and upper-bounded
Zipf(a=1.5), respectively.) The number of average crawls per second and the
needed time for a complete Grid crawl may be misleading because the three
Grid instances do not have the same total number of grid resources and the
same number of resources per grid site. A more useful metric, the average crawled
resources per sec (see Tab. 1), suggests that the performance is dependent on
the average number of resources per site; this is because the cost of network
latency dominates the cost of network connections to proxies with only a few as-
sociated resources. This further advocates higher granularity of grid sites (e.g.,
organisation vs department.) The distribution of resources among sites does
not seem to affect performance significantly except in the Zipf instance proba-
bly due to proxies with numerous associated resources being visited at the end
of the Grid crawl (leaving the collector site’s bandwidth under-utilised since
every connection can have only up to 256 Kbps.) Last, an estimation of the
achievable number of crawls of a Grid consisting of resources within 24 hrs,
ranging from more than 2 or 3
crawls per 24 hrs, is quite en-
couraging with respect to scala-
bility, especially considering that
this is only a minimal version
of the framework with no elab-
orate optimisations (such as not
re-retrieving valid data.)

5 Summary

This paper introduced and motivated a monitoring framework that forms the
basis of (to be developed) worldwide information services, which are important
for the bridging of grids into the Grid. The paper proposed a general-purpose
architecture, identified the relevant design space, and presented preliminary per-
formance results to illustrate the framework’s scalability in a variety of hypo-
thetical Grid instances. Further exploration of the design space is needed to fully
define a working framework and improve overall performance.
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Abstract. The paper presents a hierarchical model for integrating structured
HPC legacy software modules into a grid-adaptive scientific library service able
to deliver quality computing-service on a performance contract basis. The ser-
vice proactively administers both computing resources and configurable library
software modules on behalf of client applications, and seamlessly supports their
re-configuration according to grid-aware strategies of active managers of client
applications. The library administrator logic mimics functionalities of compo-
nents containers of service-oriented architectures. The authors discuss the coor-
dination of library-serviced components into grid-aware applications composed
according to the programming model being developed by the Italian Grid.it
Project. Sample architecture for the library service, based on Grid.it component
technology, is sketched.

1 Introduction

A scientific library is a set of structured software modules developed to solve prob-
lems in a specific domain and it is used to build applications according to the Soft-
ware Engineering reuse concept. In specific domains, where high performance com-
puting is needed, the library is often implemented by encapsulating parallel and dis-
tributed computation. In particular, the structured parallel programming approach has
embodied such knowledge into patterns for the management of set of processes de-
scribed by notable Processes Graphs, called skeletons and parmods [1]. Skeletons are
automatically coded by a compiler to keep high parallelism efficiency and software
portability, while maintaining low user parallel programming effort.

In the past decade code has been developed with such a structured approach for
computing environments mapped on networks of static resources, controlled by stable
policies and providing services for exclusive resource allocation.

When deployed on grid environments managed as a Virtual Organization of re-
sources dynamically discoverable and shareable, such a code is inefficient because of
the unreliable behaviour of resources, intrinsic in the Virtual Organization model [2].

To interact properly with other grid systems parallel modules must be encapsulated
in services, enabling the scientific library on the grid, according with the checklist
definition of a Grid system that: “coordinates resources that are not subject to central-
ized control”, “using standard, open, general-purpose protocols and interfaces”, “to
deliver non trivial qualities of service” [3].
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The first requirement implies allowing serviced library modules be orchestrated by
client application. The second feature requires adoption of OGSA compliant inter-
faces [4], protocols and life cycle support service. Last requirement implies to imple-
ment a complex software engine for contract submission, violation detection (moni-
toring) and decision about reconfiguration of allocated resources.

To deliver non-trivial Quality of Service the library service should be able to hon-
our performance contracts tailored to support both application biased and system
biased optimisation strategies. Sample templates for performance contract are:

1.

2.

3.

4.

Real-Time: (application optimisation) execution of the library module with respect
of performance indexes as maximum execution time, or minimum number of in-
structions per second (template used in Project GRADS[5]).
Resource Co-allocation: (application optimization) execution on specific nodes
and links, with management of grid-resources performed by client application
manager or framework execution manager as in TRIANA [6]).
Priority: (resource optimisation) pre-emptive best-effort optimisation on a pool of
grid resources administered.
Low cost: (resource optimisation) cheapest service cost, execution on free grid-
resources (supported by grid middleware like CONDOR).

Several grid projects focused on reuse of executable legacy code describe applica-
tion workflow as a directed a-cyclic graph including data as pre/post conditions, con-
trol tasks and library execution tasks. They commit graph enacting to a centralized
process operating as a job manager. The manager performs optimal mapping of ex-
ecutable tasks at deploy time on available computing resources according to perform-
ance profiles maintained by network-wide performance monitor services.

In Netsolve [7], a moderate degree of fault tolerance is maintained by an agent, at-
tempting to find among the pool of available grid resources an appropriate server to
optimally service client requests, keeping track of failed servers.

In GRADS the application development environment recompiles library source
code and generates a configurable object program instrumented for performance
monitoring. The run-time support monitors execution and reconfigure the application
workflow. Library cost models are required to be known to the programming envi-
ronment at compile time for proper object code optimisation.

In this scenario we propose a component-based model for implementing an HPC
library service , enabling code execution on grid resources on behalf of client work-
flows, subject to quality performance constraints. The required grid-awareness is
distributed among various software elements of the environment playing different
roles [8] developed with component technology and interacting through ports

Section 2 introduces the reference component architecture. Section 3 sketches the
distributed adaptivity model with entity and actors involved. Section 4 describes the
integration of the adaptivity model with application management strategy.

2 The Grid.it Component Model

Software component technology is a young programming-paradigm, even though its
definition is quite old. Its aim is to enable the development of applications by
composing existing software elements in an easy way. The technology used for imple-
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menting component-to-component binding depends on required performance, inter-
operability and may change in according the scope of the connection. The Globus
Project proposed the OGSA architecture for grid services and a component architec-
ture for adaptive grid programming OGSA compliant has been defined in [4].

A new component architecture focusing on HPC grid programming is presently be-
ing developed by the Italian national Grid.it project [9]. Grid.it components are in-
tended to support design of HPC applications over a grid middleware. In the working
architecture model [10] components expose their functionalities through a series of
interfaces that differ for the interaction paradigm:

RPC: (required) interface conforms to the Remote Procedure Call standard
model;
Event: ((optional) interface receives and to send asynchronous events;
Stream: optional interface implements unidirectional data-flow channels;
Configuration (active and introspection): (required) interface supports compo-
nent configuration and status monitoring

An application is modelled by composing compatible components in a graph that:

may change arcs connecting components during the execution of the application;
may have connections to components implemented according to other open stan-
dard component architectures (CCM, Grid Services...);
includes a logic unit named application manager able to instantiate other applica-
tion components, to connect them and (re) configure the application graph.

The application manager may be implemented as a single component or as a coordi-
nation of components implementing the application coordination strategy.

3 A Hierarchical Component-Based Model for Grid Adaptivity

As mentioned above, we suppose that grid-adaptivity can be modelled using different
actors playing hierarchically cooperative roles. These roles model may be mapped
onto a component-based grid software infrastructure.

At top level stays the active resource&execution manager: its role involves (re) se-
lection of proper resources (nodes and library). It maintains grid discovery ability,
detailed grid-awareness, reservation privileges and an adequate policy to coordinate
resource provision in order to ensure application performance (ability in performance
contract negotiation).

At second level is the proactive resource administrator: this role requires defini-
tion of each application performance in terms of a performance contract, monitoring
of performance and a policy for reconfiguration. It embodies library cost models It
represents the front-end of the library-services and its goal is to monitor contracted
performance and to adapt management of available grid resources for optimal execu-
tion of the library modules. This action takes advantage of self-optimisation capability
embodied in parallel skeleton templates.

A reactive quality-service coordinator is already implemented in some parallel
skeletons. His role is load (re) balancing of physical processes over a cluster of virtu-
ally privates inhomogeneous resources labelled with their effective quality indexes
plus partial reconfiguration of the processor graph after in the event of their varia-
tions.
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Monitoring of resource status, support for application deployment, detection and
registration of events requiring attention and possible adaptation may be performed by
a passive resource coordinator staying at lowest level.

The resource administrator and the resource coordinator roles may be assigned to
grid middleware while the quality-service coordinator role is assigned to skeletons.
The resource administrator mimics functionalities of components containers of ser-
vice-oriented architectures. The active resource&execution manager instead are ex-
ternal actors for the proposed service architecture and they may be elements of a
Problem Solving Environment (PSE) [12], of a Grid-Portal or of a generic environ-
ment for grid programming. For example, the Application Manager of the Grid.it
component-programming model could play the execution manager role.

4 Integration of the Library Server
with Grid.it Application Strategy

Our proposed library server is a grid-aware application, which exposes to several
external grid applications a service for library modules orchestration.

Fig. 1. Client Application interaction

Even if it uses the Grid.it component architectural model the library service pro-
vides an open standard OGSA-based interface to not limit client applications architec-
ture. Grid.it supplies a rich and expressive model to design a hierarchical and distrib-
uted application management that is particularly useful for the implementation of our
hierarchical roles.
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Figure 1 shows a sample a scenario of interaction between the library server and a
Grid.it client-application to implement a two-fold optimisation strategy.

In this scenario, RPC library module ports are not available to client applications
because they are hidden by the Administrator, but library module uses RPC port could
be connected with other components as established by the strategy of client applica-
tion Manager during the factory operation. The Administrator schedules client service
requests in a priority queue and processes them on the basis of their associated per-
formance contract. According to the contract, an application biased or a global re-
source policy is selected when selecting the proper subset of pool resources to map
the Virtual Process Graph of each request. Requests are served when the minimum
required resource set is available.

Here is a description of the interaction sequence between client application and the
library server:

The Resource Manager selects a pool of appropriate resources (hosts of the VPG)
and library modules (discovered from an external repository) and communicates
them to the Component Administrator (1).
The Component Administrator acquires the selected resources and updates its in-
ternal register to provide the available library modules.
The Resource Manager after investigating about the available libraries (2), nego-
tiates invocation of a library module via the Component Administrator factory
port (3) with a contract specifying performance template and workflow informa-
tion like bindings URI use ports. The administrator deploys (if not already done)
the library module over each node in the pool independently from its effective
configuration.
When the library service is invoked (4) by a client Application component the
Administrator schedules the request and, when the requests come to queue top, it
dispatches the request to the Library module (5).
Start the contract monitoring with adaptivity (re) configuration. Using the event
bus provided by the run-time support, the Library module throws events (6) to
communicate the progress status of its job (checkpointing). It can also register it-
self to receive events regarding workflow modifications. The Manager monitors
the respect of performance contracts and in case of violation it issues a (re) con-
figuration command. The Administrator, in turn, throws proper (re) configuration
events to Library module, which performs self-reconfiguration.

5 Conclusion

A hierarchical model for coordinating a grid-aware library service into optimised
application workflows has been presented.

The service configures parallel library modules for execution with different QoS
modalities. For each module it exposes several performance contract templates ac-
cording to its capabilities of grid resource management and job queue scheduling
policy.

The client application manager performs application workflow optimisation by se-
lecting the most convenient performance template and delegates to the service admin-
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istrator local control (deployment, enactment, monitoring) of the service workflow
sub-graph, constrained by the specifications of the performance contract.

A prototype of the library service is currently being developed as a task of the Sci-
entific Libraries WorkPackage of the Italian Grid.it project.
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Abstract. In spite of the great research effort made in Grid technology
in the last years, application development and execution in the Grid con-
tinue requiring a high level of expertise due to its complex and dynamic
nature. The Distributed Resource Management Application API (DR-
MAA) has been proposed to aid the rapid development and distribution
of applications across the Grid. In this paper we present the first im-
plementation of the DRMAA standard on a Globus-based testbed, and
show its suitability to express typical scientific applications. The DR-
MAA routines have been implemented using the functionality provided
by the Grid Way framework.

1 Introduction

In recent years a great research investment has been made in Grid computing
technologies. However, deployment of existing applications across the Grid re-
quires a high level of expertise and a significant amount of effort. The most
important barriers arise from the nature of the Grid itself:

Complexity, in order to achieve any functionality the user is generally re-
sponsible for manually performing all the scheduling steps.
Heterogeneity of Grid resources, that potentially belongs to multiple admin-
istration domains.
Dynamism of the availability, cost and load of Grid resources.
High fault rate, resource or network failures are the rule rather than the
exception.

In a previous work [1] we have developed a Globus submission framework,
Grid Way, that allows an easier and more efficient execution of jobs on a dy-
namic Grid environment in a “submit and forget” fashion. Grid Way automati-
cally performs all the job scheduling steps [2] (resource discovery and selection,
and job preparation, submission, monitoring, migration and termination), pro-
vides fault recovery mechanisms, and adapts job execution to the changing Grid
conditions [3].

* This research was supported by Ministerio de Ciencia y Tecnología through the
research grant TIC 2003-01321 and Instituto Nacional de Técnica Aeroespacial.
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On the other hand, the Grid lacks of a standard programming paradigm
to port existing applications among different environments. Grid technologies
are specified, standardized and implemented within the Global Grid Forum
(GGF)1 framework. GGF is structured in working and research groups focused
on specific aspects of Grid Computing. In particular, the Distributed Resource
Management Application API Working Group (DRMAA-WG)2 has developed
an API specification for job submission, monitoring and control that provides
a high level interface with Distributed Resource Management Systems (DRMS).
In this way, DRMAA could aid scientists and engineers to express their compu-
tational problems by providing a portable direct interface to DRMS.

There are several projects underway to implement the DRMAA specification
on different DRMS, like Sun Grid Engine (SGE) or Condor. However, to the best
of the authors’ knowledge, DRMAA has never been implemented in a Globus-
based DRMS. In this work we discuss several aspects of the implementation of
DRMAA within the Grid Way framework, and investigate the suitability of the
DRMAA specification to distribute typical scientific workloads across the Grid.

In Section 2, we describe the DRMAA standard and its implementation. Sec-
tion 3 analyzes several aspects involved in the efficient execution of distributed
applications, and how they are addressed by Grid Way. Then, in Section 4, we
study the implementation of several applications using DRMAA. Finally, the
paper ends in Section 5 with some conclusions.

2 Distributed Resource Management Application API

One of the most important aspects of Grid Computing is its potential ability to
execute distributed communicating jobs. The DRMAA specification constitutes
a homogenous interface to different DRMS to handle job submission, monitor-
ing and control, and retrieval of finished job status. In this sense the DRMAA
standard represents a suitable and portable framework to express this kind of
distributed computations.

Although DRMAA could interface with DRMS at different levels, for example
at the intranet level with SGE or Condor, in the present context we will only
consider its application at Grid level. In this way, the DRMS (Grid Way in our
case) will interact with the local job manager (i.e PBS, SGE,...) through the
Grid middleware (Globus Toolkit 2.2). This development and execution scheme
with DRMAA is depicted in figure 1.

In the following list we describe the DRMAA interface routines implemented
within the Grid Way framework:

Initialization and finalization routines: drmaa_init and drmaa_exit.
Job template routines: drmaa_set_attribute, drmaa_allocate_job_tem-
plate and drmaa_delete_job_template. These routines enable the manip-
ulation of job definition entities (job templates) to set parameters such as
the executable, its arguments or the standard output streams.

1

2
http://www.gridforum.org (2004)
http://www.drmaa.org (2004)
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Fig. 1. Development and execution cycle using the DRMAA interface.

Job submission routines: drmaa_run_job and drmaa_run_bulk_jobs. The
Grid Way has native support for bulk jobs, defined as a group of   simi-
lar jobs with a separate job id.
Job control and monitoring routines: drmaa_control, drmaa_synchronize,
drmaa_wait and drmaa_job_ps. These routines are used to control (killing,
resuming, suspending, etc..) and synchronize jobs, and monitor their status.

The DRMAA interface (see [4] for a detailed description of the C API) includes
more routines in some of the above categories as well as auxiliary routines that
provides textual representation of errors, not implemented in the current version.
All the functions implemented in the Grid Way framework are thread-safe.

3 Efficient Execution of Grid Applications

In spite of the DRMAA standard can help in exploiting the intrinsic parallelism
found in some application domains, the underlying DRMS is responsible for the
efficient and robust execution of each job. In particular the following aspects are
considered by the Grid Way framework:

Given the dynamic characteristics of the Grid, the Grid Way framework pe-
riodically adapts the schedule to the available resources and their character-
istics [3]. GridWay incorporates a resource selector that reflects the applica-
tions demands, in terms of requirements and preferences, and the dynamic
characteristics of Grid resources, in terms of load, availability and proximity
(bandwidth and latency) [5].
The Grid Way framework also provides adaptive job execution to migrate
running applications to more suitable resources. So improving application
performance by adapting it to the dynamic availability, capacity and cost of
Grid resources. Moreover, an application can migrate to a new resource to
satisfy its new requirements or preferences [3].
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We expect that DRMAA will allow to explore several common execution
techniques when distributing applications across the Grid [6], for example fault
tolerance could be improved by replicating job executions (redundant execution),
or several alternative task flow paths could be concurrently executed (speculative
execution).

4 Experiences

In this section we describe the ability of the Grid Way framework when execut-
ing different computational workloads distributed using DRMAA. The following
examples resembles typical scientific problems whose structure is well suited to
the Grid architecture. These experiments were conducted in the UCM research
testbed, based on the Globus Toolkit 2.2 [7], briefly described in table 1.

Fig. 2. High-throughput scheme and its codification using the DRMAA standard.

4.1 High-Throughput Computing Application

This example represents the important class of Grid applications called Param-
eter Sweep Applications (PSA), which constitutes multiple independent runs of
the same program, but with different input parameters. This kind of computa-
tions appears in many scientific fields like Biology, Pharmacy, or Computational
Fluid Dynamics. In spite of the relatively simple structure of this applications,
its efficient execution on computational Grids involves challenging issues [8].
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Fig. 3. Execution profile for the high-throughput application.

The structure of the PSA is shown in figure 2 (left-hand side). A initial job is
submitted to perform some pre-processing tasks, and then several independent
jobs are executed with different input parameters. Finally a post-processing job
is executed.

Figure 3 shows the execution profile of the PSA, each computational task
is executed in a different Grid resource. The total turnaround time of the ex-
periment is 121 seconds, with an average execution and file transfer times for
each computational task of 15 seconds and 22 seconds, respectively. In this case
the average CPU utilization during the PSA execution was 20%. In this case
the overhead induced by job scheduling (i.e. querying the MDS Grid service to
obtain a preliminary list of potential hosts, and to assign a rank to them [1]) is
5% of the overall execution time.

4.2 Pipelined Workflow Application

The pipelined workflow comprises the execution of a long chain of jobs. Each
job in the sequence uses the computed solution of its predecessor to initial-
ize. Considering this dependencies each job in the chain can be scheduled by
Grid Way once the previous job has finished. This computational scheme typi-
cally appears in long running simulations that can be broken up into a series of
tasks (see figure 4).

In this case all the jobs in the pipeline sequence are submitted to the same
host, cygnus, with an average turnaround time per job of 33 seconds. The total
turnaround time for this application is 203 seconds, and an average resource
CPU utilization of 81%.

4.3 Master-Worker Optimization Loop

We now consider a generalized Master-Worker paradigm, which is adopted by
many scientific applications like genetic algorithms, N-body simulations or Monte
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Fig. 4. Pipelined workflow application and its codification using the DRMAA standard.

Fig. 5. Master-Worker application and its codification using the DRMAA standard.

Carlo simulations among others. A Master process assigns a description (input
files) of the task to be performed by each Worker. Once all the Workers are
completed, the Master process performs some computations in order to evaluate
a stop criterion or to assign new tasks to more workers (see figure 5).

Figure 6 shows the execution profile of three generations of the above Master-
Worker applications. The average execution time per iteration is 120 seconds,
with an average computational and transfer times per worker of 15.7, and 23.3
seconds respectively. In this case the total turnaround time is 260 seconds with
an average CPU utilization of 22%.

5 Conclusions

We have shown how DRMAA can aid the rapid development and distribution
across the Grid of typical scientific applications, and we have demonstrated the
robustness and efficiency of its implementation on top of the Grid Way frame-
work and Globus.
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Fig. 6. Execution profile for three iterations of the Master-Worker application.

It is foreseeable, as it happened with other standards like MPI or OpenMP,
that DRMAA will be progressively adopted by most DRMS, making them easier
and worthier to learn, thus lowering its barrier to acceptance, and making Grid
application portable across DRMS adhered to the standard.
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Abstract. This paper presents a Grid Services programming framework for the
virtualization and composition of mesh-based high performance MPI applica-
tions and their interaction with other Grid Services. Applications are abstracted
using a Uses / Provides port scheme where ports represent access points to data
quantities. Quantities are modeled using Service Data Elements and Grid Ser-
vice Handles. Clients can query services based on provides quantities and sub-
scribe to related notification sources. Service clients execute MPI applications
through a customized application management service, passing requirements
regarding the mesh-topology and the execution environment. The framework
defines and provides reference implementations of core portTypes used to in-
stantiate and control the execution of a parallel application. Finally services can
be composed using their Uses / Provides Quantities based on service workflow
descriptions.

1 Introduction

The advent of grid computing has stimulated development of a new breed of applica-
tions targeted for deployment in highly distributed and heterogeneous computing
platforms, exploiting disperse computational resources. Nevertheless practice has
proved that Grids are hard to program and currently a universal Grid programming
model remains a highly desired goal. While it may be possible to build grid applica-
tions using established programming tools, they are not particularly well-suited to
effectively manage flexible composition or deal with heterogeneous hierarchies of
machines, data and networks with heterogeneous performance [8].

Recently there is a shift of grid programming towards the Service-oriented para-
digm for application development. The Open Grid Services Architecture (OGSA) [3]
leverages Web Service technologies and introduces the notion of Grid Services. A
Grid service is a Web service that conforms to a set of conventions relating to its
interface definitions and behaviors [13].

An area of interest for applying Grid Services is the virtualization of legacy high-
performance applications. Virtualization is a common approach for exposing and
extending the functionality of software assets. Various approaches have been intro-
duced applying primarily Object Based and Service Oriented technologies. Among
them Common Component Architecture (CCA) defines a component model tailored
towards high performance applications [1]. XCAT [10] extends CCA by introducing a
Web Services based framework extensively utilizing XML and outlining Grid-
oriented Application Factories. XCAT is a predecessor to OGSA providing different
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© Springer-Verlag Berlin Heidelberg 2004



Exposing MPI Applications as Grid Services 437

service functionality and semantics. Pardis [6] and GridCCM [12] propose CORBA-
based frameworks and extensions to IDL and ORB. In these frameworks component
stubs are used to implement parallel servers and clients, each instance corresponding
to a single MPI processes.

One class of such legacy applications is the high performance parallel applications
developed using MPI [11] and in particular mesh based simulation models like Mete-
orological, Hydrological, Pollution, Fire Propagation etc. Such models are usually
developed as isolated MPI applications, typically applying the SPMD programming
paradigm. Data processed form 2D or 3D meshes which map directly to real-world
coordinates. Models most of the times can benefit from their interoperation (for in-
stance a Hydrological model can interact with a Meteorological model) to produce
more accurate results. The composition of these applications is not a straightforward
process since source codes are developed by separate teams which are difficult or
unwilling to cooperate. As a result ad-hoc approaches are followed.

In this paper, MPI applications are exposed as OGSA Grid Services. The virtual-
ization of an MPI application with Grid Service semantics and tools introduces new
potentials since there are obvious benefits both in terms of functionality and interop-
erability. Programmers can use the well defined value-added infrastructure of Grid
Services to search for applications (e.g. in UDDI repositories), retrieve formal de-
scriptions in a standard defined XML (WSDL) document and easily bind their func-
tionality to diverse clients. These client applications can be developed in various lan-
guages relieving the programmer from the burden of understanding the inner engi-
neering of the application or even of the MPI message-passing semantics per se. Di-
verse clients may leverage the capabilities of high performance applications and util-
ize high-end expert code which till now was isolated due to inherent complexity of
MPI and lack of high-level composition semantics. Moreover multiple MPI services
can be put together using workflow-based composition, in order to exchange data and
interoperate.

The rest of the paper is organized as follows. Section 2 presents the proposed MPI
application virtualization model and introduces the notion of Uses and Provides
Quantities. Section 3 describes the inner details of the framework and provides exam-
ples of simple client-service interaction and more complex, workflow-like service
composition. Finally section 4 provides conclusions and future directions of this re-
search.

2 Virtualization of MPI Applications

To demonstrate the framework we use a real life application scenario based on Flood
Forecasting [5]. In this scenario three different models cooperate, in a cascading pat-
tern, to execute a flood crisis application (Fig. 1). A Meteorological Model (parallel)
provides quantitative precipitation forecasts to a Hydrological simulation (sequential)
which in turn feeds a Hydraulic (parallel) simulation with Hydrographs. The three
models interoperate to provide weather forecasts, discharge forecasts and flood sce-
narios.
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Fig. 1. Sample scenario with three cascading simulation models

2.1 Data-Centric Virtualization

In order to expose a parallel MPI application as a Grid Service one has to bridge two
different distributed programming worlds: the service-oriented, operation-centric
world of OGSA Grid Services and the two-sided communications world of MPI. The
common denominator for these two approaches is the data that are being exchanged
between two communication parties. In service-oriented and object-oriented ap-
proaches like OGSA, Web Services, CORBA etc., data are bound to operations that
receive them as method parameters and return them as results of method execution. In
MPI, messages do not trigger explicit method calls but carry data and also act as syn-
chronization mechanism.

We can follow two approaches to wrap a Grid Service around the MPI application:
wrapping of processes or wrapping of data. In the first approach the Grid Services
runtime interacts directly with the processes that comprise the MPI application. This
requires the Grid Service processes or at least a subset of them, to immerse inside the
MPI context that the MPI processes define and be an MPI program itself.

A more general approach is to have the Grid Service directly access the output data
that a given MPI application produces. In this approach the implementation of the
service is independent of the implementation and execution details of the underlying
MPI system. In this paper we have followed the later approach since not only is the
more general one but also because the current implementations of OGSA support
mainly Java based servers, which cannot participate in an MPI communication world.

We abstract an MPI application by defining the following: The application imple-
ments an algorithm (e.g. a Meteorological or Hydraulic model) that accepts as input a
set of external data in the form of uses quantities executes and produces a set of result
data in the form of provides quantities. For instance Precipitation is a Provides Quan-
tity of the Meteorological model and a Uses Quantity of the Hydrological model.

The application may also utilize a set of meta-data that define execution require-
ments of the algorithm and other behavioral aspects and execution details. Uses and
Provides Quantities may be available in various forms and mediums: a simple binary
or text file in the local file system, a remote file replicated in various hosts and con-
trolled by a replication service, a database in a network available RDBMS or a net-
worked server application that provides or consumes data by exchanging them in a
message-passing fashion.
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Following the above approach a Grid service can describe public interfaces of the
MPI application by exposing the uses and provides quantities of the application, to-
gether with the required meta-data for execution. The implicit operation that the MPI
application implements, and is being exposed as a Grid Service operation is the exe-
cution of the algorithm.

2.2 Modeling of Provides and Uses Quantities

We model Provides Quantities using Service Data Elements (SDEs). Service Data is a
structured collection of information that is associated to a Grid Service. This informa-
tion is easy to query, so that Grid Services can be classified and indexed according to
their Provides Quantities. Although originally intended to provide attributes and meta-
information of a Grid Service, the SDE conception is in accordance with the Provides
Quantity notion.

For example in the Flood crisis scenario the Meteorological model may provide a
Precipitation Quantity which is comprised by precipitation related information on a
specific 2D x-y axis. The Precipitation SDE will have the following simplified XML
Schema definition (XSD):

The above defines a Provides Quantity named “Precipitation“ which extends a
framework defined Quantity2D SDE with two additional fields: the value of precipita-
tion and the relevant time step. Quantity2D defines an abstract quantity that is en-
closed in the mesh rectangle (xmax,ymax) and (xmin,ymin):

A service may implement a variable number of Provides Quantities. Clients can
search for services which provide specific quantities and acquire a reference to them
(in the form of a GSH). An implementation code (e.g. a JavaBean if Java is the target
language) is generated automatically by the above XML. The service programmer has
to customize it and extend it to retrieve and prepare the Quantity information from the
application output data. In most cases the MPI application source code should not
require any modification to be used from the service. The programmer having knowl-
edge of the result dataset format can derive with little effort the requested data and
return them to the client.
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A Uses Quantity is modelled using a {GSH, QuantityName} pair that uniquely
identifies the name of the quantity (e.g. “Precipitation”) and the grid service that pro-
vides it. For instance the Precipitation Uses Quantity of the Hydrological application
may have the form: {http://www.gsmpi.org/models/Meteo, “Precipitation”}

An application (simple client or another grid service) may define zero or more
{GSH,QuantityName} pairs whose values can be set during the preparation of the
application or dynamically during the execution time. A null value for a given GSH
means that this Uses Quantity is not available and the algorithm should perform all
required computations without taking advantage of them.

3 Programming Framework

3.1 Standard PortTypes

The framework defines and implements a set of standard portTypes and respective
operations, which can be extended by the application developer. These portTypes are:

MPIAppPrepare: Provides the required functionality that handles pre-execution
details of the MPI application, such as the setup the execution environment, the defi-
nition of the application topology, the definition of special requirements for computa-
tional resources (memory, cpu, disk space) etc.

MPIRun: Provides the MPIRun::mpiRun operation that is invoked in order to actu-
ally start the MPI application. This operation consults the requirements defined previ-
ously, prepares the underline MPI system and executes the mpirun command. Multi-
ple versions of the operation can be implemented in order to support different MPI
environments (e.g. MPICH, LAM etc.).

MPIAppMonitor: Implements basic operations for job monitoring and management.
Operations can be used to query the state (starting, running, completed and aborted)
of the application and control its life-cycle (kill or restart the application).

3.2 Notifications

The framework extensively utilizes the Notification facilities provided by Grid Ser-
vices. Clients can register as notification sinks requesting from the service to be in-
formed when a Provides Quantity has changed; usually when a computation has fin-
ished and the Provides Quantity is ready to be retrieved, or when intermediate results
are available. When a Provides Quantity is changed the event is propagated to all
interested parties. Clients are able to pull available results by sending an appropriate
request to the SDE. Programmers may also choose to implement a quantity push
schema where the service application itself assumes the responsibility to communi-
cate the event together with the relative data to the client application. This ability is
especially useful for supporting flexible service composition based on uses / provides
quantities.
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3.3 Programming in the Framework

The framework is applied as follows: First the programmer writes the GWSDL de-
scription of the service and the XSDs of the Provides Quantities. The service extends
one or more of the framework’s portTypes to generate a custom MPI Application
Management Factory. The programmer edits and extends the SDE stubs (which in
Globus Toolkit 3 are materialized in the form of JavaBeans) generated from the XSD
specifications of the Provides Quantities. This is the most important and laborious
part of the framework. The programmer has to implement in the JavaBean the data
access logic in order to extract and deliver from the complete output data set the quan-
tity information that this SDE provides. The service is then deployed in a Grid Ser-
vices container (e.g. Apache Tomcat). The stubs generated from the GWSDL file are
used to implement service clients.

Fig. 2. Overview of Client / Service interaction within the framework

Fig. 2 depicts a sample application execution. A client application uses the Meteo-
ModelFactory to instantiate a new MeteoModel. Then it passes the initialization pa-
rameters of the application. For instance a client may request a 2D dimensional mesh
topology within a given range of X and Y coordinates. The client is not concerned
with how many processes will be created and where. These details are derived from
the requested mesh topology and are handled by the service. Additional requirements
may be passed such as a time limit of execution or minimum model error.

The application is executed by calling MPIRun::mpiRun operation. Currently the
service takes the initial requirements and produces an RSL file to be passed as a pa-
rameter to MPICH-G2 mpirun script. Issues of security and credentials delegation are
handled using GT3 transport level and message level security.

The client may poll periodically the status of the application using
MPIAppMonito::mpiAppGetState operation or can be notified using Notifications
when results are available. To avoid having to extend from all these portTypes
mpiRun can use default execution values thus an application can be started by extend-
ing only the MPIRun portType and issuing a single call to the MPIRun::mpiRun.
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Moreover a client may request premature end of an application (MPIAppMoni-
tor: :mpiAppKill operation) either by keeping any intermediate results up to then or by
flashing all output rendering them useless in order to start a new simulation.

Since Grid Services can be state-full many clients can dynamically acquire a refer-
ence of the running MeteoModel instance, connect and retrieve results from the exe-
cuting model. For example there may be two service clients the first being the Hydro-
logical model and a second visualization client that retrieves and displays graphical
precipitation images.

3.4 Service Composition

The described framework facilitates the composition of virtualized MPI applications
with other Grid Services (either MPI or non-MPI). Composition can be performed
both in space and in time [4]. In the first case the two composed services either have
prior knowledge of the Uses Quantities each other exposes or the {GSH,QtyName}
pair is passed during the execution of the service as a parameter (using for instance a
Perl script to instantiate them).

Fig. 3. Services composition through Uses / Provides Quantities

The framework can further be extended to support workflow based composition
(composition in time). Currently, workflow systems for Grid and Web Services are
evoking a high degree of interest, with initiatives such as WSFL [9], and Grid Ser-
vices Flow Language (GSFL) [7] investigating the various aspects of workflow in
their respective domains. Our approach of Quantities-based composition resembles
the GSFL notificationModel which is the recommended solution for peer-to-peer,
high-performance inter-service bulk data exchange.

In the example (Fig. 3) a simple workflow engine parses a description of the ser-
vice composition in an XML format, extracts the Uses/Provides Quantities informa-
tion and instantiates the services by passing the required Uses Quantities information.
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4 Conclusions and Future Work

In this paper we have presented a programming framework for exposing high-
performance parallel MPI applications as OGSA Grid Services. We have introduced
the notion of Uses and Provides Quantities which are used to describe an abstract
application interface, permit data exchange between applications and facilitate the
composition of two or more applications in a service workflow.

The framework is currently work-in-progress and is being implemented on top of
Globus Toolkit 3 as the Grid Services middleware and MPICH-G2 as the MPI execu-
tion environment. The recent refactoring of OGSA that has led to the introduction of
the Web Services Resource Framework (WSRF) [2] is pushing for a similar refactor-
ing of all research activities in this area. As a result our imminent steps will be to
adapt our framework to WSRF semantics. Moreover, we are evolving the framework
at various levels: Application execution semantics are extended to support interactiv-
ity and check-pointing. Service composition is enhanced with formal workflow syntax
and extended to support semantic information and compatibility assertions. Further-
more, we investigate the capability of Web Services and MPI programs to co-operate
at the process level. Finally, we plan to further evolve the dynamic capabilities of the
framework especially in the context of dynamic workflow transformations.
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Abstract. With the advent of Grid technologies, the study of the elec-
trical activity of the heart, by means of concurrent parametric simu-
lations of the action potential propagation on cardiac tissues, can be
greatly benefited. Studies of the electrical behaviour, such as late is-
chemia require the execution of multiple computational and memory in-
tensive parametric simulations. This paper describes the integration, into
a Grid infrastructure, of a parallel MPI-based system for the simulation
of action potential propagation on a three-dimensional parallelepiped-
modelled cardiac tissue. Developed upon the Globus Toolkit, it features
state-of-the-art capabilities such as data compression, simulation fail-
ure recovery, and the combination of parallel execution on distributed
resources, what has enabled an outstanding increase in research produc-
tivity.

1 Introduction

The simulation of action potential propagation on cardiac tissues represents a
major computational challenge. The fine spatial and time discretization steps re-
quired to solve the equation (1) that governs this phenomenon on a monodomain
cardiac model makes this problem only affordable with High Performance Com-
puting techniques. This is particularly important for three-dimensional execu-
tions, where a simulation of action potential propagation during few milliseconds
on a medium-sized tissue may last for several days on a sequential platform.

The previous equation relates the membrane potential of the cells, the
ionic currents that traverse the membrane, the membrane capacitance,
the anisotropy tensor, and the electrical stimulus, The comprehensive Luo-
Rudy Phase II [1] cellular model has been employed to calculate the term.
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Development Fund (ERDF).

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 444–451, 2004.
© Springer-Verlag Berlin Heidelberg 2004



Globus-Based Grid Computing Simulations 445

In addition to the inherent computational cost of a single simulation, there
are many research studies that require the execution of a huge amount of para-
metric simulations. Studies of vulnerable window in ischemia require to vary the
time interval between two consecutive stimulus in order to detect the range of
values which provokes a reentry, a phenomenon that can derive into heart fib-
rillation. Besides, to study the effects of late ischemia it is necessary to vary the
coupling resistances in all the dimensions of the tissue and analyze the evolution
of the electrical activity for different anisotropy ratios. Moreover, to evaluate
the influence of certain medicines, it is crucial to alter the concentration of these
drugs, over a determined range, to study how it affects to the action potential
propagation.

Even though there have been several parallel approaches to this computa-
tional problem [2], the good efficiency results achieved on a beowulf cluster,
together with appearing to be the first cardiac simulation system to combine
both a parallel and a Grid Computing approach, represent a step forward in the
study of the electrical activity of the heart.

Therefore, both parallel computing techniques, that speedup a single simu-
lation, and Grid Computing technology, that enhances the efficiency of multiple
simulations, will be combined in order to achieve a global simulation system
that increases the productivity for these computational demanding cardiac case
studies.

The article is structured as follows: Section 2 describes the main functionality
of the simulation system. Then, section 3 details the characteristics of the Grid
Computing system designed. Next, in section 4, a case study is presented to
expose the functionality in a production testbed. Finally, section 5 concludes
the paper, exposing the relevant achievements.

2 Characteristics of the Simulation System

A cardiac tissue simulation consists of an iterative process that allows to calculate
the membrane potential of the cells along a time period.

First, a parallel simulation system was developed for two-dimensional tis-
sues [3] in order to reduce the simulation time on beowulf architectures with
outstanding efficiency results (94% of efficiency with 32 processors). Next, the
simulation system has been extended for three-dimensional anisotropic tissues,
achieving good scalability results. For example, Fig. 1 shows the speedup and
efficiency when simulating, on a cluster of PCs, an action potential propagation
during 250 ms in a 100x100x100 cell cardiac tissue, with a timestep of 10
Such a simulation lasts 177.97 hours on a sequential platform, but only 6.45
hours when using 32 processors.

The simulation system periodically generates a set of checkpoint files, using
the MPI-2 parallel I/O routines, what allows a simulation to be restarted from
the point that was stopped, even with a different number of processors. The
checkpoint data consist of a snapshot of the tissue, that is, a double precision
binary dump of all its cells, along with other ones of the membrane potential
and ionic vectors.
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Fig. 1. Speedup and efficiency of the simulation system. Running on a 20 Pentium
Xeon 2.0 Ghz biprocessor cluster, with 1 GByte of RAM and a interconnected by a
SCI network.

Provided that the checkpoint data for this application can result in a very
large data set, we have analyzed the effectivity of data compression on realistic
checkpoint files, where a 100x100x100 cell cardiac tissue is stimulated to provoke
an action potential that depolarizes all the tissue.

Table 1 shows the compression ratio that is achieved, for the best and the
worst tissue state, using a Lempel-Ziv coding provided by the standard gzip
Unix command. The best case corresponds to a tissue in rest state, i.e. at the
beginning of the simulation, where similar values may be found for all the cells
of the tissue. On the other hand, the worst case corresponds to a propagating
wavefront (once applied the supra-threshold stimulus) on an anisotropic tissue,
where changes between the cells are very frequent.

In both cases, data compression required an average 60 seconds, while de-
compression lasted for an average 14 seconds. Therefore, compression offers a
significant reduction of the binary data generated by the simulator, as in the
worst case the result files can be reduced to less than a third part.

3 Grid Computing System Developed

3.1 Portability and Interoperability

Enabling portability requires that all the platform-dependent optimizations,
such as the compiler flags -march or -mcpu, are avoided. Besides, architecture-
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dependent optimized numerical libraries, such as the BLAS [4] and LAPACK
[5] implementation by the Intel Math Kernel Library, should not be used, as
they may result in executing illegal instructions on the remote host if both ar-
chitectures do not match. Fortunately, traditional compiler optimization flags,
i.e. -O3, can be used with no risk.

Our application has been statically linked to generate a self-contained sim-
ulation system. Even the MPI communication library has been introduced into
the executable, using a MPICH [6] implementation, configured to disable shared-
memory communication between processes on the same node of a cluster, which
can potentially introduce memory-leak problems because of relying on the Sys-
tem V IPC facilities [7]. This procedure enables to perform a parallel execution
without depending on the MPI implementation of the execution host.

This parallel self-contained simulation system can be executed on a wide
range of Linux machines, thus isolating the application from the runtime envi-
ronment, something that may, a priori, be unknown in a Grid. This has been
ensured by executing parallel simulations in a variety of different architectures
such as Pentium III, Pentium IV, Pentium Xeon and even Intel Itanium 2 run-
ning different Linux flavours such as Red Hat Linux Advanced Server, Red Hat
8.0, Fedora Core 1 and Debian GNU/Linux.

It should be pointed out that such a simulator, compiled on an Intel Pen-
tium Xeon PC (32 bit), runs on compatibility mode on an Intel Itanium 2 (64
bit) platform, but it is up to 8 times slower than on the original architecture.
Therefore, we have natively compiled on the Intel Itanium 2 platform in order
to achieve comparable execution times on both architectures, and to be able to
exploit Itanium Grid execution nodes. This results on two self-contained simu-
lation systems, one for IA-32 and other one for IA-64, an strategy that could be
refined to target more architectures.

3.2 Modules Developed

Figure 2 shows a conceptual view of the Grid Computing system developed based
on the Globus Toolkit [8]. The JobScheduler is the module responsible for the
allocation of simulations to computational resources. This module delegates, for
each simulation, into a JobSubmitter, which is in charge of the proper execution
of the task in the resource.

Fig. 2. Scheme of the Grid Computing system developed.
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The JobScheduler Module. This module reads an input file with a paramet-
ric description of the multiple simulations that form the case study. For each
simulation, it computes the best available resource, from a predefined list of
machines, by consulting its number of available nodes, via the Monitoring and
Discovery Service (MDS). Clusters with the Globus Resource Allocation Man-
ager (GRAM) Reporter installed, report the number of free computing nodes,
delegating in the local queue manager (LoadLeveler, PBS, etc). For workstations,
an estimation of the CPU usage during the last minute serves as an indicator
of the availability of the resource. This strategy allows to customize a parallel
execution to the number of available nodes in the host. Then, this module selects
an appropiate executable based on the architecture of the remote machine.

The JobScheduler is also responsible for submitting the unassigned simula-
tions and restarting the failed executions, delegating, for each of them, on an
instance of the JobSubmitter module. If no available resources exist, it periodi-
cally checks their availability to continue submitting pending tasks.

The JobSubmitter Module. This module is in charge of the proper execution
of a single simulation. First of all, the input files that the simulation system needs
are staged in, via the GridFTP service, to the execution host. Through the
Globus native interface, the remote machine is queried about its availability to
run MPI jobs, so the parallel or serial execution can be selected. The execution
of the simulation is integrated, if configured, with the queue manager of the
remote node (PBS, LoadLeveler, etc), thus respecting the execution policies of
that organization.

While the simulation is running on the remote resource, a checkpoint job is
periodically submitted by this module, which transfers, if not already done, a
compressed image of the generated checkpoint data to the local machine. Thus,
the latest checkpoint data always resides at the submission machine and a failed
simulation can be automatically resumed on a new computational resource. A
message digest mechanism ensures that no old checkpoint data is transferred
twice, wasting bandwidth.

Once the execution has finished, all the result data are compressed, trans-
ferred back to the submission node and saved on the appropriate local folder
created for this simulation. All the temporary created files in the execution
node are deleted, and finally, the JobSubmitter module anotates whether the
simulation has finished correctly or not. This information will be used by the
JobScheduler module to be able to restart the failed simulations.

4 Case Study

4.1 Description

Myochardial ischemia is a condition caused by oxygen deprivation to the heart
that can result in an angina. It is known that ischemia increases the extracellular
potassium concentration in the affected area, what shortens the action poten-
tial duration. Therefore, it is possible to study the effects of several degrees of
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ischemia, by means of multiple parametric simulations, varying the extracellular
potassium concentration for a group of cells in the tissue.

For a 50x50x50 cells cardiac tissue, a range from 5 to 12.9 milliMolar (mM.)
potassium extracellular concentration will be studied, with an increment of 0.2
mM. between each simulation. Only 2 ms will be simulated with a timestep
of 0.01 ms. This results in 40 independent parametric simulations that can be
executed in the computational resources that a Grid testbed offers.

4.2 Testbed

The available testbed is composed of local resources, belonging to our research
group, the High Performance Networking and Computing Group (GRyCAP-
UPV), and remote resources from the Distributed Systems Architecture & Secu-
rity group (ASDS-UCM), at Madrid Complutense University. Table 2 summa-
rizes the main features of the machines.

The Globus Toolkit version 2.4 [9] has been installed on the testbed. Ramses
cluster is the Certication Authority of GRyCAP-UPV and its credentials have
been installed on ASDS-UCM machines to allow remote job submission.

4.3 Execution Results

Table 3 summarizes the tasks distribution in the Grid. The maximum number of
processors in a parallel execution has been limited to eight, a polite policy with
the rest of the users that allows multiple concurrent simulations. In the table,
an entry like 7 (8 p.) indicates that seven simulations were performed with eight
processors each one. Machine Bastet does not appear on the table because it
was heavily loaded and the scheduler never chose it for job submission. Each
simulation generates 64 MBytes of data, that can be compressed to 1.7 MBytes.

The Grid execution of this short case study lasted for 1232 seconds (20.53
minutes). On the other hand, a traditional sequential execution in only one node
of cluster Kefren required 154.05 minutes, what represents a speedup of 7.5 in the
cardiac case study execution in the Grid. A parallel computing approach, per-
forming 8-processors parallel executions sequentially in cluster Kefren, required
32.74 minutes.
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It can be seen that the scheduler has distributed the tasks proportional to
the computational power of each machine, what represents a proper balance
loading scheme. Had the machine Bastet been available, it would have received
a task load adequate to its computational power. Besides, as the state of the
Grid is investigated before each task submission, the job allocation is dynami-
cally adjusted to the computational load of the resources during the scheduling
process.

It is important to point out that a Grid execution is ideal for resource-starved
cardiac case studies, as it broadens the computing resources available, no longer
confined to those belonging to a single organization.

5 Conclusions

This paper has presented the integration of a system for the simulation of ac-
tion potential propagation on three-dimensional monodomain modelled cardiac
tissues, into a Globus-based Grid infrastructure.

The Grid Computing system developed features state-of-the-art capabilities
such as data compression, self-contained executable and dependencies migration,
cross-linux portability and parallel execution of simulations on cluster nodes of
the Grid.

With the execution of cardiac case studies in a Grid environment, produc-
tivity has been largely enhanced compared to traditional sequential execution
approaches. It is clear that the advent of new Grid technologies is getting pos-
sible to increase the research productivity by performing multiple concurrent,
geographically distributed, parallel or sequential simulations of action potential
propagation on cardiac tissues.

Therefore, having available a parallel simulation system that can be inte-
grated with a Grid infrastructure enables to focus both on speedup, running on
a cluster of PCs, and productivity, taking full advantage of the computational
power of a Grid.
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Abstract. The trend of data intensive grid applications has brought
grid storage protocols and servers into focus. The objective of this study
is to gain an understanding of how time is spent in the storage protocols
and servers. The storage protocols have a variety of tuning parameters.
Some parameters improve single client performance at the expense of in-
creased server load, thereby limiting the number of served clients. What
ultimately matters is the throughput of the whole system. Some param-
eters increase the flexibility or security of the system at some expense.
The objective of this study is to make such trade-offs clear and enable
easy full system optimization.

1 Introduction

The increasing trend towards data intensive grid applications [1] [2] [3] has
brought grid data transfer protocols and storage servers into focus. We have
done a full system profile of GridFTP [4] and NeST [5], two widely used data
access and storage server and detailed how time is spent in each server.

Our profiling details server side CPU characteristics and shows the effects
of concurrency level, number of parallel streams and protocol parameters like
block-size on server load and transfer rate. This makes the trade-off between
single client performance and server load clear. We also explain why certain
parallelism level lowers the server load while increasing the transfer rate.

A good understanding of this helps computer architects to add processor
features and operating system designers to optimize the operating system. It
enables middleware and applications developers to optimize their software and
helps grid deployers to choose appropriate machine configuration for their ap-
plications.

2 Methodology

We wanted to understand how time is spent in data access protocols and storage
servers. We decided to study GridFTP and NeST, two widely used grid data
access and storage servers. NeST server is interesting because it supports space
reservation and a variety of interfaces: native chirp [5], NFS [6] and GridFTP.
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Our desire to perform a full-system characterization including the path
through the kernel while keeping the system perturbations minimal narrowed our
choice of profiler to Oprofile [7], a Linux system-wide profiler based on Digital
Continuous Profiling Infrastructure [8]. Oprofile uses the hardware performance
counters on the Pentium family of processors.

For profiling, we setup two server machines: a moderate server, 1660 MHz
Athlon XP CPU with 512 MB RAM, and a powerful server, dual Pentium 4
2.4 GHz CPU with 1 GB RAM. Both servers used Linux kernel 2.4.20. The
moderate server had 100 Mbps connectivity while the powerful one had 1000
Mbps connectivity. We used three client machines, two of them were in local
area and 1 was in wide area. The local area clients were dual 2.8 GHz Xeons and
had 100 Mbps connectivity and were chosen randomly from a pool of 50 machines
and the wide area client was quad 2 GHz Xeon with 100 Mbps connectivity. The
powerful machines ensured that the clients were not the bottleneck and brought
out the server characteristics.

We got full system profiles for both of GridFTP 2.4.3 and NeST servers using
clients in the local area. For the extended study of GridFTP performance, we
used clients both in local area and wide area.

Since we used real wide-area transfers we did not have any control over the
loss rate. We did not trace it during the experiment because we felt such a
packet trace collection at end hosts would interfere with our experiment. But we
did periodic network traces and found that wide-area losses were negligible (less
than 0.5%) at 100 Mbps. We have a 655 Mbps wide-area ATM connectivity and
we found that the packet losses started showing up above 250 Mbps.

We tried out some commonly used options like parallel streams and concur-
rent number of file transfers in GridFTP and found the effect on server load.

3 Full System Characterization

We studied how the time is spent on the server side and present the results
in this section. This characterization details the fraction of time spent in the
different system parts including the kernel. This is significant for data servers
because most of the time is spent in the kernel and plain user-level server profile
is not sufficient.

3.1 GridFTP

Figure 1 shows the GridFTP server CPU characteristic when a single local area
client reads/writes a set of 100 MB files. The read and write clients achieved a
transfer rate of 6.45 MBPS and 7.83 MBPS respectively.

In terms of server CPU load, reads from the server are more expensive than
writes to the server. The extra cost is spent in interrupt handling and in the
ethernet driver. The machine has an Intel Ether Express Pro 100 network inter-
face card(NIC). We found that interrupt coalescing lowered the interrupt cost
during write to server. The NIC transfers the received packets via DMA to main
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Fig. 1. GridFTP Server CPU Characteristics.

memory resulting in low CPU cost for writes to server. CPU is used to transfer
output packets to the NIC resulting in high cost of read from the server. NIC
with capability to DMA the output packets along with a driver capable of using
that feature would reduce server read load considerably.

In the Libc, 65% of the time is spent in the getc function. The IDE disk has a
greater overhead on reads compared to writes. Tuning the disk elevator algorithm
may help here. The file I/O part includes the time spent in the filesystem. It is
higher for writes because of the need for block allocation during writes. The rest
of the kernel time is spent mostly for TCP/IP, packet scheduling, memory-copy,
kmalloc and kfree.

3.2 NeST

Figure 2 shows the NeST server CPU profile when a single local area client
reads/writes a set of 100 MB files using the chirp protocol. The read and write
clients achieved a transfer rate of 7.49 MBPS and 5.5 MBPS respectively.

Fig. 2. NeST Server CPU Characteristics.
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NeST server has a 16% higher read transfer rate and a 30% lower write
transfer rate compared to GridFTP server. The lower performance of writes to
NeST server is because of the space reservation feature called ‘Lots’. Before each
write, NeST server verifies that the client has not exceeded the storage allocation,
and at the end of write, it updates this meta-data persistently. This causes
the slowdown. NeST allows turning off ‘Lots’ and doing that makes the write
performance close to that of GridFTP server. This shows that space reservation
while being a useful feature comes with a certain overhead.

4 Effect of Protocol Parameters

GridFTP allows us to use different block-sizes and multiple parallel streams.
Further, clients can concurrently transfer multiple files to/from the server. We
studied the effect of the above parameters and concurrency on transfer rate and
CPU utilization.

Fig. 3. The effect of block size and the number of parallel streams on GridFTP server
load, transfer rate, and TLB misses.
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The effect of using different block-sizes and parallelism while writing to the
moderate GridFTP server is shown in Fig. 3. Interestingly, the server load drops
and the transfer rate increases as we move from one stream to two streams. We
repeated the experiment 20 times and got the same results. We analyzed further
and decided to look at the Translation Look-Aside Buffer(TLB) misses. TLB
is a cache that speeds up translating virtual addresses to physical addresses
in the processor. As seen in Fig. 3c, the L2 Data TLB misses drops as the
parallelism is increased from one to two. The drop in L2 DTLB misses explains
the simultaneous decrease in server load and increase in transfer rate.

We went a step further and tried to find out what was causing the reduction
in L2 DTLB misses and found that the Pentium processor family supports a
large page size of 4 MB in addition to the normal page size of 4 KB. For data
servers, using the large pages would be greatly beneficial. Unfortunately, the
Linux kernel at present does not allow application to request such jumbo pages,
but internally the kernel can use these large pages. We found that the internal
kernel usage of jumbo 4 MB pages during use of parallel streams causes the drop
in TLB misses. We also found that using a block size of 4 MB did not make the
kernel use the jumbo page internally.

We tried the experiment with different machines and found that they had
a different parallelism TLB miss graph. The variance in TLB misses was quite
small till 10 parallel streams and starts rising after wards. Another interesting
thing we found was that the TLB miss graph of a machine at different times
was similar. At present, it appears that the Linux kernel usage of large pages
internally depends mostly on the machine configuration. This requires a more
thorough analysis.

Figure 3d shows the server load per MBPS transfer rate. Data movers may
want to lower server CPU load per unit transfer rate and this graphs shows how
they can use parallelism to achieve this.

The effect of block size when reading from the server is shown in Fig. 3e
and 3f. We find that the optimal parallelism for reading from the server is dif-
ferent from that used to write to it.

We have studied the effects of different concurrency and parallelism levels on
the transfer rate and CPU utilization. This study was done using the powerful
server and the effect on write to server is shown in Fig. 4.

We observed that increasing the number of concurrent files being transferred
results in a higher transfer rate compared to increasing the number of parallel
streams (Fig. 4a and 4b). This is the result of multiple transfers being able
to saturate the bandwidth better than single transfer with multiple streams.
In wide area, both increasing the level of concurrency and parallelism improve
the performance considerably (Fig. 4b). Whereas in the local area both have
very little positive impact on the performance, and even cause a decrease in the
transfer rate for slightly high concurrency and parallelism levels (Fig. 4a). As
the file size increases, the impact of parallelism level on transfer rate increases
as well (Fig. 4c). This study shows that increased parallelism or concurrency
level does not necessarily result in better performance, but depends on many
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Fig. 4. The effect of concurrency and parallelism levels on the transfer rate and CPU
utilization during write operations to the GridFTP server.

parameters. The users should select the correct parallelism or concurrency level
specific to their settings.

Increasing the concurrency level also results in a higher load on the server
(Fig. 4e), whereas increasing the number of parallel streams decreases server
CPU utilization. On the client side, both increasing the concurrency and par-
allelism levels cause an increase in the CPU utilization of the client machine
(Fig. 4f). We believe that using a combination of concurrency and parallelism
can result in higher performance than using parallelism only or concurrency only
(Fig. 4d). It can also help in achieving the optimum transfer rate by causing lower
load to the server.

5 Related Work

CPU, memory and I/O characteristics of commercial and scientific workloads
have been well studied [9] [10] [11] [12]. However, grid storage servers and data
transfer protocols have not been profiled and characterized in detail.
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Networked Application Logger (NetLogger) [13] toolkit enables distributed
applications to precisely log critical events and thereby helps to identify sys-
tem bottlenecks. It requires application instrumentation, which is difficult for
complex and binary-only applications. It cannot be used to log frequent short
events and kernel operations. The instrumentation may change the behavior of
the program. Since, we wanted to perform a full system characterization that
shows the time spent in kernel, we could not use NetLogger.

Vazhkudai et. al. [14] instrumented GridFTP [4] to log performance informa-
tion for every file transfer and used it to predict the behavior of future transfers.
They found that disk I/O takes up to 30% of the total transfer time and using
disk I/O data improves end-to-end grid data transfer time prediction accuracy
by up to 4% [15]. Our profiling gives a more complete picture of system perfor-
mance and we believe that this information can be used to make more accurate
predictions.

Silberstein et. al. [16] analyzed the effect of file sizes on the performance
of local and wide-area GridFTP transfers and found that files sizes should be
at least 10 MB for slow wide-area connections and 20 MB for fast local-area
connection in order to achieve 90% of optimal performance, and small files do
not benefit from multiple streams because of increased overhead of managing the
streams. Our profiling work would help people find values for other parameters
to achieve close to optimal performance.

6 Conclusion

In this work, we have done a full system profile of GridFTP and NeST, two
widely used data access and storage servers and detailed how time is spent in
these servers.

We have characterized the effect of concurrency and GridFTP protocol pa-
rameters block size and parallelism on data transfer rate and server CPU uti-
lization. We have made clear the trade-off between single client performance
and server load and shown how client performance can be increased and server
load decreased at the same time and explained the reason behind this. This al-
lows users to configure and optimize their systems for better end-to-end transfer
performance and higher throughput.

We are planning to analyze our profiling data further in order to find bet-
ter correlations between different parameters. This will help us to provide more
useful information to users helping them to perform more sophisticated config-
uration and optimization.

Finally, we want to make our profiling dynamic and want to design and im-
plement a feedback mechanism between our profiling model and higher level data
movement schedulers like Stork [17]. This would allow systems to dynamically
increase their knowledge, and enable schedulers to make intelligent scheduling
decisions based on analysis of dynamically collected profiler data.
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Abstract. This paper presents a novel approach to disk storage power
management for the cluster server systems which accesses remote active
storage devices instead of turning on local storage devices. It is more eco-
nomical to access remote storage than to spin up a standby disk both in
terms of latency and power consumption. The number of active storage in
the system is controlled according to the disk I/O load and demand. Un-
like previous approaches to storage power savings, the proposed scheme
does not rely on the special types or combinations of disk drives. The
proposed scheme can be used for various storage configurations including
internal disks, NAS, and SAN.

1 Introduction

Recently, the power, energy, and thermal issues become essential issues in de-
signing efficient data center infrastructure consisting of large number of clusters
servers and storage subsystems. Although the storage systems are responsible
for around 30% of data center energy consumption, it was not until recently
that the disk storage power management began receiving research attentions,
although the disk power management has been extensively studied in the con-
text of portable computers. The portable computer disk power management puts
the disk drive into one of the low power states such as standby and sleep when
the inactivity period is expected to be large enough to offset the state change
overhead both in power consumption and in latency [1].

For network servers, however, it has been known that the idle time between
two disk accesses is not long enough to turn the disk drives into a low power states
as in the portable computer disk power management scheme [2, 3]. Although the
memory caching for high performance extends the idle period, an extremely high
degree of caching is required to reach the break-even point in power savings.
Moreover, the miss penalty for the memory cache would be unacceptable if the
disk drive is to be first powered up before an access.

Several solutions to the server disk power management have recently been
proposed [4, 5, 3]. Gurumurthi et al. [4, 5] proposed the use of the dynamic RPM
(DRPM) disk drives [6] which can dynamically modulate its rotation speed in
order to save spindle power which is responsible for over 80% of disk drive power
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consumption. Carrera et al. [3] proposed the use of dual disk drives - a high
performance and a low power drives - in a single system as well as the use of the
two speed DRPM disks according to load and demand.

While DRPM can reduce disk storage power consumption for a wide range
of load and demand because it provides multiple power and performance levels
in between the active and the standby modes, the DRPM disk drive is not yet
readily available. The DRPM disk drive will have more complex and expensive
disk spindle motor, servo, and head control mechanisms. A more limiting factor
is that the savings would be limited by the power consumption at the minimum
disk spindle speed which is much higher than the power consumption at the
standby and the sleep modes.

This paper proposes a new approach to the server disk power management
which does not rely on the special DRPM disk drives. The proposed approach
utilizes remote disk drives in the storage hierarchy accessible through the file
system or the device level network protocols, if the local disk drive has been put
into a standby state. Because the latency of accessing a remote disk drive is far
less than the disk spin-up latency, the miss penalty of the memory cache can be
kept small enough to ensure seamless service.

The number of active disks in the system can be managed according to
system load, demand in workload, and service quality levels. If disk I/O demand
is expected to rise, more disk storage devices should be activated, while on the
other hand, if it is expected to diminish, a selected number of disk drives should
be put into the standby or into the sleep state to reduce power consumption.

Through a trace-driven simulation of a Web server cluster, we have shown
that the proposed storage power management scheme outperforms the conven-
tional cluster node concentration scheme [7,8] in power and energy savings.

This paper first describes the underlying network service models and the ar-
chitecture of the storage hierarchy required for the service in the next section.
Then, the proposed power management mechanism for the disk storage system
is described in Section 3. Section 4 presents the evaluation results in compar-
ison with the existing cluster node power management mechanism. Section 5
summarizes the paper and presents future works of this research.

2 Server Storage System Models

The disk storage power management scheme proposed in this paper relates to
typical cluster Web server configurations where a cluster consists of hundreds or
thousands of Web server nodes to which client requests are directed by a network
dispatcher for scalability and reliability. The content storage is cached and/or
replicated for scalability and reliability as well. The consistency of data in the
cache / replicated storage can be maintained either by lazy [9] or by eager [10]
synchronization mechanism. Although the disk caching / replication can degrade
write performance, it improves read performance significantly. Given the storage
need for Web serving is by and large read-centric, it is common to rely on a high
degree of replication in conjunction with partitioning.
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In network servers, it is typical to utilize memory caching in order to reduce
latency and improve throughput. Memory caching is also instrumental in reduc-
ing the disk drive power consumption because it can filter many disk accesses
when its size is larger than the working set of the workload. With a sufficient
amount of memory caching, the demand for the storage subsystem can be kept
low while the demand for the processor and the main memory remains high.

The proposed storage power management scheme controls the number of
active storages devices of the cached / replicated storage systems according to
the predicted demand in workload. When a request dispatched to a server with
a cached / replicated storage cannot be fulfilled in the memory cache, content
should be retrieved from the disk storage. If the cached / replicated storage is
not active, the proposed scheme forwards the storage access request to one of
the active storage devices containing equivalent content.

The proposed power management scheme can also be applied to SAN en-
vironments. It can be used in the basic SAN configuration which has a shared
nothing architecture in which each LUN of a disk array is assigned to a single
host. It can also be used in the recent storage virtualization environments. With
the storage virtualization, it is possible to make non-disruptive changes in the
storage configuration and to create virtual disks over multiple storage devices.

3 Storage Power Management via Remote Access

3.1 Decoupling Processing and Storage I/O Demands

The existing power management approaches failed to decouple the disk I/O
demand from the processing demand.

The load concentration approach for cluster nodes presented in [7,8] per-
forms dynamic provisioning of cluster nodes according to the system utilization
and the request demand. Because it is the entire node including CPU and disk
that is powered up and down, this approach cannot capture the difference in
the processing and disk I/O demands. As a result, the disk drive can consume
unnecessary power when many requests can be satisfied from the memory cache.

The DRPM [4,5] does not completely decouple the I/O and the processing
demands. The DRPM disk should operate at least at the minimum spindle speed
to avoid high access cost. Even when the disk rotates at its lowest speed, the
power consumption is much higher than that in the standby and sleep modes.

Our motivation is to decouple the I/O power management decision from the
node power management decision, so that we can perform disk load concentration
while leaving the rest of the node operational without the disk drive. When a
disk-less cluster node could not satisfy client requests out of its memory, it can
access an active remote storage device if internal storage is attached to each
node. The number of active disks in a cluster is determined according to the
disk storage load condition and is not totally dependent on the number of active
cluster nodes. In an alternate configuration where NAS or SAN devices are used,
the number of active cluster nodes and the number of active file servers / storage
arrays can also be controlled in a decoupled way.
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3.2 Operational Principles

In the proposed storage power management scheme, not all disk drives in the
cluster should remain active. The number of active disk drives at one level of the
storage hierarchy is controlled according to system load and request demand for
the storage hierarchy subsystem. If the demand for disk I/O remains low or is
expected to diminish, some number of disk storage devices can be put into the
standby state. On the other hand, if the demand for disk I/O grows, additional
disk storage devices should be spinned up to the active state.

If the local disk storage device is in the standby or sleep state when a client
request cannot be fulfilled by the memory cache, the cluster node retrieves re-
quired contents from one of the remote active disk drives instead of spinning up
the local disk. This strategy is based on a clear observation that the remote disk
access through a remote file system or the storage area network has the latency
which is orders of magnitude lower than that of the local disk spin-up.

When a cluster node decides to access an active remote disk rather than to
activate local disk, it consults the states of the disk drives and the cluster nodes
to select a cluster node which contains an equivalent, active disk drive. The disk
drive selection decision should be based on the load and demand conditions of
the disk storage devices and the cluster nodes.

Instead of having the storage device switch at the memory cache miss handler
of each node, a request dispatcher could have utilize the storage power manage-
ment status of each cluster node. However, this is not a viable option because
it is not feasible to track the contents of the memory cache at the dispatcher.
Although a form of cooperative caching can be utilized to increase the memory
cache hit ratio, the dispatch mechanism at the memory cache miss handler is still
required to forward storage requests to one of the active disk storage devices.

In the storage configurations where the cluster nodes access the networked
storage such as SAN device, the storage switch can be located at various places,
such as the cluster node, SAN switch, and the SAN storage array.

In order to benefit most from the proposed power management scheme, multi-
ple disk drives of a storage array need to be spinned down independently without
disrupting the operations of the other disk drives in the array. In SAN, multiple
LUNs of a storage array that map to the same set of disk drives can be exported
to different cluster nodes as separate storage units. Therefore, it is important to
map multiple LUNs of a disk array to a replication group which can be turned
on and off in tandem. In the storage virtualization environment, it would be
important to map multiple LUNs of a disk array to the same MDG.

4 Evaluation Results

4.1 Simulation Model

We developed a simulation model of a Web server cluster in which each cluster
node model consists of one CPU and two mirroring disk drives which have sep-
arate queues. Each cluster node maintains a main memory cache for the Web
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content objects with the LRU replacement policy. The Web request processing
times are modeled with empirical parameters obtained by measuring the Apache
2.0 Web server on the RedHat 9 Linux OS on top of a 2.4GHz Intel Pentium
4 box (with hyper-threading enabled). The processor occupancy for a zero-byte
content request is measured to be 300us and the content transmission through-
put to be 80us per 1KB. The disk drive performance and power consumption
parameters similar to the one described in [4] were used. The entire cluster sys-
tem under test consists of 16 such cluster nodes. The disk seek and rotational
latency are set to 4.2ms and the disk transfer time is set to 71us per 4KB. A
seek and a rotational delay is introduced every 44KB which models the average
transfer size between two seeks. The NFS block transfer time is set to double
the local disk transfer time [11].

The processor power consumption was calculated as the proportions of its
max / min power consumption (65W/10W) according to the measured processor
utilization. The power management scheme is assumed not to use the DVS for
processors nor to use DRPM for disk drives. The disk power consumption are
modeled after a disk drive similar to the IBM Ultrastar 36ZX [2]. The active, idle,
and standby power of the disk is set to 39W, 22.3W, and 4.15W, respectively.
The rest of the cluster node, such as memory, video, and NIC, is assumed to
consume 12W based on the data presented in [12].

In the experiment, we used a simple storage demand estimation mechanism
which is similar to that of the UNIX process load average estimator. The de-
mands for processing and disk I/O are monitored every 8 seconds while the load
concentration decision is made every 80 seconds. Exponential moving average
(EMA) for 8 minutes are used in making power management decision. Every 80
second, additional nodes can be activated if the EMA demand for processing
is larger than the number of active nodes. If the EMA demand for disk I/O is
larger than the number of active disks, additional disk drives can be activated.
The node and the disks are deactivated when the EMA demand goes below the
number of provisions. The increase and decrease amount is set proportional to
the demand changes and the number of nodes / disks currently active.

4.2 Web Trace Data

The 1998 World Cup Web access trace [13] was used as the simulation input
representing the real workload in the Internet. The one day trace of the 62nd
day from the launch of the Web site was used. Because there was a soccer match
in this day, a huge increase in demand is observed in the trace. In order to
regenerate the workload to represent today’s Internet environment, we scaled
the workload by 8 along the time axis.

4.3 Evaluation Result

Fig. 1 shows the power consumption results for the cluster Web server system
described above having a 20MB memory cache. The x-axis is the time of the day
scaled by a factor of 8. The y-axis is the power consumption of the cluster in
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Fig. 1. Power Consumption with 20MB Memory Cache per Node.

Fig. 2. Power Consumption with 8MB Memory Cache per Node.

Fig. 3. Power Consumption with the Update Traffic (4MB Cache).

Watts. The number of active nodes and active disks are also shown along with
the power consumption results (the second y-axis).

Fig. 1 (a) shows the power consumption of the proposed disk / node load
concentration scheme which performs the disk and the node power management
decision in a decoupled way. Fig. 1 (b) shows the power consumption of the
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conventional load concentration method where the number of active nodes are
controlled by the processing demand. The power management decision for the
disk is subordinate to that of the node.

The benefit of the proposed disk / node load concentration clearly manifests
itself in Fig. 1. Due to the high locality of reference in the trace, the 20MB
memory cache filters 98.5% of the disk accesses. The proposed scheme maintained
6.0 active nodes and 4.0 active disks on average, while the conventional load
concentration scheme maintained 5.88 active nodes and disks. The increase in
the number of active nodes is due to the increased processing loads for remote
disk access. The proposed scheme improved 20.3% of energy savings over the
conventional scheme. The amount of power savings also depends on the system
parameters such as the types of the disk drives and the degree of memory caching.

Fig. 2 (a) and (b) show the power consumption of the two schemes with
8MB of memory cache per node. With 8MB memory cache, the hit ratio was
measured to be 96.4%. The proposed scheme maintained 6.2 active nodes and
3.1 active disks on average while the conventional scheme maintained 6.0 active
nodes and disks. The proposed scheme improved 13.3% of energy savings over
the conventional scheme.

Fig. 3 (a) and (b) show the power consumption of the two schemes with
4MB of memory cache per node and under the presence of the synthetic update
workload. The update workload was designed in consideration of content update
such as news and images of the World Cup. It was assumed that the frequency
and amount of update traffic increases along with the request demands. The hit
ration was measured to be 93.9%. The proposed scheme maintained 6.2 active
nodes and 4.1 active disks on average while the conventional scheme maintained
6.1 active nodes and disks. The proposed scheme improved 8.2% of energy savings
over the conventional scheme.

As proved by the evaluation result, the number of disk storage that need
to be active at any given time is highly dependent on the request rate, the
hit ratio of the memory cache and degree of updates in the workload. Without
the proposed disk / node load concentration scheme, it is unavoidable to over-
provision the disk storage subsystems to cope with the highest possible demands.
The proposed disk / node load concentration scheme make it possible to provide
the right number of disk storage subsystems according to the workload and
system utilization.

5 Conclusions

This paper proposed a novel disk storage power management scheme which de-
couples the power management decision for the disk storage from that of the
cluster nodes, thereby opening a new design space for the storage power man-
agement. Through a trace-driven simulation of a 16 node cluster Web server for
a real Web workload trace, the proposed disk storage power management scheme
proved to reduce the system energy and power consumption up to 20% further
over the savings from the conventional load concentration mechanism. We are
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currently investigating the use of the proposed disk power management scheme
with the DRPM disks to enable more seamless provisioning of disk storage with
reduced power consumption.
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Abstract. Efficient data scheduling in Grid environments is becoming a seem-
ingly important issue for distributed real-time applications that produce and
process huge datasets. Thus, in this paper, we consider the data scheduling
problem so as to provide reliable dissemination of large-scale datasets for the
distributed real-time applications. We propose a new path selection-based algo-
rithm for optimizing a criterion that reflects the general satisfiability of the sys-
tem. The algorithm adopts a blocking-time analysis method combined with a
simple heuristic (LCSP or SLCP). The simulation results show that our algo-
rithm outperforms the algorithms existing in the literature.

1 Introduction

Research in real-time Grid computing is needed to enable Grid services for newly
emerging class of large-scale real-time distributed applications. The amount of data
produced and processed by these new large-scale applications poses a great challenge
on the Grid infrastructure. Let us consider the following example. Assume a distrib-
uted industrial vision and inspection system that provides complex and sensitive in-
spection for industrial facility lines [1]. The vision equipments provide images for the
product, which needs to be analyzed, matched, verified and stored in real-time fash-
ion. A distributed computing system connected by a wide area network, then, pro-
vides an efficient computing environment for distributed inspection tasks on the data-
sets [2]. The large-scale datasets may include a combination of real-time still pic-
tures, thermal images, video clips, etc. Such a system requires transferring huge data-
sets between distributed running tasks. Due to the fact that the datasets are large, an
efficient mechanism must be devised to allow dataset transfer between tasks in re-
mote locations. This mechanism must cater for cases by which a particular dataset is
requested by more than one task in different locations. They also must account for
future requests of a particular dataset and certainly the deadline by which the dataset
is to be delivered to the final destination(s).

Examples of some other distributed real-time applications that share similar fea-
tures of the industrial vision system include distributed medical information and im-
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aging systems [3], computer vision [4], and distributed surveillance applications [5].
In [5], three different heuristics, referred to as PPH, FPH and FPA (Partial Path
Heuristic, Full Path Heuristic, and Full Path All destinations heuristic, respectively),
were proposed for data transfer scheduling with real-time constraints for a defense
information system. In [5], deadlines for requests, each of which represents a data
transfer, were assumed. The goal was to minimize the number of requests that miss
deadlines. Dissemination of datasets was achieved by adopting a data staging
technique by which a transferred data-item is cached in intermediate nodes along the
path of the transfer from the source to the destination of the transfer.

The three aforementioned heuristics (PPH, FPH and FPA) schedule only one re-
quest for transfer along the shortest path from source to destination in each iteration.
Concurrent Scheduling (CS), on the other hand, as proposed in [6], allows a commu-
nication step to include different request transfers simultaneously in an organized
fashion. This is possible because some requests may be achievable through separate
paths. The CS algorithm was built on top of the EPP (Extended Partial Path) heuristic
proposed in [7].

Data replication problem in Grid is related to the dissemination problem and has
been studied to minimize the latency of data transfer as well as to reduce bandwidth
consumption, improve the system reliability and to load balance the requests [8], [9].

In this paper, we facilitate a discussion for real-time Grid computing and issues of
data dissemination and scheduling requirements for large-scale data in distributed
real-time applications. We propose an efficient algorithm for the data dissemination
of these applications.

2 System Model

Our goal is to provide a solution to the data dissemination problem for applications
with large-scale datasets. Thus, we focus on the scheduling the transfer of datasets
rather than scheduling the application tasks. In our system model, we assume that
applications arrive aperiodically online at a specific point (broker and scheduler) by
which the tasks of the applications are mapped and scheduled on the distributed re-
sources. The distributed tasks require large dataset transfers from remote locations
that are determined upon the arrival of the applications. Each task may have one or
more requests for data transfer.

The network graph G = (V, E) specifies the connectivity of a set of n vertices
and m edges and there is a communication

channel between the vertices}. Each vertex is a node with limited storage ca-
pacity Each edge represents a time delay for the transfer between the end
vertices This delay is assumed to be constant on
A distributed application is composed of tasks running on
several predetermined processing nodes. Each task produces a set of requests to
specific data-items of large, fixed sizes at different times during its execution.

is the set of requests produced by the ith task of appli-
cation
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Each request is associated with one of data-items to be trans-
ferred to a destination node where the corresponding requesting task re-
sides.
Each request is assigned a deadline by which the data-item must be
delivered to its destination.
The request is also assigned a priority value which is inherited from the
application, which includes the task that produced the request. A request is

hence summarized by the following tuple:

An achieving path of a request is defined here as a path that has a network

latency less than or equal to the deadline of the request. An achieving path is also
assumed to be simple. A simple path between a source and a destination

is given as and for all The set of
achieving paths of a request is defined as the collection of all achieving paths

from all sources of the data-item associated with the request We also assume that
the arrival time of a request is its release time.

Our model also assumes a staging mechanism for data transfers which was pre-
sented in [5]. The data-item associated with a request will be stored in intermediate
nodes for the duration of the deadline of the request associated with the transfer.

3 Problem Statement

Our goal is to satisfy all requests of all tasks present at any specific point of time.
These requests form a batch of data-item transfers with specific deadlines. Due to the
size of the individual data-items and the storage capacity of the intermediate nodes, it
is not possible to accommodate all of the staging at the same time. We are also re-
stricted by the need to allow multiple copies of the data-item exist during a specific
time period for a request. An efficient heuristic should aim at maximizing the satisfi-
ability at all times.

Let be a specific schedule of data transfers. A request is satisfied in if and
only if the data-item associated with is delivered at the destination node on or
before the deadline Let the set of satisfiable requests by the schedule be
defined as is satisfied in The optimization criterion of the
staging heuristic is provided by the effect of the schedule    which is defined as:

4 Blocking Analysis Concurrent Scheduling Algorithm (BACS)

The heuristic proposed in this paper employs a data concurrent scheduling (CS)
method and a data blocking analysis (BA) method (hence the name BACS) for data
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transfers to solve the data-scheduling problem. By concurrent scheduling, we mean
that several data-items will be allowed to stage, allowing the service of multiple re-
quests simultaneously. By blocking analysis, we mean that the delays encountered by
the transferred data-items (due to blocking for intermediate storage) will be computed
and used for assigning staging paths.

A blocking along the path occurs when a request competes with another request in
one or more of the intermediate nodes due to limited capacity. Due to this situation,
BACS enforces a special blocking policy. This policy compels the lower priory re-
quests to await before the specific blocking point (a contention node on the path)
until a space adequate for its data-item is available in the contention node. The lower
priority request, in such a case, is called an awaited request or a blocked request. An
awaited request will be blocked at a specific contention node for at least the amount
of time needed to clear the node from the higher priority request.

4.1 BACS with Shortest Least Contending Path (SLCP) First Heuristic

The BACS algorithm attempts to generate an optimum set of paths for the individual
requests. BACS iterates through three phases of execution. The algorithm starts exe-

cution by accepting a batch of requests, each defined by a tuple

BACS, then, finds a set of achieving paths for each request from a set of
multiple sources. This is accomplished by running a version of Dijkstra’s shortest
path algorithm for each request which can find a shortest path to a specific node in
the network from multiple sources [5], [10]. These paths are later sorted based on
their lengths for each request.

BACS generates an initial set of paths composed of the shortest path for each re-
quest. It is obvious that this set neither guarantees the satisfiability of all requests nor
maximizes this satisfiability. The reason is simply enforced blocking policy by which
lower priority requests must be blocked for higher priority requests for an amount of
time that is proportional to the individual path lengths.

From the initial set of paths, BACS uses a graphical method to compute the total
delay incurred by each request, which is the first phase of the BACS:

Determine the effective priorities for all requests. They are computed as the
weight of the task multiplied by the weight of the application:

where is the effective priority of is the priority of task
and is the priority of application
Compute the direct blocking delays between all possible request pairs as ex-
plained in [11]. The amount of time a lower priority request will be blocked at a
contention point is determined by the time needed for the higher priority request
to clear its path (clear the intermediate nodes on the request’s path).
Finally, in this step, we develop the Blocking Dependency Graph (BDG) for the
requests. Each node in this graph represents a request and each directed edge
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represents the awaited time incurred on a request by a higher priority request
sharing the same path as if the two are the only requests in the system. The de-
veloped BDG represents the dependencies between the requests.

Once we have a BDG, it is possible to compute the total end-to-end delays of all
available requests in the batch, which is the second phase. This delay for each request
is the length of the critical path of the request in the resultant DAG and must be equal
to or less than the corresponding request’s deadline in order for the request to be
satisfied. The critical path of a request is the longest path to the request from all
available nodes in the graph and its length represents the total blocking time.

Once the blocking delays are found, it is possible to compute the effect of the
schedule from defined by (1). BACS then checks for the total satisfiability condition
shown by the diamond in the second column. If the condition is not satisfied, the
algorithm performs a path set modification phase.

In the third phase, BACS finds a subset of requests which is referred to as the set
of candidate requests. This set is composed of all requests (represented by nodes) in
the critical path of only unsatisfied requests (or some of the unsatisfied requests).
Then, BACS attempts to modify the path set for the candidate requests. By changing
the path of a higher (blocking) request, it is possible that the delay incurred by a
lower (blocked) request is reduced. The following is performed in this phase:

Starting from the highest requests in the chain, the algorithm searches for an al-
ternative path.
The alternative path is the least contending based on the Contention Index (CIX)
function defined in [11] among all achieving paths of the request.
If two requests with same contention amount exist the shorter is picked first
(hence SLCP).

4.2 Least Contending Shortest Path (LCSP) First Heuristic

In the LCSP heuristic, the algorithm iteratively replaces the paths for each request in
the candidate set produced in the third phase of the algorithm. The following steps are
performed by this heuristic until reaching a feasible solution or exhausting the set:

1.

2.

3.

Starting with the highest priority request in the set of candidates, LCSP replaces
its current path with the next shortest path. If two paths are of the same length
the heuristic selects the least contending of the two based on the CIX value de-
fined in [11]. Note that computing the CIX value is performed only when arbi-
tration is needed in this step.
The algorithm evaluates the total delays of the requests and computes the effect
value by jumping to the first phase. If no better effect value is found, the next
path for the current request is tested and so on. Once a better effect value is
found for this request, the path of the particular request is fixed.
The heuristic moves to another request in the list of candidates and repeats Step
1 and Step 2 until a feasible solution is found or the candidate requests list is
covered. The algorithm exits with the best solution found.
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5 Simulation Results

The performance of the BACS algorithm is tested by simulation in a network of 30
machines with arbitrary topologies. These machines constitute the nodes which can
be sources, destinations and/or intermediate storage locations. Each machine has a
limited capacity equal to a data-item size and all data-items are of the same size. We
tested the performance of the algorithm for the general situation in which the requests
for a particular number of data-items are generated randomly by a subset of the 30
machines with random number of sources and destinations. Random requests are
assumed to arrive at the centralized scheduling unit in batches. The parameters used
to measure the algorithm performance are the number of requests in the batch and the
deadlines of the requests (the urgency of the application). We allowed the load repre-
senting the number of requests to vary between 100 and 600 requests while the dead-
line is set to about 70% of the average path length (500 time units). The performance
is measured as the percentage of satisfied requests as well as the effect value. The
performance of algorithm was also tested by changing the level of urgency of the
applications set be the deadline value. Here, we fixed the load at 500 requests in the
batch (high load situation).

Fig. 1. The performance of the BACS, CS/EPP (CIX=CV) and PPH staging algorithms in terms
of the percentage of satisfied requests at 500 request load.

Fig. 1 shows the performance of BACS, CS/EPP [6] and PPH [5] (FPH and FPA
have been shown to have comparable performance with PPH even with different cost
functions. See [5] for details). BACS shows better performance for the parameters set
of the experiment. The PPH adheres to a method by which only one request is trans-
ferred at a time. This can result in high deadline miss rate for high load conditions.
Although BACS was slightly better than CS/EPP in improving the number of satis-
fied requests, it showed considerable advantage over CS/EPP when the effect func-
tion was evaluated as shown in Fig. 2. This is mainly because BACS algorithm con-
siders the entire batch and not only portions as in CS/EPP. BACS responds very well
when deadlines are relaxed since many paths are considered for staging the requests.
Fig. 3 and 4 show a comparison between the BACS and the CS/EPP when fixing the
deadline and altering the load of the system. BACS shows superiority over CS/EPP
especially at light load situations.
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Fig. 2. The performance of the BACS, CS/EPP (CIX=CV) and PPH staging algorithms in terms
of the percentage of the priorities of satisfied requests at 500 request load.

Fig. 3. The satisfiability performance of the BACS and CS/EPP as a function of the load.

Fig. 4. The effect performance of the BACS and CS/EPP as a function of the load. The dead-
lines of all requests are fixed at 500 time units.

6 Conclusions

We have addressed the problem of data scheduling in distributed real-time systems
with large-scale data communications and the need to consider real-time measures for
Grid real-time applications in general. Our goal was to maximize the number of re-
quests that meet their deadlines in a limited capacity environment by adopting the
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data staging scheme for the purpose of data dissemination. We proposed a path selec-
tion-based algorithm which maximized the objectives based on two new heuristics
LCSP and SLCP. The performance of the BACS algorithm is shown by simulation to
be superior to other static staging algorithms. BACS takes a batch of requests and
generates a static schedule that is hopefully close to optimal. It is, however, clear that
the complexity of BACS is higher than these other algorithms since multiple path
search is performed for solving the problem.
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Topic 7

Applications on High Performance Computers

Peter Arbenz, Rolf Hempel, and David Walker

Topic Chairs

Research in parallel and high-performance computing eventually has to be jus-
tified by the resulting improvements in real-world applications. The increase of
availability, scalability and efficiency of PC clusters has led to increased interest
in clusters for commercial and industrial applications. The recent development
of middleware tools makes it possible to use computational or data grids to
solve the largest classes of problems with requirements for highly heterogeneous
computer resources.

This year nine papers were submitted for the applications topic. A major
theme, both in terms of submission count and of paper quality, is visualization.
Few papers were submitted in the “classical” area of numerical applications in
science and engineering, only one of which was accepted. It seems that parallel
computing in this area of research has matured to the point where corresponding
papers are rather submitted to specialized application-oriented conferences. The
following papers were selected for the applications session:

“Using a Structured Programming Environment for Parallel Remote Visu-
alization”. Remote visualization in a Grid environment requires flexibility in
the placement of application components and techniques that reduce the re-
quirements on network bandwidth. This paper presents a distributed visualiza-
tion system based on the structured parallel programming environment ASSIST.
The performance of the resulting ASSIST component for isosurface extraction
is compared with the alternative approach in which MPI is used directly for
inter-process communication.

“FlowVR: a Middleware for Large Scale Virtual Reality Applications”. The
paper introduces FlowVR, a middleware for virtual reality applications on clus-
ters or Grids. While today most VR applications run on modestly parallel sys-
tems, preferably with shared memory, large-scale applications benefit from the
computing power made available by large clusters or Grid environments. FlowVR
offers a wide range of options for gathering the results in coherent views, depend-
ing on the required level of details, latency and refresh rates.

“Parallel and Grid Computing in 3D Analysis of Large Dimension Structural
Systems”. The “Grid Structural Analyser”, a parallel application for the three-
dimensional structural analysis of buildings, is presented. The performance of
sparse linear system solvers from several publicly available libraries is compared
for two test examples. Grid computing is used for the execution of many design
variants in parallel, with the purpose of finding the one that best satisfies the
given design requirements. The use of parallel and Grid computing leads to a
speed-up of the design process.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, p. 476, 2004.
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Abstract. Remote visualization is a key issue in many Grid applications
and a demanding task both from the design and the computational point
of view. For these reasons adequate algorithms and programming tools
are necessary in order to face problems that arise implementing a remote
visualization system for Grid architectures. In this paper we report our
experiences in the design of components for a remote visualization system
using ASSIST [18] a high level environment for parallel programming.
The use of ASSIST is considered at two levels: the high level design of the
system, and the implementation of a component for isosurface extraction.
Performances of the ASSIST component for isosurface extraction are
assessed in comparison with a C-MPI based implementation.

1 Introduction

The evolution of the Grid, as a cooperative environment for virtual organiza-
tions, puts in evidence the need of new sets of tools and algorithms for remote
interrogation and visualization of 3D volumetric data, produced by large and
complex simulations or by data acquisition instruments.

A rapidly increasing attention is paid to this problem and new algorithms,
methodologies and systems are being developed to satisfy the requirements of
visualization in a Grid environment [1,3,6,17], since it is a widely accepted
opinion that current visualization tools do not satisfy emerging requirements
of Grid architectures. Grid visualization software must provide remote visual-
ization, and should permit reuse of existing software, provide a user friendly
interface, be modular and extensible permitting to develop complex applications
combining building blocks, and provide high performance. The NERSC Visual-
ization Greennbook [8] indicates, among its recommendations, the improvement
of remote visualization and the application of parallel computing to massive sci-
entific data visualization. The use of “components” as the basic technology to
develop this kind of system sounds like a natural possibility. Hereafter we adopt
the term component in a broad sense without referring to a specific component
model.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 477–486, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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We indicate in remote visualization the key issue of our study and we would
like to contribute to overcome the current limits of available systems. Our gen-
eral objective is to contribute to the development of a more flexible and effective
approach that permits to execute possibly heterogeneous visualization compo-
nents on a distributed and parallel set of dynamic resources. We would like to
explicitly deal with network bandwidth constraints, to interact with heteroge-
neous clients and to get high performance, permitting to achieve interactivity
for large data sets. In this paper our main and specific goal is to study problems
related with the use of parallel processing in this context. Other projects like
Visapult [13] and Terascale Browser [12] pursue very similar goals. With respect
to these projects our effort is much more limited in the availability of high-end
computing resources, but in our opinion it provides some interesting experiences,
especially for that it concerns the exploitation of parallel computing.

We are mostly interested in the design and implementation of efficient and
portable parallel visualization software. Moreover we would like to assemble a
visualization application properly combining suitable components. The possi-
bility of obtaining a dynamic behaviour of the visualization system is another
important issue. In order to achieve these objectives it is important to act on
two aspects in a combined way:

To develop effective and efficient 3D data interrogation, handling, and visu-
alization parallel algorithms;
To select an adequate programming environment that provides the support
for the high level design of structured parallel algorithms, possibly using a
modular or component based approach.

This is the effort we are currently pursuing in cooperation with other research
groups within an Italian national research programme named Grid.it, whose gen-
eral goals are to create a national Grid infrastructure, to develop an adequate
programming environment for Grid applications, and to deploy advanced ap-
plications on this architecture. In this general context this paper discusses our
experiences with the use of ASSIST [18], a high level structured parallel pro-
gramming environment, for remote visualization.

The rest of the paper is organized in the following way. In Section 2 we shortly
introduce remote visualization. Section 3 presents the ASSIST programming
environment, while Section 4 is dedicated to visualization system design using
ASSIST. Section 5 presents evaluations and experimental results and leads to
future works and final considerations.

2 Remote Visualization for the Grid

We have concentrated our attention on isosurface extraction that is a basic op-
eration for many tasks and interrogations of volumetric data. For details about
isosurface extraction the reader may refer to [15]. The result of isosurface ex-
traction is a Triangulated Irregular Network (TIN) that should be displayed
using adequate volume rendering software and hardware. Rendering aspects are
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for the moment outside of our scope and will be not further considered, but the
availability of adequate surfaces and volume rendering tools is assumed hereafter.

Meshes generated by isosurface extraction are generally large geometric mod-
els that may count hundreds of millions of triangles. Very often the model res-
olution is far beyond the necessity of the final user, who may be interested in
getting a rough model of the entire surface, with the possibility of panning to se-
lect a zone of interest and zooming into it. The availability of a model at different
Level of Details (LOD) [7] is thus an interesting possibility in many situations. It
provides an aid in local visualization but it also makes visualization more latency
tolerant for remote images display. For this reason we have developed a parallel
module for TIN simplification [5]. This module may be coupled to the isosurface
extraction component either tightly, by memory sharing, or loosely, by use of a
file or networked interface.

Remote visualization has shown to be a communication bandwidth demand-
ing application. Being aware of these communication requirements, we plan since
the beginning of our study to use a parallel compression component, based on
a TIN compression algorithm [16], which permits to reduce the size of the TIN.
Also the parallel compression component can share memory or file interfaces
with isosurface extraction and TIN simplification modules.

Figure 1 represents a complete pipeline at a high level of abstraction that may
require different refinements and configurations, depending on the visualization
task, and the available computing resources [17].

Fig. 1. A data processing pipeline for remote visualisation.

In Table 1 we have summarized I/O data flow and computing times for a
sequential isosurface extraction process, based on an optimised version of the
Marching Cubes algorithm [15]. Three different data sets have been considered,
and for each data set different isovalues are used. The data sets are Computerized
Tomography (CT) scans of a bonsai, a frog and a Christmas tree. Computing
times have been collected using a Linux PC equipped with 2.66 GHz Pentium
processor, 512 MB of Ram and two EIDE disks interfaced in RAID 0.

Figure 2 shows the original Christmas tree and the result of an isosurface
extraction and a simplification step.
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Fig. 2. The Christmas tree and the resulting isosurface (value 180) after a simplification
that reduces of 60% the number of triangles. The data set was generated from a real
world Christmas Tree by the Department of Radiology, University of Vienna and the
Institute of Computer Graphics and Algorithms, Vienna University of Technology.

In Section 5 we will see that a parallel version of the isoextraction algorithm
may greatly reduce the computing time, with some exception when consider-
ing small data sets. We have collected similar data for the simplification and
compression stage. It is clear that depending on the data size, on the specific
visualization task, on available computing resources, and client characteristics
different pipeline configurations should be activated.

The very important aspect is that in order to develop effective and efficient
software for Grid visualization, we must be able to use a high level design,
programming, and integration approach, that permits to obtain the necessary
flexibility in putting together components, and efficiency in exploiting parallel
computing, dealing with changing architectures and application related param-
eters.
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3 The ASSIST Programming Environment

ASSIST is a high level structured parallel programming system that integrates
skeleton technology in a flexible and powerful environment in order to provide
suitable support for the development of high performance portable applications
in multidisciplinary environments. ASSIST is a research product developed at
the Computer Science Department of University of Pisa - Italy. A complete
description of ASSIST is far beyond space limits and goals of this paper and the
interested reader may refer to [18].

An ASSIST program is a graph in which nodes represent modules or com-
ponents, and arcs correspond to interfaces and are associated to a directional
streaming of data. Streaming permits to compose modules in a complex program.
Modules may also share information using external objects like a virtual shared
memory. Each module can be a parallel module, parmod in ASSIST terminology
and a rectangle in ASSIST graphs, or a sequential module, a circle in an ASSIST
graph. It is possible to reuse a composition of modules as a component of a more
complex program.

While the ASSIST graph permits to express interaction among program com-
ponents, the parmod permits to express parallelism inside each component in a
powerful and effective way. Parallel computation in the parmod is implemented
by a set of virtual processors that interact using a topology, which provides a
naming scheme for the virtual processors. The internal state of the parmod can
be partitioned or replicated among virtual processors. The internal state can hold
variables that permit to control communications with input and output streams.
A parmod may have different input streams and through them interacts with the
rest of the program selecting input with a nondeterministic behaviour similar to
that of CSP [9] guarded commands. Moreover each input stream is associated to
an independent distribution strategy like on demand, scatter, broadcast, multi-
cast. Results of parmod computation are provided to other components through
parmod output streams. From our point of view, one of the main relevant charac-
teristics of the parmod construct is the fact that it is very similar to a component
since it provides a single interface (input and output stream), and different im-
plementation strategies can be associated to that interface in a semi-transparent
way.

4 Visualization System Design
and Implementation in ASSIST

It is quite natural to use ASSIST to design a modular and flexible pipeline that
contains the three components depicted in Figure 1. Figure 3 represents the
ASSIST graph for this pipeline. Here the producer is a source of 3D data, for
example a simulator, while the consumer could be a rendering module, the two
modules are no further detailed in this case. An interesting aspect is for the
consumer the ability of non-deterministically receiving input from one of the
three incoming streams.
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Fig. 3. The visualization pipeline expressed as an ASSIST graph.

Depending on the size of the produced TIN, and on other suitable parameters,
the isoextraction parmod decides to activate the simplification and compression
modules or to send data directly to the consumer. This decision is implemented
by sending information and data on one of different output streams thus acti-
vating the proper component.

Different components could access a shared virtual memory that permits to
optimise information flow especially when the access to large data structure is
necessary. The use of shared memory is no further considered here.

At a further level of details we deal with components design and implemen-
tation. Hereafter we focus our attention on the isosurface extraction component.
As already mentioned in our case this process is based on the Marching Cubes al-
gorithm [15]. The selected parallelization strategy was originally described in [4].
The interested reader may refer to that paper in order to get more information
about the Marching Cubes algorithm and our approach to its parallelization.
However it is important to notice that with respect to that parallel version some
improvements have been introduced.

First of all using the Parallel Virtual File System (PVFS) [14], instead of
NFS, permits to reduce I/O times, when more processes access large data sets
concurrently. Another point concerns load balancing for active cell processing.
In a first processing phase the parallel algorithm determines active cells, i.e.
volume elements that are intersected by the isosurface. For each active cell a
further computation is necessary in order to properly define interpolation and
construct the local triangulation that approximates the isosurface. Depending
on the characteristic of the data set, and on the configuration of the pipeline a
load balancing step may be dynamically executed under the supervision of the
Coordinator parmod.

Figure 4 depicts the ASSIST graph for the isosurface component. It is de-
signed around two parmods, the Coordinator and the Parallel_Marching_Cubes.



Using a Structured Programming Environment 483

Fig. 4. The ASSIST isosurface extraction component of the visualization pipeline.

5 Evaluation and Experimental Results

Our evaluation is mainly focused on the support provided by ASSIST for the
design and implementation of parallel software for remote visualization for Grid
applications. We started using ASSIST as a design and programming tool for
our visualization system in summer 2003 and we are currently using version 1.1.
Presently a new version (1.2), which includes implementation of external objects
and a Corba interface, is available. We spent about one afternoon to install the
system on a Linux cluster, but we have to spend some more time and we need
some support from the developers in order to solve some compilation problems
and to properly set up the system. In few days the ASSIST installation was
ready and we were able to run our early program examples. The learning time
of the system was quite short, at least for people having a previous knowledge
of parallel programming. The system is in general well documented, despite the
documentation of some specific features like the use of virtual shared memory
could be improved. An important point is the easy reuse of sequential C/C++
code. We were able to plug the original sequential code in the parallel parmod
with a minimal effort.

The most important aspect using ASSIST is the possibility of adopting a
high level design and implementation approach for the kind of application we
are interested in. The parmod construct, together with input and output streams
specification, provide suitable abstractions to express parallel components with
their used and provided ports. The availability of several parallel programming
facilities, like parmod virtual processes topology and shared virtual memory,

The Parallel_Marching_Cubes parmod is actually the parallel implementation of
the Marching Cubes algorithm, while the Coordinator implements some control
functions and provides support for dynamic load balancing.
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permit to design efficient solution. Finally the compilation and run time supports
in our experience provide effective parallel program performances. Thus ASSIST
seems to have an added value with respect to the use of lower level approaches,
e.g. based on C-MPI, for structured parallel program design and implementation.

We have collected experimental results for our parallel version of the isosur-
face extraction component of the visualization system. We have experimented
two versions of parallel isosurface extraction, one developed using C-MPI the
other using ASSIST. The two versions are based on the same logical design,
e.g. adopt the same load balancing policy, and perform the same amount of I/O
operations. Also the two versions are implemented using the same sequential
optimisations. The input sizes of each data set, output sizes and sequential com-
puting times for different isovalues are collected in Table 1, presented in Section
2. Table 2 provides speed-up results for C-MPI and ASSIST versions of the iso-
surface parallel component on a Linux cluster for 2, 4 and 8 nodes. In the cluster
each node has the same configuration of the node considered for sequential exe-
cution (see again Section 2), and nodes are interconnected through an Ethernet
- Gigabit switch.

We measured a start up time that is greater in the case of MPI especially for
8 processors. This leads to slow down speed-up for MPI in the cases Bonsai 254
and Bonsai 180 with 8 processors. The results obtained in most demanding cases
(Xmas tree 180 and 25) indicate that with large data sets we are able to provide
good efficiency figures (around 80% for 8 processors). We expect that scalability
will go beyond the 8 nodes cluster used for this experiment, when larger data
sets will be tested.

The results of Table 2 indicate that our parallel isosurface extraction al-
gorithm provides acceptable performances and good scalability for demanding
data sets and computation, and that ASSIST provides excellent performances.
For small data sets, the overhead due to parallel system start up, and to con-
tention on the file system overwhelm the benefits derived from the speed-up
obtained for the computational kernel, that we have checked to scale up almost
linearly.
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6 Conclusions and Future Works

In this paper we have discussed design and implementation issues for a paral-
lel remote visualization system oriented towards analysis and visualization of
volumetric data in Grid applications. We are particularly interested in using
high level parallel programming languages and tools, in order to develop mod-
ular, flexible and dynamic visualization applications. Our experience of use of
ASSIST is a positive one. The environment provides a very good support for
the design and implementation of modular and adaptable parallel programming
applications. While we expect to pay a performance fee passing from a lower
level tool, MPI, to ASSIST, experimental data show exactly the opposite re-
sult. The reason of this result is in part related to the higher start-up time of
MPICH-ch_p4.

We are currently experiencing also other systems like Ccaffeine [10] a Com-
mon Component Architecture (CCA) [11] compliant model. The early experi-
ences using Ccaffeine show a higher order of complexity for installation, learning
curve, and deployment of a first running example.

Future plans include the further development of simplification and compres-
sion components using ASSIST.

Finally a new Grid aware and truly component based version of ASSIST is
currently being designed and developed [2]. The availability of this version will
be very interesting for a better integration and awareness of our visualization
application in Grid architectures.
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Abstract. In this article a parallel application for the 3D structural
analysis of buildings is presented. Taking into account that solving the
system of linear equations is the most time-consuming phase, several
parallel public domain numerical libraries, that reflect the start-of-the-
art, have been tested. A timing result comparison when analyzing two
medium-sized buildings is included. Besides, a Grid-based demonstrator
has been developed, integrating the parallel application and taking ad-
vantage of the different resources remotely distributed in the network.
The Grid demonstrator enables the simulation of a larger number of dif-
ferent structural alternatives, with the purpose of finding the one which
better accomplishes with all the economical limitations, safety require-
ments, aesthetical aspects and other criteria.

1 Introduction

Structural analysis of buildings is the process to determine the response of a
structure to specified external loads or actions. This response is usually measured
by obtaining tensions and displacements that take place at any point of each
structural component.

This structural analysis plays a central role during the preliminary design
stage of a building, when several alternatives must be considered. At this stage,
construction standards obliges the designer to take into account a wide range
of situations and load cases which, with a given probability, could occur during
the lifetime of the structure. For each of these cases and model configurations, a
structural analysis is required. A requirement of speed is imposed by the need of
having comprehensive information in the preliminary design cycle. Usually, these
initial designs have been based on simplified models to minimize the time and
effort spent on this phase. Although, in some cases, all the designs are rejected,
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returning to the initial design stage, a selection among these alternatives has
to be made before proceeding a detailed design phase. Now, a large number of
different structural configurations have to be analysed quickly and in a realistic
way to achieve the most efficient solution (the cheapest and the safest one). An
iterative trial-error process is developed by the structural engineer where, vary-
ing sections or load conditions, the whole structure is analysed and the results
are interpreted. At this final stage, calculations must be performed accurately,
complying criteria of safety, cost limitations or construction constrains.

3D structural models deal with 6N degrees of freedom (dof), where N indi-
cates the number of nodes considered in the structure. Current trend of erecting
more complex and larger buildings is providing structural problems that can
reach dimensions of about several hundreds of thousands of equations.

Therefore, structural analysis is one of the most time consuming stage in
the design cycle of a building. Memory and computing power requirements to
manage efficiently large systems implies the utilization of high performance com-
puting techniques, even when Grid strategies are applicable to enable a decrease
in the simulation time, a realistic analysis of larger buildings, and to test a
greater number of alternatives in the preliminary and detailed design stage.

Fig. 1. Flow diagram describing the engineering design process.

The paper is structured as follows: Section 2 describes the parallelization of
the structural analysis method applied. Advantages of using parallel numerical
libraries with state-of-the-art capabilities, together with a brief summary of each
of them, are detailed in Sect. 3. Performance of the parallel application developed
is shown in Sect. 4. Section 5 presents a Grid Computing-based approach that
allows performing multiple structural analyses. Finally, conclusions and further
work are described in Sect. 6.

2 Parallelization of the Structural Analysis Method

The matrix methods [1] represent the most powerful design tool in structural
engineering and they are appropriate to be implemented on computers. These
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methods are based on the idea of replacing the actual continuous structure by a
mathematical model made up from structural elements of finite size with known
elastic and inertial properties that can be expressed in matrix form.

This paper introduces a MPI-based parallelization of the stiffness method. It
employs the stiffness properties of the structural elements to form the equations
that represent the relationship between nodal forces acting on the structure and
its displacements. The unknown joint movements are computed by solving the
equilibrium equations at the joints. At each joint, the loading conditions are spec-
ified by six force components, and the response is described by six displacement
components. This method is based on the following five phases:

1.

2.

3.

Generation of the force matrix where M is the number of
combinations of actions applied to the structure, and N represents the total
number of joints in the building.
Generation of the stiffness matrix of the structure, by assem-
bling the stiffness matrices of the different elements that compose it. The K
and F matrices are generated in parallel, where each processor will assemble
a local part of them. As a result, these matrices will be partitioned among
the processors, following a row-wise block-striped distribution.
Calculation of the joint movement. For each joint, six displacements must
be calculated. The relationship between external forces F and displacements

is given by

4.

5.

Thus, a system of linear equations must be solved to compute the node move-
ments. K matrix is sparse, symmetric and positive definite. Great precision
is required at this point, as it determines the remaining structural phases.
Calculation of the member end forces. Once joint movements are known, the
structural elements are divided into groups. Each processor computes the
12 internal forces at both ends of its assigned structural elements, and the
reactions at the points attached to the rigid foundation.
Computation of the deformations at any point of the structure. Finally,
the bending moments and deformations at the predefined division points
of the members are evaluated in parallel, to check that they do not exceed
the established limits. Once the bending moments of an element have been
worked out, its deformation is computed by means of the differential equation
of an elastic curve, see (2). In this equation, is the bending moment at
the internal point x of a member, represents its deflection function, E
is its module of elasticity, and I the moment of inertia of the bending plane.

3 Parallel Modern Numerical Libraries
to Solve the System of Linear Equations

Solving the large sparse symmetric system of linear equations is the crucial prob-
lem in the 3D static structural analysis, where direct or iterative methods can be
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applied. Different efforts and initiatives have recently appeared encouraging the
adoption and use of software tools that make it easier for programmers to write
high-performance scientific applications and solving major scientific and techni-
cal problems [2]. The use of these mature tools provides important advantages,
such as code portability, reusability, modularity and better performance.

In this way, multiple parallel software packages based on direct methods have
emerged to solve large sparse symmetric systems: SPOOLES [3], MUMPS [4],
PSPASES [5], WSMP [6], etc. WSMP and PSPASES employ the theoretically
most scalable algorithms for Multifrontal Cholesky factorization and they also
perform parallel ordering. Both the subtree-to-subcube mapping of the elimi-
nation tree among the processors and a two-dimensional distribution of frontal
and update matrices among subgroups of processors are crucial to obtaining the
highest scalability. SPOOLES employs subtree-to-subcube mapping but uses a
one-dimensional distribution. MUMPS uses a two-dimensional distribution of
data at only the topmost supernode of the elimination tree. However, PSPASES
and WSMP apply both of them.

In addition, several parallel software packages based on iterative methods
and preconditioners have been implemented: PETSc [7], Aztec [8], P-SPARSLIB
[9], BlockSolve95 [10], HYPRE [11], etc. Even, some packages deal, exclusively,
with parallel preconditioners for iterative methods: BPKIT [12], SPAI [13], etc.
PETSc is nowadays the most popular, comprehensive and widely used.

3.1 Numerical Libraries Employed

In this work, WSMP, MUMPS, PETSc and BlockSolve numerical libraries have
been applied to solve the linear system mentioned before.

Watson Sparse Matrix Package. WSMP is a high-performance, robust soft-
ware package for solving large sparse symmetric and non-symmetric systems of
linear equations. A node, composed of one or more processors of CPUs, commu-
nicates with other ones via message-passing (MPI). However, parallelism within
multiprocessor nodes is exploited by threads or message-passing. The serial or-
dering heuristics used in WSMP is based on the Multilevel Nested Dissection
(MND) algorithm implemented in METIS library [14]. Parallelization imple-
mented in WSMP exploits the natural parallelism of MND ordering. The elimi-
nation tree is performed and adjusted in order to balance the numerical factoriza-
tion work among the processors. The parallel symmetric numerical factorization
is based on Cholesky Multifrontal algorithm. Both this phase and the parallel
solution of triangular systems are guided by the supernodal elimination tree,
following the same factor matrix distribution.

Portable, Extensible Toolkit for Scientific Computation. PETSc includes
an expanding suite of parallel linear, nonlinear equation solvers and time inte-
grators that may be used in application codes. It also provides many of the
mechanisms needed in parallel application codes, such as parallel matrix and
vector assembly routines. The combination of a Krylov subspace method (CG
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and variations, GMRES, etc.) and a preconditioner (Jacobi, Block Jacobi, In-
complete Cholesky/ILU, Additive Schwarz, etc.) is the heart of the parallel it-
erative methods in PETSc. In addition, it allows uniform and efficient access to
external direct solvers (MUMPS, SPOOLES, etc.) and preconditioners (Block-
Solve95, HYPRE, ParPre, SPAI, etc.).

MUltifrontal Massively Parallel Solver. MUMPS is a MPI-based parallel
package for solving linear systems of equations where the coefficient matrix is
sparse and can be either unsymmetric, symmetric positive definite, or general
symmetric. MUMPS uses a Multifrontal technique which is a direct method
based on either the LU or the LDLT factorization of the matrix. A range of or-
derings to preserve sparsity is available: approximate minimum degree ordering
(AMD), approximate minimum degree ordering with automatic quasi dense row
detection (QAMD), an approximate minimum fill-in ordering (AMF) and the
possibility of using an ordering provided by the user. PORD [15] and METIS
packages are also possible choices.

BlockSolve95. It is a scalable parallel software library for solving large, sparse
systems of linear equations. It contains implementations of several well-known
iterative methods (CG, GMRES, SYMMLQ) and different preconditioners (In-
complete LU/Cholesky, SSOR or Block Jacobi). It uses an efficient implemen-
tation of a parallel coloring algorithm that allows for the efficient computation
of matrix orderings and scalable performance of the linear solver. Just ILU and
ICC preconditioners can be invoked from PETSc.

4 Experimental Results

Two medium-sized buildings, presented in Table 1, have been chosen to compare
the results when using different numerical libraries.

Table 2 shows the time, and efficiencies, spent on the whole structural analysis
of these buildings. The linear system has been solved by means of the public
domain numerical libraries WSMP, MUMPS, PETSc and BlockSolve95. WSMP
has demonstrated to be the fastest solver, even more scalable than other direct
solvers such as MUMPS, as expected. MUMPS library has been employed via
PETSc, together with the MND ordering provided by METIS. Other orderings
have also been tested in MUMPS, providing worse parallel performance.

Since coefficient matrices are very ill-conditioned, iterative methods are much
slower than direct methods, although they present better efficiencies. Moreover,
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the whole system need to be solved for every right hand sides (RHS) when using
iterative methods, which is much less efficient than just computing the forward-
backward substitution for each RHS as direct methods do. Regarding PETSc,
the lowest solving times have been found for Conjugate Gradient (CG) solver,
combined with Block Jacobi preconditioning, where Incomplete Cholesky (ICC)
factorization has been applied as subblock preconditioner. The main disadvan-
tage of Block Jacobi is that the number of iterations arises as the number of
processors increases. Finally, the linear system has been solved applying the
CG solver implemented in PETSc, and the ICC preconditioner of BlockSolve95,
through the interface provided by PETSc. In order to achieve good performance,
different coefficient matrix formats must be employed in PETSc, depending on
the external numerical library used. Worse times have been obtained for any
other combination of solver and preconditioner in PETSc.

5 Grid Computing-Based Structural Analysis

Grid Technologies main objective is to ease and coordinate resource sharing for
collaborative problem solving in a dynamic multi institutional Virtual Organiza-
tion [16] [17]. This technology aims at sharing further elements than information,
by allowing direct, coordinated and secure access to different kind of computing
resources, applications, communication, data, special devices, etc. In order to
create the Grid infrastructure, some kind of middleware is needed. There are
some well-known projects in Grid middleware, such as the open source Globus
Toolkit (GT) [18] or Unicore [19]. Some private companies have developed their
own middlewares, such as InnerGRID [20] or Avaki Data Grid [21]. In our case,
a Grid Computing-based system, employing GT 2.4, have been implemented to
analyze concurrently a group of different structural solutions at the preliminary
and final design stages, making use of the parallel application developed.
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5.1 Grid Structural Analyser Architecture

Figure 2 shows a conceptual view of the Grid Structural Analyser developed.
Starting from a set of different structural alternatives and a group of machines
distributed throughout internet, the Grid Structural Analyser performs the nec-
essary work to analyse all of them by running the parallel application on the
available resources.

Fig. 2. Grid Structural Analyser architecture. The system consists in three main parts:
the scheduler, which obtains designs from a structural repository; the resource selector,
which selects an appropiate resource to run the parallel application; and the retrieval
processes, which retrieve results files.

Scheduler. This module considers a pool of different structural configurations
to be analysed and a warehouse where results will be stored. A structure is
composed by a set of files which defines its geometry, properties and loads ap-
plied. All these input archives are needed by the executing host to be processed.
Applying the well-known tar utility, all these files are compressed to lower the
network usage time. The scheduler starts a Global Access to Secondary Storage
(GASS) server which is used, by the executing hosts, to ask for the needed files.

Once the GASS server is launched, the scheduler gets a structure from the
repository and asks the resource selector for a machine to run the parallel appli-
cation. Then, the input files are staged in, via the GASS server, to the execution
host. Next, the parallel application will be queued in the remote machine. Fi-
nally, the scheduler module starts a retrieval process which will recover results
once the task has finished. If any part of the process fails, the scheduler will try
to analyze it later. The scheduler finishes when all the structural alternatives
have been analysed and the result files have been stored on the local host.

Resource Selector. This module uses the Monitoring and Discovery Service
(MDS) utilities, provided by GT 2.4, to query the number of free processors
of a computational resource in the Grid. This component handles with a list
of ordered machines according to memory, computational power, workload, etc.
These resources run the MDS daemon and they are enquired for their available
processors. The system deals with a desirable minimum and a maximum num-
ber of processors to execute the parallel application. These numbers are thought
both to increase productivity and to ensure executions with some minimum re-
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quirements. The maximum number provided should make it possible parallel
application to run optimally, according to structure size and library used. The
minimum number will allow maintaining more resources working concurrently.
The first host with enough number of free processors is chosen. The system will
try to launch parallel simulations using the optimal number of processors.

With the purpose of enabling portability, all the platform-dependent opti-
mizations should not be used. In addition, versions of numerical libraries, such
as BLAS and LAPACK, tuned for a determined architecture must be avoided.
Numerical software packages employed, such as PETSc, MUMPS, etc., have to
be linked statically. Moreover, the parallel application should not depend on the
MPI implementation on the executing host and the standard MPICH imple-
mentation should be included in a self-contained executable. As a result, two
executable archives have been created, one for IA32 and the other one for IA64.
Thus, the resource selector is also responsible to provide a suitable executable
for each machine.

Retrieval Processes. Since the parallel application is not aware of Grid, it
uses neither GT 2.4 utilities nor API to send the result files to the scheduler.
A retrieval process is started for each Grid task. This process will be in charge
of waiting for the Grid job to be finished and recovering the result files. Once
the task has concluded, the results are compressed and sent back to the local
host, where they will be saved on the appropriate directories created. All the
temporary files on the executing host will be deleted. The waiting time for a
job termination query must be tuned according to the resources in the Grid and
their average workload. In case of the job finishes and it produces no results or
any of the files expected is missed, the retrieval process will inform the scheduler
and the structure will be analysed later.

5.2 Case Study

To check the performance of the Grid demonstrator, a case study of a hotel is
presented. Hotels are singular buildings with a high cost of construction. The
designer must be extremely careful in the design stage because in countries, like
Spain, where the tourism is one of the biggest industry, an adequate design can
be the differential factor for economical profitability. The design of hotel facilities
requires taking into account a great number of relevant factors leading to a high
number of structural solutions for the same problem.

Four different layouts were presented: two of these designs presented a retic-
ular (bi-directional) slab solution, with large spanning of the beams, leading to
geometric models with more than 600.000 dof, and two more designs with one-
directional slab with approximately 330.000 dof. Three alternatives were consid-
ered for the construction material: steel, reinforced concrete and steel-concrete
composite frame. In each case (layout design plus material type) eight combina-
tions of different structural member dimensions were provided. Therefore, in the
preliminary design stage, a total of 96 possible combinations should be analysed
before selecting the most suitable option.
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Table 3 summarizes the task distribution in the Grid. As maximum, paral-
lel executions were limited to four proccesors, a polite policy with rest of the
remote users that allows multiple concurrent simulations. Due to the memory
requirements, the minimum number of processors was set to two. In the ta-
ble, an entry like 9 (2 p.) indicates that nine simulations were performed with
two processors each one. As table shows, the scheduler assignes dinamically the
number of tasks to the resources according to their free processors and com-
putational power. The available testbed was composed of 3 machines belonging
to our research group: one cluster of 8 Pentium Xeon@2Ghz biprocessors (Ke-
fren); another cluster of 11 Pentium III@866Mhz biprocessors (Ramses); and an
Itanium II@900Mhz biprocessor workstation (Bastet).

The execution of the whole structural study lasted for 108.3 minutes by using
just one node of cluster Kefren (traditional sequential alternative). Following a
high performance computing approach, 20.26 minutes were needed. Each simu-
lation were launched with four processors in Kefren cluster, allowing two con-
current executions. Finally, the Grid Structural Analyser required 16.31 minutes
for the whole case study. MUMPS library was used in all these executions.

6 Conclusions and Further Work

Firstly, a parallel application for the 3D structural analysis of buildings has been
described in this paper. In order to compute the joint displacements, several par-
allel numerical libraries, with state-of-the-art capabilities, have been tested to
solve a large sparse symmetric linear system. Direct methods, and more con-
cretely WSMP library, have demonstrated to be the fastest solver. Besides, this
parallel application has been integrated into a Globus-based Grid infrastructure.
The Grid Structural Analyser developed gives the possibility to analyse in detail,
concurrently, a high number of different alternatives in the preliminary and final
design stages, saving time and effort, providing the designer with a powerful tool
to select the best option based on quantitative measures. Small and medium-
sized enterprises can now easily increase its productivity and business volume
by subcontracting resource usage or employing their own office computers. Since
Grid Computing enables efficient resource usage when a high coordinated com-
putational power is demanded, the system developed can be very useful for very
large and singular buildings, and moreover in a time-consuming 3D dynamic
structural analysis where a building must be simulated under the influence of
multiple earthquakes.
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Abstract. This paper introduces FlowVR, a middleware dedicated to
virtual reality applications distributed on clusters or grid environments.
FlowVR supports coupling of heterogeneous parallel codes and is compo-
nent oriented to favor code reuse. While classical communication para-
digms focus on either a synchronous approach (FIFO channels) or an
asynchronous one (sampling), FlowVR enables a large range of inter-
mediate policies to better balance the application performance between
levels of details, latencies and refresh rates.

1 Introduction

Classically, a virtual reality (VR) application features a complex simulation us-
ing input and output devices to provide users with a sense of immersion in a
synthetic world [7]. Most of today’s VR applications only run on machines with
a reduced number of processors, like visualization clusters or SGI Onyx. They
do not take advantage of the computing power offered by large clusters and grid
environments. One main limitation is the difficulty to assemble and distribute
the different (potentially parallel) components and to maintain the overall appli-
cation coherent while guaranteeing a good quality interaction with low latency
and high refresh rates. We define the coherency as the fact that the information
provided to the user senses at a given moment are related to the same simulated
time.

To improve latency and refresh rates, VR applications can take advantage
of a data exchange model based on sampling. The producer updates data in
a shared buffer asynchronously read by the consumer. Some updates may be
lost if the consumer is slower than the producer. While asynchronism leads to
a performance improvement, the application coherency cannot be maintained.
Depending on the context this may be acceptable. It is for example used when
coupling haptic and visualization systems that run at very different frequencies
(about 1000 Hz and 60 Hz respectively). Distributed virtual environments [9,11]
or VR middlewares like OpenMask [2] use such an approach, but parallel code
coupling becomes difficult in this context as no coherency control is offered.
The other approach classically used for parallel programming, parallel code cou-
pling [8,10], or distributed visualization environments [3–5], relies on a classical
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FIFO synchronization semantics. It ensures proper application coherency, but it
is difficult to efficiently implement a sampling approach.

In this paper, we propose a programming model that eases the implemen-
tation of a large range of synchronization policies, from FIFO to sampling. We
present FlowVR [1], a middleware dedicated to VR and supporting coupling of
heterogeneous parallel codes to build large scale applications. FlowVR reuses
and extends the data flow paradigm commonly used for scientific visualization
environments [3,4]. A VR application is seen as a set of possibly distributed
modules exchanging data. Each module endlessly iterates, consuming and pro-
ducing data. From the FlowVR point of view, modules are not aware of the
existence of other modules, the FlowVR engine taking care of moving data be-
tween producers and consumers. This leads to a simple application programming
interface (API) that eases turning an existing code into a FlowVR module (or
several modules in case of a parallel code). For data exchange between modules,
FlowVR defines an abstract network featuring from simple routing operations
to complex message handling operations. Each message is associated with a list
of stamps, a lightweight data used to route or filter messages. This list can
also be routed separately from its message to special network nodes in charge
of synchronization policies. Besides predefined FlowVR stamps, others, like a
time or a 3D bounding box for instance, may be added to extend the network
routing, filtering or synchronization abilities. The FlowVR network enables to
build complex collective communications, a desirable feature for efficient parallel
code coupling. It is also possible to go beyond the classical synchronization bar-
rier, designing synchronizations waiting for the resolution of complex constraints
based on stamps (a data semantically richer than a signal). Different FlowVR
networks can be designed without modification of the module codes.

2 The FlowVR Application Model

In this section we introduce the FlowVR application model.

2.1 Running Example

All along this paper, we use a simple yet important example, an interactive VR
application where the user can perturbate a fluid flow simulation with its hand.
We distinguish three parts:

A tracker that gives the user’s hand position.
A physical fluid simulation parallelized with MPI. The simulation is based
on a 2D grid split in blocks amongst the different MPI processes. MPI com-
munications take place at each iteration to exchange the values of the grid
borders between neighbors. Each process should also receive the hand posi-
tion, which acts as an obstacle for the fluid flow.
A multi-projector visualization environment. Each projector, driven by its
own PC, displays a tile of the entire scene. The distribution paradigm adopted
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Fig. 1. The algorithm of the simulation
module.

is simple: all PCs run a copy of the visualization application, each one ex-
pecting the coordinates of the hand position and a density grid at each
iteration. To ensure a strong coherency of the displayed images, these copies
must receive the same input data at each iteration. Next, each copy com-
putes its tile of the global image based on its own viewing frustum (viewing
angle). All PCs must then display the new image synchronously, either using
a hardware swaplock or a software barrier.

These codes can run independently at very different frequencies. The tracker
is certainly the fastest one and the fluid simulation the slowest one. A sampling-
based data exchange model will let the codes run independently at their highest
frequency, but it may lead to incoherences. For instance, in a given image, the
displayed hand position may not correspond to the one used to compute the
displayed simulation state. On the opposite, a FIFO communication model will
ensure the overall application coherency, but at the price of a lower performance.
All codes will run at the same frequency, synchronized on the slowest one. The
tracker will produce a new data as soon as room is available in the output channel
buffer. The latency will increase by the time such data stay unused in this buffer,
the time required by the fluid simulation to consume all data previously stored
in this buffer. FlowVR has been designed to let the user specify these different
policies and other intermediate solutions, without requiring any modification of
the codes.

2.2 Modules

We first introduce the API used to program FlowVR modules. This API is kept
as simple as possible to limit the effort required to convert an existing code into a
FlowVR module. For that purpose we explicitly took advantage of the interactive
nature of VR applications. A FlowVR module is a computation loop periodically
reading input data and producing new results. To improve code reuse, a module
cannot directly address another module. This way there is no explicit dependency
between modules. Their only knowledge of the FlowVR environment is a list of
input and output ports. The module API is based on three main methods:

The wait defines the transition to a new iteration. It is a blocking call that
ensures each connected input port holds a new message. Input ports not
connected to any other port will never receive any message. They are deac-
tivated.

Fig. 2. Interactive fluid simulation with 3
modules.



500 J. Allard et al.

The get function enables a module to retrieve the message available on a
port.
The put function n enables a module to write a message on an output port.
Only one new message can be writteper port and iteration. Each output
message is automatically stamped by FlowVR with the current iteration
number.

In our example, we would define:

One module for the tracker with one output port (a position data).
Each MPI process of the fluid simulation will define a module with one input
(a position data) and one output (its block of the fluid density grid) (Fig. 1).
To be able to distinguish the different blocks, each process stamps its output
messages with the coordinates of its block.
One module for each visualization process, with two input ports each, one to
retrieve the tracker position and the other one to retrieve the whole density
grid.

Each module has two additional predefined ports. The input activation port
is used to lock the module to an external event (fixed frequency trigger for the
tracker for instance). The output activation port is used to signal other compo-
nents that the module has started a new iteration (see section 2.5).

2.3 Connections

Once modules are defined, they are assembled connecting their input and output
ports. The simplest primitive used to build a FlowVR network is a connection.
A connection is a typed FIFO channel with one source and one destination.
Messages in a connection are numbered. Each message is stamped with this
number and the source id.

Let us consider our example. We can build a simple first application with
one tracker module, one fluid simulation module and one visualization module
(Fig. 2). We add one connection from the tracker to the visualization, another
one from the tracker to the simulation and a last one from the simulation to
the visualization. This simple application implements a classical communication
scheme using FIFO channels. The FIFO connections ensure a strong coherency.
At each iteration the visualization module will always retrieve a tracker position
and a density grid corresponding to the same simulated time. Therefore the
resulting application will be synchronized on the slowest module, presumably
the fluid simulation. If the tracker module is faster than the simulation module,
there will be a significant lag between between user interactions and their effects
on the virtual world. Also notice that adding the connections does not require
to modify the code of the modules.

However, having only point to point FIFO connections, it is difficult to loosen
the synchronizations imposed by the FIFO model or to express collective com-
munications.
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2.4 Filters

To extend the capabilities of the FlowVR network we introduce a new compo-
nent, called filter.

A filter has typed input and output ports and can perform complex oper-
ations on messages. Filters have all the freedom to discard, combine or even
generate messages. They are not restricted to receive only one message per port
and per iteration like modules. They have free access to incoming buffers. Filters
usually handle messages based on the associated lists of stamps. For instance, a
filter can discard all incoming messages, which 3D bounding box falls outside of
a given volume. Amongst filters, we distinguish the routing nodes as the filters
that only forward all incoming messages on one or several outputs.

Let extend our example by now using four modules for the simulation and
two modules for the visualization (Fig. 3(a)). The tracker messages must be
broadcasted to these modules. For that purpose we introduce in our network
several routing nodes. To broadcast the data to modules we choose to implement
a binary-tree broadcast. The data exchange between simulation and visualization
is more complex as we have to ensure that all visualization modules receive the
whole density grid while each simulation module sends only one fourth of it.
For that purpose we use a filter that combines two blocks of density grids into
a larger one. This example implements a network with non trivial collective
communications. A strong coherency is still ensured as the filter we use here
does not suppress or generate new data (FIFO network).

Fig. 3. (a) Fluid simulation with a FIFO network. Modules are represented as round-
shaped squares, routing nodes as circles and filters as diamonds. (b) Fluid simulation
with a coherent sampling network using one synchronizer (a square). Dashed lines
correspond to connections carrying only stamps. The act port corresponds to the output
activation port.
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2.5 Synchronizers

We distinguish a special class of filters, called synchronizers, used to implement
the resolution of non local constraints. A synchronizer works on stamps. There-
fore all incoming and outgoing connections only carry message stamps. Generally
a synchronizer activity is triggered by incoming stamps on some selected ports.
As synchronizers do not receive the data part of the messages, their output ports
are generally connected to filters. These filters typically have 2 input ports, one
receiving full messages (the data and its list of stamps) from a module or a
filter, and the other one receiving only stamps from a synchronizer. The filter
processes the incoming full messages according to incoming stamps. For instance,
such a filter can forward to its output only the full messages corresponding to
the incoming stamps, discarding the other messages.

Classical synchronization schemes can often be expressed in term of signal
handling. In this case the synchronizer only uses its inputs as signals. A sampling
scheme is implemented by selecting the last received message each time an acti-
vation signal is received from the destination module (request for another input
message). But synchronizers can implement more complex algorithms by taking
advantage of the semantically rich information hold by stamps. For example, in
VR environments some coherency constraints can be expressed in term of spatial
relationships. A strong coherency is required for objects close to the user, while
background or unseen parts of the scene require much less attention. A stamp
holding a bounding box information can be used to implement such a coherency
policy.

In our example, because the simulation will probably be slower than the
tracker, we introduce a synchronizer to keep pace with the tracker (Fig. 3(b)).
This synchronizer takes as input the stamps from the position messages, and
the stamps from the activation output ports of the fluid modules. When all
fluid modules request a new data, the synchronizer selects the newest stamp
available and sends it to the filter Fit. This filter only forwards on its output
port the messages having the stamps selected by the synchronizer. A strong
coherency is ensured as the visualization and simulation modules receive the
same position messages. Similar ideas could be applied to implement a coherent
sampling scheme to enable the visualization to run asynchronously from the
simulation. Once again, building this network did not require any modification
of the module codes.

3 Runtime Engine

FlowVR is open source and currently ported on Linux for IA32, IA64 and
Opteron.

The FlowVR runtime engine relies on daemons, one per participating node.
Daemons are in charge of FlowVR networks. They act as brokers and relay
messages between modules. Filters, including synchronizers, are implemented as
dynamically loaded classes (plugins) within the daemon. Communications lo-
cal to a node use a shared memory area. Care is taken to avoid unnecessary
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data copies and memory allocations by exchanging pointers and reusing allo-
cated buffers. The current implementation of inter-node communications relies
on TCP. Networks of heterogeneous nodes are easily exploited, as connections are
dynamically created and each daemon can be launched independently. Several
applications can safely run concurrently using the same daemons.

Each FlowVR application is managed by one special module called a con-
troller, automatically loaded at starting time. The controller first starts the
application’s modules using their own launching command, ssh or mpirun for
instance. Once the modules launched, they register themselves to their local dae-
mon that sends an acknowledgment to the controller. Then, the controller sends
to each daemon the list of plugins to load to implement the FlowVR network.

FlowVR integrates tools to generate the module launching commands and
the list of plugins to load. It uses as input an XML description of the syntax
of the launching command associated with each module code, as well as an
XML description of the FlowVR network with an explicit placement of all com-
ponents on target nodes. Ongoing work focuses on developing automatic and
semi-automatic FlowVR network generation tools.

3.1 Experimental Results

We implemented the running example porting an existing fluid simulation code.
The fluid simulation is parallelized with MPI, while the multi-projector visual-
ization is handled by Net Juggler (also based on MPI) [6]. From the FlowVR
point of view, each MPI fluid process and each Net Juggler process is seen as
a module. Note that all fluid modules (respectively visualization modules) are
synchronized through MPI communication calls FlowVR is not aware of. All
results presented here run a fluid simulation based on a 2D 512 × 512 grid. The
visualization modules integrate the fluid into a rich virtual environment (See
Fig. 4(d)).

Two versions of the network were tested, a FIFO network (similar to
Fig. 3(a)), and a coherent sampling network enabling the tracker, the fluid sim-
ulation and the visualization to run asynchronously. It extends the network pre-
sented in Fig. 3(b) by adding an extra synchronizer between the tracker and
the visualization, and another one between the simulation and the visualiza-
tion (Fig. 4(c)). Tests were performed on a PC cluster with dual Xeon PCs
(2.66 GHz) connected through a Gigabit Ethernet network. Each machine was
equipped with a GeForce FX 5600 graphics card.

The number of visualization and fluid modules vary from 1 to 4. Each module
runs on its own PC. For instance when 8 nodes are used, 4 of them execute a
fluid module, while each of the 4 other PCs run a visualization module. Each
of these 4 PCs drives a video projector to display the result of its visualization
module (1/4 of the global image).

We measured the refresh rate, i.e. number of iterations per second, for the
visualization and the fluid simulation (see Fig. 4(a)). The FIFO networks im-
pose the same refresh rate for the visualization and the fluid modules. For the
coherent sampling network, the visualization and the fluid run asynchronously.
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Fig. 4. Experimental results with a coherent sampling network and a FIFO network.

It enables the visualization to run significantly faster than the simulation. The
fluid simulation keeps the same performance as in the FIFO case. It shows that
the communications induced by synchronizers do not significantly affect the per-
formance. As the number of nodes allocated to the fluid simulation increases,
the fluid performance increases too. For the sampling approach this decreases
the refresh rate of the visualization modules as they must upload to the graphics
card new data from the fluid modules more frequently.

We also measured the overall latency, i.e. the time lag between the time a
new tracker position is available and the end of the iteration of the visualization
modules using this tracker position (see Fig. 4(b)). Allocating more nodes to the
simulation also improves latency. Sampling leads to a better latency than FIFO,
because sampling uses the more recent data available while FIFO uses the older
one. Note that the FIFO was executed with intermediate buffers of size 2.

The synchronizers used for the sampling approach can be extended to enable
a finer control over dependencies between modules. For instance, the synchro-
nizer between the fluid modules and the visualization modules could take into
account a user position data to know for each visualization module if the fluid
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is visible or not. If not, it could block the transmission of fluid grid to the visu-
alization module, to let the visualization and network resources fully available
for objects that are in the user field of view.

4 Conclusion

We introduced FlowVR, a middleware dedicated to distributed interactive ap-
plications. FlowVR distinguishes two main parts in an application, the modules
and the network. Modules are endless loops reading and writing data on input
and output ports. Modules are assembled in a network with advanced features
for message handling. It enables parallel code coupling and the design of com-
plex communication and synchronization schemes. First experiences show that
FlowVR eases the development and deployment of interactive distributed appli-
cations, while leading to high performance executions.
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Parallel Computer Architecture

and Instruction-Level Parallelism

Wolfgang Karl, André Seznec, and Marco Aldinucci

Topic Chairs

Parallel architecture design and ILP architectures are important topics at the
core of every parallel system, affecting the total system performance in funda-
mental ways. Instruction-Level Parallelism has for decades represented a fore-
most performance booster of leading edge computing systems. The present topic,
Euro-par Topic 8, includes parallel computer architectures, processor architec-
ture (microarchitecture as well as compilation), the impact of emerging micro-
processor architectures on parallel computer architectures, innovative memory
designs to hide and reduce the access latency, multi-threading, and the impact
of emerging applications on parallel computer architecture design.

A total of 24 papers were submitted to this topic. The overall high quality
of the submissions rendered our task quite difficult. All papers were refereed by
at least four experts in the field and some received five reports. At the end, we
settled on 6 regular papers and 2 short papers spread across two sessions. Of
course, all this was made possible by the referees who lent us their time and
expertise with their high quality reviews.

Data memory improvement constitutes the common theme of five papers:
V. De La Luz, M. Kandemir, A. Sivasubramaniam, and M. J. Irwin examine
the possibility of data compression in caches, and avoiding decompression by
getting programs to operate on data in the compressed domain. E. F. Torres, P.
Ibañez, V. Viñals, and J. M. Llaberia discuss the influence of data replication
and distribution polices on the performance of multibanked data caches. P.-F.
Chuang, R. Sendag, and D. J. Lilja propose an address-correlation scheme that
keeps track of multiple cache locations that store the same value. C. Kyriacou, P.
Evripidou, and P. Trancoso study several schemes for exploiting cache locality
in case of a data-driven multithreading execution. H. Zeffer, Z. Radovic, O.
Grenholm, and E. Hagersten describe a technique to reduce the overhead due to
software-based cache coherence for DSM.

Instruction fetch, control, and storage cover the rest of the papers in the
topic: E. Fernandez, A. Ramirez, and M. Valero discuss how to target quality
of service requirements by controlling instruction fetch in a SMT processor. E.
Morancho, J. M. Llaberia, and A. Olive discuss a mechanisms for verifying data
speculation in out-of-order issue processors. F. J. Cazorla, P. M. W. Knijnenburg,
R. Sakellariou, G. Gaydadjiev and S. Vassiliadis compare and analyze the IA64
instruction and the SCISM tagging scheme.
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Abstract. Data compression in caches has been studied from the performance
and energy consumption points of view. In this paper, we study the possible bene-
fits of operating with compressed operands. Operating in the compressed domain
(i.e., executing instructions with compressed operands) as far as possible can of-
fer several advantages. First, since it is less reliant on decompression, it may be
possible to employ a fancier compression/decompression strategy, without the
associated performance/power penalties, that can offer higher compression rates
to further boost cache locality. Second, the transfers between cache and datapath
can use fewer bits (to transmit codes instead of data values) and provide dynamic
energy savings in the corresponding bus. In this paper, we demonstrate that there
are cases where operations can be executed in the compressed domain, which can
lead to performance improvements and energy savings. In particular, we show
that by operating in the compressed domain, the effectiveness of prior techniques
can be further improved.

1 Introduction

Prior studies have looked into compression of main memory [2, 1], program code [10,
8, 11, 6], and data structures [13]. Other studies [15, 14] have illustrated the benefits of
compression in enhancing data cache locality. Compressing the data words accessed by
a program can allow a lot more data to be stored in the caches to improve cache behav-
ior. However, when the program needs to access this data, the values need to be decom-
pressed and brought into the processor datapath for subsequent processing. In the pro-
cess, a performance and possibly power penalty can be expended depending on how ex-
tensive a compression/decompression mechanism is employed. Two solution strategies
to address this problem include: (i) using rather simple compression/decompression
strategies that do not incur high performance or power costs, and (ii) recognizing that
these costs may be high and avoiding to perform them as much as possible. While prior
studies have used the first strategy, this paper explores the viability of the second strat-
egy.

The benefits of compressing data cache values has been studied in [15,14]. The goal
is to use the cache space to hold more data values so that there would be fewer misses
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during execution. These studies have used a rather simple compression/decompression
strategy wherein a certain number of frequently used values in the program are as-
signed a code (taking fewer bits than the data values themselves) to represent them in
the cache. A cache of the codes themselves, maintaining their mapping to actual data
values, is also maintained for returning these values back to the datapath once the cache
lookup returns a code. This cache of frequent value codes needs to be fairly small for ef-
ficient lookup (from both performance and energy perspectives). However, this reverse
lookup (decompression) is done at the cache and at every access, and does not reduce
the number of decompression operations. Further, this mechanism does not reduce the
number of bits transferred (which consumes dynamic energy) between the cache and
the datapath either. Prior studies have also addressed these two deficiencies to a certain
extent. For instance, Lee et al [9] proposed to selectively performing decompression,
and Villa et al. [12] addressed the cache access (and data transfer) energy by optimizing
on the data value “0”, i.e., they use a single bit to represent this value.

In the interest of keeping decompression performance and power overheads low,
earlier studies have used very simple techniques for compressing the data values in the
cache. On the other hand, in this paper we examine this issue from a different perspec-
tive – can we avoid decompressing the data values even when they are returned to the
datapath by the cache? In the earlier solutions, the presumption is that the datapath
needs the values in uncompressed format for its execution. However, this may not al-
ways be the case. For instance, there could be situations when the execution simply
reads some values from memory, and copies/stores them elsewhere without performing
any arithmetic/logic operations on them. In such cases, the datapath can work with the
encoded values, instead of decompressing and compressing them back. There could be
other situations where operations could directly be performed in the compressed do-
main, e.g., comparing whether two compressed values are equal. There have also been
previous proposals in the context of databases [7], wherein comparisons (greater/lesser
than) can be performed in the compressed domain with certain order-preserving com-
pression strategies. In all these cases, earlier proposals may be conservative by decom-
pressing the values even if they may not be needed.

Operating in the compressed domain as far as possible can offer several advantages.
First, since it is less reliant on decompression, it may be possible to employ a fancier
compression/decompression strategy, without the associated performance/power penal-
ties, which can offer higher compression rates to further boost cache locality. Second,
the transfers between cache and datapath can use fewer bits (to transmit codes instead of
data values) and provide dynamic energy savings in the corresponding bus. Third, many
datapath operations can work with smaller width operands, providing further energy
savings in the corresponding functional units and buses. It is also possible to employ
the same functional unit to perform multiple functions (parallelism) with smaller width
operands. In fact, a recent study [4] points out the energy and performance benefits of
smaller width operands by exploiting the fact that most operands do not use the most
significant bits of 64-bit words (however, they do not suggest or exploit the possibility
of operands being compressed).

This paper examines the possibility of operating in the compressed domain as far
as possible to achieve these benefits. A detailed study that quantifies all these benefits
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by operating in the compressed domain and the hardware support for facilitating this
mechanism, is beyond the scope of this paper. On the other hand, this paper explores the
potential of such a mechanism, if the hardware were to support it, from the application
perspective by presenting a characterization study. In particular, we identify different
scenarios when data obtained from the caches can remain compressed (and until when),
and profile the application execution characteristics for these scenarios.

This paper is organized as follows. In Section 2, we describe the experimental setup
and the benchmarks used in our experiments. In Section 3, we discuss our results on
executing instructions with compressed operands. In Finally, in Section 4, we present
our conclusions.

2 Experimental Setup

In order to perform our experiments, we use SimpleScalar’s [5] sim-outorder. Sim-
pleScalar is a tool-set that provides a simulation environment for modern out-of-order
processors. In particular, sim-outorder performs a detailed simulation of a out-of-order
issue processor with speculative execution. The base parameters that were used in our
simulations are given in Table 1.

We use a subset of randomly-selected applications from the Spec2000 benchmark
suite. The benchmarks and some of their important characteristics are presented in Ta-
ble 2. The last column gives the L1 data cache miss rates. In all our experiments, we fast-
forwarded the first billion instructions (i.e., only functional simulation is performed),
and executed a detailed simulation for the next 300 million instructions. Also, for all
the experiments, we used the Reference input files that come with the benchmarks.
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3 Operating in the Compressed Domain

It has been shown by prior studies that storing compressed data in the data cache (in-
stead of the real values) can be useful in improving performance and energy behavior
of applications. Performance is improved by reducing the miss rate of the data cache,
requiring fewer number of accesses to higher levels of the memory hierarchy. Energy
consumption can be reduced by accessing smaller portions of the cache. In order to be
able to operate in compressed domain, we assume that all the values stored in the data
cache are compressed. This brings an important advantage that the actual size of the
data cache can be increased proportionally to the compression ratio for the values in the
cache.

In Table 3, we show the improvements in L1 data cache miss rates when data in
the cache is compressed to half its size (i.e., a compression ratio of 0.5 is employed).
From this table, we see that we can obtain miss rate improvements ranging from 10%
for vortex to 43% for lucas. These improvements can in turn help to reduce the
overall execution time of the application. That is, storing compressed data in the cache
can be very beneficial.

To the best of our knowledge, no prior studies have looked at the potential bene-
fits of executing operations in the compressed domain, i.e., with compressed operands.
Note that, normally, the compressed values might not be amenable to be used directly
as operands to perform the operation, so these values would need to undergo a decom-
pression process so that the original value can be retrieved. In order to ensure that an
operation can be performed with compressed values, in this work, we consider that the
operation can be performed in the compressed domain if at least one of the operands
involved in the operation is equal to zero. As will be discussed later, in this case, the
compressed operand does not need to go through a decompression process to obtain the
original value.

Considering that an instruction takes two input operands (registers), there are dif-
ferent final states that a register can end up with after the instruction is executed. In
Table 4, we list these different cases, and in the following we describe each case in
detail. A C in an entry in this table means that the state of the register (either initial or
final) is compressed. On the other hand, a U means that the state is uncompressed. In
Cases 1 and 2, both input registers are compressed to begin with. In Case 1, one of the
registers contains a value zero, and so both the registers remain compressed (after the
operation) and the value will remain in the compressed domain. In Case 2, the values in
both the registers are different than zero, so both the registers will be decompressed and
the result of the operation is considered uncompressed. In Cases 3, 4, and 5, one of the
registers is compressed and the final states of the registers (and the state of the output
register) vary depending on whether a zero is present in at least one of the registers
involved in the operation. In Case 3, the compressed register contain zero, so the output
register will contain an uncompressed value. In Case 4, on the other hand, the uncom-
pressed register is the one containing zero, so the final value can remain in compressed
form. If none of the values in the input registers is zero (Case 5), then the compressed
value is decompressed and the result of the operation will be uncompressed. Case 6 can
occur only when a load operation is performed. Recall that we consider that the values
are stored the cache in the compressed form. All other operations (where none of the
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registers contains data that are in compressed form to begin with) fall into Case 7. It
should be noted that these seven cases together cover all possible scenarios. It should
also be emphasized that this analysis differs from prior work significantly. In the first
group of prior work, a “0” operand is detected and the corresponding instruction is han-
dled in a special way. While we achieve the same thing, we also propagate the involved
compressed operand to the other instructions (while the prior work has not considered
operating on the compressed domain). In the second group of prior work, the idea is to
use compression but always decompress the values before the instruction gets executed.
We differ in that we propagate the compressed operands to the highest extent possible.

We are mainly interested in the cases where the final states of the registers are
compressed. This means that:

the input register values does not need to be decompressed, which can be trans-
lated into energy savings and performance improvement, and

intermediate values can remain in the compressed domain, thereby extending the
lifetime of compressed values, which can in turn lead to additional benefits in energy
and execution time.

In Figure 1, we give the breakdown of the final states of the input registers and the
output register. In this figure, notation means that the final states of the in-
put registers are X and Y, and Z is the state of the output register. From this figure,
one can see that in up to 37% of the instructions executed (for equake and mcf), at
least one of the registers involved can remain in the compressed form. Thus, these in-
structions present opportunities for energy and performance improvements. Therefore,
we can conclude that there is potential for improving performance and saving energy by
operating in the compressed domain. It should be mentioned that in obtaining our exper-
imental data we always used the highest level of compiler optimization, in an attempt
to eliminate the inefficiencies and extra operations that could come from insufficient
compiler analysis.

While working with compressed values can generate benefits in performance and
energy consumption, the decompression process itself may be harmful from a perfor-
mance point of view due to the extra time needed to perform the decompression itself
(though, in our proposal, this cost is incurred when it is absolutely necessary). In order
to estimate the performance impact of the decompression process, we perform a series
of experiments where we assume that the decompression of the registers is performed
on-demand. In other words, a register is decompressed only at the time that its value
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Fig. 1. Distribution of final register states
when data compression is applied.

Fig. 2. Performance impact with different val-
ues of D (cost of decompression).

is actually required for the instruction to execute. The implementation of this policy
results in the worst impact on execution time due to the extra time needed for the value
to be decompressed; that is, these experiments represent the worst-case scenario for
the proposed scheme. We ran our simulations with several values for the decompres-
sion delay D, and the results are presented in Figure 2. We believe that these D values
cover a wide range of implementation alternatives. All the values in this graph are nor-
malized with respect to the case labeled Original, where no compression is used. The
normalized execution times for the cases where data compression is employed include
the impact of the increased cache size due to compression.

We see that for the case where D = 0 (no decompression delay or ideal decom-
pression), we can obtain performance benefits of up to 2%. We can also see from the
figure that we can obtain performance benefits even if the decompression delay is 1
cycle, where the average improvement is 0.5%. When D = 2, the average performance
improvement is reduced, though twolf still shows some benefits. When the delay is
considerable bigger (5 cycles), all the benchmarks suffer from a performance impact. It
is important to note that these results (for D > 0) are the worst case scenario and they
can be reduced if a smart pre-decompression strategy can be implemented, by using
either (both) hardware or (and) software techniques.

In order to give an idea of how important a pre-decompression strategy can be for
improving execution time, we also implemented a policy in which all loaded values are
decompressed beforehand such that the original values (decompressed) are ready by the
time they are required by the executing program. Note that only the load operations
are pre-decompressed. Intermediate values that might remain compressed are recovered
using the on-demand policy. We show results for the case where the decompression
delay D = 5 in Figure 3. The corresponds to the execution time obtained with the
on-demand policy normalized to the execution time with the pre-decompression policy.
Similar results where obtained with other values of D. We see that execution time can
be reduced by using a smart decompression policy. In the case of our set of benchmarks,
galgel is benefited the most, by improving the execution time by more that 5%. On
the average (i.e., across all seven benchmarks), 2% improvement on performance is
obtained, minimizing the negative side effects of performing data decompression on-
demand. Of course, a better pre-decompression strategy could potentially achieve better
results.
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Fig. 3. Performance impact of different values of D. The corresponds to the execution time
obtained with the on-demand policy normalized to the execution time with the pre-decompression
policy.

Fig. 4. CDF of the number of instructions before a value is decompressed/used.

Another important result obtained from our experiments is presented in Table 5. In
this table, we give the percentage of different types of load instructions whose values
are never used during execution. This table is important because these results can be
translated into direct energy and performance benefits. Specially, given that these values
are never touched, there is no need for them to be decompressed, thereby avoiding
decompression delays and extra energy consumption. We observe from this table that
for some types of load operations and some benchmarks, the percentage of non-used
values are significant. For instance, 64% of ldq_u operations in crafty result in
values that are not used during the execution of the application (therefore, these values
do not need to be decompressed). It should also be mentioned that the results in this
table are extracted from a single execution with a specific input file. It is conceivable
that a different input file can generate different results.

We believe that simple decompression policies can be implemented, ensuring low
impact on performance. In Figure 4, we show (for two of our benchmarks) the Cu-
mulative Distribution Function (CDF) for the number of instructions executed before
a loaded value is used (marked in the figure as “Use”). In the same figure, we also
show the CDF for the number of instructions executed before a value is decompressed,
marked as “Decompressed”. The behavior of these curves indicates that values loaded
from memory are not immediately decompressed in all the cases. This characteristic
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(and the results presented above) confirms the importance of developing techniques
that initiate decompression ahead of time in order to minimize its potential negative
impact on performance.

4 Conclusions

Prior work has demonstrated the benefits of compressing data at different levels of a
given memory hierarchy. These benefits are obtained as a consequence of better utiliza-
tion of the memory space. However, compressing data presents a potential drawback
in the sense that the compressed values need to be decompressed before they can be
used to execute the instructions that need them. In this work, we explore the possibil-
ity of operating in the compressed domain. We show that for the set of benchmarks
used, up to 37% of the operations executed contain at least one register that remains
compressed during the execution of the instruction. These compressed operands may
contribute to further increase the performance and energy benefits obtained by other
techniques such as narrow width operation. Our experimental results indicate that de-
signing techniques that could take advantage of compressed values is a promising area
for increasing performance and energy savings. This is particularly important with in-
creasing chip complexity and market-driven power/performance requirements.
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Abstract. High-performance processors will increasingly rely on multi-
banked first-level caches to meet frequency requirements. In this paper
we introduce replication degree and data distribution as the main multi-
banking design axes. We sample this design space by selecting current
data distribution policy proposals, measuring them on a detailed model
of a deep pipelined processor and evaluating the trade-off introduced
when the replication degree is taken into account. We find that the best
design points use data address interleaving policies and several degrees
of bank replication.

1 Introduction

Future superscalar processors will require a low-latency and high-bandwidth
memory in order to attain high degrees of ILP. Among other things, a non-
blocking, multiported, first-level cache able to feed data to ALUs in as few cycles
as possible is needed[11]. This is specially true for integer codes without much
data parallelism, where performance can be very sensitive to load-use delay.

To get a view of the involved trade-offs, Figure 1.a shows IPC (instructions
committed per cycle) for an 8-issue out-of-order processor when varying three
key parameters of a true-multiported first-level cache: size, latency (lat) and
number of ports (P) . Numbers come from executing SPEC2K integer codes in
processors having three levels of on-chip cache (simulation details in Section 4).
The uppermost line shows a 2-cycle latency, four-ported cache 2lat-4P. The bot-
tom line shows a 4-cycle latency, four-ported cache 4lat-4P. Enclosed between
the two lines there is a significant gap ranging from 1.98 to 2.37 IPC. As we can
see size is an important parameter (roughly, a 2% IPC increase for each dou-
bling), but it is not the most important one. The number of ports is increasingly
important as we limit them: when moving from 2lat-4P to 2lat-3P and further
to 2lat-2P we see a 1.5% and 6% IPC decrease, respectively, no matter the size.
On the other hand, increasing the cache latency by one cycle has a fixed 7%
penalty, both from 2lat-4P to 3lat-4P and from 3lat-4P to 4lat- 4P.

* This work is supported by the Ministry of Education of Spain under grant TIC
2001-0995-C02-02 and the Diputación General de Aragón (BOA 58,14/05/03). We
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Fig. 1. a) Performance of a true multiported L1 cache. b) Data path of the memory
data stream implemented in multibanking schemes. Load routing is made from IQ.

Clearly, we will want to include the 64kB design with four ports and a 2-
cycle latency as a first-level cache. Unfortunately such a cache cannot be built
with such low latency if we plan to use current or future technologies targeted
to deliver fast clocking [1].

Multibanking has lately been proposed as a feasible alternative to a mono-
lithic multiported cache [3, 4, 7–9, 11–13]. Multibanking distributes data (cache
lines or words) into several disjoint banks which are physically located close to
address generation units or even close to functional units, minimizing then the
wiring delay.

Multibanking adds two main additional freedom degrees to the design, namely
number of ports per bank and bank content management. There are no works
exploring big areas of this new and broad design space, since research up to now
has focused on the proposal and evaluation of specific multibanking schemes.

Our contribution is twofold, on the one hand we describe what we believe
are the two main design axes for a multibanked scheme: replication degree and
distribution policy, placing current proposals within our taxonomy. On the other
hand, we simulate a representative sample of design options in detail taking as a
design unit, exclusively, a simple single-ported bank. We do not consider banks
having multiported bit cells intentionally, because we seek a fair comparison
among alternatives totalling the same raw storage capacity and keeping constant
access time. Instead, we replicate data into as many banks as needed in order to
achieve the desired multiport effect which in turn will reduce effective capacity
(mirror caching [11]).

Simulations assume a high-frequency 8-issue superscalar processor with three
levels of cache within the chip. We carefully model the collateral effects of deep
pipelining, such as speculative instruction issue by making latency-prediction
and using a mechanism to recover from latency misprediction. As we will see,
simple static distribution policies coupled with partial replication of data may
outperform some dynamic distribution schemes [3,9].

Next section gives details about the processor and memory we model. Sec-
tion 3 introduces a bank content management taxonomy, mapping existing pro-
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posals into it and exposing the main performance trade-offs. Section 4 shows
the experimental framework and discusses the performance of the alternatives
selected in order to cover a broad design space. Section 5 ends the paper with
our conclusions.

2 Processor and Memory

We model an 8-way processor with eight stages from Fetch to Issue Queue (IQ)
and one stage between IQ and Execution. Other processor and memory param-
eters are listed in Figure 2. After issuing, instruction payload and operands are
read and execution starts. Cache hit latency is assumed for a load instruction.
Dependent instructions on the latency-predicted instructions can be issued spec-
ulatively while waiting for the resolution of all latency predictions. Because IQ
is used as the Recovery stage, the predicted latency instruction itself and its de-
pendent instructions remain in IQ until the last check arrives. We use a chained
recovery mechanism which starts recovery as soon as a misprediction notification
reaches IQ [12]. This mechanism is selective, meaning that only the instructions
that depend on a mispredicted load will be re-executed.

Fig. 2. Microarchitectural parameters.

Figure 1.b shows the memory data path. The L1 cache is sliced into four
logically independent banks. Each bank is tied only to one address computation
unit (AGU) and placed as close to the functional units (FU) as possible. Each
bank has only one read/write port shared among loads, committed stores and
refills from the L2 cache. The banks are tied to the L2 cache through a single
refill bus of 32 bytes.

The memory access takes one cycle to access the bank plus an extra cycle to
reach the bypass network (line 1 in Figure 3). Load instructions that miss in L1
cache are reissued from IQ in time to catch the data when the refill is performed.

Requests to L2 cache are managed by the L2Q after accessing L2 tags (line
2 in Figure 3) in the same way Itanium II does [7]. The L2Q can send up to
four independent and non-conflicting request to the sixteen address interleaved
2 cycles banks in each cycle. On an L2 cache miss a request is made to L3 cache
and to memory (line 3 in Figure 3). A refill to L2 cache takes eight banks. The
model can stand 16 primary L1 misses and 8 L2 misses.
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Fig. 3. Load pipeline. tr and busX mean transport cycles and bus use, respectively.

We assume memory disambiguation based on the Alpha 21264 approach,
where loads place addresses into a load buffer, and stores place address and data
into a store buffer at once. We model a multiported store buffer (not shown
in figure) with the same latency as the first-level cache and assume an oracle
predictor for store-load independency.

Store instructions use a memory port and are routed to the store buffer
when issued. L1 is write-through and write-not-allocate. Store instructions are
committed to L2 and, when they hit L1 cache (filtered by the L2 cache directory),
placed in one or more local buffers (depending on the replication degree). The
8-entry coalescing local write buffers update the L1 cache banks in unused cycles.

3 Design Axes for Bank Content Management

3.1 Data Replication Degree

The replication degree sets the number of copies a data can have spread across
the cache banks. In order to achieve a given replication degree, the item required
in a bank miss is refilled into a single bank (no replication at all), a bank subset
(partial replication) or into all banks (full replication).

Full replication refills all banks with each missed line (Figure 4.a). Effective
capacity is the smallest possible (the single bank size), but the cache access is
conflict-free because any four simultaneous requests are satisfied at once without
issue memory ports contention (no bank conflicts).

Fig. 4. Data replication options in a 4-bank (A,B,C,D) cache. a) Full Replication, b)
No Replication line interleaving and c) Partial Replication line interleaving.

No replication allows only a single copy of the missed item (Figure 4.b). Here
the effective capacity is the largest possible (the aggregated size of all banks)
but cache access may frequently undergo issue port contention (bank conflict).
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The middle ground between previous policies is partial replication: two or
more copies of the missed item are placed in a bank subset (Figure 4.c). Par-
tial replication trades off effective capacity against bank conflict reduction in
an interesting way. A second-order effect of data replication is the accuracy of
the bank predictor (if any) tied to the data distribution policy: the higher the
replication the better the predictability, simply due to the fact that predicting
one among banks is usually harder than predicting one among

3.2 Data Distribution Policy

A distribution policy determines in which bank subset (one or more banks) a
data has to be placed, trying to minimize bank conflicts and cache misses. A
distribution policy has a mechanism that predicts or suggests the destination
bank of every load. Static policies always place the same line in the same bank
subset. Dynamic Policies allow lines to move or to replicate among subsets. Next,
we briefly explain each policy.

Static Policies
Distribution by Data Type. It consists in distributing different data struc-
tures to different bank subsets. In the first-level cache context this idea has only
been applied by Cho et al. to separate the stack region from the remaining ones
[4]. Both this work and our simulation use a 4 KB Access Region predictor to
guess the right region.
Distribution by Data Address. This is the most conventional approach and
consists in distributing data according to a hash function applied to some bits
of their addresses [8, 11–13]. The data can either be a word (word interleaving)
or a line (line interleaving). This policy requires a bank or bank subset predictor
because the load routing is made from IQ, prior to computing addresses. Bank
mispredictions are corrected by re-routing loads to the correct place from IQ. As
a bank predictor we use an enhanced skewed binary predictor, originally proposed
by Michaud et al. for branch prediction [6, 13]. We choose to predict each address
bit separately: up to 2 bits for 4 banks. Every bit predictor is identically sized:
8K entries for the three required tables and a history length of 13, totalling 9KB
per predictor. Since we are interested in recognizing the hard-to-predict loads,
we further add a 2-bit confidence saturating counter to every entry in all tables.
This allows us to use spare bandwidth by broadcasting those loads having a
low-confidence prediction. Load broadcast can increase performance by lowering
the number of recoveries [12].

Dynamic Policies. They allow lines to move or replicate dynamically among
bank subsets to avoid bank conflicts or maintain effective capacity. Two policies
have been suggested up to now, both using load identities (program counter) to
drive load routing and data placement.

Distributing the Working Set of Individual Loads (Instruction Work-
ing Set). This policy by Racunas and Patt tries to take the whole data working
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set referenced by each load and place it in a single bank subset [9]. Lines ref-
erenced from several loads can migrate among subsets according to the relative
confidence of predictions. Such predictions come from two tables (called iPAT
and dPAT, respectively) requiring a total of 16KB for four banks. Bank mispre-
dictions are corrected by accessing L2, and so they have the same cost that a
first-level cache miss. The authors evaluate a first level made up of 8 two-ported
banks in 16-way processor. We scale this proposal to two bank subsets with two
replicated banks each and also evaluate a no replication version, which performs
poorly due to frequent bank conflicts caused by lack of ports.
Conflict-Aware Distribution. This policy by Limaye et al. replicates a line as
soon as a bank conflict appears [3]. A table remembers the last bank (a cachelet)
assigned to each load and will repeatedly route it to such a bank unless a bank
conflict appears, in which case a free bank will be referenced and refilled from
level two. This proposal may allocate a line to one, several or all the banks.
Our four single-ported banks are similar to the configuration they evaluated,
requiring an 8 KB table to remember the last bank.

3.3 Studied Design Points

The policies we have described above have been evaluated by their authors using
very different processor and memory hierarchy models. So, in Section 4 we eval-
uate them within the framework described in Section 2. We will use IPC as the
main metric, correlating it with cache misses and bank conflicts. Data replica-
tion introduces a new trade-off into the data distribution policies because data
replication reduces bank conflicts but at the same time the effective capacity
reduction increases cache misses.

As design points with no replication we choose the following: distribution
by data address (Word interleaving and Line interleaving) and distribution by
instruction working set (IWS). Partial replication is evaluated by arranging the
four banks into two subsets with two replicated banks. These design points are
word interleaving (Word-2R), line interleaving (Line-2R), instruction working
set (IWS-2R) and distribution by access region (AR-2R). Conflict-aware distri-
bution (CA) is another design point with partial replication. Finally, we also
evaluate a full replication organization (4R).

4 Results

We use SimpleScalar3.0c [2] to carefully model the processor and memory stated
in Section 2. As workload we use all SPECint 2K but mcf because it has a very
low IPC (0.23) no matter the L1 cache we consider. We use Alpha binaries
simulating a contiguous run of 100M instructions from the SimPoints [10] after
a warming-up of 200M instructions. All figures show the IPC harmonic mean.

Figure 5 shows the IPC achieved by the different distribution policies and
replication degrees with banks ranging from 2KB to 16KB. Figure 5.a and Fig-
ure 5.b show policies with no replication and partial replication, respectively,
while Figure 5.c compares the best ones to full replication, assuming a 2-cycle
latency for L1.
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Fig. 5. IPC achieved with banks ranging from 2KB to 16KB with 2-cycle latency. a) no
replication, b) partial replication, c) the best of the previous ones plus full replication,
and d) merging the best points for latency 2 (x) with the best 3-cycle latency points.

In order to better understanding the IPC results we also show L1 cache miss
ratio (Figure 6.a, grey), and bank misprediction ratio (Figure 6.a, black) on 8KB
banks. The total length of each bar represents the load percentage undergoing
latency misprediction. Besides, Figure 6.b exposes the average number of cycles
a load, once ready, waits on IQ due to issue memory ports contention (conflicts).

Fig. 6. a) Percentage of latency mispredictions, b) average number of lost cycles due
to issue memory ports contention (bank conflicts).

Starting from Figure 5.a, notice that Instruction Working Set (IWS) behaves
clearly worse than the interleaving policies (Word and Line) due to its higher
number of bank conflicts (Figure 6.b) and of L1 cache misses (Figure 6.a). Word
performs always better than Line. Word undergoes less bank conflicts, has a
lower L1 cache miss rate and exhibits better bank predictability than Line.

In general, partial replication policies (Figure 5.b) reduce the number of bank
conflicts but at the expense of increasing the L1 cache miss ratio. Conflict-Aware
(CA) has an IPC lower than the other policies. CA has a very high L1 cache miss
ratio (Figure 6.a) on account of the changes made in bank mapping to eliminate
bank conflicts.
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Access Region (AR-2R) and IWS-2R have a worse IPC than Word-2R and
Line-2R. They experience a worse distribution across the bank subsets gener-
ating more L1  cache misses and bank conflicts (Figure 6). As in Figure 5.a,
Word-2R is better than Line-2R.

Finally we analyze Figure 5.c, where we compare Full Replicated (4R) against
Word and Word-2R, the best performing design points up to now. Word-2R
provokes less bank conflicts and bank mispredictions than Word, but has more
L1 cache misses because it is half the effective size than Word (Figure 6). As
capacity is the main factor of performance losses (Figure 5), with 4 banks of
only 2KB, Word is the best option. However, with banks greater than 2KB the
best design point is Word-2R.

Increasing the bank size makes 4R appealing. With 16KB the performance
of 4R is more or less the same as the best design point, but at much lower cost
and complexity.

Summing up, the design point giving the best performance is Word. The
optimal replication degree is subject to the bank size. For 2KB banks it is better
not to replicate to keep effective capacity, whereas on 4KB and 8KB banks,
partial replication removes enough bank conflicts to offset the effective capacity
loss. Finally, full replication achieves the highest performance for 16KB banks
with no predictor at all.

4.1 Effect of Rising L2 Latency

Doing over the same experiments with a 10 cycle latency to reach L2 shows up
a lower IPC across all design points. The L1 cache miss penalty increase is more
deeply suffered by those configurations with higher L1 miss rates. For example,
with 2KB the IPC for 4R decreases by 4.3% while Word does by 2.3%. The
crossing between Word-2R and Word now goes to the right and Word becomes
the best option for banks up to 4KB.

4.2 Effect of Rising L1 Latency

Up to this point we have assumed, regardless of the bank size, a 2-cycle L1 cache
access latency. Bank latency, in cycles, depends on the particular technology used
and on the design of the rest of the processor (cycle time, routing,...). It is out of
the scope of this work to determine this latency. At the same time it is evident
that banks of different sizes will have unequal latencies. This is why we present
results over a range of values.

Figure 5.d shows performance for a 3-cycle L1. Moreover, for each bank size
the best design points achieved with a 2-cycle L1 (extracted from Figure 5.c) are
market with a cross. As we can see, even the smallest 2-cycle banks surpass any
3-cycle design points. Moreover a 2-cycle Word with 4 banks of 2KB outperforms
most 4-port true-multiported schemes of Figure 1 with latencies of 3 or 4 cycles.
Increasing the bank size is never a good option if it involves latency add-on.
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5 Conclusions

There are two major decisions regarding contents management when facing the
design of a first-level multibanked cache: distribution policy and replication de-
gree. Choosing a given design point sets how many copies of a line are allowed
and the identity of the banks able to hold them. In general, distribution poli-
cies that spread data flow by data address lead to the smallest number of cache
misses and bank conflicts. Our results show that the most suitable distribution
policy is Word interleaving.

The optimum replication degree is subject to the bank size. For a 2KB bank
the optimal is no replication. Partial replication over two banks is the most effec-
tive method for sizes between 4KB and 8KB. On greater banks, Full replication
performance is equivalent to the best bank content management at a lower cost.
On the explored design space (banks between 2KB and 16KB with latencies of
2 and 3 cycles), increasing bank size is never a good option if it involves latency
add-on.

References

1.

2.

3.

4.

5.

6.

7.

8.

9.

10.

11.

12.

13.

V. Agarwal et al.: Clock Rate versus IPC: The End of the Road for Conventional
Microarchitectures. Proc. of 27th ISCA (2000) 248–259.
D.C. Burger and T.M. Austin: The SimpleScalar Tool Set, Version 2.0. UW Madi-
son Computer Science Technical Report #1342 (1997).
D. Limaye, R. Rakvic, and J.P. Shen: Parallel Cachelets. Proc. 19th ICCD 284–292.
Sept. 2001.
S. Cho, P. Yew, and G. Lee: A High-Bandwidth Memory Pipeline for Wide Issue
Processors. IEEE Trans. on Computers, vol. 50, no. 7 (2001) 709–723.
R.E. Kessler, E.J. MacLellan, and D.A. Webb: The Alpha 21264 Microprocessor
Architecture. Proc. of ICCD’98 90–95. Oct. 1998.
P. Michaud, A. Seznec, and R. Uhlig: Trading Conflict and Capacity Aliasing in
Conditional Branch Predictors. Proc. of 24th ISCA (1997) 292–303.
S. Naffziger et al.: The implementation of the Itanium 2 Microprocessor. IEEE J.
Solid State Circuits, vol. 37, no. 11 (2002) 1448–1460.
H. Neefs, H. Vandierendonck, and K. De Bosschere: A Technique for High Band-
width and Deterministic Low Latency Load/Store Accesses to Multiple Cache
Banks. Proc. of 6th HPCA (2000) 313–324.
C. Racunas and Y.N. Patt: Partitioned First-Level Cache Design for Clustered
Microarchitectures. Proc. of 17th ICS 22–31. June 2003.
T. Sherwood, E. Perelman, G. Hamerly, and B. Calder: Automatically Character-
izing Large Scale Program Behaviour. Proc. of ASPLOS (2002).
G.S. Sohi and M. Franklin: High-Bandwidth Memory Systems for Superscalar Pro-
cessors. Proc. 4th ASPLOS (1991) 53–62.
E. Torres, P.E. Ibañez, V. Viñals, and J.M. Llabería: Counteracting Bank Mis-
predictions in Sliced First-Level Caches. 9th EuroPar, LNCS 2790 586–596, Sept.
2003.
A. Yoaz, E. Mattan, R. Ronen, and S. Jourdan.: Speculation Techniques for Im-
proving Load Related Instruction Scheduling. Proc. of 26th ISCA (1999) 42–53.



A Mechanism for Verifying Data Speculation*

Enric Morancho, José María Llabería, and Àngel Olivé

Computer Architecture Department, Universitat Politècnica de Catalunya, Spain
{enricm,llaberia,angel}@ac.upc.es

Abstract. High-performance processors use data-speculation to reduce
the execution time of programs. Data-speculation depends on some kind
of prediction, and allows the speculative execution of a chain of depen-
dent instructions. On a misprediction, a recovery mechanism must re-
issue the speculatively issued instructions. Some recovery mechanisms
rely on keeping each instruction in the Issue Queue (IQ) until it is known
that the instruction has used correct data. However, their authors either
assume that the IQ and the Reorder Buffer (ROB) are unified, or do not
detail how the instructions are removed from the IQ before reaching the
ROB head entry.
We propose the Verification Issue Queue (VIQ), a mechanism fed with
a verification flow graph; the VIQ decides if an instruction can either be
removed from the IQ or must be re-issued; the VIQ also allows decoupling
the IQ from the ROB. Our evaluations, in the context of load address
prediction, show that the verification mechanism is crucial for exploiting
the performance potential of data speculation, and that the kind of graph
used by the VIQ has a performance impact similar to reducing first-level
cache latency by one cycle.

1 Introduction

Data-speculative processors must use a recovery mechanism to guarantee that,
for each misprediction, all the speculatively issued instructions dependent on the
misprediction will be re-issued. The simplest recovery mechanism is similar to
the one used in branch mispredictions: flushing the pipeline and re-fetching the
instructions from the instruction cache. However, this mechanism is not feasible
in current high-performance processors due to the large performance cost of
re-fetching the instructions [1].

Other recovery mechanisms avoid re-fetching by keeping each issued instruc-
tion on a processor structure until it is known that the instruction has used
correct operands. Several authors [2,3] propose the use of specific structures. On
the other hand, some processors [4,5] keep the issued instructions in the Issue
Queue until they are no longer speculative; on a misprediction, the instructions
are re-issued when their operands become ready. In this work, we keep the spec-
ulatively issued instructions in the IQ.

* This work was supported by the Spanish government (grant CICYT TIC2001-0995-
C02-01), and the CEPBA (European Center for Parallelism of Barcelona).

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 525–534, 2004.
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An implicit approach [6,7] to verify an instruction is based on re-issuing the
instruction after observing a new value for any of its operands, and checking
when the instruction reaches the ROB head entry (i.e., it becomes the oldest
instruction in flight). As the operands of the oldest instruction are known to be
non speculative, then when the state of the oldest instruction is completed the
instruction gets verified and it can be retired. However, this approach does not
scale well because it requires the number of IQ entries to be equal to the number
of ROB entries. Sazeides [7] presents a verification mechanism that uses the
data flow graph also as a verification flow graph. However, he also unifies IQ and
ROB and assumes that, on one cycle, verifications traverse all the verification
flow graph, regardless of the number of graph levels.

This work presents the Verification Issue Queue (VIQ), a mechanism that
decides if an instruction can be removed from IQ or must be re-issued; it also
allows decoupling IQ from ROB. The VIQ is fed with a verification flow graph
that can be built in several ways. We evaluate the VIQ in the context of load
address prediction. We conclude that VIQ significantly outperforms the implicit
mechanism, and that the verification flow graph used by VIQ has a performance
impact similar to reducing first-level cache latency by one cycle. This paper is
organized as follows: Section 2 describes the IQ used in this work, Section 3
presents the VIQ, Section 4 presents an evaluation of our proposal, and Section
5 concludes the work.

2 Issue Queue (IQ)

In dynamically-scheduled processors, instructions wait in the IQ for the avail-
ability of operands and functional units. To issue instructions out-of-order to the
functional units, the IQ has two components: a) wakeup logic and b) select logic.
The wakeup logic keeps monitoring the dependencies among the instructions in
the IQ and, when the operands of a queued instruction become available, this
logic will mark the instruction as ready. The select logic selects which ready in-
structions will be issued to the functional units on the next cycle. When latency
of the selected instructions is elapsed, dependent instructions are woken up.

The IQ may be implented using CAM cells [8] or bit-matrices [9]. In this
study, the IQ is similar to the one described in [10]; it uses a dependence

matrix for tracking dependencies among instructions. The matrix has as many
rows as the number of instructions analysed simultaneously for scheduling, and
as many columns as the number of physical registers (registers for short). Each
column is connected to a latency counter that starts counting-down when the
related instruction is issued. On each crosspoint, a logical circuit determines if
there is an unresolved dependence between the instruction and the register. For
each row, the outputs of these logical circuits are used to compute a ready bit
that indicates if the instruction is ready to be selected by the select logic. Ready
bits are evaluated every cycle.

On processors that do not perform data speculation, instructions can be re-
moved from IQ as soon as they are issued. However, on data-speculative proces-
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sors, the recovery mechanism influences on the removal policy. In this work, we
assume that the recovery mechanism keeps the speculatively issued instructions
in the IQ until verifying them.

Re-issue Mechanism. While an issued instruction waits in the IQ for its
verification, it is made non-visible to the select logic. This is handled by using a
no-request bit in each matrix row; this bit it is set when the instruction is issued.

When an instruction must be reissued because it has used a misspeculated
operand, the instruction is made visible again to the select logic. Moreover, its
destination-register state is set to non-available; this change delays the issuing
of its directly dependent instructions until the instruction is re-issued and a new
data value is computed.

Two control circuits perform previous operations: the removal circuit and the
register-scoreboard circuit. Fig. 1 shows the interface between the circuits and
other IQ elements. Every cycle, the removal circuit is notified of the instructions
that must be removed/ re-issued, and the register-scoreboard circuit is notified of
the misspeculated instructions. The removal circuit removes verified instructions
from the IQ, and makes visible again the instructions that must be re-issued. The
register-scoreboard circuit activates latency counters (for each issued instruction,
and when data of the predicted load instruction becomes available) or unsets
columns (for each misspeculated instruction). As ready bits are re-evaluated ev-
ery cycle, misspeculated instructions will re-evaluate their ready bits, waiting
for operand availability. Furthermore, all instructions directly dependent on the
misspeculated instructions will be slept.

Fig. 1. Structure of the IQ.

3 Verification Issue Queue (VIQ)

In this section we explain how the VIQ decides whether an instruction can be
removed from the IQ or must be re-issued. We will apply the VIQ in the context
of address prediction. The effective addresses computed by load instructions will
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be predicted by an address predictor; this will allow the speculative execution
of load instructions and their dependent instructions.

The VIQ works as follows. When the address-check result of a predicted
load instruction is known, the VIQ initiates the verification/invalidation of the
chain of speculatively issued instructions dependent on the load. The VIQ first
verifies/invalidates issued instructions directly dependent on the load instruc-
tion. These verified/invalidated instructions are used, in next cycle, to ver-
ify/invalidate issued instructions that directly depend on them. Thus, each cycle,
issued predicted load instructions and verified/invalidated instructions are used
to verify/invalidate issued instructions.

In Fig. 2 we present an example of the propagation of verifications and in-
validations (we only show significant pipeline stages). Assume that the effective
address of load instruction a) has been predicted, memory has been accessed, and
instructions b) and c) have been executed speculatively. On cycle 1, instruction
a) issues (IQ), then reads registers (R) and computes its effective address (@).
Concurrently, the address prediction is checked and turns out to be wrong; after
that, VIQ propagates re-issue signals to the dependent instructions: on cycles 4
and 5, VIQ signals IQ that instructions b) and c) must re-issue, and they re-issue
on cycles 5 and 6 respectively. Instruction a) access memory non speculatively
(m), VIQ propagates its verification and notifies IQ that the instructions can be
removed from IQ. In section 3.2, we will show that the VIQ can be also used to
perform a faster propagation of the verifications/invalidations. Now, we describe
the components of VIQ.

Fig. 2. Example of verification propagation using the VIQ.

3.1 Basic Structure

VIQ: Elements and Input/Output Signals. The issued instructions wait
in the VIQ until it is kwnown whether its source operands have became valid
or misspeculated. The VIQ has two components (Fig. 3): a) Verify/Invalidate

logic and b) Decision logic. The Verify/Invalidate logic monitors if the
source operands of the instructions are valid or misspeculated. When all the
operands of an instruction become valid, or one of them is misspeculated, this
logic marks the instruction as verified or invalidated respectively.

For each issued instruction, the Decision logic determines if: a) the in-
struction can be removed from the IQ, b) the instruction must be re-issued or
c) for predicted load instructions, the data value has been misspeculated and
the speculatively issued dependent instructions must be re-issued. The Decision
logic considers: a) the instruction has been issued, b) verify/invalidate signals, c)
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Fig. 3. Components of the VIQ.

instruction type (predicted load, other instruction), d) address-check result, and
e) memorization elements related to the instruction (one bit per instruction).
Decision-logic outputs are used in next cycle to propagate verify/invalidate in-
formation to directly dependent (in the verification-flow graph) issued instruc-
tions. In addition, these outputs are sent to the IQ in order to remove/re-issue
instructions.

Structure of the Verify/Invalidate Logic. The core of this logic is a matrix
structure (Fig. 4) with the same number of rows and columns as the dependence
matrix of IQ. This matrix monitors if the source operands of the instructions
are valid or misspeculated.

Fig. 4. Matrix structure of the VIQ.

The columns are wires that cross all rows and each row includes a bit for
each column. Each column marks the register state (speculative, valid) and if the
data value has been misspeculated. The state of a register is speculative until the
Decision logic indicates that the producer instruction, which computes the data
value, can be removed. The misspeculated signal is set only for one cycle, when
Decision logic indicates that the instructions that have consumed misspeculated
data value must be re-issued. Instructions are inserted in both the IQ and the
VIQ at the same time. When an instruction is inserted in a row, the bits related
to its source operands are set; this information is built at the Register Rename
stage and inserted in VIQ after this stage.
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Each crosspoint of the matrix contains a logical circuit that determines
whether the source operand is valid or misspeculated (Fig. 4). For each row,
the outputs of the circuits are used to compute the verify/invalidate signals.
The verify signal is activated when all source operands of the instruction are
valid. The invalidate signal is activated if any source operand of the instruction
is misspeculated. Both signals are evaluated every cycle.

Predicted Load Instructions. A predicted load instruction establishes if its
destination register is valid or misspeculated by using two pieces of information
related to the same instance of the dynamic load instruction: a) address-check
result and b) verify signal of the load instruction (its source operand is valid).
Then, predicted load instructions must be tagged in order to take into account
both pieces of information before the Decision Logic takes a decision. For this,
we use the instruction type bit (predicted load instruction, other instruction).
However, for incorrect address-check results, the chain of dependent instructions
will be re-issued immediately since the computed address is used for initiating a
new memory access after the address-check stage, and this chain of instructions
have used misspeculated data values.

Decision Logic. Each entry of the matrix structure has a valid bit which
indicates if the instruction has been issued and it is waiting for the verifica-
tion/invalidation of its source operands. This bit is set each time the instruction
is issued and it is unset (non-valid) when Decision logic decides that the instruc-
tion must be re-issued.

For each instruction, the decision logic uses verify/invalidate signals of the
matrix structure, valid bits of the entries, address-check results, instruction type
and memorization elements to generate remove, re-issue and misspeculate sig-
nals.

For a predicted load instruction, address-check result and verify signal of the
source operand must be paired before deciding if data value is valid. Because both
pieces of information may be generated at different time, a memorization element
in Decision logic is needed. After pairing both pieces of information, on a correct
address-check result, the remove signal is set. Otherwise, incorrect-address check
result, the misspeculate signal is set only for one cycle, and in the next cycle
the remove signal is set. For the other instruction type, verify/invalidate signals
drive directly remove and re-issue&misspeculate signals respectively.

Fig. 5 shows the interface between VIQ components. At every cycle, the
removal circuit and the Register- Verify circuit are notified of the removed/re-
issued and the re-issued/misspeculated instructions respectively. The removal
circuit removes an instruction when then remove signal is activated. It also sets
the entry as non-valid when the re-issue signal is activated. The register-verify
circuit sets the destination register state to valid on a remove signal, and activates
the misspeculate column on a misspeculate signal.
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Fig. 5. Structure of the VIQ.

3.2 Verification Flow Graphs

The VIQ uses a verification flow graph to propagate the verifications/invalidat-
ions through the instructions. We can build several kinds of verification-flow
graphs. Depending on the graph used, verifications/invalidations will be propa-
gated faster to the instructions. However, the VIQ structure is independent of
the verification flow graph used, the only difference is the dependence informa-
tion stored in the matrix structure of the VIQ. We have considered two kinds of
verification flow graphs:

Serial Verification Flow Graph. In this case, the verification flow graph is
identical to the data flow graph, but the latency of all instructions is one cycle.

Enhanced Verification Flow Graph. In this case, we use a new verification-
flow graph with fewer levels than the serial verification-flow graph. In this graph,
every instruction is connected directly to the predicted load instructions it de-
pends on (directly or indirectly). The goal of this design is to reduce the number
of cycles needed to verify/invalidate instructions that depend on a predicted load
instruction: only one step will be required to verify/invalidate source operands
of instructions directly/indirectly dependent on a predicted load.

To build the rows of the matrix structure we use a table named Collapsed
Graph Table (CGT) with as many entries as architectural registers, and each
entry has a bit vector with as many bits as physical registers. The CGT is indexed
by the architectural-register identifier. It is updated only with information known
in the rename stage, and is also read in this stage to build row information.
Predicted load instructions set the bit that identifies its destination register in
the CGT entry of its destination architectural register. Any other instruction
reads the CGT entries related to its source architectural registers, applies the
OR function to the bit vectors, and stores the resultant bit vector in the CGT
entry of its destination architectural register.

To insert an instruction in the VIQ, each instruction reads the CGT entries
associated to its source architectural registers, applies the OR-function to the
obtained bit vectors, and stores the result in its assigned entry of the matrix
structure of the VIQ.
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4 Evaluation

4.1 Evaluation Environment

To evaluate our proposal we derive a simulator from the SimpleScalar 3.0 (Alpha
ISA) cycle-by-cycle simulator [11]. We simulate a 4-way processor (like 21264:
same pipeline, branch prediction and functional units) with a 128-entry ROB,
and an 8-way processor (scaling by 2 resources of the previous one) with a
256-entry ROB. Memory hierarchy has separated first-level caches (64Kb, direct
mapped, variable latency), unified second-level cache (1Mb, dm, 12 cycles), and
80-cycle latency main memory.

To predict effective addresses, we use a hybrid address predictor composed of
a stride and a context component. On average, this predictor predicts correctly
about 83% of the effective addresses and its accuracy is about 96%. In our data-
speculative processors, branch resolutions are resolved non-speculatively. Our
proposals are evaluated on the SPEC95-INT benchmarks, and we present average
results. Detailed information on simulation intervals and individual results can
be found in [12].

4.2 Results

First, we evaluate the effectiveness of the implicit verification versus the use
of the VIQ. We compare the performance of the baseline processor (without
address prediction) and two data-speculative processors: one uses the implicit
verification and the other uses the VIQ with the serial verification. In these
evaluations, we assume that the number of IQ entries is equal to the number
of ROB entries. We observe that the effectiveness of address prediction depends
heavily on the verification mechanism. In fact, in most cases, the performance
of the processor with implicit verification is worse than the performance of the
baseline processor. Comparing both data-speculative processors, the use of the
VIQ improves the performance about 5% (4-way processors) and from 13% to
17% (8-way processors). The instructions that take advantage of the faster ver-
ification process are the mispredicted branch instructions, because they can be
resolved before reaching the ROB head-entry. We conclude that the verification
mechanism is critical for dealing with mispredicted branch instructions.

Decoupling IQ from ROB. After this, we apply the VIQ both to remove the
instructions from the IQ and to perform the verification process. Each instruction
is removed from the IQ one cycle after the VIQ notifies the verification. Fig.
6.a shows the impact of the IQ size on the performance of a data-speculative
processor with serial verification.

We can observe that the IQ size needed to saturate the performance is larger
in data-speculative processors than in baseline processors. This is due to the fact
that data-speculative processors use some IQ entries to maintain the specula-
tively issued instructions until they become non speculative. Then, these entries
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Fig. 6. a) IPC versus IQ size on baseline processors and data-speculative processors
with serial verification, b) IPC versus IQ size on 8-way data speculative processors.

are not used by the scheduler to look ahead for independent non-issued instruc-
tions. For instance, in 4-way processors, using the 25-entry IQ, the performance
is below saturation from 1.6% (2-cycle latency) to 1.9% (4-cycle latency). In 8-
way processors, using the 50-entry IQ, the performance is below saturation from
2% to 2.3%.

Enhanced Verification Flow Graph. Finally, we use the enhanced verifica-
tion flow graph to remove the instructions from the IQ. The use of the enhanced
graph reduces the pressure on the IQ with respect to the use of the serial graph,
since the enhanced mechanism frees some IQ entries earlier than the serial mech-
anism. Freeing IQ entries as soon as possible is useful because it may allow the
insertion of younger instructions into the IQto be advanced. Fig. 6.b shows the
impact of the IQ size on the performance of 8-way address-speculative proces-
sors, as well as both the serial and the enhanced verification mechanisms. Our
results show the performance effect of the enhanced mechanism compared with
the serial mechanism; it is similar to reducing the first-level cache latency by one
cycle. For instance, the graph related to the 3-cycle latency, serial verification
and 8-way processor, and the graph related to the 4-cycle latency, enhanced ver-
ification and 8-way processor, are almost overlapped. Furthermore, to achieve a
target performance, processors with enhanced verification need fewer IQ entries
than processors with serial verification. The behaviour in 4-way processors is
similar to the behaviour in 8-way processors.

5 Conclusions

In this work we propose the detailed design of a verification mechanism: the
Verification Issue Queue. This mechanism signals when an instruction can be
removed from the Issue Queue or when it must be re-issued. Our evaluations show
that the verification mechanism is crucial to exploit the performance potential of
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data-speculative processors. We also evaluate the use of two possible verification
flow graphs (serial and enhanced) by the VIQ. Our results, in the context of
load address prediction, show the importance of removing the instructions from
the IQ as soon as possible: using the enhanced verification instead the serial
verification has a performance impact similar to reducing first-level cache latency
by one cycle. Future work must be developed to design verification mechanisms
more scalable than the VIQ. Although the VIQ allows the IQ to be decoupled
from the Reorder Buffer, some IQ and VIQ structures are proportional to the
number of physical registers.
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Abstract. Since embedded systems require ever more compute power,
SMT processors are viable candidates for future high performance em-
bedded processors. However, SMTs exhibit unpredictable performance
due to uncontrolled interaction of threads. Hence, the SMT hardware
needs to be adapted in order to meet (soft) real time constraints. We
show by a simple policy that the OS can exercise control over the exe-
cution of a thread which is required for real time constraints.

1 Introduction

To deal with real time constraints, current embedded processors are usually
simple in-order processors with no speculation capabilities. However, embedded
systems are required to host more and more complex applications and have
higher and higher data throughput rates. Therefore, future embedded processors
will resemble current high performance processors. Simultaneous Multithreaded
(SMT) architectures [5][6] are viable candidates for future high performance
embedded processors, because of their good cost/performance trade-off [2]. In
an SMT, several threads are running together, sharing resources at the micro-
architectural level, in order to increase throughput. A fetch policy decides from
which threads instructions are fetched, thereby implicitly determining the way
processor resources, like rename registers or IQ entries, are allocated to the
threads. However, with current policies the performance of a thread in a workload
is unpredictable. This poses problems for the suitability of SMT processors in
the context of (soft) real-time systems.

The key issue is that in the traditional collaboration between OS and SMT,
the OS only assembles the workload while it is the processor that decides how
to execute this workload, implicitly by means of its fetch policy. Hence, part of
the traditional responsibility of the OS has “disappeared” into the processor.
One consequence is that the OS may not be able to guarantee time constraints
even though the processor has sufficient resources to do so. To deal with this
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situation, the OS should be able to exercise more control over how threads are
executed and how they share the processor’s internal resources.

In this paper, we discuss our philosophy behind a novel collaboration be-
tween OS and SMT in which the SMT processor provides ‘levers’ through which
the OS can fine tune the internal operation of the processor to achieve certain
requirements. We want to reserve resources inside the SMT processor in order to
guarantee certain requirements for executing a workload. We show the feasibility
of this approach by a simple parameterized mechanism that assigns fetch slots
and instruction and load queue entries to a High Priority Thread. This, in turn,
is a first step toward enabling the OS to execute a thread at a given percentage
of its full speed and thus enabling the use of out-of-order, high performance SMT
processor in embedded environments.

This paper is structured as follows. In Section 2 we describe our novel ap-
proach to the collaboration between OS and SMT. In Section 3 we discuss a
simple mechanism to enable such collaboration. We discuss related work in Sec-
tion 4. Finally, Section 5 is devoted to conclusions and future directions.

2 QoS: A Novel Collaboration Between OS and SMT

In this paper, we approach OS/SMT collaboration as Quality of Service (QoS)
management. This approach has been inspired by QoS in networks. In an SMT
resources can be reserved for threads guaranteeing a required performance. We
observe that on an SMT processor, each thread reaches a certain percentage of
the speed it would achieve when running alone on the machine. Hence, for a
given workload consisting of N applications and a given instruction fetch policy,
these fractions give rise to a point in an N-dimensional space, called the QoS
space. For example, Figure 1(a) shows the QoS space for two threads, eon and
twolf, as could be obtained for the Pentium4 or the Power5. In this figure, both

and span from 0 to 100%. We have used two fetch policies: icount [5]
and flush++ [1]. Theoretically it is possible to reach any point in the shaded
area below these points by judiciously inserting empty fetch cycles. Hence, this
shaded area is called the reachable part of the space for the given fetch policies. In
Figure 1(b), the dashed curve indicates points that intuitively could be reached
using some fetch and resource allocation policy. Obviously, by assigning all fetch
slots and resources to one thread, we reach 100% of its full speed, that is, the
speed it would reach when run alone. Conversely, it is impossible to reach 100% of
the speed of each application at the same time since they have to share resources.

Each point or area (set of points) in the reachable subspace entails a number
of properties of the execution of the applications: maximum throughput; fairness;
real-time constraints; power requirements; a guarantee, say 70%, of the maximum
IPC for a given thread; any combination of the above, etc. In other words, each
point or area in the space represents a solution to a QoS requirement. It is the
responsibility of the OS to select a workload and a QoS requirement and it is the
responsibility of the processor to provide the levers to enable the OS to pose such
requirements. To implement such levers, we add mechanisms to control how these
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Fig. 1. (a) QoS space for three fetch policies; (b) important QoS points and areas.

resources are actually shared. These mechanisms include prioritizing instruction
fetch for particular threads, reserving parts of the resources like instruction or
load/store queue entries, prioritizing issue, etc. The OS, knowing the needs of
applications, can exploit these levers to navigate through the QoS space.

In this paper, we present a first step toward this goal by studying the behavior
of threads when a certain number of resources is reserved for a High Priority
Thread (HPT). We show that such a simple mechanism is already capable of
influencing the relative speed of threads considerably and hence can cover the
QoS space to a great extent.

3 QoS by Resource Allocation

We use a standard 4-context SMT configuration. There are 6 integer, 3 FP, and
4 load/store functional units and 32-entry integer, load/store and FP IQs. There
are 320 physical registers shared by all threads. Each thread has its own 256-entry
reorder buffer. We use a separate 32K, 4-way data and instruction caches and a
unified 512KB 8-way L2 cache. The latency from L2 to L1 is 10 cycles, and from
memory to L2 100 cycles. We use an improved version of the SMTSIM simulator
provided by Tullsen [5]. We run 300 million most representative instructions for
each benchmark. We consider workloads of 2 threads that are of two different
types: threads that exhibit a high number of L2 misses of over 1% of the dynamic
load instructions, called Memory Bounded (MB) threads. These threads have a
low full speed. Secondly, threads that exhibit good memory behavior and have a
high full speed, called ILP threads. We consider 4 workloads in which the High
Priority Thread (HPT) is ILP or MB, and the Low Priority Thread (LPT) is
ILP or MB. The workloads are: gzip and bzip2 (ILP-ILP), gzip and twolf
(ILP-MB), twolf and bzip2 (MB-ILP), and twolf and vpr (MB-MB).

3.1 Static Resource Allocation

We statically reserve 0, 4, 8, . . . , 32 entries in the IQ and LSQ for the HPT. The
remaining entries are devoted to the LPT. Moreover, we prioritize the instruc-
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tion fetch and issue for the HPT: in each cycle, we first fetch/issue instructions
from the HPT. If there are fetch opportunities left, then instructions from the
LPT are fetched/issued. There are more resources in an SMT processor that
are shared between threads, most notably the rename registers and the L1 and
L2 caches. We have restricted attention to IQ and LSQ entries because these
shared resources most directly determine which instructions from which thread
are executed.

3.2 Results

We show the resulting QoS space for varying numbers of assigned resources
in Figures 2(a) through 5(a). We also show the points obtained from the round
robin (RR), icount (IC), and flush fetch policies for comparison. We immediately
observe that our parameterized mechanism is capable of covering a large part
of the reachable space by tuning its parameter. In contrast, the points reached
by the three standard fetch policies show no coherent picture. For the ILP-ILP
and MB-MB workloads, they reach points that are quite close together. For the
other workloads, there is considerable difference and their relative position in
the space changes. This shows that standard fetch policies provide little control
over the execution of threads.

We show the resulting IPC values in Figure 2(b) through 5(b). We also show
IPC obtained from the standard policies icount and flush for comparison.

ILP-ILP. Both threads have a high throughput and do not occupy IQs for a
long time. As a result, reserving a number of these entries for the HPT and
moreover prioritizing its fetch, quickly produces a situation in which the HPT
dominates the processor and its speed comes close to its full speed. The total
throughput is about the same as for icount (except the cases of 0 and 32) which
means that what we take from one thread can successfully be used by the other.

ILP-MB. When the LPT thread misses in the L2, it tends to occupy resources
for a long time which has an adverse effect on the speed of the other thread.
Therefore, reserving resources for the HPT that is ILP causes its speed to sharply
increase. As a result, the total throughput can be larger than for icount. flush
needs to re-fetch and re-issue all flushed instructions, degrading its performance.
The speed of the LPT does not degrade fast since it suffers many L2 misses and
thus cannot use many resources.

MB-ILP. This case is the opposite to the previous one. Given that since the
total throughput in comes largely from the LPT that is ILP, when it is denied
many resources, its speed degrades fast and total throughput is degraded as well.

MB-MB. Throughput shows a flat curve that is about the same as for the icount
and flush fetch policies as was the case for the ILP-ILP workload. Resources taken
from one thread can effectively used by the other thread.

We conclude that by controlling resource allocation we can navigate through
the QoS space and bias the execution of a workload to a prioritized thread. At
the same time, we still reach considerable throughput for the LPT. Hence, our
proposal to provide QoS in an SMT by means of resource allocation is a feasible
approach.
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Fig. 2. (a) QoS space for ILP-ILP workload; (b) IPC values and overall throughput.

Fig. 3. (a) QoS space for ILP-MB workload; (b) IPC values and overall throughput.

Fig. 4. (a) QoS space for MB-ILP workload; (b) IPC values and overall throughput.

Fig. 5. (a) QoS space for MB-MB workload; (b) IPC values and overall throughput.
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4 Related Work

To the best of our knowledge, there is not much work on real time constraints
for SMTs. In [4] the authors consider a way of mapping OS-level priorities onto
a modified icount policy that fetches depending on the priority of the threads.
However, this approach exploits the fetch policy, obtaining very limited control,
in contrast to our proposal. In [3] explicit static resource allocation is also studied
and the authors conclude that resource allocation has little effect on throughput.
However, they fail to recognize that the relative speed of threads does change
significantly, which is precisely the property that we exploit to provide QoS.

5 Conclusions

In this paper, we have approached the collaboration between OS and SMT
as Quality of Service management, where the SMT processor provides ‘levers’
through which the OS can fine tune the internal operation of the processor in
order to meet certain QoS requirements, expressed as points or areas in the QoS
space. We have shown, by evaluating a simple mechanism, that it is possible to
influence to a great extend the execution of a thread in a workload, so that the
OS can reach a large part of the QoS space. Hence, this mechanism is a first
step toward enabling high-performance SMT processors to deal with real-time
constraints and rendering them suitable for many types of embedded systems.

Acknowledgments

This work has been supported by the Ministry of Science and Technology of
Spain under contract TIC-2001-0995-C02-01, and grant FP-2001-2653 (Fran-
cisco J. Cazorla), the HiPEAC European Network of Excellence, an Intel fellow-
ship, and the EC IST programme (contract HPRI-CT-2001-00135). The authors
would like to thank Oliverio J. Santana, Ayose Falcón, and Fernando Latorre
for their work in the simulation tool.

References

1.

2.

3.

4.

5.

6.

F. J. Cazorla, E. Fernandez, A. Ramirez, and M. Valero. Improving memory latency
aware fetch policies for SMT processors. In Proc. ISHPC, pages 70–85, 2003.
M. Levy. Multithreaded technologies disclosed at MPF. Microprocessor Report,
November 2003.
S. E. Raasch and S. K. Reinhardt. The impact of resource partitioning on SMT
processors. In Proc. PACT, pages 15–25, 2003.
A. Snavely, D.M. Tullsen, and G. Voelker. Symbiotic job scheduling with priorities
for a simultaneous multithreaded processor. In Proc. ASPLOS, pages 234–244, 2000.
D. Tullsen, S. Eggers, J. Emer, H. Levy, J. Lo, and R. Stamm. Exploiting choice:
Instruction fetch and issue on an implementable simultaneous multithreading pro-
cessor. In Proc. ISCA, pages 191–202, 1996.
W. Yamamoto and M. Nemirovsky. Increasing superscalar performance through
multistreaming. In Proc. PACT, pages 49–58, 1995.



Improving Data Cache Performance
via Address Correlation: An Upper Bound Study

Peng-fei Chuang1, Resit Sendag2, and David J. Lilja1

1 Department of Electrical and Computer Engineering
Minnesota Supercomputing Institute

University of Minnesota
200 Union St. S.E., Minneapolis, MN 55455, USA

{pengfei,lilja}@ece.umn.edu
2 Department of Electrical and Computer Engineering

University of Rhode Island
4 E. Alumni Ave, Kingston, RI 02881, USA

sendag@ele.uri.edu

Abstract. Address correlation is a technique that links the addresses that refer-
ence the same data values. Using a detailed source-code level analysis, a recent
study [1] revealed that different addresses containing the same data can often be
correlated at run-time to eliminate on-chip data cache misses. In this paper, we
study the upper-bound performance of an Address Correlation System (ACS),
and discuss specific optimizations for a realistic hardware implementation. An
ACS can effectively eliminate most of the L1 data cache misses by supplying
the data from a correlated address already found in the cache to thereby im-
prove the performance of the processor. For 10 of the SPEC CPU2000 bench-
marks, 57 to 99% of all L1 data cache load misses can be eliminated, which
produces an increase of 0 to 243% in the overall performance of a superscalar
processor. We also show that an ACS with 1-2 correlations for a value can usu-
ally provide comparable performance results to that of the upper bound. Fur-
thermore, a considerable number of correlations can be found within the same
set in the L1 data cache, which suggests that a low-cost ACS implementation is
possible.

1 Introduction

A recent study [1] has introduced address correlation, which is based on the dynamic
linking of addresses that store the same value. This run-time correlation can be used
to improve the performance of on-chip data caches by forwarding data to the proces-
sor on a miss or a partial hit1 that is already resident in the cache at other correlated
addresses. Source code-level analysis presented in [1] indicates that semantically
equivalent information, duplicated references, and frequent values are the major

1 A partial hit occurs when a request on an address is a hit in the cache, but the data at the
address is not ready yet because it is in the process of being read by a previous miss in the
same cache block. A partial hit can be as slow as a complete cache miss, depending on how
close together the two accesses occur.
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causes of the address correlations, and that taking advantage of duplicated references
has excellent potential to benefit object-oriented programs due to their extensive us-
age of aggregation classes.

In this study, we focus on the upper bound potential of address correlation, and
specific optimizations that will lead to better understanding of how it works. An ad-
dress correlation system (ACS) is designed that stores the addresses evicted from the
cache and their correlated addresses, which remain in the L1 data cache to supply the
data for the evicted addresses. We show that there is substantial potential for hiding
memory latency by providing the data from a correlated address instead of incurring a
full miss penalty. When we have limited resources, where to find a useful correlation
becomes important. We show that a useful correlation can usually be found in cache
lines that are physically close to each other. Furthermore, the number of addresses
that can be usefully correlated is usually bounded. Our results show that an ACS with
1-2 correlations for a value can usually provide comparable performance results to
that of the upper bound results obtained in this study.

The remainder of this paper is organized as follows. Section 2 describes an address
correlation system. Section 3 presents the experimental setup. The upper-bound per-
formance results are given in Section 4. In Section 5, we present some results on how
to reduce the cost of correlations. Section 6 discusses specific optimizations while
related work is given in Section 7. Finally, we conclude in Section 8.

2 Address Correlation System

In this section, we start with a brief introduction of the concept of address correlation
since it is new to the research community. We then describe the basic operation of an
ACS. An exhaustive investigation of hardware design parameters for an address cor-
relation mechanism and implementation details is beyond the scope of this paper.

2.1 What Is Address Correlation?

Address correlation is a new approach for exploiting value locality. A conventional
cache system, which relies heavily on the temporal and spatial locality that programs
exhibit, may exceed the limits of locality via address correlation. In [1], we investi-
gate this program phenomenon, which links the addresses that reference the same
data, and show the causes of address correlations with a detailed source-code level
analysis of the programs. Address correlation is based on the observation that there is
redundancy in data that was stored to memory (store value locality) [3], and that a few
values appear very frequently in memory locations (frequent value locality) [4]. Ex-
tending these two observations, in [1], we proposed run-time correlation of the ad-
dresses that store the same data to improve the performance of on-chip data caches by
forwarding data to the processor on a miss that is already resident in the cache at other
correlated addresses. In this study, we focus on the upper bound potential of the ACS
and specific optimizations that will lead to designs for the run-time correlation of
addresses.
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2.2 The Components of ACS

Address correlation requires tracking the contents of the cache, the relationships be-
tween different locations in the cache, and the memory access history. This section
describes the basic operation of an ACS to study the upper bound potential of address
correlation.

As shown in Fig. 1, ACS contains two main components: the Address Linking Ta-
ble (ALT) and the Address Correlation Table (ACT). The ALT stores the correlations
between addresses currently residing in the L1 data cache. The ACT keeps all the
addresses evicted from the cache and their correlated addresses in the L1 data cache
that can supply data for them. In other words, the ACT is the table providing the in-
formation about alternative data source on a cache miss.

When a cache line is brought into the L1 data cache, all the addresses in that cache
line are linked with the addresses of other cache lines according to their values. An
address will never be linked with the addresses in the same cache line since they all
will be evicted from the cache at the same time. If a new value is stored to an address,
all the links to the updated address are removed and new links are generated for the
address based on its new value.

When a cache line is evicted from the cache, the linking information of each ad-
dress in the line is moved from the ALT to the ACT. Lists of links for those addresses
in the ACT that correlate with the evicted addresses are updated to properly reflect the
availability of data (alternative data source). Removal of an entry from the ACT oc-
curs when all the linked addresses of an ACT entry are evicted from the L1 data cache
or stored with new values, or when the address of an ACT entry is put back to the L1
data cache again.

Fig. 1. Address Correlation system. The L1 data cache and the ACT are accessed at the same
time. When there is a hit in the ACT (which is a miss in the L1 data cache), a correlated address
is supplied from the ACT. The L1 data cache then uses this information to supply data in the
next cycle.

2.3 Servicing Cache Misses and Partial Hits Faster

The ACT is accessed in parallel with the L1 data cache on a memory access. When
the requested address misses in the cache but hits in the ACT, an address is then sent
to the L1 data cache. The L1 data cache uses this information to find the value for a
previous cache miss.
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When a cache miss is supplied by an ACT hit, it is possible to cancel the data re-
quest to lower level memory such as L2 cache. In this study, we have explored two
design alternatives on a cache miss: canceling the data request to lower level memory
on an ACT hit (cancel_L2), and allowing the missed cache line to be brought into L1
from lower level memory (with_L2). The cancel_L2 may change the cache behavior
and its contents. However, it reduces the traffic between the L1 and L2 data caches
substantially and the activities in the ACS system. The details of these designs are left
as future work since it is not our intent in this study to design a specific mechanism
for address correlation. The results given in the later sections are all for the cancel_L2
configuration unless otherwise specified.

The ACS can also supply the data for partial hits. A partial hit occurs when a re-
quest for an address is a cache hit, but the data at the address is not available because
it is still in transit from the lower level memory. Fast data delivery of partial hits is
made possible by delaying the time for an entry to be removed from the ACT. An
entry of addresses of the same cache line in the ACT is removed after the data in its
cache line is in the cache instead of when the tag of its cache line is set in the cache.
Since an address whose data exists in the cache will never be in the ACT, a hit in the
ACT indicates that there was either a cache miss or a partial hit.

3 Experimental Setup

To determine the performance potential of an ACS, we used an execution driven
simulation study based on the SimpleScalar simulator [5]. We modified the memory
module to study the potential of address correlation and implemented an ACS for an
upper-bound study.

The processor/memory model used in this study is capable of issuing 8 instructions
per cycle with out-of-order execution. It has a 64-entry RUU and a 64-entry load/store
queue. The processor has a first-level 32 KB, 2-way set associative instruction cache.
Various sizes of the L1 data cache (8KB, 16KB, 32KB) with various associativities
(direct-mapped, 4-way set associative) are examined in the following simulations.
The first-level data cache is non-blocking with 4 ports. Both caches have block sizes
of 32 bytes and 1-cycle hit latency. The L2 cache size is 1MB. The L2 cache has 64-
byte blocks and a hit latency of 12 cycles. The round-trip main memory access la-
tency is 200 cycles for all of the experiments. There is a 64-entry 4-way set associa-
tive instruction TLB and 128-entry 4-way set associative data TLB, each with a 30-
cycle miss penalty.

The test suite used in this study consists of selected MinneSPEC [6] CPU2000
benchmark programs. All binaries are SimpleScalar PISA and compiled with Sim-
pleScalar gcc at -O3 and each benchmark ran to completion.

4 Performance of an ACS

In this section, we examine the performance results of an ACS, which was described
in Section 2. This analysis will give us the real potential that an address correlation
mechanism can offer for exceeding the limits of locality. The results are given for a
32 KB L1 data cache with 4-way associativity, unless specified otherwise.
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In Fig. 2, we show the reduction in L1 data cache misses with different cache sizes
and the effect of address correlation on reducing the number of misses. The original
superscalar processor with an 8KB, 4-way associative L1 data cache is used as the
basis for these comparisons. We see that address correlation can eliminate most of the
misses in the L1 data cache. That is, the data requested is usually already in the cache
at other addresses.

Fig. 2. The percentage cache miss reduction for
varying L1 data cache sizes with and without the
ACS. The original superscalar processor with an
8KB, 4-way associative L1 data cache is used as
the basis for these comparisons.

Fig. 3. The fraction of memory references
that are serviced by the L1 cache, the ACS,
the L2 cache, and memory.

Fig. 3 shows how memory accesses are serviced. We can see that the ACS services
57 to 99% of the misses in the L1 cache. We categorized the memory accesses that
are serviced by the ACS as the percentage of the misses that would have been ser-
viced by the L2 cache and memory, in the absence of the ACS. For example, for
181.mcf, 69% of the misses in the L1 data cache that would have been serviced by the
L2 cache, and 37% of the misses that would have been serviced by the memory, in a
system without address correlation are serviced by the ACS. Since memory access has
a substantially higher latency than the L2 cache, the more misses that are serviced by
the ACS instead of by memory, the more latency that can be hidden from the proces-
sor. These results show that the ACS is very effective in hiding the latency for mem-
ory references.

Finally, we give the potential overall processor speedup results that could be ob-
tained in a system using address correlation. Here we assume 1 cycle is required for
an ACT lookup and another 1 cycle is needed to supply data from the L1 data cache.
While it is optimistic to choose only 2 cycles for the ACS to supply an alternative
address for a miss, our aim is to show the potential rather than the actual speedups for
this new mechanism.

In Fig. 4, the speedup results show a wide range from 0% to 243%. Our prelimi-
nary observation shows that supplying data from a correlated address may work espe-
cially well for memory intensive benchmarks. 175.vpr, 177.mesa and 300.twolf are
the benchmarks that cannot benefit from address correlation even if there is a large
reduction in the data misses and partial hits. These benchmarks do not exhibit mem-
ory-intensive behavior as is the case for 179.art and 181.mcf. In Fig. 3, we see that in
the case of 179.art and 181.mcf, a large portion of the misses in the L1 data cache,
which are eliminated by the ACS, would have been serviced by the memory in a sys-
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tem without an ACS. Therefore, it is easy to understand the performance results in
Fig. 4 for the above benchmarks. Fig. 4 also shows that from the two variations of the
ACS design, which is mentioned in section 2, cancel_L2 performs better for 179.art,
181.mcf and 188.ammp, while for the other benchmarks with_L2 performs better.

Fig. 4. The percentage speedup obtained by supplying data from a potential address residing in
the L1 cache. In the case of cancel_L2, a hit in the ACT cancels the request for data from the
lower level memory, while in with_L2, the request to lower level memory is allowed to con-
tinue and bring the data from lower level memory into the cache.

5 Reducing the Cost of Correlations

The performance results in Section 4 are only for an infinite table size ACS. They are
nevertheless interesting since they gave us a sense of how much additional perform-
ance we can expect from an aggressive and accurate design of address correlation.

Fig. 5. The number of different addresses in
the cache in which the missed data is found.

Fig. 6. The number of different addresses
in the cache in which the partial hit data is
found.

In Figs. 5-10, we show the results of some experiments that we have conducted to
gain more insights into the performance potential of a realistic hardware implementa-
tion of an ACS system. Figs. 5 and 6 show the number of different addresses that can
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potentially supply the data on a miss and on a partial hit, respectively. We can see that
for 181.mcf, the same data can be found in 1 to 10 different addresses for 48% of the
data misses, while for 12% of the misses it can be found in 11 to 100 different ad-
dresses, and so on. The interval “>1000” is more likely due to trivial values (0, 1,
etc.), which can be a source of address correlation. Very similar results are obtained
for the partial hits, as shown in Fig. 6.

When we have limited resources, where to find a useful correlation becomes an
important issue. Memory allocation patterns of data, if there are any, may be one of
the possible sources for finding data that can be correlated. In Fig. 7, we have plotted
the distance of the addresses, in bytes, where the data can be found on a miss, for 3
out of the 10 benchmarks studied due to readability. We can see that, for 255.vortex,
the data values for 35% of all misses can be found within a distance of 128 bytes. For
181.equake, the majority of the addresses that can be correlated fall within the range
of 1000 bytes, and for 164.gzip, we can find useful data located within about 1500
bytes. This behavior implies there may be some certain storage allocation pattern that
can be exploited for address correlation. While this information may be used for an
individual benchmark, a common solution for all benchmarks is not straight-forward.
We conclude that this figure does not show useful information for a hardware imple-
mentation since there is a random distribution of addresses that are possible candi-
dates for supplying a miss. While we show a distance of up to 7KB in Fig. 7, we see
the addresses scattered all over the address range when we plot the whole range.

Figs. 8 and 9 measure the distance of the potential correlated addresses, in sets, in
which the data miss and partial hit are found, respectively. We can see that, usually
35% to 50% of the potential addresses for a data miss, and 30% to 45% of the poten-
tial addresses for partial hits, are in the same set in the cache. The distance of the data
in sets gives us insights into efficient designs for an address correlation mechanism.
Having found the data within the same set, the address correlation mechanism would
require fewer searches for potential addresses with which to correlate.

Fig. 7. The number of misses found within an address distance of 7KB, measured in bytes.

In Fig. 10, we show the effect of limiting the number of correlations. Figs. 5 and 6
have shown that, at a given time, thousands of addresses may contain the same data
within a 32KB L1 data cache. It is impractical trying to correlate all these addresses.
We have used a simple FIFO replacement policy to limit the number of correlations
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and compare the performance results with the upper bound where all addresses that
can be correlated are taken into account. This figure shows that two addresses corre-
lated to each other would be enough for comparable results to that of the upper bound.
On average, correlating between two addresses can eliminate only 75% of the misses
eliminated in the upper bound. Four and eight correlations can eliminate 85 and 88%
of the misses eliminated in the upper bund, respectively. These results suggest that an
ACS with 1-2 correlations for a value can usually provide comparable performance
results to that obtained in the upper bound results study.

Fig. 8. The distance to the address in which
data is found in the cache on a miss, measured
by sets.

Fig. 9. The distance to the address in
which data is found in the cache on a
partial hit, measured by sets.

Fig. 10. These results show that an ACS with 2, 4, and 8 correlations for a value can perform
almost as well as the upper bound (ub).

6 Related Work

Value locality [2] describes the recurrence of a previously seen value within a storage
location. It allows the classical dataflow limit to be exceeded by executing instruc-
tions before their operand values are available.

There have been several studies on exploiting different kinds of value locality.
Store value locality [3, 10, 11], a recently discovered program attribute that character-
izes both memory-centric (based on message passing) and producer-centric (based on
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program structure) prediction mechanisms for stored data values, introduces the con-
cept of redundancy in data words stored to memory by computer programs. In the
study, many store instructions are shown to be silent; that is, they do not change the
state of the system because they write a value that already exists at the write address.
Consequently, they can safely be eliminated from the dynamic instruction stream.

Recent studies have also introduced Frequent Value Locality [2, 7-9], another type
of locality in which a few values appear very frequently in memory locations and are,
therefore, involved in a large fraction of memory accesses. Tracking the values in-
volved in memory accesses has shown that, at any given point in the program’s execu-
tion, a small number of distinct values occupy a very large fraction of these refer-
enced locations. It has been shown [4] that, in the tested programs, ten distinct values
occupy over 50% of all memory locations and on an average account for nearly 50%
of all memory accesses during program execution.

Extending these two complementary studies, in our previous work, we propose a
new technique, Address Correlation [1], which is based on the dynamic linking of
addresses that store the same value. This previous study investigated the causes of
address correlations using a detailed source code level analysis.

In this paper, we study the upper bound potential of address correlation and inves-
tigate specific optimizations to exploit it.

7 Conclusion

We have demonstrated the upper bound potential of an address correlation system
(ACS). The ACS stores the addresses evicted from the cache and their correlated
addresses, which remain in the L1 data cache to supply the data for the evicted ad-
dresses. We show that there is substantial potential for hiding memory latency by
providing the data from a correlated address instead of incurring a full miss penalty.
When we have limited resources, where to find a useful correlation becomes impor-
tant. We show that a useful correlation can usually be found in cache lines that are
physically close to each other. Our results also show that, usually, 40% of the misses
and 50% of the partial hits in the L1 data cache can be found within the same set.
Furthermore, the number of addresses that can be usefully correlated is usually
bounded. Simulation results illustrate that an ACS with 1-2 correlations for a value
can usually provide comparable performance to that of the upper bound results ob-
tained in this study.
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Abstract. Fine-grained software-based distributed shared memory
(SW-DSM) systems typically maintain coherence with in-line checking
code at load and store operations to shared memory. The instrumen-
tation overhead of this added checking code can be severe. This paper
(1) shows that most of the instrumentation overhead in the fine-grained
SW-DSM system DSZOOM is store-related, (2) introduces a new write
permission cache (WPC) technique that exploits spatial store locality
and batches coherence actions at runtime, (3) evaluates WPC and (4)
presents WPC results when implemented in a real SW-DSM system.
On average, the WPC reduces the store instrumentation overhead in
DSZOOM with 42 (67) percent for benchmarks compiled with maximum
(minimum) compiler optimizations.

1 Introduction

The idea of implementing a shared address space in software across clusters of
workstations, blades or servers was first proposed almost two decades ago [1].
The most common approach, often called shared virtual memory (SVM), uses
the virtual memory system to maintain coherence. In this paper, we concentrate
on fine-grain systems, which maintain coherence by instrumenting memory op-
erations in the programs [2–4]. An advantage with these systems is that they
avoid the high degree of false sharing, which is common in SVMs. Hence, they
can implement stricter memory consistency models and run applications origi-
nally written for hardware-coherent multiprocessors. However, fine-grain systems
suffer from relatively high instrumentation overhead [2–4]. Multiple schemes to
reduce this overhead have been proposed. For example, Shasta [3] statically
merges coherence actions at instrumentation time.

In this paper, we show that most of the instrumentation overhead in the
sequentially consistent [5] fine-grained software DSM system, DSZOOM [4],
comes from store instrumentation. We propose a dynamic write permission cache
(WPC) technique that exploits spatial store locality. This technique dynamically
merges coherence actions at runtime. We evaluate the proposed WPC technique
in a parallel test bench. In addition, we present and evaluate two real WPC
implementations as part of the DSZOOM system.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 551–560, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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The WPC reduces DSZOOM’s average store instrumentation overhead with
42 percent for SPLASH-2 benchmarks compiled with the highest optimization
level and 67 percent for non-optimized applications. The parallel execution time
for 16-processor runs for a 2-node configuration is reduced as much as 27 (32)
percent and, on average, 7 (11) percent for benchmarks compiled with maximum
(minimum) compiler optimization.

2 Write Permission Cache (WPC)

Blocking directory coherence protocols have been suggested to simplify the de-
sign and verification of hardware DSM (HW-DSM) systems [6]. DSZOOM’s pro-
tocol is a distributed software-version of a blocking directory protocol. Only one
thread at a time can have the exclusive right to produce global coherence activity
at each piece of data. The blocking protocol avoids all corner cases of traditional
coherence protocols. More protocol details can be found in [4,7].

The applications studied have more loads than stores to shared memory. Yet,
the store-related coherence checks stand for the largest part of the instrumenta-
tion overhead, as we will show in section 5.2. Most of this overhead comes from
the fact that a locally cached directory entry (called “MTAG”) must be locked
before the write permission check is performed (blocking protocol).

The idea with the write permission cache (WPC) is to reduce locking and
consulting/checking of MTAGs by exploiting spatial store locality. Instead of
releasing the MTAG lock after a store is performed, a thread holds on to the
write permission and the MTAG lock, hoping that the next store will be to the
same coherence unit. If indeed the next store is to the same coherence unit, the
store overhead is reduced to a few ALU operations and a conditional branch in-
struction. When a store to another coherence unit appears, a WPC miss occurs.
Only then, a new lock release followed by a lock acquire must be performed.

The upper part of Figure 1 shows how an original store instruction expands
into a store snippet when the DSZOOM system is used. Ry is a temporary reg-
ister, Rx contains the value to be stored and addr is the effective address of this
particular store operation. Lines 12 and 17 acquire and release the MTAG lock.
Moreover, lines 13 and 14 load and check the MTAG value for permission. If the
processor does not have write permission, the store protocol is called at line 15.
Finally, at line 16, the original store is performed.

The lower part of Figure 1 shows how a WPC snippet is designed. The
snippet consists of two parts: a fast- and a slow-path. Line 22 checks if the
current coherence unit is the same as the one cached in the WPC (a WPC entry
contains a coherence unit identifier, refered to as CU_id[addr] in Figure 1). If
that is the case, then the processor has write permission and can continue its
execution. The slow-path code is entered only if a WPC miss occurs. In that case,
the processor actually checks for write permission in the MTAG structure. The
slow path has much in common with the ordinary store snippet. However, one
major difference is that the old lock, whose coherence unit identifier is cached
in the WPC, has to be released (line 32). Moreover, at the end of the snippet,
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Fig. 1. Original and WPC-based store snippets.

the processor keeps the lock. At line 33, the processor inserts the new coherence
unit identifier in its WPC. Memory mappings are created in such a way that
the CU_id[addr] reference at lines 22 and 33 easily can be done with arithmetic
instructions, i.e., a shift. Thus, the fast path contains no extra memory references
since thread-private registers are used as WPC entries. In other words, an

WPC system with threads contains WPC entries in total.

3 Experimental Setup

The benchmarks that are used in this paper are well-known workloads from
the SPLASH-2 benchmark suite [8]. Data set sizes for the applications studied
can be found in [7]. The reason why we cannot run volrend is that shared
variables are not correctly allocated with the G_MALLOC macro. Moreover, all
experiments in this paper use GCC 3.3.3 and a simple custom-made assembler
instrumentation tool for UltraSPARC targets. To simplify instrumentation, we
use GCC’s -fno-delayed-branch flag that avoids loads and stores in delay slots.
We also use -mno-app-regs flag that reserves UltraSPARC’s thread private
registers for our snippets. These two flags slow down SPLASH-2 applications
with less than 3 percent (avg.). Compiler optimization levels are -O0 and -O3.

3.1 Hardware and DSZOOM Setup

All sequential and SMP experiments in this paper are measured on a Sun Enter-
prise E6000 server [9]. The server has 16 UltraSPARC II (250 MHz) processors
and 4 Gbyte uniformly shared memory with an access time of 330 ns (lmbench la-
tency [10]) and a total bandwidth of 2.7 Gbyte/s. Each processor has a 16 kbyte
on-chip instruction cache, a 16 kbyte on-chip data cache, and a 4 Mbyte second-
level off-chip data cache.
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The HW-DSM numbers have been measured on a 2-node Sun WildFire built
from two E6000 nodes connected through a hardware-coherent interface with a
raw bandwidth of 800 Mbyte/s in each direction [6,11]. The WildFire system
has been configured as a traditional cache-coherent, non-uniform memory access
(CC-NUMA) architecture with its data migration capability activated while its
coherent memory replication (CMR) has been kept inactive. The Sun WildFire
access time to local memory is the same as above, 330 ns, while accessing data
located in the other E6000 node takes about 1700 ns (lmbench latency). The
E6000 and the WildFire DSM system are both running a slightly modified ver-
sion of the Solaris 2.6 operating system.

All DSZOOM implementations presented in this paper run in user space on
the Sun WildFire system. The WildFire interconnect is used as a cluster inter-
connect between the two DSZOOM nodes. Non-cachable block load, block store
and ordinary SPARC atomic memory operations (1dstub) are used as remote
put, get and atomic operations. Each node accesses a “private copy” of the shared
memory. The DSZOOM system maintains coherence between these private seg-
ments, i.e., the hardware coherence is not used. Moreover, the data migration
and the CMR data replication of the WildFire interconnect are inactive when
DSZOOM runs.

3.2 Test Bench Setup

We have developed a parallel test bench environment to analyze new protocol
optimizations such as the WPC. The test bench is called protocol analyzer (PA)
and is designed for rapid prototyping and simulation of realistic workloads on
parallel machines.

Our system has much in common with the Wisconsin Windtunnel II [12]
simulator. It uses direct execution [13] and parallel simulation [12] to gain per-
formance. The output from instrumented load and store operations of the studied
benchmarks is used as input to PA. Moreover, an SMP (E6000) is used as host
system during simulations. The SMP hardware guarantees coherence, memory
consistency and correctness during the parallel execution of the program. PA
implements a configuration system that makes it possible to model different
memory systems. A PA model can simulate caches, cache coherence protocols
and much more by using shared memory and simple counters. However, it is not
possible to simulate target system’s execution time.

Instrumentation overhead and calls to PA models can introduce timing errors
or skewness in the simulation. It is important to consider these timing issues
when analyzing data produced by the simulator.

4 Evaluating WPC

4.1 Simulated WPC Hit Rate

In this section, we investigate if it is possible to achieve high WPC hit rate with
a few WPC entries. This is especially important for an efficient software WPC
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Fig. 2. WPC hit rate for SPLASH-2 benchmarks compiled with -O0 (a) and -O3 (b)
using a coherence unit size of 64 bytes.

implementation. We use a multiple-entry WPC model to simulate WPC hit rate
in PA. WPC hit rate is measured as hits in the WPC divided by the number
of stores to shared memory. All data are collected during the parallel execution
phase of the applications when run with 16 processors. Because each processor
has its own set of WPC entries, and each processor simulates its own WPC hit
rate, a timing skewing introduced by PA is not a problem. This is especially
true for the applications that only uses synchronization primitives visible to the
runtime system. Moreover, our simulated 1-entry WPC hit rate numbers have
been verified with a slightly modified DSZOOM implementation. The numbers
are almost identical (maximum difference is less than 0.03 percent).

Figure 2 shows hit rate for thirteen applications when 1, 2, 3, 4, 8,16, 32 and
1024 WPC entries and a coherence unit size of 64 bytes is used. Figure 2 contains
WPC hit rate for applications compiled with (a) minimum and (b) maximum
optimization levels. Applications compiled with a low optimization level seem
to have higher WPC hit rates than fully optimized binaries. Still, almost all
applications compiled with -O3 have a WPC hit rate above 0.7. In particular, this
is true when two or more WPC entries are used. If the number of WPC entries
is increased from one to two, applications such as barnes, cholesky and fft
significantly improve their hit rate numbers. This is due to multiple simultaneous
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write streams. Increasing the number of entries from two to three or from three to
four does not give such a large WPC hit rate improvement. Thus, increasing the
number of WPC entries above two might not be justified. radix and raytrace
show poor WPC hit rate. WPC hit rate numbers for other coherence unit sizes
(32-8192 bytes) and individual applications have been studied in a technical
report [7].

4.2 WPC Impact on Directory Collisions

Data sharing, such as multiple simultaneous requests to a directory/MTAG en-
try, might lead to processor stall time in a blocking protocol. If a requesting
processor fails to acquire a directory/MTAG lock, a directory collision occurs.
We have simulated the DSZOOM protocol in PA to estimate what impact a WPC
has on the number of directory collisions in DSZOOM. We run simulations with
1, 2, 3, 4, 8, 16, 32 and 1024 WPC entries, using 16 processors. Results show
that the number of collisions does not increase when the number of WPC entries
is small (less or equal to 32) [7]. For larger coherence unit sizes, the amount of
directory collisions (as well as false sharing) might increase. For example, lu-nc
performs poorly with a coherence unit size larger than 128 bytes.

PA might introduce timing skewness during a simulation. However, because
memory operations take longer time when PA is used, we believe that our col-
lision numbers are unnecessarily negative, i.e., that the number of directory
collisions will be even lower when run in DSZOOM than the simulation results
currently show.

5 WPC Implementation and Performance

5.1 The DSZOOM-WPC Implementation

For an efficient DSZOOM-WPC implementation, it is necessary to reserve pro-
cessor registers for WPC entries to avoid additional memory references in store
snippets. With multiple WPC entries, the register pressure as well as the WPC
checking code increases. As indicated in section 4.1, a 2-entry WPC may be
a good design choice. Thus, in this paper, we implement and evaluate 1- and
2-entry WPC systems. We use SPARC’s application registers as WPC entries.

The protocol of the base architecture maintains sequential consistency [5]
by requiring all the acknowledges from the sharing nodes to be received before
a global store request is granted. Introducing the WPC will not weaken the
memory model. The WPC protocol still requires all the remotely shared copies
to be destroyed before granting the write permission. WPC just extends the
duration of the permission tenure before the write permission is given up. Of
course, if the memory model of each node is weaker than sequential consistency,
it will decide the memory model of the system. Our system implements TSO
since E6000 nodes are used.

The WPC technique also raises dead- and livelock concerns. Most of the dead-
and livelock issues are solved by the DSZOOM runtime system. A processor’s
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Fig. 3. Sequential instrumentation overhead breakdown for integer loads (intld),
floating-point loads (fpld), the original store snippet (st), a 1-entry WPG store snippet
(st-swpc), a 2-entry WPC store snippet (st-dwpc) and a store snippet with WPC hit
rate 1.0 (st-wpc-hr1).

WPC entries have to be released at (1) synchronization points, at (2) failures
to acquire directory/MTAG entries and at (3) thread termination. However,
user-level flag synchronization can still introduce WPC related deadlocks. The
WPC deadlock problem and three suggested solutions are discussed in [7]. In this
study, applications that use flag synchronization (barnes and fmm) are manually
modified with WPC release code.

5.2 Instrumentation Overhead

In this section, we characterize the overhead of inserted fine-grain access control
checks for all of the studied SPLASH-2 programs. The write permission checking
code (store snippets) is the focus of this section since the WPC technology is a
store optimization technique. To obtain a sequential instrumentation breakdown
for different snippets, we ran the applications with just one processor and with
only one kind of memory instruction instrumented at a time. This way, the code
will never need to perform any coherency work and will therefore never enter
the protocol code (written in C).
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Sequential instrumentation overhead breakdown for the benchmarks is shown
in Figure 3. The store overhead is the single largest source of the total instru-
mentation overhead: 61 (34) percent for optimized (non-optimized) code. The
single-WPC checking code (st-swpc) reduces this overhead to 57 (16) percent.
Double-WPC checking code (st-dwpc) further reduces the store overhead to 36
(11) percent. As expected, the reduction is most significant for lu-c and lu-nc
because they have the highest WPC hit rate, see Figure 2, and low shared
load/store ratio [8]. fft and cholesky perform much better when a 2-entry
WPC is used. For radix, the instrumentation overhead slightly increases for the
st-swpc and st-dwpc implementations. The low WPC hit rate (see Figure 2) is
directly reflected in this particular instrumentation breakdown.

Finally, the “perfect” WPC checking code (st-wpc-hr1) (a single-WPC snip-
pet modified to always hit in the WPC) demonstrates very low instrumentation
overheads: 9 percent for optimized and 3 percent for non-optimized code.

To summarize, we have seen that applications with low load/store ratio tend
to have high store related instrumentation overhead. This store related overhead
could be significantly reduced if the application has a high WPC hit rate and
one or two WPC entries are used. On the other hand, if an application does not
have a high WPC hit rate nor a low load/store ratio the ordinary store snippet
might be a better alternative.

5.3 Parallel Performance

In this section, the parallel performance of two WPC-based DSZOOM systems
is studied. Figure 4 shows normalized execution time for Sun Enterprise E6000
(SMP), 2-node Sun WildFire (HW-DSM) and three DSZOOM configurations:

1.
2.
3.

DSZOOM-base: the original DSZOOM implementation.
DSZOOM-swpc: the DSZOOM implementation with a 1-entry WPC.
DSZOOM-dwpc: the DSZOOM implementation with a 2-entry WPC.

All DSZOOM configurations use a coherence unit size of 64 bytes. Both the
HW-DSM configuration and the DSZOOM configurations run on two nodes and
with eight processors per node (16 in total). The SMP configuration run on a
single E6000 node with 16 processors and is used as an upper bound. The WPC
technique improves the parallel DSZOOM performance with 7 (11) percent for
benchmarks compiled with maximum (minimum) compiler optimization levels.
The performance gap between the hardware-based DSM and the DSZOOM sys-
tem is reduced with 14 (31) percent. Thus, the DSZOOM slowdown is in the
range of 77 (40) percent compared to an expensive hardware implementation of
shared memory, both running optimized (non-optimized) applications.

6 Related Work

The Check-In/Check-Out (CICO) cooperative shared memory implementation
presented by Hill et. al. [14] uses similar ideas as the WPC technique. CICO
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Fig. 4. Parallel performance for 16-processor configurations.

is a programming model where a programmer can reason about access time
to memory and give simple hardware coherence protocol performance hints. A
check out annotation marks the expected first use and a check in annotation ter-
minates the expected use of the data. Whereas CICO annotations are inserted
as hints, a WPC entry actually “checks out” write permission since the direc-
tory/MTAG lock is not released until the next synchronization point or the next
WPC miss.

Shasta [3] uses batching of miss checks, that is a “static merge” of coherence
actions at instrumentation time. For a sequence of shared loads and stores, that
touches the same coherence unit, the Shasta system combines/eliminates some of
the access control checks (if possible). This way, all of the loads and stores in this
sequence can proceed with only one check. The current WPC implementation
works as a dynamic version of Shasta’s batching technique.

7 Conclusions

In this paper, we introduce and evaluate a new write permission cache (WPC)
technique that exploits spatial store locality. We demonstrate that the instru-
mentation overhead of the fine-grained software DSM system, DSZOOM [4],
can be reduced with both 1- and 2-entry WPC implementations. On average,
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the original store instrumentation overhead, the single largest source of the to-
tal intrumentation cost, is reduced with 42 (67) percent for highly optimized
(non-optimized) code. The parallel performance of the DSZOOM system for
16-processor runs (2-node configuration) of SPLASH-2 benchmarks is increased
by 7 (11) percent. We believe that instrumentation-time batching (Shasta’s ap-
proach [3]) of coherence actions combined with our new WPC technique might
improve performance even further.
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Abstract. With Data Driven Multithreading a thread is scheduled for
execution only if all of its inputs have been produced and placed in the
processor’s local memory. Scheduling based on data availability may be
used to exploit short-term optimal cache management policies. Such poli-
cies include firing a thread for execution only if its code and data are
already placed in the cache. Furthermore, blocks associated to threads
scheduled for execution in the near future, are not replaced until the
thread starts its execution. We call this short-term optimal cache man-
agement policy the CacheFlow policy.
Simulation results, on a 32-node system with CacheFlow, for eight sci-
entific applications, have shown a significant reduction in the cache miss
ratio. This results in an average speedup improvement of 18% when the
basic prefetch CacheFlow policy is used, compared to the baseline data
driven multithreading policy. This paper also presents two techniques to
further improve the performance of CacheFlow: conflict avoidance and
thread reordering. The results have shown an average speedup improve-
ment of 26% and 31% for these two techniques, respectively.

1 Introduction

Multithreading is one of the main techniques employed for tolerating latency [1,
2]. In multithreading, a thread suspends its execution whenever a long latency
event is encountered. In such a case, the processor switches to another thread
ready for execution. This form of multithreading is usually referred as blocking
multithreading [2]. Another form of multithreading is non-blocking multithread-
ing. In this case, a thread is scheduled for execution only if all of its input values
are available in the local memory, thus no synchronization nor communication
latencies will be experienced.

Data driven multithreading (DDM) is a non-blocking multithreading model
of execution evolved from the dataflow model of computation [3]. An implemen-
tation of a data driven multithreaded architecture is the Data Driven Network of
Workstations [4]. utilizes conventional control-flow worksta-
tions, augmented with an add-on card called the Thread Synchronization Unit
(TSU). The TSU supports data driven scheduling of threads.
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A program in DDM is a collection of code blocks called the context blocks. A
context block is equivalent to a function. Each context block comprises of several
threads. A thread is a sequence of instructions equivalent to a basic block. A
producer/consumer relationship exists among threads. In a typical program, a
set of threads create data, the producers, which is used by other threads, the
consumers. Scheduling of threads is done dynamically at run time by the TSU,
based on data availability.

Data driven scheduling leads to irregular memory access patterns that affect
negatively cache performance. This is due to the fact that threads are sched-
uled for execution based only on data availability without taking into account
temporal or spatial locality. On the other hand, data driven scheduling allows
for optimal cache management policies, by ensuring that the required data is
prefetched into the cache, before a thread is fired for execution. Furthermore,
we can ensure that data preloaded in the cache is not replaced before the corre-
sponding thread is executed, thus reducing possible cache conflicts. We call this
cache management policy the CacheFlow policy.

In this paper we examine three variations of the CacheFlow policy. In the first
implementation we prefetch into the cache the data of the threads scheduled for
execution in the near future. These threads are then placed in a firing queue and
wait for their turn to be executed. We call this the Basic Prefetch CacheFlow. In
the second implementation, called CacheFlow with Conflict Avoidance, we main-
tain a list of all addresses of the data prefetched for the threads in the firing
queue, and make sure that this data is not evicted from the cache until the cor-
responding threads are executed. In the third implementation, called CacheFlow
with Thread Reordering, we reorder the sequence of executable threads, before
they enter the firing queue, in order to exploit spatial locality.

An execution driven simulator is used to evaluate the potential of the Cache-
Flow policy in reducing cache misses. The workload used on these experiments
consisted of eight scientific applications, six of which belong to the Splash-2 suite
[5]. Simulation results have shown a significant reduction in the cache miss ratio.
This results in a speedup improvement ranging from 10% to 25% (average 18%)
when the Basic Prefetch CacheFlow policy is used. A larger increase (14% to 34%
with a 26% average) is observed when the CacheFlow with Conflict Avoidance
is used. A further improvement (18% to 39% with a 31% average) is observed
when the CacheFlow with Thread Reordering is employed.

2 Related Work

A variety of techniques such as data forwarding [6,7], and prefetching [8,9],
have been proposed to tolerate the long memory access latency. With data for-
warding a producer processor forwards data to the cache of consumer processors
as soon as it generates it. The main drawback of data forwarding is that it may
displace useful data from the consumer’s cache. Our implementation of data
driven multithreading model of execution employs the data forwarding concept
in the sense that a producer node is responsible for forwarding remote data as
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soon as it is produced to the consumer node, and that it employs only remote
write operations. The difference in our approach is that data is forwarded to the
consumer’s main memory, not to the cache, avoiding the possibility of displacing
useful data from the cache.

Data prefetching reduces cache misses by preloading data into the cache
before it is accessed by the processor. A review on prefetching is presented
by Vanderwiel and Lilja [10]. Data prefetching can be classified as hardware
prefetching [11,12], software prefetching [13,14], or thread based prefetching
[15–17]. Thread based prefetching is employed in multithreaded processors [1,
18] to execute a thread in another context that prefetches the data into the cache
before it is accessed by the computation thread. CacheFlow employs compiler-
assisted hardware prefetching mechanisms. The difference between CacheFlow
and other hardware prefetchers is that most of the other prefetchers attempt to
predict possible cache misses based on earlier misses, while in CacheFlow the
addresses of the data needed by a thread scheduled for execution is either spec-
ified at compile time or it is determined at run time when the thread becomes
ready for execution. CacheFlow has the advantages of both software and hard-
ware prefetching. In addition, it avoids unnecessary prefetching that would lead
to extra bus traffic and cache pollution.

3 The CacheFlow Policy

One of the main goals of Data Driven Multithreading is to tolerate latency by
allowing the computation processor do useful work while a long latency event
is in progress. This is achieved by scheduling threads based on data availability.
An argument against data driven multithreading is that it does not fully exploit
locality, since threads are scheduled for execution based only on data availability.
Scheduling based on data availability, on the other hand, allows the implemen-
tation of efficient short-term optimal cache management. This paper focuses on
the implementation of these policies which we named CacheFlow.

The implementation of the CacheFlow policy is directly related to the Thread
Issue Unit (TIU), a unit within the TSU [4] responsible to schedule threads which
are ready for execution. The other two units of the TSU are the Post Processing
Unit (PPU) and the Network Interface Unit (NIU). Each thread is associated
with a synchronization parameter, called the Ready Count. The PPU updates
the Ready Count of the consumers of the completed threads, and determines
which are ready for execution. The NIU is responsible for the communication
between the TSU and the interconnection network. In this paper we present four
implementations of the TIU which are described in the following sections.

3.1 TIU with No CacheFlow

The TIU without CacheFlow support is a simplified version of the TIU depicted
in Figure 1. It consists only of the Waiting Queue (WQ), the Firing Queue (FQ)
and the IFP part of the Graph Cache. The Graph Cache serves as a look-up
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Fig. 1. The TIU that supports CacheFlow with Conflict Avoidance.

table. When a thread is deemed executable by the Post Processing Unit (PPU),
its identification number (Thread#) and index are placed in the WQ. The TIU
uses the thread identification number to determine the threads starting address
by reading its IFP from the Graph Cache. After the thread’s IFP is determined,
the triplet Thread#, Index and IFP are shifted into the FQ and the thread waits
for its turn to be executed. The last instructions in each thread read the starting
address (IFP) of the next ready thread from the FQ and branch to that address.

3.2 TIU with Basic Prefetch CacheFlow Policy

To implement the CacheFlow policy with basic prefetch, two extra fields are
added in the Graph Cache. These fields are determined at compile time and
loaded in the Graph Cache at run time as Data Frame Pointer 1 (DFP1) and
Data Frame Pointer 2 (DFP2). If a thread has only one input, then DFP1 con-
tains the memory pointer to that value, while DFP2 is set to 0. If a thread has
more than two inputs, then DFP1 is set to 0 while DFP2 is a pointer to the DFP
list, a memory block within the TSU that contains a list of DFPs. Note that a
thread input corresponds to an arrow in a dataflow graph. A thread input may
be a single variable or a contiguous memory block that fits into one cache block.

When a thread becomes executable, i.e. all of its inputs have been produced,
the Post Processing Unit (PPU) places the Thread # and index in the WQ. A
thread is processed by first reading the Thread# and index from the WQ. The
Thread# is used as a pointer to the Graph Cache that gives the IFP, DFP1 and
DFP2 of the thread. The address of the data needed by the thread is obtained
using the DFP with the index, thus the exact address of the data is determined
dynamically, at run time. The Thread#, index and IFP are then shifted in the
FQ and the thread waits for its turn to be executed. As soon as the addresses
of the data needed by the thread are determined, they are sent to the Prefetch
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Unit that snoops the processor to verify whether these addresses are already in
the cache. If the required data is not in the cache, then a prefetch request is
issued.

3.3 TIU with Conflict Avoidance (Optimization 1)

One disadvantage of the basic prefetch CacheFlow policy is that excessive traffic
is placed on the processor’s bus and snooping lines. Another disadvantage is that
prefetching can cause cache conflicts, i.e. it is possible that a cache block required
by a thread waiting in the FQ is replaced by another block, before the thread
is executed. We call these conflicts false cache conflicts as they originate from
the policy and not from the execution of the code. The possibility of false cache
conflicts is reduced by keeping the size of the FQ as small as possible. A small
FQ, on the other hand, increases the possibility that a thread is fired before its
is prefetched. This becomes more critical for threads with a small number of
instructions.

The TIU with Conflict Avoidance prevents the Prefetch Unit from replacing
cache blocks required by the threads waiting in the FQ. This is achieved with
the use of the Reserved Address Table (RAT) that contains the addresses of all
cache blocks prefetched for the threads waiting in the FQ, as well as the thread
currently running. All addresses required by a ready thread, removed from the
WQ, are determined using the information from the Graph Cache, and placed in
the Tag Queue. These addresses are then compared with the contents of the RAT
to determine if prefetching would cause a cache conflict. A thread is shifted in
the FQ if none of its addresses would result in a cache conflict. If it is detected
that an address would result in a false cache conflict, then the tested thread
is placed temporarily in a buffer, and the next thread from the WQ is tested.
Threads waiting in the temporary buffer have precedence over the threads in
the WQ. This is essential to avoid thread starvation, as a thread waiting in the
temporary buffer is blocking its consumers from executing.

3.4 TIU with Thread Reordering (Optimization 2)

Both previous CacheFlow implementations address only the improvement of data
locality. To exploit temporal code locality we have included a reordering mecha-
nism that reorders the threads in the WQ. Threads with the same identification
number are placed near each other in the WQ, increasing the probability that
the code of a thread will be used many times before it is replaced from the
cache. Furthermore, threads with the same identification number (Thread#),
are ordered according to their index (iteration number), thus exploiting spatial
data locality. Reordering reduces further snooping overheads on the processor
and the bus. The thread reordering mechanism operates in parallel and asyn-
chronously with the rest of the TIU and thus it does not add any extra delays
in the datapath of the TIU.

The concept of thread reordering is depicted in Figure 2. Whenever a new
thread becomes ready by the PPU, its Thread# is compared with the Thread#
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Fig. 2. Example of the WQ with the thread reorder Cache-Flow policy.

of the threads in the WQ. If a match is not found, the new thread is appended
at the end of the WQ, otherwise the index of the new thread is compared with
the index of the threads in the WQ with the same Thread#. The new thread
is inserted in the WQ so that the index of the threads with the same Thread#
appear in ascending order.

4 Evaluation Methodology

In order to evaluate the ability of the proposed cache management policy in
reducing cache misses, we have built an execution driven simulator that uses
native execution [19]. Both the host and the target processor is an Intel Pentium
processor with a 256K L2 unified cache, and 16K L1 data and instruction caches.
All caches are 4-way set associative with a 32-byte line size. Simulations were
carried out for distributed shared virtual memory systems with 2, 4, 8, 16 and
32 processors. A clock cycle counter is maintained for each CPU, TSU unit and
the interconnection network. The simulator uses the timings produced by the
actual implementation of the TSU [4]. The time needed to execute each thread
is obtained using the processor’s time stamp performance counter [20]. Calls to
functions that simulate the TSU and the interconnection network are interleaved
with the execution of threads on the host processor, according to the clock cycle
counter of each unit.

The cache miss rate is obtained using the processor’s performance monitoring
counters [20]. Since the machine used as the host is also the target, the state
of the cache of the simulated application is affected by the simulation process.
Therefore, the simulator performs extra operations to recover the system to the
same state as it was before executing the simulation code.

Eight scientific applications are used to evaluate the three variations of the
CacheFlow cache management policy. Six of these applications, LU, FFT, Radix,
Barnes, FFM and Cholesky belong to the Splash-2 suite [5]. These applications
have been modified to support data driven execution. The partition of the code
into threads has been done manually. The creation of the data driven graph
is done automatically by the simulator. The other two applications, Mult and
Trapez represent standard algorithms used in large scientific applications such
as the block matrix multiplication and the trapezoidal method of integration,
respectively. To examine the effect of problem size on the effectiveness of the
CacheFlow management we have used, for certain applications, two problem
sizes: Data Size 1 (corresponding to 64K matrices) and 2 (corresponding to 1M
matrices).
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5 Results

5.1 Effect of Data Driven Sequencing on Miss Rate

Table 1 depicts the L2 cache miss rate for the sequential single threaded execu-
tion on a single processor and the different DDM configurations with CacheFlow
on a 32-node system. Note that in order to avoid misleading results, for the
measurement of the cache miss rate, we have scaled down the data size of the
sequential single threaded execution to match the data size for each of the nodes
in the 32-node DDM system, i.e. the data sizes used for the sequential single
thread execution are the same as those used by each node in the data driven
multithreaded execution. As expected, the baseline DDM configuration shows a
higher miss rate than the sequential (increase from 7.1% to 9.8%), which cor-
responds to a 38% increase for the average of all applications. This reflects the
loss of locality for both the code and data. The Basic Prefetch CacheFlow im-
plementation reduces the miss rate from 9.8% to 3.2% (68% decrease compared
to the baseline DDM). It is important to notice that the reduction achieved by
the Basic Prefetch CacheFlow results in miss rate values lower than the origi-
nal sequential execution. The use of the two CacheFlow optimizations results in
further reductions on the miss rate, which becomes 1.9% and 1.4% respectively.

5.2 Effect of Data Size on Miss Rate

The effect of problem size on the cache miss rate is presented in Table 2. By
increasing the problem size by a factor of 16, the average cache miss rate for the
sequential execution is increased from 7.9% to 9.7% (23% percentage increase).
This increase is justified by the fact that the working set for the large problem
size does not fit in the cache, resulting in more cache misses. The cache miss
rate increase for the DDM execution without the CacheFlow management, is
increased from 10.4% to 12.0% (16% percentage increase). The increase of the
miss rate is significantly reduced when the different CacheFlow policies are used,
(7%, 5% and 8% percentage increase respectively). This shows that CacheFlow
is efficient in keeping the miss rate low independently of the problem size.
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5.3 Effect of Firing Queue Size on Performance

Prefetching must be completed early enough to ensure that data is prefetched
before the thread using that data is fired for execution. Nevertheless, prefetching
must not be initiated too early, to avoid replacing cache blocks already prefetched
by threads waiting in the Firing Queue (FQ). The effect, of the size of the FQ,
for Radix, on the cache miss rate and the false conflicts when the Basic Prefetch
CacheFlow is employed is depicted in Figure 3-(a). For these results a thread is
shifted into the FQ as soon as the prefetching operation is initiated. The cache
miss rate is higher when the FQ size is small. This is due to the fact that a
thread might be fired before the prefetching is completed, resulting in cache
misses. As the size of the FQ increases, there is more time for the prefetch unit
to complete the prefetching operation, since the processor will execute other
threads. Increasing the size of the FQ, increases also the number of false cache
conflicts, resulting in more cache misses. The rest of the applications behave in a
similar way. For all applications the minimum cache miss ratio is obtained when
the FQ size is 16.

To reduce the cache miss rate when the FQ is small, we have changed the
FQ shifting policy. A thread is shifted only after prefetching is completed. This
change affects also the CPU idle time. The effect, of the size of the Firing Queue
(FQ), for Radix, on the CPU idle time when the Basic Prefetch CacheFlow is
employed is depicted in Figure 3-(b). Measurements of the CPU idle time show
that there is a significant increase in the CPU idle time when the FQ is too
small. For all applications the CPU idle time when the FQ size is over 16 is the
same as the idle time obtained without CacheFlow.

5.4 Effect of CacheFlow on Speedup

Figure 4 shows the effect of the three CacheFlow implementations on speedup,
compared to sequential execution, for machine sizes ranging from 2 to 32 pro-
cessors. A speedup improvement ranging form 10% to 25% (average 18%) is
obtained when the it Basic Prefetch CacheFlow policy is used on a 32-processor
system. A bigger increase (14% to 34% with a 26% average) is observed when
the CacheFlow with Conflict Avoidance is used. A further improvement (18% to
39% with a 31% average) is observed when the Thread Reordering is employed.
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Fig. 3. FQ size effect on cache miss rate, false cache conflicts and CPU idle time.

Fig. 4. Effect of CacheFlow and number of processors on speedup.

6 Conclusions and Future Work

Data Driven Multithreading is proposed as an execution model that can tolerate
communication and synchronization latency. Nevertheless, data driven sequenc-
ing has a negative effect on performance due to loss of locality on the data
access. In this paper we presented CacheFlow, a cache management policy that
significantly reduces cache misses by employing prefetching. To avoid false cache
conflicts and further exploit locality we proposed two optimizations: Conflict
Avoidance and Thread Reordering.

Simulation results based on an execution driven simulator that runs directly
on the host processor as well as measurements obtained from the developed hard-
ware show that CacheFlow effectively reduces the miss rate. The basic prefetch
implementation resulted in an average reduction in the cache miss rate of 67%,
while the two optimizations resulted in further reductions: 81% and 86%, respec-
tively. These reductions resulted in a speedup improvement on a 32-processor
system of 18%, 26% and 31% respectively. An increase in the problem size by a
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factor of 16 resulted in a very low increase in the cache miss ratio (7%, 5% and
8% respectively). Overall the results show that CacheFlow is an effective tech-
nique in tolerating memory latency, and an important enhancement for the data
driven multithreading system. In the future we plan on extending the CacheFlow
policy to implement it on SMT systems.
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Abstract. In this paper we first present two tagging mechanisms; the SCISM
and IA-64; thereafter we describe the mapping of IA-64 ISA to a SCISM con-
figuration without changing or reassigning the IA-64 instructions to preserve the
original architectural properties. Under this limiting SCISM scenario, opcode re-
assignment will improve even more the SCISM performance, it is shown that
SCISM tagging will significantly improve (between 21 and 29%) static code den-
sity. The results are based on analysis of various SPECINT2000 executables.

Keywords: Instruction Tagging, Instruction Level Parallelism, SCISM, IA-64.

1 Introduction

Tagging has been used extensively by microarchitects and designers as an efficient
mechanism to facilitate implementation and potentially improve the performance of
processors. Tagging for example has been used to enumerate and manage the hardware
resources [1], to handle interrupts, e.g. [2], speculative execution (see for example [3],
and to facilitate concurrent instructions routing see for example [4]. Instruction tag-
ging for instruction level parallelism has been introduced for two main reasons namely:
to reduce the complexity (and the cycle time), mostly the decode stage, of a pipelined
machine implementation, and to potentially improve instruction level parallelism (ILP).

In this paper we analyze and compare the two ILP tagging mechanisms, SCISM [5]
(the first known machine organization that employs tagging with the mentioned ILP
characteristics) and IA-64 [6], [7] tagging mechanisms and provide evidence suggesting
that the SCISM tagging provides some benefits when compared to IA-64 tagging. In
particular we investigate and show the following: We provide evidence indicating that
the SCISM tagging is a superset of the IA-64. We consider the side effects of tagging on
code densities and show that the SCISM tagging of IA-64 instructions regarding code
densities is clearly superior to the IA-64 for static code. In particular it is shown that the
SCISM tagging reduces the IA-64 code size for SPECINT2000 benchmarks between
21% and 29%.

The paper is organized as follows. Section 2 gives a short description of IA-64 ar-
chitecture1 with the main focus on the template bit field role. In addition, the SCISM
organization is described with emphasis on tags and their functionality. Section 3 maps

1 We note that in this paper we use the original definition of the term of architecture as described
by [8].
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the IA-64 instruction set architecture to SCISM and shows how the original IA-64 as-
pects are preserved. In the same section the results concerning the static code density
are discussed and the discussion is concluded.

2 The IA-64 and SCISM Tagging

IA-64 uses bundles as its compound instruction format. A bundle consists of three in-
struction slots and a template field. Each bundle in IA-64 is 128-bits long. Figure 1(a)
shows the bundle’s format. and represent the three instructions (41-bits each),
while template (tag) is a 5-bit wide field. The template information is used for de-
coding, routing (dispersal) and ILP. Instruction groups can be seen as chained bun-
dles in the absence of stops. The boundaries between instruction groups correspond
directly to the instruction level parallelism (ILP) in a particular IA-64 implementation.

IA-64 has five instruction slot types cor-
responding to the different execution
unit types - Memory (M), Integer (I),
Floating-point (F), Branch (B) and Long
(extended) (L+X), or in shorthand (M,
I, F, B, and L). IA-64 instructions are
divided among six different instruction

types - ALU (A), Memory (M), Integer (I), Floating-point (F), Branch (B) and Long
(extended) (L+X), abbreviated as (A, M, I, F, B, and L). An interesting detail is that
instruction of A-type, e.g. integer add, can be scheduled to either I or M execution unit.
The L+X type uses two instruction slots and executes on I-unit or on B-unit. Due to
the limited number of bits not all instruction triples are supported. There are 12 ba-
sic template types (each with two versions with stop on the bundle end or not): MII,
MI_I, MLX, MMI, M_MI, MFI, MMF, MIB, MBB, BBB, MMB and MFB, where “_”
(underscore) indicates a stop inside the bundle (not at the bundle boundaries).

Fig. 1. IA-64 and SCISM bundle formats.

In SCISM, instructions are catego-
rized according to hardware utilization
not op-code description. An obvious im-
plication of this is that the number of
rules needed to determine parallel exe-
cution depends on the number of cate-
gories, rather than on the number of in-
dividual instructions. Given that a cate-
gory comprises of multiple instructions
used by a single hardwired unit, the dif-
ferences among category members are
considered as “trivial” and are resolved
by the hardware by means of some con-
trol signal or by minor hardware modi-
fications. For example in an implemen-
tation [9] a set of fourteen IBM 370
ISA [10] operations is presented that be-
long to a single category and are executed

Fig. 2. RR-Format Loads, Logicals, Arithmetics
and Compares operations [9].
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by the same hardware (ALU) (see Figure 2). Another categorizations are obviously pos-
sible. Two different tagging mechanisms have been reported [11], [5], [12]. The first
mechanism [5] requires bits, with being the number of instructions to be
executed in parallel. The second (original) mechanism requires only one additional bit
as depicted in Figure 1(b) for an example 4 instructions wide parallel machine, with

and being the original instructions. In Figure 1(b), all instructions are in
their original form and represent the tags. The SCISM approach implies full
binary compatibility, allowing straight-forward legacy code execution and paralleliza-
tion. An interesting implicit property associated with the SCISM tagging is that it is
allowed, contrary to the IA-64 tagging, to branch in the middle of a compound instruc-
tion allowing code compaction (complete elimination of nops and removing the need
of branch alignment) [5]. Only tags are added to code thus if SCISM tagging is applied
to existing code the original code remains unchanged. As a consequence there are no
side effects such as branch target calculations.

3 Tagging Effects on Code Size

This section begins by showing how IA-64 instructions can be mapped onto SCISM
without strict code mapping (no opcode space re-assignment). This straight-forward
mapping is not an optimal approach for SCISM due to the shared major IA-64 opcodes,

but is a quick way to demon-
strate the SCISM potential and
create a base for comparison.
It should be taken into account
that this is also the worst-case
scenario with respect to SCISM

Fig. 3. Instruction format and bundle chaining.

when investigating binary code density. To transform IA-64 to SCISM code a three-way
SCISM organization is assumed. This is to create an IA-64 bundle which corresponds to
a SCISM compound instruction with a length of three. Please note that the discussion on
code density differences is unrelated to any particular IA-64 implementation. To clar-
ify this: the Itanium2 dispersal window (two bundles) corresponds to a six-way SCISM
compound instruction leaving the code size differences between the two approaches un-
changed. The SCISM organization by its definition is not restricted to certain number of
instruction combinations (24 out of 32 possible when using 5 bits) while IA-64 is. The
three-way SCISM compounding requires three tag bits for stop indication (see Section
2), leaving two out of five IA-64 template bits unused. On the other hand, the template
removal will require additional information about the functional unit to be added to
each individual instruction. In IA-64 all of the instructions are executed by one of the
four execution units types: M, I, F or B. The two “remaining” IA-64 instruction types
(A-type and X-type) are also executed by one of those execution units types (A-type
by I or M and (X-type) by I or a B unit). This is why the additional bits are coupled
to the designated functional units instead of the instruction types. This requires two ad-
ditional bits for each basic instruction (or 6 for the total compound instruction). The
SCISM instruction format for IA64 is depicted in Figure 3 (a). As stated earlier three
single bit tags are needed to express the IPL (shown as T in the figure). In addition,
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Fig. 4. IA-64 and SCISM code (build_tree function of gzip).

another two bits for routing (rr) per instruction are used to provide information about
the targeted functional unit. Stated differently this is a 3-bit SCISM tagging [11]. The
three 41-bit long IA-64 instructions are unmodified in their original form. Putting it
together, SCISM instructions become 44-bit long (including tagging), hence the three
way compound instruction will become 132 bits.

The template bits are not needed, since bits are added to indicate the position where
a compounding is ending. When “wider” than the compound instruction implementa-
tion is used can be easily implemented in SCISM. Figure 3(b) shows an example of how
5 parallel instructions can be marked in the proposed 3-way SCISM organization, where

and represent three subsequent SCISM compound instructions. To clarify the
discussion above Figure 4(a) depicts a piece of the build_tree function code from the
IA-64 binary of the gzip executable. In Figure 4(a) the left column shows the original
IA-64 code, next column is the equivalent SCISM code, the TAG column represents the
tagbits, and the routing information is shown in the last column. The encoding is for:
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memory unit (M) = 00, and integer unit (I) = 01. Figure 4(b) shows a potential memory
organization for IA-64 compounded instructions where the compound instructions are
136 bits long (the original 128 bit bundle plus an additional byte). Please note that this
is one out of many implementations possible that can facilitate the proposed organi-
zation. The Template information of the original IA-64 bundle is replaced by the tags
corresponding to the three instructions (filled with two don’t care bits - ‘x’), while the
additional byte is addressed in parallel with the modified IA-64 bundle to access the
routing information (along with the two additional spare bits). Furthermore, as in the
case of S/370 example, except for the tagging, IA-64 instructions have not been modi-
fied preserving all the instruction properties. In order to find the improvement in code
size we investigated the SPECINT2000 executables. Since the compiler optimizations
may play significant role in the IA-64 approach, the effects of different compilers on
code size where investigated in [13]. The differences on code sizes produced by differ-
ent compilers, e.g. gcc and Intel where found marginal, so the results in this paper are
independent on the compiler technology. The benchmarks where compiled using the
CPU2000 default makefiles (optimization levels). The compilation was performed in-
side Native User Environment (NUE) developed at the Hewlett-Packard Labs [14]. This
environment emulates a Linux/ia64 system, more precisely Itanium2, and was consid-
ered sufficient since the static binary code investigation was the primer concern. We
considered only the code segments of the benchmark executables, leaving all other pro-
gram segments out. The results are presented in Figure 5. The first column shows the
total number of instructions involved, e.g. the complete code segment in instructions
(not bundles). The second column in each pair shows the percentage of nop instruc-
tions found. It was found that for all of the benchmark executables approximately one
third of the operations are nop operations. The 255.vortex benchmark was found as the
one with the lowest nop count (26%), however this is an exception.

Fig. 5. IA-64 NOP utilization SPECINT2000.

The comparison on the code segment size between the IA-64 (Itanium2) and the
SCISM is presented in Figure 6. The IA-64 results where estimated as follows: the total
number of bundles (instead of instructions) was used, since the bundle size is predeter-
mined to 128 bits it is a simple procedure to determine the code segment size in number
of bits. In case of SCISM, the number of instructions was used and the worst-case in-
struction length of 44-bits was assumed. An even more restrictive scenario for SCISM
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Fig. 6. IA-64 vs SCISM code size SPECINT2000.

assumes instructions to be byte rather than nibble addressed. This can be done with
the addition of four more tag bits per bundle. Strictly speaking these four bits are not
needed and can be used to improve performance and/or the hardware design. They will
add however to the storage requirements. The results are presented in Figure 6, where
the first column represents the number of bits (of the code segments) for the original
benchmark executables. The second column shows how the code segment size when
the SCISM approach is applied and the ratio is expressed in percent of the original size.
The third column represents the byte addressed SCISM scenario when the instruction
bundles are expanded to 136-bits by adding a second nibble. It can be seen that IA-64
code size for the SPECINT2000 executables will be compacted by 23% - 29% for the
non byte addressed SCISM and 21% - 27% for the byte addressed SCISM.

4 Conclusions

This paper we have shown how the SCISM tagging can be applied to IA-64 instruc-
tion set. A straight-forward and hence very restricted scenario in respect to SCISM
was applied. All important IA-64 properties where preserved with a marginal increase
in opcode length. On the other hand significant static code size reduction was shown
(between 21 and 29 %) due to nops elimination.
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Abstract. The shared data space model has proven to be an effective paradigm
for building distributed applications. However, building an efficient distributed
implementation remains a challenge. A plethora of different implementations ex-
ists. Each of them has a specific policy for distributing data across nodes. Often,
these policies are tailored to a specific application domain. Thus, those systems
may often perform poorly with applications extraneous to their domain. In this
paper, we propose that implementations of a distributed shared data space system
should provide mechanisms for tailoring data distribution policies. Through this
flexibility the shared data space system can cope with a wide spectrum of appli-
cation classes. The need for this flexibility is illustrated by experiments which
show that there is no single distribution policy that works well in all cases.

1 Introduction

As distributed systems scale in the number of components and in their dispersion across
large networks, the need for loose coupling between those components increases. This
decoupling can take place in two dimensions: time and space [3]. Time decoupling
means that communicating parties need not be active simultaneously. Space decoupling
means that communicating parties need not have an explicit reference to each other.

Generative communication [10], also referred to as data-oriented coordination [12],
provides both types of decoupling. In the literature several implementations of gener-
ative communication using shared data space systems have been proposed. To meet
extra-functional system properties, such as scalability and timeliness, these distribution
policies are often optimized for a specific application domain or technical infrastructure.
This hard-wiring of a single policy limits the ability of these systems to suit different
application characteristics.

Instead, we propose to cater for a wide variety of extra-functional requirements
by a using flexible architecture. This architecture provides the possibility of adapting
the distribution policies to application-level characteristics of access to the shared data
space. In this way, the implementation provides a means to balance extra-functional
properties of a system, such as performance, resource use and scalability, for a large
class of applications.

In our design of a distributed shared data space, we apply the principle of separation
of concerns. This means that we address functional requirements of an application sep-
arately from its extra-functional requirements. In particular, we propose to separate the
policies for distributing data between nodes from the application functionality. Through

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 579–586, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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this separation, tuning the distribution policy for extra-functional properties such as low
latency or low bandwith use becomes transparent to the application. Also, through ap-
plication of this principle, application logic and distribution logic are separate units of
implementation. In this way, both the application code and the distribution code can be
reused in different environments.

To substantiate this claim, we show in this paper, that matching the distribution pol-
icy with an application’s needs, yields better performance than any single distribution
policy. While, differentiation of policies has been applied to distributed shared mem-
ory systems [2,5] and in shared data space [4,15], this paper is the first to demonstrate
with concrete results the need for differentiation in shared data spaces. Furthermore,
we present experimental results that suggest that continuous adaptation of policies may
also be needed.

The paper is organized as follows. In Section 2 we introduce the shared data space
model and common distribution schemes. We also explain succintly our distributed
shared data space implementation. In Section 3 we describe the setup for our experi-
ments, followed by a discussion of the results in Section 4. We conclude in Section 5.

2 The Shared Data Space Model

A shared data space is capable of storing tuples. A tuple is an indivisible, ordered
collection of named values. Tuples may be typed. Applications can interact with the
data space via the three operations described in Figure 1. In this paper, we adopt the
semantics of the corresponding operators as specified for JavaSpaces [11].

Fig. 1. The three data space operations.

Various approaches have been followed for constructing distributed shared data
spaces. However, the most common approach is still to build a centralized data space,
in which all tuples are stored at a single node. Examples of this approach include JavaS-
paces [9] and TSpaces [18]. The obvious drawback is that the single node may become
a bottleneck for performance, reliability and scalability.

For local-area systems, a popular solution is the statically distributed data space,
in which tuples are assigned to nodes according to a systemwide hash function [14].
Static distribution is primarily done to balance the load between various servers, and
assumes that access to tuples is more or less uniformly distributed. With the distributed
hashing techniques as now being applied in peer-to-peer file sharing systems, hash-
based solutions can also be applied to wide-area systems, although it would seem that
there is a severe performance penalty due to high access latencies.



Exploiting Differentiated Tuple Distribution in Shared Data Spaces 581

Fully replicated data spaces have also been developed, as in [8]. In these cases,
which have been generally applied to high-performance computing, each tuple is repli-
cated to every node. Since tuples can be found locally, search time can be short. How-
ever, sophisticated mechanisms are needed to efficiently manage the consistency
amongst nodes. The overhead of these mechanisms limits the scalability to large-scale
networks.

There are other examples of distributing shared data spaces, but in all cases the
succes of these schemes has also been fairly limited. The main reason is that shared data
spaces, like relational databases, essentially require content-based searching in order to
read data. This type of searching is inherently expensive in large-scale settings, as has
again recently been illustrated by the research on unstructured overlay networks [6,7].

The approach we take, is that by dynamically differentiating how tuples should be
distributed in a shared data space, we can achieve significant performance gains in com-
parison to any static, systemwide distribution scheme. The best scheme highly depends
on the applications that access the shared data space. For this reason the supporting mid-
dleware should be able to support a myriad of schemes. Eilean [15], and in its successor
OpenTS [4], are the first shared data space systems where tuples can be treated differ-
ently according to the use within the applications, similar to our approach. However,
those systems present a static set of distribution strategies that can not easily extended.
Moreover, the programmer has to provide explicit information about which distribution
strategy has to be applied to each tuple, solely based on his/her knowledge of the ap-
plication. Finally, the association tuples to distribution strategies is tangled within the
application code, contrary to the principle of separation of concerns.

Our solution is called GSpace. A GSpace system consists of several GSpace kernels
running on different nodes. Each kernel stores a part of the overall data space (called
a slice), as shown in Figure 2. The kernels communicate with each other to present
applications with a view of a logically unified data space, thus preserving its simple
programming model.

Fig. 2. The internal organization of a GSpace kernel.
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Each kernel contains several distribution managers that are responsible for distri-
bution of tuples. These modules each employ a different distribution policy for differ-
ent tuple types, and are completely separated from application components. In other
words: data distribution is carried out without specifing any details in the application
code. Moreover, the set of policies is extensible such that new distribution policies can
be defined. Distribution policies can be inserted in the middleware either at design or at
run-time. Further details on GSpace internals can be found in [16],

3 Experiment Setup

To investigate the effect of using different distribution policies for different applications,
we set up the following experiments.

We defined a number of patterns that characterize how distributed applications use
the data space. Such a usage pattern consists of (1) the ratio of read, put and take oper-
ations, (2) the ordering in which these operations are executed, and (3) the distribution
of the execution of these actions across different nodes. To avoid randomization anoma-
lies, we generate a set of runs that comply with specific usage patterns. We execute the
set of runs for different distribution policies. During execution of a run, we measure
system parameters that are indicators of costs produced by a distribution policy.

We examined the following application usage patterns, which we considered to be
representative for a wide range of applications.

Local Usage Pattern (LUP): In this case, tuples are retrieved from the slice on the
same node where they have been inserted. This could be the case if components
store some information for their own use or if producer and consumer of a tuple
type are deployed on the same node.

Write-Many Usage Pattern (WUP): In this usage pattern applications on different
nodes need to frequently and concurrently update the same tuple instance. This is
problematic for the consistency of distributed shared-memory systems, since extra
mechanisms are needed for mutual exclusion.

Read-Mostly Usage Pattern (RUP): In this usage pattern, application components ex-
ecute mostly read operations on remote tuples. We distinguish two variants of this
pattern: 1) RUP(i), where applications might execute tuple updates between se-
quences of read operations. An example could be of a tuple type representing a
list-of-content. 2) RUP(ii), between the insertion of a tuple and its removal only
read operations are executed. This could be the case of tuple type representing
intermediate-result data in a process-farm parallel application.

As we mentioned, we are interested in examining how differentiating distribution poli-
cies can improve performance. To this end, we designed and implemented four different
policies, which we subsequently applied to each of the three application usage patterns.
The four different policies are the following:

Store Locally (SL): A tuple is always stored on the slice that excutes its put operation.
Likewise, read or take operations are performed locally as well. If the tuple is not
found locally then a request is forwarded to other nodes.
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Full Replication (FR): Tuples are inserted at all nodes. The read and take operations
are performed locally. However, a take has to be forwarded to all nodes by means
of a totally-ordered broadcast, in order to remove all copies.

Cache with Invalidation (CI): A tuple is stored locally. When a remote location per-
forms a read operation, a copy of the tuple is subsequently cached at the requester’s
location. When a cached tuple is removed through a take operation then an invali-
dation message is sent to invalidate all other cached copies of that tuple.

Cache with Verification (CV): This policy is similar to CI, except that invalidations
are not sent when performing a take. On reading a cached tuple, the reader verifies
whether the cached copy is still valid, that is the original has not been removed.

To compare the distribution policies we follow the approach described in [13]. We
define a cost function (CF) as a linear combination of metrics that represent differ-
ent aspects of the cost incurred by a policy. We used the following metrics in the cost
function: rl and tl represent the average latency for the execution of read and take oper-
ations; bu represents the total network bandwidth usage; and mu represents the memory
consumption for storing the tuples in each local data slice. For these parameters, the
cost function for a policy p becomes:

Because put operations are non-blocking, application components do not perceive any
difference in latency for different distribution policies. Therefore, the put latency is not
used as a parameter for the cost function.

The control the relative contribution of an individual cost metric to the over-
all cost. An application engineer can set these parameters to match his preference of
the relative importance of the different cost metrics. For the experiments in this paper,
we take for all i. Clearly, the settings of these weights determine the perfor-
mance of the policies. The relevance of these results is not to identify the best setting
of the weights, but to illustrate that different policies can be ranked according to a cost-
criterium and that for different application characteristics different policies perform best
(this holds for any setting of weights).

In our experiments, we simulated all application usage patterns with the policies
described previously. The best policy for an application usage pattern is the one that
produces the lowest cost value.

4 Results

All experiments were executed on 10 nodes of the DAS-2 [1]. Each usage pattern was
simulated using runs of 500, 1000, 2000, 3000, and 5000 operations. For brevity rea-
sons, the histograms in Figure 3 only illustrate the results obtained using runs of 5000
operations. In each histogram, the X-axis shows the distribution policies and the Y-axis
represents the respective CF values. The results of shorter sequences of operations fol-
low the same trend. The complete results of these other experiments can be found in the
extended version of this paper [17].
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Fig. 3. Histograms showing the cost incurrend by each policy per application pattern.

Figure 3-(a) shows that SL is the best policy for the local usage pattern. Store-
Locally guarantees low cost for the execution of space operations on local tuples. Fig-
ure 3-(b) shows that FR produces the lowest cost for the write-many usage pattern. This
is because the extra resources spent on replicating tuples, reduce the time required for
finding a matching tuple. Figure 3-(c) and (d) show the results for RUP(i) and RUP(ii),
respectively. Note that a logarithmic scale is used. In both cases, the CI policy produces
the lowest cost. This is because caching allows to execute most of the read operations
locally. However, the CV policy performs considerably worse than CI policy because
the former sends a validation message for each read executed on the local cache.

Figure 4 shows some unanticipated results collected for a set of experiments with
the Read-mostly usage pattern RUP(i). Here, the ratio of number of read operations
to number of take operations is decreased respect to the one used in the experiment
in 3-(c), meaning that a greater number of take operations are executed. The X-axis
shows the length of the run; i.e. number of operations. The Y-axis shows -on a loga-
rithmic scale- the cost incurred by the distribution policies. The experiments described
before suggest that the best policy for RUP(i) is CI. Instead, the graph shows that only
for shorter runs, cost is minimized by the CI policy. As the number of the operations
increases policy FR outperforms policy CI.

The reason for this changing of policy performances is due to the increased number
of take operations executed for each run. This fact has two effects that jeopardize the
performance of policy CI. Firstly, the execution of more take operations reduces the
benefits introduced with caching since cached tuples are more often invalidated. Thus,
read operations have to search for a matching tuple, increasing latency time and band-
width use. On the other hand, policy FR replicates tuples at every insertion thus replicas
are already available locally. Secondly, for each take operation policy CI uses point-to-
point messages for cache invalidation. Instead, policy FR exploits the more effective
atomic multicast technique for removing replicas, that reduces resource usage.
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Fig. 4. Results of the simulation for the RUP(i) with different operation lengths.

What we see is that even given the behaviour of an application, it is difficult to
predict which policy it fits best. One solution is to make more accurate models for pre-
dicting the cost of policies from behaviour. Building these models is quite intricate. For
one thing, it is quite complex to determine all the parameters needed for such a model.
An alternative approach is to let the system itself figure out which policy works best. In
[13] an approach is reported in which a system automatically selects the best strategy
for caching Web pages. This approach works by internally replaying and simulating the
recent behaviour of the systems for a set of available strategies. Based on this these sim-
ulations, the system can decide which policy works best for the current behaviour of the
system. We are extending GSpace to include such a mechanism that can dynamically
select the best available distribution strategy.

5 Conclusion and Future Work

In this paper we discussed the use of a flexible architecture for distributed shared data
space systems in which the strategy for distributing data amongst nodes can be config-
ured without affecting application functionality. This flexibility enables the tailoring of
distribution policies to balance the different extra-functional needs of applications. The
separation of extra-functional concerns from application functionality enhances code
reuse. Both application code and distribution policies are unit of reuse ready to be de-
ployed in several enviroments.

The need for this flexibility is motivated by a series of experiments. These experi-
ments show that there is no distribution policy that is best for different types of appli-
cation behaviour.

Another important result of our experiments is the urge to have in the system a
mechanism able to monitor at run-time the application behavior. In this way, the system
is aware when the actual distribution policy is no more the most efficient one. When
this happens, the system can adapt dynamically to the new needs of the application by
switching distribution policy.

For future work we are currently optimizing migration strategies needed to dynam-
ically change from one distribution policy to another, and are concentrating on devel-
oping accompanying mechanisms. At the same time, we are working on supporting
real-time constraints in the same fashion as we are doing with distribution requirements.
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Abstract. Distributed protocols resilient to Byzantine failures are no-
torious to be costly from the computational and communication point
of view. In this paper we discuss the role that collision-resistant hash
functions can have in enhancing the efficiency of Byzantine-tolerant co-
ordination protocols. In particular, we show two settings in which their
use leads to a remarkable improvement of the system performance in case
of large data or large populations. More precisely, we show how they can
be applied to the implementation of atomic shared objects, and propose
a technique that combines randomization and hash functions. We discuss
also the earnings of these approaches and compute their complexity.

1 Introduction

The widespread use of the Internet and the proliferation of on-line services in-
volving sensitive data, has lead to increasing attacks against the infrastructure.
This motivates the growing interest in the design of distributed protocols re-
silient to arbitrary failures. These failures, often referred as Byzantine failures,
model well both malicious behavior and software bugs, since they make the pro-
cess diverge arbitrarily from the protocol specification. For instance, a Byzantine
process can send arbitrary messages, remain latent for a while and then mount
a coordination attack with other malicious nodes. It is clear that asynchronous
Byzantine-tolerant protocols play a crucial role in the implementation of systems
that must stay always available and correct. However, commercial applications
often implement protocols that are resilient only to crash failures rather than to
Byzantine failures, because they are more efficient though less robust. Clearly,
coping with Byzantine failures increases the complexity of the protocol. For ex-
ample, the number of nodes required to guarantee liveness and safety is larger
than in case of crash failures, and this affects the communication and computa-
tional complexity. The computational cost of masking faulty responses is costly
in case of large data or large populations, since it involves comparisons.

This paper proposes two settings in which collision-resistant hash functions
enhance the system performance in case of large objects and large populations.
It is well-known that hash functions allow to represent any stream of data by
means of a fixed-size string (i.e 128 bit-string) called message digest. This iden-
tification can be considered unique if the function is strongly collision-resistant
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that is, if it is computationally infeasible to find two different objects with the
same mapping. Clearly, replacing an object by its message digest enhances the
performance of the system, optimizes its resources, such as memory utilization
and network bandwidth, and decreases the computational cost of masking faulty
values. Hash functions have been applied to a number of fields to enhance effi-
ciency, such as network protocols, peer to peer systems [12], web caching [13].
For instance, Broder and Mitzenmacher [12] proposed an approach for obtain-
ing good hash tables on using multiple hashes of each input key to improve
the efficiency of IP address look-ups. However, our paper diverges from these
works because it focuses only on collision resistant hash functions (i.e. MD5,
SHA, HMAC). These functions have been applied to secure data dispersal by
Krawczyk [11] to verify the integrity of data stored at servers that might be ma-
licious. Castro and Liskov in [5] apply hash functions to enhance the efficiency
of their atomic protocol resilient to Byzantine failures. More precisely, they use
Message Authentication Codes (keyed hash functions) to authenticate messages
instead of public key signatures, and in the last phase of their protocol servers
return a digest reply while a designated server returns the full object. Notice
that this approach is optimistic since it improves the system performance only if
the designated server is correct, in case of malicious failure the protocol turns to
a slower mode. Our technique improves this idea because it does not only replace
large replies with their message digests, but embeds hash functions in the design
of coordination protocols, in particular atomic protocols, thus exploiting their
inherent properties. This approach leads always to a significant improvement of
the network bandwidth consumption and CPU overhead. Hence, our contribu-
tion consists in embedding hash functions in the design of Byzantine-tolerant
atomic protocols to improve their efficiency in case of large data and large pop-
ulations, and in analyzing their benefits over the previous approach. Notice that
the techniques we propose are general and their applicability goes beyond the
settings presented in this paper. We are not aware of similar use of hash functions
in previous Byzantine-tolerant protocols. Our study was originally motivated by
the performance evaluation of the Fleet system [4], a middleware implementing
a distributed data repository for persistent shared objects resilient to malicious
attacks against the infrastructure. Fleet is built on top of Byzantine quorum
system techniques [3] that make the system highly scalable and available, and
improve the system load balancing and the access cost per operation since each
operation is performed across a subset of servers (quorums). Fleet is targeted to
highly critical applications, for instance it was used to implement a prototype of
an electronic voting application [2]. While evaluating the performance of Fleet we
noticed a remarkable performance degrade as the number of processes or the size
of the object increased. This motivated us to look into the underlying Byzantine-
tolerant protocols, and investigate ways to boost their efficiency. In this paper we
show first how hash functions can enhance the efficiency of protocols implement-
ing shared atomic objects, a fundamental building block for distributed systems.
In particular, we propose an optimized version based on message digests, of the
protocol proposed by Chockler et al [1]. The choice of analyzing [1] was moti-
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vated by its quorum approach that improves the system performance for large
populations and makes the use of hash functions particularly suitable. In addi-
tion, we propose an approach that combines randomization and hash functions
and that for its generality can be embedded in most distributed coordination
protocols to enhance efficiency in case of large objects and large universe. We
evaluate the complexity in both settings and discuss their performance impact.

2 Hash Functions Embedded in Atomic Protocols

2.1 An Overview

In this section we show how hash functions can be embedded in the imple-
mentation of atomic shared objects with linearizable semantics [10] to enhance
efficiency and guarantee safety. A replicated object with linearizable semantics
behaves as one single object exists, and the sequence of the operations applied
on it is consistent with the real-time order of the invocations and responses.

Our system model is asynchronous and consists of a static set of servers,
and a limited but unknown set of clients dispersed in a WAN. Clients can fail
by crash and a fraction of servers can be compromised. Since it is impossible
in an asynchronous system to distinguish between a crash failure and a slow
process, progress should rely on replies. As a consequence, servers might
have different views of the system.

A protocol implementing a fault-tolerant atomic object can be decomposed
in two building blocks [9]: a leader election protocol to choose a coordinator, and
a 3-phase commit protocol run by it. Notice that the 3-phase commit protocol
is necessary to guarantee data correctness since a leader failure could leave the
system in an inconsistent state. The leader collects in the first phase of the
commit protocol data regarding pending operations, and the current state of
the object. It orders the operations to be performed based on such data (it may
apply them) and then, proposes and commits them. If a leader crashes during
the execution of the commit protocol leaving the system in an inconsistent state,
the next leader needs to re-establish consistency among the replicas. This can be
done by completing the previous run based on data transmitted to servers prior
to crash. For instance, if a leader crashes after the proposed phase and before
contacting servers, the next coordinator is unable to recover such data,
unless it is self-verifying (i.e. by means of digital signatures). In fact, usually a
process retrieves the most up-to-date value by computing the most recent value
returned by at least servers. To overcome this problem, the coordinator
sends same information in the propose and in the commit phase. Clearly, this
guarantees safety but increases the system overhead in case of large object states.

Such a symmetry can be broken by transmitting in the proposed phase only
the message digest of the full data sent in the commit phase and eventual addi-
tional information. The idea is to reestablish consistency among the replicas by
enabling the coordinator to retrieve the data sent by a previous faulty coordina-
tor or to recompute it by means of previous state and additional data. This idea
will be developed in the next subsection and become part of the optimizations
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of protocol [1]. Due to lack of space, we refer the reader to [1] for details on the
protocol by Chockler et al, and to the technical report [2] for an analysis of [1]
and details and correctness proofs of this optimized version.

2.2 A Specific Scenario: Ordering Operations

The main novelty of the protocol by Chockler et al [1] over previous atomic
protocols resilient to Byzantine failures such as [5] [8], lies in its quorum system
approach that enhances its efficiency in case of large populations. The protocol
uses Byzantine quorum systems [3], a variation of quorum systems introduced
by Malkhi and Reiter. A Byzantine quorum system is a collection of subsets of
servers (quorums) such that any two subsets intersects in at least servers
(consistency), and for any faulty servers there is a quorum set containing only
correct servers (availability). Communications are performed via quorums: only
a subset of servers is accessed each time. As a result, some servers have out-of-
date object state. This increases the complexity of processing data at the leader
side, and makes the use of message digest particularly suitable in this case,
since it saves a number of unnecessary comparisons. The choice of analyzing this
protocol rather than others is given by its high scalability to large populations
(our focus), its generality (i.e. it supports also non-deterministic operations),
and its efficiency due to quorum systems. Notice that its design improves the
client response time since concurrent clients do not have to wait to become a
coordinator in order to receive a return result.

Fig. 1. Client side original version. Fig. 2. Client side optimized version.

An Overview of the Original Version. The protocol [1] works by applying
operations to an object state to produce a new state and a return result. An
object state is an abstract data type containing the shared object, a sort of
compressed history of the operations applied, and the return results for the last
operations applied. The linearizability of the operations applied, is enforced by
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the order in which the object states are produced. The client side of the protocol
consists of two concurrent threads: a non-blocking thread that simply submits
an operation to quorum and waits for identical responses, and a thread
that runs a leader election protocol and a 3-phase commit protocol. An high
level description of the client side of this thread is sketched in Figure 1; (or

denotes the object state that server received in the last commit (or last
propose), and the client requests received by and still pending according
to its local view. The client runs a leader election protocol to access replicas
for some fixed time units, line 1:1. If the majority of the correct servers in the
quorum grants such permission, the client executes the 3-phase protocol. It first
collects information regarding the last proposed and commit phase, line 1:3 and,
based on these data detects possible inconsistency among the replicas due to
client crash. In case of leader failure, it completes the previous execution lines
1:5-6, 1:7-8, otherwise applies all the operations that have been submitted but
not yet applied to the last object state, thus generating a new object state, lines
1:10-11. Then, it proposes this new state to quorum and commits it, line 1:12-13.
Notice that in this protocol the proposed object state is equal to the commit
state An analysis of this protocol sketched in the next subsection, indicates
the object state and the out-of-date data sent by servers that have not been
recently contacted, as the major performance bottleneck. Indeed, because of the
quorum system and the asynchronous system, the list of pending operations at
each server can grow unbounded since a server can receive requests without being
contacted in the commit phase. Since Fleet mechanisms rely on this protocol [1],
this justifies the performance degrade observed by us in Fleet in case of large
objects and large populations. We refer the reader to [2] for a detailed analysis
of this protocol (communication and computational complexity). Partial results
on the performance evaluation of Fleet can be found in [4].

Our Optimized Version. We propose an optimized version of the protocol
whose efficiency is obtained by 1) introducing hash functions, 2) encapsulating
the leader election protocol in the commit protocol and 3) reducing out-of-date
data. An high level description of this optimization can be found in Figure 2; the
variations consist in lines 2:1, 2:5, 2:10 and 2:12-13. Notice that getStatus() is
piggybacked to the leader election protocol, line 2:1. The use of message digests
lets us break the symmetry between the committed and the proposed state: in
fact, the proposed state consists only of the message digest of the previous
committed state and a signature of the operations applied in that run, line 2:10. In
this version each time a coordinator applies operations, it generates a new and

lines 2:10-11. In case the coordinator crashes right after the proposed phase,
the next leader is able to compute because the proposed phase was completed,
and can compute the correspondent based on line 2:5. Notice that for each

there is one and only one committed state that immediately precedes it, and
in case of inconsistencies the coordinator is able to retrieve a correct copy of
it. It verifies the correctness of the previous committed state by means of its
message digest contained in Therefore, procedure lastCommitted() at line
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2:5, looks for the most recent identical commit states, and if it cannot find
them, computes the committed state correspondent to by: 1) retrieving the
previous committed state (last state that was fully committed), and 2) applying
to it the operations contained in Details on the correctness proof can be
found in [2].

Communication Complexity. The use of message digests reduces the com-
munication complexity at least by a factor of with size of
the quorum and ops signature of operations applied by the coordinator. Notice
that since malicious servers can transmit arbitrary data (though in this way they
are easily detected), we consider only data transmitted by correct servers. The
number of correct servers in a quorum is at least In addition, the number
of operations applied depends on the degree of concurrency of the system; in
absence of concurrent client requests it is equal to 1. To have a better feeling
of the performance improvement, let us consider a Threshold quorum system
[3] with and quorum size If the shared object is a
100 Mbytes file and the compressed history of the operations up to that time is
equal to 1Mbytes, and the size of the request is equal to 100 Kbytes, then our
proposal reduces the data transmitted by at least 95 Gbytes. Notice that the
communication complexity is also improved by saving one phase of the protocol
and removing operations that have been already applied and that are stored at
out-of-date servers. That is, it reduces the size of

Computational Complexity. The workload of the protocol lies on the client
side, in particular on computeStatus() at lines 1:4 and 2:3 and on computeOps().
Since their costs depend on the number of malicious and out-of-date servers con-
tacted and on the data corruptness, we compute their computational complexity
in the best and worst case for both versions of the protocol. Here represent
the full object state. The computational cost in [1] is given by

with set of pending operations and set of out-of-date operations. In the
optimized version the complexity is

Notice that since in the optimized version the proposed state is very small in
most cases, the computational cost is reduced almost by half. Clearly, this ap-
proach is not convenient in case the parameters of the operations are greater
than the object itself, but this case is uncommon. Evaluation data performed by
us on Fleet, running this optimized version of the protocol, showed an improve-
ment over the previous protocol [1] by a factor 10 for large objects (i.e 314
Kbytes) and large universe (i.e. 80 servers).
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2.3 Performance Impact

It is worth noticing that the computation of hash functions such as SHA, HMAC,
MD5, is very fast and that in our proposal the hash function is computed only
in two cases: when an object is generated or updated, and when a coordinator
crashes during the commit phase leaving the replicas in an inconsistent state. In
addition, from a system point of view, each time that an object is transmitted
it is serialized and then deserialized by the receiver to detect the most up-to-
date object. An analysis of Fleet performance running protocol [1] with different
object sizes and on a Java profiler [14] to find performance bottlenecks, identified
the serialization and deserialization of the objects transmitted and received as
main hot spots with respect to memory and CPU usage and time. Notice that the
use of message digests let us bypass this performance bottleneck. This explains
also the remarkable performance improvement obtained in Fleet.

3 A Randomized Approach

In this section we propose an optimistic approach that combines randomization
and hash functions and that has broad applicability. Optimistic protocols run
very fast if no corruptions occurs but may fall back to a slower mode if necessary.
Our idea is based on the following intuition: it is sufficient for a process to
receive one correct full return value, provided a guarantee from other servers of
its correctness (i.e its message digest). Clearly, this approach does not guarantee
a correct return value since it is hard to distinguish a correct process from
a malicious one. Randomization overcomes this problem: in case of very large
objects each correct server replies by sending the full data and its message digest
with probability and its message digest with probability Therefore, if the
client contacts servers the expected number of full correct replies is equal to

For this approach reduces by half the amount of data transmitted
and for the expected number of correct full copies is greater than
To retrieve the full correct data, the process performs these two steps:

1.

2.

it computes the message digest of the data, denoted by msg, by using a
majority voting;
it verifies the correctness of one of the full data received (randomly chosen)
by computing its hash function and comparing it with msg. It returns as
soon as it finds a correct full response.

It might happen that no correct server has sent a full response. In this case,
the client falls back to a slower mode and requests to servers the full response.
Notice that the system could adopt a dynamic strategy and tune dynamically
depending on the object size and system resources.

If the process receives at least one full correct response (common case if
is tuned appropriately), the communication complexity is improved at least

by a factor of This optimization is more evident for large
populations and of course for large objects. The analysis of the computational
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complexity is less straightforward. In fact, it is very efficient to compute msg
in step 1, but verifying the correctness of the full data in step 2 is a bit more
expensive than a simple data comparison. Therefore, it is significant to evaluate
the number of hash computations necessary to find a correct full reply, in order
to assess the performance improvement over previous solutions. In the worst
case the process needs to compute hash functions, this occurs when the
coordinator picks first corrupted data sent by malicious servers but with the
correct message digest. Since the process chooses the data to verify uniformly at
random, this bound is very pessimistic and is not representative for the actual
computational cost of step 2. Therefore, we compute the expected number of hash
computations performed by the process before finding a correct response. This
gives us a measure of the computational cost in the average case. The following
lemma computes an upper bound (not tight) of the expected number of hash
computations in a more general case, when not all replicas are up-to-date. We
refer to [2] for the proof.

Lemma 1. If is the number of correct up-to-date servers that are contacted,
then the expected number of computations of the hash function in the worst case
is less than

Notice that the expected number of is equal to with number of the
up-to-date correct copies returned by the servers contacted. Therefore, if
then two computations of the hash function are enough on the average to detect
a correct up-to-date reply.

4 Conclusions

In this paper we proposed two settings in which the use of hash functions leads to
a remarkable improvement of system performance in a replicated system resilient
to malicious attacks, and in case of large data and large populations. We have
proposed two techniques, a deterministic and a randomized one, and applied
them to Byzantine-tolerant atomic protocols. These techniques are general and
can be applied to other settings requiring coordination among replicas, and for
which both efficiency and safety are crucial.
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Abstract. We present HOC: a fast, scalable object repository providing
programmers with a general storage module. HOC may be used to imple-
ment DSMs as well as distributed cache subsystems. HOC is composed of
a set of hot-pluggable cooperating processes that may sustain a close to
optimal network traffic rate. We designed an HOC-based Web cache that
extends the Apache Web server and remarkably improves Apache farms
performances with no modification to the Apache core code.

Keywords: Web caching, cooperative caching, Apache, Web server,
DSM.

1 Introduction

The demand for performance, propelled by both challenging scientific and indus-
trial problems, has been steadily increasing in past decades. In addition, broad-
band networks growing availability has boosted Web traffic and therefore the
demand for high-performance Web servers. Distributed memory Beowulf clus-
ters are gaining more and more interest as low cost parallel architectures meeting
such performance demand. This is especially true for industrial applications that
require a very aggressive development and deployment time for both hardware
solutions and applications, e.g. software reuse, integration and interoperability
of parallel applications with the already developed standard tools.

We present HOC (Herd of Object Caches), a distributed object repository
specifically thought for Beowulf class clusters. HOC provides applications with a
distributed storage manager that virtualize processing elements (PEs) primary
memories into an unique common memory. As we shall see, HOC is not yet
another Distributed Shared Memory (DSM), it rather implements a more basic
facility. It can be used as a DSM building block as well as for other purposes.
Indeed, in this paper we present the design of a cooperative cache built on top
of HOC for farms of the Apache Web server [1]. HOC provides Apache farms
with a hot-pluggable, scalable cache that considerably improves Apache farms

* This work has been supported by the SAIB Project, funded by MIUR and leaded by
SEMA S.p.A. by Athos Origin Group, on High-performance infrastructures for finan-
cial applications, and the Italian MIUR FIRB Grid.it project No. RBNE01KNFP.
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Fig. 1. Typical architectural schemes of applications based on HOC. a) With data access
protocol within the application. b) Extending HOC external operations.

performance with no modification to the standard Apache 2.x core code, thus
meeting key industrial requirements.

In Sec. 2 we present HOC design principles, HOC implementation and its
raw performance. In Sec. 3 we discuss Web server test-bed peculiarities and
HOC+Apache architecture. Experiments on such architecture are discussed in
Sec. 4. The paper is completed by some conclusion.

2 HOC Design Principles

The HOC underlying design principle consists in clearly decoupling the manage-
ment of computation and storage in distributed applications. The development of
a parallel/distributed application is often legitimated by the need of processing
large bunches of data. Therefore data storages are required to be fast, dynami-
cally scalable and enough reliable to survive to some hardware/software failures.
Decoupling helps in providing a broad class of parallel applications with these
features while achieving very good performances.

HOC, like a DSM, virtualizes PEs primary memories in a common distributed
repository. As a matter of fact, it realizes an additional layer of memory hier-
archy that lays upon O.S. virtual memory, but that should be used instead of
– or together with – disk-based virtual memory. The HOC implements an exter-
nal storage facility, i.e. a repository for arbitrary length, contiguous segments of
data (namely objects). Objects are identified by a configurable length key and
have a home node, i.e. the reference node for the object (that is currently stati-
cally assigned to objects). It enables applications to fully utilize the underlying
strength of a cluster, such as fast network communications and huge aggregated
memory space. Current and near future network technologies clearly indicates
that such a net-based virtual memory may perform much better than disk-based
ones. Literature reports very good results both for general DSMs [2,3] and for
specific Web applications [4–6]. A large and fast data repository may be used
as a cache facility to improve performance of I/O bound applications, and as
a primary storage facility for CPU bound applications running out-of-core on a
single PE memory.

HOC, unlike some DSMs, is quite robust and simple. It does not natively
implement any consistency mechanism for data copies and does not force al-
ready developed applications to be rewritten. As shown in Fig. 1, the HOC-based
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Fig. 2. HOC architecture, a) Functional view, b) Implementation layers.

architecture distinguishes the raw data access layer from the protocol each ap-
plication requires to access data. In many cases, for example in the context of
Web caching, a sophisticated data consistency mechanism is not really needed
and may introduce unnecessary overheads. However, HOC may be enriched with
locking and consistency mechanisms at the protocol level (as shown in Fig. 1 a).

2.1 HOC Implementation

A HOC server is implemented as a C++ single thread process; it relies on non-
blocking I/O to manage concurrent TCP connections [7,8]. The HOC core con-
sists of an executor of a dynamic set of finite state machines, namely services,
each of them realized as a C++ object. Each service reacts to socket-related
events raised by O.S. kernel (i.e. connections become writable/readable, new
connection arrivals, connection closures, etc.). In the case one service must wait
on an event, it consolidates its state and yelds the control to another one. The
HOC core never blocks on I/O network operations: neither on read()/write()
system calls nor on HOC protocol primitives like remote node memory accesses.
The event triggering layer is derived from the Poller interface [9], and may be
configured to use several POSIX connections multiplexing mechanisms, such as:
select, poll, and Real-Time signals.

HOC architecture is sketched in Fig. 2. A HOC may serve many clients, each
of them exploiting many connections. A server may cooperate with other HOCs
through a configurable number of connections. Connections both with clients and
other servers may be established or detached at any time during HOC lifespan.

A connection is exclusively managed by a service. Services rely on an alloca-
tor in order to store objects into both a object storage and a write-back cache
facilities. They may be both managed as a cache of a configurable but fixed
amount of objects and used to store server home objects and to cache remote
home objects respectively. As shown in Fig. 2 b) each of them may be managed
by using a replacing policy chosen at configuration time. Currently HOC comes
with RND (random) and LFU (Least Frequently Used) policies, however it is
designed to be easily extended with other policies. HOC offers three basic object-
related services (external operations): get, put, and remove. Assuming to have
a set of nodes each of them running an HOC, and receive:
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If a local object is issued. If other-
wise a local and, in case of miss, a

is issued. In the latter case the is stored in the i
local cache. Anyway, depending on the get results, either the or a
miss message is sent to the client.

If is put in the node storage. Otherwise
is stored in the node local cache. A capacity miss can occur in

both cases. In the former case the victim object is simply deleted1, in the
latter the write-back reconciling protocol is started.

The is purged from both object storages and caches of
all nodes.

Overall, HOC implements a Multiple Reader Single Writer protocol. Observe that
HOC does not natively implement any memory consistency and does not provide
any locking facility. These features are supposed to be realized at the protocol
level as shown in Fig. 1 a).

2.2 HOC Performances

HOC performances has been extensively tested on several homogeneous clus-
ters. We report here tests performed on a 21 PEs RLX Blade; each PE runs
Linux (2.4.18 kernel) and is equipped with an Intel P3@800MHz, 1GB RAM, a
4200rpm disk and three 100Mbit/s switched Eth devices. As shown in Fig. 3,
HOC scales very well up to the maximum number of PEs available in our testing
environment (10 HOCs and 10 clients). In the tests two different Ethernets are
used for client-server and server-server connections. As shown in Fig. 3 b), HOC

can deliver an aggregate throughput that is quite close to the 100Mbit/s per PE
asymptotic network bandwidth. We experienced a little impact of local cache
size on performances. Cache mainly acts as a network buffer.

Other tests performed on a Linux (2.4.22 kernel) cluster of 8 PEs P4@2GHz,
512MB RAM, connected through a 1Gbit/s Eth have confirmed for a single HOC

and many clients an aggregate throughput of ~91MB/s (~96% of the measured
95MB/S maximum bandwidth) with 2048 concurrent stable connections for a
test of 50,000 requests of 1MB objects. We also experienced more than 20,000
replies/s with 3,072 concurrent stable connections for a test of 200,000 requests
of 512B objects. Actually, HOC has sustained a throughput close to the network
bandwidth in any tested case.

3 Web Caching Test-Bed

Web caches have became the standard method to ensure high-quality throughput
for Web access. Web caching can be adopted at different levels: 1) Web browser
storing Web objects in its local memory or disk. 2) proxy server sitting some-
where between the clients and the Web server (typically at ISP level) serving a

1 If configured as a cache, otherwise a storage full message is sent to the client.
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Fig. 3. a) HOC scalability of served requests. b) Aggregate throughput. Experiments
are referred to 200,000 get operations w.r.t. a data set of 40,000 objects (8K and 16K
average sizes) having cyclically distributed homes among HOCs. Each HOC serves a
partition of requests referred to keys which are uniformly distributed and randomly
chosen in the whole data set. Each HOC have a local cache of 1,000 objects.

large community of clients. 3) server accelerator (reverse proxy) sitting in front
of one or more Web servers [10,11].

Reverse proxies have been demonstrated to be the best solution among them.
Differently from 1 and 2, they are under the site manager control and typically
enable dynamic pages management through an API which allows application
programs to explicitly add, delete, and update cached data [12,13]. However, a
reverse proxy may introduce unnecessary latencies due to the additional parsing
and filtering of requests, including those leading to not cacheable replies. To
mitigate these problems we adopt a different solution: we place a cache on back
of the Web server in order to improve server performances. The cache cope with
cacheable replies only and does not make any additional parsing on them. As we
shall see in the next section, we implemented the solution by using a HOC-based
architecture. Our approach is similar to others appeared in literature [14,4,6,5].
Differently from other approaches, we did not designed another Web server, we
are rather proposing a decoupled architecture which is composed of the standard
Apache Web server and a HOC-based storage subsystem. Apache Web server is
unmodified in core functionalities, we just modified the allocation policy of one
optional Apache module. Therefore the architecture may benefit from Apache
popularity, correctness and people expertise.

In a cache implemented on a single node (single or even multi-processor),
the throughput is limited by the network interface. With cluster based Web
cache the throughput can be increased simply adding more nodes. Since many
HOCs may cooperate with each other, the cache throughput is not limited by the
network interface, but by the aggregate cluster throughput.

3.1 HOC+Apache Architecture

The HOC+Apache architecture is compliant to Fig. 1 a). In this case the app is the
Apache Web server, the protocol is a modified version of mod_mem_cache Apache
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module [1] (compliant to RFC2616), and dashed lines are not present. In particu-
lar, mod_mem_cache has been modified by only substituting local memory alloca-
tion, read and write with HOC primitives. The work-flow of the mod_mem_cache
modified to inter-operate with HOC is sketched in Fig. 4 a). No other function-
alities have been modified. Both original and modified caches are able to cache
static and dynamic pages. Note that the original version of mod_mem_cache im-
plements a per process cache, thus different Apache processes never share the
cache even if they are running on the same PE.

We used as objects key the MD5 digest of the mod_mem_cache native key. In
order to enforce correctness and consistency we include in the object to be stored
into HOC original HTTP request and reply headers. Protocol does not need any
additional consistency mechanism but the ones ensured by mod_mem_cache.

Observe that HOC+Apache architecture is designed to improve Apache per-
formance whether the performance bottleneck is memory size, typically in the
case the data set does not fit the main memory. In all other cases (e.g. in-core
data sets), the HOC+Apache architecture does not introduce performance penal-
ties w.r.t. the stand-alone Apache equipped with the native cache.

4 Web Caching Experiments

We measured the performance of Apaches+HOC architecture on the RLX Blade
described in Sec. 2.2. The main characteristics of the data set and accesses log
are summarized in Table 1 a) and b). The data set is generated according to [15]
by using a Zipf-like request distribution with of files have small
size (min. 2KB, max. 100KB, avg. ~13KB) and 10% of files have medium-large
size (min. 101KB, max. 1MB, avg. ~280KB). In all tests we used the Apache
2.0.47 Web server in the MPM Worker configuration shown in Table 1 c). Files
greater than 256KB are not cached. HTTP requests are issued by means of the
httperf program [16] configured to count replies only within 1 second timeout.
Each httperf is directly connected to an Apache with no switch/balancer in the
middle. The whole site is replicated on all PEs running Apache.

In Fig. 4 b) we compare Apache against Apache+HOC performances. The
test takes in to account three basic classes of configurations:
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Fig. 4. a) High-level work-flow of mod_mem_cache changes needed to inter-operate
with HOC. b) Replies rate for stand-alone Apache in the Multi-Process Multi-Threaded
(MPMT) and Single-Process Multi-Threaded (SPMT) configurations and HOC+Apache
architecture. Apache is tested with 900MB and 150MB native cache per process and
without cache. HOC+Apache is tested with 450MB and 900MB devoted to HOC (1PE).
HOC+Apache is also tested with Apache and HOC (900MB) on different PEs (2PEs).

i)

ii)

iii)

a stand-alone multi-process multi-threaded Apache with no cache with
the mod_mem_cache (Apache native cache) exploiting both 900MB and
150MB cache per process. A stand-alone Apache configured as one server
process exploiting 512 threads sharing the same 900MB cache
an Apache+HOC running on the same PE, HOC exploiting both 450MB
and 900MB of total memory accessed by all Apache processes;
an Apache+HOC running on different PEs, HOC exploiting 900MB of total
memory accessed by all Apache processes

The three cache sizes 150MB, 450MB, 900MB have an hit rate of 29%, 45%,
60% respectively when tested on a single Apache native cache. As clear from
Fig. 4 b), in all cases the HOC+Apache architecture overwhelms the stand-alone
Apache with or without the native cache, including the case the native cache is
shared among all running threads.

i) We have observed that the Apache with the original cache lose its stability
when the requests rate grows. This is mostly due to the lack of a common cache
storage for all processes on the same PE, which leads to the replication of the
same objects in several caches, and therefore to the harmful memory usage

This rapidly leads the O.S. to the swap border resulting in a huge increase of
reply latency. Indeed, Apache configured as SPMT thus exploiting a single shared
native cache perform better than MPMT configurations. Quite surprisingly
the Apache with no cache performs even better In reality this behavior
is due to the File System buffer that acts as a shared cache for all Apache
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Fig. 5. One HOC supporting many Apaches. a) Experiment schema. b) Replies per
second speedup. HOC is configured with 900MB of objects storage. Dataset and Apache
configuration are summarized in Table 1.

processes coping with object replication problem. Actually, the FS buffer rise
up to ~700MB during test In this case the performance also depends on
site organization on disks. In general FS cache is unsuitable for Web objects
since requests do not exploit spatial and temporal locality w.r.t. disk-blocks
[15]. Moreover, FS cache is totally useless for dynamic Web pages, for which we
experienced the effectiveness of the Apache native cache module [12].

ii) The Apache+HOC architecture performs better than stand alone Apache,
even if Apache and HOC are mapped on the same PE Apache processes
share a common memory through HOC. Since the accessed set of files does not
fit in memory, performance may be influenced by replacing policies. Here, two
different caching mechanism and three policies are active at the same time: 1) the
FS buffer and HOC allocates memory in different bulks from the same physical
memory; 2) the FS buffer replacing policy is active on the first bulk, the Apache
GreadyDual-Size and the HOC LFU replacing policies are active in cascade on the
second bulk. The knotty scenario prevents a fine analysis of system bottlenecks.
Indeed, the decoupling approach we followed sought to simplify the design in
order to make effective the system tuning.

iii) As a matter of fact, the 2PEs figures      confirm that mapping Apache
and HOC on different PEs significantly improves performances. The same tests
have been performed using as HOC replacing policy the random function instead
of LFU. The performance degradation is just 8.7% (from 74.4 to 67 avg. replies).
The replacing policy have a little impact on performances in this case, whereas
the decoupling of cache management from the server activity significantly im-
proves architecture stability and performance. In fact decoupling distributes the
memory pressure due to the Apache server and its cache on different PEs.

Figure 5 highlights that HOC may support many Apaches with a very good,
over linear scalability due to the partition of requests among several Apaches
(which induces a lower disk load). Note that HOC+8Apaches sustain an aggregate
of 637 hits/s with an average file size of 8KB on the Apache-HOC link (see Table
1 b). In this case HOC works at ~45% of maximum reply rate since HOC reaches
1430 hit/s with N=1 and the same message payload, see Fig. 1.
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Fig. 6. Many cooperating HOCs experiment. a)Experiment schema. b) Dark bars shows
the replies/s speedup w.r.t. the total amount of used PEs and
Light bars shows the same measure for a reference architecture on the
fastest tested configuration, see Fig. 4). Dashed line sketch the HOC-based architecture
gain. The HOC local cache is fixed to 5,000 objects.

Figure 6 shows the scalability of Also in this case we expe-
rienced a very good scalability up to our testing environment limit reaching a
312% gain w.r.t. an Apache farm (8HOCs+8Apaches vs 16Apaches). If compared
with Apache with the original cache module the gain reaches the 406%. Observe
that the big gap occurs from 1HOC+1Apache and 2HOC+2Apaches, where the
whole set of all cacheable objects begins to fit in the aggregate memory.

5 Conclusion

We introduced HOC, a fast and scalable “storage component” for homogeneous
cluster architectures. HOC implements a distributed storage service relying on
state-of-the-art server technologies. As described in Sec. 2.2, these enable HOC
to cope with a large number of concurrent connections and to sustain a very
high throughput in both single and parallel configurations. We developed and
tested a HOC-based Apache plug-in module which greatly improves Apache Web
server farms performances. To the best of our knowledge, no other works target
the problem with no modification to a preexisting centralized Web server.

We are currently improving HOC in two directions. First, by introducing mul-
tithreading to make it scalable also on SMP boxes. Second, by integrating HOC
within the ASSIST parallel programming environment [17]. Overall, we envision
a complex application made up of decoupled components, each delivering a very
specific service. Actually, HOC provides the programmer with a data sharing
service [18]. In this scenario, the application or the programming environment
run-time support is supposed to provide the correct protocol to consistently use
HOC external operations. At this end we are developing a protocol which offers
standard hooks to implement several DSM consistency models [3,2].
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Abstract. Computer games played over the Internet have recently be-
come an important class of distributed applications. In this paper we
present a novel proxy server-network topology aiming at improved scala-
bility of multiplayer games and low latency in client-server data transmis-
sion. We present a mechanism to efficiently synchronize the distributed
state of a game based on the concept of eventual consistency. We analyse
the benefits of our approach compared to commonly used client-server
and peer-to-peer topologies, and present first experimental results.

1 Introduction

Computer games played over a network are categorized in the three main genres:
First Person Shooter Games (FPS), Real-time Strategy Games (RTS) and Mas-
sive Multiplayer Online Roleplaying Games (MMORPG). For MMORPG, there
exist several advanced networking topologies, which can support a high number
of participating clients [1]. In contrast, the basic concepts of network commu-
nication for FPS and RTS games have not been altered for years. Commonly
used architectures like client-server and peer-to-peer do not provide the required
scalability for massive-multiplayer sessions. Although other communication ar-
chitectures like peer-to-peer server-networks or hierarchical server-networks ex-
ist, their efficient usage for FPS and RTS games is still not well understood (an
overview can be found in [2]).

In this paper, we present our work on a Proxy Server-Network for Real-time
Computer Games. Our main goal is to improve network scalability for FPS and
RTS games in comparison to traditional topologies, thus allowing games with
higher numbers of players. A further objective is to enhance responsiveness of
massive-multiplayer, Internet based games by providing low communication la-
tency between clients and servers. The paper is organized as follows: In Sect. 2
we introduce our architecture and propose a concept for an efficient synchro-
nisation of the distributed game state. We describe our implementation of the
architecture as a C++ API and present experimental results on its scalability in
Sect. 3. Section 4 compares our approach with related work and concludes the
paper.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 606–613, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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2 Architecture

Commonly used communication architectures like client-server or peer-to-peer
topologies provide a variety of positive aspects and can be implemented quite
easily, which leads to their high acceptance for computer games.

However, there are several disadvantages in both concepts, resulting in poor
quality of service and inhibiting novel game designs with a higher number of
participating users. Client-server and peer-to-peer topologies do not scale well
when the number of users increases. Additionally, the server in a client-server
setup forms a single point of failure for the whole session. While the peer-to-peer
approach eliminates the problem of a single point of failure, it allows a hacked
client to cheat, since submitted game updates are not filtered by a server instance
and hidden information can be made visible to the player [3].

2.1 The Proxy Server-Network

The proposed proxy server architecture, which is derived from a peer-to-peer
server-network [2], is shown in Fig. 1. The initial idea was sketched in [4].

Fig. 1. Example session using the proxy server architecture.

The key idea of our architecture is the use of several interconnected proxy
servers for a single game session. Each proxy server has a full view of the global
game state, allowing it to serve arbitrary clients. Each client communicates with
a single proxy to send user actions and receive updates of the game state. Proxy
servers process user actions and forward them to other proxies using multicast
(IP or application level) for synchronizing the distributed game state.

For the sake of low latency in Internet based sessions, proxy servers should
be located at different Internet Service Providers (ISP), such that each client
connects to a proxy at its ISP. In our current implementation, the setup of
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servers is done manually, but future work includes a dynamic setup of proxies
respecting current user demand.

MMORPG commonly use an approach orthogonal to ours: Instead of repli-
cating the game world, they partition it among servers, which forces clients to
change the server when the user moves into another region. While this approach
works well for the relatively slow game flow in MMORPG, it cannot be applied
to fast paced games like FPS and RTS, in which recurrent pauses resulting from
server changes are annoying for users. Since each proxy has full view of the game
state, our proxy server-network avoids reconnects during a session.

As we show in Sect. 3.1, the described proxy network scales better with an
increasing number of clients than traditional topologies.

2.2 Managing the Distributed Game State

Since the game state is replicated at the proxy servers, our architecture requires
mechanisms to provide adequate consistency of the replicated data.

There is a classical trade off between scalability, responsiveness, and con-
sistency in distributed simulations in general. Implementing strong consistency
models like causal or even sequential consistency [5] would increase the amount
of inter-proxy communication: Proxies would have to order changes of the game
state using Lamport timestamps or physical clock synchronisation. This would
delay the transmission of acknowledgements of user actions to clients, thereby
reducing the responsiveness of the game. As reported in [6], a scalable distributed
system with real-time performance is only possible if not all participating pro-
cesses share the same view on common data at one time. Therefore, we propose
to use the concept of eventual consistency [5] for the game state. To implement
eventual consistency, only a single process is allowed to alter specific parts of
replicated data. Changes have to be propagated to other processes, ensuring
consistency of the replicated state as soon as the update notification arrives.

Fig. 2. Acknowledging and forwarding a single user action.
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The main steps in our concept of transmitting and processing a single user
action in the proxy server-network are depicted in Fig. 2. User actions trans-
ferred from clients (1) are categorized in movements and interactions. In case of
movement commands, the server has to check if the user input is legal to prevent
cheating before changing the state (2), and to inform other proxies about up-
dated position values (4), which in turn update the local copies accordingly (5).
In this way eventual consistency for the changed part of the game state is guar-
anteed and the clients receive acknowledgments for movement commands in a
relatively short time (3). In case of interactions, notified proxies additionally
have to check whether local clients are affected. If so, the responsible proxy up-
dates the game state of its local client, and informs other servers in turn (6). For
all state updates received from other proxy servers, each proxy evaluates which
local clients are affected and informs them (7).

In our architecture, general parts of the game state that are not associated
with a specific client are assigned to single proxy servers for maintenance, which
ensures eventual consistency for these parts of the game state as well. Such data
contain manipulable parts of the gameworld like collectible items or avatars
not controlled by the users (Non-Player Characters). To avoid a single point
of failure, applications have to implement a proper election method to reassign
responsibility to another proxy in case of a server failure. For data representing
states of clients, a reassignment of responsibility is not required: If a proxy
process fails, clients connected to it will loose connection to the session anyway,
while for all other processes the game will continue to be playable.

The presented concept for managing the distributed state allows an efficient
synchronisation of the game state in combination with fast acknowledgment
of user actions. However, due to the use of eventual consistency, execution of
commands can occur in a different order than their initation by the users. In the
following, we discuss the impact of this fact on the playing conditions.

2.3 Discussion of Game Correctness

A computer game provides equal game opportunities for all users, if the order
of processed state updates is the same as the order of their initiation by the
users. Additionally, in continuous simulations like real-time games, the point in
time at which actions are processed has to be considered, too. Let us consider
an example interaction between two clients, and in a real-time game: The
user at issue an action affecting (e. g. shooting at the avatar managed by
with an instant-hit weapon), while the user at issues a movement command
some time later which would nevertheless prevent his avatar from being affected
if processed before the action of the user at

Figure 3 depicts four situations for the communication between processes
in our example, comparing a client-server setup (a) to our architecture (b), in
which additional methods for improved correctness of the processing order are
applied (c), (d). Let denote communication latency between and
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Fig. 3. Comparison of processing orders: Traditional client-server topology (a), proxy
server-network (b), proxy server-network with client latency levelling (c), proxy server-
network with client latency levelling and action reordering (d).

(a)

(b)

(c)

(d)

An incorrect processing order is possible in the traditional client-server topol-
ogy: client has an advantage in time over of due to
which can dodge the hit although aimed correctly and shot first.

The proxy server-network has lower latency but requires
additional time before the shot action reaches proxy Therefore,
the processing order at is incorrect as well.

Our implementation uses client latency levelling: communication between a
proxy and clients with low latency is delayed; latencies are thus adjusted to
an equal level which reduces the advantage in time for
to However, actions in the depicted example are still processed in
an incorrect order. An upper limit for client latency levelling is configurable,
e. g. by a session administrator, to avoid an unresponsive game for all clients
due to a single slow connection of a specific client.

In real-time games, updates of the state usually are done at fixed points
in time, so called ticks, discretizing the actual continuous game simulation.
With a tickrate proxy can reorder actions if they are received in the
same tick of length This leads to the correct processing order.

This analysis shows that our architecture provides a degree of equal game
opportunities comparable to the client-server setup, which is commonly used
for FPS games. The provided correctness of the processing order is even better
when actions are reordered by the game application. However, if proxies receive
interactions at different ticks then reordering is not possible, since the first action
received has already been processed. If the action processed first was a movement
command of a local client, proxies can hold a backlog of old positions and apply
remote actions with hindsight performing a timewarp [11]. In the relatively rare
case that the acknowledgment sent for the first action is not reversible, we accept
an incorrect processing order for the benefit of high responsiveness for clients.
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3 Implementation and Analysis

The implementation of a game using our architecture consists of two parts:
the functionality for the network communication, and the game specific data
structures and algorithms for the simulation itself. We implemented the commu-
nication of the server-network as a C++ API using the TCP/IP protocol stack.
Games using this API only have to implement the game specific part and to
handle user commands according to the procedure depicted in Fig. 2.

Our implementation includes two different APIs, designated to clients and
servers. Each of them provides a virtual callback-class, which has to be imple-
mented by the game application to receive incoming data. For transmission of
data, each API offers a sender-class providing methods to initiate the connec-
tion and send data to the network. The implementation provides functionality
to send and receive byte arrays of arbitrary length. It offers different stages of re-
liability in data transfer, automatically fragmenting and acknowledging packets
when using UDP and IP multicast for inter-proxy communication.

3.1 Scalability: Analysis and Experimental Results

In the computer games context, scalability is the ability of an architecture to
maintain service when the number of participating players increases. The two
kinds of resources utilized are computing cycles of the host machines and network
bandwidth. With the common unavailability of IP Multicast for home computer
Internet dial-up connections, utilized bandwidth of the peer-to-peer topology is
quadratic to the number of participating clients, which disqualifies this architec-
ture for large scale Internet-based sessions. Therefore we focus on a comparison
of the proxy-network to a traditional client-server topology in our analysis.

The computation intensive tasks in simulating the game are the validation
of user inputs and the filtering of client updates (steps (2) and (7) in Fig. 2).
The proxy server-network scales better than the client-server topology, because
these tasks are distributed among all participating proxies. Utilized bandwidth
in client-server communication of the proxy architecture and client-server topol-
ogy is equal: each client only receives state updates if it is affected. However, the
proxy server-network utilizes additional bandwidth in inter-server communica-
tion, which will be taken into account in the analysis.

We implemented the following test game to measure the gain in scalability.
Each client has control over a single avatar, other avatars are visible if they
reside in the avatar’s viewing radius. The environment, internally represented
by a quadtree, is defined as a bordered plane, on which rectangular solid blocks
define regions avatars cannot walk into. Avatars can catch each other if in range.
After a successful catch, the winner gains a point and the caught avatar is taken
out of the game for some time. Although this game is quite simple, its basic
concept is comparable to sophisticated FPS games.

We measured the maximum number of supported clients by adding clients
to the session until the servers become congested, i.e., when calculation of a
tick takes longer than the time available. The tickrate of the evaluation sessions
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was 50 updates per second, which is comparable to tickrates in Internet based
FPS and RTS games commonly ranging from 10 to 40. Each proxy server was
run exclusively on a Linux host with 1,7 GHz Intel Pentium 4. Figure 4 depicts
our experimental results. The left plot shows the maximum number of supported
clients with different numbers of proxies. The right plot depicts the average total
bandwidth at a single proxy server in different session setups.

Fig. 4. Experimental results. Left: maximum supported clients with different numbers
of proxy servers; Right: utilized bandwidth at a single proxy.

The results for computational scalability (left plot) show that our proxy
architecture supports a much higher number of clients than a traditional client-
server topology whose capacity is shown by The absolute gain in the number
of supported clients decreases slightly for each additionally attached proxy, due
to increased calculation for processing remote clients’ actions. Therefore we ex-
pect a game dependent, maximum number of clients for which an acceptable
responsiveness is provided by our architecture.

The total utilized bandwidth at a single server (right plot) consists of the
bandwidth of the client and proxy communication, each with incoming and out-
going bandwidth. While the bandwidth of inter-proxy communication grows only
linearly with the the number of participating clients, the outgoing client band-
width increases quadratically. In order to compensate the growing utilized band-
width for increasing numbers of participating clients, additional proxy servers
have to be added. Figure 4 (right) shows that in our test game, for approxi-
mately 25 additional clients joining the game one additional proxy server has
to be added to the session in order to avoid an overload of servers due to high
bandwidth.

The deviation of total average bandwidth was below 3% throughout multiple
measurements for the same setup. The available number of host computers and
network hardware capabilities of our testbed subnet limited us to a maximum of
240 clients with an overall bandwidth of about 6 MByte/s. With the bandwidth
distributed to several subnets as in Internet based sessions, more proxies and
therefore more clients can participate in a game.
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4 Conclusion and Related Work

For multiuser simulations in general and real-time computer games in particular,
there is a trade off between responsiveness, scalability, and consistency. Our
proxy server-network weakens consistency for the benefit of higher responsiveness
and improved scalability. At the same time, we do not sacrifice correctness of
processing, which is still comparable to the commonly used client-server setup.

There has been active research in the domain of Distributed and Collabo-
rative Virtual Environments (DVEs resp. CVEs). Existing DVE systems like
MASSIVE [7] or DIVE [6], do not aim at maximized responsiveness for the ben-
efit of stronger consistency. However, to achieve high responsiveness in games
with direct, hand-eye coordinated movement like FPS, latency has to be below
150ms [8]. Our architecture does not introduce additional delay for acknowledg-
ment of actions, which only depend on the round trip times to the ISP.

OpenSkies, developed by Cybernet, is a commercial server-network devel-
oped for massive multiplayer online games [9]. In contrast to our proxy-network,
servers in OpenSkies only filter communication to interested hosts and do not
maintain the application state at all. In comparison to the spatial partitioning
commonly used for MMORPG [1], our architecture does not require reconnects
of clients in a running session. RING [10] proposes a network topology similar
to ours, but updates are already filtered in inter-server communication. RING
is specially designed for densely occluded virtual environments, while we aim at
supporting arbitrary environments in computer games.
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Topic 10

Parallel Programming:

Models, Methods and Programming Languages

Paul H.J. Kelly, Sergei Gorlatch, Christoph Kessler, and Dan Quinlan

Topic Chairs

Welcome to Euro-Par’s Topic 10, which provides a forum for the presenta-
tion of the latest research results and practical experience in parallel program-
ming. Topic 10 emphasises results which improve the process of developing high-
performance programs. The general challenge is to target available hardware
structures, while maintaining useful application structure. Of particular interest
are novel techniques by which parallel software can be assembled from reusable
parallel components – without compromising efficiency.

We thank the many helpful referees, who provided at least four reports on
each of the 29 papers submitted. Nine of the papers submitted to Topic 10 were
accepted. In addition, one paper, by Aldinucci et al, was transferred from Topic
19 (Demo Session). This year’s submissions represent interesting new develop-
ments and concerns in the Parallel Programming research community:

MPI and OpenMP: Our distinguished paper, by Jarmo Rantakokko, on
programming models for structured adaptive mesh refinement, concerns an ex-
tremely important and complex class of parallel numerical applications and stud-
ies OpenMP and MPI on a hardware platform which supports hybrid implemen-
tations. Very similar issues are explored by Fürlinger, Schenk and Hagemann
who study OpenMP/MPI hybrid approaches to task-queue parallelism in their
sparse linear solver.

Novel Languages: Meanwhile, novel languages are also represented. Ras-
mussen et al, present a short paper on the co-Array model in Python. Rocha,
Silva and Santos Costa present an interesting study of lock alternatives in memo-
ized logic programming. Ashby, Kennedy and O’Boyle present work on a power-
ful mixed functional-imperative language, showing the potential for optimization
across language abstractions. An elegant approach to this important problem is
offered by Kakehi et al.

Middleware and Operating Systems: Middleware issues form the third
major theme. Ribes, Pérez and Priol discuss how to handle exceptions in parallel
CORBA components. Magini et al of the ASSIST group at the University of Pisa
contribute with interesting work on parallel composition in their CORBA-based
system. Aldinucci et expand on the ASSIST architecture and discuss applica-
tions. Extending the envelope somewhat, Frachtenburg and colleagues from Los
Alamos explore parallel programming models in scalable operating systems.

This year we rejected 20 papers, among them very promising work - we have
worked hard to soften the blow through extensive and constructive refereeing -
we hope to see the fruits of your work in 2005!

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, p. 614, 2004.
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Comparison of Parallelization Models

for Structured Adaptive Mesh Refinement

Jarmo Rantakokko

Scientific Computing, Department of Information Technology,
Uppsala University, Box 337, 751 05 Uppsala, Sweden

Abstract. We compare different parallelization approaches in different program-
ming models using MPI and OpenMP on a SunFire 15K for structured adaptive
mesh refinement. The results show that no static parallelization or programming
model performs best in all cases and that different models are preferable in dif-
ferent settings of the application and grid hierarchy. We then suggest a dynamic
approach using a mixed MPI-OpenMP model that adapts the number of threads
during run time and gives good performance in all stages throughout the whole
run as the solution state changes, i.e. the resolution in the computational grid
changes.

1 Introduction

The dynamic features of adaptive numerical methods make them harder to parallelize
than static grid computations. In the static case, domain decomposition methods are
often used to split the grid among the processors. However, when the grid structure
changes, as in the adaptive case, the grids have to be redistributed to avoid load im-
balance. Also, it is more challenging to partition a domain with grids of different res-
olutions or with different work loads in different parts than a grid with a uniform res-
olution. A number of approaches and techniques have been developed for partitioning
and parallelizing adaptive mesh refinement methods, see e.g. [1, 3, 4, 6, 7, 9–12, 15, 19].
Many of these efforts have shown to be very successful for a certain application and
computer system. But, there is no approach that performs best on all applications and
computer systems. The performance depends very much on the current state of the ap-
plication and the computing environment as well as the programming model. This has
been stated previously by many other researchers, see e.g. [14]. A difficulty in adaptive
mesh refinement methods is that the state of the application is changing during runtime.

The contribution of this paper is twofold. First we carry out a comparison of differ-
ent parallel programming models for structured adaptive mesh refinement. We compare
shared memory programming using OpenMP, distributed memory programming us-
ing MPI, and mixed models of using both MPI and OpenMP. Secondly, we suggest a
new dynamic approach using a mixed MPI-OpenMP model that adapts the number of
threads during run time and gives a good performance in all stages through the whole
run as the solution state and computational grid changes. It gives a high efficiency fo-
cusing the computational power in computationally intensive regions. The experiments
were done a SunFire 15K and the adaptive numerical method we have studied is a
structured block-based PDE solver, described in the next section.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 615–623, 2004.
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2 The Adaptive Mesh Refinement Method

We solve hyperbolic partial differential equations, e.g. the Euler equations, on the form

where and are the flux functions. This equation is discretized by a
finite volume method in space (FVM). For the time discretization we use the classical
fourth order Runge-Kutta method. To estimate the local error we use Richardson ex-
trapolation. In space we have a structured cartesian grid and divide the domain into a
fixed predefined number of blocks, controlled by the user. If the local error exceeds the
error tolerance in any grid point within a block, the discretization is refined with a factor
two in the entire block. On the contrary, if the error is much smaller than the error toler-
ance the discretization in the block is coarsened with a factor of two. This block-based
approach with fixed number of blocks greatly simplifies the adaptive method compared
to the Berger-Colella approach [2]. Figure 1 shows a pseudo code for the solver and
Figure 2 shows a snapshot of the numerical solution and the corresponding adaptive
grid. A thorough description with theoretical analysis of the numerical properties of
the adaptive mesh refinement method can be found in [8, 17]. Moreover, a theoretical
analysis of the performance of the solver can be found in [18].

Fig. 1. A sketch of the code structure for the block-based adaptive refinement algorithm.

3 Parallel Implementations

The code was originally written in Fortran 90 and parallelized with MPI. The paral-
lelization is coarse grained over entire blocks, i.e. each processor is responsible for one
or more blocks. The blocks have two layers of ghost cells. These ghost cells are updated
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Fig. 2. Block-based adaptive refinement, entire blocks with large local errors are refined.

from neighboring blocks, requiring interprocessor communication. The number of mes-
sages is minimized by collecting data, the ghost cells, from several blocks that are going
to the same processor into one large message. The communication is performed asyn-
chronously with MPI_ISEND and MPI_PROBE, i.e. each processor first sends out all
its messages with non-blocking calls and then probes for incoming messages receiving
them in first-come first-serve order. This minimizes the synchronization overheads.

When the grid resolution changes in any of the blocks the entire grid structure is
repartitioned and data redistributed, see Figure 3. A number of data partitioning meth-
ods are available, the recursive spectral bisection method (RSB) [13], the recursive co-
ordinate bisection method (RCB) [13], a bin-packing method [5], and different variants
of space filling curve techniques and diffusion schemes [12, 15, 16]. The performance of
the different partitioning techniques applied to the adaptive method have been evaluated
experimentally, see [16].

Three different parallelizations of the code with OpenMP exists. In a first imple-
mentation we have used a fine grained loop level parallelism within each block, i.e.,
all blocks are executed on all threads. The code inside the calls in lines 3, 4, 5, and
9 in Figure 1 are parallelized with OpenMP using the ! $OMP PARALLEL DO direc-
tive for the grid points. This gives a one-dimensional parallelization of the blocks. (We
will refer to this version as OMP1.) There are no problems with load imbalance in this
version as long as the number of grid points in each dimension is large enough, but
as some blocks may contain relatively few grid points the parallel tasks become small
which can degrade the performance. Moreover, this version gives many synchronization
points compared to a coarse grained parallelization.

In a second implementation we have a parallelization over the blocks using the
! $OMP PARALLEL DO SCHEDULE directive for the lines 2 and 8 in Figure 1, i.e.
entire blocks are executed on single threads. (We will refer to this version as OMP2.)
Using STATIC scheduling gives a severe load imbalance as the blocks have different
number of grid points and work load. Using chunk size equal to one improves load bal-
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Fig. 3. The resolution of the grid changes frequently causing a load imbalance with static parti-
tioning. Using re-partitioning the load imbalance can be kept down during the whole run.

ance as long as number of blocks is considerably larger than the number of threads. The
DYNAMIC scheduling directive is another remedy for this but does not guarantee a good
load balance as we cannot control which blocks are executed by the respective threads.
As soon as one thread is idle it picks up the next block in line and starts processing it.
This block may not be optimal for that thread in terms of load balance. Moreover, the
threads can process different blocks from iteration to iteration causing unnecessary data
movements (cache misses) even if the grid resolution does not change.

To avoid these data movements we have a third implementation (which we will
call OMP3). This version is also over the blocks but now only using the PARALLEL
region statement. Here we use a load balancing algorithm and then in the loop over the
blocks check if this particular block belongs to this thread’s partition before we execute
the code. This version is similar to the coarse grained MPI version, ensuring that the
threads will execute the same blocks as long as the partitioning stays constant.

4 Experiments

We run two test cases, one with many small blocks (tasks) and one with few large
blocks. In the first case the grid is split into 8 × 8 blocks. We have maximally three grid
levels ranging from 12 × 12 to 48 × 48 cells in the blocks. In the second test case we have
only 8 blocks (2 × 4) but with resolutions ranging from 128 × 128 to 512 × 512 cells.
We have run the code on a Sun Fire 15k server with 48 UltraSparcIII-cu processors
(900 MHz). Each processor has a 8 MB L2 cache and the server has a total of 48 GB
of shared primary RAM. The server is divided into two domains with the larger one
containing 32 processors. Four CPUs are packaged into one CPU/memory board with
4 GB of RAM. The Sun Fire is a cache-coherent non-uniform memory access system.
The NUMA ratio is close to 1:2 between accessing local (on board) and remote memory
(from another board).
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We compare fixed size speedup of the different strategies. All timings are compared
to the one-processor-one-thread case, which is the same for all strategies. In our first
test case with 64 blocks the strict MPI-version performs best, see Figure 4(a). Adding
more threads to the processes only degrades the performance. The blocks are too small
for OpenMP to be efficient. The synchronization and thread allocation overheads dom-
inate the performance. From Figure 4(b), we can also see that the OMP1 version (loop-
parallelism) does not scale above 2 in speedup. There is no gain in using more than 6
threads.

Fig. 4. Test case 1, speedup of different implementations.

Comparing the different OpenMP versions we can see that the coarse grain paral-
lelism, OMP2/3, gives better performance than the loop-level parallelism, OMP1. Using
only static scheduling over the blocks gives a poor load balance. The dynamic-clause
improves the load balance but introduces non-locality of data increasing the number of
remote accesses (and cache misses). Even if the grid does not change the individual
blocks can be processed by different threads from one iteration to another. Using static
scheduling with chunk-size one gives both good load balance and data locality, i.e., the
blocks are always processed by the same threads even if the grid changes. As long as the
number of blocks is significantly larger than the number of threads this strategy works
well. The OMP3 version optimizes the load balance and gives data locality as long as the
grid does not change. When the grid changes a partitioning algorithm “re-distributes”
the blocks giving more remote data accesses. Compared to MPI the performance is sig-
nificantly poorer. The computational work in the blocks is small compared to the serial
(single thread) regions and the thread synchronization overheads.

Trying to improve the results (OMP3) by using different load balancing methods
had little effect on the performance, the run times were not affected. The inherent over-
heads in OpenMP were much larger than the differences in load balance and communi-
cation requirements (edge-cut) produced by the different load balancing methods. Also,
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using SUN’s migrate-on-next-touch, madvise(3C), command to move pages close
to threads to ensure correct data placement and avoid remote memory accesses, did only
give 2-3% improvement in run time.

The first test case has too small blocks for efficient parallelization with OpenMP,
still it shows some interesting characteristics. The second test case has much larger
blocks, suitable for loop-level parallelism. Moreover, the number of blocks is small
which makes it hard to load balance on block-level. These two features favor OpenMP
as we can see from the results below. In Figure 5(a) we can see that the coarse level
parallelism with MPI only gives a maximum speedup of 4.4 using 8 processors, one
processor per block. The performance is completely dominated by the load imbalance.
Adding more threads to the processes now improves the performance considerably giv-
ing a maximum speedup of 14 for 4 processes and 6 threads. The effects of the load
imbalance can still be seen. Comparing the different OpenMP versions, Figure 5(b), we
can see that the loop-level parallelism OMP1 performs best as the block-level variants
OMP2/3 do not scale above 8 threads. In this case we can see that the load imbalance ef-
fects in OMP2/3 are of the same magnitude as the synchronization overheads in OMP1,
the performance is similar up to 8 threads.

Fig. 5. Test case 2, speedup of different implementations.

We have here compared different parallelization models for implementing struc-
tured adaptive mesh refinement. The results show that no particular model is the op-
timal. The results depend on the application and system state. These results confirm
the conclusions from [14] where they state that no programming model, comparing
different mixes of OpenMP and MPI in general, is the ideal model for all codes and
applications. In an adaptive mesh refinement application the state can change during
the simulation, hence giving benefit to different models or mixes of MPI and OpenMP
during the same run. We therefore, in the next section, suggest a dynamic model that
adapts the number of threads per process during the run and gives a good performance
even if the state of the application changes.
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5 Dynamic Threads in a Mixed MPI-OpenMP Model

All the previous approaches have some drawbacks making them non-optimal in differ-
ent settings. A parallelization on the block-level has limited parallelism dictated by the
number of blocks. A parallelization on the grid point level, i.e. within the blocks, has
many synchronization points. Moreover, some blocks may be too small to parallelize
giving too high parallel overheads. A static mixed coarse-fine level parallelization in-
creases the parallelism compared to block level parallelization and decreases the parallel
overheads compared to parallelization on the grid point level. Still, some blocks may be
too small to parallelize with a fixed number of threads while some other blocks may be
large enough to benefit from using additional threads than were given from start.

We suggest a dynamic MPI-OpenMP approach that sets the number of threads for
each block individually depending on the size of the block. We can partition the grids
assigning the blocks to the MPI-processes and then spawn an appropriate number of
threads for each block in run time (using the functionOMP_SET_NUM_THREADS before
each parallel region). The most obvious strategy is to set the number of threads propor-
tional to the number of grid points in the blocks. In our case the blocks have the same
number of grid points at one level and are coarsened or refined with a factor of two in
each space dimension between the levels. In two dimensions the workload differs with a
factor of four between two levels. We can then assign 1 thread at level 0 grids, 4 threads
at level 1 grids, 16 threads at level 2 grids, and so forth. With this approach we get the
same work load per thread and each block can be processed in unit time, approximately.
(We will refer to this approach as MPI-OMP-DYN1.) But, the parallel overheads grows
significantly with the number of threads and the benefit of exploiting the low-level par-
allelism is lost if we use too many threads. Thus, a better strategy is to use less threads
on the largest grids, e.g. we can use 1 thread on level 0 grids, 2 threads on level 1 grids
and 4 threads on level 2 grids, and then give the blocks appropriate weights (1,2 and 4)
before load balancing between processes. (We will refer to this version as MPI-OMP-
DYN2.) More generally, one can have a theoretical model for distribution of threads
to blocks. What the optimal number of threads per block is depends on the absolute
block sizes (not relative) and the computer system (synchronization overhead, cache
performance, thread allocation time, etc).

In Figure 6(a), test case 1, we can see how the MPI-OMP-DYN1/2 versions per-
form compared to the strict MPI and OpenMP (OMP1) versions. The MPI-OMP-DYN1
version has perfect load balance but using up to 16 threads per block gives very high
overheads, as discussed above. The MPI-OMP-DYN2 uses only 4 threads on the largest
blocks and gives almost as good performance as strict MPI, which is optimal for this
test case with many small blocks. For the second test case, the dynamic model (MPI-
OMP-DYN2) gives the best scaling, see Figure 6(b). These two test cases demonstrate
that the dynamic approach can adapt to different application states and give good per-
formance in all stages. While the static approaches can be better in some settings they
can fail to give good performance in others. In an adaptive mesh refinement code the
state changes continously.
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Fig. 6. Speedup of mixed MPI-OpenMP with dynamic thread allocation.

6 Conclusions

We have compared different parallelization models using MPI and OpenMP for struc-
tured adaptive mesh refinement. We have used coarse grained parallelization with MPI
over the blocks and fine grained parallelization using OpenMP within the blocks. We
have also tested different mixes of nested parallelization combining the two approaches
above. Our results show that no static parallelization model is optimal in all cases. De-
pending on the system and application state different models gave the best performance.
Many small blocks favor the coarse grain MPI parallelization while few large blocks
were in favor for the fine grain OpenMP model. With this as background we suggest a
new dynamic model that adapts to the solver. It is a mixed MPI-OpenMP model that al-
locates threads dynamically and independently within the different MPI processes. The
number of threads varies during run time depending on which block is processed. Large
blocks with high work load are assigned many threads and small blocks few threads.
In an adaptive mesh refinement application the block sizes (and numbers) change dur-
ing the run time shifting preference for different parallelization models. The dynamic
MPI-OpenMP approach is an attempt to meet these needs and the results from the ex-
periments are promising, even though more experiments are needed to fully explore
its properties. Testing on other SAMR approaches, e.g., applied to the Berger-Collela
method, and running on other computer system, e.g., clusters of SMP’s, would be in-
teresting. In connection, a theoretical model of how to choose the optimal number of
threads per block depending on the grid size, numerical solver, and computer system
would be very useful to explore. We consider this as continued work and research on
the subject.
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Abstract. In this paper we report on our experiences with hybrid par-
allelism in PARDISO, a high-performance sparse linear solver. We start
with the OpenMP-parallel numerical factorization algorithm and re-
organize it using a central dynamic task queue to be able to add message
passing functionality. The hybrid version allows the solver to run on a
larger number of processors in a cost effective way with very reasonable
performance. A speed-up of more than nine running on a four-node quad
Itanium 2 SMP cluster is achieved in spite of the fact that a large po-
tential to minimize MPI communication is not yet exploited in the first
version of the implementation.

1 Introduction

Hybrid parallelism (i.e., the combined usage of shared memory and message
passing programming paradigms) seems to be a perfect fit for the hierarchical
organization of today’s popular SMP cluster systems. In most previous reports
on the merits of hybrid parallelism (e.g., [12, 2, 1, 8]), existing MPI applications
have been extended with OpenMP shared memory programming constructs.
Often the authors arrive at the conclusion that the performance of pure MPI
programs is generally somewhat better than those of their hybrid counterparts.
Still, a hybrid approach might be advantageous in certain circumstances, such
as when the MPI code scales poorly or when replication of the dataset limits the
number of MPI processes per node.

In this paper we report on our experiences with the other path to hybrid
parallelism: We start with PARDISO, a shared memory parallel direct solver
for large sparse systems of linear equations [7] that has recently been included
into the Intel Math Kernel Library (MKL) [5]. In order to support message
passing, we introduce a modified version of the OpenMP-parallel central numer-
ical factorization algorithm that accounts for most of the solver’s runtime. The
modified version uses a dynamic task-queue instead of OpenMP’sparallel for
construct for work sharing. The introduction of message passing functionality is
then straightforward by adding new tasks related to message passing.
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The rest of the paper is organized as follows: Section 2 provides some general
information about PARDISO and describes the current OpenMP implementa-
tion of the central numerical factorization algorithm. Section 3 describes the
new task-queue based implementation of this algorithm which is the basis for
the message passing extensions described in Section 4. Then, in Section 5, we
compare the performance of the different incarnations of our implementation
(sequential, pure OpenMP, pure MPI, and hybrid OpenMP+MPI) on a number
of test matrices. Finally, Section 6 concludes and discusses future work.

2 The Sparse Direct Solver PARDISO

PARDISO is a high performance direct solver for sparse systems of linear equa-
tions which arise in application areas such as semiconductor device simulation.

In this work we are only concerned with PARDISO’s supernodal1 left-right
looking numerical factorization algorithm that accounts for most of the runtime
of the solver. For a comprehensive discussion of PARDISO please consult [9–11].

Fig. 1. Block-based LU factorization (left) and example sparse matrix with supernodes
{A,B}, {C}, {D,E}, {F}, {G,H,I}, {J}, {K,L} (right).

To motivate the algorithm used by PARDISO consider the block-based LU
factorization depicted in Fig. 1. In the elimination step, the block row
and the block column are computed by performing the following operations:

1.

2.

The external modifications (‘updates’) of the block columns of L and block
rows of U:

The internal factorization of the diagonal block of to obtain the factors
and followed by the internal factorization of the block columns of L

and rows of U:

1 A supernode is defined as a group of consecutive rows/columns with similar non-zero
structure.
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Similar operations are performed in the supernodal approach used by PAR-
DISO. However, instead of one external update involving all previously factored
blocks (all blocks to the left), the update is split into several smaller supern-
ode updates, of course only the non-zero supernodes need to be considered in
this case. For example, in the sparse matrix shown in the right part of Fig. 1,
supernode {D,E} is updated by {A,B} but not by {C}.

The original implementation of this algorithm is shown in Fig. 2 where
denotes the number of outstanding external updates on supernode is the
set of all supernodes that are updated by supernode and holds all ‘ready’
supernodes that update supernode

The algorithm is called left-right looking, because for the factorization of
supernode all updates from ‘left’ supernodes are considered (i.e, those with
smaller index) and as soon as the factorization of is finished, all ‘right’ supern-
odes that are updated by are informed that is ready.

Fig. 2. PARDISO’s original factorization algorithm.

It is not obvious how the algorithm shown in Fig. 2 can be extended with
message passing functionality. The easiest way would be to use one OpenMP
thread for MPI communication that could not participate in the main work-
sharing for loop. Our approach is instead the re-organization of the algorithm
using a central task-queue as described in the next section. Sending and receiving
messages can then be handled quite easily by adding new task types related to
message passing.

3 Task-Queue Based Re-organization

The central data structure of the new OpenMP version is a task-queue (a linked
list of task descriptors). Fig. 3 shows a statechart of the new algorithm. The
task-queue is initialized with all supernodes that are ready to be factored (i.e.,
those that do not require any external updates). Then, until all supernodes are
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Fig. 3. Statechart of the new OpenMP factorization algorithm.

factored, each thread fetches a task descriptor from the head of the queue and
performs the associated action.

There are two types of tasks: is the internal factorization of the
supernode After the factorization of supernode is finished, tasks
are enqueued for all supernodes that are updated by supernode

The tasks are the second type of tasks. A thread that performs
an task checks if there are further outstanding tasks. If
this is not the case, the supernode is ready to be factored and a task
is enqueued.

In contrast to the original version, the new OpenMP version has the ad-
vantage of better load balancing since the fine grained tasks are dynamically
distributed to the whole thread set. A potential disadvantage is the increased
requirement for thread synchronization. Access to the task-queue is protected
by using OpenMP’s critical section construct. Furthermore, concurrent updates
to the same supernode by different threads are avoided by using OpenMP locks.

Table 1 shows a performance comparison between the original and the new
OpenMP version for the six test matrices listed in Tab. 2. Evidently, the new
version is about ten percent slower for two threads and around 20 percent slower
for four threads. The difference can be attributed to the increased synchroniza-
tion requirements mentioned and a less advantageous order of the supernode
updates with respect to cache misses.

4 Adding Message Passing Functionality

It is straightforward to add message passing functionality to the implementation
described in section 3. The statechart of the hybrid version is shown in Figure 4,
the new states related to MPI are shown in grey. Each MPI process consists of
a number of OpenMP threads and “owns” a number of supernodes, implying
its responsibility to perform all external updates on those supernodes as well
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as the internal factorization. The assignment of supernodes to MPI processes is
currently a simple static round-robin assignment.

Similar to the OpenMP version, the task-queue of each process in initialized
with the supernodes that are ready to be factored. However, in the MPI version,
each MPI process only adds the supernodes it owns. Furthermore, when process

factors supernode it enqueues only those tasks that affect the
supernodes owned by In addition sends the supernode (i.e., the L and
U factors and pivoting data) to all other MPI processes that own supernodes
that are updated by

Fig. 4. Statechart of the hybrid OpenMP/MPI factorization algorithm.
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To overlap communication with computation, asynchronous MPI operations
are used. When an MPI process transfers a supernode to process it first
sends an integer denoting the affected panel. Then it posts asynchronous send
(MPI_Isend()) operations that transfer the actual panel data (the L and U
factors and pivoting data).

On the receiving side, on each iteration of the main work loop, a thread first
checks for incoming MPI messages. If an MPI_Iprobe() indicates an incoming
supernode the thread posts corresponding asynchronous receive operations
(MPI_Irecv()) for the L and U factors of the supernode and for the pivoting
data. It then creates a task and places it on the task-
queue. Then the thread proceeds as usual with its iteration of the work loop.

When a thread fetches a task from the queue, it uses
MPI_Testall() to check whether all asynchronous operations related to panel
have finished. If this is not the case, the task is put back in the queue. Otherwise,
all local tasks are enqueued just as if the panel would have been
factored locally.

5 Results

The new OpenMP approach and the message passing extensions have been im-
plemented in a way that allows us to derive four different versions of the applica-
tion from the same source code. seq   is the sequential version, is the pure
OpenMP version with threads, is a pure MPI version with MPI
processes on each of nodes and is the hybrid version running on

nodes with MPI processes on each node that consist of OpenMP threads.
The programs were tested on an Itanium 2 cluster with four nodes. Each

node ist built up of four Itanium 2 (‘Madison’) Processors with 1.3 GHz, 3
MB third level cache and 8 GB of main memory. The nodes are connected by
Mellanox 4x Infiniband [3] HCAs. We used MVAPICH (based on MPICH 1.2.5,
OSU patch 0.9.2) and the Intel C and Fortran compilers in version 7.1. The tests
were performed with the matrices shown in Tab. 2.
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Fig. 5. Speedup relative to the sequential version.

Fig. 5 shows the speedup of various versions of our programs relative to the
sequential version. The following conclusions can be derived:

The MPI version is usually slightly slower than the OpenMP version on the
same number of processors, the hybrid version is in between.
The larger processor configurations perform better on the larger matrices.
The hyb.1:2 (4) variant is usually slightly faster than the hyb.1.4 (2)
version. This indicates that the decreased memory bus load (for two threads
on one node) outweighs the additional message passing requirements.
A speedup of more than nine can be achieved using a hybrid version running
on all 16 processors.
MPI variants with more than one MPI process on a node (not shown in
Fig. 5) usually perform worse than variants with only one MPI process per
node (e.g., mpi.1 (4) vs. mpi.2 (2)). This is due to the large memory
requirement of the program (more than five GB for the largest matrices)
and the fact that all data is replicated by the MPI processes.
We additionally measured the communication time using mpiP [6]. Depend-
ing on the particular input matrix, the total aggregated time spent in MPI
functions is in the range of 5–9%, 7–15% and 10–20% for 2, 3 and 4 MPI pro-
cesses, respectively. The number is typically smaller for larger matrices and
higher for the smaller exemplars. The most MPI time (around 30%) is spent
in theMPI_Iprobe function (which is called very frequently). The receive
operations for the panel (despite being asynchronous) and the MPI_Testall
to check whether the panel has been transferred also contribute significantly.
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6 Conclusion and Future Work

We have presented our experiences with the hybridization of an application
using OpenMP work-sharing constructs. Our approach was to re-organize the
application to use a central task-queue instead of the work-sharing constructs.
This yields a very flexible solution and it is then straightforward to add message-
passing extensions.

Adding message passing capabilities allows the solver to run on a much larger
number of processors beyond the confines of a single SMP system. We have shown
that reasonable performance can be achieved with a speedup of more than nine
on 16 processors.

A number of optimizations have not yet been implemented in the current
version of our hybrid code. Most notable, PARDISO already uses METIS [4]
for graph-partitioning in its two-level scheduling approach [9] to optimize cache
misses. This partitioning will be very effective to minimize the number of mes-
sages sent between processes once it is included in the hybrid version.
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Abstract. A parallel extension to the Python language is introduced
that is modeled after the Co-Array Fortran extensions to Fortran 95. A
new Python module, CoArray, has been developed to provide co-array
syntax that allows a Python programmer to address co-array data on
a remote processor. An example of Jacobi iteration using the CoArray
module is shown and corresponding performance results are presented.

1 Introduction

There have been several attempts at extending programming languages for use in
a parallel processing environment. These language extensions include, but are not
limited to, C* [1], Unified Parallel C (UPC) [2], Titanium (a Java extension) [3],
F– –(a Fortran 77 extension) [4], High Performance Fortran (HPF) [5], and Co-
Array Fortran (CAF) [6]. The existence of these parallel extensions indicate the
popularity of the idea, but as yet, none have had the nearly universal acceptance
of MPI [7] as a parallel programming model.

The Python language [8] provides a rapid prototyping environment and sev-
eral extension modules (mostly serial) have been created for the scientific com-
munity [9]. A notable Python feature is that many elements of the language can
be modified and extended, allowing tool developers to use existing syntactic ele-
ments to express new, more sophisticated operations. Furthermore, Python can
be extended with “plugin” modules implementing these new linguistic features,
rather than requiring a new or modified compiler. Portability is dictated by the
portable implementation of these specific modules, unlike the significantly larger
compiler suites for earlier parallel languages and extensions.

In this research note, we present a parallel Python extension module,
CoArray, as a way of providing co-array notation and functionality to Python
programmers. A co-array is a local data structure existing on all processors ex-
ecuting in a Single Program Multiple Data (SPMD) fashion. Data elements on
non-local processors can be referenced via an extra-array dimension, called the
co-dimension.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 632–637, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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In this implementation, the Aggregate Remote Memory Copy (ARMCI) li-
brary [10] is used to facilitate memory transfer between co-array elements exist-
ing in memory on remote processors. ARMCI has also been used to implement
the Global Array library, GPSHMEM – a portable version of Cray SHMEM
library, and the portable Co-Array Fortran compiler from Rice University [11].
ARMCI provides simpler progress rules and a less synchronous model of RMA
than MPI-2.

2 Co-array Python Implementation

The CoArray Python module implements co-arrays as an extension to Numeric
Python [9], though other Python numerical array libraries could be used. The
Numeric third-party module provides higher performance than do standard
Python arrays. CoArray extends the Python array syntax by adding a set of
parentheses (the co-dimension) to the standard array notation. For example,
consider a two dimensional array A and a load operation from A into the scalar,

from row and column If T is a co-array, then a similar load
operation would be expressed as except in this case, the scalar
is loaded with data from row and column on processor not necessarily
the local processor. Note that the co-dimension appears within parentheses
to distinguish it from the normal Python array indices appearing within square
brackets.

While this example illustrates load and store operations for a scalar, the truly
powerful features are slicing operations. Using Python slices, one can transfer
entire regions of a co-array in a single Python statement. For example, the state-
ment T(0)[–1,:] = T[0,:] puts the entire first row from T to the last row (index
of -1) of T on processor 0. Assuming that the local processor index is 1, this
could also have been written as T(0)[–1,:] = T(1)[0,:].

The CoArray module uses the ARMCI library to transfer data (although
nothing prohibits it from being implemented on top of other data-transport
layers). ARMCI provides general-purpose, efficient, and widely portable remote
memory access (RMA) operations (one-sided communication). ARMCI opera-
tions are optimized for contiguous and noncontiguous (strided, scatter/gather,
I/O vector) data transfers. It also exploits native network communication in-
terfaces and system resources such as shared memory [12]. Because very little
processing occurs in Python, and because no extra copies of data are made
(memory for the Numeric arrays are actually allocated by ARMCI), memory
transfer operations using the CoArray module are roughly comparable to a C
implementation, as will be shown in the example in next section.

It should also be noted that the local portion of a co-array can easily be shared
with C as pointers to local co-array data are readily available. In addition, using
the Chasm array descriptor library [13], one can assign local co-array data to an
assumed shape, Fortran 90 array pointer.
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2.1 Implementation Details

The key to the parallel CoArray module implementation is the Python __call__,
__setitem__ and __getitem__ methods. The __call__ method is invoked by the
interpreter when the co-dimension is selected (using parenthesis notation) and
returns the local Numeric array if the co-dimension index is local or a proxy
to the remote co-array otherwise. The __setitem__ method is invoked when the
normal array dimensions are selected (using square bracket notation) on the left
side of an assignment statement. When __setitem__ is called on a remote proxy,
the ARMCI library is used to put data to the remote co-array. Likewise, when
__getitem__ is called on a remote proxy, the ARMCI library is used to get data
from the remote array. Otherwise, the __getitem__ and __setitem__ methods are
forwarded to the local Numeric array.

3 Co-array Python Example

To illustrate the simplicity and expressive power of Co-Array Python syntax,
we consider the two-dimensional Laplace equation on a square of size (M ×M).
We cut the square into horizontal strips by dividing the first dimension by the
number of processors N=M/nProcs. Each processor allocates its own co-array,

which contains a local strip with a halo of width one. The halo values on the
boundary of the global square enforce Derichlet boundary conditions, but the
halo values on interior boundaries, row boundaries in our case, must be updated
with data from neighboring strips after each iteration.

The following variables are defined:

where me is the local processor index and up and dn are the neighboring processor
indices on which the logically up and down array strips are allocated. As can be
seen by the use of the pyMPI [14] module elements, mpi.size and mpi.rank,
the CoArray module has been designed to be used with MPI.

The inner, iterative Python loop, executed in SPMD fashion by each proces-
sor, is:
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Each processor replaces each value in its local strip by the average of the
four surrounding values. Standard Python syntax allows us to represent this
averaging in very compact notation (lines 2-3, above). The first two terms on
the right side represent values up and down and the last two terms represent
values left and right. This code corresponds to a true Jacobi iteration because the
Numeric Python array module computes the entire result on the right side of the
statement before storing the result to the left side. A Jacobi iteration written in
C requires two arrays to avoid polluting the new solution with partially updated
values. Two arrays are not needed in Python because temporary arrays are
created as binary expressions on the right side of the equation are evaluated.

No communication between processors takes place during the averaging. It is
all local computation. To update the halos after averaging, we need two barriers.
The first barrier guarantees that all processors have finished computing their
average using the old values before any processor updates the halos with new
values. The second barrier guarantees that all processors have finished updating
halos before any processor performs the next average using the new values.

We also coded the example in Python, using the pyMPI module, and in C
with MPI to compare with Co-Array Python. We ran all three versions on a
dual processor Macintosh G4 (1 GHz, 1.5 Gbyte) using Mac OS X version 10.3.2
and Python version 2.3. We used LAM/MPI version 7.0.4 for the C and Python
code and ARMCI version 1.1 for the Co-Array Python code.

Table 1 shows timing results. Note that communication times for Co-Array
Python are much shorter than those for pyMPI due to the need for Python to
serialize (pickle) every message before sending it. This requires a heap allocation,
a copy, and additional processing [14]. Co-Array Python is able to send data with
no extra memory copies and communication times are roughly two times those
of the C version.

Code complexity is an important metric for evaluating programming models.
The Co-Array Python code requires less than half the number of statements,
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six versus thirteen, to represent data transfer compared with the pyMPI code.
The additional code in the MPI version was required to avoid synchronization
deadlock.

Although not encountered in this simple example, the C MPI version would
require an additional level of complexity, if data were partitioned across proces-
sors by blocks, rather than by strips. This would require the transfer of noncon-
tiguous halo data along columns by the use of an MPI_Type_vector to specify
strides. The Co-Array Python module transfers data stored in noncontiguous
memory transparently, as the module provides the necessary stride information
to the ARMCI library, rather than placing the burden on the user. This is also
true of the pyMPI version, although it would suffer the same performance penal-
ties discussed above.

4 Future Work

This research note describes an implementation of co-arrays in Python. The
co-array syntax provides a concise mechanism for implementing parallel appli-
cations while hiding the underlying communication details, making it ideal for
rapid prototyping. While computation was dominant in our simple example,
other algorithms exist where communication is more of a concern. Therefore,
we will pursue performance optimizations in the implementation of the CoArray
module to take advantage of asynchronous transfers to provide overlap with
computation.

Performance may be improved by changing when a data transfer occurs rel-
ative to when it is posted. An eager evaluation approach, which is currently
implemented, forces immediate transfer. Varying degrees of laziness in this eval-
uation could defer the actual transfer until a later time, possibly eliminating
them altogether if the data are not used. A lazy implementation of this ex-
tension could take advantage of data locality of several posted communication
requests to aggregate multiple small communication requests into larger, coarser
grained messages that perform well on modern communication hardware.

Finally, we would like to implement the CoArray module in C for perfor-
mance and on top of other communications libraries to broaden the number of
users who can take advantage of this library, with particular attention to com-
patibility with extensions and tools included as part of the Scientific Python
(SciPy) distribution [9].
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Abstract. We describe how the ASSIST parallel programming environ-
ment can be used to run parallel programs on collections of heterogeneous
workstations and evaluate the scalability of one task-farm real applica-
tion and a data-parallel benchmark, comparing the actual performance
figures measured when using homogeneous and heterogeneous worksta-
tion clusters. We describe also the ASSIST approach to heterogeneous
distributed shared memory and provide preliminary performance figures
of the current implementation.

Introduction

Keywords: Structured parallel programming, heterogeneous worksta-
tion network, shared memory.

1

A notable problem when dealing with parallel programming environments is
the ability to produce code for heterogeneous networks/clusters of workstations.
Although some versions of MPI (e.g. LAM-MPI) allow heterogeneous collections
of PEs to be used, other versions do not support such feature, nor it is supported
by most of the other parallel programming systems, including HPF.

ASSIST is a parallel programming environment based on the concepts of co-
ordination languages and algorithmical skeletons, recently developed at the Uni-
versity of Pisa [1,2]. The latest version (1.2) of the ASSIST programming environ-
ment supports both interoperability with other classical distributed-processing
frameworks (e.g. CORBA) and the possibility to run portions of the same ap-
plication on machines with different processors and operating systems.

The former is presented in [3], so this paper presents the latter. In Sect. 2
we discuss the current implementation of point-to-point communication and
shared memory in an heterogeneous environment, highlighting strengths and
weaknesses. In Sect. 3 the performance obtained running existing ASSIST appli-
cations and benchmarks on heterogeneous platforms are evaluated and compared
with those obtained on homogeneous ones. Sect. 4 surveys related work.

* This work has been supported by the Italian MIUR FIRB Grid.it project, n.
RBNE01KNFP, on High-performance Grid platforms and tools; the Italian MIUR
Strategic Project L.449/97-2000, on High-performance distributed enabling plat-
forms.
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2 Heterogeneous Network/Cluster Targeting

The ASSIST compiler can produce code running onto an heterogeneous clus-
ter/network, composed of processing elements with different processors (word
size, endianness) and/or different operating systems. In the experiment section
we will show that the incurred overhead is tolerable, therefore efficiency and
performance figures are preserved w.r.t. the homogeneous case.

The compilation process has been designed [2,4] to generate code for hetero-
geneous clusters/workstation networks1. When compiling for an heterogeneous
platform, the ASSIST compiler produces a full set of object files for every config-
ured architecture, and a global configuration file, that can be used to start the
application on a set of heterogeneous computing nodes, by means of a simple
invocation of the ASSIST loader. In an heterogeneous run, processes participat-
ing in the computation of the same ASSIST-CL parallel pattern (e.g. task farm,
pipeline, parmod, ...) can be scheduled on processing elements having different
CPU/operating system combinations, with minimal performance impact.

The ACE library [5] provides an hardware and operating system abstraction
layer to the ASSIST runtime. It also provides standard routines, based on the
CDR format (a flavor of XDR), to exchange data between processing elements
with different architectures, preserving their original semantics independently of
the endianness or of the machine word size used on the different machines. The
provided routines handle all CORBA basic types (octets, integers, floating point
values, . . .) as well as unidimensional arrays of basic types. The ASSIST com-
piler inductively builds the conversion routines for more complex data structures
(structured types, multidimensional arrays), using the ones for the basic types.
This process (unlike in MPI), is done at compile time, and exploits the inlining
facility of the native C++ compiler, so the produced conversion routines are
quite fast. The CDR protocol prescribes that the sender doesn’t encode data,
but enriches the message with its byte-order. The receiver compares the sender
byte-order with its own, and if they are different, applies the conversion.

The CDR based approach incurs only one significant overhead: since the
memory layout of the data structures that must be communicated can be differ-
ent on different architectures even if the byte-order is the same (due to word-size
or alignment requirements), the protocol defines an architecture independent lay-
out, that can be interpreted on every supported architecture. So data structures
must be copied when sending and when receiving, even if byte-order conversion
is not needed. This enlarges the memory footprint of the parallel program (a no-
ticeable effect if the communicated structures are large), and can produce cache
pollution effects.

We are currently working on an heterogeneity-enabled version of the shared
memory library integrated in ASSIST [6]. The library provides the ASSIST pro-
grammer with a set of primitives that allow to allocate, read, write and deallocate

1 Although at the moment only Linux and MacOS X machines has been configured
and tested, the ASSIST compiler and runtime support already contains all the hooks
needed to target other architectures/operating systems (namely the ones supported
by the Hardware Abstraction Layer, based on the ACE library).
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Fig. 1. Comparison of homogeneous and heterogeneous performance figures.

segments of distributed shared memory. Types are necessary in order to select
the proper conversion routines, so we defined a typed API for the shared memory
operations, exploiting the C++ template mechanism. In the implementation we
reused the same conversion routines built for inter-process communication, but
with a different philosophy: in the interaction through shared memory, the mem-
ory itself plays the role of a third party between the interacting entities, unaware
of the data type that is being exchanged. Moreover, the receiver doesn’t know
the identity of the sender (it can happen that different entities write different
entries in one array and a single entity read the array as a whole). To arrange for
this, we decided to always encode data written to the shared space in an exter-
nal data format, with a well defined layout and byte-order, and symmetrically
decode data read from the memory. The chosen layout guarantees that all the
elements of an array have the same layout (surprisingly, this is not true for plain
CDR layout, when dealing with structured data types), in order to be able to
read/write portions of arrays.

3 Performance Evaluation

We are going to show experimental results concerning application scalability,
comparing the performance figures obtained with an homogeneous platform with
those obtained with an heterogeneous one.

Environment. The homogeneous tests are run on a cluster of 8 Pentium IV
2GHz, equipped with 512MB of RAM and interconnected by 100/1000 Mbit/s
Ethernet.

The heterogeneous tests are run on a cluster of 4 Pentium IV (same configu-
ration), a fast PowerPC G4 (l.5GHz, 512MB RAM, 100/1000 Mbit/s Ethernet)
and a slower one (800MHz, 256MB RAM, 100 Mbit/s Ethernet).

Apriori algorithm. The first algorithm we tested is a parallel implementation the
Apriori data mining algorithm [7] for finding association rules in a transaction
database. The transaction database is split in a stream of partitions that feeds
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a task-farm; the farm workers compute the frequent itemset independently in
each partition, and then the partial results are accumulated to build a superset
of the solution; in a second parallel scan of the database (another task-farm
working on the stream of partitions) the partial solutions are ranked and a com-
plete solution is found. In this implementation, the database partitions are sent
over the ASSIST streams, to exploit the data conversion mechanisms between
heterogeneous architectures.

The scalability for the homogeneous and the heterogeneous executions are
compared in figure 1-left. The heterogeneous machines have different compu-
tational power: the Pentiums can process 4478 transactions per second, while
the fast and the slow PowerPC can process respectively 5079 and 2174 transac-
tions per second. The heterogeneous configurations tested are all the prefixes of
the sequence [Pentium, fast PPC, Pentium, slow PPC, Pentium]. For different
heterogeneous configurations, we computed the ideal bandwidth (x axis) as the
sum of the bandwidths of the machines employed, and measured the delivered
bandwidth (y axis). The curve obtained for the heterogeneous case is comparable
with the homogeneous one. It departs from the ideal (reaching 0.9 of efficiency)
only when the machine with slow NIC is employed: the application, in fact, has
high network bandwidth requirements, and the introduction of a node with a
slow network slightly decreases the efficiency of the task distribution process.

Data-parallel benchmark. The second algorithm tested is a synthetic data-paral-
lel benchmark, with a variable communication stencil and featuring a good com-
putation to communication ratio The benchmark implements an iterative com-
putation over a square matrix M: at iteration the row of M is broadcast
to all the processing elements; the new value for the matrix is computed as

The ASSIST support currently implements only a naive partitioning strat-
egy for data-parallel computations, in which all the partitions have the same
size, even if the computation power of the employed machines differs. We can
therefore compute the speedup of the program against the sequential time of
the slowest machine. The sequential times for Pentiums, fast PPC and slow
PPC were respectively 529,113 and 197 seconds. The difference in the execution
times between the Pentiums and the PowerPCs is considerable: the Pentiums
are disadvantaged in number crunching codes because of the small number of
general registers; register pressure, in fact, prevents the compiler from optimizing
complex matrix access patterns.

The heterogeneous configurations tested are all the prefixes of the sequence
[Pentium, fast PPC, Pentium, slow PPC, Pentium, fast PPC again]; in the maxi-
mal configuration we mapped two workers on the fastest machine, that otherwise
would be idle most of the time. Figure 1-right displays the speedups obtained
in homogeneous as well as heterogeneous runs. The overhead introduced by het-
erogeneity is negligible (less than 5%). The inability to adjust the partition sizes
proportionally to the machine powers, instead, is limiting; moreover the solution
of running more workers on faster machines introduces some inefficiencies (the
heterogeneous speedup curve, in fact, loses linearity when the second worker is
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added). We are now considering to enhance the partitioning strategy to handle
computational power heterogeneity, as well as dynamic changes in the available
computational power.

Shared memory performance. Here we
provide the first performance results
regarding the described implemen-
tation of the heterogeneous shared
memory library integrated in ASSIST.
The benchmark employed allocates
one segment of shared memory (10M
integers); several processes in parallel
read randomly chosen chunks (16k in-
tegers) of this memory and write them
in other locations. The accesses are
not synchronized. Figure 2 shows the
aggregate bandwidth of the shared
memory varying the parallelism de-

Fig. 2. Performance of the shared memory
library (#clients = #servers – 2).

gree (number of servers) on the l00Mbit/s network, both in homogeneous runs
and in heterogeneous ones (the heterogeneous configuration has been enriched
with two more Pentium IV machines, hosting two memory servers). The over-
head introduced is always less than 6%, and decreases when the number of servers
increase.

4 Related Work

PBIO [8] is a flexible communication library that handles heterogeneous com-
munications using sender’s native data representation: the receiver translates
the message only if necessary, basing the decision on a message prefix describing
the data format. Our approach, instead, adopts a consistent data layout, that
is useful when we extend to shared memory. Mermaid [9] is the first example
of an heterogeneous, transparent page-based DSM; in this scheme data is repre-
sented in the page holder’s native form: this introduces several difficulties and
limitations in the architectures that can be supported. Heterogeneous DSMs can
benefit of type safe and reflective languages like Java. JavaDSM [10] is a proto-
typical implementation of a DSM that offers a single JVM image over a cluster
of possibly heterogeneous workstations.

5 Conclusion

In this paper we described ASSIST support to heterogeneity, i.e. the ability to
produce code for heterogeneous networks/clusters, and run portions of the same
application (and even of the same parallel pattern) on machines with different
processor architectures and operating systems.

We discussed the implementation of point-to-point communications, high-
lighting its strengths and weaknesses; we provide experimental evidence that
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this approach incurs in tolerable overhead, comparing the performance figures
obtained by heterogeneous runs to those obtained by homogeneous ones of a
real task-parallel program (the Apriori data mining algorithm) and a synthetic
data-parallel benchmark.

Finally, we extended the approach to the shared memory library integrated
in ASSIST and presented first experimental results showing that the impact of
data translation on the achieved performance is small.
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Abstract. This paper addresses a new framework for designing and implement-
ing skeleton libraries, in which each skeleton should not only be efficiently im-
plemented as is usually done, but also be equipped with a structured interface
to combine it efficiently with other skeletons. We illustrate our idea with a new
skeleton library for parallel programming in C++. It is simple and efficient to use
just like other C++ libraries. A distinctive feature of the library is its modularity:
Our optimization framework treats newly defined skeletons equally to existing
ones if the interface is given. Our current experiments are encouraging, indicat-
ing that this approach is promising both theoretically and in practice.

Keywords: Skeletal Parallel Programming, Optimization, Program Transforma-
tion, Fusion Transformation, Bird-Meertens Formalism.

1 Introduction

The increasing popularity of parallel programming environments, such as PC clusters,
calls for a simple model and methodology that can assist programmers, including those
who have little knowledge of parallel architecture and parallel algorithms, to develop
efficient and correct parallel programs to solve various kinds of problems. Skeletal par-
allel programming, first proposed by Cole [1] and well-documented in [2], is such a
methodology for building parallel programs in terms of a set of useful ready-made
components (parallel primitives) called skeletons. Skeletons are generic and recurring
patterns of parallel processing, whose parallel implementations are hidden from the pro-
grammers. These skeletons cannot only be efficiently implemented on various parallel
architectures, but also be suitable as the target for systematic development by human
[3–6].

The importance of equipping existing popular languages (like C or C++) with a
well-structured skeleton library has been recognized [7–11], with which one can write
parallel programs as sequential ones that call the library functions. However, the skele-
ton programs are slow in comparison with those directly coded in MPI, and this is
an issue that prevents the skeletal parallel programming approach from being widely
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© Springer-Verlag Berlin Heidelberg 2004



A Fusion-Embedded Skeleton Library 645

used. In fact, the simplicity of each skeleton often gives rise to a complicated com-
bination of skeletons in a program, introducing a lot of data communication between
them. Although individual skeletons can be efficiently implemented, their combination
is inefficient unless the data communication between them can be eliminated.

There have been many attempts to apply transformation to optimizing combinations
of skeletons [12,13], where a set of transformation rules is defined, and an automatic or
semi-automatic rewriting system is designed to apply these rules. There have been two
problems with this approach. First, one would need a large set of rules to account for
all possibilities of their combinations. Second, introducing a new skeleton would lead
to large changes or extensions to the existing rule set. Lack of modularity causes these
problems.

This paper proposes a new framework for designing of skeleton libraries that guar-
antees efficient combinations of skeletons, extending the theory developed in [14] in
practice. Our idea was to associate each skeleton not only with an efficient parallel im-
plementation but also with an interface for efficient combination with other skeletons.
This interface contains information on how the skeleton consumes and produces its
data. This idea is not new in the functional community, where we have seen the success
of shortcut deforestation (fusion) [15] in optimizing sequential programs in Haskell
compilers. However, as far as we know, we are the first to introduce this idea to the
design of parallel skeleton libraries.

We designed and implemented a new skeleton library for skeletal parallel program-
ming in C++. Our skeleton library has the following new features.

Single Optimization Rule: Basically, we need just a single rule (Section 3) to opti-
mize combinations of skeletons in the library, thanks to their structured interface.
This is in sharp contrast to other transformation approaches [12,13], where a large
set of rules needs to be prepared. Furthermore, our rule can be applied to skeletal
parallel programs in any way required, guaranteeing the same result and termina-
tion.
Modularity: Our library allows new skeletons to be introduced without any change
to the existing optimization framework, and ensures their efficient combination
with existing skeletons in the library. This remedies the situation where transforma-
tion rules must take combinations of the skeletons with existing ones into account.
Simplicity: From the programmers’ point of view, as our library does not introduce
any new syntax, a programmer who knows C++ should have no trouble in using
it. We are able to construct a structured interface for the skeletons as well as apply
a general optimization rule concisely and quickly (Section 4) with the help of the
reflection mechanism provided with OpenC++ [16]. We found it very useful to use
meta programming in implementing the transformation, which, we believe, is worth
greater recognition in the skeleton community.

Our experiments in Section 4 demonstrate how promising our approach is.
In the rest of this paper, we will explain our idea based on the BMF data parallel

programming model [17,3], which provides us with a concise way of describing and
manipulating parallel programs. After briefly reviewing the notations and basic con-
cepts of BMF and skeletal parallel programming in Section 2, we show how to structure
skeletons by standardizing their consumption and production of data. We then give our



646 K. Matsuzaki et al.

general rule for optimizing the combinations of skeletons in Section 3. We highlight
our implementation of the library together with experiments in Section 4, and finally
conclude the paper in Section 5.

2 BMF and Parallel Computation

We will now address our idea on the BMF data parallel programming model [17,3].
Those familiar with the functional language Haskell [18] should have few problem in
understanding the programs in this paper. From the notational viewpoint, the main dif-
ference is that we have used more symbols or special parentheses to shorten the expres-
sions so that expressions can be manipulated more concisely.

2.1 Functions

Function application is denoted by a space and the argument which may be written
without brackets. Thus means Functions are curried, and application asso-
ciates to the left. Thus means A function application binds stronger than
any other operator, so means not Function composition is
denoted by a period. By definition, we have Function composition
is an associative operator, and the identity function is denoted by id.

Infix binary operators will often be denoted by and can be sectioned; an infix
binary operator like can be turned into unary or binary functions by

2.2 Parallel Data Structure: Join Lists

Join lists (or append lists) are finite sequences of values of the same type. A list is either
empty, a singleton, or the concatenation of two other lists. We write [] for the empty
list, for the singleton list with element (and [•] for the function taking to and

for the concatenation (join) of two lists and Concatenation is associative,
and [] is its unit. For example, [1] ++ [2] ++ [3] denotes a list with three elements, often
abbreviated to [1,2,3].

We also write If a list is constructed with constructor [] and :, we
call it a cons list.

2.3 Parallel Skeletons: Map, Reduce, and Scan

It has been shown [3] that BMF [17] is a nice architecture-independent parallel com-
putation model, consisting of a small fixed set of specific higher-order functions that
can be regarded as parallel skeletons suitable for parallel implementation. Important
higher-order functions are map, reduce, and scan.

Map is a skeleton that applies a function to every element in a list. It is written as
infix Informally, we have
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Reduce is a skeleton that collapses a list into a single value by repeatedly applying
a certain associative binary operator. It is written as infix /. Informally, for associative
binary operator and initial value we have

Scan is a skeleton that accumulates all intermediate results for computation of re-
duce. Informally, for associative binary operator and initial value we have

Note that this definition is slightly different from that in [17]; the there is assumed to
be the unit of In fact, efficient implementation of the scan skeleton does not need
this restriction.

2.4 An Example: Computing Variance

Consider, given the sequence computing its variance var by
where as a simple running example.

This computation can be described using skeletons in BMF as follows.

This BMF description is the best way of explaining our idea. In fact, to be processed by
our system, it should be written in C++ using our skeleton library as follows. Note that
the functions add, sub, and sq are defined by the user, and map1 is a variation of the
map skeleton designed to treat sectioning notation; map1 ( sub, ave ) corresponds
to

3 Shortcut Fusion on Skeleton Programs

To fuse the composition of skeletons into one to eliminate unnecessary intermediate
data structures passed between skeletons, one may develop rules to do algebraic trans-
formations on skeletal parallel programs like the authors in [12,13]. Unfortunately, this
would require a huge set of rules to take all possible combinations of skeletal functions
into account. In this paper, we borrow the idea of shortcut deforestation [15], which
optimizes sequential programs, and simplifies the entire set into just a single rule. The
idea is to structure each skeleton with an interface that characterizes how it consumes
and produces the parallel data structure, namely join lists.
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3.1 Structuring Skeletons

To manipulate skeletal parallel programs, we structured skeletons in terms of the fol-
lowing three functions: acc, cataJ and buildJ.

Definition 1 (acc). Let be functions, and and be associative operators. The
skeleton acc, for which we write is defined by

The function acc has an accumulation parameter, We define cataJ as a special
case of acc, where the accumulation parameter is not used.

Definition 2 (cataJ). Given are function and associative operator with identity
The skeleton cataJ, for which we write is defined by

The last function, buildJ, is to standardize the production of join-lists with implicit
parallelism.

We can now express our skeletons in terms of the above three functions.

Definition 3 (Skeletons in Structured Form).

3.2 Shortcut Fusion Rule

Following the thought in [15], we may define our shortcut fusion for join lists as follows.

Definition 4 (CataJ-BuildJ Rule).

An example of applying this rule shows that reduce after map can be fused into a single
cataJ.

This CataJ-BuildJ rule, however, is not sufficient for some cases. Consider where
we want to fuse
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We are blocked here, since the left cataJ is enclosed in buildJ. To proceed with the
transformation, we may have to unfold the left buildJ, finally to have

This result is unsatisfactory; this is not a form of the producer! Once transformed
like this, further fusion by other consuming functions cannot take place. The trouble
occurs due to uninvertible unfolding of buildJ, which we should avoid. The following
rule does the trick in eliminating unnecessary unfolding of buildJ.

Definition 5 (BuildJ(CataJ-BuildJ) Rule).

This rule enables us to have

which is exactly the structured form of
Finally, we generalize the above rule to the following most generic fusion rule (for

acc).

Definition 6 (BuildJ(Acc-BuildJ) Rule [14]).

Here, fst returns the first element of a pair, and _ denotes a “don’t care” value.

3.3 Modularity of Structured Forms

The shortcut fusion rule guarantees the fusibility of the composition of functions de-
fined using acc (or cataJ in special) and buildJ. The implication of this is: User-defined
skeletons are also the target of optimization once their structured form is known.

For example, we may want to introduce a new skeleton to capture a general poly-
nomial computation pattern, which has many interesting applications including solving
the maximum sum problems [17]. This new skeleton is parameterized by two associa-
tive operators and whose units are and

This new skeleton can be structured as follows, which can consume a join list produced
by any other skeletons.

Note that the poly skeleton produces a single value, which could not be consumed by
other skeletons. Therefore, we do not need to structure the output using buildJ.
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Fig. 1. Overview of our system.

4 Implementation of Transformation System

We implemented a prototype system with OpenC++, which transforms the skeletal par-
allel programs written in C++ with our skeleton system [10]. Fig. 1 overviews our sys-
tem, which consists of three parts: (1) the user-interface library, (2) the generic trans-
formation engine, and (3) the implementation library. Taking a C++ program, our trans-
formation system first converts the skeletons in the program into structured form by
applying rules given as meta-programs. The generic transformation engine manipulates
and fuses the converted program with the shortcut fusion rules in Section 3. Finally,
our system links the optimized program with efficiently implemented skeletons in our
library.

4.1 Skeleton Interfaces

In OpenC++, the program text is accessible at the meta level in the form of a parse tree,
represented as a nested list of logical tokens. A part of the C++ program to compute the
variance in Section 2 is converted into the following parse tree.

We define the rules to convert user skeletons to structured form and vice versa in
OpenC++. For example, a meta program that converts a map skeleton into buildJ may
be implemented as follows.
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The reflection mechanism in OpenC++ enables pattern matching and function composi-
tion to be easily implemented. Thus, we can easily convert skeletons to their structured
forms, e.g. for the poly skeleton, we can obtain the arguments and by
pattern matching and derive structured forms after generating the new functions and

Using conversion with our user-interface library, the last three lines in the parse tree
above are converted into the following structured forms.

4.2 Generic Transformation Engine

Our system implements the fusion rule in Section 3, and it repeatedly applies the rule
on structured forms. We restricted the elements in structured forms so that they were
represented as a composition of functions. This simplified the application of the fusion
rule so that just the occurrences of a bound variable to the corresponding argument had
to be replaced. Note that such a restriction is insignificant since reflection can take care
of it.

Our generic transformation engine applies the CataJ-BuildJ rule twice on the struc-
tured forms above in our running example, and optimizes it into a single cataJ form as
follows.

4.3 Experimental Results

The first program in Section 2 is inefficient because small functions are called one
by one and unnecessary intermediate data are passed between skeletons. Our system
automatically transforms the program so that it is efficient by composing skeletons.

To see how efficient the generated optimized program is, we compared it with the
following two programs: (1) the original program using a map skeleton that produces
new data, (2) another program using a map skeleton that overwrites the input data. In
the second program, the individual skeletons are optimized so that they do not generate
unnecessary data. We implemented these programs with our skeleton library in C++
and MPI, and did our experiments on a cluster of four Pentium 4 Xeon 2.0-GHz dual-
processor PCs with 1 GB of memory, connected through a Gigabit Ethernet. The OS
was FreeBSD 4.8 and we used gcc 2.95 for the compiler.

Fig. 2 plots the results of speedups to the original program with one processor for
an array of 1,000,000 elements. The computation time for the original program with
one processor is 1.67 (sec) and the computation times for (1), (2), and the optimized
one with eight processors are 0.243, 0.197, and 0.138 (sec), respectively. As a natural
consequence of using the skeletons, all programs demonstrated outstanding scalability.
Comparison with (2) proves the success of our framework: The effect of fusion far
exceeds individual refinements on each skeleton.
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Fig. 2. Experimental results.

5 Conclusions

We proposed a new approach to the design and implementation of skeleton libraries.
We implemented a parallel skeleton library in C++, which not only guaranteed each
skeleton was efficiently implemented, but also efficiently combined the skeletons such
that data communication between them could be eliminated. In contrast to popular ap-
proaches where the design of skeleton libraries has mainly focused on efficiently im-
plementing single skeletons with little consideration to how combinations of skeletons
are optimized, our approach unifies the two phases by structuring skeletons with an
additional interface. This new approach is not only theoretically interesting, but also
quite promising in practice. As we demonstrated, our library is easy to use, simple to
implement, and suitable for extension.

We are still in the early stages of producing a really useful library supporting parallel
programming in C++. In terms of theory, we have not yet taken functions like zip into
account that traverse multiple data structures simultaneously; we are also interested
in generalizing the approach from join lists to other parallel data structures such as
matrices or trees. In terms of practice, our current implementation, whose main purpose
is to test our idea, is expected to be improved through further analysis so that the generic
optimization rule can be applied to more applications of skeletal parallel programming.
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Abstract. High level programming languages offer many benefits in
terms of ease of use, encapsulation etc. However, they historically suffer
from poor performance. In this paper we investigate improving the per-
formance of a numerical code written in a high-level language by using
cross-component optimisation. We compare the results with traditional
approaches such as the use of high performance libraries or Fortran. We
demonstrate that our cross-component optimisation is highly effective,
with a speed-up of up to 1.43 over a program augmented with calls to
the ATLAS BLAS library, and 1.5 over a pure Fortran equivalent.

1 Introduction

Superscalar architectures rely on instruction level parallelism (ILP) to get high
performance. For codes with large data sets, bandwidth limitations to off-chip
memory can mean that that the full parallelism of the CPU is not used during
streaming operations, such as processing large arrays, because operands/results
are not delivered/stored quickly enough. Optimising codes for cache locality ame-
liorates the situation by reducing the pressure on memory bandwidth, in effect
increasing the available parallelism and removing the barrier to performance.

Modularity and encapsulation are fundamental tenets of software engineer-
ing, and we wish to adhere to them by writing programs in a high level way using
layered composition of components. However, we do not wish to sacrifice per-
formance. It is possible to capitalise on encapsulation and re-use by extensively
optimising selected components for performance. Data locality is a program-wide
property though, so optimisations must break the barriers introduced by modu-
larity to maximise it. Hence we have two opposing strategies – encapsulate and
heavily optimise individual components, or target global locality and optimise
less extensively across components on a per program basis.

In this paper we present a case study of cross-component optimisation for a
numerical benchmark that makes heavy use of abstraction and other advanced
language features such as lexical scoping, dynamic allocation of objects etc,
and consists mostly of vector operations. The language used is Aldor [3]. We
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show that the resulting program outperforms both a version that makes calls to
highly tuned components instead of using our optimisations, and an equivalent
program written purely in Fortran and compiled from source using Intel’s Fortran
compiler. The highly tuned components are the Level 1 binaries of the high-
performance ATLAS BLAS library [12].

2 Language

Our approach is based on aggressive compiler optimisations for Aldor, a strict,
statically typed (with type inference), mixed functional/imperative language.
Aldor is similar to the ML family [9], with advanced module constructs including
limited dependent types. The current Aldor compiler generates an intermediate
representation (called FOAM), optimises it, and then translates it to C code
that is linked against a small runtime library. This means that the language can
be used anywhere that a C compiler is available as long as the run-time system
is ported. The run-time system provides, amongst other things, initialisation of
certain objects and garbage collection.

The core language of Aldor is very small, but offers great scope for abstraction
and modularisation by building types. The language supports domains which are
basic abstract data types, equivalent to modules in ML, and these are typed using
categories, which are themselves roughly equivalent to (named) ML signatures.
A category can inherit from and extend a simpler category, and the bench-
mark makes heavy use of user defined hierarchical categories to describe the rich
mathematical structure of linear algebra (see sec. 3 for an example of category
inheritance). This degree of abstraction is coupled with flexible syntax includ-
ing overloading of both application syntax and the standard binary operators.
The end result is very readable code that closely resembles the mathematical
formulation.

Aldor incorporates a whole program optimisation strategy. This means that
all the FOAM code used for a given executable must be available when it is
linked, and thus can be analysed to perform extensive cross component optimi-
sation at link-time. Aldor’s language model is thus an important enabler for the
exploitation of parallelism on single core chips.

3 Benchmark

In order to demonstrate the fundamentals of our approach, we discuss its appli-
cation to a class of algorithms, being the family of iterative linear solvers (CG,
BiCG etc.), with the specific example here being a variant of QMR [5]. The
QMR algorithm consists of three nested parts – basis vector generation, which
is called from the search vector update, which in turn is called from the solution
vector update. The last of these is called repeatedly from a simple enclosing loop
that iterates until some condition on the solution vector has been reached.

Each part of the algorithm maintains some state, and when called updates
this state using the code extracts given in fig. 1. For more information, we
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refer the reader to [10]. The extracts consist of expressions using and updating
lexically scoped variables from their environment, with tokens in upper case
letters denoting sparse matrices, (numbered) lower case letters denoting vectors,
and phonetic Greek letters denoting scalars. The expressions are essentially a
list of function calls attached to the overloaded binary operators (including the
overloading of juxtaposition), using the functions exported by the domains. So,
the components that we are optimising are the basic binary functions provided
by the abstract data types. Each of the functions contains, when unoptimised,
a fairly simple loop (or scalar manipulation), and allocates a new object to hold
its result.

Fig. 1. Sections of Aldor code for the three parts of QMR.

Sparse matrix-vector multiplication for certain sparse matrices can be computed
by means of a “stencil” operation. We use these types of matrices in our example,
so the use of the matrices in lines 1 and 8 from the basis vector generation extract
are actually calls to stencil routines. The stencil we use is a 7 point Laplacian:

The domain implementing this stencil belongs to the user defined category
LinearOperator (which is derived from LinearAlgebra, LinearSpace, Module,
AbelianGroup and AbelianMonoid, all of which are also user defined), to which
any other matrix representation would also belong. There is some re-use of the
vector in the application of a stencil (see [8]) that can be exploited for non-
stationary iterative methods, but the vectors have to be very large before tiling
has an effect, so we have not yet investigated this optimisation. Instead, we
look for locality across all the basic functions including the stencils. The code
consists mostly of simple operations on vectors, and so we maximise locality by
minimising the number of vector traversals in the program.
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4 Transformations

The Aldor compiler has a number of standard optimisations that operate on
FOAM code. These include aggressive inlining, which helps to remove the lay-
ering of abstraction. The ordinary compiler does not however yet include fusion
and the subsequent removal of temporaries. We have developed and present here
four different stages of transformation where each stage builds on the previous
with more aggressive optimisation. The baseline presented here is not the most
naive translation of the code – instead it uses BLAS routines written in Aldor.
This allows a more meaningful comparison with the ATLAS augmented and
Fortran versions.

Baseline: Uses BLAS routines written in Aldor. That is, axpy, nrm2 etc.
These already give destructive updates of vectors and some limited fusion.
Level 1: Fully exploits locally available fusion in the vector operations with-
out touching the stencil.
Level 2: Fuses the action of the stencil with other vector operations within
the basis vector generation.
Level 3: Aggressively rearranges the code in the basis vector generation so
that both stencil applications happen simultaneously, and the normalisation
of the new vector is delayed until it is used. This latter optimisation is a
direct trade of extra FLOPS for a saving in bandwidth.

The operations for the basis vector generation are broken down in more detail
in table 1. The total number of vector traversals for this part of the algorithm
along with count for the other parts of the algorithm is given in table 2. A
full breakdown of the fusion in the other parts has been omitted due to space
limitations.
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5 Results

5.1 Control Experiments

By way of comparison with our transformations we present results for two differ-
ent approaches. The first substitutes the BLAS routines written in Aldor with
calls to the ATLAS library. This amounts to extreme localised tuning of the basic
vector operations in the algorithm to compare against cross-component optimi-
sation. The second codes the entire problem in Fortran, based on a modification
of the freely available QMRpack [4].

QMRpack was originally structured to use call-backs to invoke the user pro-
vided matrix-vector multiplication routines. This enables modularity for use with
different operators, but introduces an artificial barrier to optimisation. To pro-
vide a fairer comparison with our approach, the stencil routine is now called
directly from the main routine. The source files for the main routine and all the
library subroutines (including the BLAS routines) are concatenated together
before compilation. QMRpack does not try and separate the Lanczos process
from the QR decomposition. Hence, the code just consists of a series of vector
and scalar operations and does not attempt to mimic the extra structure in the
Aldor code or any of the functional programming features. Indeed, it is written
in Fortran 77.

5.2 Test Environment

The test environment comprised a 1 GHz Pentium III desktop machine (Cop-
permine with 256kB L2 cache) running Linux RedHat 7.1, the Intel C compiler
icc and Intel Fortran compiler ifc, both version 8.0, the ATLAS BLAS bina-
ries for Pentium III release 3.4.2, and the Aldor compiler version 1.0. All timing
information was generated using gprof version 2.11 and the compiler profile
generation switches provided byicc and ifc.

All compiler flags were chosen to try and maximise the performance of the
code. The experiments are conducted using complex double floats (4 words = 16
bytes each) as the scalars, based on 3 dimensional regular grids with equal side
lengths. Hence the size of an individual vector is The problem
sizes run from 15, which is just after the total data set no longer fits into cache,
up until 40.
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Fig. 2. Plot of problem size vs. speed-up over baseline.

5.3 Discussion

Fig. 2 shows a ratio plot comparing the total execution times of various programs
against that of the baseline. For the ATLAS augmented version, the executable
spends from 45% of its time in the ATLAS routines for the smallest datset
size, rising steadily to 67% for the largest. As we can see, the Fortran code
does well on the first data point. This seems reasonable, as the whole problem
fits into the L2 cache until it reaches size 13, and superior overall scheduling (and
prefetching) would make itself felt near the bottom end of the scale. Nonetheless,
when the problem size reaches 20 the transformations of Level 3 outperform all
the other approaches, and as the size of the dataset increases the relative gains
improve.

The speed-up is up to 1.43 over the ATLAS version and up to 1.5 over
Fortran, demonstrating significant gains for cross-component optimisation.

Latency, Prefetching and Code Generation. Due to the limits on out-
of-order execution and the C compiler strategy for issuing prefetches, we may
not be realising the full benefit of our optimisations. Both ifc and icc issue
prefetches, but ifc issues more for the Fortran code, particularly in the vector
expressions. Presumably the Fortran version is consequently closer to being sim-
ply bandwidth limited. As far as we can tell, ifc does no restructuring of the
loops though. We wish to investigate improving our current approach by adding
iterative optimisation to find transformations that reduce the suspected latency
penalties.
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The performance of the Fortran code is substantially less than the trans-
formed Aldor at larger problem sizes, showing that the gains in terms of band-
width outweigh the introduced latency costs. Although it is not possible to exam-
ine the ATLAS binaries, we assume that they are more or less perfectly scheduled
and prefetched, and the same conclusion holds.

6 Related Work

Reducing the impact of modularisation on performance has been tackled many
times in many different settings. To our knowledge though, the combination of
language type, approach and target of optimisation presented here are unique.
The most popular target for this sort of work is C++, with examples including
expression templates [11], library annotations, and extensive analysis and pre-
processing of source code. Expression templates are pragmatic (lots of people
use C++) but ad hoc; the analysis of the code that can be done and hence the
optimisations is limited, the semantic analysis is inadequate, and coupling the
transformation system to an engine that searches for good transformations would
be hard. Library annotations for domain specific languages work at a higher level
[7]; we wish to invasively fuse operations on objects, not rewrite expressions at
the ADT level. The approach taken in [1] is probably closest to our own; how-
ever, that project appears to be coming from the bottom up rather than the top
down, in that they already support various optimisations and are edging toward
effectively defining their own specialised language by adding parsing and seman-
tic analysis of a language piggybacked onto C++. However, we do not require
a user to specify the transformations as re-write rules. [2] is an automatic sys-
tem for generating parsing and transformation tools similar to those used in [1].
Something like it might be used to generate a system for performing the trans-
formations that we use, but we are focused on the transformations rather than
developing a general tool. Also, although our transformations are quite specific,
they are based purely on information that can be recovered from FOAM rather
than requiring extra semantic input in terms of grammars and rules provided by
a library programmer.

The work in [13] appears to be at a lower level than ours, and addresses a
problem that is already dealt with by the existing Aldor optimisations. Future
work on optimising Generic Java is likely to be of greater interest.

7 Conclusion

The results show that optimising whole program locality for ILP is important for
this class of application. Hence, using an elegant language with lot of abstraction
doesn’t necessarily imply poor performance if the language infrastructure sup-
ports cross-component optimisation well. Indeed, focusing on cross-component
optimisations can bring important speedups compared to traditional approaches,
even if the result is almost certainly crudely scheduled and prefetched compared
to individual extensively tuned assembly routines.
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The most important immediate extension of this work is to fully investigate
the interaction of the transformations with the functional features of Aldor.
Following this we wish to investigate the impact of our optimisations on a wider
set of codes with more complex operators, such as the red-black preconditioned
QCD Wilson–Dirac operator, and more specialised solvers [6], as well as other
benchmarks from the field of scientific computing.
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Abstract. Tabling is an implementation technique that improves the
declarativeness and expressiveness of Prolog by reusing answers to sub-
goals. The declarative nature of tabled logic programming suggests that
it might be amenable to parallel execution. On the other hand, the com-
plexity of the tabling mechanism, and the existence of a shared resource,
the table, may suggest that parallelism might be limited and never scale
for real applications. In this work, we propose three alternative locking
schemes to deal with concurrent table accesses, and we study their impact
on the OPTYap parallel tabling system using a set of tabled programs.

1 Introduction

Tabling (or tabulation or memoing) is an implementation technique where re-
sults for subcomputations are stored and reused. Tabling has proven to be par-
ticularly effective in logic programs: tabling can reduce the search space, avoid
looping, and in general have better termination properties than traditional Pro-
log. The XSB Prolog system [1] is the most well known tabling Prolog system,
with excellent results in application areas such as Natural Language Processing,
Knowledge Based Systems, Model Checking, and Program Analysis.

One extra advantage of tabling is that tabled programs are most often pure
logic programs, and are thus amenable to the implicit exploitation of parallelism.
Because tabling has often been used to reduce search space, or-parallelism is most
interesting. We thus proposed OPTYap [2], a design for combining implemen-
tation techniques for or-parallelism in shared-memory machines, namely envi-
ronment copying [3], with the WAM extensions originally proposed in XSB [4].
Results have shown that OPTYap can achieve excellent speedups, while intro-
ducing low overheads for sequential execution [5].

The performance of tabling largely depends on the implementation of the ta-
ble itself. The table will be called very often, therefore fast lookup and insertion
is mandatory. Applications can make millions of different calls, hence compact-
ness is also required. The XSB design used tries to implement this goal [6]. Tries
are trees in which there is one node for every common prefix [7]. Tries have
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proven to be one of the main assets of XSB, because they are quite compact for
most applications, while having fast lookup and insertion.

One critical issue in our parallel design was whether tries would be effective
in the presence of concurrent accesses. One of the first implementations of tries
in a parallel environment was the work by Chan and Lim [8], where tries were
used to index words for alphabets with a finite number of symbols. In our work,
we use tries to index Prolog terms, which can have an infinite number of symbols.
We address concurrency by extending the trie structure originally proposed in
XSB to support locking mechanisms. To achieve best performance, different
implementations may be pursued. We can have one lock per table entry, one
lock per path, or one lock per node. We can also have hybrid locking schemes
combining the above. Our initial results did show that naive approaches could
generate significant overheads or result in minimal concurrency. We thus studied
alternative locking schemes that try to reduce overheads by only locking part of
the tree when strictly necessary, and evaluated their performance. Our results
show almost-linear speedups up to 32 CPUs on an Origin2000. Although our
context is parallel tabling, we believe that these experiments will be of interest
to application areas that rely on access to frequently updated trees.

The remainder of the paper is organized as follows. First, we introduce the
trie data structure and the table space organization. Next, we describe the three
alternative locking schemes implemented in OPTYap. We then end by presenting
some initial results and outlining some conclusions.

2 Table Space

Tabling is about storing intermediate answers for subgoals so that they can be
reused when a repeated subgoal appears. Execution proceeds as follows. When-
ever a tabled subgoal S is first called, an entry for S is allocated in the table
space. This entry will collect all the answers found for S. Repeated calls to vari-
ants of S are resolved by consuming the answers already stored in the table.
Meanwhile, as new answers are generated, they are inserted into the table and
returned to all variant subgoals.

The table space can be accessed in a number of ways: (i) to look up if a
subgoal is in the table, and if not insert it; (ii) to verify whether a newly found
answer is already in the table, and if not insert it; and, (iii) to load answers
to variant subgoals. Hence, a correct design of the algorithms to access and
manipulate the table data is critical to achieve an efficient implementation. Our
implementation uses tries as proposed by Ramakrishnan et al. [6].

Tries were first proposed to index dictionaries [7] and have since been general-
ized to index recursive data structures such as terms (see [6, 9–11] for use of tries
in tabled logic programs, automated theorem proving and term rewriting). An
essential property of the trie structure is that common prefixes are represented
only once. The efficiency and memory consumption of a particular trie largely
depends on the percentage of terms that have common prefixes. For tabled logic
programs, we often can take advantage of this property.
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Each different path through the nodes in the trie, the trie nodes, corresponds
to a term. The entry point is called the root node, internal nodes represent
symbols in terms and leaf nodes specify completed terms. Terms with common
prefixes branch off from each other at the first distinguishing symbol. Inserting
a term requires in the worst case allocating as many nodes as necessary to
represent its complete path. On the other hand, inserting repeated terms requires
traversing the trie structure until reaching the corresponding leaf node, without
allocating any new node. During traversal, each child node specifies the next
symbol to be inspected in the input term. A transition is taken if the symbol in
the input term at a given position matches a symbol on a child node. Otherwise,
a new child node representing the current symbol is added and an outgoing
transition from the current node is made to point to the new child. On reaching
the last symbol in the input term, we reach a leaf node in the trie.

Figure 1 shows an example for a trie with three
terms. Initially, the trie contains the root node only.
Next, we insert As a result, we create three
nodes: one for the functor next for the variable X,
and last for the constant The second step is to insert

The two terms differ on the main functor,
so tries bring no benefit here. In the last step, we insert

and we save two common nodes with
Notice the way variables are represented. We follow the
formalism proposed by Bachmair et al. [10], where each
variable is represented as a distinct constant.

The implementation of tries requires four fields per
trie node. The first field (TrNode_symbol) stores the
symbol for the node. The second (TrNode_child) and Fig. 1. Tries for terms.

third (TrNode_parent) fields store pointers respectively to the first child node
and to the parent node. The fourth field (TrNode_next) stores a pointer to the
sibling node, in such a way that the outgoing transitions from a node can be col-
lected by following its first child pointer and then the list of sibling pointers. We
next present how tries are used to implement tabled predicates. Figure 2 shows
an example for a predicate after the execution of the following operations:

We use two levels of tries: one stores the subgoal calls, the other the answers.
Each different call to a tabled predicate corresponds to a unique path through
the subgoal trie structure. Such a path always starts from a table entry data
structure, follows a sequence of the subgoal trie nodes, and terminates at a leaf
data structure, the subgoal frame. Each subgoal frame stores information about
the subgoal, namely an entry point to its answer trie structure. Each unique path
through the answer trie nodes corresponds to a different answer to the entry
subgoal. When inserting new answers, we only store the substitutions for the
unbound variables in the subgoal call. This optimization is called substitution
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factoring [6]. Leaf answer nodes are chained in a linked list in insertion time
order, so that we can recover answers in the same order they were inserted. The
subgoal frame points to the first and last answer in this list. Thus, a variant
subgoal only needs to point at the leaf node for its last loaded answer, and
consumes more answers just by following the chain. To load an answer, the trie
nodes are traversed in bottom-up order and the answer is reconstructed.

Traversing a trie to check/insert
for new calls or for new answers is
implemented by repeatedly invok-
ing a trie_check_insert() pro-
cedure for each symbol that rep-
resents the term being checked.
Given a symbol S and a parent
node P, the procedure returns the
child node of P that represents the
given symbol S. Figure 3 shows the
pseudo-code. Initially it traverses
the chain of sibling nodes that rep-
resent alternative paths from the
given parent node and checks for
one representing the given symbol.
If such a node is found then exe-
cution is stopped and the node re-
turned. Otherwise, a new trie node
is allocated and inserted in the be- Fig. 2. Tries to organize the table space.

ginning of the chain. To allocate new trie nodes, we use a new_trie_node()
procedure with four arguments, each one corresponding to the initial values to
be stored respectively in the TrNode_symbol, TrNode_child, TrNode_parent and
TrNode_next fields of the new allocated node.

Fig. 3. Pseudo-code for trie_check_insert().

3 Table Locking Schemes

There are two critical issues that determine the efficiency of a locking scheme for
the table. One is lock duration, that is, the amount of time a data structure is
held. The other is lock grain, that is, the number of data structures that are pro-
tected through a single lock request. It is the balance between lock duration and
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lock grain that compromises the efficiency of different table locking approaches.
For instance, if the lock scheme is short duration or fine grained, then inserting
many trie nodes in sequence, corresponding to a long trie path, may result in
a large number of lock requests. On the other hand, if the lock scheme is long
duration or coarse grain, then going through a trie path without extending or
updating its trie structure, may unnecessarily lock data and prevent possible
concurrent access by others. Unfortunately, it is impossible beforehand to know
which locking scheme would be optimal.

The Table Lock at Node Level (TLNL) was our first implemented scheme.
It only enables a single writer per chain of sibling nodes that represent alterna-
tive paths from a common parent node. Figure 4 shows the pseudo-code that
implements it. The main difference from the original procedure is that in TLNL
we lock the parent node while accessing its children nodes. Locking is done by
applying a mask to the node address in order to index a global array of lock
entries. Within this scheme, the period of time a node is locked is proportional
to the average time needed to traverse its children nodes, and the number of
lock requests is proportional to the length of the path.

Fig. 4. Pseudo-code for the TLNL scheme.

The Table Lock at Write Level (TLWL) scheme improves TLNL by reducing
lock duration. Like TLNL, TLWL only enables a single writer per chain of sibling
nodes, but the common parent node is only locked when writing to the table is
likely. Figure 5 shows the pseudo-code for TLWL. Initially, the chain of sibling
nodes that follow the given parent node is traversed without locking. The parent
node must be locked only when the given symbol is not found. This avoids
locking when the symbol already exists in the chain. Moreover, it delays locking
while insertion of a new node to represent the symbol is not likely. Note that we
need to check if, during our attempt to lock, other worker expanded the chain to
include the given symbol. Within this scheme, the number of lock requests is, on
average, lower than TLNL. It ranges from zero to the number of nodes in path.
Similarly, the amount of time a node is locked is also, on average, smaller. It
includes the time needed to check the nodes that in the meantime were inserted
by other workers, if any, plus the time to allocate and initialize the new node.

Last, the Table Lock at Write Level - Allocate Before Check (TLWL-ABC)
scheme is a variant of TLWL. It also follows the probable node insertion notion,
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Fig. 5. Pseudo-code for the TLWL scheme.

but uses a different strategy to decide on when to allocate a node. In order to
reduce to a minimum the lock duration, it anticipates the allocation and initial-
ization of nodes that are likely to be inserted in the table before locking. However,
if in the meantime a different worker introduces first an identical node, we pay
the cost of having pre-allocated an unnecessary node that has to be additionally
freed. Figure 6 presents the pseudo-code that implements this scheme.

Fig. 6. Pseudo-code for the TLWL-ABC scheme.

4 Preliminary Results

In order to evaluate the scalability of our locking schemes, we ran OPTYap for a
set of selected programs in a Cray Origin2000 parallel computer with 96 MIPS
195 MHz R10000 processors. We selected the programs that showed significant
speedups for parallel execution in previous work [2, 5]. The programs include the
transition relation graphs for two model-checking specifications, a same gener-
ation problem for a 24x24x2 data cylinder, and a transitive closure of a 25x25
grid using left recursion. All programs find all the solutions for the problem.

In order to get a deeper insight on the behavior of each program, we first
characterize the programs in Table 1. The columns have the following meaning:
time is the execution time in seconds with a single worker; sg is the number
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of different tabled subgoal calls; unique is the number of answers stored in the
table; repeated is the number of redundant answers found; nodes is the number
of trie nodes allocated to represent the set of answers; and depth is the average
number of trie nodes required to represent an answer. In parentheses, it shows
the percentage of saving that the trie’s design achieves on these data structures.
Consider Figure 1 as an example, it requires 10 nodes to represent individually all
answers but it uses only 8, thus achieving a saving of 20%. Smaller depth values
or higher percentages of saving reflect higher probabilities of lock contention
when concurrently accessing the table space.

Table 1 indicates
that mc-sieve is the
program least amena-
ble to lock contention
because it finds the
least number of an-
swers and has the
deepest trie structures. In this regard, lgrid is the opposite case. It finds the
largest number of answers and it has very shallow trie structures. Likewise,
samegen also shows a very shallow trie structure, despite that it can benefit
from its large number of different tabled subgoal calls. It is the case, because the
answers found for different subgoals can be inserted without overlap. Finally,
mc-iproto can also lead to higher ratios of lock contention. It shows the highest
percentage of saving and it inserts a huge number of trie nodes in the table.

Table 2 shows the speedups for the three
locking schemes with varying number of work-
ers. The speedups are relative to the single
worker case. A main conclusion can be easily
drawn from the results presented: TLWL and
TLWL-ABC show identical speedup ratios and
they are the only schemes showing scalability. In
particular, for the mc-sieve program they show
superb speedups up to 32 workers. Closer anal-
ysis allows us to observe other interesting as-
pects: the more refined strategy of TLWL-ABC
does not show to perform better than TLWL; all
schemes show identical speedups for samegen;
and TLNL clearly slows down for more than 16
workers. The good behavior with samegen arises
from the fact that this program calls 485 differ-
ent tabled subgoals. This increases the number
of entries where answers can be stored thus re-
ducing contention points. The TLNL slowdown
is related to the fact that this scheme locks the
table even when writing is not likely. In particular, for repeated answers it pays
the cost of performing locking operations without inserting any new node.
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During parallel execution, not only concurrency can be a major source of
overhead. For some programs, the complexity of the tabling mechanism can in-
duce some intricate dependencies that may always constraint parallel execution.
Besides, as tabling, by nature, reduces the potential non-determinism available
in logic programs, the source of parallelism may also be intrinsically limited.

To better understand the parallel execution behavior of our set of programs,
we gathered in Table 3 a set of statistics regarding the number of contention
points when using our best table locking scheme – TLWL. By contention points
we mean the number of unsuccessful first attempts to lock a data structure. We
distinguish three kind of locking attempts: (i) locking related with trie nodes,
when inserting new subgoal calls or new answers; (ii) locking related with subgoal
frames, when updating the subgoal frame pointers to point to the last found
answer; and (iii) locking related with variant subgoals, when synchronizing access
to check for available answers to variant subgoals. Note that TLWL only affects
contention related with trie nodes.

The insignificant number of con-
tention points obtained for mc-sieve
supports the excellent speedups ob-
served for parallel execution. In this re-
gard, the contention also obtained for
samegen indicates that locking is not
a problem, and that the small over-
head observed for samegen in Table 2 is
thus mainly related with the complex-
ity of the tabling mechanism. On the
other hand, regarding mc-iproto and
lgrid, lock contention is a major prob-
lem. For trie nodes they show identical
numbers, but mc-iproto inserts about
10 times more answer trie nodes than
lgrid. For subgoal frames and variant
subgoals they show a similar pattern,
but mc-iproto has higher contention ra-
tios per time unit (remember from Ta-
ble 1 that mc-iproto is about 3 times
faster than lgrid ), hence justifying its worst behavior with the increase in the
number of workers. For these programs, the sequential order by which leaf an-
swer nodes are chained in the trie seems to be the key issue that reflects the high
number of contention points. After inserting a new answer we need to update
the subgoal frame to point to the last found answer. When checking for answers
to variant subgoals we need to lock and possibly update the variant subgoal
to point to the last loaded answer. For programs that find a large number of
answers per time unit, this obviously increases contention when accessing such
pointers, and thus obtaining good speedups in the presence of these conditions
will always be a difficult task.
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5 Concluding Remarks

We studied the impact of using alternative locking schemes to deal with concur-
rent table accesses in parallel tabling. We used OPTYap, that to the best of our
knowledge, is the only available parallel tabling system for logic programming.
Through experimentation, we observed that there are locking schemes that can
obtain good speedup ratios and achieve scalability. Our results show that a main
problem is not only how we lock trie nodes to insert items, but also how we use
auxiliary data structures to synchronize access to the table space. In this regard,
a key issue is the sequential order by which leaf answer nodes are chained in the
trie structure. In the future, we plan to investigate whether alternative designs
can obtain scalable speedups even when frequently updating/accessing tables.
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Abstract. Scientific computing is evolving from parallel processing to
distributed computing with the availability of new computing infras-
tructures such as computational grids. We investigate the design of a
component model for the Grid aiming at combining both parallel and
distributed processing in a seamless way. Our approach is to extend com-
ponent models with the concept of parallel components. At runtime, most
component models rely on a distributed object model. In this paper, we
study an exception handling mechanism suitable for dealing with parallel
entities, such as parallel objects, that appear as collections of identical
objects but acting as a single object from the programmer’s viewpoint.

1 Introduction

Scientific computing has become a fundamental approach to model and to sim-
ulate complex phenomena. With the availability of parallel machines in the late
1980’s, a strong emphasis was made to design algorithms and applications for
scientific computing suitable for such machines. However, nowadays, science or
engineering applications, such as multiphysics simulations, require computing
resources that exceed by far what can be provided by a single parallel machine.
Moreover, complex products (such as cars, aircrafts, etc.) are not designed by
a single company, but by several of them, which are often reluctant to grant
access to the source of their tools. From these constraints, it is clear that dis-
tributed and parallel processing cannot be avoided to manage such applications.
More precisely parallel simulation codes will have to be interconnected through
a specific middleware to allow a distributed execution, thus complying with lo-
calization constraints and/or availability of computing resources. Programming
a computing resource, such as a Grid infrastructure, that has both dimensions,
parallel and distributed processing, is challenging.

The objective of our research activities is to conciliate these two technologies
in a seamless way achieving both performance and transparency. More specifi-
cally, we aim at providing a programming model based on the use of distributed
software components. Since most component models are based on distributed
objects, much of our work focuses on extending a distributed object model. This
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Fig. 1. A PACO++ parallel object.
Fig. 2. Example of a distributed
application.

work specifically aims at handling exceptions in the presence of a collection of
distributed objects, called parallel objects in the remaining of the paper. A col-
lection of distributed objects is the basic principle we introduced into CORBA
for the encapsulation of parallel codes that rely on a SPMD execution model.

Section 2 introduces PaCO++ which implements the extension to the CORBA

distributed object model for managing collections of identical objects. In Sec-
tion 3, we describe our proposed model to manage exceptions in the presence
of collections of objects. Related works aiming at handling exceptions in the
context of concurrent or parallel systems are presented in Section 5. Section 4
gives some technical details about the implementation of the exception handling
mechanism and Section 6 concludes the paper.

2 A Parallel Object Model: PaCO++

From the early 90’s, several projects were set up to build distributed object mid-
dleware systems. However, most of these projects did not provide an efficient and
adequate support for handling parallel codes. Research activities started in the
late 1990’s to support parallelism such as CORBA [5, 9, 6, 8]. All of them intro-
duce the concept of parallel object. A parallel object is an entity that behaves
like a regular object but whose implementation is parallel. Hence, a parallel ob-
ject can be referenced and methods can be invoked on it as a single entity. Some
of them also support data redistribution.

This section briefly describes PACO++ [8], our research platform, so as to let
Section 4 illustrates how parallel exceptions might be implemented. PACO++
is the continuation of PACO [9]. It is a portable extension to CORBA that is
intended to be the foundation of GridCCM [7], our parallel extension of the
CORBA Component Model. PACO++ defines a parallel object as a collection
of identical CORBA objects whose execution model is SPMD. A parallel object is
implemented by a coordinated set of standard CORBA objects. As shown in Fig-
ure 1, a PACO++ parallel object provides a standard external interface which
is mapped to an internal interface. An invocation on a parallel object results
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in the simultaneous invocation of the corresponding operation of the internal
interface on all the objects being part of the parallel object. Special attention
has been devoted to the support of distributed arguments. The arguments can
be distributed at both the client and the server sides. PACO++ provides mech-
anisms (static and dynamic) to specify the data distribution on both sides. As
the two data distributions may be different, data redistribution may be required
during the communication between the client and the server.

3 Managing Exceptions Within Parallel Objects

The problem addressed in this paper is the management of exceptions in the
presence of parallel objects such as those provided by PACO++ (but it is not
limited to them). If we consider a distributed application made of two parallel
objects (a client and a server) like in Figure 2, it may happen that an operation
invocation of the client on the server side raises an exception. However, since the
server is a collection of objects, several scenarios may happen depending on which
objects have raised an exception at the server side. One or several objects may
raise exceptions with different values associated with them. It is thus necessary
to define a model for exception management that gives a coherent view of the
exceptions raised by the server to all the objects of a parallel client.

Scenarios. We have identified four scenarios that need to be handled. The sim-
plest one is a single exception where only one object of the collection throws an
exception. The multiple exception occurs when several objects of the server throw
potentially different exceptions. A SPMD exception requires that all objects at
the server side coherently throw the same type of exception. Last, a chain of
exceptions occurs when the server calls a method on another remote object and
this second object throws an exception.

Definition of a parallel exception. We define a parallel exception as the collection
of exceptions thrown by one or several nodes of a method of a parallel object.
We define an SPMD exception as an exception declared as SPMD by the parallel
object. From an execution point of view, it is a parallel exception which is made
of exceptions of identical type which have been coordinately raised by the all
nodes of a parallel object.

3.1 Motivating Application

Let us introduce the EPSN project [1] as an application that motivates this work.
Its goal is to analyze, design and develop a software environment for steering
distributed numerical simulations from the visualization application. As shown
in Figure 3, it adds a level of constraints which stem from the human interaction
loop: data have to be extracted from the application and sent to a visualization
machine but also the user actions have to be sent back to the application. As a
user can connect to and disconnect from a running application from a priori any
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Fig. 3. Overview of the EPSN project.

machine, a distributed-oriented middleware appears well-suited to handle such
interactions.

When the visualization application requests data, the simulation code might
throw an exception because of memory limitation for example. Since the visual-
ization code and the simulation code are parallel, the middleware has to manage
the “parallel” exception. In particular, each node of the visualization application
has to receive the exception. If the visualization tool can handle partial images,
the exception may be able to carry a partial image. In the same time, it is pos-
sible to have several visualization clients for one simulation. Some of them may
be able to manage partial data and some not. Hence, different exceptions need
to be returned to the different clients.

3.2 The Three Types of Exceptions

Only three types of exception seem to be sufficient to handle all the previous
scenarios. A simple exception type is just a plain exception. It can be obtained
either when only an object of the server throws an exception or when an SPMD

exception is raised. Section 3.4 will detail this. An aggregated exception type
is composed of all the exceptions raised by the server objects. For example,
it occurs when several objects of the server throw different exceptions. These
exceptions have different meanings and cannot be grouped in a simple exception.
A complex exception is composed of an aggregated exception with uncomplete
data. Uncomplete data is the current value of the out arguments of the operation
that generates the exception. Some restrictions may be applied to uncomplete
data as described in Section 3.5.

3.3 Client Side

A client may not be aware of the proposed new types of exceptions or may not be
able to catch them. Therefore, the model must allow a client to choose the kind
of exceptions it wants to handle. The model defines three exception levels that
correspond to the three types of exception defined in Section 3.2. By default, a
client is assumed to only support simple exceptions (simple level ). This level
is the default level because of the legacy clients which are unaware of parallel
objects. The second level which is the aggregated level is used by clients which
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are able to catch exceptions composed of several regular exceptions. The last
level, complex level, indicates that the client may catch exceptions composed of
an aggregated exception and uncomplete data. These levels form a hierarchy.
A client that handles aggregated exceptions implicitly handles simple exceptions.
Similarly, a client handling complex exceptions is assumed to also handle simple
and aggregated exceptions.

3.4 Server Side

For each exception that a method of a parallel object may throw, additional
information may be needed for a correct exception handling. First, SPMD excep-
tions have to be declared as such and data distribution information need to be
specified for the distributed data the exception may contain (see Section 3.5).
Second, priorities may be attached to exceptions. These priorities are fixed by
the application designer (server side) and are not seen by a client. They are
primarily used to decide which exception will be thrown to a client that only
supports the simple level when several unrelated exceptions are raised. Third,
the out arguments of a method that need to be returned as uncomplete data
also have to be declared.

To determine the type of exceptions the server needs to send to a client, the
server needs to know the level of exception the client supports. There are four
cases depending on the type of exception raised by the parallel server and the
level of exception supported by the client. First, if only one node of the server
throws an exception, the server may safely send this exception as the client
at least supports the simple exception type. Each node of a parallel client will
receive this exception. Second, if every node of the server throws the same type
of exception and the exception is defined as an SPMD exception, the server also
applies the same algorithm as in the first case but also adds the management of
distributed data. A sequential client is seen as a parallel client with one node.
Third, if several nodes of the server throw exceptions and the client supports
the aggregated level, the server sends an aggregated exception composed of all the
exceptions raised. The implementation may send additional information like the
object identifier where the exception has occurred. If the client only supports
simple exceptions, the server throws the exception with the highest priority.
Fourth, if the client supports the complex case and some out arguments are
marked as valid for uncomplete data, a complex exception is returned.

3.5 Managing Data Within a Parallel Exception

Managing distributed data within a SPMD exception. An SPMD exception may
contain data declared as distributed. When such an exception is raised, the run-
time system may need to redistribute the data to the client (e.g., the client may
be composed of a different number of nodes than the server). Since an exception
can be seen as a structure with different data fields, there is no difference with
the management of distributed arguments. As the model is not designed for a
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particular distributed object middleware, it just specifies that an implementa-
tion has to use the same mechanism as the out argument management in the
parallel distributed middleware where it is implemented. Some implementation
hints for PACO++ are given in Section 4.

Uncomplete data. Uncomplete data can only be encapsulated into complex ex-
ceptions. If the client does not support this exception type, the server cannot
send uncomplete data. When the runtime system knows all the raised excep-
tions, it can determine which out arguments need to be sent to the client. Then,
a complex exception made of several exceptions and the valid out arguments is
created. Otherwise, a complex exception without out arguments are returned.

3.6 Managing Exception Chains

For example, an exception chain occurs when a client invokes a method A on
a first server which invokes a method B on a second server that raised an ex-
ception. In the general case, an exception chain occurs when there are several –
at least one – servers between the client which catches the exception, and the
server which raises the exception. Ideally, we would like to send an aggregated
exception combining the server exception and an information that this exception
was thrown by an another server. This exception can be sent only if the client
and the server support aggregated exceptions and that all intermediate servers
have declared the exception type. Otherwise, either an unknown exception or a
model specific exception like chain of exception should be raised.

4 Implementation Strategy

This section provides some hints on how to implement our model into PACO++.
PACO++ adds a layer between the user code and the CORBA code (e.g.,

stubs and the skeletons generated by an IDL compiler). This layer is generated
thanks to the description of the distributed service (IDL) and the parallel de-
scription file specific to PACO++, which describes the parallel methods and the
distributed arguments of these methods. The main implementation principle is
to extend this file with exception related features. For each exception defined in
the IDL file for a parallel method, the designer indicates the priority of the ex-
ception, whether this exception contains distributed data, etc. For each parallel
method, two new exceptions are added into the generated IDL file: one for the
aggregation case and one for the complex case.

The client and the server usually need to configure the PACO++ layer. For
example, PACO++ layers need to obtain a reference to the distribution libraries.
The client and server are configured using their contexts. These contexts need
to be extended with information related to exceptions.

Each parallel method is mapped to two asynchronous methods, one for each
direction. Thus, for the PACO++ layer, the exception is just an another kind of
result. We only have to generate the code for these methods. The management
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Fig. 4. Exception-related methods to transfer exceptions in a PACO++ parallel object.

of data distribution is the same as for a regular invocation. Figure 4 shows
these new methods for a parallel method foo that may throw exceptions of
types A and B. The server code contains a barrier to synchronize all the objects
before returning the results to the client. If an object throws an exception, the
information is broadcast so that all objects have the same view of the exception
state. After the barrier, the runtime system first checks if there is an exception;
if not, the runtime system performs the normal code. So, a boolean test is added
to the normal code. Thus, the overhead to supporting parallel exceptions in
PACO++ should be negligible for normal invocations.

5 Related Work

Several solutions have been proposed to support exceptions in parallel code.
Some works [3, 10, 4] try to handle multiple exceptions within parallel loops.
In [3], Modula-3 is extended so that if one or more exceptions of the same type
are thrown within a parallel loop, the loop throws only one exception. But, if
there are two or more different exception types, the runtime system sends an
error. In [10], it is proposed to extend Java to have parallel loops with exception
support. Each exception is stored into an aggregated exception that is thrown to
the caller. The caller may retrieve some uncomplete data. In [4], when a node of
the parallel loop throws an exception and another node communicates with it,
the first node sends its exception to the other nodes. This exception is called a
global exception. For the caller of the parallel loop, the runtime system generates
a concerted exception from all the exceptions thrown.

In [2], it is proposed to manage exceptions between groups of distributed
objects. Each group has one or more gates that enable to communicate with
other gates. The invocations are asynchronous. The client has to call a method
to get the result of the operation. In the server, if one object throws an exception,
this exception is saved on the gate and the client will be aware of this exception
when the synchronization method is called. Finally, Xu et al. [11] present a
solution to manage exceptions between different processes that take part in the
same action. They describe how to rollback this action when an exception occurs.
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6 Conclusion

Handling exceptions is of prime importance when designing an object or compo-
nent model, especially when it targets Grid infrastructures that combine both
parallel and distributed aspects. The main contribution of this paper is to define
the concept of parallel and SPMD exceptions for parallel objects implemented as
a collection of identical sequential objects. The proposed model is able to manage
all identified scenarios including concurrent uncoordinated exceptions raised by
a parallel object. It also defines aggregated exceptions and complex exceptions
with uncomplete data by integrating previous works on exceptions within par-
allel loops. Moreover, our proposed model gives a solution to hande distributed
data for SPMD exceptions. We are currently implementing the proposed model
in PACO++. As outlined in this paper, the implementation appears straight-
forward and should exhibit a negligible overhead for normal operation. We are
also working on defining a mathematical model of parallel exceptions.
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Abstract. Parallel software reuse and easy integration between parallel
programs and other sequential/parallel applications and software layers
can be obtained exploiting the software component paradigm. In this pa-
per we describe the ASSIST approach to interoperability with CORBA
objects and components, presenting two different strategies to export a
parallel program in the CORBA world. We will discuss their implemen-
tations and provide some experimental results.

1 Introduction

The development of complex applications for the emerging high-performance
large-scale computing platforms (ranging from huge Clusters up to computa-
tional GRIDS) poses productivity problems. High-level parallel programming
tools give a partial solution, easing the development of complex parallel algo-
rithms, while the exploitation of the software component paradigm can improve
parallel software reuse and integration in larger applications.

ASSIST (A Software System based on Integrated Skeleton Technology) is
a general-purpose high-level parallel programming environment, based on the
skeleton and coordination language technology [1–3]. It combines the benefits of
software reuse and integration with those of high-level programming, providing
full interoperability with CORBA objects and components. It can easily import
(or use) other pieces of software encapsulated in external CORBA objects and
components, as in a traditional sequential language (i.e. C++); moreover, it can
export parallel algorithms and applications as well: an ASSIST program can be
encapsulated in a CORBA object and integrated into a larger application using
standard CORBA invocation mechanisms.

CORBA, a distributed object- and component- based middleware, is a well
established commercial standard, with thousands of users all over the world. It of-
fers interoperability with several sequential languages and is supported by several
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big software companies. The interoperability with ASSIST provides the ability
to develop computation- or data-intensive components of complex applications
using an high-level parallel programming language, enabling the construction of
scalable applications.

Recent studies recognized that CORBA technology could be leveraged to
support the development of advanced Grid applications: the CORBA CoG kit
[4], for example, provides access to the Grid services provided by the Globus
Toolkit to CORBA applications. Several studies investigated how CORBA could
be adapted to enable the construction of high-performance applications, enabling
data-parallel programs to interact efficiently (see Sect. 5).

Our approach extends CORBA interoperability to stream-parallel programs,
so we will focus on an efficient implementation of stream communication using
standard CORBA mechanisms. This study is a preliminary step towards a com-
plete CCM (CORBA Component Model, introduced in the CORBA 3 standard)
integration and a possible generalization towards other component-based stan-
dards (e.g. Web/GRID services[5]). In previous works we showed that ASSIST
programs could invoke external CORBA objects [6] and claimed that ASSIST
programs could be automatically exported as CORBA objects [2]. In the follow-
ing sections, we describe two different strategies to export an ASSIST program in
the CORBA world (Sect. 2), we discuss their implementations (Sect. 3), provide
experimental results (Sect. 4) and we survey related work (Sect. 5).

2 Exporting an ASSIST Program in the CORBA World

2.1 Structure of an ASSIST Program

ASSIST applications are developed by means of a coordination language [1]
(ASSIST-CL), in which sequential as well as parallel computation units can be
expressed and coordinated. Sequential code units, that are the bricks to build
sequential and parallel modules, are described by a C-like procedure interface,
in which input and output parameters are identified and associated with their
type, and can be written in popular sequential languages (C, C++, Fortran 77),
allowing maximal sequential code reuse. Parallel activities, designed following
regular parallelism exploitation patterns, are marked, in the ASSIST-CL syn-
tax, by means of the parmod construct: it can be considered a sort of “generic”
skeleton, that can emulate the “classical” ones without performance degrada-
tion, but with more expressive power; for example, it allows both task and data
parallelism to be exploited inside the same parallel module, and can be used
to program lower (w.r.t. classical skeleton) level forms of parallelism. Parallel
activities are decomposed in sequential indivisible units, which are assigned to
abstract executors, called virtual processors. ASSIST allows them to communi-
cate by reading and modifying in a controlled, consistence preserving way the
shared computation state, which is partitioned among the virtual processors.

ASSIST modules interact by means of input and output interfaces. In module
interfaces, ASSIST recognizes the standard CORBA types, which are mapped to
native (C++) types following the standard C++ to CORBA type mapping[7].
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The coordination model is based on the concept of stream. A stream is an
ordered sequence, possibly infinite, of typed values. Streams connect modules in
generic graphs, and drive the activation of their elaborations: either data-flow or
nondeterministic behaviour can be selected, and the activation can be controlled
by the internal module state. A composition of modules may be, in turn, reused
as a component of a more complex application, provided that the interfaces
match. The programming model includes also the concept of external objects,
as a mean of inter-component interaction, as well as interaction with external
world. Existing services (such as parallel file systems, databases, interactive user
interfaces,etc.) can be encapsulated in an object (e.g. CORBA) and invoked
inside an ASSIST application.

2.2 ASSIST Programs

as Components of Larger CORBA Applications

A computation intensive component of a CORBA application can be conve-
niently expressed in ASSIST to exploit parallelism and achieve good perfor-
mance, provided that it can interoperate with the application in a simple man-
ner. We devised two possible ways of interconnecting an ASSIST subprogram to
a distributed application, that address two different classes of problems:

RMI-like synchronous invocation of a subprogram (with arguments and re-
turn values), when the task to be computed in parallel is well defined and
insulated;

stream-like asynchronous data passing (realized using the standard CORBA
event channel mechanism), which is useful when the production of data to
be processed takes longer and can be overlapped with the elaboration, or
when the data structure to be processed is so big that it cannot be handled
as a whole by the application, or as well when we want to receive partial
results as soon as possible (for example when rendering images or videos).

An ASSIST subprogram, in order to be exported to the CORBA world, must
be a composition of ASSIST modules (at the extreme, it can be a single module)
in which one input stream and one output stream are left unconnected (i.e. no
module produces/consumes them) and are elected to be the input and output of
the entire exported component. In the RMI-like case, a further constraint to be
satisfied (that cannot be statically checked) is that for every datum the program
receives from the input source (by means of the input stream), it must produce
one and only one datum on the output stream.

3 Implementation

The process of exporting an ASSIST program in the CORBA world has been
automatized. We had two options: modify the original ASSIST compiler in or-
der to insert specialized support code for interoperation with CORBA in the
compiled modules or develop a separate transformation tool that produces an
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interoperable ASSIST program that can be compiled with the standard ASSIST
compiler. The second options is more flexible: it allows experimenting with dif-
ferent solutions and different ORB implementations, and is easily extensible to
other distributed objects middleware (CCM, GridServices). It can be slightly
less efficient because the code interacting with CORBA runs as user code in the
ASSIST program, and this imposes some restrictions on its interaction with the
ASSIST runtime. We opted for the second solution: the ASSIST program un-
dergoes an initial analysis phase (detailed in 3.1); then, if the conditions stated
earlier are met, it is transformed, according to the option (RMI-synchronous vs.
stream-asynchronous interaction, detailed in 3.2 and 3.3 respectively) chosen by
the programmer, adding support code to interact with the CORBA runtime and
services. Appropriate CORBA IDL interfaces are automatically generated for
the transformed ASSIST program.

3.1 Analysis of the ASSIST Program

The analysis and transformation of the ASSIST program is carried out by a
separate tool (the integration within the ASSIST compiler is ongoing), designed
to parse and automatically manipulate an ASSIST program in source form.

The program is parsed and its representation is built as a set of C++ ob-
jects. Those objects provide methods to inspect and modify the structure of
the program, that can finally be rewritten in the ASSIST syntax and compiled
using the standard tools. The informations needed about the streams chosen to
interface the program to CORBA are extracted from the parsed program. If no
errors are encountered in this phase, the transformation proceeds according to
the selected interaction method.

3.2 Exporting as a Synchronous Object Method

In the case of synchronous interaction, an ASSIST program (for example, see
Fig. 1(a)) is exported as an object with a single execute method, with argument
and return types equal respectively to the types of the input and output stream
in the program interface. The transformation tool generates an IDL file (see
Fig. 1(b)) describing the object interface, including any type definition (trans-
lated to IDL syntax) or preprocessor directive specified in the source program.

The original ASSIST program is enriched with a module that acts as a bridge
towards CORBA (see Fig. 2). It instantiates an ORB in a separate execution
thread, creates an instance of the CORBA object representing the exported
algorithm and publishes it to a CORBA Naming Service, so that CORBA clients
can easily search for and connect to it; finally it enters the ORB main loop,
waiting for incoming requests.

Whenever a request is accepted by the ORB, the implementation of the exe-
cute method (running in the ORB thread) delivers the argument to the ASSIST
program and then stops waiting for a response. The effective message delivery
and reception is executed in the main thread of the server module, and con-
trolled by the ASSIST runtime support. When the response is received, the
execute method implementation returns it to its caller.
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Fig. 1. Synchronous interaction example.

Fig. 2. Deployed ASSIST program (synchronous invocation).

3.3 Exporting as a Component Interconnected

Through Event Channels

Using the former interaction method it is not possible to execute multiple re-
quests simultaneously, therefore it is not effective for stream-parallel programs,
like pipelines. To fully exploit stream parallelism, we developed a second mecha-
nism based on CORBA event channels to implement asynchronous communica-
tions. The transformation tool generates an IDL file containing the definitions of
event types for the input and output streams of the ASSIST subprogram, and a
special termination event used to stop gracefully a running ASSIST server (see
Fig. 3). In this case, no RMI interface is needed, because the ASSIST program
communicates with CORBA only by means of events.

CORBA events can have any type and event reception is governed by the
type, so we opted for the convention of encapsulating the datum in a named
structure with a single field, to ease the discrimination of ingoing and outgoing
messages.

The ASSIST program is transformed adding two modules (see Fig. 4), one
(S1) that intercepts ingoing events and sends them to the input stream of the
subprogram, and the other (S2) that receives message from the output stream
and forwards them as outgoing events.

Each module, at initialization, connects to the CORBA naming service and
obtains a reference to the COS Event Service, that is the CORBA service that
manages event publishing, subscription and notification. Then the first one sub-
scripts for the ingoing event and the special termination event and keeps for-
warding messages until it receives a termination notification. At the same time,
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Fig. 3. Generated IDL event definitions.

Fig. 4. Deployed ASSIST program (asynchronous message passing).

the other publishes the outgoing event type and produces an event whenever
receives a datum from the ASSIST subprogram.

4 Performance Evaluation

The presented methodology is a viable solution to parallel software integration
into larger applications.

In order to demonstrate this, we present some experiments, targeted to mea-
sure the performance of invoking parallel algorithms from sequential code.

Environment. The following experiments were performed on a Blade cluster
consisting of 23 Intel Pentium III Mobile CPU 800MHz computing elements,
equipped with 1GB of RAM and interconnected by a switched Fast Ether-
net dedicated network. The CORBA implementation adopted is TAO, a free,
portable and efficient ORB written in C++, based on the ACE library [8, 9]. All
the programs were compiled with gcc/g++ v.3 with full optimizations.

Basic performance metrics for the mechanisms employed. The first set of exper-
iments are constructed to measure the maximum performance achievable by the
current implementation of the two interaction methods, independently from the
chosen algorithm. These performance metrics are compared with the ones ob-
tained on the same platform using plain MPI and ASSIST equivalent programs.
For the asynchronous interaction, we compared the bandwidth (varying the size
of the message, see Fig. 5) of a pipeline of two processes implemented in
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Fig. 5. Asynchronous communication bandwidth (left: right: messages/s).

MPI (plain MPI_Send/MPI_Receive),
ASSIST (plain stream),
C++ and ASSIST (CORBA event channels).

The first process produces the stream as fast as possible, while the second
consumes it and computes the bandwidth. The communicating processes are
mapped on different machines, in order to measure the bandwidth of a remote
MPI/ASSIST/CORBA communication.

For the synchronous interaction, we measured the average round-trip time
(see Table 1) of a remote service request, in which the server simply echoes the
received message as a reply, varying the size of the request (and response). The
server and the client are mapped onto different machines. We simulated this
behaviour in MPI (by means of pairs of MPI_Send/MPI _Receives) and ASSIST
(using two streams to send the request and the response). We compared the re-
sults to a CORBA+ASSIST version, in which the server is an ASSIST sequential
module and the service, exported through RMI, is invoked by a C++ client.

Service time of an exported CORBA object. This experiment wants to show the
impact of the invocation overhead introduced by CORBA on the performance
of a data-parallel object. The service implements a synthetic data-parallel algo-
rithm, operating on large matrices (the argument and result are 700 × 700 floats)
and is written in ASSIST. The algorithm, given a matrix as input, transposes
it in parallel (all to all communication) and then for every pair of rows
computes

The performance of the CORBA object is compared to an equivalent solution
expressed in the ASSIST-CL language. In this solution the sequential program
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Fig. 6. Performance comparison: ASSIST vs. ASSIST+CORBA.

is encapsulated in an ASSIST sequential module and interacts with the parallel
module implementing the algorithm by means of ASSIST streams1.

The sequential version of the benchmark completes in 82.8s; a plain CORBA
version in which the server is sequential (C++) completes in 83.1s, with an over-
head of 0.3s. The overhead introduced by the program transformation is compa-
rable (see table 2) to the one in the sequential case, and is in line with the raw
overhead measured for the adopted mechanisms; this means that the implemen-
tation doesn’t introduce inefficiencies, and that parallelism exploitation doesn’t
interfere with the transformation. So, if the overhead is negligible compared to
the service time, as in this case, we obtain a good scalability, comparable with
the one obtained with a pure ASSIST implementation (see Fig. 6(a)).

Speedup of stream-parallel algorithms. The last experiment shows that stream-
parallel programs with sufficient computation to communication ratio can gain
high speedups. The stream-parallel algorithm chosen is the classical Mandelbrot
set computation, parallelized as a task farm, in which each task is a set of
contiguous points that must be evaluated; it produces a stream of computed
lines (arrays of 500-800 values), with a rate that varies during the execution.

1 This introduces overhead w.r.t. an ASSIST program in which the whole computation
is carried in a parallel module, in fact this implies that the argument is scattered or
gathered whenever a communication occurs between the sequential and the parallel
module, but makes the performance comparable with the CORBA based solution.
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Even in this case, the overhead introduced by the CORBA interaction vs. a pure
ASSIST implementation is negligible (see Fig. 6(b)), allowing a good scalability
up to 16 processors (the maximal configuration we tested).

5 Related Work

Several studies investigated how CORBA could be adapted to enable the con-
struction of high-performance applications, focusing mainly on communication
optimization with/between data-parallel programs.

PARDIS [10] project extended an existing CORBA ORB implementation, to
allow both sequential and parallel clients to interact with sequential or parallel
servers, where the processes composing a parallel unit can communicate via MPI
message passing. They extended also the IDL language, in order to represent,
by means of the new distributed sequence type, the possible data distribution
policies often found in SPMD programs.

In PaCO [11] parallel (MPI) SPMD servers can be exported as a single par-
allel CORBA object and invoked by a sequential client; simple IDL extensions
are introduced to support the classical BLOCK/CYCLIC data distributions.

GridCCM [12] extends the PaCO approach to CORBA components: SPMD
MPI programs can be exported as CCM components, described by usual IDL3
interfaces and additional XML files describing the parallelism-oriented aspects.

Our approach can handle not only data-parallelism or SPMD programs, but
also task-parallelism (e.g. pipeline / task farm) and mixed task- and data- par-
allelism, exploiting standard CORBA mechanisms such as object method invo-
cation and event channels.

6 Conclusions

In this work we described the implementation of a compiling tool that automa-
tizes the exportation of an ASSIST subprogram as a CORBA object. The AS-
SIST programming language eases this task, because it is based on a modular
coordination model, that explicits all interactions between parallel components
by means of interfaces. The translation of those interfaces to CORBA IDL no-
tation and the construction of bridging ASSIST modules enables ASSIST sub-
programs to be integrated in larger applications using the CORBA standard as
an interoperability layer. This simplifies the use of parallel algorithms within a
sequential application and allows, as well, the composition of different parallel
algorithms inside the same parallel application, configured at load- or run- time.
The experiments showed that this is a viable solution to parallel software inte-
gration, in fact the two interaction methods allow the integration of low latency
(data-parallel) or high-throughput (stream-parallel) parallel components with
good performances, comparable to the ones that can be achieved in a parallel
application written entirely in a high-level parallel programming language like
ASSIST. These results makes ourselves confident that the integration between
object- or component-based frameworks and high-performance computing is fea-
sible, therefore we intend to extend the approach to generate bridges for CCM
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components (introduced in the CORBA 3 standard), and to generalize it to
handle other component-basedstandards (e.g. Web/GRID services [5]) as well.
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Abstract. Ever-increasing demand for computing capability is driving the con-
struction of ever-larger computer clusters, soon to be reaching tens of thousands
of processors. Many functionalities of system software have failed to scale ac-
cordingly – systems are becoming more complex, less reliable, and less effi-
cient. Our premise is that these deficiencies arise from a lack of global control
and coordination of the processing nodes. In practice, current parallel machines
are loosely-coupled systems that are used for solving inherently tightly-coupled
problems. This paper demonstrates that existing and future systems can be made
more scalable by using BSP-like parallel programming principles in the design
and implementation of the system software, and by taking full advantage of the
latest interconnection network hardware. Moreover, we show that this approach
can also yield great improvements in efficiency, reliability, and simplicity.

1 Introduction

There is a demonstrable need for a new approach to the design of system software for
large clusters. We claim that by using the principles of parallel programming and mak-
ing effective use of collective communication, great gains may be made in scalability,
efficiency, fault tolerance, and reduction in complexity.

Here system software refers to all software running on a machine other than user
applications. For a workstation or SMP this is just a traditional microprocessor operat-
ing system (OS) (e.g. Linux kernel) but for a large high-performance cluster there are
additional components. These include communication libraries (e.g. MPI, OpenMP),
parallel file systems, the system monitor/manager, job scheduler, high-performance ex-
ternal network, and more.

Experience with large-scale machines such as Cplant, Virginia Tech’s Terascale
Cluster, and ASCI’s Blue Mountain, White, Q, and Lightning, has shown that man-
aging such machines is time comsuming and expensive. The components of the system
software typically introduce redundancies in both functionality (communication and
coordination protocols) and in hardware (multiple interconnection networks) and are
typically ‘bolted together,’ each coming from a differentdeveloper or vendor, resulting
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in a multiplication of complexity. Further, for the larger systems efficiency (delivery of
theoretical capability), responsiveness, and reliability remain low, indicating that they
have already outgrown current incoherent suites of system software.

We believe that the root of the problem is the use of largely independent, loosely-
coupled compute nodes for the solution of problems that are inherently tightly coupled.
A solution to this problem is to better integrate the compute nodes using modern inter-
connection network hardware. We propose a new methodology for the design of parallel
system software based on two cornerstones: 1) BSP-like global control and coordination
of all of the activities in the machine, and so, 2) treating the system software suite just
like any other parallel application. In practice we are able to attain efficient and highly
scalable coordination using a very small set of collective communication primitives.
From a theoretical point of view this set of primitives should be amenable to formal
semantic characterization and analysis (possibly following Lamport [12]), but this re-
mains a potential direction for future research. More practically, this demonstrates new
modalities for the use of collective communication.

Much of what we propose here has been implemented and shown to have achieved
the desired goals – simplicity, efficiency, effectiveness, and very high scalability. Other
components, based on the same primitives, are still in development. However, various
subsets of these mechanisms are independent and so may be put into use in the absence
of the others, so allowing incremental proof of concept.

2 Toward a Parallel Operating System

Distributed and parallel applications (including operating systems) are distinguished
by their use of interprocessor communication. Distributed applications typically make
much more use of local information and exchange a relatively small number of point-
to-point messages. Parallel programs benefit from, and often require, mechanisms for
global synchronization and exchange of information, such as barriers, reduction opera-
tions, etc. Many OS tasks are inherently collective operations, such as context switching
and job launching; others benefit by being cast in terms of collective operations.

Fig. 1. Communication Protocol.

Our vision is that of a cohesive global operating system that is designed using paral-
lel programming paradigms and techniques. Such a unified OS will not only be smaller
and simpler than the sum of the parts currently used for system software, but also more
efficient because of reduced overhead and redundancy (Fig. 1). All the roles of a clus-
ter OS, such as job launching and scheduling, user-level communication, parallel I/O,
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transparent fault tolerance, and garbage collection can be implemented over a single
communication infrastructure. This layer in turn is designed as a parallel program us-
ing the same collective communication primitives.

By using a carefully chosen set of low-latency, scalable communication primitives
we can impose a global communication model where both system and user commu-
nication is tightly controlled at a fine granularity. The system as a whole behaves as
a bulk-synchronous program, where computation and communication are divided into
distinct, timed phases. In this model, called Buffered Coscheduling (BCS) [3], all the
user and system-level communication is buffered and controlled. The entire cluster
marches to the beat of a global strobe that is issued every few hundreds of microsec-
onds. This is somewhat reminiscent of the SIMD model, except the granularity is in
terms of time rather than instructions. In the periods between strobes, or timeslices,
newly-issued communication calls are buffered until the next timeslice. At every strobe,
nodes exchange information on pending communication, so that every node has com-
plete knowledge of the required incoming and outgoing communication for the next
timeslice. The nodes then proceed to globally schedule those communications that will
actually be carried out during the timeslice, and proceed to execute them. The advan-
tage of this model is that all the communication is controlled and can be maintained in
a known state at every given timeslice, so that problems arising from congestion, out of
order arrival, and hot spots can be avoided. As reported in Section 4, these constraints
impose little or no overhead for scientific applications, while obtaining the advantages
of a more deterministic, controllable machine.

3 Core Primitives and Operating System Functions

Suggested Primitives. Our suggested support layer consists of three network prim-
itives. These may be implemented in hardware, software, or a combination of both;
commodity hardware exists today that can implement them directly. While this set of
primitives is complete (in terms of providing the needed functionality), other primitives
might conceivably provide equivalent (or even more) functionality and efficiency.

XFER-AND-SIGNAL. Transfer (PUT) a block of data from local memory to a com-
monly registered memory area, or global memory, of a set of nodes, and optionally
signal a local and/or a remote event upon completion.

TEST-EVENT. Check if a local event has been signaled. Optionally, block until it has.
COMPARE-AND-WRITE. Arithmetically compare a global variable on a set of nodes

to a local value. If the condition is true on all nodes, then (optionally) assign a new
value to a (possibly different) global variable.

Note that XFER-AND-SIGNAL and COMPARE-AND-WRITE are both atomic opera-
tions. That is, XFER-AND-SIGNAL either PUTs data to all nodes in the destination
set or (in case of a network error) none of the nodes. The same condition holds for
COMPARE-AND-WRITE when it writes a value to a global variable. Furthermore, if
multiple nodes simultaneously initiate COMPARE-AND-WRITEs with identical param-
eters except for the value to write, then, when all the operations have completed, all
nodes will see the same value in the global variable. In other words, both primitives
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are sequentially consistent operations [12]. TEST-EVENT and COMPARE-AND-WRITE
are traditional blocking operations, while XFER-AND-SIGNAL is non-blocking. The
only way to check for completion is to TEST-EVENT on a local event triggered by
XFER-AND-SIGNAL. These semantics do not dictate whether the mechanisms are im-
plemented by the host CPU or by a network co-processor, or where the global memory
resides. Nor do they require that TEST-EVENT yield the CPU, though it may be advan-
tageous to do so.

System Software Requirements and Solutions. In this section we discuss how the
various responsibilities of a global OS can be realized with the aforementioned mech-
anisms and communication layer. These OS functions are all discussed and expressed
in terms of the proposed abstract layer, showing its sufficiency and completeness for a
global OS. Table 1 summarizes these arguments.

Job Launching. The traditional approach to job launching, including the distribution
of executable and data files to cluster nodes, is a simple extension of single-node job
launching: data is transmitted using the network file system, and jobs are launched with
scripts or simple utilities such as rsh or mpirun. These methods do not scale to large
machines where the load on the network file system, and the time it would take to
serially launch a binary on many nodes, make them inefficient and impractical. Several
solutions have been proposed for this problem, all based on software tricks to reduce the
distribution time. For example, Cplant and BProc use their own tree-based algorithms
to distribute data with latencies that are logarithmic in the number of nodes [1,9]. While
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more portable than relying on hardware support, these solutions are significantly slower
and not always simple to implement [7].

Decomposing job launching into simpler sub-tasks shows that it only requires mod-
est effort to make the process efficient and scalable:

Executable and data distribution are no more than a multicast of packets from a file
server to a set of nodes, and can be implemented using XFER-AND-SIGNAL.
Launching of a job can be achieved simply and efficiently by multicasting a control
message to the target nodes using XFER-AND-SIGNAL. The system software on
each node then forks the process and waits for its termination.
The reporting of job termination can incur much overhead if each node sends a
single message for every process that terminates. This can be avoided by all pro-
cesses of a job reaching a common synchronization point upon termination (using
COMPARE-AND-WRITE) before delivering a single message to the resource man-
ager.

Job Scheduling. Interactive responsiveness from a scheduler is required to make a large
machine as usable as a workstation. This implies that the system must be able to per-
form preemptive context switching with latencies similar to uniprocessor systems, that
is, on the order of a few milliseconds. Such latencies are almost impossible to achieve
without scalable collective operations: the time required to coordinate a context switch
over thousands of nodes can be prohibitively large when using point-to-point commu-
nication [10]. Even though the system is able to efficiently context switch between
different jobs, concurrent (uncoordinated) application traffic and synchronization mes-
sages in the network can unacceptably delay response to the latter. If this occurs even
on a single node for even just a few milliseconds it may have a severe detrimental effect
on the responsiveness of the entire system [15].

Many contemporary networks offer some capabilities to the software scheduler to
prevent these delays. The ability to maintain multiple communication contexts alive in
the network securely and reliably, without kernel intervention, is already implemented
in some state-of-the-art networks such as QsNet. Job context switching can be easily
achieved by simply multicasting a control message to all the nodes in the network using
XFER-AND-SIGNAL. Our communication layer can guarantee that system messages
get priority over user communication to avoid synchronization problems.

Communication. Most of MPI’s, TCP/IP’s, and other communication protocols’ ser-
vices can be reduced to a rather basic set of communication primitives, e.g. point-to-
point synchronous and asynchronous messages, multicasts, and reductions. If the under-
lying primitives and protocols are implemented efficiently, scalably, and reliably by the
hardware and cluster OS, respectively, the higher level protocols can inherit the same
properties. In many cases, this reduction is very simple and can eliminate the need for
many of the implementation quirks of protocols that need to run on disparate network
hardware. Issues such as flow control, congestion avoidance, quality of service, and pri-
oritization of messages are handled transparently by a single communication layer for
all the user and system needs.
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Determinism and Fault Tolerance. When the system globally coordinates all the ap-
plication processes, parallel jobs can be made to evolve in a controlled manner. Global
coordination can be easily implemented with XFER-AND-SIGNAL, and can be used to
perform global scheduling of all the system resources. Determinism can be enforced by
taking the same scheduling decisions between different executions. At the same time,
global coordination of all the system activities helps to identify the states along the
program execution at which it is safe to checkpoint.

The tight control of global communication and the induced determinism that fol-
lows from this constraint allows for a seamless inclusion of various other important OS
services and functionalities. One example is parallel I/O, which can benefit from the
hot-spot and congestion avoidance of this model, since all the I/O operations can be
scheduled as low-priority communications. The ability to synchronize an entire appli-
cation to a known state at fine granularity (without having messages en route) is very
important for performing global garbage collection, by keeping track of the live state
of global objects [11]. Even more important is the ability to use these known states
for automatic, fine-grained, coordinated checkpointing. Because of the frequency with
which components can fail, one of the main challenges in using large-scale clusters is
achieving fault tolerance. The difficulty of checkpointing for these clusters arises from
the quantity of unknown system state at any given point in time, due largely to non-
determinism in the communication layer. Eliminating and controlling most of these
unknowns allows significant simplification of automatic checkpointing and restart at a
granularity of a few seconds, far more responsively than current solutions. The check-
pointing traffic is handled and scheduled by the communication layer together with all
other traffic, again mitigating flow-control and non-determinism issues.

Implementation and Portability. The three primitives presented above assume that
the network hardware enables efficient implementation of a commonly registered mem-
ory area. Such functionality is provided by several state-of-the-art networks such as Qs-
Net and Infiniband and has been extensively studied [13,14]. We note that some or all of
the primitives have have already been implemented in several other interconnects; their
expected performance is shown in Table 2. They were originally designed to improve
the communication performance of user applications; to the best of our knowledge their
usage as an infrastructure for system software has not been explored before this work.

Hardware support for multicast messages sent with XFER-AND-SIGNAL is needed
to guarantee scalability for large-scale systems – software approaches do not scale well
to thousands of nodes. In our case, QsNet provides PUT/GET operations, making the
implementation of XFER-AND-SIGNAL straightforward.

COMPARE-AND-WRITE assumes that the network is able to return a single value to
the calling process regardless of the number of queried nodes. Again, QsNet provides a
global query operation that allows direct implementation of COMPARE-AND-WRITE.

4 Results

We have implemented a research prototype, called STORM [7], as a proof of con-
cept of our approach. STORM is a full-fledged resource manager that provides job
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launching, resource allocation and monitoring, load balancing, and various job schedul-
ing algorithms including space-shared, time-shared, and backfilling variants. STORM’s
performance has been evaluated, modeled, and compared to several others from the
literature [7]. STORM is an order of magnitude faster than the best reported results
for job launching, and delivers two orders of magnitude better performance for context
switching. STORM was later used to implement several new scheduling algorithms.
In a comprehensive experimental evaluation [5,6], our new algorithms improved the
system’s utilization and response times both for simple and dynamic workloads. By us-
ing our primitives for global resource coordination, the algorithms were better suited to
avoiding and mitigating problems of internal and external fragmentation.

We have also implemented BCS-MPI, an MPI library based on the BCS model, on
top of STORM. The novelty of BCS-MPI is its use of global coordination of a large
number of communicating processes rather than an emphasis on the traditional opti-
mization of the point-to-point performance. Several experimental results [4], using a set
of real-world scientific applications, show that BCS-MPI is only marginally slower (less
than 10%) than production-grade MPI implementations, but is much simpler to imple-
ment, debug, and reason about. Performance results for scientific applications provide
strong evidence for the feasibility of our approach for transparent fault tolerance [16].

5 Conclusions

We have shown that a BSP-like approach to the design of system software is not only
feasible but promises much-needed improvements in efficiency, simplicity, and scala-
bility for all of the key functionalities of a cluster OS. Further, it provides a framework
in which effective fault tolerance may be achieved. All of the functions may be imple-
mented in terms of simple collective communication primitives directly supported by
currently available interconnection networks.

Concretely, the resource manager STORM implements job launching, resource al-
location and monitoring, job scheduling, and load balancing. BCS-MPI implements a
high-level communication protocol. The full implementation of the fault tolerance and
parallel I/O mechanisms is underway; experimental results provide ample evidence that
the desired functionalities and behaviors are achievable.
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Fast and reliable parallel algorithms for the basic problems of numerical mathe-
matics and their effective implementation in easy-to-use portable software com-
ponents are crucial for computational solution of scientific and engineering prob-
lems. This Topic track is a forum for the presentation and discussion of new
developments in the field of parallel numerical algorithms, covering all aspects
from basic algorithms, efficient implementation on modern parallel, distributed
and network-based architectures, to software design and prototyping in mathe-
matical software components and performance analysis. Specific areas of interest
include, among others, PDEs, large sparse or dense linear systems and eigensys-
tems, non-linear systems, linear algebra and fast transforms.

Overall, fifteen papers were submitted to our Topic. Out of these fifteen sub-
missions, six were accepted, all of them as regular papers. At the conference,
the presentations were arranged into two sessions, containing three papers each
of them. The first session starts out with a presentation investigating the old
history effect in asynchronous iterations on a linear least squares problem. A
partially asynchronous algorithm is developed. It is experimentally shown the
effectiveness of a combined effort to decrease the effect of old history. The second
paper presents a study of mixed parallel execution schemes for explicit and im-
plicit variants of general linear methods. Experiments conducted in two different
parallel platforms show interesting results. The final paper in this session pro-
poses a data management and communication layer for an adaptive, hexahedral
finite element method on distributed memory machines. The layer also provides
an effective user interface.

The second session consists of three papers. The first concerns a splitting ap-
proach to the pressure-stabilized Petrov-Galerkin (PSPG) finite element method
for incompressible flow. A parallel implementation of the method is described
showing a good scalability for large systems. The next paper deals with a parallel
direct solver for solving large sparse linear systems. A modification of a multilevel
graph partitioning schema is proposed for a balanced domain decomposition of
the problem. The last paper is about parallel hybrid algorithms for solving the
triangular continuous-time Sylvester equation. It is shown that these algorithms
outperform parallel implementations of the DTRSYL solver from LAPACK.
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Abstract. The deteriorating effect of old history in asynchronous it-
erations is investigated on an application based on the specialization
of parallel variable distribution approach of Ferris and Mangasarian [4]
to linear least squares problem. A partially asynchronous algorithm is
developed which employs a combination of synchronization, a relaxation
parameter and a certain form of overlap between subproblems. It is shown
by numerical experiments that this combined effort to decrease the ef-
fect of old history is more effective than the single attempts considered in

[9,11].

The aim of the paper is to provide an efficient method to compensate for the
deteriorating effect of old history on the convergence of asynchronous iterative
methods. The issue of old history is investigated on an application based on
the specialization of parallel variable distribution (PVD) approach of Ferris and
Mangasarian [4] to linear least squares problem.

We have seen in [9,11] that in the implementation of totally asynchronous
iterations on linear least squares problems convergence is deteriorated due to
the existence of old history in the system. Yet, some measures can be taken to
reduce the effect of old history. It has been observed that increasing the number
of processors increases the effect of old history, whereas introducing some form
of synchronization, either in the form of local synchronization, or as barrier
synchronization decreases the deterioration. The use of a relaxation parameter
as a line search also improves the convergence rate.

Here we will formulate a partially asynchronous algorithm that combines
most of the methods studied in [9,11] plus a certain form of overlap to de-
crease/eliminate the effect of old history. This new algorithm is based on our
observations in our former studies and the work of Dennis and Steihaug [2]. We
will see that the new algorithm eliminates the deterioration in convergence rate
observed due to the effect of old history.

In the following, we first give some notations and definitions that are used
throughout the paper. In Sect. 2 we introduce the concepts of planar search and
expanded blocks. The final algorithm is outlined and explained in Sect. 3. We
give some experimental results in Sect. 4. Concluding remarks are included in
Sect. 5.
* Work is a part of the first author’s Dr. Scient. thesis completed at the University of

Bergen, Department of Informatics, Bergen, Norway.
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1 Preliminaries

The specialization of PVD to linear least squares problem was presented in [2,
8] and a more general approach was presented in [6]. The same domain decom-
position approach to linear least squares problem has been employed in [1,9–11]
but under a different name.

Let A be an real matrix, and M be an positive definite
matrix. The weighted linear least squares problem is

where
To apply the PVD approach, the space is decomposed as a Cartesian

product of lower dimensional spaces where
Accordingly, any vector is decomposed as and the
matrix A is partitioned as where and each is
assumed to have full rank. Then, the least squares problem (1) is equivalent to

In a parallel processing environment, consistent with the application of the
PVD approach we assume that there are processors each of which can update
one block component, These processors that solve the subproblems are called
as slave processors and are coordinated by a master processor which computes
the global solution vector.

Let be a normalized integer counter of actual times that
one or more components of are updated, and let be the approximation
to the solution of (1), at a given time instant Further, let be the
set of times component is updated and be the value of component at
time For a given each slave for which is assigned the subproblem

where is the direction vector and
is the residual. The master computes the global solution

where is the vector complemented with zeros in places of blocks
Note that is nonzero only for the components for

which
If for all we have then we get a synchronous

iteration in the form of Jacobi method on normal equations
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where the values of all the components are computed using the values
from the previous iteration, namely However, in an
asynchronous setting, the processor computing may not have access to the
most recent values of other components of and is computed using a
residual where are time-stamps satisfying

In (5) the difference can be seen as a communication delay. This
communication delay, or time-lag, causes that old data is used in the computation
of a component Consequently, these updates computed using older values
deteriorate the convergence property of the algorithm. We call these older values
in the system as old history and their deteriorating effect as the effect of old
history.

When the coefficient matrix A is partitioned, the blocks are formed by
non-overlapping consecutive columns. Nevertheless, in the implementation of
(3) the effect of row dependence between the blocks comes into picture. The
dependence between these subproblems can be represented by a directed graph
called dependency graph, and for this particular problem the dependency graph
is an adjacency graph since we have a symmetric system [10]. For the PVD
formulation of the linear least squares problem as given above, the set of essential
neighbors for a given node in the dependency graph is defined as
block and block have nonzero elements on the same row positions}.

2 From Jacobi to a Partially Asynchronous Algorithm

We first introduce planar search as an alternative to line search for finding a
relaxation parameter. Then we show a way of making all the blocks essential
neighbors of each other, which eliminates the need for waiting for an update
from one’s essential neighbors during the computations to avoid zero updates.

2.1 Planar Search

In (4), after each direction vector is computed, a line search can be done
to compute a relaxation parameter that will give the most decrease in the
residual vector for this direction. The relaxation parameter given in [11] is
computed as the solution of the one dimensional least squares problem

and only the direction vectors that give values that are in the interval (0,2)
are used to update the residual vector. However, instead of doing a line search
to correct each of these vectors one by one, we can wait for receiving all the
direction vectors and introduce a planar search where the values
of the relaxation parameters are computed as the solution of a
new least squares problem.
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Let where Then the planar search step is:

The new iterate is

Planar search as defined in (7) is an extension of (6) where the restriction
on the values of is eliminated. Obviously, the planar search step implemented
in this fashion introduces a blocking synchronization point in the parallel imple-
mentation whereas line search is done without synchronization.

2.2 Expanded Blocks

We pointed out in [11] the need for waiting for an update from any one of the
essential neighbors of a given block between two consecutive updates from
this block in order to avoid redundant zero computations. If the subproblems
are formed such that each block is an essential neighbor of all the other blocks,
the computations can go on continuously with no delay. One method to obtain
blocks that are all essential neighbors of each other is to take the original blocks

as they are and expand these blocks by new columns, one
for each block Each of these new columns is the one
dimensional aggregate of subspace

Let be the weight vector partitioned as where
Let be the vector obtained by starting with a

zero vector and placing the non-zero entries of in the positions corresponding
to the column indices in A of Define the matrix

where is the identity matrix and is the matrix formed from
columns of the identity matrix so that

For define the matrix

The expanded subspace is now the range space of and is the one
dimensional aggregate of

Unless the weight vector is very sparse, all the newly formed expanded
blocks will be essential neighbors of each other.

For a given at time the subproblem (3) is replaced by

where is defined in (9) for the given vector
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The step is

For a given define the matrix

Consider the matrix

Then the planar search step (7) is executed replacing the matrix with the
of (13). We use the vector defined in (11), and the new iterate is

where is defined in (12).
One question is how to choose the weight vector When the only aim is to

form new blocks that are all essential neighbors of each other any choice of a non-
zero that is not very sparse is acceptable. Yet, while forming the aggregations of
each block we can also try to increase the convergence rate of the new algorithm.
If we could choose then each would be
and we would get convergence in one step [2]. Since is not known, a good
approximate is taking This choice leads to a
significant reduction in the number of iterations in sequential and synchronous
implementations of this approach [2]. Other choices for are constant values,
e.g. or a predictor/corrector scheme defined by keeping fixed
for several predictor iterations without having to redo any factorizations [2].
Note that when is a zero vector, we get the block Jacobi iteration on normal
equations.

3 A Partially Asynchronous Algorithm

The two issues introduced in the former section, if applied directly on the block
Jacobi iteration on normal equations, will give a synchronous parallel algorithm
since planar search brings out the need for a blocking synchronization step. We
know that too frequent blocking synchronization points in parallel implementa-
tions should be avoided due to the performance penalties imposed on the system
[10]. Hence, we decide to do a planar search after every sweeps, i.e., after up-
dates received from each block Between two planar search steps
the weight vector and consequently matrices are kept constant. The up-
dates received between two synchronization points from each slave are accumu-
lated and matrix is formed using these accumulated values. The accumulation
of updates in this manner is an application of reliable updating technique which
leads to very accurate approximations provided that the accumulations do not
become too large [3].
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Between two synchronization points a running copy of the residual is kept,
which is updated on receiving a new result from any one of the slaves and its
updated value is sent back to the slave who has communicated the last result.
Hence, asynchronism is introduced in the system, which adds the flavor of Gauss–
Seidel in the iterations. The original residual vector is used in the planar search
step and is updated thereafter.

Observe that in (10), where
is the variable representing the space spanned by the ith block of variables in

and the scalar values are the aggregate variables expanding this space.
Expanding the subproblems with these aggregate variables not only makes all the
new blocks essential neighbors of each other, but also creates a sort of “overlap”,
though the overlapping part of the newly formed blocks is in aggregated form.
In asynchronous implementations overlap to some degree is found to accelerate
the overall iteration [7]. However, the benefit of overlap is shown to be in the
inclusion of extra variables in the minimization for the local variables only. The
updated value on the overlapped portion of the domain should not be utilized
[5]. In our case, the inclusion of the scalar values in the update of the residual
vector will increase the effect of old history in the system. Therefore, we form
and solve the expanded subproblems, but throw away the calculated values.

The vector in (11) is replaced by where are extracted from
of (10). Since we use accumulated updates in the used in forming are, in
fact,

Algorithm 1 (PALSQ).
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In Algorithm 1, initially the weight vector is The matrix is
defined as and is utilized in forming the new

matrices after each planar search step. Notice that in the algorithm
is set to We know from (13) that Then

Thus, there is no explicit update of the weight vector since its new value is
packed in the matrix Obviously, if is constant throughout the
algorithm, the assignment and the broadcast of  is done only once at the start
of the implementation, so as the forming and factorization of

4 Numerical Experiments

The experiments are done using the “time-lagged” analytical model of [9]. The
example test problem used in the graphs is problem ASH958 from the Harwell-
Boeing sparse matrix test collection. The number of blocks and slaves is 15.
In the graphs the markers on the continuous lines give the value of the residual
vector after each planar search. The dotted lines around the continuous lines
illustrate the temporary residual vector The curve of continuous line with no
markers depicts the behavior of a totally asynchronous implementation with no
relaxation parameter and synchronization of any form, where slaves operate on
the original blocks receiving the latest available residual vector
on the master whenever they send a new update.
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We first check the effect of planar search on old history. In Fig. 1 totally
asynchronous implementation is depicted against a partially asynchronous im-
plementation where the blocks are the same as in the totally asynchronous one,
but a planar search is done before updating the residual after sweeps. The
residual decreases monotonically for all choices of although we observe a dif-
ference in the number of planar searches and total updates on the temporary
residual vector Going from a synchronous implementation with planar
search to a partially asynchronous implementation with a synchronization step
after sweeps, the number of synchronization points before convergence
decreases from 21 to 9 (-57.1%), while the number of total updates computed
increases from 315 to 405 (+28.6%). Considering that the updates are computed
in parallel whereas during a synchronization step all the slaves remain idle, the
case of makes more efficient use of the available resources.

The results depicted in Fig. 1 compared to Fig. 5 of [9], where the effect of
synchronization on old history is studied, point out that a synchronization step
combined with planar search is more effective than a simple barrier synchroniza-
tion in decreasing the magnitude of time-lag in the system.

In the second experiment we introduce expanded blocks formed using a con-
stant weight vector Here, gives a Jacobi implementation
with overlap and planar search. Figure 2 demonstrates that for all values of
the residual is monotonically decreasing. The number of planar searches before
convergence decreases from 17 for to 8 for (-52.9%), whereas the
total number of updates on the temporary residual vector increases from 255 to
360 (+41.2%). When we compare the results of this experiment with the former
one, we see the positive effect of overlap on the convergence rate.

Lastly, we implement Algorithm 1 as it is given in the previous section,
i.e., partially asynchronous implementation with expanded blocks and

Here, different than the former two experiments, we observe that the
cases of and have a better converge rate than the case of
Again, for all values of we get a monotonically decreasing residual vector which
is not contaminated by old history. Comparing the case of with Den-
nis and Steihaug’s Jacobi-Ferris-Mangasarian algorithm [2] with the “forget-me-
not” variables of Ferris and Mangasarian [4] contributing to the planar search,
we observe that inclusion of the values is necessary in a synchronous imple-
mentation, but in an asynchronous setting it is crucial and beneficial to discard
them, since their contribution increases the effect of old history in the system if
they are not discarded.

In this last experiment, the number of planar searches necessary before con-
vergence decreases from 21 for to 7 for whereas the total num-
ber of updates on the temporary residual vector  remains constant at 315 for
both and This means that the number of synchronization points
is decreased by 66.7% while the same number of updates are computed asyn-
chronously instead of following a synchronous pattern

All these experiments indicate that some degree of synchronization intro-
duced in an asynchronous system combined with a form of overlap and a relax-
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Fig. 1. Partially asynchronous imple-
mentation with planar search versus to-
tally asynchronous implementation.

Fig. 2. Partially asynchronous imple-
mentation with planar search and ex-
panded blocks in which
versus totally asynchronous implemen-
tation.

Fig. 3. Partially asynchronous implementation with planar search and expanded blocks
in which versus totally asynchronous implementation.

ation parameter eliminate the deteriorating effect of old history. This approach
of combining different issues that affect old history in the system is more effective
than the single attempts carried out in [9,11].

5 Concluding Remarks

Algorithm PALSQ is, in fact, a predictor-corrector algorithm, since in the asyn-
chronous phase we accumulate updates (prediction) and only in the synchroniza-
tion step the residual is updated (correction) with a combination of these ac-
cumulated updates and a relaxation parameter. During the asynchronous phase
only the temporary residual vector is updated. Therefore, the residual vector
is concealed from the effect of old history.

We eliminate the effect of old history in a given asynchronous system intro-
ducing blocking synchronization, a relaxation parameter computed in a planar
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search, and overlap between subproblems in form of aggregated columns expand-
ing the subproblem spaces, all applied together in Algorithm PALSQ. Slightly
increasing the size of the subproblems for the sake of increasing dependency
between slave processors and benefiting from the synchronization point for com-
puting a relaxation factor turns out to be more effective than introducing only
simple synchronization points or decreasing the number of processors in the
system as means of decreasing the effect of old history.

We have considered only two values for the weight vector     which is used in
aggregating the blocks and forming overlap between the subproblems. Both the
experiment with   having a constant value and the experiment with a variable

vector indicate that overlap is an effective factor in decreasing the deteri-
oration caused by old history. Therefore, it is important to investigate further
what other values can be assigned to the weight vector.
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Abstract. Many recent solvers for ordinary differential equations (ODEs) have
been designed with an additional potential of method parallelism, but the actual
effectiveness of exploiting method parallelism depends on the specific commu-
nication and computation requirements induced by the equation to be solved. In
this paper we study mixed parallel execution schemes for specific (explicit and
implicit) variants of general linear methods, the Parallel Adams-Bashforth meth-
ods and the Parallel Adams-Moulton methods, which are new methods providing
additional method parallelism. The implementations are realized with a library
for multiprocessor task programming. Experiments on a Cray T3E and a dual
Xeon cluster show good efficiency results, also for sparse application problems.

1 Introduction

For the integration of initial value problems for first-order ordinary differential equa-
tions (ODEs), several new parallel solution methods have been proposed which pro-
vide a potential of method parallelism in each time step. Many of those ODE solvers
are based on multistage methods which offer a potential of method parallelism for the
stage vector computation. Method parallelism allows a parallel execution of the solution
method with a number of processors identical to the number of stages in the methods,
which is usually less than ten. In the case of systems of ODEs there is an additional
source of system parallelism in each stage vector computation corresponding to the
system size. A mixture of method and system parallelism can be exploited to employ
a larger number of processors and to improve scalability. Examples of those new ODE
solvers are iterated Runge-Kutta (RK) methods [13,7] and diagonal-implicitly iterated
Runge-Kutta methods [14,8]. For the parallel efficiency of iterated RK solvers the com-
munication plays an important role. A global exchange is necessary after each iteration
step of the stage vector computation and the efficiency strongly depends on the charac-
teristics of the ODE application to be solved: for sparse ODE systems, the communica-
tion bandwidth of the target platform may limit the resulting performance. Experiments
on different target platforms also show that a pure data parallel execution often leads to
faster execution times than a parallel execution that exploits method parallelism [9]. On
the other hand, parallel DIIRK methods for solving stiff ODEs show good efficiency
for sparse and dense ODE systems on a wide variety of target platforms. Moreover, on
most platforms, exploiting method parallelism leads to a significantly faster execution
than pure data parallel executions.

In this paper, we explore another class of solution methods with different commu-
nication requirement. In particular, we consider a variant of general linear methods, the
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parallel Adams methods proposed by van der Houwen and Messina in [ 12]. The parallel
Adams methods have the advantage that the computations of the parallel stages within
each time step are completely independent from each other. Strong data dependencies
occur only at the end of each time step. We have realized this method using multi-
processor tasks (M-tasks) for stage vector computations exploiting system parallelism
internally within each M-task. We investigate the trade-off between reduced commu-
nication between different M-tasks and increased communication after each time step.
The program is designed for arbitrary right hand sides of the ODE so that no application
specific characteristics are exploited and the pure effect of M-Task programming can
be seen. As application programs we consider dense and sparse ODE systems. Experi-
ments have been performed on a Cray T3E and a dual Xeon cluster.

The M-Task programs are realized with the Tlib library, a library to program hier-
archically organized M-task programs on top of SPMD modules [10]. The advantage is
that different parallel program versions can be coded easily on top of given stage vector
SPMD codes without causing an additional overhead. Several other models have been
proposed for mixed task and data parallel executions, see [1,11] for an overview of sys-
tems and approaches. Many environments for mixed parallelism in scientific computing
are extensions to the HPF data parallel language, see [3] for an overview. Examples for
parallel programming systems are HPJava [15], LPARX [6], and NestStep [5].

The rest of the paper introduces the parallel Adams method in Section 2. Section 3
presents the implementation scheme of the parallel Adams methods with mixed paral-
lelism. Section 4 discusses runtime results and Section 5 concludes.

2 Parallel Adams Method

We consider the solution of initial-value problems (IVPs) of first order differential equa-
tions (ODEs) of the form

with initial vector at start time system size and right hand side
function Starting with one-step methods for solving ODE systems
of the form (1) determine a sequence of approximations for the solution

at time Parallelism can only be exploited within the computations
of each time step, since the time steps depend on each other. This can be realized by
a distribution of the computation of components of or by exploiting specific
characteristics of potential method parallelism if available.

In recent years solvers have been designed that additionally provide a higher de-
gree of method parallelism while providing good numerical properties. Many of them
are based on classical implicit Runge-Kutta methods in which the implicit equation is
treated with a predictor-corrector approach or fixed point iterations. Method parallelism
can be exploited for the computation of different stage vectors, but there are still inter-
actions between the parallel computations. Another class of parallel solvers is based on
implicit multistage methods which are already parallel in the stage vector computation
and which can be described by the class of general linear methods [2]. General linear
methods compute several stage values (which are vectors of size in each time
step which correspond to numerical approximation of with abscissa vector

and stepsize The stage values of one time step are
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combined in the vector of size and the computation in each
step is given by:

The matrices R, S and T have dimension and denotes the Kronecker tensor
product, i.e. the dimensional block matrix with blocks · I of size
for I denotes the unit matrix and
Typical values for lie between 2 and 8.

In this paper, we consider a variant of this method, the parallel Adams method
proposed in [12]. The name was chosen due to a similarity of the stage equations with
classical Adams formulas. The goal of this paper is to realize different computation
schemes with mixed system and method parallelism exploiting several disjoint groups
of processors and to investigate the effect of such an execution on the parallel efficiency.

The parallel Adams methods result from (2) by using specific matrices R, S and
T. A diagonal matrix T yields an implicit equation system to be solved by fixed point
iteration which results in the Parallel Adams-Moulton (PAM) method. A zero matrix
T = 0 results in the Parallel Adams-Bashforth (PAB) method.

Fig. 1. Illustration of the dependence structure of a PAB method with stage values. For ab-
scissa values with the stage values correspond to the approximations
of

First, we consider PAB methods which result by setting T = 0 and
where e = ( 1 , . . . , 1 ) and With

and                        we define                        accoding to [12].
The abscissa values are determined such that a convergence order of

results. This can be obtained by using the Lobatto points.
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To compute the stage vector of the initial time step from the given initial value
the stage values are computed by using another explicit method like

DOPRI5. Starting from time step computes by
first applying the right hand side function f to i.e., by computing
Then is obtained by adding to Figure 1 shows the
dependence structure of the resulting computation scheme for the case

PAM methods result from (2) by using a diagonal matrix T. The diagonal entries
are determined such that specific consistency conditions are satisfied.

Moreover, and is used for the PAM
method. Again, the Lobatto points can be used as abscissa values. Since T is diagonal,
the resulting implicit relation is uncoupled and has the form

for The vectors are the vector components of
Using a fixed point iteration results in the following

computation scheme:

with Equation (4) provides method parallelism and defines independent
tasks that can be executed in parallel on disjoint groups of processors. The right hand
side of (4) uses the stage vectors from the previous time step:

with matrices and The convergence order of
the resulting implicit method is The starting vectors for the iteration can be
provided by a PAB method used as predictor, since both methods use the Lobatto points
as abscissa values. The resulting predictor-corrector method is denoted as PABM in the
following. The data dependencies of the PABM methods are illustrated in Figure 2.

3 Parallel Implementation

The PAB and PABM methods offer several possibilities for a parallel execution that
differ in the order in which the computations in each time step are performed and in the
way in which the required data exchange is obtained. The data dependencies require
that the time steps are executed one after another.

Data parallel implementation of the PAB method. In each time step a pure data pa-
rallel realization computes the stage values one after another with all processors avail-
able. To compute each of the processors evaluates about
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Fig. 2. Illustration of the dependence structure of a PABM method with stage values. The
stage value computed by the PAB method is used as starting vector for the fixed
point iteration of the PABM method. For each stage value, an additional vector is needed to
hold the constant part of the right hand side of the fixed point iteration. The computation of
is performed similarly as the computation of but a different matrix S is used.

components of f. After this evaluation, each processor uses its local components of
to compute the corresponding components of according to Equation (2).

Since f is considered to be an unknown black-box function, we have to assume that
all components of must be available for the computation of each component of

in the next time step. Thus after the computation of a global multi-
broadcast operation is performed to make the entire stage value available to all
processors for the next time step. Altogether, global multi-broadcast operations are
performed in each time step where each processor contributes about components
to each of these communication operations, thus realizing a globally replicated distri-
bution of the entire stage vector.

Data parallel implementation of the PABM method. The data parallel implementa-
tion of the PABM method uses the data parallel implementation of the PAB method as
predictor yielding the starting vector for each stage value of the PABM correc-
tor in a replicated data distribution. A fixed number of corrector iterations is performed
where in every iteration each processor first computes components of
and then uses its local components to compute the corresponding components of

with it =  0, 1, . . . .. Since only the local components
are needed for this computation no data exchange has to be performed in between. For
the next iteration, the vector is needed as argument vector for the function eval-
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uation and so a global multi-broadcast operation is required to make all components of
available to all processors.

M-task with internal data parallelism for PAB. An M-task realization exploiting
method parallelism employs disjoint processor groups of about equal
size In each time step processor group is responsible for computing
stage value The computation of requires to access for

which are computed in a distributed way. By an appropriate data exchange
each processor gets exactly those components that it needs for its local computation.
This can, e.g., be realized by first collecting the components of at a specific
processor of by a group-local gather operation and by then broadcasting
from to the processors of all other groups, The data exchange has
to be performed for each stage value separately. Additionally, since f is a unknown
function, has to be distributed among all processors of group to establish a
group-replicated distribution of the stage values.

Compared to the pure data parallel execution scheme, more communication oper-
ations are necessary, but most of the operations are group-local within a subgroup

M-task with internal data parallelism for PABM. Using the PAB method as predic-
tor, the PABM method performs a total number of It corrector steps, where each proces-
sor group performs its iterations to compute independently from other pro-

cessor groups. After the computation of the iteration vector this
vector is broadcasted to all other processor groups where it is required for the computa-
tion of in the next iteration. The final vector of the iteration is
available on all processors of in a replicated way and so the next time step can use
this value for the predictor step without further communication.

Exploiting orthogonal structures of communication. The implementation with M-

tasks uses two communication phases, one to make each processor those components
of available that it needs for the computation of its local components of
and one to establish a group-replicated distribution of in group The sec-
ond communication phase is already based on group-local communication, but the first
communication phase uses a global broadcast operation. We introduce an approach to
re-organize the first communication phase such that it also uses group-local communi-
cation only.

In the following, we assume that the number of stage vectors is a multiple of the
number of processors, so that all groups contain the same number of processors

Moreover, we assume that the dimension of the stage values is a multiple of
Based on the processor groups we define orthogonal groups

with and For the computation of
each processor of computes components of The corresponding com-
ponents of for are computed by the processors of Exactly those
components are needed by for the following computation of Therefore, the
necessary components can be made available to each processor by a group-oriented
multi-broadcast operation on the orthogonal processor group These communication
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operations can be executed concurrently on all orthogonal groups Thus, all
group-oriented communication operations can be executed concurrently.

Exploiting orthogonal structures of communication for the PABM method. The
PAM corrector is implemented identical to the M-task parallel version since disjoint
processor groups are already exploited by the method. The PAB predictor also exploits
the orthogonal communication structure.

4 Experiments

For the experiments, we have implemented PAB and PABM methods for
According to [12], we use a fixed stepsize strategy to clearly see the algorithmic ef-
fects. The implicit relations are solved by a fixed point iteration with a fixed number of
iterations for all stages. As test problems we consider two classes of ODE systems:
Sparse ODE systems are characterized by the fact that each component of the right-
hand side function f of the ODE system has a fixed evaluation time that is independent
of the size of the ODE system, i.e., the evaluation time of the entire function f increases
linearly with the size of the ODE system. Such systems arise, e.g., from a spatial dis-
cretization of a time-dependent partial differential equations (PDEs). In particular, we
consider an ODE system resulting from the spatial discretization of a 2D PDE describ-
ing the reaction of two chemical substances with a diffusion (Brusselator equation) [4,
7]. Dense ODE systems are characterized by the fact that each component of f has an
evaluation time that increases linearly with the system size, i.e., the evaluation time of
the entire function f increases quadratically with the size of the ODE system. In partic-
ular, we consider a spectral decomposition of a time-dependent Schrödinger equation
resulting in a dense ODE system.

The parallel programs have been tested on two machines, a Cray T3E-1200 and a
Beowulf cluster with 16 nodes where each node consists of two Xeon processors with
2.0 GHz. The nodes are connected by an SCI interconnection network.

Figures 3 and 4 show the runtimes in seconds of one time step of the PAB and PABM
methods with stage vectors for the Brusselator equation using system sizes
180000, 320000 and 500000. The figures show that for both methods, the orthogonal
parallel version with M-tasks is considerably faster than the data parallel version and the
standard M-task version, since the orthogonal version uses group-based communication
only. For the PAB method, the data parallel version is faster than the standard M-task
version, since the M-task version uses more communication operations and also uses
a global gather operation in each time step. The orthogonal version especially shows a
much better scalability than the other two versions. For the PABM method, the standard
M-task version is faster than the data parallel version, since the data parallel version uses
a global multi-broadcast operation in each iteration step whereas the M-task version
uses a global gather operation only once in each time step. Orthogonal communication
structures further improve the result. Similar results are obtained for Figure
5 shows the results for the PAB method applied to the Brusselator equation on the
Xeon cluster. The results are similar as for the T3E, but the machine contains only
32 processors. Figure 6 shows the execution times of the PABM method applied to
the Schrödinger equation on the Xeon cluster. Here all versions show good scalability,
since the execution time of f uses a large portion of the parallel runtime. But still, the
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Fig. 3. Runtimes of the PAB method for Brusselator on Cray T3E with

Fig. 4. Runtimes of the PABM method for Brusselator on Cray T3E with

orthogonal task parallel version leads to the smallest execution time in most cases. The
difference between the M-task version and the data parallel version is most significant
for smaller ODE systems. Similar results are obtained for the PAB methods on both
hardware platforms for            and
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Fig. 5. Runtimes of the PAB method for Brusselator on SCI Xeon cluster with

Fig. 6. Runtimes of the PABM method for Schrödinger on SCI Xeon cluster with

5 Conclusions

The parallel Adams methods discussed in this paper provide potential method paral-
lelism in the form of independent stage vector computation in each iteration step. But
when exploiting method parallelism, collective communication is still required since
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information has to be exchanged between processor groups. By reordering the com-
munication using an orthogonal organization of disjoint processor groups for the data
exchange, the communication overhead can additionally be reduced. For the parallel
Adams methods the combination of an implementation as M-task program with orthog-
onal processor groups for communication phases leads to the most efficient implemen-
tation on parallel platforms with different interconnection networks and yields a good
scalability. A dual Xeon cluster and a Cray T3E have been used for the experiments.
The experiments show that the implementation as M-task program is especially useful
for parallel platforms with small bandwidth.
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Abstract. The parallel realization of adaptive finite element methods
(FEM) has to deal with several irregular and dynamic algorithmic prop-
erties caused by adaptive mesh refinement (AMR). For an implementa-
tion on distributed memory machines irregular communication behavior
results from dynamically growing data structures and statically unknown
communication partners. An efficient parallel implementation has to pro-
vide appropriate mechanisms to cope with the flexibility of the adaptive
finite element approach at runtime. We have implemented a data man-
agement and communication layer for an adaptive, 3-dimensional, hex-
ahedral FEM on distributed memory machines and use it to parallelize
an existing sequential code. The data management and communication
layer realizes duplicated data structures for boundaries of distributed
data, additional hierarchical data structures to deal with uneven refine-
ment, and coherence protocols to guarantee correctness of communica-
tion partners and messages. An easy to use interface provides access to
the functionality of the layer.

1 Introduction

The discretization of the physical domain into a mesh of finite elements and the
approximation of the unknown solution function by a set of shape functions on
those elements makes the finite element method flexible and applicable for a wide
range of different applications. For the simulation of large problems adaptive
mesh refinement and parallel execution can help to reduce runtime. Especially
for 3-dimensional problems, an efficient parallel realization is difficult to achieve
and mostly interferes with the algorithmic structure. Parallelization modules
accessible by interface functions can provide easy to use parallel functionality
for application programmers, maintain the algorithmic structure, and offer re-
usability for a wide range of different finite element implementations.

Adaptive FEM belongs to the class of irregular algorithms. Irregularity is
caused by AMR and hanging nodes: The adaptive refinement process with com-
putations on different refinement levels creates hierarchies of data structures and
requires the explicit storage of these structures including their relations. Hang-
ing nodes can result from different refinement levels and are mid-nodes of faces

* Supported by DFG, SFB393 Numerical Simulation on Massively Parallel Computers.
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or edges which are vertices of finite elements at the same time. Such nodes re-
quire projections on nodes of other refinement levels during the solution process.
Both characteristics lead to irregular communication behavior. Thus the efficient
parallel implementation is difficult, especially for distributed memory.

The contribution of this paper is the design and realization of a data man-
agement and communication layer for parallel, adaptive FEM with emphasis on
hexahedral finite elements. Our layer encapsulates communication and the man-
agement of distributed data which allows easy extensibility and does not require
modifications in the algorithmic structure of the existing sequential FEM code.
The data management concept provides duplicated data storage with fast access
and modification functions and also supports hanging nodes. A special com-
munication mechanism reduces the number of messages considerably, decreases
the overhead for managing asynchronous communication behavior, and allows
SPMD programming style despite of irregular characteristics. Furthermore it of-
fers wide facilities for optimization like additional overlapping of communication
and computation phases, software caching, and monitoring of program behavior.
We have incorporated the data management and communication layer into an
existing sequential, adaptive, 3-dimensional, hexahedral FEM program package
which was developed and implemented at the SFB 393: Numerical Simulation
on Massively Parallel Computers at the Chemnitz University of Technology.
However, the module is designed to be integrated into further FEM packages.

The paper is organized as follows: Section 2 summarizes the given adaptive
FEM implementation. The concepts of our data management and communica-
tion layer are introduced in Section 3. Section 4 presents experimental results
and Section 5 concludes.

2 The FEM Implementation

SPC-PM3AdH [1] is a 3-dimensional, adaptive finite element software package
suitable to solve 2nd order elliptic partial differential problems like the Poisson
equation or the Lamé system of linear elasticity. [2–4] present FE-software which
differ from SPC-PM3AdH, e. g. in finite elements or solvers implemented or
parallel realization. SPC-PM3AdH implements hexahedral elements with linear
and quadratic shape functions as shown in Figure 1.

Fig. 1. Finite elements implemented in SPC-PM3AdH.

Each hexahedron has the maximum number of 27 nodes. If only linear or
serendipity elements with 20 nodes are used, the remaining nodes actually exist
but have no associated shape functions. A finite element is implemented through
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a hierarchy of data structures: Volumes are the most coarse-grained structure
and represent the finite elements. Volumes are composed of faces and each face
consists of four edges. The smallest unit is the node. Nodes have three coordinates
and, when they are associated with a shape function, a solution vector. Nodes
can be vertices or mid-nodes of volumes, faces, and edges.

The program structure of SPC-PM3AdH consists
of five phases as illustrated on the right:

I

II

III

IV

V

First the initial mesh is created from an input
file.
Volumes are subdivided into 8 children accord-
ing to the estimated error and geometrical con-
ditions like hanging nodes. The difference of re-
finement levels between two neighboring volumes
is restricted to one.
Each volume is associated with an element stiff-
ness matrix. The matrices for new volumes, the
right hand side vectors, and the global main di-
agonal are assembled in the third phase.
The system of equations is solved with the preconditioned conjugate gradient
method. A Jacobi, Yserentant [5], or BPX [6] preconditioner can be selected
for preconditioning.
The error is estimated with a residual based error estimator [7]. Volumes are
labeled for refinement if their estimated error is close to the maximum error.

3 The Data Management and Communication Layer

The basis of the data management and communication layer is a specific ap-
proach for distributed data storage and administrational data structures contain-
ing distribution information. The entire information concerning the distribution
of data is hidden to the user but can be accessed and modified by functions
supplied by the layer. The layer encapsulates the actual data exchange via MPI
and communication optimizations.

3.1 Distribution of Data Structures

The parallel implementation assigns volumes to processors which leads to a par-
titioning of the stiffness matrix represented by local element stiffness matrices.
The faces, edges, and nodes shared between neighboring volumes in different
address spaces exist duplicated within the memory of each owning processor.
This allows fast computations for each volume with minimal communication.
Processors sharing duplicates are called owners of duplicates. The approach in-
duces that the solution and auxiliary vectors are spread over the address spaces
of the different processors. The entries for duplicated nodes exist redundantly
and contain only subtotals which have to be accumulated to yield the total re-
sult. For duplicated hanging nodes worker processors can be selected which are
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allowed to perform the necessary projections exclusively. This avoids multiple
accumulations.

Refinement of distributed data. The adaptive refinement process creates
a hierarchy of faces and edges. Due to hanging nodes processors may perform
computations on different refinement levels of the same edge or face. To gain fast
access on the different levels faces are organized in a quadtree data structure and
edges as binary trees. Refinement on duplicated faces and edges subdivides data
structures only in local memory. Thus the remote hierarchy trees have to be kept
consistently by a two-phase iterative refinement cycle:

The first phase iteratively subdivides local volumes according to the esti-
mated error and geometrical demands, like unacceptable hanging nodes. In the
second phase the remote refinement of subdivided duplicated faces and edges is
done. A synchronization step ensures that the entire process is performed until
no further subdivision of volumes is done on any processor.

Coherence lists. To keep data consistent and to support remote refinement the
fast identification and localization of duplicates is necessary. For that reason the
tuple Tup (identifier, processor) is introduced. Identifier denotes a data structure
of type face, edge, or node and serves for local identification. The parameter
processor allows global identification of a duplicate. This parameter is assigned
after distributing a data structure and is the number of the processor where
the duplicate is situated. The combination of both parameters allows unique
identification.

The tuple Tup is used to implement coherence lists. Each duplicated data
structure is tagged with a coherence list which contains information about the
remote identifiers and the location of all existing duplicates. Figure 2 illustrates
such lists for the edges e1 and e2 in the address space of processor P2. To
access remote duplicates the owners and the corresponding remote identifiers
can be extracted and used to send a message. A receiving processor is able to

Fig. 2. Illustration of the coherence lists for the edges e1 and e2 in the address space
of processor P2 and illustration of remote refinement necessary for processors P0 and
P2 after local refinement on P1.
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determine a local structure by the received identifier and to perform actions
like remote refinement. Coherence lists are built up and updated within the
data management layer. The local identifier of a data structure serves as input
parameter to find the corresponding list. Data structures without duplicates in
remote address spaces have no lists associated.

Data consistency of refined volumes. Adaptive refinement on volumes dis-
tributed over different address spaces requires to maintain consistency for correct
program behavior. This includes the remote refinement of duplicated faces and
edges and the creation or update of coherence lists for new data structures. Fig-
ure 2 also illustrates remote refinement: The subdivision of the volume in the
address space of processor P1 requires the refinement of one face and of four
edges located at P0 and of one edge located at P2. The entire process can be
generalized and structured into four steps. We refer to the data structures on
higher levels of the hierarchy trees as parents and to the corresponding new
structures arising from subdivision as children.
(1) To identify data structures which have to be remotely subdivided each parent
volume is investigated for duplicated faces and edges. For each found duplicate,
a data package has to be sent. It contains the remote identifier of the duplicate
for identification and the local identifiers of the newly created data structures
(e. g. nodes, children) for updating the coherence lists.
(2) The receiving owners refine the parent data structure identified by the re-
ceived package and create and update the coherence lists of the new structures
with the information of the message package. If the parent data structure is al-
ready subdivided, only the update of coherence lists is necessary.
(3) To update the lists of the remotely created, new structures in the address
spaces of the remaining owners the identifiers of the new duplicates have to be
sent back according to the package structure described in item (1).
(4) The other owners receive the messages and update their coherence lists.

3.2 Communication Approach

During a program run different situations of communication occur. They can be
classified into three types:

Synchronization and exchange of results: Communication is necessary
to synchronize the refinement process and to determine the maximum error. This
communication takes place globally between all processors.

Accumulation of subtotals: For duplicated nodes only subtotals are com-
puted by the different owners. To yield the total result data exchange is necessary.

Exchange of administrational information: In order to keep data consis-
tent administrational information has to be exchanged in each program iteration
step. This comprises for example global procedures like remote subdivision, the
generation and update of coherence lists, and the identification of hanging nodes.

The last two communication situations have irregular characteristics. That
means the communication partners, the number of messages, and the message
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sizes vary and depend on the specific program run. Furthermore the exact com-
munication time is not known in advance. [8,9] present a communication concept
for irregular algorithms. However, the communication requirements for adaptive
FEM are slightly different and suggest the following realization:

Communication protocol. Due to the special duplicated data storage of the
data management layer and the program structure of SPC-PM3AdH the ex-
change of data within a computational phase can be delayed. This allows to dis-
place the communication at the end of a computational phase and to separate
computation from communication. The resulting communication mechanism can
be described as follows:
(A) During computation each processor collects information about necessary
data exchanges with different collect functions. These functions can be chosen
adapted to the algorithmic needs and detect duplicates for a given local data
structure. If there are duplicates, the remote identifiers and additional infor-
mation are stored in send buffers for later exchange. During the computational
phase a collect function can be called several times.
(B) After the local computations the gathered values are sent to the correspond-
ing processors extracted from the coherence lists. This process is initialized by
the first call of a get function. The application programmer uses get functions to
obtain data from the receive buffer. Each function call returns an identifier of a
local data structure and the received additional information for this structure.
(C) Afterwards specific actions can be performed. The return of an invalid iden-
tifier denotes an empty receive buffer.

The usage of the described collect&get communication mechanism is illus-
trated by the following pseudo-code for the parallel labeling of edges with hang-
ing nodes.

4 Experiments

This section shows some measurement results demonstrating the usability of
the layer within the program SPC-PM3AdH. To gain experimental results two
platforms are used: XEON, a 16x2 SMP cluster of 16 PCs with 2.0 GHz Intel
Xeon processors running Linux and SB 1000, a 4x2 SMP cluster of 4 SunBlade
1000 with 750 MHz UltraSPARC3 processors running Solaris. The MPI imple-
mentation is ScaMPI using an SCI network. We consider three examples: layer3
a boundary layer for the convection-diffusion equation, ct01 solving the Lamé
equation, and torte4d a layer near a non-convex edge [1]. For parallel and sequen-
tial measurements linear finite elements and the Jacobi preconditioner are used.
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Fig. 3. Left: Execution times for the different algorithmic phases on different refinement
levels for example ct01 on SB1000 (2: AMR, 3: assembling element stiffness matrices,
4: solving the system of equations, 5: error estimation). Right: Speedups for example
ct01 on 2 processors.

Small numbers of processors are sufficient to achieve efficiency for the available
examples.

The algorithmic phase consuming most of the sequential and parallel calcula-
tion time is to solve the system of equations (see Figure 3, left, phase 4). During
this phase also the main portion of communication takes place in the parallel
version. Figure 3 (right) shows speedup values for the example ct01 on SB1000
(black) and XEON (white) after different adaptive refinement steps. Speedups
improve with increasing refinement level because the computational effort com-
pared to the communication overhead as well as the vector size and the number
of volumes grow, e. g. for the specific example the ratio of the number of volumes
to the number of sent messages is 8/100, 742/260, and 1884/1544 after the 1st,
5th, and 9th refinement step. For examples torte4d and layer3 (Figure 4) we
get superlinear speedup after 7 refinement steps, especially on XEON. This is
mainly caused by the growing length of data structure lists and the operations
on these lists which are distributed among multiple address spaces in the parallel
version. Cache effects might have further influence.

5 Conclusion and Future Work

We have presented a data management and communication layer for adaptive,
3-dimensional, hexahedral FEM on distributed memory including a management
for duplicated data storage and a special communication mechanism. Both are
completely hidden to the user and accessible by functions of the layer. The advan-
tages of the modular structure are the easy extensibility which does not require
modifications in the algorithmic structure of the FEM code and the possibility
for internal communication optimizations. First tests of the layer demonstrate
usability and deliver good speedup results.
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Fig. 4. Speedups for varying numbers of adaptive refinement steps on SB1000 and
XEON. Left: example torte4d on 3 processors. Right: example layer3 on 7 processors.
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Abstract. We describe a consistent splitting approach to the pressure-
stabilized Petrov-Galerkin finite element method for incompressible flow.
The splitting leads to (almost) explicit predictor and corrector steps
linked by an implicit pressure equation which can be solved very ef-
ficiently. The overall second-order convergence is proved in numerical
experiments. Furthermore, the parallel implementation of the method is
discussed and its scalability for up to 120 processors of a SGI Origin 3800
system is demonstrated. A significant super linear speedup is observed
and can be attributed to cache effects. First applications to large-scale
fluid dynamic problems are reported.

1 Introduction

We are interested in direct numerical simulations (DNS) of transitional and tur-
bulent flows. Traditionally, specialized finite difference or spectral methods are
used for this purpose. Though very efficient, these methods are often restricted
to simple configurations. Unstructured finite volume methods and finite element
methods are more flexible and offer the potential benefit of easier incorporating
adaptive techniques. On the other hand, they are computationally less efficient
and more difficult to parallelize. Also, the discretization scheme has to be care-
fully designed to meet the accuracy requirements for DNS.

In this paper, we consider a pressure-stabilized Petrov/Galerkin finite ele-
ment method (PSPG-FEM) based on linear shape functions [1]. In Section 2, we
describe a splitting approach that is similar to common projection and fractional
step methods (see, e.g. [2]) but novel in the context of PSPG-FEM. The splitting
yields an implicit Poisson-type equation for the pressure and an almost explicit
predictor-corrector scheme for the velocity. In Section 3, we discuss the imple-
mentation on top of our in-house MG grid library [3]. Numerical accuracy and
scalability of the method are examined in Section 4. In Section 5, we briefly dis-
cuss the application to DNS of electromagnetic stirring with rotating magnetic
fields.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 726–733, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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2 Finite Element Method

The flows under consideration are governed by the incompressible Navier-Stokes
equations

where is the velocity, is the pressure divided by density, is the kinematic
viscosity and is the body force per unit mass. After triangulating the compu-
tational domain into elements the pressure-stabilized Petrov/Galerkin
formulation of the problem can be stated as

where and are the momentum and continuity weight functions, is the
boundary with normal is the elementwise defined stabilization coefficient,
and

is the momentum residual. Dropping the stabilization term recovers the
standard Galerkin formulation which, however, is unstable for equal-order in-
terpolations. Appropriate choices for are given in [4]. In the following we use

for simplicity.
The PSPG formulation can be formally integrated in time to give

Here, the overbar denotes the average over the time interval Intro-
ducing the elementwise polynomial approximation yields the discrete equations
which, symbolically, can be stated as

where U, P, F and R represent the expansion coefficients, M is the mass ma-
trix, the contribution of the nonlinear term, D is the gradient matrix, L is
the Laplace matrix and the related boundary contribution. The momentum
equation can be split into a velocity (predictor) and a pressure (corrector) step:
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Employing the following pressure equation can be ob-
tained:

where It is worth noting that the last three equations are still consis-
tent with the exact solution of the continuous problem, if is properly defined.
We further remark that is related to projection methods using the continu-
ous pressure equation, and corresponds to the standard Galerkin method.

In our piecewise linear approximation, the nonlinear term is evaluated as

where represents the nodal values of the momentum flux tensor The
time averages are evaluated using the second-order Adams-Bashforth method.
Furthermore, the pressure gradient is modified using the Gresho-Chan trick [5].
The resulting, final splitting scheme is

where  denotes the lumped mass matrix.

3 Parallel Implementation

The numerical model was implemented on top of the MG grid library. MG
provides data structures and procedures for handling unstructured grids as well
as stable and fast methods for grid adaptation [3,6]. Both, the MG library and
the flow solver are coded in Fortran 95 and use MPI for communication.

Parallelization with MG is based on grid partitioning. In the simple case
considered here, the grid generated by an external grid generator is decomposed
into a specified number of partitions using the MeTiS package [7]. For adaptive
simulations, a recursive multilevel-partitioning strategy is available [3].

In each time step, the numerical model requires the solution of two linear
algebraic systems. In the predictor step, the consistent finite element mass matrix
must be resolved. Since this matrix is well conditioned, a few (1–3) damped
Jacobi iterations are sufficient. The pressure equation is solved using the CG
method. As a good initial approximation is available from the preceding time
step, usually 10–100 CG iterations provide the new pressure with the required
accuracy. Alternatively, a multigrid method using a damped Jacobi smoother
and a CG coarse grid solver is under consideration. It may be expected that the
multigrid solver is more effective in large-scale simulations, but this has no been
verified yet.

Basically, the execution of one time step essentially involves two types of
global operations which have to be performed in parallel:
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the computation of matrix-vector products
the scalar product of coefficient vectors

The implementation of the latter is trivial, as only the contribution of multiple
copies (in shared grid nodes) has to be canceled. The matrix-vector products
can be expressed as, e.g.,

where is the contribution from the elements of partition These local ma-
trices are precomputed and stored in an edge-based data basis. Once the local
products are evaluated, the final result is obtained by adding the individual
contributions in all nodes shared between one or more partitions. In the ac-
tual implementation, this operation is realized just by calling the appropriate
procedure of the MG library.

4 Accuracy and Performance

Two laminar flow configurations with known analytic solution were used to ex-
amine the accuracy of the method: The transient channel flow between two
parallel plates, and the stationary flow of an electro-conducting fluid in an infi-
nite cylinder that is exposed to a rotating magnetic field (see [8]). Unstructured
tetrahedral grids with different mesh spacing were used in both cases. The
results shown in Fig. 1 clearly reveal a convergence rate of order 2.

Fig. 1. velocity error in transient channel flow (left) and in RMF-driven flow
(right).

Performance tests have been conducted on a SGI Origin 3800 system at TU
Dresden. Three cases with grids ranging from 110,000 up to 7.1 million elements
were considered. In the tests, one time step with a fixed number of iterations
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was performed using one to 120 processors. The measured speedup and the
computational rate are depicted in Fig. 2. Especially for the medium grid a
significant superlinear speedup is observed. Since the parallel efficiency is unlikely
to increase, this behavior can only be attributed to gains in local efficiency. A
possible explanation is that our code heavily depends on indirect addressing,
which on its part results in a suboptimal cache efficiency. With decreasing size the
problem fits better into the cache hierarchy, leading to a gradual improvement
of local computational efficiency. We remark that similar effects were observed
by other authors [9].

For the other two cases the same arguments apply. The larger problem does
not fit in cache in 64 or less processors but shows a superlinear performance gain
for higher numbers. Finally, the smallest problem achieves optimal cache perfor-
mance earlier, and thus shows an increasing loss of parallel efficiency. Therefore,
the overhead introduced for such a small problem is obvious. However, when
taking into account that the local grids contain only about one thousand ele-
ments (or 200 nodes) on 120 processors, the measured efficiency of 75% is still
remarkable.

While the parallel speedup is dependent on the total problem size, the com-
putational rate (average local size divided by wall clock time) shows a consistent
behavior: Unless the local problem does not fit in cache a sustained rate of 2,500
elements per second is obtained in all three cases. The highest rate and, hence,
optimal cache performance is achieved with 10 thousand (or less) local elements.
From this point, decreasing parallel efficiency starts to reduce the computational
rate.

Fig. 2. Speedup (left) and computational rate (right).
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5 Application

The solver is currently being used to perform direct numerical simulations of
the flow in a cylindrical cavity that is exposed to a rotating magnetic field
(RMF). This problem is related to electromagnetic stirring of melts in metallurgy
and crystal growth in semiconductor production. Despite of its significance, the
transitional and early turbulent regimes of flow are largely unexplored.

Figure 3 depicts the configuration. B is the flux density vector of the magnetic
field which rotates with angular speed Comparable to an induction motor,
the field induces a primary rotating motion of the enclosed electro-conducting
fluid. Additionally, a secondary recirculating flow develops due to the local action
of friction forces. Under the so-called low-frequency/low-induction assumption,
which is valid for most practical applications, the flow is described by the in-
compressible Navier-Stokes equations with an a priori known Lorentz force (see
[10] for more details).

In our simulations computational grids ranging from up to 20 million
elements (3.5 million nodes) have been applied. Figure 3 shows a typical coarse
grid divided into 32 partitions. An important result of the DNS study is the
insight in the formation, evolution and finally dissipation of Taylor-Görtler-like
vortices that obviously dominate the turbulence physics and provide an efficient
mixing mechanism in this type of flow (Fig. 4). A detailed description of this
and further results will be subject to a forthcoming paper.

Fig. 3. Stirring with a rotating magnetic field: Sketch of configuration (left) and coarse
grid divided into 32 partitions (right).
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Fig. 4. Instantaneous vortex structures in weakly turbulent regime.

6 Conclusion

We have described a splitting approach to the pressure-stabilized Petrov-Galerkin
finite element method for incompressible flow. Similar to conventional fractional
step or projection methods it allows for segregating the pressure computation
but retains a consistent formulation. The existing MG grid library provided a
suitable basis for the parallel implementation of the method. The excellent scal-
ability of the flow solver was demonstrated in a performance study on a SGI
Origin 3800 using up to 120 processors. These tests also revealed a considerable
superlinear speedup which can be explained by increasing cache efficiency at
smaller local problem sizes. The solver was successfully applied in large produc-
tion runs for direct numerical simulations of transitional and turbulent flows
driven by rotating magnetic fields.
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Abstract. We use a parallel direct solver based on the Schur comple-
ment method for solving large sparse linear systems arising from the finite
element method. A domain decomposition of a problem is performed us-
ing a graph partitioning. It results in sparse submatrices with balanced
sizes. An envelope method is used to factorize these submatrices. How-
ever, the memory requirements to store them and the computational cost
to factorize them depends heavily on their structure. We propose a tech-
nique that modifies the multilevel graph partitioning schema to balance
real computational load or memory requirements of the solver.

1 Introduction

Many engineering and scientific problems are solved using the finite element
method (FEM). We consider a mesh of finite elements. One element consists
of several nodes. Each node has its degrees of freedom (DOFs). In other words,
the nodes contain variables. Globally, these variables form a system of equations

where A is an sparse matrix of coefficients. A mesh is usually
represented by a dual graph and a nodal graph The vertices in the dual
graph represent the finite elements and 2 vertices are adjacent if and only if
the corresponding elements share a common surface in 3D or a common edge in
2D. The vertices in the nodal graph represent the mesh nodes. All vertices that
represent mesh nodes belonging to one element form a clique. An example of a
FE mesh and its dual and nodal graph is on Fig. 1.

We use solver SIFEL, developed at the Czech Technical University, for solving
problems by the FEM. Among others, it can solve problems in parallel by the
popular method of the Schur complements, which are computed by an envelope
method [1]. A solution of a problem consists of 6 following phases:

1.
2.
3.
4.
5.
6.

Domain decomposition.
Ordering of nodes.
Assembling of submatrices.
Factorization of submatrices (computation of the Schur complements).
Solution of the reduced problem.
Back substitution on subdomains.

* This work was supported by IBS3086102 grant of Czech Academy of Science and by
under research program #J04/98:212300014.
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Fig. 1. A quadrilateral mesh (a) with 9 elements and 16 nodes 1 – 16. The dual
(b) and the nodal (c) graph derived from the mesh.

The domain decomposition, and optionally ordering of nodes, are done as prepro-
cessing steps. The solver does the rest. Phase 3 is the most memory consuming
and Phase 4 is the most computationally intensive part of the whole solution.

Multilevel tools are widely used to solve the problem of domain decompo-
sition. The dual graph is partitioned into parts, inducing subdomains and
corresponding submatrices, so that the sizes of submatrices are roughly equal.

Definition 1. Consider a graph G = (V,E) and an integer An edge
cut (node cut) is a set of edges (vertices, respectively) whose removal divides
the graph into at least partitions. The graph partitioning problem is to
partition V into pairwise disjoint subsets such that
and the size of the edge cut is minimized. A partitioning of a graph by a node
cut is similar.

Even though the sizes of submatrices are roughly equal, their memory re-
quirements or their factorization time in Phase 4 are not equal. To define this
formally, we use the term quality to denote the memory or computational com-
plexity.

Definition 2. Given an unbalancing threshold we say that a partitioning
with a set of qualities is balanced if

A partition is overbalanced if  The partitioning is disbalanced
if at least one partition is overbalanced.

In general, the qualities of submatrices are influenced by the ordering of
variables, as was already mentioned in [2,3].

In this paper, we describe a novel approach to the domain decomposition
that results into partitioning with balanced memory requirements or balanced
factorization time estimations. This in fact leads to shorter execution time of the
parallel solver. The idea is to integrate an ordering algorithm into a multilevel
graph partitioning schema.
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Section 2 describes the previous work. In Section 3, the new refinement heuris-
tics that allows to balance better memory or computing complexity is explained.
In Section 4, the results of experiments are presented and Section 5 concludes
the paper.

2 Previous Work

2.1 Domain Decomposition (Phase 1)

Common methods for domain decomposition are based on graph partitioning,
typically of dual graphs. A subdomain is made of elements from the same parti-
tion. The nodes belonging to more than one subdomain are called boundary and
the remaining nodes are internal. Variables of the internal (boundary) nodes are
called correspondingly. An example on Fig. 2 (a) shows a 2-way partitioning of

of the quadrilateral mesh from Fig. 1. The corresponding domain decompo-
sition is shown on Fig. 2 (b). The boundary nodes are 3, 7, 10, 11, and 14. Note
that this way of domain decomposition produces partitioning of the nodal graph

by a node cut, as shown on Fig. 2 (c).

Fig. 2. Partitioning of the mesh from Fig. 1 using its dual graph (a) into 2 partitions
(b) and corresponding partitioning of the nodal graph (c). The edge cut (a) is indicated
by a dashed line and nodes in the node cut (c) as filled squares.

Multilevel Graph Partitioning. Popular multilevel graph partitioning soft-
ware is METIS [4,5], CHACO [6], JOSTLE [7], and SCOTCH [8]. Our work is
based on the multilevel graph partitioning implemented in METIS [5].
This schema consists of the following 3 phases, shown on Fig. 3.

Coarsening. A sequence of smaller graphs is constructed from
the original graph so that The sequence of
coarser graphs creates levels. A matching is often used to collapse 2 vertices
into a multivertex. The SHEM heuristics for matching, introduced in [5],
works well.

Initial partitioning. When the coarsest graph is sufficiently small, it can be
partitioned by any graph partitioning technique.
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Fig. 3. The schema of multilevel partitioning.

Uncoarsening. A coarser graph is uncoarsed to and the partitioning
of is projected to and then refined. The Fiduccia-Mattheyses (FM)
heuristics is a simple, fast, and sufficiently good option for the refinement.
It searches candidate vertices in the set of boundary vertices, i.e., vertices
adjacent to a vertex in another partition. Then it tries to move a selected
vertex into other partitions. The move is accepted if one of the following
conditions is fulfilled:
1. The size of the edge cut is decreased and the partitioning remains bal-

anced.
2. The size of the edge cut is not increased, but the balancing is improved.

To improve the balancing of a strongly disbalanced partitioning, a balancing
step may by added. It works like the FM heuristics, but the conditions for
accepting a move are different:
1. The balancing is improved.
2. The size of the edge cut is decreased, but the balancing is not worsened.

2.2 Reordering and Assembling of Submatrices (Phases 2 + 3)

After the domain decomposition, the internal nodes in all partitions are reordered
to minimize the size of the envelope.

Definition 3. In the step of the factorization of a symmetric matrix A, the
wavefront is set of pairs

The envelope of A is then (symbol \ is the set difference)
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The envelope method stores the parts of A inside envelopes, which represents
the main portion of the memory consumption of the solver. The SIFEL solver
uses the Sloan reordering algorithm [9], but other algorithms (RCM, hybrid
algorithm) can be used as well.

Every node generates equations, where is the number of DOFs. Let
and denote the number of internal and boundary, respectively, variables.

Clearly, The SIFEL solver reads the subdomains and assembles
submatrices with nodes in a given order. The boundary nodes come last. We es-
timate memory requirements W(A) of the envelope solver and its computational
complexity OP(A) by

3 The New Refinement Heuristics with Quality Balancing

In this section, we explain the main ideas of load and memory balancing for the
parallel envelope method. At the beginning, it must be decided which quality
will be balanced: the computational load or the memory complexity. Then the
partitioning is started. To estimate the quality, the partitioner must have the
information about the structure of the matrix A. Since the dual graph does
not suffice, the partitioner must have at disposal also the weighted nodal graph

in which each vertex is labelled with the number of DOFs of the node. We
partition and project the partitioning of to to estimate the quality.
So, the partitioner needs also the information about the relation between
and

We use a multilevel graph partitioning as described in Sect. 2.1. The
first two phases are performed unchanged as in METIS. The SHEM heuristics
is used for the coarsening and the multilevel graph bisection is used for the
initial partitioning. We have modified the conditions of move acceptance of the
refinement heuristics in the uncoarsening phase and extended it with a quality
estimation process. This new heuristics is called QB. Assume that the current
level is Similar to FM, QB chooses a vertex as a candidate for moving from a
source partition to a target partition To decide whether the move will
be accepted, QB starts for both partitions and the estimation process,
sketched on Fig. 4, to obtain information about balancing of the qualities.

First, partition is projected to the original partition.
(This is skipped in the final level, where After that, all nodes belonging
to elements from correspond to a partition of Then the internal
vertices of are reordered by the Sloan algorithm. Finally, the quality of
is estimated and returned to the refinement heuristics.

In the current implementation of the QB heuristics, nodes have either con-
stant number of DOFs or are constrained, i.e., the number of DOFs is 0.



Load and Memory Balanced Mesh Partitioning 739

Fig. 4. Data flow of the QB heuristics.

All constrained nodes are omitted in the step of projection of to i.e.,
the reordering is performed only with nodes with the number of DOFs
After that, node generates equations numbered and
wavefronts

The original FM heuristics computes sums of weights of vertices in the source
and target partitions for every candidate move. In fact, the weight of the can-
didate vertex is subtracted from the weight of the source partition and added
to the weight of the target partition. However, in the QB heuristics, this would
imply the reordering and estimation computing for every candidate move and
this would extremely slow down the refinement. Thus, we had to modify the
conditions of move acceptance as follows:

1.

2.

The size of the edge cut is decreased and the target partition is not overbal-
anced.
The quality of the source partition is greater than the quality of the
target partition, but the size of the edge cut is not increased.

The conditions of move acceptance of the balancing step are also modified:

1.
2. The size of the edge cut is decreased and

Only if a move is accepted, the qualities and are recomputed. Note that
the new conditions may lead to overbalancing of the target, or even the source,
partitions. Therefore, if the new value is greater than its previous value, the
vertex move is nullified.

4 Experimental Results

The SIFEL solver was modified to perform just the assembling and factorization
of submatrices (Phases 3 and 4 in Sect. 1). All experiments were performed on
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a PC with Intel Pentium III, 1GHz, under GNU/Linux 2.4. The benchmarks
are models of real problems of structural mechanics: “floor” and “sieger” are
2D problems discretized by triangles and “block”, “jete”, and “wheel” are 3D
problems discretized by tetrahedrons. Their description is in Table 1.

Table 2 shows the results. # denotes the problem number as is quoted in
Table 1. All problems were partitioned to partitions by METIS,
called with its default parameters, and by the QB heuristics called with unbal-
ancing threshold First, QB was used to balance memory requirements
of the solver and second, to balance computational complexity of the factoriza-
tion phase. The size of the edge cut of is denoted by Let
be the corresponding submatrices of A. Then

and Similarly, let be the factorization time
of submatrix Then and The
time for the domain decomposition of the QB heuristics is denoted by The
values of and in Table 2 are given in seconds.
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5 Evaluations of Results and Conclusions

The results demonstrate that the QB heuristics always produces partitionings
with better and than the FM heuristics. Also in nearly all cases
of memory balancing, whereas in about 30% of cases of load balancing,
for the sake of minimizing the edge cut size The balancing of the memory
requirements always improves as a side effect. On the other hand, the QB
heuristics sometimes produces partitionings with slightly greater

The memory balancing is beneficial for the distributed systems with limited
amount of main memory per processor. The balancing of the computational
load leads to the shorter time of the Phase 4 of the solver. Of course, the QB
heuristics slows down the domain decomposition phase. Whereas the standard
METIS takes times of order of seconds, the time of the QB heuristics is of
order of tens or hundreds of seconds. Therefore, it should be used if the same
decomposition can be reused several times, e.g., in nonlinear systems or when
the same problem is solved with different materials, etc.
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Abstract. Parallel ScaLAPACK-style hybrid algorithms for solving the
triangular continuous-time Sylvester (SYCT) equation AX – XB = C
using recursive blocked node solvers from the novel high-performance
library RECSY are presented. We compare our new hybrid algorithms
with parallel implementations based on the SYCT solver DTRSYL from
LAPACK. Experiments show that the RECSY solvers can significantly
improve on the serial as well as on the parallel performance if the problem
data is partitioned and distributed in an appropriate way. Examples
include cutting down the execution time by 47% and 34% when solving
large-scale problems using two different communication schemes in the
parallel algorithm and distributing the matrices with blocking factors
four times larger than normally. The recursive blocking is automatic for
solving subsystems of the global explicit blocked algorithm on the nodes.

Keywords: Sylvester matrix equation, continuous-time, Bartels–Stewart
method, blocking, GEMM-based, level 3 BLAS, LAPACK, ScaLAPACK-
style algorithms, RECSY, recursive algorithms, automatic blocking.

1 Introduction

This contribution deals with parallel algorithms and software for the numerical
solution of the triangular continuous–time Sylvester equation (SYCT)

on distributed memory (DM) environments, where A of size B of size
and C of size are arbitrary matrices with real entries. The matrices

A and B are in upper (quasi-)triangular Schur form. A quasi-triangular matrix
is upper triangular with some 2 × 2 blocks on the diagonal that correspond to
complex conjugate pairs of eigenvalues. SYCT has a unique solution X of size

if and only if A and B have disjoint spectra, or equivalently the separation
The Sylvester equation appears naturally in several applications.

Examples include block-diagonalization of a matrix in Schur form and condition
estimation of eigenvalue problems (e.g., see [17,10,19]).

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 742–750, 2004.
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Using the Kronecker product notation, we can rewrite the Sylvester
equation as a linear system of equations

where is a matrix of size and
As usual, vec(X) denotes an ordered stack of the columns of the

matrix X from left to right starting with the first column. Since A and B are
(quasi-)triangular, the triangular Sylvester equation can be solved to the cost

using a combined backward/forward substitution process [1]. In
blocked algorithms, the explicit Kronecker matrix representation is used
in kernels for solving small-sized matrix equations (e.g., see [11,12,17]).

Our objective is to investigate the performance of our ScaLAPACK-style
algorithms for solving SYCT [7,6] when combined with recursive blocked matrix
equation solvers from the recently developed high-performance library RECSY
[11–13]. The recursive approach works very well on single processor architectures
and shared memory machines utilizing just a few nodes. In a distributed memory
environment, recursion can hardly be applied efficiently on the top-level of our
parallel algorithms for solving SYCT. Still, we can gain performance by applying
recursion when solving medium-sized instances of SYCT on the nodes, and this
motivates our investigation of ScaLAPACK-style hybrid algorithms.

The rest of the paper is organized as follows; In Section 2, we review our
ScaLAPACK-style algorithms for solving SYCT. Then the RECSY library, which
is used for building the hybrid algorithms, is briefly presented in Section 3. In
Section 4, we display and compare some experimental results of the standard
and hybrid ScaLAPACK-style algorithms, respectively. Finally, in Section 5, we
summarize our findings and outline ongoing and future work.

2 Parallel ScaLAPACK-Style Algorithms
for Solving SYCT Using Explicit Blocking

To solve SYCT we transform it to triangular form, following the Bartels–Stewart
method [1], before applying a direct solver. This is done by means of a Hessen-
berg reduction, followed by the QR-algorithm applied to both A and B. The
right hand side C must also be transformed with respect to the Schur decompo-
sitions of A and B. Reliable and efficient algorithms for the reduction step can
be found in LAPACK [2], for the serial case, and in ScaLAPACK [9,8,3] for dis-
tributed memory environments. Assuming that this reduction step has already
been performed, we partition the matrices A and B in SYCT using the blocking
factors mb and nb, respectively. This implies that mb is the row-block size and
nb is the column-block size of the matrices C and X (which overwrites C). By
defining and SYCT can be rewritten in blocked
form as
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Fig. 1. Block algorithm for solving AX – XB = C, A and B in real Schur form.

where and The resulting serial blocked algo-
rithm is outlined in Figure 1 [17,19].

We now assume that the matrices A, B and C are distributed using 2D
block-cyclic mapping across a processor grid. We then traverse the
matrix C/X along its block diagonals from South-West to North-East, starting
in the South-West corner. To be able to compute for different values of
and we need and to be held by the same process that holds
We also need to have the blocks used in the general matrix-multiply and add
(GEMM) updates of in the right place at the right time. In general, this
means we have to communicate for some blocks during the solves and updates.
This can be done “on demand”: whenever a processor misses any block that it
needs for solving a node subsystem or doing a GEMM update, it is received from
the owner in a single point-to-point communication [7]. Because of the global
view of data in the ScaLAPACK environment all processors know exactly which
blocks to send in each step of the algorithm. Moreover, the subsolutions are
broadcasted in block row and block column for use in updates of right hand
sides. A brief outline of a parallel algorithm PTRSYCTD that uses this approach
is presented in Figure 2. The matrices can also be shifted one step across the
process mesh for every block diagonal that we solve for [19,6]. This brings all
the blocks needed for the solves and updates associated with the current block
diagonal into the right place in one single global communication operation. A
brief outline of such a parallel algorithm is presented in Figure 3. The “matrix-
shifting” approach puts restrictions on the dimensions of the processor grid and
the data distribution: must be an integer multiple of or vice versa, and the
last rows/columns of A and B must be mapped onto the last process row/column
[19]. Both communication schemes have been implemented in the same routine
PGESYCTD [7,6], which can solve four variants of SYCT with one or both of A
and B replaced by their transposes.

The parallel algorithms presented in Figures 2 and 3 both tend to give
speedup of where is the number of processors used in the parallel
execution [19,6,7].
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Fig. 2. Parallel “communicate-on-demand” block algorithm for AX – XB = C, A and
B in real Schur form.

Notice that we are free to choose any kernel solver for the subsystems
in the algorithms presented in Figures 1, 2 and 3. Here and

are of size mb × mb and nb × nb, respectively, and C/X is of size mb × nb. The
original implementation of the parallel algorithms used LAPACK’s DTRSYL as
node solver, which is essentially a level-2 BLAS algorithm. For more information
about the ScaLAPACK-style algorithms we refer to [19,7,6].

3 RECSY – Using Recursive Blocked Algorithms
for Solving Sylvester-Type Subsystems

RECSY [13] is a high-performance library for solving triangular Sylvester-type
matrix equations, based on recursive blocked algorithms, which are rich in GEMM-
operations [4,15,16]. The recursive blocking is automatic and has the potential
of matching the memory hierarchies of today’s high-performance computing sys-
tems. RECSY comprises a set of Fortran 90 routines, all equipped with Fortran
77 interfaces and LAPACK/SLICOT wrappers, which solve 42 transpose and
sign variants of eight common Sylvester-type matrix equations. Table 1 lists the
standard variants of these matrix equations.
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Fig. 3. Parallel “matrix-shifting” block algorithm for AX – XB = C, A and B in real
Schur form.

Depending on the sizes of and three alternatives for doing a recursive
splitting are considered [11, 13]. In Case A is split by rows and
columns, and C by rows only. Similarly, in Case B is split by
rows and columns, and C by columns only. Finally, in Case
both rows and columns of the matrices A, B and C are split:

This recursive splitting results in the following four triangular SYCT equations:

First, is solved for in the third equation. After updating and with
respect to one can solve for and Both updates and the triangular
Sylvester solves are independent operations and can be executed concurrently.
Finally, one updates with respect to and and solves for In
practice, all four subsystems are solved using the recursive blocked algorithm. If
a splitting point appears at a 2 × 2 diagonal block of A or B, the
matrices are split just below this diagonal block.

The recursive approach is natural to SMP-parallelize, which is implemented
in RECSY using OpenMP. The performance gain compared to standard algo-
rithms is remarkable, including 10-fold speedups, partly due to new superscalar
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kernels. The software and documentation concerning RECSY is available for
download [14]. For details we also refer to the papers by Jonsson and Kågström
[11,12].

4 Computational Experiments

In this section, we compare measured performance results for the parallel al-
gorithms in Figures 2 and 3 solving SYCT using two different node solvers
DTRSYL (from LAPACK) and RECSYCT (from RECSY) in PGESYCTD. The
test results are for different values of and different process configurations

on the HPC2N Linux Super Cluster seth. The cluster consists of 120
dual Athlon MP2000+ nodes (1.667 GHz), where each node has 1–4 GB mem-
ory. The cluster is connected through the Wolfkit3 SCI high-speed interconnect
with a bandwidth of 667 Mbytes/second. The network connects the nodes in a
3-dimensional torus organized as a 4 × 5 × 6 grid, where each link is “one-way”
directed. The theoretical peak system performance of seth is 800 Gflops/sec.
The fraction where and denote the time for one flop and the per-
word transfer time, respectively, is approximately 0.025. Compared to other more
well-balanced systems, e.g., the HPC2N IBM SP system which has
communication is almost a factor 10 more expensive on seth.

The results are displayed in Tables 2 and 3. The variables and are the
ratios between the execution times of PGESYCTD using the two different commu-
nication schemes. These ratios are presented for both node solvers (LAPACK,
RECSY). If a ratio is larger than 1.0, the RECSY variant is the fastest, and
represents the speedup gain compared to the LAPACK variant.

5 Discussion and Conclusions

The results in Table 2 show that the RECSYCT solver decreases the execution
time up to 24% for moderate-sized block sizes mb = nb = 128 when “on-demand”
communication is used, while the gain is only up to 8% for the “matrix-shifting”
scheme, and even negative for a few cases.

From the results in Table 3, we conclude that the execution times for PGESYCTD
using RECSYCT decrease for larger block sizes (mb = nb = 512), while the exe-
cution times for PGESYCTD using DTRSYL increase drastically compared to the
results in Table 2.

In Table 4, we display the ratios of the shortest execution times of PGESYCTD
using DTRSYL and RECSYCT, respectively, and one of the two communica-
tion schemes for a given processor grid and problem size. Overall the RECSYCT
solver decreases the execution times between 15% and 43% compared to DTR-
SYL. The best results for RECSYCT are obtained when “on-demand” com-
munication is used, while the best results for DTRSYL are obtained for the
“matrix-shifting” scheme.

In conclusion, PGESYCTD with the RECSYCT solver has a large impact on the
performance when mb and nb are several hundreds, mainly because the perfor-
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mance gain provided by RECSY in solving the SYCT subsystems on the nodes
makes the waiting time for the broadcasts much smaller. Typically, PGESYCTD
with the DTRSYL solver is optimal for smaller block sizes. We also expect
PGESYCTD with RECSYCT to give less speedup compared to using DTRSYL,
since a much faster node solver makes overlapping of communication and com-
putation harder. On the other hand, by the use of larger block sizes, i.e., larger
SYCT subsystems are solved on the nodes, we also get less but larger mes-
sages to communicate, which may well compensate for the worse communication-
computation overlap.

Future work includes extending the comparisons to other parallel platforms,
e.g., the HPC2N IBM SP system which has much less compute power but pro-
vides a better “compute/communicate ratio”. Our objective is to develop a soft-
ware package SCASY of ScaLAPACK-style algorithms for solving all transpose
and sign variants of the matrix equations listed in Table 1. The implementations
will build on standard node solvers from LAPACK and SLICOT [18,20,5], and
recursive blocked solvers from RECSY. By using the LAPACK/SLICOT wrap-
pers provided in the RECSY library, the ScaLAPACK-style hybrid algorithms
come for free.
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High Performance Multimedia
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In the recent years multimedia technology has emerged as a key technology,
allowing different media – from text, image to video and sound – to be stored,
processed, indexed, retrieved, and delivered in digital form. A significant part of
the current research community effort has emphasized the delivery of the data as
an important issue of multimedia technology. However, the creation, processing,
and management of multimedia forms are the issues most likely to dominate the
scientific interest in the long run.

The aim to deal with information coming from multimedia sources already
results in a data explosion. This requirement to store, process, and manage
large data sets naturally leads to the consideration of programmable parallel
processing systems as strong candidates in supporting and enabling multimedia
technology. Therefore, this fact taken together with the inherent data parallelism
in these data types makes multimedia computing a natural application area
for parallel processing. Furthermore, the indexing and retrieval of multimedia
data includes time-consuming algorithms, thus high-performance architectures
and algorithms are necessary in order to allow the application of multimedia
databases and archives in real-world scenarios. Traditional parallel processing
concepts have to be adapted to the large volume of multimedia data, so a number
of interesting topics regarding scheduling, workload balancing, Quality-of-Service
(QoS) and other resource management issues arise. In addition, parallel and
distributed algorithms/architectures offer a starting point for development of
grid-enabled multimedia applications and for mobile multimedia. Finally, the
adaptation of parallel and distributed algorithms in multimedia systems and
the performance evaluation of implemented systems are interesting topics to be
studied.

The broad research spectrum of high-performance multimedia was expressed
by 13 submitted papers. The dominating topics this year were related to different
aspects of Video-on-Demand (VoD) systems as well as QoS issues for multimedia
delivery. All papers were reviewed by four persons. Based on these reviews 4
regular and 2 short papers were selected. The regular papers deal with memory
organization supporting visual data, node placement for distributed multimedia
servers, and queuing algorithms for guaranteed disk bandwidth. One regular
paper reports on the Horus project for parallel image and video processing.
Finally, a very interesting regular paper about parallel block-matching motion
compensation – submitted and reviewed in topic 7 – completed the selection.
The short papers present caching and mirroring strategies for VoD systems and
extensive practical evaluation of stream reuse techniques in peer-to-peer VoD.

We would like to thank all authors for their submissions, EuroPar organizing
committee and all reviewers for the great collaboration.
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Abstract. In the research area of image and video processing, the Horus
library [5] has become a valuable system for software driven rapid proto-
typing, and an essential vehicle for knowledge transfer at the level of uni-
versities and expertise centers. Due to its strictly sequential implementa-
tion, however, Horus can not always satisfy all demands for high perfor-
mance. As computational requirements for the processing of large image
sets and video streams continue to increase, it is essential to provide a
Horus implementation that applies to high performance computers.
As researchers in image and video processing can not be expected to also
become experts in parallel computing, the Parallel-Horus project aims to
shield Horus users from all intrinsic complexities of parallelization. This
paper presents an overview of the Parallel-Horus project; it discusses the
project’s goals, as well as current and future research directions. Also, the
efficiency of the current Parallel-Horus implementation is demonstrated
by evaluating a strictly sequential state-of-the-art imaging application.

1 Introduction

The complexity and scale of scientific problems in many different research areas
has been a driving force for the development of ever faster computer architec-
tures. To effectively exploit the available processing power of such systems, it is
essential to have a thorough understanding of their architectural complexity. De-
spite this requirement, large numbers of non-expert users are still tempted by the
potential processing speeds – generally to emerge with nothing but a disappoint-
ing result. In [3] this problem is stated somewhat more dramatically as follows:

Anecdotal reports abound about researchers with scientific and engineer-
ing problems who have tried to make use of parallel processing systems,
and who have been almost fatally frustrated in the attempt.

Clearly, there is a major discrepancy between the desire to easily obtain increased
performance, and the potential of high performance systems to satisfy this desire.

The specific research area of image and video processing – which is the field
of focus of this paper – also demonstrates a persistent desire to access the speed

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 752–759, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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potential of high performance computers. The desire partially stems from the
fact that it has been recognized for years that the application of parallelism
in imaging can be highly beneficial [21]. Yet, in image processing research the
discrepancy between desire and reality is no less severe.

We ascribe this problem primarily to the fact that no programming tool is
available that can effectively help non-expert parallel programmers in the de-
velopment of efficient high performance imaging applications. Existing program-
ming tools generally require the user to identify the available parallelism at a
level of detail that is beyond the skills of non-expert parallel programmers [11,
14,16]. Thus, the key to fast algorithm design and evaluation on large data sets,
as well as to rapid high performance image and video application development,
lies in the availability of a familiar programming tool that shields the image
processing researcher from all intrinsic difficulties of parallel implementation.

Our work (referred to as the Parallel-Horus project, see also [13–16]) is an
attempt to effectively bridge the gap between the expertise of the image process-
ing community, and the additional expertise required for efficient employment of
high performance computers. More specifically, the project aims at designing and
implementing a software architecture that allows non-expert parallel program-
mers to develop image and video processing applications for efficient execution
on Beowulf-type commodity clusters [19]. Hence, the Parallel-Horus project ad-
dresses the following fundamental research issue: how to design a sustainable,
yet efficient software architecture for data and task parallel image and video pro-
cessing, that provides the user with a fully sequential programming model, and
hides all parallelization and optimization issues from the user completely.

This paper presents an overview of the Parallel-Horus project. Apart from
presenting the project’s aims, it discusses directions for current and future re-
search. In addition, the efficiency of the current Parallel-Horus implementation
is demonstrated by evaluating a strictly sequential state-of-the-art imaging ap-
plication.

2 Parallel-Horus: Design for Sustainability and Efficiency

In the literature, a trend in the design of parallelization aids for high perfor-
mance image and video processing is to provide a software library consisting of
a set of pre-parallelized routines, and hide as much as possible the complexities
of parallelization behind the library’s API. Due to the relative ease of imple-
mentation, a multitude of such libraries exists [3,4,6–8,18,20]. An important
design goal in much of this research is to provide operations that have optimal
efficiency on a range of parallel machines. In general, this is achieved by hard-
coding a number of different parallel implementations for each operation, one for
each platform. Unfortunately, the creation of a parallel library in this manner
has several major drawbacks. First, manually creating multiple parallel versions
of the many operations commonly applied in image processing research is a la-
borious task. Second, obeying to requests for library extensions becomes even
more troublesome than in the sequential case. Third, as new target platforms are
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made available at regular intervals, code maintenance becomes hard – if not im-
possible – on the long term. Finally, with each library expansion it becomes ever
more difficult to incorporate a single elegant performance optimization strategy
for full applications. For these reasons we take a different approach.

In the development of the Parallel-Horus architecture we strive to enhance
sustainability by minimizing the implementation effort, without compromising
on the efficiency of execution. For one, this is achieved by recognizing that there
is a limited number of ways in which the pixels in images and video streams
can be processed to produce meaningful results. Important in this respect is the
classification of imaging operations made in Image Algebra [12]. Originating from
this classification, a sequential image and video processing library is currently
being implemented at the University of Amsterdam: Horus [5]. The Horus library
is highly innovative in its design and implementation, most significantly because
the library’s core comprises of a very small set of so-called algorithmic patterns.
The primary importance of these patterns is that each serves as a template
operation for a large set of image operations with similar behavior, which greatly
reduces the implementation effort. Also, the algorithmic patterns abstract from
the actual datatype each operation is applied upon, to avoid a combinatorial
explosion of code that deals with all possible kinds of image datatypes.

The next important step is to recognize that, for parallel implementation of
each algorithmic pattern, much of the related sequential code can be reused. To
that end, for each sequential algorithmic Horus pattern we have defined a so-
called parallelizable pattern [16]. Such pattern constitutes the maximum amount
of code of an algorithmic pattern that can be performed both sequentially and in
parallel – in the latter case without having to communicate to obtain non-local
data. Also, further reduction of the software engineering effort is achieved by
implementing the parallelizable patterns such that they are capable of adapting
to the performance characteristics of the parallel machine at hand [13,16].

The final step in reaching our goal is to recognize that for high performance of
full applications it is not sufficient to consider parallelization of library operations
in isolation. As shown in [15], it is possible to extend any library implemented
on the basis of parallelizable patterns with a very efficient finite state machine
based run-time system for communication minimization of applications running
in data parallel fashion. Moreover, the run-time system that was integrated in
the Horus library according to this approach proved to deliver close-to-optimal
parallel performance for many strictly sequential imaging applications [14].

3 Parallel-Horus: Large-Scale Image and Video Processing

In the early days of image processing research, algorithms and applications had
modest computational requirements. In general not more than a few small-sized
low-dimensional images needed to be processed. In contrast, today’s research in
image and video processing is often confronted with large collections of large-
sized and high-dimensional images, and hours of high resolution video. In ad-
dition, thorough evaluation (thus: calculation) of large algorithmic parameter
spaces on image data sets is now commonplace.
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Partially, this shift in computational requirements is driven by advances in
techniques for high resolution image acquisition, e.g. in biomedical imaging [23]
and light microscopy [10]. Also, applications requiring interactive access to large
image collections are becoming ever more abundant [17,22]. Finally, in the pre-
sentation of results obtained from imaging experiments there is a trend to incor-
porate evaluations on larger data sets. This is due to the fact that many imaging
algorithms perform well on a limited set of (artificial) images, but are much less
applicable to other (often real-world) images. Thus, to investigate the limitations
and potential of algorithms, large-scale evaluations are essential. To this end,
the main focus of the Parallel-Horus project is on high performance processing
of large image data sets, video streams, and large algorithmic parameter spaces.

On the one hand, support for this type of processing is delivered in the
form of pre-parallelized library operations, which are integrated in the existing
sequential Horus library (component in Figure 1). Also, the run-time system
for communication minimization (as referred to above) is integrated in the Horus
library and to be expanded to cover all functionality for the processing of large
parameter spaces, data sets, and video streams (component in Figure 1).

On the other hand, the usage of a single library operation to initiate the pro-
cessing on a set of images, or a complete parameter space, may not fit the image
processing researcher’s programming and specification preferences. Instead, it is
expected that many developers of imaging applications will keep to the more
familiar specification of a chain of events by way of loop constructs provided
by the host programming language (i.e. C or C++) [11]. Such constructs often
incorporate inherent potential for (independent) parallel processing of each loop
iteration. As this type of parallelism can not be included in the image library

Fig. 1. Simplified overview of the Parallel-Horus architecture.
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itself, initial solutions are to be incorporated in the form of macros or compiler
directives for parallelization, similar to those described by Oliveira et. al. [9].
However, as the imaging researcher should not personally have to include such
parallelization hints in a sequential application, at a later stage in the project
code adaptations are to be generated automatically by means of a pre-compiler
(see component in Figure 1). The pre-compiler is to analyze the strictly se-
quential image processing code, and insert task parallelization macros wherever
needed, to alleviate the programmer from personally having to perform this task.

4 Parallel-Horus: Towards Mixed Data/Task Parallelism

Parallel-Horus extends our earlier research, which was aimed at the design of
a software architecture for user transparent data parallel processing of single
(or just a few) images on Beowulf clusters. A major aim of the Parallel-Horus
project is to integrate task parallelism within the same software architecture to
facilitate high performance processing of a much larger class of applications.

Our earlier restriction to data parallelism was sensible for many reasons.
First, the application of data parallelism is a natural approach for image pro-
cessing, as many operations require the same function to be applied to each
individual element of an image data structure. Second, in applications that need
to process just few images, the number of independent tasks is generally small,
especially when compared to the fairly abundant number of elements present in
the image structures to be processed. Another important reason is that load bal-
ancing is generally much more difficult in the task parallel model. The decisive
factor for not having integrated task parallelism in our work so far, however, was
the expected difficulty of combining the two programming paradigms in a fully
user transparent parallel environment.

The situation has changed, however. Because our previous work has shown
that it is possible to design a fully user transparent architecture for data parallel
image processing with relative ease [13–16], the task of integrating the two par-
allel paradigms into a single framework suddenly becomes feasible. The reason
for this is as follows. In the current Parallel-Horus system any part of a strictly
sequential program runs in data parallel mode, whenever the available number
of processors is known. In other words: for any sequential program implemented
using our architecture, data parallelism comes for free. In its simplest form,
combined data and task parallelism can now be achieved easily by designating
a certain number of nodes to each loop iteration (i.e. data parallelism), and let
these iterations run concurrently (i.e. task parallelism). Preliminary work in this
direction shows that very simple macro definitions are sufficient to let indepen-
dent loop iterations indeed be executed independently, and even provide partial
load balancing without extensive code analysis. Although the resulting mixture
of data and task parallelism is (as of yet) restricted, the ease with which these
results are obtained is remarkable. Therefore we strongly believe that further in-
vestigations in this direction are not only important, but also will be rewarding.
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5 An Example Application

To evaluate the current Parallel-Horus implementation, this section describes the
(data) parallel execution of an example imaging application: i.e. the extraction
of rectangular size distributions from document images. Prototypical code of the
Parallel-Horus architecture, as wel as for this and many other example applica-
tions, is available at http://www.science.uva.nl/~fjseins/ParHorusCode/.

Measurements were performed on the 72-node Distributed ASCI Supercom-
puter 2 located at the Vrije Universiteit in Amsterdam [2]. All nodes consist of
two 1-Ghz Pentium-III CPUs, with 2 GByte of RAM, and are connected by a
Myrinet-2000 network; each node ran the RedHat Linux 7.2 operating system.
Our software architecture was compiled using gcc 2.96 and linked with MPICH-
GM, which uses Myricom’s GM as its message passing layer on Myrinet.

Rectangular Size Distributions

As discussed in [1], rectangular size distributions are an effective way to char-
acterize visual similarities between document images. A particularly efficient
sequential implementation for this problem, using recursive filters, is presented
in Listing 1. It should be noted that such recursive filter operations make for a
sequential implementation which is notoriously hard to parallelize efficiently.

Due to the Parallel-Horus architecture, the sequential code of Listing 1 di-
rectly constitutes a parallel program as well. Measurement results for the gener-

Listing 1: Pseudo code for fast calculation of rectangular size distributions; maximum
size of calculated filters denoted by and Functions ‘horDist’ and ‘verDist’ per-
form horizontal and vertical distance transforms, using recursive filter-pairs [1].
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Fig. 2. (a) Performance and (b) speedup for computing rectangular size distributions
for document image of size 2325×3075 (2-byte) pixels. Maximum size of calculated fil-
ters either 39×59 or 79×119. Speedup lines for either measurement essentially coincide.

ated parallel version of the presented program are given in Figure 2. The results
show that, for realistic images of size 2325×3075 pixels, our architecture pro-
vides very good speedup characteristics: 45.5 on 64 processors – an efficiency of
71.2%. Therefore, we conclude that the Parallel-Horus architecture provides high
parallel efficiency for the presented image processing problem. Remember, for
the application programmer these results come without any parallelization effort
whatsoever. More results for other imaging applications are found in [14,16].

6 Conclusions

The Parallel-Horus project aims at the development of an effective programming
tool that provides sustainable support in the implementation of data and task
parallel image and video processing software by non-experts in high performance
computing. With the implementation of the current Parallel-Horus architecture,
which supports fully user transparent data parallel execution, we have largely
succeeded in that mission. However, strictly data parallel execution does not
always deliver sufficiently high performance. Also, due to the need for inde-
pendent processing of large amounts of data, many state-of-the-art multimedia
applications have a much higher degree of inherent task parallelism than before.
Therefore, we are currently working on extensions that allow for integration of
efficient task parallelism within the same Parallel-Horus framework. Solutions
are to be provided in the form of library operations for the processing of large
data sets, as well as through a pre-compiler that is to make straightforward task
parallel adaptations to strictly sequential image processing source codes. In the
end, the availability of a combined data and task parallel environment for user
transparent high performance image and video processing will certainly have a
stimulating effect on the investigation of the many computationally demanding
problems the image processing community is so often confronted with.
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Abstract. We focus on the parallel access of randomly aligned rectangular blocks
of visual data. As an alternative of traditional linearly addressable memories, we
suggest a memory organization based on an array of memory modules. A highly
scalable data alignment scheme incorporating module assignment functions and
a new generic addressing function are proposed. To enable short critical paths and
to save hardware resources, the addressing function implicitly embeds the mod-
ule assignment functions and it is separable. A corresponding design is evaluated
and compared to existing schemes and is found to be cost-effective1.

1 Introduction

Vector processor designers have been interested in memory systems that are capable of
delivering data at the demanding bandwidths of the increasing number of pipelines, see
for example [1,6,9,12]. Different approaches have been proposed for optimal alignment
of data in multiple memory modules [1,3,9–12]. Module assignment and addressing
functions have been utilized in various interleaved memory organizations to improve
the performance. In graphical display systems, researchers have been investigating ef-
ficient accesses of different data patterns: blocks (rectangles), horizontal and vertical
lines, forward and backward diagonals [11]. While all these patterns are of interest in
general purpose vector machines and graphical display systems, rectangular blocks are
the basic data structures in visual data compression (e.g., MPEG standards). There-
fore, to utilize the available bandwidth of a particular machine efficiently, new scalable
memory organizations, capable of accessing rectangular pixel patterns are needed.

In this paper, we propose an addressing function for rectangularly addressable sys-
tems, with the following characteristics: 1.) Highly scalable accesses of rectangular sub-
arrays out of a two-dimensional data storage. 2.) Separable addressing of the memory
modules per rows and columns, which potentially saves hardware. We also introduce
implicit module assignment functions to further improve the designs. In addition, we
propose a memory organization and its interface, which employs conflict free address-
ing and data routing circuitry with minimal critical path penalties.

1 This research is supported by PROGRESS, the embedded systems research program of the
Dutch organization for Scientific Research NWO, the Dutch Ministry of Economic Affairs,
and the Technology Foundation STW (project AES.5021). The authors of this material express
special acknowledgements to Jens Peter Wittenburg for his valuable opinions and expertise.
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The remainder of the paper is organized as follows. Section 2 motivates the pre-
sented research and introduces the particular addressing problem. In Section 3, the ad-
dressing scheme and the corresponding memory organization are described. Related
work is compared to ours in Section 4. Finally, the paper is concluded with Section 5.

2 Motivation

Most of the data processing in MPEG is not performed over separate pixels, but over
certain regions (blocks of pixels) in a frame. Many computationally and data intensive
algorithms access such blocks from an arbitrary position in a virtual two-dimensional
storage where frames are stored. This generates problems with data alignment and ac-
cess in system memory, see [7, 8], described formally in the remainder of the section.

Formal Problem Introduction and Proposed Solution. Consider linearly addressable
memories (LAM). Pixel blocks with their upper-left pixel aligned as a byte at a first
(word addressing) position of a LAM word will be referred to as aligned. All other
pixel blocks will be referred to as non-aligned. Assume a LAM with word length of w
bits (w = 8, 16, 32, 64, 128) and the time for linear memory access to be The
time to access a single sub-array of 8-bit pixels, depending on its alignment is:

1.) Aligned sub-array: Not aligned sub-array:
The time, required to access N blocks with respect to their alignment will be:

By mixed access scenario we mean accessing both aligned and non-aligned blocks. We
assume that the probability to access an aligned block is while for a non-aligned
block it is For simplicity, but without losing generality, assume square blocks of

(i.e., a=b=n). We can estimate the total number of LAM cycles to access N
square blocks, again with respect to their alignment:

1.) All N blocks aligned: 2.) None of the blocks aligned:

3.) Mixed: Obviously, the number of cycles to access an

block in a LAM, regardless of its alignment, is a square function of n, i.e.,

Fig. 1. Memory hierarchy with 2DAM.

An appropriate memory organi-
zation may speed-up the data ac-
cesses. Consider the memory hier-
archy in Figure 1 and time to ac-
cess an entire block from the
2-dimensionally accessible memory
(2DAM) to be In such a case,
the time to access N sub-blocks
in the mixed access scenario will be:

1.)
2.)
3.)

All N blocks aligned:
None of the blocks aliened:
Mixed:
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That is the sum of the time to access the appropriate number of aligned blocks
from LAM plus the time to access all N blocks from the 2DAM. It is evident that in
a mixed access scenario, the number of cycles to access an block in the hi-
erarchy from Figure 1 is a linear function of n, i.e., O(n) and depends on the imple-
mentation of the 2D memory array. Table 1 presents access times per single

block. Time is reported in LAM cycles
for some typical values of n and w.
There are three cases: 1.) neither of the
N blocks is aligned - worst case (WC);
2.) mixed block alignment (Mix.); and
3.) all blocks are aligned - best case (BC).
The last two columns contain cycle esti-
mations for the organization from Figure
1. In this case, both mixed and best case
scenarios assume that aligned blocks are
loaded from the LAM to the 2DAM first
and then non-aligned blocks are accessed
from the 2DAM. The 2DAM worst case

(contrary to LAM) assumes that all blocks to be accessed are aligned. Even in this
worst case, the 2DAM-enabled hierarchy may perform better than LAM best case if the
same aligned block should be accessed more than once. For example, assume accessing
k times the same aligned block. In LAM, this would take

while with 2DAM, it would cost LAM cycles per block. Obvi-
ously, to have a 2DAM enabled memory hierarchy, faster than pure LAM, it would be
enough if All estimations above strongly suggest that a 2DAM with cer-
tain organization may dramatically reduce the number of accesses to the (main) LAM,
thus considerably speeding-up related applications.

3 Block Addressable Memory

In this Section, we present the proposed mechanism by describing its addressing scheme,
the corresponding memory organization and a potential implementation.

Addressing Scheme. Assume M × N image data stored in memory mod-
ules Furthermore, assume that each module is linearly
addressable. We are interested in parallel, conflict-free access of blocks (B) at
any location, defined as:

To align data in k modules without data replication,
we organize these modules in a two-dimensional matrix. A module assignment
function, which maps a piece of data with 2D coordinates (i,j) in memory module

is required. We separate the function denoted as
into two mutually orthogonal assignment functions and We

define the following module assignment functions for each module at position (p,q):
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The addressing function for module (p,q) with respect to coordinates (i,j) is defined as:

Obviously, if for if for respectively. In
essence, and are the module assignment functions, implicitly embedded into the
linear address The proof of all properties of the proposed addressing scheme
can be found in [7].

Memory Organization. The key purpose of the proposed addressing scheme is to
enable performance-effective memory implementations optimized for algorithms re-
quiring the access of rectangular blocks. Designs with shortest critical paths are to
be considered with the highest priority, as they dictate machine performance. Equa-
tions (1)-(2) are generally valid for any natural values of parameters a, b and N (i.e.,
for To implement the proposed addressing and module assignment
functions, however, we will consider practical values of these parameters. Since pixel
blocks processed in MPEG algorithms have dimensions up to 16 × 16, values of prac-
tical significance for parameters a and b are the powers of two up to 16 (i.e., 1, 2, 4, 8,
16). Figure 2 illustrates an example for a block size of

Module Addressing. An important property of the proposed module addressing func-
tion is its separability. It means that the function can be represented as a sum of two
functions of a single and unique variable each (i.e., variables i and j). The separability
of allows the address generators to be implemented per
column and per row (see Figure 2) instead of implemented as individual addressing
circuits for each of the memory modules.

Fig. 2. 2DAM for a=2, b=4 and

Fig. 3. Module address generation.
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The requirements for the frame sizes of all MPEG standards and for Video Object
Planes (VOPs) [2] in MPEG-4 are constituted to be multiples of 16, thus, N is a multiple
of For the assumed values of N and b, further analysis of Equation (2) suggests that

and i.e., no carry can be ever generated
between and Therefore, we can implement for every module
(p,q) by simply routing signals to the corresponding address generation blocks without
actually summing Figure 3(a) illustrates address generation circuitry
of q-addresses for all modules except the first With respect to (2),
if is 1 the quotient j div b should be incremented by one, otherwise it should not be
changed. To determine the value of a Look-Up-Table (LUT) with j mod b inputs can
be used. For the assumed practical values of a and b such a LUT would have at
most 4 inputs, i.e., is a binary function of at most 4 binary digits. Row p-addresses are
generated identically. For p=1 or q=3, respectively. Therefore, address
generation in these cases does not require a LUT and an incrementor. Instead, it is just
routing i div a and j div b to the corresponding memory ports, i.e., blocks and

in Figure 2 are empty. Figure 3(b) depicts all 4 LUTs for the case
The usage of LUTs to determine and is not mandatory, fast pure logic can be
utilized instead.

Data Routing Circuitry. In Figure 2, the shuffle blocks, together with blocks
and illustrate the data routing circuitry. The shuffle blocks are in essence circular
barrel shifters, i.e. having the complexity of a network of multiplexors. An shuffle
is actually an n-way multiplexor. In the example from Figure 2, the i-level
shuffle blocks are four 16-bit multiplexors and the j-level one is
64-bit. To control the shuffle blocks, we can use the module assignment functions for

i.e., and These functions calculate the
(p,q)-coordinates of the “upper-left” pixel of the desired block, i.e., pixel (i,j). For the
assumed practical values of a and b being powers of two, the implementation of
and is simple routing of the least-significant -bits (resp. to the
corresponding shuffle level.

LAM Interface. Figure 4 depicts the organization of the interface between LAM and
2DAM (recall Figure 1) for the modules considered in Figure 2. The data bus width
of the LAM is denoted by W (in number of bytes). In this particular example, W is
assumed to be 2, therefore modules have coupled data busses. For each (i,j) address, the
AGEN block sequentially generates addresses to the LAM and distributes write enable
(WE) signals to a corresponding module couple. Two module WE signals
are assumed for easier row and column selection. In the general case, the AGEN block
should sequentially generate LAM addresses for each (i,j) address. Provided that
pixel data is stored into LAM in scan-line manner and assuming that only aligned blocks
will be accessed from the LAM (i.e., (i,j) are aligned), the set of LAM addresses to be
generated is defined as follows:

In the 2DAM, the data words should be simultaneously written in modules:

at local module address:
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Fig. 4. LAM interface for W=2, a=2, b=4.

Note, that accessing only
aligned blocks from the LAM
enables thorough bandwidth uti-
lization. When only aligned
blocks are addressed, all address
generators issue the same ad-
dress, due to (2). Therefore, dur-
ing write operations into 2DAM,
the same addressing circuitry
can be used as for reading. If the
modules are true dual port, the

write port addressing can be simplified to just proper wiring of both i and j address
lines because the incrementor and the LUTs from Figure 3(a) are not required. There-
fore, module addressing circuitry is not depicted in Figure 4.

Critical Paths. Regarding the performance of the proposed design, we should consider
the created critical path penalty. Assuming generic synchronous memories where ad-
dresses are generated in one cycle and data are available in another, we separate the
critical paths into two: address generation and data routing. For the proposed circuit
implementation, the address generation critical paths are the critical path of either a

or a adder, whichever is longer, and the critical path of one
(max. 4-input) LUT. The data routing critical path is the sum of the critical paths of one

multiplexor and one multiplexor. More details regarding the implementa-
tion of the memory organization and a case study design can be found in [7].

4 Related Work and Comparisons

Two major groups of memory organizations for parallel data access have been reported
in literature - organizations with and without data replication (redundancy). We are in-
terested only in those without data replication. Another division is made with respect
to the number of memory modules - equal to the number of accessed data points and
exceeding this number. Organizations with a prime number of memory modules can be
considered as a subset of the latter. An essential implementation drawback of such orga-
nizations is that their addressing functions are non-separable and complex, thus slower
and costly to implement. We have organized our comparison with respect to block ac-
cesses, discarding other data patterns, due to the specific requirements of visual data
compression. To compare designs, two basic criteria have been established: scalability
and implementation drawbacks in terms of speed and/or complexity. Comparison re-
sults are reported in Table 2. Budnik and Kuck [1] described a scheme for conflict free
access of square blocks out of N×N arrays, utilizing memory
modules, where m is a prime number. Their scheme allows the complicated full crossbar
switch as the only possibility for data alignment circuitry and many costly modulo(m)
operations with m not a power of two. In a publication, related to the development of
the Burroughs Scientific Processor, Lawrie [9] proposes an alignment scheme with data
switching, simpler than a crossbar switch, but still capable to handle only
square blocks out of m=2N modules, where Both schemes in [1] and [9] re-
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quire a larger number of modules than the number of simultaneously accessed (image)
points (N). Voorhis and Morin [12] suggest various addressing functions considering

subarray accesses and different number of memory modules both
and Neither of the functions proposed in [12] is separable, which leads to
an extensive number of address generation and module assignment logic blocks. In [3]
the authors propose a module assignment scheme based on Latin squares, which is ca-
pable of accessing square blocks out of N × N arrays, but not from random
positions. Similar drawbacks has the scheme proposed in [10]. A display system mem-
ory, capable of simultaneous access of rectangular subarrays is described in [11].
The design, proposed there, utilizes a prime number of memory modules, which en-
ables accesses to numerous data patterns, but disallows separable addressing functions.
Therefore, regarding block accesses, it is slower and requires more memory modules
than our proposal. Large LUTs (in size and number) and a yet longer critical path with
consecutive additions can be considered as other drawbacks of [11]. A memory orga-
nization, capable of accessing N × N square blocks, aligned into memory
modules was described in [5]. The same scheme was used for the implementation of
the matrix memory of the first version of HiPAR-DSP [13]. Besides the restriction to
square accesses only, that memory system uses a redundant number of modules, due to
additional DSP-specific access patterns considered. A definition of a rectangular
block random addressing scheme from the architectural point of view dedicated for
multimedia systems was introduced in [8], but no particular organization was presented
there. In the latest version of HiPAR16 [4], the matrix memory was improved so that
a restricted number of rectangular patterns could also be accessed. This design, how-
ever, still utilizes an excessive number of memory modules as p and M respectively q
and N should not have common divisors. E.g., to access a 2 × 4 pattern, the HiPAR16
memory requires 3 × 5 = 15 memory modules, instead of only 8 for ours. The memory
of [4] requires a complicated circuitry. Both [4] and [13] assume separability, however,
the number of utilized modules is even higher than the closest prime number to
Compared to [1, 3–5, 9–11, 13], our scheme enables a higher scalability and a lower
number of memory modules. This reflects to the design complexity, which has been
proven to be very low in our case. Address function separability reduces the number
of address generation logic and critical path penalties, thus enables faster implementa-
tions. Regarding address separability, we differentiate from [1, 3, 9–12], where address
separability is not supported. As a result, our memory organization is envisioned to have
the shortest critical path penalties among all referenced works.
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5 Conclusions

We presented a scalable memory organization capable of addressing randomly aligned
rectangular data patterns in a 2D data storage. High performance is achieved by a re-
duced number of data transfers between memory hierarchy levels, efficient bandwidth
utilization, and short hardware critical paths. In the proposed design, data are located
in an array of byte addressable memory modules by an addressing function, implicitly
containing module assignment functions. An interface to a linearly addressable memory
has been provided to load the array of modules. Theoretical analysis proving the effi-
ciency of the linear and the two-dimensional addressing schemes was also presented.
The design is envisioned to be more cost-effective compared to related works reported
in the literature. The proposed organization is intended for specific data intensive al-
gorithms in visual data processing, but can also be adopted by other general purpose
applications with high data throughput requirements including vector processing.
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Abstract. Different granularity levels for parallel block-based motion
compensation as used in video compression are discussed. We introduce
the concept of switching between granularities to resolve load balancing
problems which limit scalability. The performance of the corresponding
MPI implementations on a SGI Power Challenge and a Cray T3-E is
compared.

1 Introduction

The widespread use of digital video in various environments has caused a high
demand for efficient compression techniques. Unfortunately, many compression
algorithms have prohibitive execution times using a single serial microprocessor
[12], which leads to the use of high performance computing systems for such
tasks. Software based approaches are becoming more popular in this area because
of the rapid evolution of multimedia techniques which has dramatically shortened
the time available to come up with a new hardware design for each improved
standard. In this context, several papers have been published describing real-time
video coding on general purpose parallel architectures (see [2] for an overview):
MPEG encoding [1, 3], H.26X [9], wavelet-based video compression [6, 8], and
fractal video compression [11].

Block-matching motion compensation is the most demanding part of current
video coding standards and requires 60 – 80 % of the total computations involved.
A significant amount of work discusses dedicated hardware for block-matching [4,
10], software based block-matching approaches have also been investigated [13].
However, in most cases, only one approach (in particular one parallelization
granularity), is discussed in detail and it is left to the reader to compare the
results to other research in this area. In recent work [14], we have systematically
compared different levels of parallelization granularity from the scalability point
of view and have also considered requirements and restrictions coming from the
applications’ side. We have as well compared these different granularity levels in
the context of a complete wavelet packet based parallel video codec [5].

* The authors have been partially supported by the Austrian Science Fund FWF,
project no. P13903.
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In this work we further improve the so far best performing granularity (in
terms of scalabiblity) by using a different granularity level at the end of the
computation to resolve intrinsic load balancing problems. In section 2 we shortly
review block-matching motion compensation in the video coding context. Sec-
tion 3 discusses three granularity levels for parallel block-matching which are
experimentally evaluated on two architectures using MPI based message pass-
ing. In section 4 we introduce the concept of switching granularities and provide
experimental results to show the improved performance and also the limitations
of this approach.

2 Block-Matching Motion Compensation

in Video Coding

The main idea of motion compensated video coding is to use the temporal and
spatial correlation between frames in a video sequence for predicting the cur-
rent frame from previously (de)coded ones. Since this prediction fails in some
regions (e.g., due to occlusion), the residual between this prediction and the
current frame being processed is computed and additionally stored after lossy
compression.

Because of its simplicity and effectiveness block-matching algorithms are
widely used to remove temporal correlation [7]. In block-matching motion com-
pensation, the scene (i.e. video frame) is classically divided into non-overlapping
“block” regions. For estimating the motion, each block in the current frame is
compared against the blocks in the search area in the reference frame (i.e. previ-
ously encoded and decoded frame) and the motion vector corresponding
to the best match is returned (see Fig. 1).

Fig. 1. Block-Matching motion estimation.

The “best” match of the blocks is identified to be that match giving the
minimum mean square error (MSE) of all blocks in search area defined as

where denotes a block (the “search area”) for a set of candidate motion
vectors is the current frame and the reference frame. The algorithm
which visits all blocks in the search area to compute the minimum is called “full
search” and delivers the optimal result in terms of visual quality.
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3 Granularity of Parallel Block-Matching Algorithms

In general, granularity determines important characteristics of a parallelization
approach. A coarse grained parallelization usually requires little communica-
tion, on the other hand, balanced load may be hard to achieve. Independent of
the results corresponding to parallelization efficiency, granularity has also ma-
jor impact with respect to hardware requirements and coding delay of a video
compression system.

As described in the previous section, the current frame and the reference
frame are segmented into equal sized blocks. Based on this partitioning, two
intra-frame granularities may be used (fine grained parallelization). In the Block-
based parallelization (BB) approach, the blocks of the current frame are dis-
tributed among the processing elements (PE), the computation of the motion
vector for each block is done locally. To avoid interprocess communication, the
entire search area surrounding the corresponding block in the reference frame
(see Fig. 2.a) is sent to the PE in charge of the current block resulting in an
overlapping data partition.

Fig. 2. Partitioning schemes with different granularities.

Another way of partitioning the current frame among the PE is the stripe
subimage method (see [13] for a comparison of several flavours of this method)
which we denote Intra Frame parallelization (IF). Using this method, the cur-
rent frame is split into horizontal or vertical stripes as shown in Fig. 2.b and
the computations associated with the blocks contained in one contiguous stripe
are assigned to one PE. Again, a search-overlap is used to avoid interprocess
communication among the PEs.

To preserve the quality reached by the sequential version, the smallest allowed
unit for splitting the frame is limited by the blocksize. These units are combined
according to the number of PEs to form stripes as uniformly sized as possible.
Therefore, this method should perform well especially in the case where the units
can be distributed evenly among the compute nodes.

Additionally, two types of inter-frame granularity (coarse grained paralleliza-
tion) may be considered. A group of pictures (GOP) is a collection of P-frames
(predicted frames) which are all processed in relation to one reference frame,
the I-frame. An obvious way to distribute the block-matching computations is
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to assign entire frames to single PEs. Fig. 2.c illustrates this technique which is
denoted GOP parallelization. A second possibility is to assign complete GOPs
to single PEs (denoted eGOP).

It is obvious that the lower communication demand (in terms of the number
of messsages to be exchanged) of inter-frame granularity has to be paid with
higher memory consumption and a possibly higher coding delay [14]. Conse-
quently, coarse grained parallelization (GOP and eGOP) will not be suited for
real-time and on-line applications like video conferencing, since especially the
high coding delay is not acceptable for these types of applications. Addition-
ally, the high memory requirements lead to high costs (especially for hardware
solutions) and poor cache performance. Note that the eGOP approach is not
investigated further since coding delay and memory requirements are too high
for practical systems. Moreover, load imbalance is significant for short videos
using this technique.

3.1 Experiments

All subsequent simulations use the standard test sequence “Football” in QCIF
(quarter common intermediate format), having a size of 176 × 144 pixels. The
blocksize is set to 8x8, motion vectors may point 7 pixels in each direction,
the computations are performed on 40 successive frames of the sequence. Two
different architectures using native MPI versions are employed: a SGI Power
Challenge (20 MIPS R10000 processors and 2.5 GB memory) and a Cray T3E
(DEC Alpha EV5 processors, 128 MB memory each, interconnected by a 3D
torus with 3 GB/s bandwidth in each network node). Note that the two systems
have opposite properties. Whereas the SGI has the slower compute nodes, the
communication system is faster on the SGI (shared memory) as compared to
the Cray (networked). Therefore, we may expect better results with respect
to scalability on the SGI. SPMD-style programming with non-blocking MPI
communication commands is used, we measure wall clock time from program
start-up to program termination.

Block-based parallelization shows satisfactory speedup on the SGI only (see
Fig. 3.a – but even here it shows the poorest performance of all three granulari-
ties). The communication demand is too high to deliver reasonable results, even
though the load may be balanced perfectly. Intra Frame parallelization performs
better but exhibits several plateaus in the speedup plots. See [14] for detailed
explanations of this phenonemon.

The overall performance of GOP parallelization is the best compared to the
other two approaches. Also, GOP parallelization leads to plateaus in the speedup
plots. The reason for these plateaus is that a fixed number of frames can not be
distributed evenly among an arbitrary number of PEs, therefore several PEs may
remain idle when the last frames are processed (such a situation is visualized
in Fig. 5.a). Note, that these plateaus disappear for long video sequences since
unbalanced load in the last scheduling round is not important for a large number
of scheduling rounds.
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Fig. 3. Speedup Results.

4 Hybrid Granularity in Parallel Block-Matching

Due to its good efficiency, the GOP parallelization approach is an interesting
candidate for video compression applications and other applications where large
quantities of still image data need to be compressed. As we have noted, due to
its high coding delay and memory demand it is not suited for on-line applica-
tions. However, for off-line applications where large amounts of data need to be
processed in reasonable time, coding delay and memory demand are not critical
issues. For example, we mention large surveillance systems and all types of stor-
age applications in general. In an environment where long videos are processed
(e.g. for insertion into a video-on-demand server) the load-inbalance phenonemon
as discussed in the previous section does not pose any problem. However, in case
of many short video sequences to be compressed this behaviour degrades exe-
cution efficiency significantly. Coming back to a surveillance application as an
example, this would be the case if the video cameras only record if triggered
by a sensor measurement, e.g. an infrared sensor. Here, many short videos are
delivered to the storage system and need to be compressed as fast as possible.
The aim of this section is to introduce a methodology to improve the efficiency
of the GOP parallelization approach in such an environment.

Since the load-balancing problems are intrinsic to the GOP approach and
both other approaches show limited scalability, we propose to extend the GOP
approach in a way where we can keep its good efficiency and incorporate the
good load-balancing facilities of the other two schemes. In particular we suggest
to start the computations according to the GOP parallelization and switch to a
finer granularity as soon as the efficiency of the first scheme degrades. Note that
switching granularity implies a data redistribution procedure which is costly in
terms of communication and synchronization demand. Of course, the location
of the granularity switch needs to be determined in advance (i.e. to avoid a
performance degradation) and should not react to an already poor behaviour.
The GOP approach is restricted to a number of frames which is an integer
multiple of the number of PEs. Frames exceeding this set are processed according



Dynamic Granularity Switching 773

Fig. 4. Speedup of Hybrid Modes.

to an approach with finer granularity (BB or IF) and the data are distributed
accordingly. Fig. 4 shows the speedup results of this approach on the SGI and
the Cray, respectively.

Fig. 4.a shows that both hybrid schemes outperform the original GOP ap-
proach on the SGI, the plateaus disappear. However, on the Cray the results
are not that simple (Fig. 4.b). The results are slightly improved for a selected
number of PEs but for others we notice a significant degradation of speedup,
especially for the hybrid GOP + BB mode. Fig. 5 shows a vizualization of the
execution behaviour on the SGI with 9 PEs where horizontal gray bars denote
the computation times on the different PEs and thin black lines depict commu-
nication events.

Fig. 5. Visualization of the execution behaviour.

In Fig. 5.b we clearly notice the intensive communication during the last
phase of the computation which is caused by the Blockbased parallelization ap-
proach. On the SGI, the performance is still better as compared to the pure
GOP approach due to the efficient communication subsystem, on the Cray the
excessive communication causes the performance to go down. The question re-
mains under which circumstances it makes sense to switch granularity and in
which cases it is better to stick with the GOP approach only. Fig. 6 shows the
amount of P frames left to be processed when switching the granularity, depend-
ing on the size of the GOPs, the number of PEs involved, and the length of the
processed video.
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Fig. 6. Work to be done after changing granularity.

It turns out that the higher the amount of “remaining” P frames (i.e. frames
processed not in GOP mode) is, the less efficient will it be to switch to finer
granularity. The obvious reason is that the finer granular approaches simply
do not scale that well, therefore, as their share of the overall computation time
increases, the overall performance decreases. The second reason is that in case of
a large amount of such frames the number of idle PEs when sticking to the GOP
approach is relatively small which makes the drop in efficiency small as well.
The actual value from which number of remaining P frames on it is better to
use a pure GOP approach, of course depends on the parameters of the hardware
(relation communication/computation cost) and on video size, GOP structure,
and other values related to the coding process. Since the load balancing problems
of the IF granularity are not significant for a low number of frames and the
BB granularity does not have any other advantage besides good load balancing
capabilities, it is always preferable to use the hybrid GOP+IF scheme instead
of GOP+BB due to the high communication cost of BB.

5 Conclusion and Future Work

We have discussed different granularity levels of parallel block-matching motion
compensation in the context of video coding and have proposed a scheme which
involves switching to finer granularity in case of load-balancing problems. It
turns out that the performance of inter-frame parallelization granularity may
be improved under certain circumstances. In future work we will develop an
analytical framework which will allow to determine the best strategy based on
parameters of the hardware and of the video.
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Abstract. Multimedia services typically need not only huge resources
but also a fairly stable level of Quality of Services. This requires server ar-
chitectures that enable continuous adaptation. The Adaptive Distributed
Multimedia Server (ADMS) of the University Klagenfurt is able to dy-
namically add and remove nodes to the actual configuration, thus real-
izing the offensive adaptation approach.
This paper focuses on the optimal placement of nodes for hosting certain
ADMS components (the so-called data collectors, collecting and stream-
ing stripe units of a video) in the network. We propose four different
algorithms for host recommendation and compare the results gained by
running their implementations on different test networks. The greedy al-
gorithm seems to be a clear looser. Among the three other algorithms
(particle swarm, linear programming and incremental) there is no single
winner of the comparison, they can be applied in a smart combination.

1 Introduction

Even highly sophisticated multimedia servers with a distributed architecture,
such as the Darwin server of Apple [1] or the Helix architecture of RealNetworks
Inc. [2] are static in the sense that actual configurations of the the distributed
server must be defined manually. The Adaptive Distributed Multimedia Server
(ADMS) of the University Klagenfurt [3] is able to dynamically add and remove
nodes to the actual configuration. Thus, ADMS realizes the offensive adaptation
approach [4]. In case of shortage of resources, instead of reducing the quality of
the audio-visual streams by usual, defensive, stream-level adaptation, it tries to
migrate and/or replicate functionality (i.e. code) and/or audio-visual data on
demand.
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70025) and the Hungarian Scientific Research Fund (Grant No. OTKA 42559) is
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It is crucial for the performance of the system, to find optimal placement
for the server nodes. The host recommender component of the ADMS system
determines the host computers in the network where the server components
(also called applications) should be loaded. The optimal location depends on
the actual load and capacity of the available nodes and links, and on the actual
set of client requests.

The distributed multimedia server architecture [3] has different components
that can be located on different hosts of the network. Data managers or servers
store and retrieve the media data. Data collectors or proxies collect the data
from the servers and stream them to the clients.

This paper deals with the configuration recommendation algorithms. Unfor-
tunately, the related problems are NP-complete. However, there are many ap-
proximation algorithms that can result in nearly optimal solutions within short
time. We examine, what kind of mathematical approaches can be applied to the
adaptive host recommendation.

The formal and detailed description of the model and the algorithms can be
found in a technical report1 [5].

2 Related Work

Finding the optimal deployment of proxies in a network is a well known problem
in the literature. Most of the works, however, deal only with (1) static config-
urations, (2) web-proxies, and (3) caching-problems [6–8]. Static configuration
means, that proxies are deployed once, and their placement can not change later,
or with high cost only. On the other hand, web proxies have to serve the clients
with relatively short documents and images that have to arrive unmodified. On-
line multimedia data delivery serves huge data-streams, where some modifica-
tions are still acceptable, having the emphasis on the timing constraints. Finally,
we are currently not interested in caching problems, because they are orthogo-
nal to the offensive adaptation problem. This issue was discussed elsewhere [4].
Therefore, we cannot use the former results directly.

We looked at the mathematical background and found the facility location
problem(FLP), which is an intensively studied problem in operations research.
The problem is to select some facility candidates and to assign each client to
one of the selected facilities while minimizing the cost of the solution. A de-
tailed description of the problem can be found in [9]. Despite the similarity,
some significant differences prohibit the direct application of the approximation
algorithms for the FLP to the host recommendation. First, while the cost of a
facility is usually a constant value in case of the FLP, in the current problem
it depends on the maximum bandwidth required by the clients assigned to the
proxy. Furthermore, the limited bandwidth of the subnets must be taken into
account as well.

In [9] it is shown that FLP is NP-hard for general graphs. Many constant
approximation algorithms have been published for the facility location problem
1 http://143.205.180.128/Publications/pubfiles/pdffiles/2004-0005-BGAT.pdf
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with polynomial running time that are usually combined with each other. The
linear programming techniques play key role in many algorithms with constant
approximation ratio [10,11]. The best approximation ratio was achieved com-
bining the primal-dual method with the greedy augmentation technique [12].

As a different approach, evolutionary algorithms (EA) also provide an ef-
ficient way of finding good solutions for NP-hard problems. In [13] an EA is
proposed to solve the P-median problem, which problem is in close relation to
FLP. A kind of evolutionary algorithms, particle swarm optimisation proved to
be effective in a wide range of combinatorial optimisation problems too [14].

3 The Problem Model

In order to implement and compare different algorithms that solve the problem,
we have defined the following model and metrics.

From the actual point of view the Adaptive Distributed Multimedia Server
consists of Data Managers and Data Collectors. Multimedia data (videos) are
stored on the Data Managers. The videos are sliced, and the resulting stripe units
are distributed to the Data Managers. When needed, the video is recollected
and streamed to the clients by the Data Collectors. This technique helps both
network and node resource load balancing.

According to [15], Data Managers that contain stripe units of the same video
should be kept as close to each other as possible, practically on the same subnet,
because that configuration gives the best performance. Based on this result our
model considers such a group of Data Managers a single server.

The media is collected from the Data Managers by Data Collectors (proxies).
They can be loaded on any node that hosts a Vagabond2 Harbour [16]. The nodes
that may play the role of a Data Collector are considered candidates.

The client is the third kind of component in the model. The clients connect
to Data Collectors and get the desired media via streaming from them. The
clients define their requests as lists that contain QoS requirements in decreasing
order of preference. We assume that the demand list has a last, default element,
that represents the situation when the client’s request is rejected. In the current
model we also assume that all clients want to see the same video at the same
time.

In our current model only the proxies can be deployed dynamically. The
locations of the servers and that of the clients are not to be modified.

The network model is basically a graph where the nodes are called areas.
An area is either a subnet (including backbone links) or a router that connects
subnets. We handle them similarly because from our point of view they have the
same attributes and provide the same functionality. The edges of the graph are
the connections between the routers and the subnets they are part of.

We assume that we know the subnet location of the clients and servers, the
candidate nodes, and the attributes of the network, the latter presented as the
attributes of each area: bandwidth, delay jitter, etc. The route between any two
nodes is described as a list of neighbouring areas.
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The solutions of a problem are described as possible configurations that pro-
vide the following information:

for each client, the index of the QoS demand that has been chosen to be
satisfied, and the candidate that hosts the proxy for the client
for each candidate, the server, where the video should be collected from

In order to compare different solutions, we have defined a cost function that
gets the initial specifications and a possible configuration as input parameters.
Using this information the function calculates the network resource needs (to-
tal allocation and over-allocation), the number of rejected clients (those whose
chosen demand is the last, default one), the sum of the chosen demand indexes
of the clients (linear badness), and the so called exponential badness, that is de-
fined as where C is the set of clients, and is the index of the chosen
demand for client This last metric is useful if we want to prefer ‘fair’ to ‘elitist’
configurations.

Given two costs, that cost is less, that has (in decreasing order of preference):

less over-allocation (we can’t afford over-allocation),
less rejection (we want to increase the number of accepted clients),
less exponential badness (we prefer fairness),
less total allocation (we want to minimize the network load).

Using this cost metric we were able to compare several algorithms.

4 Solution Algorithms

In this chapter we provide a short introduction to the algorithms we have im-
plemented and tested. More details can be found in [5].

4.1 Greedy

The greedy algorithm we use here is almost identical to that published in [17].
The difference is that the cost function is changed to that described in the
previous chapter, and that the clients’ demand list is also taken into account.

4.2 Particle Swarm

The particle swarm algorithm is based on the algorithm of Kennedy and Eber-
hardt [14]. The original algorithm uses a set of particles, each of them represent-
ing a possible configuration. Every particle is connected to several other particles
thus forming a topology.

The particles are initialized with random values. Each particle knows its last
configuration its best past configuration and the configuration of
that neighbour (including itself) that has the least cost In each turn, if
it has less cost than any of its neighbours, it counts a new configuration by
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creating a linear combination of and using probabilistic weights, then it
adopts this new configuration. The whole process runs until some condition is
met. The combination is defined as:

where is a random number from [0,1).
This original algorithm, however, can solve those problems only, where the

dimensions of the configurations represent binary or real values. This is the
consequence of the linear combination technique. In our case the configurations’
dimensions represent unordered elements of sets. Therefore, instead of the linear
combination that can not be applied to them, we use the following. For each
dimension we first take the value with a certain probability from either
or (crossover). Then, with another probability, we change it to a random
value  from its value set (mutation). Finally, we assign the value to the given
dimension.

Crossover and mutation are also applied by genetic algorithms[18]. The dif-
ference between genetic algorithms and our algorithm is that in our case the
connections of the partners (neighbours) are static. Particles do crossovers only
with their neighbours, and the crossovers transfer information from the better
configuration to the worse only, thus the best results are always preserved.

The algorithm runs until every particle has the same cost. But this condi-
tion combined with the mutation leads from the initial fast evolution to a final
fluctuation. We apply the simulated annealing of the mutation rate in order to
avoid this phenomenon [19]. The control variable of the annealing is the number
of particles that have their configuration changed. The less particle changed, the
less the mutation rate is.

4.3 Linear Programming Rounding

LP Model. We chose an algorithm based on linear programming rounding for
the solution of the configuration problem. For simplicity, we minimize only the
number of refused clients, the exponential goodness and sum of the reserved
bandwidth for each subnet. Weights are assigned to the different optimization
criteria to express their priority.

Inequations express three types of constraints as follows. The reserved band-
width of a subnet is less than or equal than the available. A proxy-server con-
nection needs at least as much bandwidth as the maximum among the accepted
requests served through it. Each client is either assigned to a client-proxy-server
route or rejected.

We introduce variables to indicate whether the request of client  is
served by server through proxy Their possible values are 0 and 1. Since
the time complexity to find the exact solution for an integer linear program-
ming problem is large, we consider the LP-relaxation of the problem, where the
possible values of the variables can be any real number.
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Rounding. First we solve the linear program and obtain an optimal solution.
If then let the request of client be served by server through
proxy Unfortunately, the possible fractional values of X-type variables do not
represent legal solutions. We round the solution in a greedy manner. We take
each X variables with fractional value one after the other. If the client is still not
served, we try to select the current client-proxy-server route denoted by variable

and check the load conditions in the network. The client is served by
server through proxy in the solution if and only if these conditions are fulfilled
after the selection of the route.

4.4 Incremental Algorithm

In order to find solutions quickly, we implemented a very simple but efficient
algorithm. It operates on the so-called FLP graph which is a bipartite graph,
where one set of nodes denotes the clients, the facility nodes represent the proxy-
server routes and the edges between them correspond to the client-proxy-server
routes that are able to satisfy client requests. The main steps of the algorithm
are as follows.

After generating the FLP graph, the facilities are sorted in decreasing order
of the bandwidth of the represented proxy-server routes. We take the facilities
one after the other. The algorithm selects facility if it can serve new clients or
there is at least one client already assigned to a facility denoted by where
the QoS parameters of edge is better than that of edge If facility

is selected, we take the clients adjacent to it one after the other and client
is assigned to it if it fulfills the above condition and its request can be satisfied
through facility without overloading the network. A facility is deselected if no
clients are assigned to it.

5 Results

We implemented the algorithms and tested them on simulated network environ-
ments. Each test network consists of 50 subnets. Six test series were generated;
each of them consisted of ten cases. The number of servers is always ten, while
the number of clients and proxies varies in different series; there are 5, 10, 15,
20, 25, 30 clients and 10, 20, 30, 40, 40, 40 proxies in the different series. We
examined the cost of the solutions and the running time as a function of the
number of clients. Figure 1 shows the costs (linear and exponential badnesses,
numbers of rejected clients) and the runtime. The figures compare the results of
the algorithms described above, namely linear programming rounding, swarm al-
gorithm, greedy algorithm and incremental algorithm. The linear programming
does not produce legal solutions, without rounding, but can be used as a lower
bound for the cost measures.

According to the figure, the swarm algorithm produces the best results, and
the linear programming rounding achieves results with slightly higher cost and
the greedy algorithm fails to find nearly optimal algorithms for a high number
of clients.
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Fig. 1. The results of the measurements for linear programming rounding, incremental,
greedy, and swarm algorithms.

On the other side, the running time of the incremental algorithm is clearly
the best, the running time of linear programming with rounding is the second,
while the swarm and the greedy algorithms run substantially slower.

6 Conclusions and Further Work

We introduced a number of algorithms for host recommendation in an Adap-
tive Distributed Multimedia Server. We did not find an algorithm that is the
best in every aspect. A good idea is producing an initial solution quickly using
the fast deterministic algorithms. Later, if time allows, a more sophisticated so-
lution (admitting more clients) might be rendered, using the stochastic swarm
algorithm.

In the future, we intend to improve the model of the network by incorporating
node information also. Thus not only the predicted future values of the network
parameters and client requests might be taken into account at the recommen-
dation, but the performance of the host nodes also. Later the implementations
of the algorithms will be integrated into the Adaptive Distributed Multimedia
Server and tested also in a real network environment.



Placement of Nodes in an Adaptive Distributed Multimedia Server 783

References

Apple Computer, Inc. QuickTime Streaming Server: Darwin Streaming Server:
Administrator’s Guide. (2002)
http://developer.apple.com/darwin/projects/streaming/
Helix Community: Helix Universal Server Administration Guide. (2002)
https://www.helixcommunity.org/2002/intro/platform
Tusch, R.: Towards an adaptive distributed multimedia streaming server archi-
tecture based on service-oriented components. In Böszörményi, L., Schojer, P.,
eds.: Modular Programming Languages, JMLC 2003. LNCS 2789, Springer (2003)
78–87
Tusch, R., Böszörményi, L., Goldschmidt, B., Hellwagner, H., Schojer, P.: Offensive
and Defensive Adaptation in Distributed Multimedia Systems. Computer Science
and Information Systems (ComSIS) 1 (2004) 49–77
Goldschmidt, B., Szkaliczki, T., Böszörményi, L.: Placement of Nodes in an Adap-
tive Distributed Multimedia Server. Technical Report TR/ITEC/04/2.06, Institute
of Information Technology, Klagenfurt University, Klagenfurt, Austria (2004)
Steen, M., Homburg, P., Tannenbaum, A.S.: Globe: A wide-area distributed sys-
tem. IEEE Concurrency (1999)
Li, B., Golin, M., Italiano, G., Deng, X., Sohraby, K.: On the optimal placement
of web proxies in the internet. In: Proceedings of the Conference on Computer
Communications (IEEE Infocom). (1999)
Qiu, L., Padmanabhan, V.N., Voelker, G.M.: On the placement of web server
replicas. In: INFOCOM. (2001) 1587–1596
Cornuejols, G., Nemhauser, G.L., Wolsey, L.A.: The uncapacitated facility location
problem. In Mirchandani, P., Francis, R., eds.: Discrete Location Theory. John
Wiley and Sons, New York (1990) 119–171
Shmoys, D., Tardos, E., Aardal, K.: Approximation algorithms for facility location
problems. In: Proceedings of the 29th ACM Symposium on Theory of Computing.
(1997) 265–274
Charikar, M., Guha, S.: Improved combinatorial algorithms for the facility loca-
tion and k-median problems. In: IEEE Symposium on Foundations of Computer
Science. (1999) 378–388
Mahdian, M., Ye, Y., Zhang, J.: Improved approximation algorithms for met-
ric facility location problems. In: Proceedings of 5th International Workshop on
Approximation Algorithms for Combinatorial Optimization. (2002)
Dvorett, J.: Compatibility-based genetic algorithm: A new approach to the p-
median problem. In: Informs Fall 1999 Meeting. (1999)
Kennedy, J., Eberhardt, R.C.: Swarm Intelligence. Morgan Kaufmann (2001)
Goldschmidt, B., Tusch, R., Böszörményi, L.: A corba-based middleware for an
adaptive streaming server. Parallel and Distributed Computing Practices, Special
issue on Dapsys 2002 (2003)
Goldschmidt, B., Tusch, R., Böszörményi, L.: A mobile agent-based infrastructure
for an adaptive multimedia server. In: 4th DAPSYS (Austrian-Hungarian Work-
shop on Distributed and Parallel Systems), Kluwer Academic Publishers (2002)
141–148
Goldschmidt, B., László, Z.: A proxy placement algorithm for the adaptive multi-
media server. In: 9th International Euro-Par Conference. (2003) 1199–1206
Davis, L., ed.: Handbook of Genetic Algorithms. Van Nostrand Reinhold (1991)
Kirkpatrick, S., Gelatt, C.D., Vecchi, M.P.: Optimization by simulated annealing.
Science, Number 4598, 13 May 1983 220, 4598 (1983) 671–680

1.

2.

3.

4.

5.

6.

7.

8.

9.

10.

11.

12.

13.

14.
15.

16.

17.

18.
19.



A Practical Performance Analysis of Stream

Reuse Techniques in Peer-to-Peer VoD Systems*

Leonardo Bidese de Pinho and Claudio Luis de Amorim

Parallel Computing Laboratory, COPPE Systems Engineering Program,
Federal University of Rio de Janeiro, RJ, Brazil

{leopinho,amorim}@cos.ufrj.br

Abstract. Although many works have reported simulated performance
benefits of stream reuse techniques to the scalability of VoD systems,
these techniques have been rarely evaluated in practical implementa-
tions of scalable VoD servers. In this work we investigate the behavior of
representative stream reuse techniques in the GloVE system, a low-cost
VoD platform whose scalable performance depends on the combination
of the stream techniques it uses. More specifically, we show experimental
results focusing on the requirements of the amount of server’s channels
and aggregate bandwidth that GloVE demands for several combinations
of stream reuse techniques. Overall, our results reveal that stream reuse
techniques in isolation offer limited performance scalability to VoD sys-
tems and only balanced combinations of batching, chaining, and patch-
ing techniques explains the scalable performance of GloVE on delivering
popular videos with low startup latency while using the smallest number
of server’s channels.

1 Introduction

In recent years, considerable research efforts have been concentrated on the de-
sign of scalable Video on Demand (VoD) systems since they represent a key-
enabling technology for several classes of continuous media applications, such
as distance learning and home entertainment. In particular, a central problem
VoD designers face is that in a typical VoD system with many videos, even a
transmission of a single high-resolution video stream in a compressed format
consumes a substantial amount of resources of both the video server and the
content distribution network. Given that users can choose any video and start
playback at anytime, a significant investment on server’s hardware and network’s
infrastructure will be required to support large audiences. Therefore, it is fun-
damental that a VoD server supports stream distribution strategies capable of
using efficiently the available network resources in order to reduce its cost per
audience ratio.

Typically, a VoD server supports a finite pool of stream channels, where the
amount of channels is often determined by the server’s bandwidth divided by
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the video playback rate. The reason that conventional VoD systems cannot scale
is because they dedicate one different channel to each active client, in an one-
to-one approach. As a result, the total number of clients a conventional VoD
system supports is equal to the limited number of server’s channels. Due to
the scalability limitation of the one-to-one approach, several scalable streaming
techniques have been proposed in the literature. Basically, such techniques allow
multiple clients to share the stream contents that are delivered through each of
the server’s channels, in an one-to-many approach.

Three of the most well-known scalable streaming techniques are Batching [1]
- where near requests to the same video are first enqueued and served afterwards
by a single multicast stream from the server, Chaining [2] - in which clients on
behalf of the server can send video streams to subsequent requests, provided
the requests arrive within a certain time interval during which the prefixes are
still in the playout buffers of the clients, and Patching [3] - where a new client
that requests a video is first inserted into an available active multicast stream
for the video and upon receiving the video stream the client will temporarily
store it into a local buffer. In addition, the server will send to the new client an
extra video stream, namely the patch, which contains the video segment that
the client missed.

Recently, we introduced a novel scalable streaming technique, called the Co-
operative Video Cache (CVC) [4] that combines chaining and patching under a
P2P model. CVC implements a cooperative stream cache over the distributed
collection of client’s playout buffers1 that store dynamically video streams the
server sends to the clients. The key idea behind CVC is to use such a large
dynamic stream cache as the primary source of video contents so that most
client requests become cache hits with the server attending only the remainder
cache misses. Experimental results of the CVC-based VoD prototype we devel-
oped, namely the Global Video Environment (GloVE) [5], demonstrated that
CVC can reduce drastically VoD server’s occupancy thus enabling scalable VoD
systems to be built.

In contrast with existing works that evaluated performance of scalable
streaming techniques through simulations, in this work we assess the efficiency
of representative streaming techniques in practical situations. More specifically,
since the GloVE prototype allows the evaluation of streaming techniques either
separately or in any combination of them, we examined their relative perfor-
mance contribution to the scalability of VoD systems that GloVE encompasses.
In addition, we addressed the impact of the distribution of popularity of videos
on the effective use of VoD system’s resources.

The remainder of this paper is organized as follows. In Section 2 we describe
the main characteristics of the GloVE platform and operation modes. In Section
3 we analyze GloVE’s performance results for several scenarios of streaming
techniques and workloads. In Section 4 we compare our work to related ones.
Finally, we conclude in Section 5.

1 Reserved memory space used by the client equipment to hide the network jitter and
inherent variations of VBR videos.
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2 The GloVE System

The GloVE (Global Video Environment) is a scalable VoD system that imple-
ments the cooperative video cache while supporting a P2P system with a cen-
tralized metadata component, namely the CVC Manager (CVCM). The CVCM
monitors globally the video contents stored in the playout buffers of the clients.
The CVC Client (CVCC) software allows the content of any client buffer to be
shared with other connected clients, reducing the demand on the CVC Server
(CVCS). GloVE assumes that the communication network has IP multicast sup-
port and that the VoD server manages the video as a sequence of blocks that
can be randomly accessed. Further details of GloVE can be found in [6].

The design of CVCM allows to select different operation modes according to
several combinations of stream reuse techniques (e.g., Batching, Chaining, and
Patching) [5]. In this article, however, we restrict our analysis to the following
modes: Batching, in which late requests for a video will form a group that will be
serviced from a previous client that is in the prefetching phase; Chaining, CVCM
implements a slightly different form of chaining in that every stream has only
one receiver; Patching+Batching, which implements a combination of patching
and batching; CVC+Batching, which adds batching to the CVC technique.

3 Experimental Analysis

3.1 Evaluation Methodology

The experiments we describe below were performed on a 6-node cluster of Intel
Pentium IV 2.4 GHz, 1 GB RAM, running Linux kernel 2.4.18 using a 3Com Fast
Ethernet switch with IP Multicast support. One node executed both CVCS and
CVCM whereas each of the other nodes executed multiple instances of clients.
We used a MPEG-1 video (352x240, 29.97 frames/s) of Star Wars IV movie,
with average video playback rate near to 1.45 Mbps. To allow multiple clients
per node, we developed an emulator of MPEG-1 decoder, which uses a trace file
containing the playback duration of each segment of the video. Our workload
ranges from medium to high client arrival rates according to a Poisson process
with values of 6, 10, 20, 30, 60, 90, and 120 clients/min. We assumed that the
CVCS can deliver at most 56 MPEG-1 streams simultaneously, and supports two
types of client access: smooth access when clients request video blocks accord-
ing to the video’s playback rate, and burst access when clients request blocks
as fast as possible and the playout buffers are filled at the transmitting rate
determined by the availability of CVCS’ bandwidth. We used 64 KB blocks as
the system access unit and the prefetch limit2 of 32 blocks, which can hold a
video segments up to 11s. We evaluate performance of GloVE under practical
network conditions, using playout buffer sizes of 64, 128, and 256 blocks, which
can store video sequences that last near to 22, 44, and 88s, respectively. Given

2 Minimal amount of video blocks that must be stored in the playout buffer in order
to initialize video’s playback.
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Fig. 1. Channels usage for each GloVE mode and access type. (a) Smooth. (b) Burst.

to the restricted space, we only show the results for 128 blocks, which hold video
segments up to 44s. More detailed results are reported in [6]. In the experiments
with multiple videos, we emulated a collection of eight videos, where the video
popularity follows a general Zipf distribution with [1]. In addition, we
also investigated the sensitivity of the VoD system to which represents
the uniform distribution, and which represents Zipf without skew.

3.2 Experimental Results

We present the results of our experiments in three parts: single video, multiple
videos, and a sensitivity analysis of server’s performance to videos’ popularity.

Figure 1 shows the occupancy of server’s channels, or simply server occu-
pancy, using block request rate with smooth and burst accesses for a single video
and different GloVE modes. Server occupancy indicates the relative degree of
scalability of a particular technique. Specifically, the lower server occupancy a
technique produces for a given amount of active clients the higher is its scalabil-
ity. CVC+Batching with smooth access occupies only one channel for almost all
arrival rates we measured. This mode allows stream reuse for incoming requests
up to 30s apart3. So, only for very low arrival rates with intervals between re-
quests greater than 30s that misses to the playout buffers become significant.
Intuitively, stream reuse is higher for smooth accesses because they generate
long prefetches whereas burst accesses often issue short prefetches. Notice that,
this difference in access behavior is not shown in the figure due to the buffer
size we used. The Chaining mode is influenced negatively by prefetching for
arrival rates higher than 10 clients/min. In this case, the higher is the arrival
rate, the higher is the probability of a client to arrive while all previous ones
either issued prefetching or are transmitting video streams, so that they can
not be providers of video segments and a new server channel will be required.
Also, as the prefetching phase is shorter with burst accesses, server’s occupancy
presented slightly smaller values in this mode. The Patching+Batching mode is
influenced strongly by the client access type. The fact is that this mode initially

3 Due mostly to playout buffer of 44s minus the prefetch limit of 11s.
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Fig. 2. Active streams for each GloVE mode and access type. (a) Smooth. (b) Burst.

can only use batching because patching requires multicast streams to be avail-
able. When using burst accesses the server occupancy tends to be very high for
arrival rates less than 60 clients/min. In contrast, with smooth access the chances
for Batching increase significantly, so that the minimum server occupancy is
reached at 30 clients/min. The client access type also determines the efficiency
of the Batching mode. Specifically, when using the server with smooth access the
channel’s occupation is very similar to that achieved by Patching+Batching. The
main difference between the two modes is due to the higher average prefetch-
ing that Batching generates for burst accesses and arrival rates between 20 and
90 clients/min. When Patching is used, the average prefetching is substantially
reduced, decreasing the opportunity of stream reuse for the next arriving clients.

Figure 2 shows the amount of active streams for each server mode when using
a single video system. The values in the figure indicate the aggregated bandwidth
that each mode requires. As shown in the figure, the minimum amount of active
streams is two, one stream from each of the server and the first client. For
the CVC+Batching mode the number of active streams is practically the same
whether using smooth or burst accesses to the server. Another factor that affects
the number of active streams is the type of stream reuse that is used most
frequently. Whenever possible Patching is preferable since it generates fewer
streams. Otherwise, the server will attempt to employ Chaining which generates
a new stream if the server succeeds. The latter occurs often when the time
interval between requests is not greater than than the capacity of the playout
buffer in seconds. Intuitively, with Chaining the number of active streams is equal
to the amount of clients, since the streams that Chaining generates have only
one receiver and is independent of the client access type. Patching+Batching is
highly influenced by client access type. For smooth access, the large amount of
multicast streams that Batching generates increases the use of Patching as well.
Burst accesses, particularly for arrival rates less than 60 clients/min, produce
shorter prefetches, decrease the use of Batching, which in turn reduce Patching,
and increase the amount of streams with a single receiver. In the Batching mode,
the number of active streams depends on the client access type only for arrival
rates less than 30 clients/min. In this case, when clients use burst accesses, the
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Fig. 3. Channels usage for each GloVE mode. (a) Smooth access. (b) Burst access.

majority of streams comes from the server itself, because there is no opportunity
for Batching. For smooth accesses, Batching dominates stream generation.

Figure 3 presents server occupancy according to the different GloVE modes
when the VoD server offers eight videos. The videos’ popularity follows a Zipf
distribution with In the best case, at least one channel will be used for
each different video the clients request. In the worst case, one channel will be
used for each client request, which is ultimately the behavior of a conventional
VoD system. The curves related to CVC+Batching indicate that the minimum
amount of busy channels occurred at 60 clients/min. This is not surprisingly
since for a single video the referred minimum was near to 10 clients/min. The
negative impact of the client access type on server occupancy was restricted
to small arrival rates. Similarly to the single video case, Chaining still suffers
from the negative impact of prefetching, especially for arrival rates higher than
30 clients/min. At this rate, we noticed the minimum server occupancy of 22
channels. Chaining achieved better performance when clients used burst accesses
to the server. For Patching+Batching, most of the observations we made for
single videos hold also for multiple videos. The main difference is that there
exist considerably fewer opportunities to apply either Batching or Patching. For
arrival rates ranging from 90 to 120 clients/min, the minimum server occupancy
is reached with smooth accesses. Note that with burst accesses, 30 channels is the
minimum value of server occupancy, which was achieved with the highest arrival
rate. The behavior of Batching is very similar to that of Patching+Batching we
analyzed above.

In Fig. 4 we show the amount of active streams for a server with multiple
videos. The minimum number of active streams tends to be 16 provided that all
the videos are requested twice at least. In CVC+Batching, the curves remained
similar for both burst and smooth access types. As explained for a single video,
the emphasis on using preferably Patching to the least amount of active
streams. Naturally, Chaining tends to be used more for requests within shorter
interarrival rates. In Chaining the number of active streams is equal to the num-
ber of active clients, as in the case of single video. Comparing Patching+Batching
with Batching, it becomes clear that both behave similarly. The main difference
is that Patching+Batching generates fewer streams due to Patching. Also, while
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Fig. 4. Active streams for each GloVE mode. (a) Smooth access. (b) Burst access.

Fig. 5. Channels usage for different Zipf skews. (a) Smooth access. (b) Burst access.

the former achieved the minimum of 17 streams, the latter created 27 streams
at least. Due to space limitation we do not present results for start-up latency.
However, as reported in [6], the average start-up latency we measured was low
ranging from 10 to 13s and 1.2 to 9.8s for smooth and burst access, respectively.

Figure 5 illustrates the impact of the distribution of video’s popularity on
the occupancy of server’s channels. The variations of the popularity distribution
of videos did not impact significantly the amount of channels the VoD system
required to service the client requests. Indeed, none of the operation modes
presented variations higher than 20% on the occupancy of server’s channels.

4 Related Work

The original works that introduced the above techniques are Batching [1], Chain-
ing [2], Patching [3], and CVC [4]. GloVE uses Chaining and Patching as orig-
inally proposed, and exploits Batching but in a different way from the original
work. Specifically, in GloVE clients instead of the server can apply the Batching
technique. The work in [7] presents a comparison of stream merging algorithms,
but does not report results of any practical implementation. An additional anal-
ysis of related works focusing on P2P systems can be found in [6].
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5 Conclusions

In this work we compared the performance of stream reuse techniques imple-
mented in a practical P2P VoD system, namely the Global Video Environment
(GloVE). In particular, we described different operation modes of GloVE ac-
cording to the combination of several stream reuse techniques it uses, namely
Batching, Patching, Chaining, and CVC. Also, we measured the influence of
client access type (either smooth or burst) on server’s performance. Finally, we
analyzed the impact of video popularity distribution on system behavior.

Overall, the CVC+Batching mode outperformed the other modes for VoD
servers with either single or multiple videos. Also, the client access type does not
significantly affect CVC+Batching performance, suggesting that CVC+Batching
will work efficiently for different VoD server designs. Furthermore, the results
revealed that some skews on videos’ popularity distribution will not impact sub-
stantially the resulting VoD system’s performance. Thus, we speculate that a
VoD system coupled with CVC+Batching will attain scalable performance for
large audiences.

Currently, we are working on mechanisms that will support scalable VoD
systems for mobile environments with heterogeneous devices. Also, we plan to
extend GloVE to dynamically self-adapt to variations on network and peer con-
ditions.
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Abstract. Distributed Video-on-Demand (DVoD) systems are proposed
as a solution to the limited streaming capacity and null scalability of
centralized systems. In such full decentralized architectures with stor-
age constraints, server content management is crucial to achieving an
efficient resource utilization. We have proposed and evaluated, through
an analytical model, a combined scheme with caching and mirroring to
manage distributed servers storage. The results show that our approach
achieves the best mean service distance, independently of underlying ar-
chitecture. In order to support this scheme, we have modified the storage
manager of our VoD prototype so as to guarantee that the new workload
of this scheme does not affect disk throughput.

1 Introduction

Providing service for a large number of clients geographically dispersed on a
metropolitan or country-wide, Distributed Video Demand Systems (DVoD) are
desirable. With a naive design, employing only one large centralized server
to support these distributed clients, results in inefficient resource allocations,
rendering this design virtually impractical. To address this problem, some re-
searchers have focused on various techniques to reduce either individual or over-
all bandwidth requirements by multicasting.

As an orthogonal solution, other researches have proposed service distribution
to manage the dispersion of clients employing a number of servers with a limited
storage capacity, each of which attends to clients located in a given locality. These
are interconnected via a high-speed network infrastructure in order to be able
to share / exchange video streams [1][4]. Such systems have shown themselves
capable of providing an optimal solution, i.e. minimum communication-storage
cost for distributed continuous media streaming applications.

In such distributed architectures, servers’ storage management is crucial
in guaranteeing the accessibility of all catalog contents, load balancing among

* This work was supported by the MCyT-Spain under contract TIC 2001-2592 and
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servers, fault tolerance and system efficiency (number of concurrent clients sup-
ported). In the literature [3], there are basically two main approaches to solving
content management in a distributed environment: caching and mirroring.

With a caching scheme, server storage is used to keep the most popular
contents. This scheme introduces a high volume of replication, resulting in some
catalog contents not being available, and requiring one or several servers with a
full copy of system videos for attending to cache-misses; these nodes can turn
into a bottleneck for the system growth.

Mirroring consists of the replication of system catalog contents in different lo-
cations (servers). However, in a distributed architecture with storage constraints,
it is not possible for a server to keep a full system contents mirror. Therefore,
we propose the utilization of a distributed mirroring scheme, where each lo-
cal server maintains only a portion of the full-content catalog. In this way, the
mirror would be distributed among several partial mirrors handled by a set of
adjacent servers. Depending on the number of servers, the system could have
several distributed mirrors, thus replicating video information. In contrast to
caching, mirroring replication is performed without taking video popularity into
account.

The main drawback of mirroring is that it reduces server-storage efficiency,
causing an increase in the volume of remote requests, which have to be man-
aged by remote servers. Therefore, we propose a new scheme which combines
both techniques: caching and mirroring. Caching can be used for increasing the
number of locally served requests, while distributed mirroring can be used to
distribute remote-request service, to avoid bottlenecks and to limit the required
resources, increase fault-tolerance, system scalability and allow load balancing
policies.

The remainder of this paper is organized as follows: in section 2, we evaluate
the goodness of this approach via an analytical model. In section 3, we analyze
the storage system design implications due to caching incorporation. Viability
evaluation is shown in section 4 and, in the final section, we indicate the main
conclusions to be drawn from our results.

2 Caching and Distributed Mirroring-Based

Storage Management

To estimate system efficiency using a combined scheme, we have defined the an-
alytical model shown in Table 1. As far as performance is considered, we use the
system mean service distance (Dms) defined as the average number of networks
over which the streams have to cross from servers to clients. For this analysis, we
assume a distributed architecture (as shown in Figure 1) compounded by several
independent networks, called local networks. A proxy-server is connected to each
local network attending a subset of system clients.

In this model, we assume that all multimedia contents have the same size
and that every server can hold assigned to caching scheme and
assigned to mirroring) of N videos, where N is the number of contents in the
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Fig. 1. Distributed VoD architecture.

system catalog. With respect to the DVoD architecture, we define C as the mean
topology connectivity and as the maximum service distance; this is defined
as the longest path between the farthest nodes in the topology (see Figure 1).

The mean service distance is calculated as the sum of system-request per-
centages attended at different distances d, and is given by (1), where can
be evaluated as the total number of requests minus the percentage of
requests attended at a distance less than given by (2).

depends on the request percentage captured by cached videos and
distributed mirror videos. However, the cached videos only influence

local requests, due to the fact that all cache contents would be the same in all
local servers. Therefore, the model assumes that remote requests can only be
served from mirrored videos.

To evaluate the percentage of requests served from cache (3), we have to
estimate cache-hit probability calculating the total access frequency of
the most popular contents We assume that content popularity is modeled by
the Zipf distribution shown in (3), where Z indicates degree of popularity [2].
On the other hand, the probability of a request being served by the distributed
mirror at distance basically depends on mirror size. This size is evaluated in
(4) taking individual server-mirror capacity into account, as well as the number
of partial-mirrors at distance and the mean probability of accessing a mirror
video, (evaluated as
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Fig. 2. Mean service distance according to the storage distribution.

In order to examine the influence of combined scheme (caching and mirror-
ing), we use the Dms (1) for different storage distributions between both schemes
and for different topology connectivities. Figure 2 shows the results with the as-
sumption that the DVoD architecture has a maximum service distance of 10
(MD), a catalog with 100 videos (N), and a server storage capacity of
20 videos. The x-axis represents the percentage of server-storage dedicated to
caching, while the rest is assigned for mirroring.

As can be observed, the best mean service distance is never achieved by using
only one scheme. When all server storage is dedicated to mirroring (left side) the
Dms is too high, while, when only caching is used (right-hand side) the results
are even worse. The best Dms are always obtained as result of a combination of
both schemes. This behavior is independent of architecture connectivity. With
these results, we can confirm that combining both schemes (caching and mirror-
ing) improves the effectiveness of DVoD architecture.

3 Storage System Design Implication due to Cache

In this session, we will analyze the design issues in the storage system in order
to incorporate cache and mirror in video servers. In these DVoD systems, the
cache must capture a high degree of local client demands in order to reduce
the interaction between distributed mirrors. This interaction is produced when
a video is not in the local server and must be attended by an adjacent server
at distance-1 or distance-2 (as indicated in Figure 1). The service of a client
request by adjacent servers consumes the local network resource as well as inter-
connection links, producing performance deterioration. In this scene, the cache
content must constantly (partially or totally) be replaced, following locality cri-
teria, in order to capture clients’ dynamic behavior. This replacement inevitably
introduces writing operations in the storage system.

The incorporation of writing operations has design implications throughout
the storage system. The main points that must be taken into account are: 1)
buffer cache: writing operations could affect the cache performance of reading
operations, 2) Admission control: the disk resource required for writing is usu-
ally higher and 3) allocation policy: this must guarantee disk performance after
successive videos replacements.
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The buffer cache consists of using the main memory to hold video blocks,
which are supposed to be used again in a short period of time, in order to
avoid disk access. We have added frequency information in the traditional LRU
replacement policy. The new replace policy selects from the least recently used
blocks, which have the lowest access frequency for replacement. The writing
blocks are also controlled by frequency information, and the replacement policy
assigns an initial frequency value for the writing blocks, in accordance with the
video position which the block belongs to. In this way, writing blocks from the
initial part of the video have more probability of being cached than the those
from the tail part of the video.

The Admission Control has to manage all available resources. This module
has to provide a mechanism for disk-block allocation and oversees disk-space
assignment between the cache and mirror. Rather than an elaborated disk-
allocating policy, our allocation policy is based on large disk blocks. Writing
operations are also overseen by Admission control, in which resource require-
ments are differentiated according to disk-operation type.

4 Writing Operation Cost Evaluation

In order to evaluate the impact of cache and mirror on the storage system, we
are interested in those parameters that could be affected by writing operations.
l)We will evaluate how the writing operations could affect the hit ratio of the
buffer cache; 2) how they could affect the disk-transfer bit ratio and 3) how
the successive writing operations can affect global storage system throughput.
We carried out the experiment on our VoD protype system equipped with an
Adaptec ATA RAID with four hard disks. Zipf and Poission distributions were
used to generate the workload.

Figure 3 shows the cache-hit ratio in two caching replacement policies when
10% of disk operations are writing. Dedicating a cache with a size of 3% of
the total data, LRU achieves a hit ratio of 15%, while our policy is able to
achieve 27.5%. In general terms, our policy is able to achieve an improvement
of between 5 and 11%. The writing block frequency assignment policy is seen to
have a special impact on hit ratio when buffer-cache size is small (3%). This is
due to the fact that LRU suffer from writing operations.

Fig. 3. Cache hit ratio with LRU and LRU+Frecuency.
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Fig. 4. (a) Allocation Policy Impact vs Block Size. (b) Disk Throughput with writing.

Figure 4 (a) shows disk throughput and seek-distance deviation in different
allocation policies, depending on disk-block size. Regardless of disk block size, it
shows a seek distance deviation of 12.5%. On the other hand, the impact of the
allocation policy on disk throughput is reduced as the disk-block size increases.
An optimal policy could only improve up to 0.91% when disk blocks are 64KB.
This is because seek time is neglected when the disk scheduler reads 64KB for
each disk request. These experimental results justify our allocation policy design.
Furthermore, with a large disk block size such as 64KB, the cache replacement
present in our storage system would affect storage performance by less than
1.00%.

In order to evaluate the impact of the writing operation on the storage sys-
tem, we have generated different writing percentages. Figure 4 (b) shows disk
throughput with a range of 2% to 10% of writing operations. A degradation of
only 3.47% is observed when 10% of disk operations are cache replacements.
This degradation is taken in account in the admission control policy in order to
evaluate resource availability.

5 Conclusions

In this paper, we have presented a new combined storage management scheme
that uses both caching and distributed mirroring. To evaluate the goodness of
this approach, we have developed an analytical model based on mean service dis-
tance as a measurement of global system-performance. In accordance with this
analysis, we have shown that a combined scheme achieves the best result, inde-
pendently of the underlying distributed architecture. This model also provides a
method by which to obtain optimal storage distribution between the cache and
mirror.

The viability of this combined scheme has been validated in a prototype.
Experimental results have shown that up to 10% of writing operations can be
tolerated without affecting disk throughput. Furthermore, for writing opera-
tions, the modified replacement policy in the buffer cache can achieve up to 11%
improvement with respect to a traditional design.
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Abstract. This paper proposes an efficient fair queuing algorithm for
a disk resource shared by multiple I/O applications each of which de-
mands guaranteed bandwidth. The proposed algorithm determines a set
of eligible I/O requests that can be processed before any backlogged I/O
request reaches its virtual finish time. Next, it selects the most eligible
I/O request that minimizes disk head movement overhead.

1 Introduction

Disk QoS requirement is commonly represented with the amount of disk band-
width because partitioning disk bandwidth is known as a solution to meet differ-
ent QoS requirements altogether. Since processing I/O requests in disk resources
typically involves high overhead of mechanical disk head movements, existing
packet-based fair queuing algorithms for network QoS cannot be directly ap-
plied for disk QoS. A few research efforts have been made to devise an I/O
traffic control scheme for disk resources. Bruno et. al. in [1] proposed a YFQ al-
gorithm that is a derivative of a packet-based fair queuing algorithm. However,
YFQ attempts to reduce disk head movement overhead only when more than
one I/O requests have the same virtual finish time. Lee et. al. in [2] introduced
a rate-based QoS control based on a leaky bucket [3]. Lumb et. al. proposed
the Facade architecture [4] that assigns a deadline time to each incoming I/O
request only if the current IOPS is not greater than its target IOPS and sched-
ules the pending I/O requests according to the earliest deadline first scheme.
Note that only YFQ is based on fair queuing among the previous schemes. This
paper proposes an efficient fair queuing algorithm for the disk resource that fully
takes into account the overhead caused by disk head movements when enforcing
a given disk QoS requirement.
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2

Each I/O application has its own I/O request queue denoted with Each
queue maintains its own virtual start time and virtual finish time
We denote with a resource weight allotted to The notation of denotes
the pending I/O request in The notation of represents the request
size of Given an arrival of an I/O request if is not empty, is simply
backlogged at the end of Otherwise, and are updated as follows:

and We introduce the concept of
Virtual Finish Time (VFT) miss, which occurs when any exists such that

for each backlogged where N is the number of I/O
applications. Algorithm 1 describes how to schedule an I/O request from a set
of queues for disk I/O service. First, it determines a set of eligible I/O requests,
denoted that entails no VFT miss from the requests at the head of
I/O queues. Note that scheduling any I/O request in does not diminish
a guaranteed QoS level. Second, it selects an I/O request denoted as that
incurs the minimum disk head movement overhead. The disk head movement
overhead for an I/O request represents the overhead time to move from the
current head position to the position to serve the I/O request. The proposed
algorithm simply defines the overhead time as the absolute distance between the
start block addresses of the given I/O request and its previous I/O request. More
accurate computation of the overhead time needs to estimate a seek time and a
rotational delay between two I/O requests. Third, it removes from If
is backlogged, its subsequent I/O request becomes a new Fourth, it assigns
the global virtual time of as the virtual start time of the scheduled I/O
request as with SFQ algorithm. Finally, it updates the virtual start time
with the previous virtual finish time and then increases the virtual finish time

in proportion to the request size if is backlogged.

3 Performance Analysis

Worst-Case Fairness Analysis: The worst-case fairness can be represented by
where represents an amount of service received by

for a time interval We consider a condition where the worst-case fair-
ness occurs with two competing I/O applications, and Two I/O requests
of size are backlogged in An I/O request of size is queued at

The Proposed Algorithm
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the head of where and represent the maximum request size of
and respectively. We assume that for and for at

that point. The proposed algorithm schedules the first I/O request of size
from Next, we have and
Assume that represents the time when the processing of the first I/O request
from is completed. At time the proposed algorithm begins to schedule the
I/O requests in because the scheduling of the I/O request in will cause
the VFT miss in Obviously, the I/O requests in are scheduled unless

When the proposed algorithm schedules the I/O request of
whose we obtain At this point, both I/O requests at

the head of and belong to Assuming that the disk head move-
ment overhead of the I/O request of size in is smaller than the I/O
request in the proposed algorithm schedules the I/O request at the head of

Mark with the time when the processing of this I/O request is completed.
Given this worst-case scenario, the maximum amount of scheduled I/O from
without serving I/O from corresponds to the I/O amount processed in the
time period between and Thus, the worst fairness between the two classes
is written as

Simulation Results: We implement the proposed algorithm as a driver-specific
disk scheduling algorithm within the DiskSim [5]. We use a IBM DNES 309170W
SCSI disk. We employ four different sets of I/O applications:
and Each of and is featured by two competing I/O workloads
of and that have the same distribution of I/O request sizes (U(4,32) for

U(4, 4) for where means a uniform distribution between
and and the same resource weights for and

Each of and is characterized by two competing I/O workloads
that have different distribution of I/O request sizes (U(4,32) and U(4,64) for

and of U(4, 4) and U(8,8) for and of and different
resource weights for and The inter-arrival
rate of each I/O application is configured fast enough to ensure that its queue
is always backlogged. We devise three metrics to quantitatively evaluate fairness
and I/O throughput: and Denote with a monitoring interval for
the performance measurement second in our simulations). The and

represent the average value and the maximum value of over all the

monitoring intervals, where Finally,

represents the average value of the aggregate I/O throughput (MB/s) for
each over all the monitoring intervals. Table 1 shows that the average and
worst-case fairness and I/O throughput of the proposed algorithm and YFQ for
the four I/O application sets.

The of the proposed algorithm is about 1.6–2.0 times worse than that
of YFQ. The of the proposed algorithm is about 1.4–3.2 times worse than
that of YFQ. The of the proposed algorithm are bounded by the associated
worst-case fairness values obtained from its theoretical analysis, except for
We think that the exceptional case is mainly due to the fact that measuring
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the serviced I/O amount is simply on the basis of the completed I/O requests.
Finally, the of the proposed algorithm is observed to be about 1.02–1.58 times
higher than that of YFQ. A higher performance gain was obtained with
and having sequential I/O access patterns, because a sequential I/O access
pattern contains larger opportunities to optimize disk head movements than a
random I/O access pattern.

4 Conclusion and Future Work

We proposed an efficient fair queuing algorithm for disk resources and conducted
its performance analysis. The key of the proposed algorithm is to select a set
of eligible I/O requests not causing a VFT miss and then schedule the most
eligible I/O request that minimizes disk head movement overhead. Simulation
results showed that the proposed algorithm outperformed YFQ by 1.02–1.59
times in terms of I/O throughput with tightly bounded fairness. In future work,
we plan to implement the proposed algorithm in the Linux kernel and evaluate
its performance and overhead under real-world I/O workload traffic featured by
self-similarity. In addition, we need to examine the problem of bounding the
maximum delay for a given I/O rate by adding an I/O traffic shaping model.
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As theory of modelling and algorithms form the basis for parallel computing,
the theory workshop is still a key part of Europar despite of the diversity of
the topics of the conference. This year, the submissions mainly concentrate on
algorithms to improve computation and communication issues.

In more detail, Hansen, Kubale, Kuszner, and Nadolski present a distributed
probabilistic algorithm for coloring the nodes of a graph. They show that their
algorithm is optimal on several graph classes and give bounds on its running
time for arbitrary graphs.

Spielman, Teng, and Üngor propose off-centers as an alternative type of
Steiner points for refining Delaunay triangulations. They give a parallel algo-
rithm for Delaunay refinement with off-centers with improved parallel running
time compared to previous approaches.

In the paper entitled “Near-Optimal Hot-Potatoe Routing on Trees”, Busch,
Magdon-Ismail, Mavronicolas, and Wattenhofer present packet routing algo-
rithms in tree-shaped networks without buffers; these algorithms are optimal
within logarithmic or polylogarithmic factors.

Cáceres, Dehne, Mongelli, Song, and Szwarcfiter present a new algorithm in
the BSP/CGM model for computing a spanning tree and the connected compo-
nents of a graph. This algorithm is significantly simpler than previous ones.

Summarizing, we found the collection of papers satisfying and diverse enough
to enlight several theoretical aspects of parallel computation. Finally, we wish
to thank all the authors and the referees for their efforts.
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Abstract. In the paper we present a distributed probabilistic algorithm
for coloring the vertices of a graph. Since this algorithm resembles a
largest-first strategy, we call it the distributed LF (DLF) algorithm. The
coloring obtained by DLF is optimal or near optimal for numerous classes
of graphs e.g. complete caterpillars, crowns, bipartite wheels.
We also show that DLF runs in rounds for an arbitrary
graph, where is the number of vertices and denotes the largest
vertex degree.

1 Introduction

We discuss the vertex coloring problem in a distributed network. Such a network
consists of processors and bidirectional communication links between pairs of
them. It can be modeled by a graph G = (V, E). The set of vertices V corresponds
to processors and the set E of edges models links in the network. To color the
vertices of G means to give each vertex a color in such a way that no two adjacent
vertices get the same color. If at most colors are used, the result is called a

We assume that there is no shared memory. Each processor knows its own
links and its unique identifier. We want these units to compute a coloring of the
associated graph without any other information about the structure of G. We
assume that the system is synchronized in rounds. The number of rounds will
be our measure of the time complexity. Such a model of coloring can be used in a
distributed multihop wireless network to eliminate packet collisions by assigning
orthogonal codes to radio stations [1].

In evaluating the performance of a random distributed coloring algorithm
on a graph G there are at least two random variables of interest: the
number of colors used by the algorithm to color graph G and the number
of rounds used to color G.

A good distributed algorithm is one where is close to the chro-
matic number of G, and where is small relative to the number of vertices

Supported in part by KBN grants: 4T11C04725 and 4T11C00324.
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in G. The difference can be viewed as a measure of the effectiveness
of the algorithm.

We note that it is not always easy to achieve both speed and effectiveness.
In [3] a distributed algorithm for of graphs was given, where
is the largest vertex degree in a graph. Also, analysis of its time complexity was
presented. It was proved to run in time. We shall refer to this as the
trivial algorithm (same as in [2]). The trivial algorithm is extremely simple and
fast, however not optimal. In fact, the number of colors used by the algorithm
is close to even if the graph is bipartite. This is not surprising as the trivial
algorithm has no mechanism of economizing on colors. Further improvements to
the trivial algorithm were proposed in [2]. In that paper a new algorithm which
is able to compute a coloring using colors was given, but it works
on triangle-free graphs only and fails on some instances of the problem.

One way to improve the performance of a distributed algorithm is to in-
troduce a strategy into the algorithm which is known to be effective in non-
distributive coloring algorithms. For example, it is well known that it is much
better to color the vertices in a largest degree first order as in some sequential
heuristics like largest-first (LF), smallest-last (SL) and saturation largest-first
(SLF) (see e.g. [5]). That is why this strategy is incorporated into the distributed
largest-first (DLF) algorithm which was introduced in [6] and which is analyzed
thoroughly in this paper.

The paper is organized as follows. In the next section the DLF algorithm is
carefully defined. In Section 3 we investigate the time complexity of the DLF
algorithm in a special case of regular graphs with fixed degree and in the general
case, where no assumptions are made about the structure of G. In the final
section we consider the effectiveness of DLF and we show that for some classes
of graphs we have This holds even when In
particular, on these classes the DLF algorithm is better than the trivial algorithm
in the worst case.

2 DLF Algorithm

In the DLF algorithm each vertex has three parameters:

its degree in graph:
random value, which is generated locally and independently:
palette of forbidden colors, which have already been used by its neighbors:

(initially empty).

Within each round the vertices are trying to obtain their colors. If the same
color is chosen by neighboring vertices then parameters: and
determine the precedence. Specifically, for neighboring vertices we
say that the priority of is higher than that of if:

or
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Within each round every uncolored vertex executes the following five steps:

1.
2.

3.

4.

5.

Choose parameter uniformly distributed on [0..1].
Send to all neighbors the following parameters: and the
first legal color (not on vertex list of forbidden colors).
Compare its own parameters with those received from its neighbors and
check which vertex has the highest priority.
If vertex proposed color does not clash with proposals from its neighbors
or if has the highest priority amongst its neighbors, keep the proposed
color, send message to neighbors and stop.
If not, update list

3 Time Complexity

In this section we investigate the complexity of the DLF algorithm. Let be
a randomized algorithm working on a graph with vertices. We say that the
complexity of is if there exist a constant and such
that is and the probability that the processing time of
exceeds rounds is at most i.e.

It is easy to see that if the complexity of is then the mean of
is as well.

Proposition 1. [6] For any graph G with vertices the algorithm
DLF runs in rounds.

Proof. Let G be an graph and let be an uncolored vertex at the be-
ginning of some round Let denote the probability that gets a color dur-
ing this round and let denote the number of uncolored neighbors of vertex

at the start of round Suppose that then the conditional
probability that gets a color during the round, is
given by It follows that

Using this bound and applying established techniques for analyzing proba-
bilistic recurrence relations (see [4], Theorem 1.1), we obtain

3.1 Time Complexity in a General Case

Now we establish a general upper bound on the complexity of the DLF algorithm.
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Theorem 1. For any graph G the DLF algorithm runs in
rounds.

Proof. Let us consider a graph G with vertices. The sketch of our reasoning is
as follows: we divide the coloring process of G into several phases and estimate
the number of rounds in each phase of the process. The first phase starts at
the beginning of coloring process and terminates in the first round in which all
vertices of degree are colored. The second phase starts in the next round and
is terminated in the round in which all vertices of degree are colored, and
so on.

For let denote the set of vertices in G of degree and let
For each define the random variable to be equal to

the first round in which all the vertices in G of degree at least are colored, i.e.
is the completion time of the phase of the coloring process.

For notational convenience we put
Now, let be a positive integer such that We estimate the

probability for some positive integers i.e. the
conditional probability that the phase finishes after the
round given that the previous phase has been completed by the round.
Consider any uncolored vertex of degree in some round Since

has no uncolored neighbors of degree greater than Moreover, it
has at most uncolored neighbors of degree demanding the same color as
so the probability that will be colored in round is at least (see the
proof of Fact 1). Therefore, since the number of uncolored vertices of degree
is at most after the start of the round, we can apply Theorem 1.1
from [4] again to obtain the following bound

where and integer
Now, let be a sequence of integers. We use the

Bayes identity to obtain

for Iterating (3) and noting that we have

Now fix  and for set
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From (2) and (4) it follows that

The last estimate follows from the Bernoulli inequality. The obvious bound
implies that Therefore, (5) leads us to the

following bound for all real

After putting into (6) we obtain

Then for where we obtain the
following inequality

From (8) it follows that the algorithm runs in time.

Notice that the estimates we have used are far from tight, and the bound
for the complexity is not effective if However, graphs which occur in
applications of the model of distributed graph coloring are typically sparse. For
example, if we consider graphs for which then the complexity of
DLF is Further, if we cannot bound but we have some information
about the structure of graph, so that a better bound on can be derived, then
using inequality (5) we can obtain a tighter bound for the complexity of the
algorithm.

In the next section we show that the DLF algorithm works particularly well
on certain graph classes and for some of these classes it can even be shown that
the number of rounds is bounded by a fixed constant independent of the number
of vertices in the graph.

4 Effectiveness

In this section we consider the accuracy of the DLF algorithm and compare its
effectiveness to the effectiveness of the trivial algorithm.

Much work has been done on characterizing the performance of the sequential
LF coloring algorithm (complexity, accuracy, hard to color graphs, etc.). So it
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Fig. 1. Example graphs.

would be useful if known performance results for the LF algorithm could provide
bounds on the effectiveness of the DLF algorithm since the latter incorporates
the largest-first heuristics.

Unfortunately, this is not the case. For example, consider the three-colorable
graphs in Figure 1. It is easy to check that graph (a) is colored optimally by the
LF algorithm, whereas it is colored with 4 colors by the DLF algorithm. On the
other hand, graph (b) is colored optimally by the DLF algorithm and with one
additional color by the LF algorithm.

So what can be said about the effectiveness of the DLF algorithm? Recall
that denotes the number of colors used by the DLF algorithm to color
G. It is clear that for any graph G we have the following trivial bounds

but these bounds are useless in assessing the effectiveness of the DLF algorithm
when On the other hand, in [6] experimental results are obtained
which indicate that the expected number of colors used by DLF is much smaller
than on random graphs. For some classes of graphs it is even possible to show
that the DLF algorithm is always “nearly optimal”. In fact, the examples given
below show that there are infinite classes of graphs such that for all

Proposition 2. The DLF algorithm produces an optimal coloring for complete
graphs.

Proof. When the fact is trivial. Suppose that Fact 2 is true for
We will show it to be true for Let

where are independent sets in G. Let be a vertex colored during the
first round. Observe that the first color can be assigned to vertices from only.
So after the first round only a number of vertices from are colored. In the
second round, vertices from have color number 1 added to their lists
of forbidden colors. So, vertices in which were not colored in the first round
obtain color 1 without conflicts during round 2. Now, we can consider vertices
from separately and forms a complete graph which will be
colored with colors.

Corollary 1. [6] For all where is a complete
bipartite graph.
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Fig. 2. An example of: (a) caterpillar, (b) wheel, and (c) crown, (d)
double-star.

Complete graph is colored with colors by the DLF algorithm.
In addition, when we remove one or two edges from the DLF algorithm still
produces an exact coloring.

Proposition 3. For

Now consider some special classes of sparse graphs: caterpillars, double-stars,
bipartite wheels and crowns.

Proposition 4. Caterpillars are colored with at most three colors by the DLF
algorithm.

Proof. A caterpillar is a tree whose leaves are attached to a path (see Fig. 2(a)).
Vertices from the path will be colored with at most three colors and each leaf
gets a color 1 or 2.

Proposition 5. For the bipartite wheel is colored optimally within
two rounds and is colored optimally within three rounds.

Proof. A bipartite wheel is a graph obtained from an even cycle of length
by adding a central vertex connected to every second vertex of the cycle (see
Fig. 2(b)). It is clear that for in the first round the central vertex is colored
with color 1. In the second round all vertices obtain colors without conflict. Those
connected to the central vertex get color 2 and the others receive color 1. The
result for follows by a similar argument.

Proposition 6. Crowns are colored with at most three colors.

Proof. A crown is a graph obtained from a cycle by attaching some pendant edges
(see Fig. 2(c)). This case is similar to Proposition 4. A cycle will be colored with
at most three colors and each leaf will be colored by either color 1 or 2.
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Proposition 7. Double-stars are colored optimally by the DLF algorithm.

Proof. A double-star is a tree with leaves (see Fig. 2(d)). In the first two
rounds the vertices of degree greater than 1 are colored with colors 1 and 2.
Next, all leaves are colored in the following round. Each of them has exactly one
colored neighbor, so it is colored with 1 or 2.

In Table 1 we summarize the results given above and compare these results
to the worst-case performance of the trivial algorithm on the same classes of
graphs. In the first column we list the graph classes and in the second we give
the corresponding chromatic number of any graph in the class. For each class
the third column gives the worst-case value of the number of colors
used by the trivial algorithm, and the fourth column gives the corresponding
worst-case value of Table 1 shows that for these classes of graphs the
DLF algorithm is more effective than the trivial algorithm and, in fact, it always
produces an optimal or nearly optimal coloring.

References

1.

2.

3.

4.
5.

6.

Battiti, R., Bertossi, A. A., and Bonuccelli, M. A.: Assigning codes in wireless
networks. Wireless Networks 5 (1999) 195–209.
Grable, D. A., and Panconesi, A.: Fast distributed algorithms for Brooks-Vizing
colorings. J. Algorithms 37 (2000) 85–120.
Johansson, Ö.: Simple distributed of graphs. Inf. Process. Lett.
70 (1999) 229–232.
Karp, R. M.: Probabilistic recurrence relations. J. ACM 41 (1994) 1136–1150.
Kubale, M.: Introduction to Computational Complexity and Algorithmic Graph
Coloring. GTN, 1998.
Kubale, M. and A better practical algorithm for distributed graph col-
oring. Proc. of IEEE International Conference on Parallel Computing in Electrical
Engineering (2002) 72–75.



Parallel Delaunay Refinement with Off-Centers

Daniel A. Spielman1, Shang-hua Teng2, and Alper Üngör3

1 Dept. of Mathematics, M.I.T., Cambridge, MA 02139, USA
spielman@math.mit.edu

2 Dept. of Computer Science, Boston Univ., Boston, MA 02215, USA
steng@cs.bu.edu

3 Dept. of Computer Science, Duke Univ., Durham, NC 27708, USA
ungor@cs.duke.edu

Abstract. Off-centers were recently introduced as an alternative type
of Steiner points to circum-centers for computing size-optimal quality
guaranteed Delaunay triangulations. In this paper, we study the depth
of the off-center insertion hierarchy. We prove that Delaunay refinement
with off-centers takes only parallel iterations, where L is
the diameter of the domain, and is the smallest edge in the initial
triangulation. This is an improvement over the previously best known
algorithm that runs in iterations.

1 Introduction

Mesh generation problems ask for the discretization of an input domain into
small and simple elements. These discretizations are essential in many applica-
tions including physical simulations, geographic information systems, computer
graphics, and scientific visualization [9]. In addition to having the mesh conform-
ing the input domain, most applications require that the mesh elements are of
good quality and that the size of the mesh is small. A mesh element is considered
good if its smallest angle is bounded from below. A bad element is likely to cause
interpolation errors in the applications. Hence, mesh quality is critical for the
accuracy and the convergence speed of the simulations. Mesh size, naturally, is
also a factor in the running time of the applications algorithms.

Two main approaches for solving the mesh generation problem are the quad-
tree methods [2,10] and the Delaunay refinement methods [5,13]. Both methods
compute quality-guaranteed size-optimal triangular meshes. However, Delaunay
refinement methods are more popular than the quadtree methods mostly due
to their superior performance in practice in generating smaller meshes. Over
the years, many versions of the Delaunay refinement have been suggested in the
literature [5,7,11,13,14,16].

Delaunay triangulation of a given input is likely to have bad elements. De-
launay refinement iteratively adds new points, called Steiner points, into the
domain to improve the quality of the mesh. A sequential Delaunay refinement

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 812–819, 2004.
© Springer-Verlag Berlin Heidelberg 2004

Keywords: Delaunay refinement, parallel algorithms, triangulations.
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Fig. 1. Circumcenter vs. off-center insertion on an airfoil model. The smallest angle in
both meshes is 32°. Delaunay refinement with circumcenters inserts 731 Steiner points
and results in a mesh with 1430 triangles (a). On the other hand, Delaunay refinement
with off-centers inserts 441 points and generates a mesh with 854 triangles (b).

algorithm typically adds one new vertex in each iteration. Each new vertex is
chosen from a set of candidates – the circumcenters of bad triangles (to improve
mesh quality) and the mid-points of input segments (to conform to the domain
boundary). Ruppert [13] was the first to show that proper application of De-
launay refinement produces well-shaped meshes in two dimensions whose size is
within a small constant factor of the best possible. Recently, we introduced a new
type of Steiner points, called off-centers and proposed a new Delaunay refine-
ment algorithm [16]. We proved that this new Delaunay refinement algorithm has
the same theoretical guarantees as the Ruppert’s refinement, and hence, gener-
ates quality-guaranteed size-optimal meshes. Moreover, experimental study indi-
cates that our Delaunay refinement algorithm with off-centers inserts 40% fewer
Steiner points than the circumcenter insertion algorithms and results in meshes
30% smaller in the number of elements. This implies substantial reduction not
only in mesh generation time, but also in the running time of the application
algorithms. Fig. 1 illustrates the performance difference between off-center and
circumcenter insertion in meshing a region around an airplane wing. See [16] for
further analysis.

Parallelization of Delaunay refinement methods is important for large scale
applications. Recently, we gave the first parallel complexity analysis of the De-
launay refinement with circumcenters [15]. A main ingredient of this parallel
algorithm is a notion of independence among candidate Steiner points for in-
sertion at each iteration. The parallel algorithm consists of two main steps at
each iteration. First, we generate an independent set of points for parallel inser-
tion and then update the Delaunay triangulation in parallel. The independent
sets have some nice properties. Insertion can be realized sequentially by Rup-
pert’s Delaunay refinement method. Hence, an algorithm that inserts all the
independent points in parallel will inherit the size and quality guarantees of
Ruppert’s method. The independent sets can be generated efficiently in parallel.
In addition, they are “large enough” so that the number of parallel iterations
needed is shown to be where L is the diameter of the domain and

is the smallest edge in the input triangulation [15]. In this paper, we show
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that by replacing the circumcenters with the off-centers, we improve the bound
on the number of iterations of the parallel Delaunay refinement algorithm to

As a result, the work of our parallel Delaunay refinement algo-
rithm is improved to where is the output size. This is
close to time bound of Miller’s sequential algorithm
[11], where is the input size.

2 Delaunay Refinement with Off-Centers

In two dimensions, the input domain is represented as a planar straight line
graph (PSLG) – a proper planar drawing in which each edge is mapped to a
straight line segment between its two endpoints [13]. Due to space limitation we
present our parallelization results only on periodic point sets, a special type of
PSLG. If P is a finite set of points in the half open unit square and
is the two dimensional integer grid, then is a periodic point set [6].
The periodic set S contains all points where and is an integer
vector. As P is contained in the unit square, the diameter of P is It
is worth to note that some of the pioneering theoretical mesh generation work,
such as sliver removal algorithms, are first studied on periodic point sets [4].

Let P be a point set in A simplex formed by a subset of P points
is a Delaunay simplex if there exists a circumsphere of whose interior does
not contain any points in P. This empty sphere property is often referred to
as the Delaunay property. The Delaunay triangulation of P, denoted Del(P),
is a collection of all Delaunay simplices. If the points are in general position,
that is, if no points in P are co-spherical, then Del(P) is a simplicial
complex. The Delaunay triangulation of a periodic point set is also periodic.
The Delaunay triangulation of a point set can be constructed in time
in two dimensions [6].

Radius-edge ratio of a triangle is the ratio of its circumradius to the length
of its shortest side. A triangle is considered bad if its radius-edge ratio is larger
than a pre-specified constant This quality measure is equivalent to
other well-known quality measures, such as smallest angle and aspect ratio, in
two dimensions [13].

The line that goes through the midpoint of an edge of a triangle and its
circumcenter is called the bisector of the edge. Given a bad triangle pqr, suppose
that its shortest edge is pq. Let denote the circumcenter of pqr. We define the
off-center to be the circumcenter of pqr if the radius-edge-ratio of pqc is smaller
than or equal to Otherwise, the off-center is the point on the bisector, which
makes the radius-edge ratio of the triangle based on and the off-center itself

(Figure 2). The circle that is centered at the off-center and goes through the
endpoints of the shortest edge is called the off-circle. In the first case, off-circle
is same as the circumcircle of the triangle.

The description of the Delaunay refinement algorithm with off-centers is very
simple for the periodic point set input. We maintain the Delaunay triangulation
of the point set. As long as there exists a bad triangle in the triangulation, we
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Fig. 2. The off-center and the circumcenter of triangle pqr is labeled and respec-
tively. The circumcenter of pqc is labeled as The off-circle of pqr is shown dashed.

insert its off-center as a Steiner point and update the Delaunay triangulation.
We refer to [16] for a detailed description of the algorithm for PSLGs and also
for the termination and size-optimality proofs.

3 Parallel Delaunay Refinement with Off-Centers

When parallelizing a Delaunay refinement algorithm, at each parallel iteration
we would like to insert as many Steiner points as possible. However, some off-
centers can be arbitrarily close to each other, hence neither a sequential nor a
parallel refinement algorithm insert them all and can still provide termination
guarantee. Furthermore, we would like to insert a set of points that has a sequen-
tial realization, i.e. there exist a provably good sequential algorithm that inserts
the same set of points. We select the set of insertion points in a parallel iteration
based on the following definition of independence among candidate off-centers.

Definition 1. Two off-centers  and (and also the corresponding off-circles
and are said to conflict if both and contain each other’s off-center.

Otherwise, and (respectively and are said to be independent.

Our parallelization of the off-center insertion is based on the same edge classi-
fication that we used in parallelizing the Ruppert’s refinement [15]. Let be the
shortest edge length in the initial Delaunay triangulation. The class contains
the edges whose length are in the half open interval Therefore,

there are at most edge classes. A triangle is said to be associated
with edge class if its shortest edge is in The ith iteration of the outer loop
in the following algorithm removes all the bad triangles associated with
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Lemma 1. Suppose all the triangles associated with edge classes are
good. Then, off-circle of every bad triangle associated with class is empty of
other points.

Proof. Suppose the off-circle is not empty. Then, there exists a vertex inside
off-circle but outside the circumcircle (Delaunay property). Consider a morph
of the circumcircle into off-circle, where the morphing circle passes through the
endpoints of the shortest edge pq and hence its center moves from the circum-
center to the off-center along the bisector. Let be the vertex that the morphing
circle hits first. The triangle pqw is bad because its circumradius is larger than
the radius of the off-circle. Moreover, its shortest edge is less than This
implies that pqw is associated with an edge class where This contradicts
the assumption.

Lemma 2. Suppose and are two conflicting off-circles of two triangles
associated with class at a parallel iteration, and let and be their radii.
Then,

Proof. Off-circle  contains and (by Lemma 1) no vertices of the triangula-
tion. As some vertex on lies outside the diameter of is greater than the
radius of Thus,  A symmetric argument implies

We next show that the mesh generated by Algorithm 1 is realizable by the
sequential algorithm introduced in [16] and described in Section 2.

Theorem 1. Suppose M is a mesh produced by an execution of the PARALLEL

DELAUNAY REFINEMENT WITH OFF-CENTERS. Then, M can be obtained by
some execution of the sequential DELAUNAY REFINEMENT WITH OFF-CENTERS.

Proof. Let be the sets of vertices inserted by the PARALLEL DE-
LAUNAY REFINEMENT WITH OFF-CENTER at iterations       respectively.
We describe a sequential execution that inserts all the points in before any
point of for In other words, first all the points in set are inserted
sequentially, then all the points in set and so on. To determine the order
within each maximal independent set, we use a dependency graph. For any two
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off-centers has to wait for the insertion of if is inside the cor-
responding off-circle of In the dependency graph we put an edge from to

Because each edge is directed from a smaller circle to a larger circle, this de-
pendency graph is acyclic. Topological sorting of the vertices of the dependency
graph gives us a valid sequential insertion within each Notice that in a se-
quential realization an off-center remains a candidate until it is inserted.
This is because the shortest edge of the corresponding triangle remains to be
the shortest edge of a bad triangle (not necessarily the same one).

Furthermore, in any sequential execution, a point cannot eliminate
a point for any Otherwise, would not be inserted in the jth
iteration of the parallel execution. Finally, the parallel and sequential executions
terminate after inserting exactly the same set of points. An extra element in the
insertion set of one would indicate that the execution of the other one is not
terminated, as this implies existence of a bad element. Since the same points are
inserted effectively in the same order, the output mesh is the same.

We recall that is the threshold of the ratio of the radius to shortest edge-
length defining a bad triangle. Thus, for inserting the off-center of a
bad triangle whose shortest edge length is introduces new Delaunay edges of
length at least

Lemma 3. Suppose the shortest edge associated with any bad triangle is in
Let be the shortest edge of a bad triangle that exists before the first iteration
of the inner loop. Then, after O(1) iterations, either  does not exist anymore
or all the triangles associated with are good.

Proof. Suppose exists and still is the shortest edge of a bad triangle pqr after
iteration 51 of the inner loop. This implies that the off-center of pqr is not
inserted because it was in conflict with another vertex at each of the iterations
1 through 51 of the inner loop during the ith iteration of the outer loop. So,
for each iteration an off-center in conflict with is inserted.
Moreover, by Lemma 2 the radius of the corresponding off-circle is at least
half the size of i.e. where is the radius of the off-circle associated
with Let be the set of off-centers that were inserted in
iterations Let be the corresponding set of off-circles. The radius
of each one of these circles in is at least By Lemma 1, each circle
is empty of all the centers in inserted prior to So the centers in are
pairwise at least apart from each other. This in turn implies that the circles
of radius on the centers in do not overlap. These circles can spread into
an area of size at most because each of the corresponding off-centers
is in conflict with an off-center on either side of the edge One can fit at most

circles of radius in that region. Therefore, the number of centers in is at
most 50, which is a contradiction.
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Our algorithm, one at a time, handles the bad triangles associated with each
edge class. In the next Lemma we justify the double loop structure of our parallel
refinement algorithm. We prove that during and after the ith iteration of the
outer loop no bad triangle associated with an edge in is introduced.

Lemma 4. Suppose the shortest edge associated with any triangle is in Dur-
ing and after iteration of the outer loop of Algorithm 1, the following are true:

I
II

III

if an edge disappears it never appears again;
no new edges are introduced to edge class
the radius-edge ratio of a triangle associated with does not increase.

Proof. (I) If there is no empty circle containing before a Steiner point insertion,
clearly there is no such circle after the insertion. (II) During and after the ith
iteration of the outer loop the smallest edge that can be introduced has length
at least (III) Consider an edge and a triangle pqr associated
with pq. We claim that the quality of a triangle pqu replacing pqr is better
than that of pqr. The new vertex must be inside the circumcircle of pqr.
Otherwise, pqr is intact. On the other hand, can not be too close to edge pq, i.e.,

Otherwise, a shorter edge than pq would be introduced
contradicting (II). The radius of the circumcircle of pqu is smaller than that of
pqr when is inside the circumcircle of pqr but outside the diametral circle of
pq. This in turn, implies that the radius-edge ratio of a triangle associated to an
edge in can only be improved through refinement.

Theorem 2. PARALLEL DELAUNAY REFINEMENT WITH OFF-CENTERS algo-
rithm takes iterations to generate a size-optimal well-shaped uni-
form mesh, where L is the diameter of the input and is the length of the
shortest edge in the initial triangulation.

Proof. By Lemma 3 and 4, the ith outer loop of the algorithm takes O(1) parallel
iterations to fix all the triangles associated with Overall the algorithm takes at
most 51 parallel iterations. The size optimality and quality guarantee
of the parallel algorithm follows from Theorem 1.

4 Discussions

We should note that in our design and analysis of the parallel Delaunay refine-
ment, we focused and gave a bound on the number of parallel iterations. To
complete the parallel time complexity analysis at each iteration we employ the
parallel maximal independent set algorithm presented in [15] and one of the
parallel Delaunay triangulation algorithms given in [1,12]. As a future research
we plan to extend the off-center algorithm to three dimensions and explore its
benefits both in theoretical and practical fronts.
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Abstract. In hot-potato (deflection) routing, nodes in the network have
no buffers for packets in transit, which causes conflicting packets to be de-
flected away from their destinations. We study one-to-many batch rout-
ing problems on arbitrary tree topologies. We present two hot-potato
routing algorithms, one deterministic and one randomized, whose routing
times are asymptotically near-optimal (within poly-logarithmic factors
from optimal). Both algorithms are distributed and greedy; so, routing
decisions are made locally, and packets are advanced towards their des-
tinations whenever possible.

1 Introduction

Packet routing is the general task of delivering a set of packets from their sources
to their destinations. Hot-potato (or deflection) routing is relevant in networks
whose nodes cannot buffer packets in transit – any packet that arrives at a node
must immediately be forwarded to another node at the next time step, as if it
were a “hot potato.” A routing algorithm (or protocol) specifies at every time
step the actions that each node takes while routing the packets. Hot-potato rout-
ing was introduced by Baran [4], and since then, hot-potato routing algorithms
have been extensively studied formally and observed to work well in practice for
various network architectures [1,5,7,8,10,12,16,17].

Here, we consider synchronous tree networks in which a global clock defines a
discrete time. At each time step a node may receive packets, which it forwards
to adjacent nodes according to the routing algorithm. These packets reach the
adjacent nodes at the next time step At each time step, a node is allowed
to send at most one packet per link1. Bufferless routing in tree networks has
generated considerable interest in the literature: most existing work is for the
matching routing model, [2,14,18] or the direct routing model, [3,9]; hot-potato
routing of permutations on trees has been studied in [15].

We consider one-to-many batch routing problems on trees with nodes,
where each node is the source of at most one packet; however, each node may be
the destination of multiple packets. The routing time of a routing-algorithm is

1 At any time step, at most two packets can traverse an edge in the tree, one packet
along each direction of the edge.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 820–827, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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the time for the last packet to reach its destination. Denote by rt* the minimum
possible routing time for a given routing problem. For a given routing problem,
and a set of paths to be followed from the sources to destinations, the dilation
D is the maximum length of a path, and the congestion C is the maximum
number of paths that use any link (in either direction). Since at most one packet
can traverse an edge in a given direction at each time step, the routing time
for the specified paths is On a tree, any set of paths must contain
the shortest paths, from the sources to the destinations. Let C* and D* be
the congestion and dilation for the shortest paths respectively. We immediately
get that For store-and-forward routing, in which nodes
have buffers for storing packets in transit, there are routing algorithms whose
performance on trees is close to rt* [11, 13]. However, such algorithms are not
applicable when buffers are not available.

We consider greedy hot potato routing. A routing algorithm is greedy if a
packet always follows a link toward its destination whenever this is possible. In
hot-potato routing, a problem occurs if two or more packets appear at the same
node at the same time, and all these packets wish to follow the same link at
the next time step. This constitutes a conflict between the packets because only
one of them can follow that particular link. Since nodes have no buffers, the
other packets will have to follow different links that lead them further from their
destination. We say that these packets are deflected. In a greedy algorithm, a
packet can be deflected only when another packet makes progress along the
link that wished to follow.

Our Contributions. We present two hot-potato routing algorithms on trees with
near optimal routing time. Our algorithms are local, and thus distributed: at
every time step, each node makes routing decisions locally based only on the
packets it receives at that particular time step. In our algorithms, every source
node determines the time at which its packet will be injected. From then on, the
packet is routed greedily to its destination. We assume that each source node
knows the tree topology, as well as C* and D* for the batch routing problem; we
emphasize, however, that it need not know the specific sources and destinations
of the other packets. The assumption that C* and D* are known is common to
many distributed routing algorithms [7, 13]. Our two algorithms are sumarized
below:

i.

ii.

Algorithm Deterministic has routing time
where is the maximum node degree in the tree. All routing choices

are deterministic.
Agorithm Randomized has routing time less than

with probability at least Randomization is used when
packets select priorities. These priorities are then used to resolve conflicts.

For bounded-degree trees, algorithm Deterministic is within a logarithmic factor
of optimal. Algorithm Randomized is only an additional logarithmic factor away
from optimal for arbitrary tree topologies.
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The general idea of our algorithms is to divide packets into levels based on
the position of their source in the tree. Packets at different levels are routed
in different phases. We show that there are at most such phases. In
algorithm Deterministic, each phase has a duration while in
algorithm Randomized, each phase has duration Combining
these bounds with the bound on the number of phases leads to our routing
time bounds. The heart of both of our algorithms lies in the use of canonical
deflections, in which packets are only deflected onto edges used by other packets
that moved forward in the previous time step.

Paper Outline. We first introduce trees in Section 2, and packet behavior in hot-
potato routing in Section 3. We then present our deterministic and randomized
routing algorithms in respective Sections 4 and 5.

2 Trees

A tree T = (V, E) is a connected acyclic graph with and
The degree of node is the number of nodes adjacent to Let then, T
induces a subgraph on which consists of a number (possibly zero) of
connected components. Each such connected component is a subtree of in 2.
If is adjacent to K nodes in T, then there are disjoint subtrees of

one for each node that is adjacent to The distance from to is
the number of edges in the (unique) shortest path from to

The main idea behind our algorithms is to look at the tree from the point of
view of a short node. A node in the tree is short if every subtree of contains at
most nodes. At least one short node is guaranteed to exist, and by starting
at an arbitrary node and moving along a path of largest subtrees (if the size of
the subtree is greater than a short node can be found in in time. A
tree T may have many short-nodes, however, a deterministic algorithm always
starting at a particular node will always return a particular short-node. So, from
now on, we will assume that the short-node of a tree is uniquely determined.

We now define (inductively) the level of a node, and the inner-trees of T as
follows. The tree T is the only inner-tree at level The only node at level

is the short node of T. Assume we have defined inner-trees up to level
Every connected component obtained from the inner-trees of level by

removing the short nodes of these inner-trees at level is an inner-tree at level
The level nodes are precisely the short nodes of the inner-trees at

level
It is clear that the above definition inductively defines the inner-trees at all

levels; it correspondingly assigns a level to every node. We can easily construct
an procedure to determine the node levels and inner-trees of T at every
level. Further, the following properties (which we state here without proof) hold:

2 Note that for unrooted trees which we consider here, a subtree of a node originates
from every adjacent node of in contrast, the convention for rooted trees is that a
subtree of is any tree rooted at a child of
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(i) every inner-tree is a tree, (ii) the maximum level of any node and inner-tree
is no more than lg (iii)  an inner-tree at level contains a unique node at
level which is the short node of the inner-tree (we say that is the inducing
node of (iv) any two inner-trees at the same level are disconnected, and (v)
all nodes in a level inner-tree other than the inducing node have a level that
is smaller than

3 Packets

Packet Paths. A path is any sequence of nodes The length of the
path is the number of edges in the path. After a packet has been routed from
its source to its destination, it has followed some path. We define the original
path of a packet as the shortest path from the source node of the packet to
its destination node. This will be the path that would be greedily followed if the
packet experiences no deflections.

Let be the smallest level of any node in the original path of Then, there
is a unique node with level in the path of (since otherwise inner-trees
of the same level would not be disconnected). Let be the inner-tree that
is inducing. The whole original path of must be a subgraph of (from the
definition of inner-trees). We say that the level of packet is and that the
inner-tree of is

After injection, the current path of packet at any time step is the shortest
path from its current node to its destination node. At the moment when the
packet is injected, its current path is its original path. While packet is being
routed to its destination, it may deviate from its original path due to deflections.
However, the packet traverses each edge of its original path at least once before
reaching its destination.

A packet moves forward if it follows the next link of its current path; other-
wise, the packet is deflected. When a packet moves forward, its current path gets
shorter by removing the edge that the packet follows. If a packet is deflected, its
current path grows by the edge on which the packet was deflected, and its new
current path is the shortest path from its current node to its destination node.

Packet Routing and Deflections. In our algorithms, a packet remains in its source
node until a particular time step at which the packet becomes active. When the
packet becomes active, it is injected at the first available time step on which the
first link of its original path is not used by any other packets that reside at its
source node. We call such an injection a canonical injection.

At each time step, each node in the network does the following: (i) the node
receives packets from adjacent nodes, (ii) the node makes routing decisions, and
(iii) according to these decisions, the node sends packets to adjacent nodes. We
say that two or more packets meet if they appear in the same node at the same
time step; they conflict if they also wish to follow the same link forward. In
a conflict, one of the packets will successfully follow the link, while the other
packets must be deflected. Our algorithms are greedy: a packet always attempts
move forward unless it is deflected by another packet with which it conflicts.
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In our algorithms, packets are deflected in a particular fashion so as to ensure
that the congestion of any edge (with respect to the set of current paths) never
increases. Consider a node at time Let denote the set of packets which
moved forward during the previous time step and now appear in Let be the
set of edges that the packets in followed during the previous time step. Let
be a packet in node that is deflected at time Node first attempts to deflect

along an edge in Only if all the edges in are being used by packets
moving forward, or by other deflected packets, then some other edge adjacent
to is used to deflect We call this process of deflecting packets canonical
deflection. The deflection is safe if it was along an edge in One can show
that if injections are canonical, then all deflections are safe. Safe deflections
simply “recycle” edges from one path to another path, and thus cannot increase
an edge’s congestion.

4 A Deterministic Algorithm

Here we present the algorithm Deterministic in pseudo-code format.

Theorem 1. The routing time of algorithm Deterministic is

We proceed by sketching the proof of Theorem 1. Let be the maximum level
in T. Since a level inner-tree has fewer than half the nodes of the level
inner-tree that gave rise to it, it is easy to see that We divide time
into consecutive phases such that each phase consists of time
steps. Denote the level packets by The packets in become
active at the first time step of phase We will show that all packets of level

are absorbed during phase In particular, we will show that the following
invariants hold, where

all packets of are absorbed by the end of phase

Set to true. It suffices to show that the following statement holds, for

if holds, then all packets in are absorbed during phase

Consider a particular level and phase Suppose that holds. In phase
the only packets in the network are those of During phase let be the
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first packet to leave its inner-tree going from node to node Since deflections
are safe, this means that some packet moved from to in the previous time
step. Since the entire original path of was contained in some level inner-tree,
this means that left its inner-tree before did, a contradiction. Thus, we have:

Lemma 1. During phase each packet of remains inside its inner-tree.

Since only packets of the same inner-tree may conflict with each other, we only
need to show that every level packet with a particular inner-tree is absorbed
during phase

We adapt a technique developed by Borodin et al. [6, Section 2], called a
“general charging scheme”, based upon deflection sequences. Their result implies
that for greedy routing on trees, whenever a packet is deflected, some other
packet makes it to its destination. Thus if the number of packets is then a
packet can be deflected at most times, giving:

Corollary 1 ([6]). Each packet is absorbed in at most time steps
after injection, where is the number of packets with inner-tree

All packets with inner-tree use the inducing short node Since the degree
of is at most and the congestion on an edge never increases,
Subsequently, all packets of inner-tree are absorbed in at most

time steps, i.e., by the end of phase Since there are at most
phases, the theorem is proved.

5 A Randomized Algorithm

Algorithm Randomized is similar to algorithm Deterministic, except that packets
now have priorities: low or high. High priority packets have precedence (to move
forward) over low priority packets in a conflict. Conflicts between equal priority
packets are arbitrarily resolved canonically.

Theorem 2. With probability at least the routing time of algorithm
Randomized is at most for some constant

Algorithm: Randomized

Input: A tree T; A set of packets with shortest path congestion C* and dilation
each node knows T, C*, D*;

for every packet at level do

1

2

3

4

5

gets active at time step where
The injection and deflections of are canonical, and initially has low priority;

moves greedily to its destination;
When packet becomes active it has low priority;
Let if is deflected, on the next time step, its priority becomes
high with probability and low with probability independent of its
previous priority; keeps its new priority until the next deflection;

end
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We very briefly sketch the proof of Theorem 2. We define and as in Section
4, and we show that holds with high probability by showing that holds
with high probability. Once again we focus on the level packets of a particular
inner-tree and suppose that all packets of the previous phases are absorbed.
We will show that every packet with inner-tree will be absorbed in phase
with high probability. Let denote the subtrees of inducing node
in We summarize some useful properties of these subtrees (without proof).

Lemma 2. At any time step during phase at most C* packets are in any
subtree

Using Lemma 2, since at most one new packet can enter a subtree in one time
step, we obtain:

Lemma 3. During any time period of length time steps, at most C*
different packets have appeared in any subtree

Corollary 2. If packet is not deflected for a period of time steps, then it
may have conflicted at most once with at most different packets.

The depth of node (or packet currently at node is its distance from

Lemma 4. At any time during phase the depth of a packet is at most D* .

Consider some packet By Lemma 4, the current path length of a packet is
always at most 2D*, so if it is not deflected for 2D* time steps, then it reaches its
destination. Suppose that has high priority. It can only be deflected by another
high priority packet Each such packet has at most one chance to deflect
it, with probability at most since is in high priority. If is not deflected
for 2D* time steps, then at most  2C* +  2D* packets had a chance to deflect it
(Corollary 2). Thus the probability of deflection is at most
giving the main lemma:

Lemma 5. A high priority packet reaches its destination without deflections
with probability at least 1/2.

Thus, each time a packet is deflected, it has probability at least
to reach its destination. If a packet has not reached its destination after steps,
then it has been deflected at least times, over the interval of times

where The probability of not reaching its destination
after so many deflections is at most which after substituting
the expression for yields:

Lemma 6. Packet is absorbed in phase with probability at least

Since there are at most packets in a phase, and at most phases, we
use a union bound to obtain a lower bound on the probability that every phase
is succesful, giving Theorem 2.
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Abstract. Dehne et al. present a BSP/CGM algorithm for computing
a spanning tree and the connected components of a graph, that requires

communication rounds, where is the number of processors. It
requires the solution of the Euler tour problem which in turn is based
on the solution of the list ranking problem. We present a new approach
that does not need to solve the Euler tour or the list ranking problem.
It is based on the integer sorting algorithm which can be implemented
efficiently on the BSP/CGM model [1].

1 Introduction

Computing a spanning tree and the connected components of a graph are basic
problems and arise as subproblems in many applications. Parallel algorithms for
these problems have been proposed by Hirschberg et al. [2]. An efficient CRCW
PRAM algorithm takes time with processors,
where is the inverse of the Ackermann’s function [3]. Dehne et al. [4]
present a coarse-grained parallel algorithm that requires communication
rounds, where is the number of processors. It is based on the Euler tour problem
which in turn is based on the list ranking problem.

We present a new approach that does not need to solve the Euler tour or the
list ranking problem. It still requires communication rounds and has

* Partially supported by FINEP-PRONEX-SAI Proc. No. 76.97.1022.00, CNPq Proc.
No. 30.0317/02-6, 30.5218/03-4, 47.0163/03-8, 55.2028/02-9, FUNDECT-MS Proc.
No. 41/100117/03, and the Natural Sciences and Engineering Research Council of
Canada. We would also like to thank the anonymous referees for their review and
helpful comments.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 828–831, 2004.
© Springer-Verlag Berlin Heidelberg 2004



A Coarse-Grained Parallel Algorithm for Spanning Tree 829

the advantage of avoiding the list ranking computation which has been shown
to require large constants in practical implementations. The proposed algorithm
is based on the integer sorting algorithm which can be implemented efficiently
on the BSP/CGM model.

2 Preliminaries and Main Ideas

We use the Coarse-Grained Multicomputer (CGM) model [5], with processors
each with an local memory, where N is the input size. A CGM algorithm
consists of alternating local computation and global communication rounds. The
communication cost is modeled by the number of communication rounds.

Consider a bipartite graph with vertex sets and and
edge set E where each edge joins one vertex of and one vertex in If is
a vertex of a subgraph of H, then denotes the degree of in Let
the vertices of be and the vertices of be

We define a strut ST in as a spanning forest of H such that each is
incident in ST with exactly one edge of E, and is an edge of ST implies

is not an edge of H, for any To define a strut in the
roles for the sets and in the above definition are exchanged.

A vertex is called zero-difference in ST if
Otherwise, the vertex is referred to as non-zero-difference.

Fig. 1. (a) A bipartite graph (b) a strut (solid lines) (c) the compacted graph.

Fig. 1(a) shows a graph with
and

We first compute a spanning forest for H by determining a strut
ST in H (see Fig. 1(b)). Now compute the zero-difference vertices in Con-
sider vertex 1. All the (three) edges in H incident with this vertex is also in ST.
Thus and vertex 1 is zero-difference. Likewise vertex 4 is
also zero-difference. Notice that vertex 2 is not zero-difference.

In the example we have two zero-difference vertices. If we have only one
zero-difference vertex, then the problem is easily solved by adding to ST one
arbitrary edge of H – ST incident to each non-zero-difference vertex of ST. In
case there are two or more zero-difference vertices we can do the following. For
each zero-difference vertex compact all the vertices incident with

by compressing all the vertices onto the smallest of the Repeat this until
only one zero-difference vertex remains.
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3 The CGM Algorithm for Bipartite Graphs

Let be a bipartite graph with and
Each of the processors has or local memory. Algorithm
1 computes a spanning tree of H, in communication rounds.

Algorithm 1 - CGM Algorithm for Spanning Tree
Input: A bipartite graph where
and An edge of E has a vertex in and a vertex in
The edges are equally distributed among the processors at random.
Output: A spanning tree of G.

Consider the graph of Fig. 1(a). We use array EDGE to store edges of

Make a copy of EDGE in Lines 3 to 6 of Algorithm 1 obtain a
strut ST. Line 3 sorts the edges in lexicographically in the following way.
Given two edges and then when or and
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Array contains the sorted edges:

Lines 4 to 6 find a strut ST in It is represented by solid lines of Fig. 1(b).
Array represents

A strut ST in determines a spanning forest of H. Lines 7 to 9 find the
zero-difference and non-zero-difference vertices of the strut ST. Determine the
degrees of each of the vertices in and store in In our example
(3,2,1,2,2). Determine now which vertices of are zero-difference. For this,
determine the degree of each of the vertices of in and store in
Again for our example, Thus the zero-difference vertices are
vertices {1, 4} and the non-zero-difference vertices are vertices {2, 3, 5}.

Line 13 produces a compacted graph. For each zero-difference vertex
compact all the vertices incident with by merging all the vertices
onto the smallest of the The new compacted graph is shown in
Fig. 1(c). Note that vertices and are compressed onto vertex and therefore
the original edge now becomes

Algorithm 1 computes the spanning tree of in com-
munication rounds. The proof can be found in [6].

4 Generalization and Main Results

To transform any graph into a bipartite graph, subdivide each edge by adding a
new vertex on each edge. Consider the vertices of the original graph as belonging
to and the new added vertices as then we have a resulting bipartite graph.

To determine the connected components of a graph, in each iteration of Algo-
rithm 1, determine each of the sublists of formed by edges
that forms a tree, labeled by At the end of the algorithm, we can rep-
resent each tree with the smallest vertex. Each of the different vertices represent
a connected component of the graph.
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Parallel and distributed computing has expanded its scope and application ar-
eas during the last decade. Besides relying on the traditional parallel computers,
the availability of an ever increasing set of services through Internet together
with continuous improvements in communication bandwidth has led to new pro-
gramming paradigns, deployment of high-speed communication infrastructure,
and installation of very large servers. In turn, these servers are usually based on
clusters of processors interconnected by means of some interconnection network.
Therefore, communication networks, protocols, and application programming in-
terfaces (APIs) are crucial factors for the performance of parallel and distributed
computations.

This topic of Euro-Par 2004 is devoted to all aspects of communication in
on-chip interconnects, parallel computers, networks of workstations, and more
widely distributed systems such as grids. Contributed papers were sought to ex-
amine the design and implementation of interconnection networks and commu-
nication protocols, advances in system area and storage area networks, routing
and communication algorithms, and the communication costs of parallel and
distributed algorithms. On-chip and power-efficient interconnects, I/O architec-
tures and storage area networks, switch architectures as well as multimedia and
QoS-aware communication were topics addressed in this year’s Call for Papers.

The CfP attracted 24 submissions to this topic, of which eight papers (33%)
were selected for publication and presentation at the conference. Seven of them
were accepted as regular papers, and one as distinguised. The selected papers
cover a wide scope, ranging from MPI implementations on supercomputers to
on-chip multiprocessors for routing applications, also covering topics like buffer
management, load balancing, QoS support and forwarding table distribution in
InfiniBand, and novel aspects like reduction of power consumption.

We would like to thank all the authors for their submissions to this Euro-Par
topic. We owe special thanks to the 40 external referees who provided competent
and timely review reports. Their effort has ensured the high quality of this part
of Euro-Par 2004.
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Abstract. The BlueGene/L supercomputer will consist of 65,536 dual-processor
compute nodes interconnected by two high-speed networks: a three-dimensional
torus network and a tree topology network. Each compute node can only ad-
dress its own local memory, making message passing the natural programming
model for BlueGene/L. In this paper we present our implementation of MPI for
BlueGene/L. In particular, we discuss how we leveraged the architectural features
of BlueGene/L to arrive at an efficient implementation of MPI in this machine.
We validate our approach by comparing MPI performance against the hardware
limits and also the relative performance of the different modes of operation of
BlueGene/L. We show that dedicating one of the processors of a node to commu-
nication functions greatly improves the bandwidth achieved by MPI operation,
whereas running two MPI tasks per compute node can have a positive impact on
application performance.

1 Introduction

The BlueGene/L supercomputer is a new massively parallel system being developed
by IBM in partnership with Lawrence Livermore National Laboratory (LLNL). Blue-
Gene/L uses system-on-a-chip integration [5] and a highly scalable architecture [2] to
assemble a machine with 65,536 dual-processor compute nodes. When operating at its
target frequency of 700 MHz, BlueGene/L will deliver 180 or 360 Teraflops of peak
computing power, depending on its mode of operation. BlueGene/L is targeted to be-
come operational in early 2005.

Each BlueGene/L compute node can address only its local memory, making mes-
sage passing the natural programming model for the machine. This paper describes how
we implemented MPI [10] on BlueGene/L.

Our starting point for MPI on BlueGene/L [3] is the MPICH2 library [1], from
Argonne National Laboratory. MPICH2 is architected with a portability layer called the
Abstract Device Interface, version 3 (ADI3), which simplifies the job of porting it to
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different architectures. With this design, we could focus on optimizing the constructs
that were of importance to BlueGene/L.

BlueGene/L is a feature-rich machine and a good implementation of MPI needs to
leverage those features to deliver high-performance communication services to applica-
tions. The BlueGene/L compute nodes are interconnected by two high-speed networks:
a three-dimensional torus network that supports direct point-to-point communication
and a tree network with support for broadcast and reduction operations. Those net-
works are mapped to the address space of user processes and can directly be used by a
message passing library. We will show how we architected our MPI implementation to
take advantage of both memory mapped networks.

Another important architectural feature of BlueGene/L is its dual-processor com-
pute nodes. A compute node can operate in one of two modes. In coprocessor mode,
a single process, spanning the entire memory of the node, can use both processors by
running one thread on each processor. In virtual node mode, two single-threaded pro-
cesses, each using half of the memory of the node, run on one compute node, with each
process bound to one processor. This creates the need for two modes in our MPI library,
with different performance impacts.

We validate our MPI implementation on BlueGene/L by analyzing the performance
of various benchmarks on our 512-node prototype. This prototype was built using first-
generation BlueGene/L chips and operates at 500 MHz. We use microbenchmarks to
assess how well MPI performs compared to the limits of the hardware and how dif-
ferent modes of operation within MPI compare to each other. We use the NAS Par-
allel Benchmarks to demonstrate the benefits of virtual node mode when executing
computation-intensive benchmarks.

The rest of this paper is organized as follows. Section 2 presents an overview of the
hardware and software architectures of BlueGene/L. Section 3 discusses those details
of BlueGene/L hardware and software that were particularly influential to our MPI im-
plementation. Section 4 presents the architecture of our MPI implementation. Section 5
describes and discusses the experimental results on our 512 node prototype that validate
our approach. Finally, Section 6 contains our conclusions.

2 An Overview of the the BlueGene/L Supercomputer

The BlueGene/L hardware [2] and system software [4] have been extensively described
elsewhere. In this section we present a short summary of the BlueGene/L architecture
to serve as background to the following sections.

The 65,536 compute nodes of BlueGene/L are based on a custom system-on-a-
chip design that integrates embedded low power processors, high performance network
interfaces, and embedded memory. The low power characteristics of this architecture
permit a very dense packaging. One air-cooled BlueGene/L rack contains 1024 compute
nodes (2048 processors) with a peak performance of 5.7 Teraflops.

The BlueGene/L chip incorporates two standard 32-bit embedded PowerPC 440
processors with private L1 instruction and data caches, a small 2 kB L2 cache/prefetch
buffer and 4 MB of embedded DRAM, which can be partitioned between shared L3
cache and directly addressable memory. A compute node also incorporates 512MB of
DDR memory.
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The standard PowerPC 440 cores are not designed to support multiprocessor archi-
tectures: the L1 caches are not coherent and the processor does not implement atomic
memory operations. To overcome these limitations BlueGene/L provides a variety of
custom synchronization devices in the chip such as the lockbox (a limited number
of memory locations for fast atomic test-and-sets and barriers) and 16 KB of shared
SRAM.

Each processor is augmented with a dual floating-point unit consisting of two 64-bit
floating-point units operating in parallel. The dual floating-point unit contains two 32
× 64-bit register files, and is capable of dispatching two fused multiply-adds in every
cycle, i.e. 2.8 GFlops/s per node at the 700 MHz target frequency. When both processors
are used, the peak performance is doubled to 5.6 GFlops/s.

In addition to the 65,536 compute nodes, BlueGene/L contains a variable number
of I/O nodes (1 I/O node to 64 compute nodes in the current configuration) that connect
the computational core with the external world. We call the collection formed by one
I/O node and its associated compute nodes a processing set. Compute and I/O nodes
are built using the same BlueGene/L chip, but I/O nodes have the Ethernet network
enabled.

The main network used for point-to-point messages is the torus. Each compute node
is connected to its 6 neighbors through bi-directional links. The 64 racks in the full
BlueGene/L system form a 64 × 32 × 32 three-dimensional torus. The network hardware
guarantees reliable, deadlock free delivery of variable length packets.

The tree is a configurable network for high performance broadcast and reduction
operations, with a latency of 2.5 microseconds for a 65,536-node system. It also pro-
vides point-to-point capabilities. The global interrupt network provides configurable
OR wires to perform full-system hardware barriers in 1.5 microseconds

All the torus, tree and global interrupt links between midplanes (a 512-compute
node unit of allocation) are wired through a custom link chip that performs redirec-
tion of signals. The link chips provide isolation between independent partitions while
maintaining fully connected networks within a partition.

BlueGene/L system software architecture: User application processes run exclu-
sively on compute nodes under the supervision of a custom Compute Node Kernel
(CNK). The CNK is a simple, minimalist runtime system written in approximately 5000
lines of C++ that supports a single application running by a single user in each BG/L
node. It provides exactly two threads running one on each PPC440 processor. The CNK
does not require or provide scheduling and context switching. Physical memory is stati-
cally mapped, protecting a few kernel regions from user applications. Porting scientific
applications to run into this new kernel has been a straightforward process because we
provide a standard Glibc runtime system with most of the Posix system calls.

Many of the CNK system calls are not directly executed in the compute node, but are
function shipped through the tree to the I/O node. For example, when a user application
performs a write system call, the CNK sends tree packets to the I/O node managing
the processing set. The packets are received on the I/O node by a daemon called ciod.
This daemon buffers the incoming packets, performs a Linux write system call against
a mounted filesystem, and returns the status information to the CNK through the tree.
The daemon also handles job start and termination on the compute nodes.
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I/O nodes run the standard PPC Linux operating system and implement I/O and
process control services for the user processes running on the compute nodes. We mount
a small ramdisk with system utilities to provide a root filesystem.

The system is complemented by a control system implemented as a collection of
processes running in an external computer. All the visible state of the BlueGene/L ma-
chine is maintained in a commercial database. We have modified the BlueGene/L mid-
dleware (such as LoadLeveler and mpirun) to operate through the ciod system rather
than launching individual daemons on all the nodes.

3 Hardware and System Software Impact on MPI Implementation

In this section we present a detailed discussion of the BlueGene/L features that have a
significant impact on the MPI implementation.

The torus network. guarantees deadlock-free delivery of packets. Packets are routed
on an individual basis, using one of two routing strategies: a deterministic routing al-
gorithm, in which all packets follow the same path along the dimensions (in this
order); and a minimal adaptive routing algorithm, which permits better link utilization
but allows consecutive packets to arrive at the destination out of order.

Efficiency: The torus packet length is between 32 and 256 bytes in multiples of
32. The first 16 bytes of every packet contain destination, routing and software header
information. Therefore, only 240 bytes of each packet can be used as payload. For every
256 bytes injected into the torus, 14 additional bytes traverse the wire with CRCs etc.
Thus the efficiency of the torus network is

Link bandwidth: Each link delivers two bits of raw data per CPU cycle (0.25
Bytes/cycle), or Bytes/cycle of payload data. This translates into
154 MBytes/s/link at the target 700 MHz frequency.

Per-node bandwidth: Adding up the raw bandwidth of the 6 incoming + 6 outgoing
links on each node, we obtain 12 × 0.25 = 3 bytes/cycle per node. The corresponding
bidirectional payload bandwidth is 2.64 bytes/cycle/node.

Reliability: The network guarantees reliable packet delivery. In any given link, it
resends packets with errors, as detected by the CRC. Irreversible packet losses are con-
sidered catastrophic and stop the machine. The communication library considers the
machine to be completely reliable.

Network ordering semantics: MPI ordering semantics enforce the order in which
incoming messages are matched against the queue of posted messages. Adaptively
routed packets may arrive out of order, forcing the MPI library to reorder them be-
fore delivery. Packet re-ordering is expensive because it involves memory copies and
requires packets to carry additional sequence and offset information. On the other hand,
deterministic routing leads to more network congestion and increased message latency
even on lightly used networks.

The tree network. serves a dual purpose. It is designed to perform MPI collective oper-
ations efficiently, but it is also the main mechanism for communication between I/O and
compute nodes. The tree supports point-to-point messages of fixed length (256 bytes),
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delivering 4 bits of raw data per CPU cycle (350 Mbytes/s). It has reliability guarantees
identical to the torus.

Efficiency: The tree packet length is fixed at 256 bytes, all which can be used for
payload. 10 additional bytes are used with each packet for operation control and link
reliability. Thus, the efficiency of the tree network is

Collective operations: An ALU in the tree network hardware can combine incom-
ing and local packets using bitwise and integer operations, and forward the resulting
packet along the tree. Floating-point reductions can be performed in two phases, one to
calculate the maximum exponent and another to add the normalized mantissas.

Packet routing on the tree network is based on packet classes. Tree network con-
figuration is a global operation that requires the configuration of all nodes in a job
partition. For that reason we only support operations on MPL_COMM_WORLD.

CPU/network interface: The torus, tree and barrier networks are partially mapped
into user-space memory. Torus and tree packets are read and written with special 16-
byte SIMD load and store instructions of the custom FPUs.

Alignment: The SIMD load and store instructions used to read and write network
packets require that memory accesses be aligned to a 16 byte boundary. The MPI library
does not have control over the alignment of user buffers. In addition, the sending and re-
ceiving buffer areas can be aligned at different boundaries, forcing packet re-alignment
through memory-to-memory copies.

Network access overhead: Torus/tree packet reads into aligned memory take about
204 CPU cycles. Packet writes can take between 50 and 100 cycles, depending on the
whether the packet is being sent from cache or main memory.

CPU streaming memory bandwidth, is another constraint of the machine. For MPI
purposes we are interested mostly in the bandwidth for accessing large contiguous
memory buffers. These accesses are typically handled by prefetch buffers in the L2
cache, resulting in a bandwidth of about 4.3 bytes/cycle.

We note that the available bandwidth of main memory and the torus and tree net-
work are in the same order of magnitude. Performing memory copies on this machine to
get data into/from the torus results in reduced performance. It is imperative that network
communication be zero-copy wherever possible.

Inter-core cache coherency: The two processors in a node are not cache coherent.
Software must take great care to insure that coherency is correctly handled in software.
Coherency handled at the granularity of the CPUs’ L1 cache lines: 32 bytes. Therefore,
data structures shared by the CPUs should be aligned at 32-byte boundaries to avoid
coherency problems.

4 Architecture of BlueGene/L MPI

The BlueGene/L MPI is an optimized port of the MPICH2 [1] library, an MPI library de-
signed with scalability and portability in mind. Figure 1 shows two components of the
MPICH2 architecture: message passing and process management. MPI process man-
agement in BlueGene/L is implemented using system software services. We do not
discuss this aspect of MPICH2 further in this paper.
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Fig. 1. BlueGene/L MPI software architecture.

The upper layers of the message passing functionality are implemented by MPICH2
code. MPICH2 provides the implementation of point-to-point messages, intrinsic and
user defined datatypes, communicators, and collective operations, and interfaces with
the lower layers of the implementation through the Abstract Device Interface version
3 (ADI3) layer [8]. The ADI3 layer consists of a set of data structures and functions
that need to be provided by the implementation. In BlueGene/L, the ADI3 layer is
implemented using the BlueGene/L Message Layer, which in turn uses the BlueGene/L
Packet Layer.

The ADI layer is described in terms of MPI requests (messages) and functions to
send, receive, and manipulate these requests. The BlueGene/L implementation of ADI3
is called bgltorus. It implements MPI requests in terms of Message Layer messages,
assigning one message to every MPI request. Message Layer messages operate through
callbacks. Messages corresponding to send requests are posted in a send queue. When
a message transmission is finished, a callback is used to inform the sender. Correspond-
ingly, there are callbacks on the receive side to signal the arrival of new messages.
Those callbacks perform matching of incoming Message Layer messages to the list of
MPI posted and unexpected requests.

The BlueGene/L Message Layer is an active message system [7, 9,12,13] that
implements the transport of arbitrary-sized messages between compute nodes using the
torus network. It can also broadcast data, using special torus packets that are deposited
on every node along the route they take. The Message Layer breaks messages into fixed-
size packets and uses the Packet Layer to send and receive the individual packets. At
the destination, the Message Layer is responsible for reassembling the packets, which
may arrive out of order, back into a message.

The Message Layer addresses nodes using the equivalent of MPI_COMM_WORLD
ranks. Internally, it translates these ranks into physical torus coordinates, that are
used by the Packet Layer. The mapping of ranks to torus coordinates is programmable
by the user, and can be used to optimize application performance by choosing a mapping
that support the logical communication topology of the application.

Message transmission in the Message Layer is implemented using one of multiple
available communication protocols, roughly corresponding to the protocols present in
more conventional MPI implementations, such as the eager and rendezvous protocols.



Implementing MPI on the BlueGene/L Supercomputer 839

The Message Layer is able to handle arbitrary collections of data, including non-
contiguous data descriptors described by MPICH2 data loops. The Message Layer in-
corporates a number of complex data packetizers and unpacketizers that satisfy the
multiple requirements of 16-byte aligned access to the torus, arbitrary data layouts, and
zero-copy operations.

The Packet Layer is a very thin stateless layer of software that simplifies access to
the BlueGene/L network hardware. It provides functions to read and write the torus/tree
hardware, as well as to poll the state of the network. Torus packets typically consist of
240 bytes of pay load and 16 bytes of header information. Tree packets consist of 256
bytes of data and a separate 32-bit header. To help the Message Layer implement zero-
copy messaging protocols, the packet layer provides convenience functions that allow
software to “peek” at the header of an incoming packet without incurring the expense
of unloading the whole packet from the network.

4.1 Operating Modes

Coprocessor mode: To support the concurrent operation of the two non-cache-coherent
processors in a compute node, we have developed a dual core library that allows the
use of the second processor both as a communication coprocessor and as a computation
coprocessor. The library uses a non-L1-cached, and hence coherent, area of the memory
to coordinate the two processors. The main processor supplies a pool of work units to
be executed by the coprocessor. Work units can be permanent, executed whenever the
coprocessor is idle, or transient functions, executed once and then removed from the
pool. An example of a permanent function would be the one that uses the coprocessor
to help with the rendezvous protocol (Section 4.2). To start a transient function, one
invokes the co_start function. The main processor waits for the completion of the
work unit by invoking the co_join function.

Virtual node mode: The CNK in the compute nodes also supports a virtual node
mode of operation for the machine. In that mode, the kernel runs two separate processes
in each compute node. Node resources (primarily the memory and the torus network)
are evenly split between both processes. In virtual node mode, an application can use
both processors in a node simply by doubling its number of MPI tasks, without having
to explicitly handle cache coherence issues. The now distinct MPI tasks running in the
two CPUs of a compute node have to communicate to each other. We have solved this
problem by implementing a virtual torus device, serviced by a virtual packet layer, in
the scratchpad memory.

4.2 MPI Messaging Protocols

The one-packet protocol in the Message Layer handles short messages that fit into a
single packet. That is, messages with length less than 240 bytes. Short message packets
are always sent with deterministic routing, in order to avoid the issue of out-of-order
arrival.

The eager protocol is designed to deliver messages between 200 bytes and 10
kbytes in size at maximum net bandwidth. The receiver of an eager message has to
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accept and process each incoming packet. Since the network is reliable, no provisions
for packet retransmission exist in the Message Layer.

The processing of eager protocol packets is much simpler when the network guar-
antees in-order delivery. When packets arrive out of order, software on the receive side
spends processor cycles finding the destination message buffer and the offset in that
buffer based on information in the packet.

The rendezvous protocol optimizes processor usage and multi-link bandwidth.
Whereas the eager protocol is able to maximize single link bandwidth, the per-packet
processor overhead is too large to support the full bandwidth of the network. Reading
a packet from the network requires 204 CPU cycles. Sending a packet takes between
50 and 100 cycles. When the network is at maximum capacity, data can flow at the rate
of 3 Bytes/cycle on every node. At 270 raw bytes per packet, a processor has 90 cycles
to handle each packet. Clearly, that is not possible with a single processor, and only
marginally possible with two.

The rendezvous protocol minimizes the amount of CPU processing for most pack-
ets, by having packets carry the destination buffer address with them. This technique
requires an initial dialog between the sender and the receiver to establish the destination
address. The initial handshake costs 1500 cycles of processor time each on the sender
and the receiver; but since handling rendezvous packets takes about 150 cycles less than
handling eager packets, the handshake cost is amortized for larger messages, making the
rendezvous protocol viable beyond message lengths of 20 packets, or 5 kbytes.

Self-contained packets are also more suitable to be handled by the co-processor.
All packets carry their destination addresses and processing them is a local operation
suitable for the non-cache-coherent coprocessor. The software coherency protocol nec-
essary for the hand-over of received data from the coprocessor to the main processor
costs about 4000 CPU cycles.

Another advantage of self-contained packets is that they are insensitive to arrival
order. Thus the bulk of rendezvous messages can be transmitted with adaptively routed
packets, allowing for better network utilization.

5 Experimental Results

In this section we present preliminary performance results using the first BlueGene/L
512-node prototype, which became operational in October 2003. We first present mi-
crobenchmark results that analyze different aspects of our current MPI implementation.
We then compare different message passing protocols. Next, we analyze BlueGene/L-
specific implementations of common collectives. Finally, we present results for the NAS
parallel benchmarks in both coprocessor and virtual node modes. None of the results
presented here use link chips – we restrict our studies to three-dimensional meshes
rather than tori.

Roundtrip latency analysis: We measured the latency of very short messages between
two neighbor nodes on BlueGene/L using Dave Turner’s mpipong program [11]. Cur-
rent latency stands at approximately 3000 cycles (6 microseconds at the
500 MHz CPU frequency of the prototype), consisting of multiple components.



Implementing MPI on the BlueGene/L Supercomputer 841

26% of the total latency, or 800 cycles,
is incurred by MPICH2 code. This over-
head can be ameliorated by deploying higher
compiler optimization levels and/or using
better compilers.

The ADI3 glue layer (bgltorus) and
the Message Layer together contribute about
400 cycles (13%) of overhead, mostly test-
ing data types, translating ranks and creating
Message Layer objects to handle the data.

The packet layer costs 1000 cycles
(29%) of the total, mostly because handling
single packets is more expensive per packet
than handling multiple packets belonging to
the same message.

Fig. 2. Roundtrip latency as a function of
Manhattan distance.

Finally, actual hardware latency is currently at 32%. We estimate that this time could
be reduced to 5-6% for very short messages by using shorter network packets (down to
32 bytes instead of 256 bytes long when the message we are transmitting fits into such
a packet), resulting in 20-25% overall savings in latency. We expect latency numbers to
improve as the MPI implementation matures.

Latency as a function of Manhattan distance: Figure 2 shows latency
as a function of the Manhattan distance between the sender and the receiver in the torus.
The figure shows a clear linear dependency, with 120 ns of additional latency added for
every hop. We expect the per-hop latency to diminish as CPU frequency increases.

Single-link bandwidth: Figure 3(a) shows the available bandwidth measured with
MPI on a single bidirectional link of the machine (both sending and receiving). The fig-
ure shows both the raw bandwidth limit of the machine running at 500 MHz (2 × 125 =
250 MBytes/s) and the net bandwidth limit as well
as the measured bandwidth as a function of message size. With the relatively low mes-
sage processing overhead of the MPI eager protocol, high bandwidth is reached even
for relatively short messages:     bandwidth is reached for messages of about 1 KByte.

A comparison of point-to-point messaging protocols: Figure 3 (b), (c) and (d) com-
pare the multi-link performance of the eager and rendezvous protocols, the latter with
and without the help of the coprocessor. We can observe the number of simultaneous
active connections that a node can keep up with. This is determined by the amount of
time spent by the processor handling each individual packet belonging to a message;
when the processor cannot handle the incoming/outgoing traffic the network backs up.

In the case of the eager and rendezvous protocols, without the coprocessor’s help,
the main processor is able to handle about two bidirectional links. When network traf-
fic increases past two links, the processor becomes a bottleneck, as shown by Fig-
ures Figure 3 (b) and Figure 3 (c). Figure 3 (d) shows the effect of the coprocessor
helping out in the rendezvous protocol: MPI is able to handle the traffic of more than
three bidirectional links.
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Fig. 3. Comparing multi-link bandwidth performance of MPI protocols.

Optimized broadcast on the torus network: One of the challenges of implementing
an efficient MPI library on the BlueGene/L machine is to find the efficient algorithms
for the MPI collectives that are well suited to the machine’s network. The MPICH2 im-
plementation of the MPI_Bcast primitive has a limited efficiency on the BlueGene/L
machine because it is designed for a machine with a crossbar type network.

The BlueGene/L MPI implementation includes an optimized broadcast algorithm
based on MPI point-to-point communication that can be used with any communicator
that maps onto a regular mesh in the physical torus.

For an mesh or torus, the algorithm consists of concurrently exe-
cuting stages (illustrated in Figure 4 (a) for the two-dimensional mesh case). The ba-
sic operation of the algorithm is a broadcast of a part of the message along a one-
dimensional line in the topology. On an mesh the algo-
rithm has the property that each process receives of the complete message from each
of the directions. On a torus topology each process receives of the full message
from each of the incoming links. Each block of the message is further subdivided to
pipeline the broadcast process. The optimal subdivision size is a function of total mes-
sage length, communicator topology and Manhattan diameter of the network.

The BlueGene/L algorithm has proved superior to the standard MPICH2 broadcast
algorithms, because those are oblivious to underlying network topology. The current
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Fig. 4. Optimized mesh broadcast algorithm.

implementation (Figure 4) is limited by the CPU processing capability of the node pro-
cessors. For a mesh mapped communicator of size 8x4x4 an overall performance of
140MB/s is seen in single processor mode and 170MB/s in co-processor mode.

Tree bandwidth: As mentioned in Section 3, the tree supports collective operations,
including broadcast and reduction operations. The MPI library currently uses the tree
network to implement broadcast and integer reduce and allreduce operations on the
MPI_COMM_WORLD communicator. Tree-based reduction of floating-point numbers is
under development.

Figure 5 shows the measured bandwidth of tree-based MPI broadcast and allreduce
measured on the 512-node prototype. Broadcast bandwidth is essentially independent
of message size, and hits the theoretical maximum of 0.96 × 250 = 240 Mbytes/s.
Allreduce bandwidth is somewhat lower, encumbered by the software overhead of re-
broadcasting the result.

Fig. 5. Tree-based MPI broadcast and allre-
duce: measured bandwidth.

Fig. 6. Comparison of per-node performance in
coprocessor and virtual node mode.
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Coprocessor mode vs. virtual node mode: Figure 6 shows a comparison of per-task
performance in coprocessor and virtual node modes. We ran a subset of the class B NAS
parallel benchmarks [6] on a 32-compute node subsystem of the 512-node prototype.
We used 25 (for BT and SP) or 32 (for the other benchmarks) MPI tasks in coprocessor
mode, and 64 (for all benchmarks) MPI tasks in virtual node mode.

Ideally, per-task performance in virtual node mode would be equal to that in copro-
cessor mode, resulting in a net doubling of total performance (because of the doubling
of tasks executing). However, because of the sharing of node resources – including
the L3 cache, memory bandwidth, and communication networks – individual processor
efficiency degrades between 2-20%, resulting in less than ideal performance results.
Nevertheless, the improvement warrants the use of virtual node mode for these classes
of computation-intensive codes.

6 Conclusions

With its 65,536 compute nodes, the BlueGene/L supercomputer represents a new level
of scalability in massively parallel computers. Given the large number of nodes, each
with its own private memory, we need an efficient implementation of MPI to support
application programmers effectively. The BlueGene/L architecture provides a variety of
features that can be exploited in an MPI implementation, including the torus and tree
networks and the two processors in a compute node.

This paper reports on the architecture of our MPI implementation and also presents
initial performance results. Starting with MPICH2 as a basis, we provided an imple-
mentation that uses the tree and the torus networks efficiently and that has two modes
of operation for leveraging the two processors in a node. The results also show that dif-
ferent message protocols exhibit different performance behaviors, with each protocol
being better for a different class of messages. Finally, we show that the coprocessor
mode of operation provides the best communication bandwidth, whereas the virtual
node mode can be very effective for computation intensive codes represented by the
NAS Parallel Benchmarks.

BlueGene/L MPI has been deployed on our 512-node prototype, a small system
compared to the complete BlueGene/L supercomputer, but powerful enough to rank at
position 73 in the Top500 supercomputer list of November 2003. The prototype, with
our MPI library, is already being used by various application programmers at IBM and
LLNL. The lessons learned on this prototype will guide us as we move to larger and
larger configurations.
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Abstract.  Simulation platforms for network processing still have diffi-
culties in finding a good compromise between speed and accuracy. This
makes it difficult to identify the causes of performance bottlenecks: Are
they caused by application, hardware architecture, or by a specificity of
the operating system? We propose a simulation methodology for a multi-
processor network processing platform which contains sufficient detail to
permit very precise simulation and performance evaluation while staying
within reasonable limits of both specification and simulation time. As a
case study, we show how a model can be developed for a IPv4 packet
routing application, exhibiting the performance and scalability bottle-
necks and can thus be used to reason about architectural alternatives.

1 Introduction

This paper proposes an efficient methodology for the performance tuning of
networking applications on network processors by means of describing a flexible
platform composed of hardware, software and operating system. Network proces-
sors are programmable routers used in specialized telecommunication equipment
[1]. Among systems on chip they are distinguished by highly parallel hardware:
one network processor can contain dozens or even hundreds of microprocessor
cores, each executing a massively task parallel application.

In order to arrive at a reasonable performance, the application must be fine-
tuned, and hardware and operating system must be adapted: Our approach is
thus typically System-on-Chip. The remainder is structured as follows: First, we
present our design methodology. We then show IPv4 as a case study and argue
that our platform (hardware and operating system) can be seen as a shared-
memory multiprocessor. Our validation methodology, as well as some perfor-
mance results are shown before we conclude by outlining current limitations and
perspectives.

2 Description Methodology

The network processor modeling platform we took as a reference is ST Micro-
electronics’ STepNP [2], which allows to study network processor architectures

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 846–855, 2004.
© Springer-Verlag Berlin Heidelberg 2004



Modular On-Chip Multiprocessor for Routing Applications 847

on transaction level [3]. Transaction level modeling reduces simulation time con-
siderably, at the cost of a loss of precision. Our principal aim is to propose
a methodology that enables to expose the multiple causes for multiprocessor-
related bottlenecks, hence our need for a fine-grained simulation at register and
signal level.

SystemC [4] is a hardware modeling language and simulation kernel that
consists of a C++ class library. It permits the instantiation and assignment of
models of hardware components and their signals in a hierarchic, building-block
manner. Different levels of detail are possible, from coarse grain transaction level
to fine grain register transfer level (RTL) [5].

We opted for a cycle-accurate simulation for which the values present at the
connectors of a hardware component are known at every clock cycle. The SO-
CLIB component library [6] provides cycle-accurate, bit-accurate (CABA) sim-
ulation models, written in SystemC. Though equivalent to synthesizable models
concerning external architecture, these models cannot be directly synthesized
–for reasons of protection of intellectual property– and moreover, require much
less processing power for their simulation.

The building blocks are easily connected by a unique VCI (Virtual Compo-
nent Interconnect) interface [7], which permits to encapsulate arbitrary intercon-
nection networks and to refer to them by a standardized protocol which fixes the
number and type of signals required for a communication between components.

Fig. 1. Router Software Configuration.
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3 Porting an IPv4 Routing Application

A functioning system on chip consists of three parts: The software (the appli-
cation itself), the hardware and the operating system. Together they build the
platform; the challenge is to have them cooperate efficiently. In the next section,
we will explain the choices we made to achieve this aim.

3.1 Software

IPv4 routing [8], well-known in the networking community, serves as our ref-
erence application. Essentially it consists in taking two or more input streams
analyze their headers, and redirect the packets to the appropriate outputs. This
application serves as an example in publications on Click [9,10]. Click is a mod-
ular router configuration language consisting of two description levels: A simple
high-level language to describe the structure of networking applications by com-
posing so-called elements and a library of C++ components containing elemen-
tary functionality (such as IP packet header identification, buffering, discarding).

In section 3.3 we will restrict to discussing the application already modified
to run on our platform: As can be seen in Figure 1, predefined elements are
for example FromDevice and ToDevice, representing entering and exiting packet
streams, respectively. Other important elements are Paint and Strip to mark
packets for loops and delete a packet header. Within compound elements, sev-
eral other elements’ functionalities are summed up hierarchically. The central
functionality of IPv4 lies in such a compound element, LookupIProute, which
determines the route taken by an individual packet according to the informa-
tion in its header. The packets pursue their course along two possible routes: In
the direction of ToDevice if the packet is damaged, in the direction of ToSwitch
otherwise. A third exit, ToMe, sends ARP requests/responses to the router itself.

Let us now explain the modifications we made for SoC implementation. The
first modification concerns I/O. In order to have the application running on
one element of a (multiprocessor) network processing platform (one Network
Processing Unit, NPU), we have to take into account the fact that its interfaces
are asymmetrical (see figure 2). One is the Ethernet link and as such is already
treated correctly by Click; the other however is the junction with an on-chip
switching matrix. This matrix also uses headers for routing, which have to be
constructed and grafted at packet emission and deleted when the packet arrives,
respectively.

A consequence of this modification is the addition of these two modules
SwitchEncap and FromSwitch which do not appear in the initial list of Click
modules. They serve to encapsulate an Ethernet sequence in the header used
for internal routing in our chip, and to retrieve an Ethernet sequence after this
internal routing, respectively. Moreover we wish to limit complexity. The second
modification is due to the structure of the router we use. Our network processor
only has two network interfaces connected to the interconnection matrix; like-
wise IPv4 only has four communication points: Two each for ingress and egress
packets.
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Thus, it is known that the packets arriving from this interface have already
been treated by another block, and are moreover destined for the Ethernet link to
the outer world. We can conclude that the verification and routing have already
been accomplished by another unit. The only work still to be done is to direct
the block to the egress interface. For this reason, Figure 1 shows an additional
straight line between fromSwitch and toEth. The only work remaining is to strip
the header (delete the first 8 bytes) for the interconnection matrix routing which
is expressed in element Strip (8). The modified application is shown in Figure 1.

3.2 Hardware Architecture Model

The application has been made as independent as possible from the context in
which it is used, retaining the essentials of its structure. We look for a modular
system architecture where we can easily add, exchange, and regroup hardware
models. Such a system is shown in Figure 2. The first step in a modular approach
is to define an elementary (SystemC) building block which can be instantiated
to the required quantity. This building block is itself a router, and elementary in
the sense that it has only two interfaces. This choice enables us to treat platforms
with only two interfaces as well as to dimension our platform according to the
number of network interfaces required. We have thus a two-level hierarchy of one
router composed of four NPUs, interconnected by a switch matrix, each with a
certain number of processors inside. From the hardware architecture point of
view, two separate parts are to be realized on-chip (we will concentrate on the
latter):

an interconnection matrix that links network processors; possible simple but
realistic topologies are a full crossbar for a small number of processors, a fat
tree for a larger number [11]
the network processor itself, i e. the unit which does the packet treatment

The hardware architecture we implement was originally inspired by the architec-
ture developed by ST Microelectronics in the context of the STepNP platform. It
regroups multiple processors, two network interfaces around a on-chip intercon-
nection network. The platform contains on the one hand calculation units, rep-
resented by MIPS R3000 processors with their caches, as well as SRAM memory
containing the application code and data; all of these already exist as SOCLIB
CABA models. On the other hand, we designed dedicated I/O co-processors

Fig. 2. Router with four network interfaces.
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Fig. 3. Network processing unit hardware architecture.

to insert Ethernet packets into the system and to extract them, once they are
treated. There are two such co-processors for each network interface, one each for
ingress and egress, named respectively input-engine and ouput-engine. The ar-
chitecture is shown in Figure 3. All these elements communicate via an on-chip
interconnect carrying a VCI interface. Note that the interconnection network
used in the simulations is a virtual model called VGMN (for VCI Generic Micro
Network) whose parameters are the number of ports and latency. We are well
aware that some precision is lost by using this abstract model instead of a real
interconnect model.

A first noteworthy advantage of modularity is the fact that the number of
co-processors is fixed for each NPU, whatever the number of interfaces that have
to be connected to the system. In particular, this avoids to take into account
problems due to saturation of interconnect bandwidth in the presence of mul-
tiple packet injectors. It will consequently be much easier to extrapolate our
performance results to a larger model composed of several instances of the basic
model and functioning independently of each other.

3.3 The Embedded Software

Once the functionality of our application being fixed, the next step is to port
it to the parallel target architecture. Basically, there are two options available:
On the one hand, exploiting coarse grain parallelism, which means looking for
independent treatments and transform them into separate communicating tasks.
On the other hand, duplicating the application in order to obtain identical clones,
each treating an IP packet throughout its passage.

The simple kind of routing application we used as benchmark has relatively
weak intrinsic parallelism, as one packet is treated by a sequence of functionality
corresponding to Click elements. In [12], the authors propose to decompose one
instance IPv4 into threads, with the Fifos as cutting points. As existing routers
treat hundreds or thousands of structurally identical tasks in parallel from end
to end, we consider it more promising to have all tasks execute the same code on
different packets. One RAM contains the global variables, while all other RAMs
are allocated to one processor each. However, the accesses to the shared memory
are critical, as will show the experimental results.
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3.4 Operating System Mutek

Once application and hardware fixed, it remains to determine the operating
system. Our choice was the Mutek[13] micro kernel. This micro kernel is able to
handle multiple tasks running on multiple processors. It provides a C standard
library as well as support for POSIX threads.

An important point is that we wish to assign tasks statically to the processors,
in order to avoid the cost of task migration between processors, and to avoid
migration-related coherence problems. Mutek gives us that possibility.

Once the decisions on kernel and scheduling are made, it remains to determine
the number of tasks assigned to on single processing unit. We made performance
measures concluding that the time required for context switching outweights
time gained by data latency. In the experiments presented here we show one
task statically assigned to one processing unit.

4 Validation and Performance

The hardware and software part of our network processor have to be tested
together. The entire platform simulated under SystemC will serve as proof of
concept. The validation is made using several Ethernet packets benchmarks in-
jected using the input engine and analyzed by the output engine.

The most relevant performance measure is the throughput in bits per cycle
our processor can achieve. Our system is globally synchronous, i e. all of its
components share the same clock domain. Thus, we can choose a clock cycle
as basic time unit. On the other hand, we have left open the choice of the
frequency; clearly, the higher the frequency at which our system works, the
better its performance. Our first measure will serve as baseline throughout our
experiments: The throughput the system guarantees when one single processor
is instantiated, which is the maximal throughput of a single NPU.

When adding processors to our NPU, as can be expected, the performance
is not linearly improved. The more adequate question is, how many processors
can be added in order to still obtain a profit? Running the simulation during
2 000 000 cycles, and counting the number of 32 bit words arriving at each
egress interface allows to neglect the impact of boot time (around 16 000 cycles);
also packet(s) that have been treated but not yet been emitted are ignored. All
IP packets have 56 bytes, which constitutes the worst case in our application
context. This simulation yields in total 689 words of 32 bits each that have been
read at egress, a throughput of 0.011 bit/cycle. This rather bad result is due
to the non-optimized application. The weak throughput actually corresponds to
an average time for treatment of 40 000 cycles for an IP packet. However, keep
in mind that our goal is to exhibit performance bottlenecks on a detailed level,
for a variety of architectures. Details on the execution times of the individual
functions are summed up in table 7 for the case of a packet entering via the
Ethernet link and exiting via the interconnection matrix. This corresponds to
the longest possible path which a packet can take between two interfaces (around
110 000 cycles).
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Fig. 4. Number of processors and resulting throughput in bits/cycle.

This is nevertheless our reference for multiprocessor experiments. The first
consists in simply varying the number of on-chip processing units. Figure 4
illustrates our results, presenting on the x-axis the number of MIPS R3000 pro-
cessors, on the y-axis the throughput achieved, in bit/cycle. The measurements
show that the best throughput is reached for 8 processors, but it is only slightly
higher than that for six processors. All units added after the sixth will not yield
a significant improvement, they rather lead to performance degradation. The
reason for this is that all processors share the same resources, particularly the
memory banks where the IP packets are copied to before or after being treated.
This contention is only due to the fact that there is only one memory bank for all
tasks, not because the data are shared. Thus, we distribute the memory around
the interconnection network by replacing the four big memory segments used
by the ingress/egress co-processors by as many segments as processors. Such a
segment has to fulfill three functions: 1) contain the local data of the thread,
2) allow the ingress processors to write the entering packets there, 3) supply a
space for the processor to copy the outgoing packets.

More precisely, each memory bank will be divided into three non overlapping
regions. The second region is subdivided into two sections, one for each input
engine. As none of the two co-processors knows the behavior of the other, we
avoid to make them share variables or address space to not further complicate
matters.

This system architecture modification permits a significant performance gain,
also for larger numbers of processors. The graph for this second experiment is
shown in Figure 5. Here, the performance peak is reached at 27 processors,
with a throughput of 0.3 bit/cycle. Here again, a raise in performance to a
certain point is followed by an abrupt degradation, caused by contention for
the access to shared resources, more precisely, the access to the two segments
of shared memory which have remained unchanged and are used by all threads:
The code segment and the segment containing the global variables of the system.
The presence of contention means that several initiators wish to establish a
communication with the target at one time: In consequence, at least one initiator
stays blocked waiting for access to the the resource.

The graph in Figure 6 shows the number of cycles due to bottlenecks stem-
ming from accesses to global data in the RAM during an interval of time of
2 000 000 cycles. A closer look reveals that for 28 and more processors, the
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number of conflict cycles exceeds 1.8 million, which means that the system is
paralyzed. Taking a closer look, most of the conflicts happen when processors
try to access the RAM containing the operating system data. At the same time,
they stay in the scheduler function, which wakes up another thread ready to run
when the current thread falls asleep. In our case, there is only one thread per
processor, thus we decided to prevent this function from being executed. To do
this, the thread should never stop, even if it cannot access the ressource. We
changed the lock associated with the shared ressources (input and output en-
gines) from a mutex to a spinlock. From the thread point of view, both have the
same behavior: A function call will return only when the resource is available.
From the OS point of view, a mutex will suspend the calling thread if the re-
source is unavailable, whereas a spin lock will continue to demand the resource.
More information about mutex and spin locks can be found in [14].

New performance results after this software modification are shown in figure
8: The throughput is still growing for more than 27 CPUs, the maximal through-
put of 0.56 bit/cycle is reached with 45 processors. Figure 9 compares the three
different sets of results we obtained with the different implementations. Obvi-
ously, the last change, replacing mutex with spinlocks, does not improve greatly
unless we use more than 28 CPUs. This change does not or only marginally
improve the throughput per processor, but it allows far more processors to share
the same resources without any loss of performances.

5 Conclusion and Perspectives

By specifying and implementing a simulation model for a network processing
platform, we have fulfilled two goals. Firstly, we have determined a detailed and
efficient simulation system. The cycle accurate abstraction level is a good com-
promise between precision and simulation speed. The simulation speed allows us
to consider real applications, while the level of detail allows to observe in detail
the behavior of our system and helps remedy its insufficiencies. The second goal
concerns architecture itself: We have successfully described a network processor

Fig. 5. Throughput in bits/cycle for the
distributed memory implementation as a
function of the number of CPUs.

Fig. 6. Number of conflict cycles for the
data RAM as a function of the number of
CPUs, for a period of 2 000 000 cycles.
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Fig. 7. Execution time in cycles required for each element (single-thread, MTU = 56).

Fig. 8. Spin lock memory implementation:
Throughput in bits/cycle, relative to the
number of processors.

Fig. 9. Three sets of results obtained for
the three different architectures, for the
same simulation time.

core as well as run a multi task application. If performances remain modest, this
is mainly due to the software part which will have to undergo profound opti-
mization. Results are on the other hand only slightly impaired by the multiple
instantiation of our processing unit.

Future work will take several directions: Our next step will be to sum up
classes of networking applications by a few “generic” application templates that
reflect the typical thread structure - examples for such templates are Quality
of Service or Classification applications. Secondly, the use of a more realistic
network-on-chip model would improve the precision of our results concerning
contention. Thirdly, parts of the multi-threaded micro kernel could be imple-
mented in hardware. Finally, our performance studies and the actual implemen-
tation have shown the urgent need for debug tools to determine critical resources
and time each processor takes for each function. This raises the need for debug-
ging tools for SystemC.

Our platform clearly constitutes a starting point for further experimentation;
it is very open in the sense that it allows for a large range of applications from
IPv4 routing to traffic analysis and encryption protocols.
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Abstract. In this paper, we introduce a new interconnection system OMULT
(Optical Multi-Trees) using both electronic and optical links among processors.
The processors are organized in the form of an n x n array of trees, each con-
taining 2n - 1 nodes with n leaf nodes. The total number of nodes is
Nodes in a single tree are connected by usual electronic links, while the leaf
nodes of different trees are suitably interconnected by bi-directional optical
links in both horizontal and vertical directions. The resulting network topology
is almost 3-regular with an O(log n) diameter and the maximum node degree of
only three. We show that the common computations on multiprocessors can be
carried out faster on this architecture compared to OTIS - a recent proposal also
using optical communication.

1 Introduction

In a parallel/distributed computing environment, the optical interconnection system
has become popular over the recent years, particularly because of the improved
speed, power and crosstalk properties of optical links compared to the electronic
links. When a given network topology is embedded on a 2-dimensional plane, very
often some of the nodes, which are quite far apart, need to be connected by a long
link, causing a large signal propagation delay and limiting the overall speed of com-
puting. Use of optical links for connecting distant processor nodes and electronic
links for connecting the near-by ones may offer a solution to such a problem with
almost uniform delay among all links. Recently, Marsden et al. [3], Hendrick et al. [2]
and Zane et al. [11] have proposed an architecture in which the processors are parti-
tioned into groups. Processors within each group are interconnected by electronic
links, while those in different groups are connected using optical interconnections.
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visiting the University of Windsor.
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The Optical Transpose Interconnect System (OTIS) proposed by Marsden et al [3] is
an example of such a hybrid architecture in which the processors are partitioned into
groups of the same size, and processor i of group j is connected to processor j of
group i via an optical link. Krishnamoorthy et al. [4] have shown that when the num-
ber of processors in each group is equal to the total number of groups, then the band-
width and power efficiency are maximized, and system area and volume are mini-
mized. The OTIS mesh optoelectronic computer is a class of OTIS computers where
the processors in each group are interconnected by electronic links following the two-
dimensional mesh paradigm. An N-processor OTIS-Mesh [9], [11] has a diameter of

Mapping algorithms for various fundamental on the OTIS-Mesh has been
studied by several authors, e.g., Wang and Sahni [8], [9], [10], Rajasekaran and Sahni
[6], Osterloh [5].

In this paper, we propose a new optical interconnect system called Optical Multi-
Trees (OMULT) which uses multiple binary trees as the basic building blocks instead
of the 2D meshes. The proposed topology has a total of  nodes, partitioned
into complete binary trees. All links within a tree are electronic, while the inter-
tree links are all optical. The optical links are attached to the leaf nodes following a
somewhat similar approach in providing interblock connections in a Multi-Mesh
topology [1], so that leaf nodes have degree 3 (including electronic and optical
links), and the remaining n leaf nodes have degree 2. A number of fundamental algo-
rithms occurring in real-life applications can be very efficiently solved on the
OMULT topology with lesser order of time complexities than those on the OTIS
mesh. For example, summation/average/maximum/minimum of elements and
prefix computation of elements can be computed on this network in O(log n) time,
two n x n matrices can be multiplied in O(log n) time, and elements can be sorted
in time. These time complexities may be compared to O(n) time for finding
summation/maximum/minimum and prefix computation of elements, time
for multiplying two n4 x n4 matrices, and O(n) time for sorting elements on the
OTIS mesh with n4 processors.

2 OMULT Topology

The Optical Multi-Trees (OMULT) interconnection system consists of complete
binary trees arranged in the form of an n x n array, each tree having
n leaf nodes and n-1 internal nodes. Each node is a processor. The nodes within each
tree are interconnected by usual electronic links, while the leaf nodes of different
trees are interconnected by optical links according to rules given below. To fix our
idea, we label the nodes in each tree by distinct integers from 1 to 2n-

1 in reverse level order, i.e., the leaf nodes in each tree are numbered from 1 to n, in
order from left to right, and the internal nodes are also numbered from left to right in
successive lower levels (the root node being at the lowest level - level 0). Thus, the
root node in each tree is given the node number 2n-1, and the node k in a tree will
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be referred to by the processor node P(i, j, k), The total
number of nodes in the system is The optical links intercon-
nect only the leaf nodes in different trees as follows:

1)

2)

3)

Processor P(i, j, k), is connected to processor P(i, k, j)
by a bi-directional (full-duplex) optical link (horizontal inter-tree link),
Processor P(i, j, k), is connected to processor P(k, j, i)
by a bi-directional optical link (vertical inter-tree link),
For i = k and/or j = k, processor P(i, j, k), is connected to
processor P(i, j, 2n-1) by a bi-directional optical link.

An example for the OMULT topology for n = 4 is shown in Fig. 1. These rules for
interconnecting the leaf nodes in different trees have some similarities with those for
interconnecting boundary/corner nodes in different meshes of the Multi-Mesh topol-
ogy [1]. It follows from the above interconnection scheme that each of the leaf nodes
P(i, j, k), excepting those of the form P(i, i, i), has 2 optical
links and one electronic link connected to it, while each of the leaf nodes P( i, i, i),

has only one optical link and one electronic link connected to it. All non-root
internal nodes in a tree have 3 electronic links each, while each root node of the form
P(i, i, 2n-1), has one optical link and two electronic links All remaining root nodes
has two optical links and two electronic links. The total number of optical links in the
network is equal to

Fig. 1. Optical Multi-Trees (OMULT) Interconnection System (All optical interconnection
links are not shown).
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2.1 Diameter

To find the diameter of the OMULT interconnection system, we note that, starting
from a leaf node P(i, j, k), we can always reach another leaf
node in the same tree, traversing a maximum of 2 log n elec-
tronic links. From this node we can reach the leaf node
using only one optical link. From this node we can reach any other node,
say in the tree using a maximum of 2 log n electronic links. Thus, start-
ing from any node in a tree we can reach any other node in a tree in the same
row of trees using at most one optical link and 4 log n electronic links. This property
also holds if we want to reach any node in another tree in the same column of trees.
Hence, to reach a node from

we traverse the path

The resulting path consists of at most 6 log n electronic links and 2 optical links.
Further, it is always possible to find a pair of nodes which are exactly 6 log n + 2
distance apart (summing both the electronic and optical path lengths). Hence, we
have the following result.

Theorem 1: The diameter of the OMULT topology is 6 log n + 2 = O( log N), with 6
log n electronic links and 2 optical links.

Since the diameter of the OMULT network asymptotically tends to
assume the value 2 log N - the same as that of a binary tree. However, unlike a tree,
the root nodes in the OMULT topology would not cause any bottleneck for data
transmission because of alternative paths through the leaf nodes of each of the con-
stituent trees.

2.2 Node Connectivity

Consider two leaf nodes P(i, j, k) and We can find two node-disjoint paths
Path 1 and Path 2 between P(i, j, k) and for different cases in the following
way, where the node denotes the sibling of the node P(i, j, k) :
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If any one of the nodes P(i, j, k) and say P(i, j, k), is not a leaf node, then
starting from P(i, j, k) we can reach the two leaf nodes which are the leftmost and the
rightmost leaf nodes of the subtree rooted at P(i, j, k). From these two leaf nodes, we
can find two node disjoint paths to the node in the same way as above.
Hence, we get the following result.

Theorem 2: The node connectivity of the OMULT topology is two.

Thus, the OMULT topology can tolerate single node/link failure.

Theorem 3: The diameter of the OMULT topology under single node/link failure is
equal to 8 log n + 6.

Proof: Considering Path 1 and Path 2 above, the path lengths for different possible
cases can be as follows. Path 1): 6 log n + 2, Path 2a): 6 log n + 4, Path 2b): 8 log n
+ 6, Path 2c) : 6 log n + 6, Path 2d): 6 log n + 6. Hence, the maximum path length
under single node/link failure is 8 log n + 6 corresponding to the path 2b) above.

3 Mapping Algorithms for Some Basic Operations

In this section, we briefly mention the mapping of several fundamental operations on
the OMULT topology. We have found that the performance of the proposed OMULT
topology in executing these basic algorithms is better in terms of the order of com-
plexities than that on the OTIS-Mesh. We have considered the following operations
on the OTIS-Mesh: a) Data Broadcast, b) Row/Column Group-Broadcast, c) Com-
plete Group-Broadcast, d) Summation/Average/Maximum/Minimum, e) Prefix Com-
putation, f) Matrix Transpose, g) Matrix Multiplication, h) DFT Computation, i) Sort-
ing j) Computational Geometry algorithms. Due to lack of space we will only present
the algorithms for prefix computation and Row/Column Group-Broadcast as exam-
ples and summarize the performance of the others for comparison with OTIS.

3.1 Row/Column Group-Broadcast

We may use only the leaf nodes in a tree for performing input/output operations.
Assuming that we have n data elements in the n leaf nodes in a tree
for different applications, we may need to broadcast all these n data elements to the
respective leaf nodes in all trees in the same column (row). We can perform this
operation in two phases. In phase 1, the group of data elements is distributed over all
trees in the same row i (column j). In phase 2, we broadcast them to all trees in col-
umn j (row i). The whole process can be performed in O(log n) time as follows.

Without loss of generality, we assume that initially the n data elements
are stored in the leaf nodes of the tree data being stored in the
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processor node P(1, 1, k), and we want to broadcast these to all trees in the first col-
umn. First, using the horizontal optical links, data element is moved to P(1, k, 1)

for all k, Data is then broadcast to all nodes in the tree
which needs 2 log n steps along electronic links. This completes phase 1 of distribut-
ing the n data elements to all trees in the same row (row 1).

In phase 2, for broadcasting the data elements to all trees in the same column (col-
umn 1), the data now stored in the processors P(1, j, k), is sent
to the processors P(k, j, 1) using the vertical optical links. Using the horizontal optical
links once again, data is then moved to the processors P(1, j, k). If the data ele-
ments were initially stored in any other tree the same method can be applied to

broadcast them to all trees in row and column. It follows from above that the
total number of communication steps needed for the whole process is 2 log n (elec-
tronic links) + 3 (optical links).

3.2 Prefix Computation

Suppose we have data elements stored in the leaf nodes of all
the diagonal trees in OMULT. We assume that each processor P(i, j, k) has two regis-
ters A(i, j, k) and B(i, j, k). Let be a binary operation defined over the given data
elements. Prefix computation involves computing for all i,

We assume that the A-registers of the leaf nodes P(i, i, k) of the diagonal tree
initially store the data values We want to store the final prefix

values in the leaf nodes of the trees in the row. The algorithm PC for prefix
computation on the OMULT topology is given below.

Algorithm PC :

Step 1: Using the A-registers, broadcast the initial data values in each tree
to all trees in the same column (using the row/column group-broadcast algorithm

above).

Step 2: Compute the prefix using the A-registers in

the tree and store it in the A-register A(k, j, 2n-1). Broadcast the con-
tent of A(k, j, 2n-1) to the A-registers of all leaf nodes A(k, j, 1), A(k, j, 2), . . ., A(k, j,
n) in

Step 3: For do in parallel
begin

if k < n, then
if j < l then
end;
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Step 4: For all compute the prefix values
store these values in B(n, j, 2n-1) the root node of the tree and then

broadcast the content of B(n, j, 2n-1) to the B-registers of all leaf nodes in

4

Step 5: For all j, k, do in parallel

Step 1 needs 2 log n + 3 time units. Each of steps 2 and 4 needs 2 log n time units.
Each of steps 3 and 5 needs one time unit. Hence, the prefix values of data ele-
ments are computed in 6 log n + 5 time units.

3.3 Performance of Algorithms on the OMULT

A summary of the performances of some algorithms, along with the topological prop-
erties of the OTIS mesh and the OMULT network has been given in table 1 for com-
parison. In the table Electronic links are identified by E and optical links by O.

Conclusions

Algorithm mapping for the common basic operations involved in real-life applica-
tions for numerical and scientific processing, image and signal processing can be
more efficiently done using the OMULT network than on the OTIS-Mesh, with com-
parable investments on establishing optical links among the processor nodes, and
lesser cost for the electronic links. Also, the topology of the proposed OMULT net-
work is very simple, making it particularly attractive for parallel computing.



OMULT: An Optical Interconnection System for Parallel Computing 863

Acknowledgement

Mr Rabiul Islam’s help in evaluating some of the algorithms is acknowledged.

References

1.

2.

3.

4.

5.

6.

7.

8.

9.

10.

11.

D. Das, M. De and B. P. Sinha, “A new network topology with multiple meshes”, IEEE
Transactions on Computers, Vol. 48, No. 5, pp. 536-551, May 1999.
W. Hendrick, O Kibar, P. Marchand, C. Fan, D. V. Blerkom, F. McCormick, I. Cokgor, M.
Hansen and S. Esener, “Modeling and optimization of the optical transpose interconnection
system” Optoelectronic Technology Center, Program Review, Cornell Univ., Sept. 1995.
G. C. Marsden, P. J. Marchand, P. Harvey and S. C. Esener, “Optical transpose intercon-
nection system architectures, Optical Letters, Vol. 18, No. 13, pp. 1083-1085, July 1993.
A. Krishnamoorthy, P. Marchand, F. Kiamilev and S. Esener, “Grain-size consierations for
optoelectronic multistage interconnection networks”, Applied Optics, Vol. 31, No. 26, pp.
5480-5507, September 1992.
A. Osterloh, “Sorting on the OTIS-Mesh”, Proc. International Parallel and Distrib-
uted Processing Symposium (IPDPS 2000), pp. 269-274, 2000.
S. Rajasekaran and S. Sahni, “Randomized routing, selection and sorting on the OTIS-
Mesh optoelectronic computer”, IEEE Transactions on Parallel and Distributed Systems,
Vol. 9, No. 9, pp. 833-840, 1998.
I. D. Scherson and S. Sen, “Parallel sorting in two-dimensional VLSI models of computa-
tion”, IEEE Transactions on Computers, Vol. 38, No. 2, pp. 238-249, February 1989.
C.-F. Wang and S. Sahni, “Basic operations on the OTIS-Mesh optoelectronic computer”,
IEEE Trans. on Parallel and Distributed Systems, Vol. 9, No. 12, pp. 1226-1236,1998.
C.-F. Wang and S. Sahni, “Image processing on the OTIS-Mesh optoelectronic computer”,
IEEE Transactions on Parallel and Distributed Systems, Vol. 11, No. 2, pp. 97-109, 2000.
C.-F. Wang and S. Sahni, “Matrix multiplication on the OTIS-Mesh optoelectronic com-
puter”, IEEE Transactions on Computers, Vol. 50, No. 7, pp. 635-646, 2001.
F. Zane, P. Marchand, R. Paturi and S. Esener, “Scalable network architectures using the
optical transpose interconnection system (OTIS)”, Journal of Parallel and Distributed
Computing, Vol. 60, No. 5, pp. 521-538, 2000.



Distributing InfiniBand Forwarding Tables*

Aurelio Bermúdez, Rafael Casado, and Francisco J. Quiles

Department of Computer Science, University of Castilla-La Mancha
02071 Albacete, Spain

{aurelio.bermudez,rafael.casado,francisco.quiles}@uclm.es

Abstract. InfiniBand is an emerging technology both for communication be-
tween processing nodes and I/O devices, and for interprocessor communication.
After the occurrence of a topology change, InfiniBand management entities col-
lect the current topology, compute new forwarding tables, and upload them to
routing devices. Traditional distribution techniques prevent deadlock but, at the
same time, they affect negatively user traffic. In this paper, we propose two al-
ternative deadlock-free mechanisms to distribute forwarding tables. These pro-
posals adhere InfiniBand specification, can be easily implemented, and reduce
significantly the impact of the distribution process.

1 Introduction

The InfiniBand Architecture (IBA) [7] defines a technology for interconnecting proc-
essor nodes (hosts) and I/O nodes to form a system area network. Hosts and I/O
nodes are interconnected using an arbitrary (possibly irregular) switched point-to-
point network, instead of using a shared bus. End nodes use channel adapters (CAs)
to connect to the fabric. The network is composed of one or more subnets intercon-
nected by routers. Each port within a subnet has a 16-bit local identifier (LID).
Switches perform intra-subnet routing using the packet’s destination LID included in
the header of the packet. A forwarding table (FT) specifies which port forwards the
packet.

IBA subnets are managed in an autonomous way. There is a subnet management
mechanism capable of assimilating any topology change without external interven-
tion, guaranteeing service availability. The specification defines various subnet man-
agement entities, describing their functions and the structure of the control packets
used to exchange information among them. An entity called the subnet manager (SM)
is in charge of discovering, configuring, activating, and maintaining the subnet. This
entity exchanges subnet management packets (SMPs) with subnet management
agents (SMAs) present in every device. Fig. l(a) shows an example of irregular sub-
net including these management entities. In [2], we presented a completely functional
prototype of a subnet management protocol which adheres to IBA specifications. This
initial approach covers the detection of topology changes, device discovery, and
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computation and distribution of subnet routes. The discovery process was optimized
in [3], and the computation of subnet routes was improved in [4].

In this work, we focus on the last step in assimilating a topology change, i.e., the
distribution of switch forwarding tables. The SMPs for updating these tables are
completely defined in the IBA specification. However, the update order is not de-
tailed. Updating FTs in an uncontrolled way could generate deadlock situations [10].
The reason is that although the new and the previous sets of subnet routes are dead-
lock-free, the coexistence of both routing schemes during the distribution process is
not necessarily deadlock-free.

In order to prevent deadlock situations during this process, static reconfiguration
[5, 12] was assumed in our initial implementation. This means that user traffic is
stopped while forwarding tables are being updated. As we showed in [2], this tech-
nique has negative effects over user traffic; in particular, a temporary lack of service
and, consequently, a massive packet discarding during the period of time in which
subnet ports are inactive.

The impact of static reconfiguration could be reduced by using dynamic reconfigu-
ration techniques, such as Partial Progressive Reconfiguration [6], Skyline [8], and
Double Scheme [11]. All these techniques allow the distribution of forwarding tables
without stopping network traffic, guaranteeing deadlock-freedom during the process.
However, the adaptation to IBA of these dynamic reconfiguration mechanisms is not
trivial, due to it implies the modification of the current specification in some way
(addition of new elements, the use of provided elements for different purposes, the
assumption that SMAs perform special functions, etc.).

In this paper we present and analyze several alternatives that do not involve any
change in the IBA specification. In particular, the idea is to relax the traditional static
reconfiguration technique, either by reducing the amount of subnet ports that must be
actually deactivated, or by preventing the use of certain transitions during the distri-
bution of switch forwarding tables.

The remainder of this paper is organized as follows. First of all, Section 2 de-
scribes the way in which static reconfiguration is performed in IBA, and informally
presents two optimized distribution processes. In Section 3 we comparatively analyze
the different distribution techniques through several simulation results. Finally, Sec-
tion 4 gives some conclusions and future work.

2 Improving the Distribution Process

2.1 Static Distribution

The static distribution of forwarding tables is performed in three sequential steps.
First, all subnet ports are deactivated by the SM. In particular, the SM sends a
SubnSet(PortInfo) SMP [7] to change the state of each port to INITIALIZE. In this
state, the port can only receive and transmit SMPs, discarding all other packets re-
ceived or presented to it for transmission. The next step is the sending of the FTs
itself. This phase is performed using either SubnSet(LinearForwardingTable) SMPs
or SubnSet(RandomForwardingTable) SMPs. Finally, after the SM verifies that all
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subnet switches have received their tables, user traffic must be allowed again, by
activating subnet ports. By means of SubnSet(PortInfo) SMPs, the SM sets the state
of each port to ACTIVE. In this state, the port can transmit and receive all packet
types.

SMPs used to perform the two first steps must employ directed (source) routing
[7]. The reason is that new FTs have not been configured yet. Instead, SMPs for the
activation phase can use either directed or LID (destination) routing.

2.2 Deactivation of Break Node Ports

This distribution technique assumes that the management mechanism uses the
up*/down* routing algorithm [12] to compute the set of subnet FTs. Up*/down* is a
popular deadlock-free algorithm valid for any topology. It is based on a cycle-free
assignment of direction to the operational links in the network. For each link, a direc-
tion is named up and the opposite one is named down. In this way, the network is
configured as an acyclic directed graph with a single sink node. As an example, Fig.
1(b) shows a possible assignment of directions for the topology in Fig. 1(a). To avoid
deadlocks, legal routes never use a link in the up direction after having used one in
the down direction.

In a directed graph, a break node [6] is a node that is the source of two or more
arcs. Break nodes prevent certain transitions (input port – output port) from being
used by the packets crossing them. These restrictions are necessary to guarantee dead-
lock-freedom. In Fig. 1(b), transitions and (from port 1 to 2 and vice versa
in node 6) are forbidden. Similarly, transitions and are not allowed. In

other words, the corresponding dependencies between channels are deactivated [6].

Fig. 1. (a) Example of irregular subnet topology composed of 8 switches and 7 end nodes.
Circled numbers represent the LID assigned to each subnet device by the SM (located in node
1) during the discovery process. Small numbers at the ends of the links represent switch and
channel adapter port numbers. (b) A possible directed graph for this topology.
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Deadlocks can appear during the distribution process only if the break node in a
cycle changes its position. Let us suppose that the previous break node in the left
cycle of Fig. 1(b) was the node labeled as 2. That means that the direction assigned to
the link connecting nodes 6 and 2 in the previous configuration was the opposite one
of the currently assigned. Therefore, transitions and were not allowed. If
the distribution process activates the dependencies for node 2 before the deactivation
of the dependencies in node 6, there is a potential deadlock in the cycle. The reason is
that node 2 could route packets from 1 to 6 and, simultaneously, node 6 could route
packets from 2 to 3, closing the cycle. Deadlock could also appear in the opposite
direction.

Obviously, a static distribution process prevents these situations, because of subnet
ports are not activated until new FTs have been completely distributed. An optimized
distribution mechanism could be based on the deactivation of only break node de-
pendencies, instead of deactivating subnet ports, before the sending of tables. That
would imply not to allow input port – output port transitions in break nodes. Unfortu-
nately, we cannot program switch FTs to prevent these transitions. The reason is that
IBA switches do not take into account the input port used by the packet to route it.
This information is not stored in the tables.

As an intermediate step, we could derive a deadlock-free distribution mechanism
that only deactivates the ports of the switches that will act as break nodes in the new
configuration. Moreover, note that it is not necessary to deactivate all ports in those
nodes. Instead, it is enough to select those ports associated with up links, and deacti-
vate all of them, except one. Thus, we ensure that forbidden transitions will not be
used by any packet. For the directed graph in Fig. 1(b), the distribution process only
must deactivate port or Similarly, it is only necessary to deactivate port or

In this way, we are allowing the use of many subnet routes during the distribu-

tion of tables. As in the static distribution process, there is a third step, after the dis-
tribution of tables, in which break node ports are activated.

2.3 Deactivation of Break Node Dependencies

The previous mechanism is easy to implement and, as we will see, it reduces the
negative effects of the “pure” static distribution process. However, there are still a lot
of subnet routes that could be used during the sending of tables, without introducing
potential deadlock situations. For example, let us suppose that, in Fig. 1(a), port
has been selected for deactivation. In this situation, we are not allowing those packets
generated or destined to node 10 that must use the link connecting 10 and 6.

We can improve the distribution mechanism by only preventing a few input port –
output port combinations, allowing the rest of routing options. To do that, we can
conveniently program the set of subnet SL to VL mapping tables. The IBA specifica-
tion itself suggests that these tables can be used to avoid routing deadlocks [7].

IBA uses a virtual lane (VL) based mechanism to create multiple virtual links
within a single physical link. Each port could implement 1, 2, 4, 8, or 15 data VLs.
As a packet traverses the subnet, each link along the path can support a different
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number of VLs. Therefore, it is not possible to transmit a packet only using a VL
specified in its header. Instead, IBA uses a more abstract criterion, based on the con-
cept of service level (SL). Each switch has a SL to VL mapping table to establish, for
each pair input port – output port, a correspondence between the service level of the
packet (a number from 0 to 15) and the VLs supported by the output port assigned to
the packet.

Packets are discarded if the SL to VL mapping table returns the value VL15. This
is the value that we are going to use to prevent forbidden transitions. The resulting
distribution mechanism does not require deactivating any subnet port. Instead, it re-
places the initial deactivation step with the sending of SL to VL mapping tables to
new break nodes. In particular, it is necessary to send a SL to VL mapping table for
each forbidden input port – output port combination in each break node. In this table,
all entries contain the value VL15. Therefore, packets trying these transitions will be
automatically discarded.

For the example in Fig. 1(b), it is necessary to configure four SL to VL mapping
tables, in order to deactivate forbidden dependencies in 6 and 10. The sending of SL
to VL mapping tables is performed by the SM by using directed routed
SubnSet(SLtoVLMappingTable) SMPs.

3 Performance Evaluation

All the results presented in this work have been obtained through simulation. Before
showing and analyzing them, we briefly describe the simulation methodology.

3.1 Simulation Methodology

Our model embodies key physical and link layer features of IBA, allowing the simu-
lation of various IBA-compliant network designs. Also, it incorporates the subnet
management entities and packets defined in the specification. To develop it, we have
used the OPNET Modeler [9] simulation software. The current IBA model is com-
posed of copper links (supporting different data rates), 4-port fully demultiplexed
switches, and end nodes containing a channel adapter (hosts). Several physical and
link layer details are described in [1, 2, 3, 4].

We have evaluated randomly generated irregular subnets with 8, 16, 24, and 32
switches, assuming that there is at least a host connected to each switch, if a port is
available. Also, not all switch ports are connected. Each subnet switch supports a
linear forwarding table (LFT) with 1,024 entries.

We have considered a packet maximum transfer unit (MTU) of 256 bytes (the
minimum MTU value allowed by the IBA specification). The packet generation rate
is Poisson, and it is expressed in packets/sec/node. Traffic sources also use a uniform
distribution to obtain the packet destination (among all the active hosts) and the SL
value (from 0 to 15). The traffic load applied is different for each subnet topology.
We have selected low load values (25% of saturation rate), in order to prevent net-
work saturation during the analysis.
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Fig. 2. Control packets and time required to distribute switch forwarding tables as a function of
subnet size. The change consists of the addition of an individual switch. Results for switch
removal (not shown here) are very similar.

For each simulation run, after a transient period we have programmed a topology
change, consisting of the addition or removal of a switch. The experiment is repeated
for each switch in the subnet, and average values are shown in the plots. Traps sup-
port is disabled, and the period of time between consecutive sweepings has been
tuned according to the subnet topology. The simulation is stopped once the topology
change has been completely assimilated.

3.2 Simulation Results

In this section we analyze the behavior of the distribution techniques presented and
their impact over application traffic. For the sake of comparison, we have added to
some plots a series showing the results for a basic dynamic distribution process. This
process consists of only one step, in which FTs are directly distributed to subnet
switches, without deactivating ports or dependencies. Therefore, it is deadlock-prone.

Fig. 2 shows the amount of SMPs and the time required by the subnet management
mechanism to update switch FTs after the occurrence of a topology change, as a func-
tion of the distribution mechanism used and the subnet size. Results also consider
both the deactivation and activation phases (when applicable).

We can see that the technique based on the deactivation of break node ports
achieves an important reduction of both parameters. Also, we can observe an addi-
tional reduction for the distribution mechanism based on the deactivation of break
node dependencies. In fact, results for dynamic distribution are almost identical.

Fig. 3 shows the amount of packets discarded as a function of the distribution
mechanism used, the type of topology change, and the subnet size. Note that, in case
of switch removal, there is a big amount of packets that are discarded due to many
subnet routes disappear, at least until new tables have been distributed and alternative
routes are provided. Independently of the distribution technique applied, this massive
discarding is inevitable, because of IBA routes are deterministic.
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Fig. 3. Number of packets discarded during the change assimilation as a function of subnet
size. Note that vertical scales are different.

In Fig. 3(a) we can appreciate a considerable improvement if we only deactivate
break node ports, due mainly to the number of packets dropped by deactivated ports
decreases significantly. The number of discarded packets decreases even more for the
deactivation of break node dependencies. Packets discarded by deactivated ports have
been replaced by packets dropped by the SL to VL mapping process. As happens
before, results provided by this technique are very similar to dynamic distribution.

Note that there are other minor causes for packet discarding. For example, during
the transient period, there are packets that can not be routed because of the corre-
sponding DLID is not found in a FT, or because of the output port returned by the
table coincides temporary
with the packet’s input
port.

Finally, Fig. 4 shows
the effects of the distribu-
tion mechanisms over user
traffic. Note that the figure
only shows a detail of the
distribution phase, instead
of the complete change
assimilation process. For
all plots, the X-axis repre-
sents the simulation time.
The first plot shows the
aggregate amount of
SMPs exchanged by the
management entities. The
big step in this plot corre-
sponds exactly with the
distribution of subnet ta-

Fig. 4. Detail of the distribution process for an irregular sub-
net composed of 24 switches and 22 hosts and a change con-
sisting of the addition of a switch (at time 60.1 sec.).
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bles. Second plot represents the aggregate amount of discarded packets during the
simulation. As the change considered is a switch addition, the period of time during
packets are discarded coincides with the distribution process. The last plot shows
instantaneous network throughput.

In the top plots we can observe (again) a reduction in the amount of distribution
SMPs and time, and in the number of packets discarded, when the proposed distribu-
tion mechanisms are used. Bottom plot shows the way in which the optimized tech-
niques improve network throughput during the process. Static reconfiguration has a
very negative effect over instantaneous throughput. We can appreciate that the pro-
posed distribution techniques improve considerably this behavior. In fact, when the
mechanism based on the deactivation of break node dependencies is used, the gap in
this plot completely disappears.

4 Conclusions

We have presented two deadlock-free mechanisms to distribute InfiniBand subnet
forwarding tables. These mechanisms have been directly derived from the traditional
static reconfiguration process. However, they have a much better behavior. We have
seen that the impact of the distribution process over application traffic is practically
avoided. The reason is that the proposals allow the use of many subnet routes during
the period of time in which forwarding tables are being distributed. The main advan-
tage of these proposals is that they respect the InfiniBand specification and, therefore,
they can be easily implemented over real systems.
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Abstract. InfiniBand (IBA) is a new industry-standard architecture
both for I/O server and interprocessor communication. IBA employs a
switched point-to-point network, instead of using a shared bus. IBA is be-
ing developed by the Trade Association to provide present
and future server systems with the required levels of reliability, availabil-
ity, performance, scalability, and quality of service (QoS).
In previous papers we have proposed an effective strategy for configuring
the IBA networks to provide users with the required levels of QoS. This
strategy is based on the proper configuration of the mechanisms IBA
carries to support QoS. In this paper, we determine the minimum virtual
lines’ buffer size required to guarantee QoS to the applications.

1 Introduction

The InfiniBand Trade Association (IBTA) [1] was formed in 1999 to develop a
new standard for high-speed I/O and interprocessor communication. InfiniBand
defines a technology for interconnecting processor nodes (hosts) and I/O devices
to form a system area network [2]. In a first stage, instead of directly replacing
the PCI bus with a switch-based interconnection to access I/O devices, these
devices are attached to a Host Channel Adapter (HCA), which is connected to
the PCI bus. In this way, the communication is switched from HCA, affording
the desired reliability, concurrency and security. Moreover, it is foreseen that the
PCI bus could be replaced in a near future by other advanced technologies like
PCI Express Advanced Switching.

InfiniBand implements some mechanisms to provide each kind of applica-
tion with the required QoS. In previous works, [3] and [4], we have developed a
methodology to configure such mechanisms. The proposed methodology success-
fully provides applications with both bandwidth and latency guarantees. In this
paper, we determine the minimum buffer size in the virtual lanes of the switch
ports and host interfaces required to achieve this goal.

The structure of the paper is: Section 2 presents a summary of the most im-
portant mechanisms included in IBA to support QoS; in Section 3, we review our
proposal to give QoS guarantees; Section 4 presents the evaluation methodology
used to determine the buffer size required in the VLs to provide applications
with QoS, as well as the obtained results; finally, some conclusions are given.
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2 InfiniBand

InfiniBand hardware provides highly reliable, fault-tolerant communication, im-
proving the bandwidth, latency, and reliability of the system. The InfiniBand
architecture offers a new approach to I/O. It simplifies and speeds server-to-
server connections and links to other server-related systems, such as remote
storage and networking devices, through a message-based fabric network.

Specifically, IBA has three mechanisms to support QoS: Service levels (SLs),
virtual lanes (VLs), and a virtual lane arbitration for transmission over links.
IBA defines a maximum of 16 SLs, although it does not specify which charac-
teristics the traffic of each service level should have. Therefore, the distribution
of the different existing traffic types among the SLs may be stated by the man-
ufacturer or the network administrator. By allowing the traffic to be segregated
by categories, we will be able to distinguish between packets from different SLs
and to give them a different treatment according to their needs.

IBA ports support VLs as a mechanism for creating multiple virtual links
within a single physical link. Each VL must be an independent resource for flow
control purposes. A VL represents a set of transmission and reception buffers in a
port. IBA ports can support a minimum of two and a maximum of 16 VLs. Since
systems can be constructed with switches supporting a different number of VLs,
the number of VLs used by a port is configured by the subnet manager. Moreover,
packets are marked with a Service Level (SL), and a relation between SL and
VL is established at the input of each link by means of a SLtoVLMappingTable.

When more than two VLs are implemented, the priorities of the data lanes
are defined by the VLArbitrationTable. This arbitration affects only to data VLs,
because control traffic uses its own VL, which has greater priority than any other
VL. The VLArbitrationTable consists of two tables, one for scheduling packets
from high-priority VLs and another for low-priority VLs. However, IBA does not
specify what is high and low-priority. The arbitration tables implement weighted
round-robin arbitration within each priority level. Up to 64 table entries are
cycled through, each one specifying a VL and a weight, which is the number of
units of 64 bytes to be transmitted from that VL. This weight must be in the
range from 0 to 255, and is always rounded up as a whole packet.

Moreover, a LimitOfHighPriority value specifies the maximum number of
high-priority packets that can be sent before a low-priority packet is transmitted.
Specifically, the VLs of the high-priority table can send LimitOfHighPriority ×
4096 bytes before a packet from the low-priority table can be transmitted. If at
a given time, no high-priority packets are ready for transmission, low-priority
packets can also be transmitted.

3 Our Proposal to Give QoS Guarantees

In previous works we have proposed a simple strategy to treat the requests of
latency guarantee. Specifically, when an application requests latency guarantee,
the maximum distance allowed between two consecutive entries in the high-
priority table must be computed in order to allocate entries on that table to that
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application. Moreover, the application could also request a mean bandwidth that
would result in a weight to put in the entries of the arbitration table. Therefore,
for a certain connection that requests a maximum delay that results in a distance

and a mean bandwidth that results in a weight the number of entries needed
is

Obviously, the maximum distance between two consecutive entries in the
high-priority table requested by a connection ranges from 1 to 64. However,
in order to optimize the filling up of the table, we only consider the following
distances: 2, 4, 8, 16, 32, and 64 [5]. Therefore, the applications’ requests of a
maximum distance between two consecutive entries in the high-priority table are
turned into the closest lower power of 2 [4].

Traffic is grouped in SLs according to its maximum latency. Specifically, all
connections using the same SL need the same maximum distance between two
consecutive entries in the high-priority table, regardless of their mean bandwidth.
For the most requested distances, we could distinguish between two or four
different SLs considering the mean bandwidth. In this way, if we have enough
available VLs, each kind of traffic could use a different VL.

Moreover, in [4] and [5] we proposed an algorithm to select a free sequence
of entries in the high-priority table to meet a new application’s request. This
algorithm successfully allocates a new sequence in the table if there are enough
available entries. This is achieved because the available entries are always in the
best situation to treat the most restrictive request. For a connection requesting

entries with a maximum distance between them, the algorithm looks for a
previously established sequence, for the corresponding VL, with enough avail-
able weight. If there is no available sequence, a new free sequence with those
characteristics is looked for.

In a more formal way, in a table T, let the sequence represent
the entries of the table. Each has an associated weight whose value can
vary between 0 and 255. Thus, we say an entry is free if and only if For
a table T and a request of distance we define the sets with
and as

Each contains the entries of the table T spaced by an equal distance
which are able to meet a request of distance starting with the entry
We say a set is free if is free. Other properties derived from
this definition are available in [5].

In [4] we also presented a simple algorithm to maximize the number of re-
quests allocated in the arbitration table. For a new request of distance
the algorithm studies all possible sets for this kind of request, in a certain
order, and selects the first set that is free (so, all its entries are free). The order
the sets are inspected is based on the application of the bit-reversal permutation
to the distance values in the interval Specifically, for a new request
of maximum distance the algorithm selects the first free in the se-
quence where is the bit-reversal function applied
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to codified with bits. Note that this algorithm is only applied if there is
no previously allocated sequence for the same requested distance with available
room in its entries.

For example, the order the sets are inspected for a request of distance
is and Note that this algorithm first
fills in the even entries, and later the odd entries. In this way, if we have available
entries, we can always meet a request of distance 2, which is the most restrictive.
The same consideration can be made for longer distances.

In [5], we have also proved several theorems showing that the algorithm
can always allocate a new request if there are enough available entries. This is
achieved because the algorithm always selects the sequences in the optimal way
for satisfying later the most restrictive possible request.

When a connection finishes, its bandwidth is deducted from the accumulated
bandwidth in the entries it was occupying. When this accumulated bandwidth
is zero those entries must be released. When some entries are released, a dis-
fragmentation algorithm must be applied to leave the table in a correct state,
such that the proposed filling in algorithm can be used. This disfragmentation
algorithm and its properties are also described in [5]. Basically, it puts together
small free sets to form a larger free set, moving the content of some entries.

Both algorithms together permit the allocation and release of sequences of
entries in the arbitration table in a optimal and dynamical way [5]. This allows us
to provide applications with QoS using in an optimal way the IBA mechanisms.

4 Performance Evaluation

In [4] and [5] we have evaluated the behavior of our proposals using a large
buffer size. We have shown that our proposals are able to provide applications
with QoS guarantee. In this section, we are going to determine the minimum
switch port and host interface VLs buffer size our proposals require to satisfy
the QoS requirements. In the following points, we explain the network and the
traffic models we have used.

4.1 Network Model

We have used irregular networks randomly generated. All switches have 8 ports,
4 of them having a host attached, the other 4 being used for interconnection
between switches. We have evaluated networks with sizes ranging from 8 to 64
switches (so, with 32 to 256 hosts, respectively). We have also tested several
packet sizes ranging from 256 to 4096 bytes, and the three link rates specified in
IBA. Taking into account that all these variations present similar results and the
space limitation, we have only included here results for the 16 switches-network
using a packet size of 256 bytes and a link rate of 2.5 Gbps.

In the switches both at input and output ports, there are 16 VLs in order
to assign a different VL to each SL. Each switch has a multiplexed crossbar.
We will test several buffer sizes. As IBA uses virtual cut-through we have only
considered buffer sizes that allow to store completely whole packets. Specifically,
we have considered buffer sizes of 1, 2, 3 or 4 whole packets of capacity.
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4.2 Traffic Model

We have used 10 SLs for traffic needing QoS. Each SL presents a different maxi-
mum distance and bandwidth requirements. We have used CBR traffic, randomly
generated among the bandwidth range of each SL. For the most requested dis-
tances several SLs have been considered using the mean bandwidth of the con-
nections. Specifically, the SLs used and their features are shown in Table 1.

The connections of each SL request a maximum distance between two con-
secutive entries in the high-priority table and a mean bandwidth in the range
shown in Table 1. Note that this is similar to requesting a maximum deadline
and computing the maximum distance between two consecutive entries in the
virtual lane arbitration tables.

Each request is considered by each node along its path and is accepted only
if there are available resources. Connections of the same SL are grouped into the
same sequence of entries. The total weight of the sequence is computed according
to the accumulated bandwidth of the connections sharing that sequence. When
the connection cannot be settled in a previously established sequence (or there
is no previous one), our algorithm looks in the high-priority arbitration table for
a new free sequence of entries with the correct distance between its entries.

When no more connections can be established, we start a transient period
in order for the network to reach a stationary state. Once the transient period
finishes, the steady state period begins, where we gather results to be shown.
The steady state period continues until the connection with a smaller mean
bandwidth has received 100 packets.

Although the results for BE and CH traffic are not the main focus of this
paper, we have reserved 20% of available bandwidth for these types of traffic,
which would be served by the low-priority table. So, connections would only be
established up to 80% of the available bandwidth.

4.3 Simulation Results

We can see in Table 2 several metrics measured for the different buffer sizes
considered. Specifically, we have computed the injected and delivered traffic (in
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bytes/cycle/node), the average utilization (in %) and the average bandwidth
reserved (in Mbps) in host interfaces and switch ports. Note that the maximum
utilization reachable is 80%, because the other 20% is reserved for BE and CH
traffic. So, we are close to the maximum utilization achievable. Obviously, we
could achieve a higher utilization establishing more connections, but we have
already made many attempts for each SL. We could establish other connections,
but these connections would be of SLs of a small mean bandwidth because the
network is already heavily loaded, and it is unlikely that these new connections
would provide us with more information. So, it seems reasonable to assume that
with this load we can study the network behavior in a quasi-fully loaded scenario.

Note also that the behavior is quite similar for all the buffer sizes considered.
Regardless of the buffer size used, the network reaches a similar throughput and
the reservation performed in the host interfaces and switch ports is quite similar.
However, there is an important difference for the buffer size of one packet. In
this case, the network cannot transmit all the packets it receives, and delivered
traffic is lower than injected traffic. As we will see, this causes long waitings for
the packets. However, for other buffer sizes the injected traffic is equal to the
delivered traffic, thereby showing that the network is able to transmit all the
packets it receives.

We have also computed the percentages of packets that meet a certain dead-
line threshold. These thresholds are different for each connection and are related

Fig. 1. Packet delay for buffer sizes of (a) 1 packet and (b) 2 packets.
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Fig. 2. Packet jitter for buffer sizes of (a) and (b) one packet, (c) and (d) two packets.

to their requested maximum deadline. This maximum deadline is the maximum
delay that has been guaranteed to each connection. In the figures, this deadline
is referred to as D. The results for each SL are presented in Fig. 1 for buffer size
of one and two packets. Results for larger buffer sizes are quite similar to those
obtained for two packets. In these figures, we can see that all packets of all SLs
arrive at their destinations before their deadlines. However, packets of SLs with
stricter deadlines arrive at their destination closer to their deadline, although in
time to meet their requirements.

We have also measured the average packet jitter. We have computed the
percentage of packets received in several intervals related to their interarrival
time. Obviously, these intervals are different for each connection. The results for
each SL are shown in Fig. 2. We have only shown results for buffer sizes of one
and two packets. We can see that results for buffer size of one packet are worse
than for two packets. Results for a larger buffer size are quite similar to those of
buffer size of two packets. Moreover, results for the buffer size of two packets are
much better than those obtained for just one packet, although almost all packets
arrive at their targets in the central interval For other SLs with
bigger mean bandwidth the jitter has a Gaussian distribution never exceeding
± IAT. Note that packets of SLs with less priority (SLs 9 and 8) present a worse
behavior for buffer size of one packet than for buffer size of two packets.

Finally, for a given deadline threshold, we have selected the connections that
deliver the lowest and the highest percentage of packets before this threshold.
In the figures, these connections will be referred to as the worst and the best
connections, respectively. We have selected a very tight threshold so that the
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Fig. 3. The best and the worst connection for SLs with the strictest delay requirements,
for buffer sizes of (a), (b), (c) and (d) one packet, and (e), (f), (g) and (h) two packets.

percentage of packets meeting the deadline was lower than 100% in Fig. 1. In
particular, we have selected the threshold equal to Note again that
this threshold is different for each connection and depends on its own maximum
deadline. Fig. 3 shows the results for buffer sizes of one and two packets and for
the SLs 0, 1, 2, and 3, which are the SLs with the highest deadline requirements.
The results for other SLs are even better than these shown in the figures. It is
noteworthy that, in all cases, even the packets of the worst connection arrive at
their destination before their deadline. We can also see that for buffer size of
two packets, results are very similar in the best and the worst case. However, for
buffer size of one packet, SL 0 (which has the highest deadline requirements),
has a very different behavior. This is due to the long waitings of the packets in
the buffers caused by the lack of available room in the next buffer of their paths.

5 Conclusions

In [4] and [5] we proposed a new methodology to provide each kind of applications
with the previously required QoS level. We also proposed an algorithm to select
a free sequence of entries in the arbitration table. This algorithm successfully
allocates a request in the arbitration table if there are enough available entries.
It manages the requests in an optimal way, being able later to satisfy the most
restrictive possible request. Some formal properties and theorems derived from
this algorithm are shown in [5].

In this paper, we have determined the minimum virtual lanes’ buffer size re-
quired to provide applications with QoS guarantee. We have tested several buffer
sizes ranging from 1 to 4 packets. The most important result may well be that
for all buffer sizes our proposals meet the QoS requirements. However, impor-
tant waitings for buffer size of one packet have been observed. These waitings
disappear when we have a buffer size of two or more packets.
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These are clearly important results, which show that our methodology does
not require a great deal of space resources to achieve QoS in InfiniBand en-
vironments. We configure in an accurate way the mechanisms that InfiniBand
provides to support QoS, with a minimum of buffer room in switch ports and
host interfaces.
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Abstract. The huge increase both in size and complexity of high-end multipro-
cessor systems has triggered their power consumption. Air or liquid cooling sys-
tems are needed, which, in turn, increases power consumption. Another important
percentage of the consumption is due to the interconnection network.
In this paper, we propose a mechanism that dynamically reduces the available
network bandwidth when traffic becomes low. Unlike other approaches that com-
pletely switch links off when they are not fully utilized, our mechanism is based
on reducing their bandwidth by narrowing their width. As the topology of the
network is not modified, the same routing algorithm can be used regardless of the
power consumption level, which simplifies the router design.
By using this strategy, the consumption may be strongly reduced. In fact, the
lower bound of this reduction is a design parameter of the mechanism. The price
to pay is an increase in the message latency with low network loads.

1 Introduction and Motivation

Many compute-intensiveapplications require a huge amount of processing power, which
can only be achieved with massively parallel computers. The interconnection of these
systems has been considered as one of the key factors to achieve a high performance.
Hence, a lot of research effort has been made in order to increase interconnection net-
work performance. However, as power consumption has arisen as an important problem
in current commercial multiprocessors, it is also a significant aspect in the interconnec-
tion network design of these machines. For example, the integrated router and links of
the Alpha 21364 microprocessor consume about 20% of the total power (23 W of a total
of 125 W), where 58% of this power is consumed in the link circuitry [10]. Designers
of an IBM InfiniBand 8-port 12X switch estimate it consumes 31 W, with links taking
up to 65% (20W) [10].

A greater power consumption requires sophisticated high temperature dissipation
mechanisms. Furthermore, the probability of failures increases with temperature. All
these aspects make us to be aware of the importance that the control of the power con-
sumption has in the system and, in particular, in the interconnection network. Several
works have developed power models for networks, characterizing the power profile of
network routers and links [9, 12, 13], showing that power consumption is a function of
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the square of voltage and the transmission frequency. In order to increase the data trans-
mission rates, high frequencies are used. Indeed, for a successful communication, it is
necessary to maintain the frequency tuning of the link even when no data is transmitted.

An alternative is the Dynamic Voltage Scaling (DVS) approach. In [5], links track
and adjust their voltage levels to the minimum supply voltage that guarantees correct
operation as link frequency is also changed, providing a mechanism that can poten-
tially lower link power dissipation. In [10], a history-based DVS policy is proposed
that uses past network utilization to predict future traffic and tune link frequency and
voltage dynamically to minimize network power consumption. The drawback is that a
sophisticated hardware mechanism is required for ensuring correct link operation dur-
ing scaling, thus incurring significant delay overhead and additional CMOS area. Also,
DVS links continue to consume power even while idle.

A more interesting option is based on selectively turning off links when they have
a low utilization index. A Dynamic Power Management (DPM) policy [11] is proposed
which turns links on/off in response to communication traffic variations. The problem
here is the resynchronization time when they are connected again. Current links have a
startup time of approximately 800 ns [6], and link designers are optimistic that can be
improved down to 100 clock cycles [11]. But in order to overcome turned off links, a
proper routing algorithm is required. A deadlock-free fault-tolerant routing algorithm
serves for this purpose [1, 4]. This proposal is easier to implement as compared with
DVS and incurs less power overhead. A drawback for this proposal is that it is necessary
the use of a fault-tolerant routing algorithm or a specifically designed algorithm that
increases the complexity, the hardware needed, and that may introduce some penalty
on network performance. On the other hand, the lower bound for the reduction in the
power consumption is 37.5% for an 8-ary 2-mesh topology, which may not be a great
deal compared to the added network complexity.

In this paper, we propose a novel strategy to reduce power consumption in the in-
terconnection network that eliminates the aforementioned drawbacks. Our approach is
based on dynamically adjusting link width. As the topology remains the same, the same
routing algorithm can be used regardless of the power consumption level, which simpli-
fies the router design. On the other hand, the lower bound of power consumption may be
significantly lowered. In fact, this lower bound is a design parameter of the mechanism.
The price to pay is an increase in the message latency with low network loads.

The rest of the paper is organized as follows. Section 2 describes the proposed power
saving mechanism, evaluating it in Section 3. Finally, some conclusions are drawn.

2 Description of the DALW Power Saving Mechanism

The proposed mechanism is based on measuring network traffic and dynamically reduc-
ing the available network bandwidth when traffic becomes low. Instead of completely
switching off links when they are not fully utilized, their bandwidth is reduced by nar-
rowing their width (phit size). For this reason, the mechanism is referred to as DALW:
Dynamic Adjustment of Link Width.

As links are never completely switched off, the same routing algorithm can be used
both when all the links have full width and when some power saving features are in use.
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By adjusting the width of the links, different power saving degrees can be achieved.
However, by completely turning off links, power saving levels are coarse. Moreover,
the lower bound of the power consumption can be as low as the minimum width of
the link that guarantees network connectivity (i.e. one-bit link). For instance, in a 2-D
torus network with 32-bit links, by completely switching off links, the lower bound of
power consumption is 50%, because no more than two links per node can be switched
off or the network becomes disconnected or the routing becomes complex. In this case,
there are only three power consumption states: 100% (4 links on), 75% (3 links on) and
50% (2 links on). However, by reducing the width of links, power could be dynamically
reduced to many different consumption states. Although, it could be possible to narrow
a link to any width, in order to make the implementation simple, only some predefined
widths should be used. In particular, the reduced widths should be an exact division
of the original width. As the width is usually a power of two, each attainable reduced
width results from halving the previous width. For example, the width of a 32-bit link
could be reduced to 16,8,4,2 or 1 bit. In this case, one 32-bit flit is transmitted by means
of 2,4,8,16 or 32 phits, respectively, and the design of the serializing/deserializing logic
is relatively simple.

This mechanism is especially suitable for those switches that can be configured
to support either a high number of narrow ports or a low number of wider ports. For
instance, the Mellanox InfiniScale III InfiniBand switch can be configured either as a
24 4X-ports or as eight 12X-ports [8]. When a port is working in “wide” mode, it is
actually composed of several (three, in this case) independent narrow ones (serial ports,
in this case) working in parallel. Therefore, our mechanism can be easily implemented
by selectively turning off these individual ports and using the serializing/deserializing
logic that already exists at both sides of the link.

The price to pay with the DAWL mechanism is that message latency will be in-
creased at low loads, when messages cross narrow links, as one of the latency com-
ponents depends on link bandwidth. While this can be a problem for latency sensitive
applications, we expect that the benefits on power saving will compensate latency in-
crease. We try to mitigate this problem by using a selection function [2] that gives a
higher priority to wider links. Indeed, both the current link width and the degree of
virtual channel multiplexing are considered. Finally, it is always possible to disable the
power saving mechanism when a latency sensitive application is run.

The mechanism should reduce link width when network traffic is not intense. Hence,
each node must locally estimate network traffic. There are several ways proposed in the
literature: the number of busy virtual channels [7, 11], the length of the buffers asso-
ciated to links [11] or the link utilization [11]. Link utilization has the advantage of
faithfully representing the traffic level of the link [11]. However, it has the disadvan-
tage of being affected by the performance degradation of the network at saturation [7]:
accepted traffic (and link utilization) drastically decreases and message latency grows
exponentially. As a consequence, by using link utilization alone, a link may be incor-
rectly disconnected when the network is congested, thus making a bad situation worse.
In [11] a litmus test based on link buffer occupancy is used. However, our experiments
showed that when the network is congested, actual traffic pattern becomes somewhat
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atypical due to routing constraints (i.e. availability of escape channels, atomic channel
allocation requirements,...).

Assuming that all nodes are injecting messages into the network, when the network
is congested newly generated messages can not be routed because all the required chan-
nels are busy for a long time. As a consequence, these messages are locally queued.
Therefore, the power saving mechanism should reduce link width only if network uti-
lization is low and the message injection queue of the node is empty.

On the other hand, when network utilization becomes high, link width should be
progressively increased, up to its nominal value. Again, network congestion may com-
plicate things. Assume that, as traffic was low in the past, most of the links are working
at a fraction of their full width. Then, a traffic burst arises into the network. Even if the
traffic value is not enough to saturate the network with all its links working at 100%, it
may congest the actual (width-reduced) network, thus decreasing utilization (as stated
above) and never switching links to 100%. Therefore, again, the local pending message
queue should be used as a litmus test to enable link width recovery. In particular, link
width should be completely enabled (at their nominal width) if this queue grows.

Link utilization can be easily measured by increasing a counter every time a phit is
transferred. This counter is periodically checked in order to apply power saving actions.
The link utilization level is obtained by dividing the counter value by the number of
elapsed link clock cycles. The counter is reset after every check period. Taking into
account that the mechanism will increase or decrease the width of individual links, it
operates on a per-link basis rather than on a per-node basis [11]. In the latter case, a
node would measure the utilization of all its links and then it would decide which of
them are completely disabled or enabled. Obviously, measuring link utilization on a
per-link basis makes no sense in this case, as a disabled link is not utilized at all.

Once link utilization is measured, link width will be halved when its utilization is
lower than a threshold value On the contrary, link width is doubled when its
utilization reaches another threshold On the other hand, every time the width of
a link is modified, the destination node of the link must be notified in order to properly
manage the deserializing logic. This can be done by means of dedicated control signals
or sending in-band control packets.

The number of allowed nested reductions is a design parameter that imposes a lower
bound on link power consumption. We propose up to two nested link width reductions,
thus imposing a lower bound of 25% of nominal power consumption. Hence, a link
may work at 100%, 50% or 25% of its nominal width. Further link width reductions
are possible, but they impose a severe penalty in latency when the workload is low. In
any case, the lowest possible bound is achieved when link bandwidth narrows down to
one bit. Concerning threshold values, when is high, the mechanism will reduce link
bandwidth at heavier traffic rates, thus obtaining higher power saving benefits. On the
other hand, if is also high, higher network traffic will be required in the network in
order to recover link with, thus again improving power saving. Indeed, both values are
closely related. Notice that when traffic is lower than link width will be halved, thus
transmitting twice as many phits for the same network traffic value. As a consequence,
link utilization will also suddenly grows to twice its value. Hence, in order to avoid
widening the link that has just been reduced, the value of has to be set, at least, to a
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Fig. 1. Hardware required to implement the proposed power saving scheme.

value In practice, some hysteresis value should be added to this lower bound.
Figure 1 shows the hardware required to implement the mechanism.

After the first link width reduction, traffic may continue decreasing. Our mechanism
allows to reduce link width even more without requiring additional comparators. Notice
that in this case, the measured link utilization will also decrease, dropping again below

and thus triggering another link width reduction by a half.
Notice that if link utilization was measured as the ratio of the number of transmitted

flits (instead of phits) and the number of elapsed link clock cycles, utilization does
not longer grow every time the link width is reduced. In this case, further link width
reductions (i.e., nested width reductions) would require the definition of new thresholds,
thus making implementation more complex. In other words, the number of required
thresholds and comparators would be equal to twice the number of nested reductions.

3 Performance Evaluation

In this section, we evaluate the behavior of the power saving strategy proposed in this
paper. Using simulation we assess the power reduction achieved by the DALW mecha-
nism and quantify its impact on network performance. We compare the results obtained
by this technique with the performance of the default system (without applying the
power saving mechanism). The metrics are the average latency of a message (measured
from generation to delivery time) and the relative power consumption of the links as
compared with the default system.

Our simulator models a wormhole switching network at the flit level [2]. Each node
of the network consists of a processor, its local memory and a router. The router contains
a routing control unit, a switch, and several physical links. There are four independent
memory channels between the router and the local memory. A deadlock-avoidance-
based fully adaptive routing algorithm [3] is used. Physical channels are split into three
virtual channels (one adaptive plus two escape). Each virtual channel has an associated
buffer with capacity for four flits. Nodes also include the power saving mechanism
presented in this paper. For network size, a 32-ary 2-cube (1K-node 2D torus) and a
8-ary 3-cube (512-node 3D torus) will be evaluated.

Message traffic and message length depend on the applications. Two kind of ex-
periments were run. First, we have evaluated network behavior with a constant message
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Fig.2. (a) Latency and (b) relative power consumption comparison for a 32-ary 2-cube (1K node
2-D torus) when the DALW is active and when it is not.

generation rate, evaluating the full range of traffic, from low load to saturation. We have
also run other experiments, aimed at studying the dynamic behavior of the network, us-
ing variable generation rates during the simulation run. In both kinds of experiments,
all the nodes inject messages at the same rate. We use a synthetic workload based on
the uniform distribution. The destination node of each message is chosen among all the
nodes in the network (except the source node) with the same probability. The message
length is 16 flits and the interarrival time is based on a uniform distribution.

As explained in section 2, we use three possible states of the links: 100% (full
width), 50% and 25%. Network links are initially set to 100% of their nominal width.
We assume that the power consumption of each link is proportional to its actual width.

The time needed to increase the width of a link, mainly depends on the delay
required to re-enable some of its lines. Based on the best value reported in [6,11], we
have used cycles. Reducing the width of a link also needs some time to de-
crease the circuit voltage level to zero [11]. We assume cycles. When
narrowing a link, we assume that the available width is instantly reduced but it contin-
ues consuming power until has elapsed. On the contrary, when widening a link,
the new link width is available to messages after cycles, but power consumption
increases at once. Unlike other works [11], link width adjustment decisions are made
with a period greater than or in order to allow stabilizing links after changes.
In particular, we use a check period of 1000 clock cycles.

As stated in Section 2, the value of the utilization thresholds is based on the max-
imum utilization achievable by the network. We have analyzed the average utilization
of the network links in the 2-D and 3-D torus as a function of delivered traffic using
uniform workload. We conclude that the utilization increases linearly with the traffic up
to a value slightly greater than 50%. With higher injection rates, the utilization of the
network decreases due to congestion. Based on this maximum we choose a threshold to
narrow a link of When the utilization of a link decreases below this value
and there are not any pending messages, the width of the link is halved (except in state
25%). The threshold used to widen a link is When the utilization of a link
surpasses this value, the width of the link is doubled (except in state 100%). If messages
begin to queue at the pending messages queue, the state of the link is set to 100%.
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Fig. 3. Results with variable injection rates. Graph (a) shows the latency for the default system.
Graphs (b,c,d) depict latency, traffic and power consumption with DALW.

Figure 2 compares results obtained for a 2-D torus when DALW mechanism is
applied with the default system. Figure 2a compares the average message latency and
2b shows the relative power consumption. Two selection functions have been evaluated.
The SF2 selects the output link for a message following a static priority, whereas the
SF1 selects it taking into account the current width of the feasible links and their degree
of virtual channel multiplexing. SF2 offers slightly better latency values than SF1. For
very low load, most of the links are in the 25% state. Consequently, the relative power
consumption of the network is approximately a 26% of the nominal value. For this
traffic point, we have a 3-fold increase in the latency of the messages. For higher traffic
the relative power consumption increases, indicating that some links are changing to
states with more available bandwidth (to 50% or 100%). At the same time, latency
decreases. For example, when relative power consumption is 50%, we obtain a 100%
increase in latency. For heavy network traffic, the power saving approaches to zero and
latency matches the default network values, as almost all the links have moved to state
100%. On the other hand, Figure 2a shows that the throughput is not reduced when the
DALW technique is applied.

In order to analyze the dynamic behavior of the DALW mechanism, we have run
simulations using a two-level load. The simulation finishes when a given number of
messages (700,000) have arrived at their destinations. We initiate the simulation with
heavy traffic (just before entering saturation). When 25% of messages reach their desti-
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nations, the load changes abruptly to a low value (a quarter of the saturation load). After
50% of messages reach their destination, the input traffic is set again to the high value,
and after 75% of messages have been received, it returns to the low value.

The results for a 3-D torus and a uniform traffic pattern are shown in Figure 3. In
the default system, all the links are always using its maximum width (100%) and the
relative power consumption is always one. When DALW is applied and the traffic is
heavy, most of the links are in the 100% state, thus latency and delivered traffic equal
the default values. In the transitions from heavy to light traffic there is an instantaneous
reduction of the latency (see Figure3b). In this transient, the load is low but the links
provide full bandwidth. This happens while nodes are monitoring their output links,
detecting the decrease in their utilization and activating the power saving mechanism.
When the width of some links is set to 50% or 25%, power consumption is reduced
(Figure 3d) and latency increases (Figure 3b). In the transition from light to heavy traffic
most of the links transit to state 100%. This process last cycles. During this period
the traffic is high but a large number of links provide low bandwidth. Thus, some new
messages must wait in the injection queues of the nodes. When finally the link operates
at its full width, these messages take profit of the increased capacity of the links to enter
the network and reach their destination. This is shown in Figure 3c as a traffic peak in
the low to high load transition.

4 Conclusions

In this paper we have proposed a novel power saving mechanism (DALW) for inter-
connection networks, based on dynamically adjusting the width of network links as a
function of the network traffic. As links are never completely disconnected, the network
topology remains the same regardless of the applied power saving measures. Therefore,
routing is not changed, which simplifies router design. Moreover, the lower bound of
power consumption can be as low as the one required to keep network connectivity. In
fact, it is a design parameter of DALW.

We have evaluated the DALW mechanism on a network. The results
show that there is a trade-off between power consumption and latency increase. At low
traffic loads, the relative power consumption of the network is approximately a 26% of
the nominal value, with a 3-fold increase in latency. For higher traffic, the relative power
consumption increases and latency decreases. For heavy network traffic, the power sav-
ing approaches zero and latency matches the default network values.

As future work, we plan to analyze in detail the impact of the DALW design param-
eters (power saving levels, thresholds, startup and shutdown times and check period) on
network behavior, especially with dynamic workloads.
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A Methodology to Evaluate the Effectiveness

of Traffic Balancing Algorithms*

J.E. Villalobos1, J.L. Sánchez1, J.A. Gámez1, J.C. Sancho2, and A. Robles2

Abstract. Traffic balancing algorithms represent a cost-effective alter-
native to balance traffic in high performance interconnection networks.
The importance of these algorithms is increasing since most of the current
network technologies for clusters are either based on source routing or
use deterministic routing. In source-routed networks, the host is respon-
sible for selecting the suitable path among the set of paths provided by
the routing algorithm. The selection of an optimal path that maximizes
the channel utilization is not trivial because of the huge amount of com-
binations. Traffic balancing algorithms are based on heuristics in order
to find an optimal solution. In this paper, we propose a new methodology
based on the use of metaheuristic algorithms to evaluate the effective-
ness of traffic balancing algorithms. Preliminary results show that the
set of paths provided by current traffic balancing algorithms are still far
from an optimized solution. Thus, it is worth continuing to design more
efficient traffic balancing algorithms.

1 Introduction

Clusters of PCs represent a cost-effective alternative to parallel computers. The
use of high performance switch-based interconnects, such as Myrinet [1], Gigabit
Ethernet [2], and InfiniBand [3], provides the flexibility, low latency and high
bandwidth required in these environments. Often, the interconnection pattern
between switches is defined by the user, which may be irregular. To manage such
an irregularity, generic routing algorithms can be used, such as up*/down* [4],
smart [5], adaptive-trail [6], and minimal adaptive [7]. Up*/down* is the most
popular routing algorithm used in clusters. However, this algorithm imposes a
large number of routing restrictions in order to remove cyclic channel depen-
dencies in the network graph, which prevent most of the messages from being
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routed through minimal paths. Unfortunately, this fact has a negative impact
on the traffic balance since it tends to concentrate the traffic in a few channels,
which dramatically limits its performance.

In order to balance the traffic in the network, dynamic or static strategies
can be applied. Dynamic strategies select the routing paths depending on the
network status. This status can be known either locally (adaptive routing strate-
gies [8],[9],[10]) or globally (source-based routing schemes [11]). However, cur-
rent commercial interconnects do not support adaptive routing mainly due to
the possible increase in switch complexity and the difficulties in guaranteeing in
order packet delivery. In addition, acquiring global information about the net-
work status can introduce high overhead in the network due to the generated
control traffic. Therefore, dynamic strategies to balance traffic are not suitable
for application to clusters of PCs.

On the other hand, unlike dynamic strategies, static strategies do not require
any hardware support. Thus, they can be applied to any commercial intercon-
nect. These strategies try to achieve an even routing path distribution among
the network channels to maximize the network utilization. To this end, traffic
balancing algorithms can be used. These algorithms focus on selecting only one
path between every source-destination pair, without taking into account the net-
work status. Traffic balancing algorithms select each routing path among the set
of paths provided by the applied routing algorithm. Usually, these algorithms
assume a uniform packet destination distribution due to the fact that the traffic
pattern cannot be known in advance. The use of these algorithms is suitable
in networks that either apply source routing [1] or where the routing tables
at switches provide deterministic routing [3]. Moreover, unlike adaptive routing
strategies, traffic balancing algorithms guarantee the message delivery in order,
which is required by many parallel applications.

Traffic balancing algorithms are based on an iterative procedure by which
the routing paths provided by the applied routing algorithm are progressively
discarded until only one routing path remains between each source-destination
pair. Different heuristics can be applied to discard routing paths. The simplest
criterion is the random selection. Its main drawback is that it cannot guarantee
an even distribution of routing paths over the network channels. More efficient
algorithms have been proposed in the literature, such as Summatory of Crossing
paths [1], Deviation of Crossing paths [12], and Maximum Crossing path [13].

Given that these algorithms are based on an iterative procedure, it is clear
that their effectiveness will strongly depend on the order in which routing paths
are discarded. In this sense, we wonder whether these algorithms are able to
obtain an optimal solution that achieves the highest performance within the
bounds imposed by the applied routing scheme. To answer this question, we
should firstly try to obtain the optimal solution. To this end, it would be neces-
sary to evaluate all the possible combinations among the routing paths provided
by the applied routing algorithm. However, this approach is non-viable in terms
of computational time due to the huge amount of possible combinations.
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An alternative to the enumeration of all the possible combinations, is the use
of a heuristic algorithm. In this way, we will be sure to obtain a good solution
(possibly a local optima) to the problem in a reasonable time. Concretely, we
propose to use metaheuristic algorithms [14] because they can be applied to a
wide set of different optimization problems, requiring less effort to adapt them to
a specific problem. Nowadays, metaheuristics are widely used to solve important
practical combinatorial optimization problems, and so we think that this can be
an attractive approach to tackle with the problem posed in this work.

In this paper, we propose a new methodology to evaluate the effectiveness
of traffic balancing algorithms, which is based on the use of metaheuristic tech-
niques. This evaluation methodology allows us to know at what extent the perfor-
mance provided by current traffic balancing algorithms differs from that provided
by the optimal solution.

The rest of this paper is organized as follows. In Section 2 we describe the
traffic balancing algorithm selected in the evaluation of the new methodology.
Section 3 briefly describes the metaheuristics used in this paper. Section 4 de-
scribes the methodology followed in the evaluation and Section 5 shows some
preliminary results achieved. And finally, Section 6 provides some concluding
remarks and indications on future research.

2 Computing Routing Tables

We can identify three main stages in the routing table computation process.
First, all the shortest paths between every source-destination pair are computed.
To this end, the routing algorithm must be able to provide several routing paths
between every pair of nodes. Secondly, a traffic balancing algorithm will be
applied to select a unique routing path for every source-destination pair. Finally,
routing tables must be filled.

To illustrate the application of the proposed evaluation methodology, we have
selected the up*/down* routing algorithm, and the Maximum Crossing Path
(MaxCp) [13] traffic balancing algorithm. Up*/down* routing is able to provide
several paths between every pair of nodes, especially when the DFS methodology
[15] is applied to compute its routing paths. Moreover, MaxCp achieves better
performance than other traffic balancing algorithms at a lower computation cost
when using only a virtual channel.

The MaxCp algorithm is based on minimizing the crossing-path metric, which
represents the number of routing paths crossing each channel (i.e., the channel
utilization). This algorithm tries to achieve a uniform channel utilization, pre-
venting a few channels from becoming a bottleneck in the network. To this end,
the algorithm associates a counter to every channel in the network. Each counter
is initialized to the value of the crossing-path metric. Next, a procedure is repeti-
tively applied to the channel with the highest counter value. In each step, a path
crossing the channel is selected to be removed if there is more than one path be-
tween the source and the destination nodes of that routing path, thus preventing
the network from becoming disconnected. When a routing path is removed, the
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counters associated with every channel crossed by the path are updated. Among
the routing paths belonging to a channel, the algorithm will firstly choose the
path whose source and destination hosts have the highest number of routing
paths between them. The algorithm finishes when the number of routing paths
between every pair of nodes is reduced down to the unit.

3 Metaheuristics

As defined in the Metaheuristics Network1 home page, “a metaheuristic is a set of
concepts that can be used to define heuristic methods that can be applied to a wide
set of different problems”. That is, a metaheuristic can be viewed as a general
algorithmic framework which allows us to apply a combinatorial optimization
technique to a great variety of problems, with relatively few modifications when
instancing the method to a particular problem. In this work, we have selected
two metaheuristics which belongs to two different approaches: genetic algorithms
(from evolutionary computation) and simulated annealing (from the neighbor-
hood search approach).

3.1 Genetic Algorithms

Genetic algorithms (GAs) ([16], [14] chapter 3) are evolutionary algorithms based
on the principles of natural evolution. GAs try to evolve a population of individ-
uals (potential solutions to the problem) during the search process. Evolution is
based on the application of genetic-based operators as selection, crossover and
mutation to the individuals contained in the population. A GA works in three
main steps:

1.

2.

3.

Selection: some individuals are selected from the current population by con-
sidering their fitness (the goodness of the solution they codify). Different
strategies can be used: proportional to fitness, rank-based, tournament, etc.
Reproduction: the selected individuals are grouped (married) in pairs and
some offsprings are obtained by crossover, that is, by interchanging genetic
material between the parents. For example, from aaaaaa and bbbbbb we
obtain aabbbb and bbaaaa when position two is selected as the crossover
point. After crossover, some individuals are mutated (slightly changed) in
order to introduce some diversity in the search. For example, following our
example, aabbab corresponds to mutate position five of the first offspring.
Replacement: The new population/generation is obtained by selecting the
best individuals from the old and new ones.

This process (steps 1 to 3) is repeated until a certain termination condition
is achieved. In this work we use Steady State GAs, a model of GA in which only
a pair of individuals is selected for reproduction in step 1. The good behavior of
this model has been largely demonstrated in the specific literature.

1 http://www.metaheuristics.org
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3.2 Simulated Annealing

Simulated Annealing (SA) ([17], [14] chapter 10) is probably the oldest meta-
heuristic known and has its origin in statistical mechanics. In SA instead of
maintaining a population of solutions, only a solution is considered at each state,
being its neighborhood explored at each iteration.

SA behaves as a hill climbing algorithm, that is, given the current solution
the algorithm moves to the best solution selected among the neighborhood

of (a neighbor is a solution obtained from by making a small change
or movement). The key idea in SA is to allow moves resulting in worse solutions
than the current one in order to avoid being trapped in local optima (as usually
happens in hill climbing). To implement this behavior, a parameter T called
temperature is used. Concretely, the probability of accepting a neighbor of
is computed following the Boltzmann distribution: Therefore,
when T is high, the probability of accepting a worse configuration is also high,
but when the value of T decreases, the probability of accepting a worse solution
also decreases. The value of T is decreased/cooled during the search process by
following a cooling schedule.

4 Methodology of Evaluation

The methodology proposed to evaluate the effectiveness of the traffic balancing
algorithms is based on the two metaheuristics previously described. As has been
mentioned, the goal of these algorithms is to provide a high quality (the opti-
mal one ideally) solution from a set of possibles configurations. In the problem
of evaluating the effectiveness of traffic balancing algorithms, the optimal solu-
tion corresponds to the set of paths which achieve the highest performance in
the network when considering only a unique route for every source-destination
node pair. We will use the solution found by the metaheuristics to evaluate the
effectiveness of the traffic balancing algorithm described in Section 2.

Below we will specify the parameter choices for both metaheuristic algo-
rithms, but first let us to introduce two crucial points which are common to
them: individual representation and evaluation.

Individual representation. An individual will be a vector of integers, where
each position corresponds to a pair of (source, destination) nodes, and its
value is in the range being the number of different paths from source to
destination. Pairs having only a possible route between them are not included
in the solution. So, the representation length is actually considerably smaller
than the upper bound with the number of nodes in the network.
Individual evaluation. Due to the large number of individuals to be evalu-
ated during the search process, the use of a simulator, although very precise,
is prohibitive in terms of CPU time. As an alternative we propose to use a
performance metric, which can be easily computed from the routing paths
codified by the individual. In our initial experiments we have tried with
several routing metrics, as minimizing the maximum use of a channel, the
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deviation in channels use, and the sum of channels use. Among them, we
have selected the minimization of the deviation in channel use, because it is
the one which achieves the results closer to the simulator use.

4.1 Genetic Algorithm Design

In order to completely specify the Steady State GA we have to consider the
following parameters:

Initial Population. Individuals in the initial population are generated at random.
Selection. We use rank-based selection. That is, individuals are sorted accord-

ing to its fitness and each individual receives a probability of selection propor-
tional to its position in the ranking. This mechanism of selection helps to avoid
premature convergence.

Crossover operator. Two offsprings are generated by using the classical one-
point crossover.

Mutation operator. Each position of each individual in the population is se-
lected for mutation with a small probability (0.01 or 0.02 in our case).

Stopping Criterion. The algorithm is allowed to complete a fixed number of
generations which depends on the network size.

4.2 Simulated Annealing Design

The main point here is to define the neighborhood of a given solution In our
case, it is said a neighbor of if they differ in exactly one position. That
is, given then abaaaa or aaaaba are in but abaaba is not
a neighbor of On the other hand, as in our GA design, the initial solution
is randomly generated and a maximum number of iterations is considered as
stopping criterion. The remaining parameters/decisions are:

Iterations per Temperature. The number of iterations to be carried out before to
modify the temperature is the minimum between 1000 and being the
individual length and the number of different paths between the pair (source-
destination) associated with position In this way we allow the algorithm to
carry out a high number (in function of the network complexity) of iterations
per temperature, in order to achieve a stable behavior.

Cooling schedule. The temperature decreases geometrically by using the ex-
pression: with This is without any doubt the most popular
cooling scheme in simulated annealing, because it allows a fast decreasing during
the exploration phase and a slow cooling during the exploitation phase.

5 Performance Evaluation

In this section, we evaluate by simulation the performance of the optimal routing
path configuration resulting from applying the metaheuristic algorithm proposed
in Section 4 and compare it with that of the MaxCp traffic balancing algorithm.



A Methodology to Evaluate the Effectiveness of Traffic Balancing Algorithms 897

We use the up*/down* routing algorithm based on the DFS methodology
to compute the routing tables. To obtain realistic simulation results, we have
used timing parameters for the switches taken from a commercial network. We
have selected Myrinet because it is becoming increasingly popular due to its
good performance/cost ratio. Myrinet uses source routing. Packet sizes of 32
and 1024 bytes are used. Also, we assume a uniform distribution of packet des-
tinations. Traffic injection rate is the same for all the hosts. As shown by many
works, uniform distribution can be considered the most suitable synthetic traffic
pattern for analyzing interconnection networks under general purpose applica-
tions exhibiting undetermined and variable traffic patterns with different locality
degrees.

5.1 Network Model

The network is composed of a set of switches and hosts, all of them intercon-
nected by links. Irregular network topologies are considered in the evaluation.
The topologies have been generated randomly. We have generated ten different
topologies for each network size analyzed. Results in this paper correspond to
the topologies that achieve the average behavior for each network size.

Each switch has 8 ports wherein 4 ports connect to hosts and the remainder
connect to other switches. Network sizes of 8, 16, 32, and 64 switches have been
considered in order to evaluate the influence of the network size on performance.
These network sizes can be considered representative of clusters of PCs used
nowadays. Note that connecting 4 hosts per switch, a 64-switch network would
support up to 256 hosts.

We assume short LAN cables to interconnect switches and hosts. These cables
are 10 meters long, offer a bandwidth of 16 MB/s, and have a delay of 4.92 ns/m.
Flits are one byte wide. Physical channel is also one flit wide. Transmission of
data across channels is pipelined. Hence, a new flit can be injected into the
physical channel every 6.25 ns and there can be a maximum of 8 flits on the
link at a given time. A hardware stop and go flow control protocol [1] is used to
prevent packet loss. The first flit latency through the switch is 150 ns.

5.2 Simulation Results

For the sake of brevity, the graphs showed in this paper correspond to a 32-
switch network that exhibits an average behavior. The results for the remainder
are qualitatively similar. Figure 1 shows the average latency for the metaheuristic
algorithm (MetaHe) and MaxCp traffic balancing algorithm (MaxCp) when short
(a) and long (b) packets are used. As can be seen, the routing path configuration
obtained by applying the metaheuristic algorithm achieves better performance
than the one selected by applying the MaxCp traffic balancing algorithm. The
difference in throughput is roughly a 20 percent, regardless of the network size
and the packet length used. We have also analyzed bimodal traffic under different
rates of short and long messages, obtaining a behavior very similar, in relative
terms, to that exhibited with only short or long messages.
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As the performance of the MaxCp algorithm is higher than that of other exist-
ing algorithms, the results obtained in this evaluation can be generalized to other
low-performance algorithms. These results show that there is still enough margin
to improve the performance of traffic balancing algorithms. Notice that the per-
formance improvements resulting from applying traffic balancing algorithms are
achieved without requiring any hardware support that would increase the overall
system cost. Therefore, these algorithms represent a cost-effective approach to
improve the performance of current commercial interconnects.

On the other hand, despite the fact that metaheuristic algorithms often allow
us to obtain a set of routing paths able to provide an optimal traffic balance, they
would not be advisable to use them in their own right, rather than for bench-
marking other algorithms. The reason is that metaheuristic algorithms exhibit
a high computation cost which may not be acceptable in most cluster environ-
ments. The execution time of the applied metaheuristic algorithm depends on
the network size. It ranges between one hour and one hour and a half for 8-switch
and 64-switch networks, respectively, when running on a Myrinet cluster of 16
PCs (350 MHz Pentium III with 128 Mbytes RAM).

Fig. 1. Average message latency vs accepted traffic for a 32-switch network. Message
length is (a) 32 bytes and (b) 1024 bytes.

6 Conclusions

In this paper, we proposed a new methodology to evaluate the effectiveness
of traffic balancing algorithms. This methodology is based on comparing the
performance achieved by the set of paths selected by applying a traffic balancing
algorithm against that achieved by the set of routing paths selected by using a
metaheuristic algorithm.

Preliminary results obtained for a representative traffic balancing algorithm
have shown that its performance is significantly lower than that obtained by
using a metaheuristic algorithm. In particular, a difference in throughput as
high as 20 percent is obtained. However, the metaheuristic algorithms cannot
guarantee that in all the configurations they will always provide an optimized set
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of routing paths that achieve the best performance, and can even be detrimental
to performance. These results encourage us to continue to searching for more
effective traffic balancing algorithms suitable to improve the performance of
current commercial interconnects.

For future work, we plan to analyze the causes that limit the performance of
current traffic balancing algorithms in order to find new criterions to select the
final set of routing paths. The resulting algorithms must be viable in terms of
computational time. Also, we plan to study the effectiveness of traffic balancing
algorithms in the context of regular networks, such as fat trees.

References

1.

2.
3.
4.

5.

6.

7.

8.

9.

10.

11.

12.

13.

14.

15.

16.

17.

Boden, N., Cohen, D., Felderman, R., Kulawik, A., Seitz, C., Seizovic, J., Su, W.:
Myrinet - a gigabit per second local area network. IEEE Micro (1995) 29–36
Sheifert, R.: Gigabit Ethernet. Addison-Wesley (1998)
Association, I.T.: InfiniBand Architecture Specification Vol. 1, Release 1.0. (2000)
Schroeder, M., Birrell, A., Burrows, M., Murray, H., Needham, R., Rodeheffer, T.,
Satterthwate, E., Thacker, C.: Autonet: a high-speed, self-configuring local area
network using point-to-point links. IEEE Journal on Selected Areas in Communi-
cations 9 (1991) 1318–1334
Cherkasova, L., Kotov, V., Rockiki, T.: Fibre channel fabrics: Evaluation and
design. In: Procs. of the 29th Hawaii Int. Conference on System Science. (1995)
Qiao, W., Ni, L.: Adaptive routing in irregular networks using cut-through
switches. In: Procs. of the 1996 Int. Conference on Parallel Processing. (1996)
Silla, F., Duato, J.: High-performance routing in networks of workstations with
irregular topology. IEEE Trans. on Parallel and Distributed Systems 11 (2000)
Dally, W., Aoki, H.: Deadlock-free adaptive routing in multicomputer networks
using virtual channels. 4 (1993) 466–475
Duato, J.: A new theory of deadlock-free adaptive routing in wormhole networks.
4 (1993) 1320–1331
Konstantinidou, S., Snyder, L.: The Chaos router. IEEE Transactions on Com-
puters 43 (1994) 1386–1397
Franco, D., Garcés, I., Luque, E.: A new method to make communication latency
uniform. In: Procs. of ACM Int. Conference on Supercomputing. (1999) 210–219
Flich, J., Malumbres, M., López, P., Duato, J.: Improving routing performance
in myrinet networks. In: Procs. of the Int. Parallel and Distributed Processing
Symposium. (2000)
Sancho, J., Robles, A.: Improving the up*/down* routing scheme for network of
workstation. In: Procs. of the European Conference on Parallel Computing. (2000)
Glover, F., Kochenberger, G.: Handbook of Metaheuristics. Kluwer Academic
Publishers (2003)
Sancho, J., Robles, A., Duato, J.: A new methodology to compute deadlock-free
routing tables for irregular topologies. In: Procs. of the 4th Workshop on Commu-
nication, Architecture and Applications Network-based Parallel Computing. (2000)
Michalewicz, Z.: Genetic Algorithms + Data Structures = Evolution Programs.
Springer-Verlag (1996)
Laarhoven, P.V., Aarts, E.: Simulated annealing. Reidel Publishing Company
(1988)



Load Unbalance in k-ary n-Cube Networks*

J. Miguel-Alonso1, J.A. Gregorio2, V. Puente2, F. Vallejo2, and R. Beivide2

1 The University of the Basque Country,
Department of Computer Architecture and Technology,

P.O. Box 649, 20080 San Sebastián, Spain
miguel@si.ehu.es

2 University of Cantabria, Computer Architecture Group, ETSIIT,
Av. de Los Castros s/n, 39005 Santander, Spain

{jagm,vpuente,fernando,mon}@atc.unican.es

Abstract. This paper studies the effect that HOL (Head-of-Line) blocking in
the packet injection queue has on the performance of bidirectional k-ary n-
cubes, for values of k over a certain threshold (around 20). The HOL blocking
causes an unbalanced use of the channels corresponding to the two directions of
bidirectional links, which is responsible for a drop in the network throughput
and a rise in the network delay. Simulation results show that this anomaly only
appears in those rings where most injections are performed (normally, those in
the X axis), and that the elimination of the HOL blocking in the injection queue
enables the network to sustain peak throughput after saturation.

1 Introduction

The performance of the interconnection network of a parallel computer has a great
impact in the system’s performance as a whole. K-ary n-cubes are the most common
direct interconnection network topologies, encompassing rings, meshes, and tori. A
central element of this kind of networks is the packet router that injects packets from
(and delivers packets to) the compute node to which it is connected, and also routes
packets coming from other routers which have to be delivered to other nodes.

The architecture of the router has a fundamental impact on the execution time of
applications running in the parallel machine [4],[7]. Typical design objectives are to
keep it simple (to reduce cycle time) while getting as much functionality as possible.
Simplicity leads to the use of input transit queues and injection queues with FIFO
policy. It is well known, however, that this policy has negative effects, HOL (Head-
of-Line) blocking among the most harmful of them. Several works have dealt with
ways of reducing this effect on transit queues [5]. However, HOL blocking in the
injection, to the best of our knowledge, has not been reported in the literature, and as
this paper will prove it also has a negative impact on performance that severely af-
fects the scalability of this kind of networks. In fact, HOL at the network interface is
one of the key reasons why performance suddenly drops when the network surpasses
its saturation point. As we increment the applied load, before reaching the saturation

* This paper has been done with the support of the Ministerio de Ciencia y Tecnología, Spain,
under grants TIC2001-0591-C02-01 and TIC2001-0591-C02-02, and also by the Diputación
Foral de Gipuzkoa under grant OF-758/2003.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 900–907, 2004.
© Springer-Verlag Berlin Heidelberg 2004



Load Unbalance in k-ary n-Cube Networks 901

point, the network accepts the entire offered load. However, sometimes when this
maximum point is reached, the accepted load falls below the levels reached before
saturation – instead of staying at that maximum level.

This anomaly shows up in bidirectional links as an uneven usage (unbalance) be-
tween channels going in opposite directions, but only on those rings of the k-ary n-
cubes were most injections are performed – typically, those in the X axis – and only
for ring sizes over a certain threshold (around 20 nodes per ring). This threshold de-
pends on many characteristics of the network (such as deadlock-avoidance policy,
number of virtual channels, etc.) so it must be taken as a reference point, not as an
absolute value. For different values of k we have observed variations in the way this
unbalance materializes. In some cases, channels X+ are full during most of the simu-
lation time while X- are almost empty (it may well happen the other way around). In
some others there are oscillations. In none of the cases studied we have observed this
phenomenon disappearing spontaneously. To avoid this anomaly, it is necessary to
eliminate the HOL blocking from the injection queue. In the simulation (with uniform
traffic) we achieve this by dropping the packets that are blocking the queue. A realis-
tic implementation would require the use of non-FIFO queues, or the implementation
of separate injectors: one per direction.

The rest of this paper is organized as follows. In Section 2 we describe the anomaly
and the context where it arises. Section 3 presents its effect in rings (1-cubes). Section
4 is devoted to describing the causes of the unbalance and possible measures to avoid
it. Section 5 studies the load unbalance in 2D and 3D tori. Section 6 analyzes the
appearance of unbalance when running actual applications. Finally, in Section 7, the
main conclusions of the work are summarized.

2 General Description of the Anomaly and Its Context

We have observed that, in k-ary n-cube networks with bidirectional links, when the
applied load exceeds the saturation limit of the network for the corresponding traffic
pattern (we have limited our studies to uniform traffic), the occupation of network
resources is not balanced between both directions. This anomaly shows up in any of
the mentioned networks, and it originates mainly in the structure of the packet router.
Figure 1 describes our basic router organization, showing the usual hardware mod-
ules: crossbar, buffers, arbitration logic, synchronization, etc.

The design of a router has to maximize the use of the network resources avoiding
communication anomalies such as packet deadlock, livelock and starvation. In our
experiments, we use a router that has two or three virtual channels (FIFO queues) per
input link to support fully Adaptive Bubble Routing (ABR) [7]. When using ABR, a
subset of the total virtual channels is configured as a safe (or escape) virtual network
[3] in which packet deadlock never occurs. The remaining virtual channels are con-
figured as a fully adaptive virtual network. Packets move under two different policies.
In the adaptive virtual network the injection and transit of packets are regulated by
both Virtual Cut-Through flow control (VCT) and minimal adaptive routing. In the
safe virtual network the injection of packets is regulated by Bubble Flow Control
(BFC), a mechanism for avoiding packet deadlock in topologies based either on a
single ring or on a set of rings. In the case of topologies composed of a set of rings,
these rings must be visited under Dimension Order Routing (DOR) and packets trav-
eling from one ring to another inside the safe network are considered as new injec-
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tions. Packets in transit inside a safe ring are regulated by VCT. Packets can move
freely from the safe to the adaptive network, but the change of packets from the adap-
tive to the safe network is regulated by BFC.

Fig. 1. Left: router model for a k-ary 2-cube. In this case, each physical channel is shared by
three virtual channels (0 or Escape, 1 and 2). Each virtual channel has its own input queue to
store packets in transit. Right: Accepted vs. applied load in a 30-ary 1-cube. Uniform traffic.

This interconnection network is very similar to the one being used in IBM’s
BlueGene/L supercomputer [1], in topology (a 3D torus), flow-control, deadlock-
avoidance mechanism, etc. We have observed, however, that the mentioned unbal-
anced use of resources also appears when utilizing different deadlock-avoidance poli-
cies, such as the classic use of virtual channels proposed by Dally [2].

3 Load Unbalance in Rings

Let us consider a ring (k-ary 1-cube) with nodes such as those represented in Fig. 1.
Each router is connected to its neighbors via two physical links: X+ (for packets mov-
ing from left to right) and X- (for packets moving from right to left). The bandwidth
of each physical channel is one phit per cycle. Additionally, the router is connected
(via an interface) with a computing element. For the rest of this section, we will con-
sider these additional characteristics of the network: a) Each physical channel is
shared between two virtual channels. We will name the VCs as follows: X+0, X+1,
X-0 and X-1. Channels 0 are Escape channels. Channels 1 are adaptive; although
there is no possible adaptation in a ring (there is only one way to reach the destina-
tion), the bubble restriction to inject does not apply in these channels; b) Packets are
of 16 phits; c) Each VC has a transit queue of 8 packets (128 phits). The injection
queue capacity is also of 8 packets; d) Traffic pattern is uniform.

We have studied the performance of this network by injecting a variable load
(measured in phits/node/cycle) of traffic and determining the actual load delivered by
the network. Data for a 30-node ring is plotted in Fig.1 (right). All applied load is
delivered until the saturation point is reached. After that point, a sharp drop in the
accepted load is observed (the magnitude of this drop also depends on many design
parameters). One cause of this drop is that, when reaching the saturation point, net-
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work resources (queues) are not used in a balanced way. Channels moving packets to
the right (X+) may be saturated while queues in the X- direction are almost empty. Of
course, it may happen the other way around (X+ empty while X- full).

Fig. 2 plots the occupation of queues for different ring sizes (10, 20, 30 and 100),
all with the characteristics stated before. We have performed simulations under a
heavy applied load (always beyond saturation point) of uniform traffic. The occupa-
tion of the queues of one node in the ring has been sampled every 2Kcycles. In the
case of a 10-node ring, occupation is always very low throughout the simulated time.
The average distance traversed by packets when going from source to destination is
very short and therefore saturation is reached before queues are fully used.

Fig. 2. Queue occupation in rings of 10 (top-left), 20 (top-right), 30 (bottom-left) and 100
(bottom-right) nodes; uniform load at maximum level. Measurements were taken every 2000
simulated cycles; graphs represent the moving average of them. Possible values are between 0
(totally empty queue) and 128 (queue full with 8 packets, 128 phits).

For larger rings, the behavior of the network drastically changes. For a 20-node
ring, we observe a fast alternation of the unbalance: for a short time X+ is full while
X- is empty but then the situation reverses and X+ is empty while X- is full, for a few
cycles before returning to the previous situation. For a 30-node ring this alternation
does not happen: almost immediately the unbalance appears and stays for all the
simulation time: channels X- are saturated, while channels X+ have an occupation of
about 30 phits, 1/4 of their capacity. The graph for a 100-node ring shows yet another
scenario, which is actually a combination of the previous two: for 500 Kcycles chan-
nels X+ utilization oscillate, but below saturation, while X- are saturated; then, for
about 1000 Kcycles, X+ are saturated while X- are less occupied. The last (rightmost)
part of the graph shows how the unbalance then reverses. At any rate, in none of the
experiments performed with rings over 20 nodes have we seen the anomaly disap-
pearing spontaneously.
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4 Causes of the Unbalance and Measures to Avoid It

We hypothesize that the cause of this unbalance is the Head-of-Line blocking of
packets in the injection queue of the router. Packets injected in the network from a
computing element (the only source/sink of traffic) have to go through the injection
queue associated to the network interface, as shown in Fig. 1. Let us imagine that the
packet in the head of the injection queue has to be routed through X+ (because the
routing algorithm orders this) and this channel is saturated (actually, both X+0 and
X+1 are saturated). The packet must wait. However, if the next packet in the queue
has to be routed through X-, it must (unnecessarily) wait. Under uniform traffic, the
probability of this situation arising is the same for X+ blocking X- as for X- blocking
X+, so the traffic pattern is not the cause of the anomaly.

However, as soon as a certain unbalance happens (which is something we can ex-
pect with uniform traffic), a positive feedback effect exists that provokes instability.
The packet at the head of the injection queue is willing to enter into the saturated
channel and is waiting (forcing the next packets in queue to wait too). Meanwhile, the
other (less busy) channel does not receive additional traffic, so part of its load will
decrease as packets are consumed. As soon as the saturated channel has room for
another packet, the one waiting uses it – so the channel is saturated again. Thus, one
channel stays fully occupied, while the other one is almost empty. Packets traveling
through the almost empty channel will, when finally injected, rapidly reach their des-
tination, while the others will slowly traverse a sequence of full queues. The effect of
the unbalance caused by the HOL blocking will be increasingly worse.

If HOL blocking is the cause of the anomaly, the solution to eliminate it should be
avoiding this blocking. For example, if a non-FIFO queue policy is used, some pack-
ets may get ahead of others that are blocked [5] and there is no cause for the unbal-
ance to appear. Obviously, this solution increases the complexity of the packet router.
Another possible solution is to have more than one injection queue in the network
interface: one per direction. A preliminary routing decision is performed at this inter-
face, by putting the packet in the corresponding queue. All the packets stored in one
of these queues will follow the same direction, so there is no HOL blocking. This
solution, in addition to increasing the complexity of the interface, requires sufficiently
long injection queues; otherwise, the HOL blocking would reappear in higher levels
when queues are full.

A trivial solution would be to simply drop the packet causing the HOL blocking
(the one at the head of the injection queue that cannot be injected). From a practical
point of view this is not a valid solution, because it will force higher levels in the
communication protocols (or even applications) taking care of recovering lost pack-
ets, and this will drastically reduce performance. However, it is perfectly applicable
when dealing with a simulation and with synthetic workloads.

5 Studies with 2D and 3D Tori

A 2D torus (k-ary 2-cube) consists of a set of rings in the X dimension (X-rings) and
another set in the Y dimension (Y-rings). In a simulation study of this network, we
have observed that queue usage in the X-rings is almost identical to that of rings (sec-
tion 3). However, unbalance does not appear in Y-rings. This is due to the policy
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followed to make packets advance: for adaptive channels, it is not compulsory to
inject in an X-ring, but there is a certain preference to do so (X-rings are tested for
availability before Y-rings). In the Escape channels packets advance following di-
mensional order routing (DOR), so under saturation (when Escape channels are more
heavily used) most packets will necessarily be injected into an X-ring. Furthermore,
Escape channels in Y-rings have more injectors, because they accept traffic from X-
rings; thus, the probability of the HOL blocking happening is lower than in X-rings.
Fig. 3 plots the queue occupation in an X-ring and in a Y-ring of a 30x30 torus. As we
stated before, the graph for the X-ring looks like the one for the 30-node ring. How-
ever, curves for the Y-ring show a different, but very reasonable behavior: adaptive
channels Y+l and Y-l are heavily (and equally) used. Escape channels Y+0 and Y-0
are less heavily (but equally) used.

Fig. 3. Queue occupation in a 30x30 torus for the X-rings (left) and Y-rings (right) under
maximum uniform load. Measurements were taken every 2000 simulation cycles; graphs repre-
sent the moving average of them. Possible values are between 0 (totally empty queue) and 128
(queue full with 8 messages, 128 phits).

What happens now with network performance? Fig. 4 (left) shows accepted vs. of-
fered load for four variants of 30x30 torus with and without using any mechanism to
avoid HOL blocking. We observe that using two adaptive VCs (2CVA) improves
performance (compared with just one (1CVA)). However, the unbalance in the X-
rings does cause drops in performance in both cases – although in the case “2CVA”
this happens when applying a slightly higher load. We also observe that the elimina-
tion of HOL blocking allows a high level of accepted load to be reached (close to the
theoretical maximum) and, what most importantly, maintained under applied loads
above the saturation point. Even more noteworthy is the impact that this unbalance
has on the average delay experienced by packets when traversing the network, as well
as on the standard deviation of this delay. Fig. 4 (right) shows that, avoiding HOL
blocking, std. dev. of packet delay drops to about 1/3 of its original value. It is easy to
understand that the existence of one saturated path while the other is almost empty
causes a great dispersion of the number of cycles that packets require to reach their
respective destinations: while some packets experience an empty network, others have
to compete to pass through a collection of saturated channels.
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Fig. 4. Left: Accepted vs. applied (uniform) load in a 30x30 torus for 1 and 2 VCs (in addition
to the Escape VC) and with/without avoiding HOL blocking. Right: standard deviation of the
average packet delay in this network.

For 3D tori the unbalance also appears in the X-rings when their sizes surpass the
threshold already stated (around 20). An obvious consequence is that this phenome-
non can only be observed in very large networks (around 8000 nodes). As an exam-
ple, the previous 30x30 torus (900 nodes) suffers from this effect, while a similar 3D
torus (10x10x10, or 1000 nodes) does not. In addition to the better topological charac-
teristics (in terms of network bisection bandwidth, average distance, and so on) this
may be another reason to make 3D torus the most suitable topology.

6 Unbalance Using Actual Applications

This section proves that the unbalance is not a consequence of using a synthetic uni-
form load. This unbalance is also present under real applications traffic load. Using a
simulator of multiprocessor systems [6] integrated with the SICOSYS simulator of
interconnection networks [8], we have performed an execution-driven simulation of
the Radix application (part of the SPLASH-2 benchmark suite). Fig. 5 shows the
results of measuring each 5000 cycles queue occupation of each virtual channel’s
transit queues. Packet length is 20 phits; queue capacity is 4 packets.

Fig. 5 shows the results for an application characterized by its uniform traffic pat-
tern such us radix. Between cycles 1M and 3M channel X-1 (adaptive) is more heav-
ily used than X+1. This effect is particularly visible around cycle 2.5M. Additionally,

Fig. 5. Occupation of queues when running the Radix application on a 30-node ring with 512K
integer keys. Data taken from an execution-driven simulation combining RSIM and SICOSYS.
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around cycle 6M we can observe the alternation phenomenon previously described for
rings. The unbalance cannot be attributed to the characteristics of the Radix applica-
tion (it is not true that nodes in Radix send more data towards one direction that to-
wards the other), because for the time periods represented in the figure the application
interchanges keys in a highly random, uniform way. Thus, this behavior confirms our
hypothesis about the occurrence of the anomaly not only with synthetic traffic but
also with actual applications.

7 Conclusions

We have identified and analyzed the load unbalance that appears in bidirectional rings
of k-ary n-cubes when uniform traffic is applied, which is caused by the HOL block-
ing in the injection queues. We show that the elimination of this blocking allows
throughput to be sustained at its peak level and, additionally, may reduce the standard
deviation of network latency by up to 30%. This unbalance appears under different
deadlock-avoidance techniques, in 1, 2 and 3-D networks, but only for sizes over 20
nodes per dimension, and only in the rings where most packet injections are per-
formed (usually, the rings in the X axis). Finally, we have shown that the anomaly can
also be present with traffic generated by real applications.
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Abstract. This paper describes the impact that buffer management has on net-
work performance for a cut-through 1D ring. Such network provides only one
routing alternative between each pair of nodes. The network is kept simple to il-
lustrate the significance of buffer management for all virtual cut-through net-
works. Besides, 2D and 3D torus, among other networks, can be seen as a col-
lection of interlinked 1D rings. The simulation results will show that the key to
maximum sustained throughput is to reserve half of our buffer capacity for tran-
sit packets. This increases link utilization by maximising packets at the sending
node and empty buffers at the receiving node.

1 Introduction

Ring networks have been widely used to implement local, campus and metropolitan
area networks. Extensions of 1-D rings such as Chordal Rings of degree three and
four have been considered in the literature [2]. Popular extensions of the ring are the
2-D and 3-D Torus, frequently used to interconnect highly-coupled parallel systems
[11].

An ideal router has infinite buffer space but will only buffer a packet when the
output ports to which the packet is routed are busy. In real life, buffers are finite and
have finite bandwidth. Buffer capacity in the order of a few packets per input link is
sufficient to cope with the traffic variations of a non-saturated network [5]. Further
buffer capacity has little impact on network response.

Most routers use input FIFO queues because of their simple implementation that
translates into low access time and larger buffer capacity [6]. On the other hand, buff-
ers may be better used in centralized or output queues, with the additional advantage
of eliminating the head-of-line blocking (HOB) exhibited by input FIFO queues.

Full link utilization is achieved if we always have a packet requesting the link and
if the flow control mechanism allows that packet to use the link. Most of the network
research has focused on issuing the maximum number of requests from their incom-
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ing packets, by finding organizations that eliminate HOB within a reasonable cost in
terms of router delay [13] [9] [8]. We should emphasize, though, the dual role played
by the router buffer space. Maximum link utilization relies also on keeping the buff-
ers non-full as to provide the guaranteed space required for packets under cut-through
to progress. Hence, the goal of this paper is to understand how to best use of the net-
work buffer space.

We have considered a simple 1D network with oblivious routing as there are only
two possible outputs: the next router or the destination node. Consequently, the router
architecture is very simple. We will see that in such simple scenario, buffer manage-
ment can dramatically impact on network throughput. Blocked packets will release
one buffer as they move to another one in the adjacent node. Thus, the variations on
buffer utilization are mainly due to the allocation of buffers to new messages as they
are injected from each source node. Injection policies that maintain buffer occupancy
around 50% will maximize throughput for any ring and buffer size. This result pro-
vides an invaluable insight into the design of VCT interconnection networks able to
reach and sustain high throughput under heavy loads with practically no additional
hardware cost.

The rest of the paper is organized as follows. Section 2 presents the network under
study, describes its router node and its theoretical performance limit. Section 3 pre-
sents a performance evaluation of the ring network obtained by a cycle-driven simu-
lator. Finally, Section 4 collates the contributions of this paper.

2 Ring Networks

A ring is a collection of point-to-point links that connect N nodes in a loop as shown
in figure 1. The links can be unidirectional or bidirectional. Routing in a ring is very
simple: a packet is forwarded from one node to the next until it reaches its destina-
tion. In the case of bidirectional rings, at injection time the packet is sent in the direc-
tion of its minimal path.

Fig. 1. Ring topology for N = 5 with (a) unidirectional and (b) bidirectional links. (c) ring node
for unidirectional ring.

We can view a bidirectional ring as a set of two unidirectional rings. Thus, we will
first study the simplest unidirectional ring. Figure l(c) shows the router node for such
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a network. A ring router has a very simple architecture: it accepts messages from both
its neighbour node (or nodes if bidirectional) and its local injection interface and
according to their destination the routing logic selects whether to forward or deliver
it. The crossbar switch connects the input and injection buffers to the output and de-
livery buffers. Finally, the link controller implements VCT flow control.

As the ring topology contains a cycle, it is possible for this network to reach dead-
lock when all its nodes have full input and output buffers and none of their messages
have reached their destinations yet. No message can be forwarded; all of them are
waiting for a packet buffer to become empty.

Network deadlock can be prevented by using virtual channels to break this cyclic
dependency. This method, initially proposed for wormhole torus networks[4], has
been widely used in multicomputer systems such as the Cray T3D [11].

Deadlock can also be avoided if each node is prevented from filling its local buff-
ers as described in [10]. This means that packets at the injection queue must satisfy
more restrictive flow control conditions than VCT (the existence of two free packet
buffers instead of one). A switching technique based on this mechanism has recently
been implemented in the BlueGene/L supercomputer [1]. In this paper we present
results using the latter although similar responses were observed with the former
method.

2.1 Performance: Theoretical Limits

The goal of a good design is to achieve high throughput, close to 100% link utiliza-
tion at high loads, while providing fast switching at low loads. Maximum throughput
under random uniform traffic is limited by the network bisection bandwidth - the
minimum number of channels that must be removed to partition the network into two
equal sub-networks [5]. In a unidirectional ring of N nodes, the maximum injection
rate is 4/N flits/cycle/node.

Real networks, though, exhibit peak throughputs in the range 70 to 90% of this
theoretical limit. If we know the causes behind the 10 to 30% performance loss, we
may be able to push network performance closer to its limit. In fact, in a unidirec-
tional ring under heavy loads there are only two scenarios in which the link is not
utilized:

1) When there are no packets to forward: the incoming packets are being delivered
and the router has no blocked packets for that direction.

2) When the flow control stop us from sending because the next router buffer is full

The first scenario is not intuitive, as a congested network will have overflowing injec-
tion queues. However, a large network has a small node injection rate with variable
arrival rates, so it is possible that while the router is delivering one packet it has no
new packets to keep the output link busy. This effect was identified and quantified by
Pertel [14] and amounts for a small percentage, which is a function of the network
size N; for a small N, such as 8, the maximum link utilization is 85% but for a large N
such as 128, the value obtained (98.4%) is close to full utilization. In any case, this
effect does not depend on the router design.



Understanding Buffer Management for Cut-Through 1D Rings 911

The second scenario can be prevented by managing the buffer space so that it not
likely to be full. In other words, buffer resources should be allocated in such a way
that they provide enough packets to keep the link busy most of the time as well as
reducing the likelyhood of becoming full. Transit packets release one buffer at the
leaving node, while occupying another at the receiving node (in our router, a packet
buffer is available to receive the next packet as soon as the packet header leaves).
Therefore, our buffer management will focus on restricting access to new messages,
so that buffers are not overflowed.

There is a small body of research on restrictive injection in low degree networks.
Stamatopoulos[12] proposes a congestion control mechanism which uses control
packets to implement barriers in a cut-through 2D mesh. Lopez [7] restricts message
injection in a wormhole torus network in order to reduce the probability of deadlock.
Dally and Aoki [3] throttle injection in a wormhole mesh by limiting the number of
virtual channels a new packet can request. All of them show that holding back pack-
ets at congested loads is a successful strategy regardless of flow control. Therefore,
we want to understand why and how limited injection works under VCT.

3 Evaluation of Ring Injection Policies

In order to evaluate buffer management policies in a ring network, we have used a
cycle driven simulator which models the basic router node described in section 2.1.

To simplify the model and eliminate trailing effects the packet size is set to 1 phit.
Simulations with larger message size exhibit similar trends so they won’t be shown.
Our injection policy will be based on local buffer occupation. We have set the buffer
size to 8 packets per physical link We will vary the free local buffer space required to
inject a packet from the minimum, 2, to 7. The ring size varies from 16 to 128 nodes.
The traffic pattern is random or uniform traffic: each node sends messages to any
other node with equal probability. We should note that in a 1D ring, head-of-line
blocking only occurs when a packet at the input FIFO, which is to be delivered, pre-
vents another packet to move to the output queue. As the processor node is model as
an ideal sink, this will never occur for the unidirectional ring.

As the goal is to increase link utilization, we will examine network performance
versus offered load. We will measure the average network population and its impact
on peak throughput at and beyond saturation. We will not show values for network
latency as it does not provide any further insight.

3.1 Applying Restrictive Injection to Unidirectional Rings

Figure 2 shows the throughput as a function of the offered load achieved with and
without additional restrictive injection. The acronym R64-f4 means a simulated ring
of 64 nodes allowing packet injection into an output channel when it has space for
four packets. Note the minimum under bubble routing is two packets (f=2).

Looking at network response for that base case, its peak throughput ranges from
80% for the 16-node ring to 90% for the 128-node ring.
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Fig. 2. Throughput versus offered load for unidirectional rings of variable size under increas-
ingly restrictive injection policies.

However, with 100% offered load throughput degrades down to 78%. To explain
this loss we refer to buffer occupation at and beyond saturation as shown in Table 1.
We can see that rings saturate with loads that use approximately 35% of buffers re-
gardless of network size. In all cases, ring population soars beyond saturation. Note
that the deadlock avoidance method prevents new packets from filling the last free
buffer, thus the packets queuing at the node interface will access 7 of the 8 local buff-
ers (87% buffer capacity). This reduces the mobility of transit packets – compare
buffer occupations at peak and full loads - and results in 10% throughput loss. These
results indicate the need for an injection policy that reserves additional buffer space
for packets already in transit.

Figure 3 shows the impact of restrictive injection policies on maximum sustained
throughput. For any node size, reserving an additional free buffer result in a signifi-
cant performance gain. On the other hand, reserving 7 buffers reduces peak through-
put down by 5% by preventing too many packets from entering the ring so that the
link is slightly under-utilized. Note that in this network all packets in transit request
the same output link, so a low population of one to two packets per link is enough to
keep the link fully utilized.
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Fig. 3. Maximum sustained throughput as a function of the injection policy for rings of size 16
to 128 nodes.

We should note that holding packets back does not only eliminates the 10% per-
formance drop but it results in higher peak throughput as well. For example, a 128-
node ring is saturated at 95% load, delivering only 80% as shown in figure 2. How-
ever, if we hold some packets back at the node interface, the network does not satu-
rate. Besides, at full load is able to deliver not only 95% but up 98.4% of packets.

The network behaviour as seen by the network interface when reserving 3 to 6 free
packets for transit traffic is remarkable similar in terms of throughput and latency.
For example at 90% load, average latency is either 206 or 207 cycles for any of the
above policies. With R128-f3, the packet will spent on average 4 cycles waiting at the
injection frame and 202 traveling towards it destination. With R128-f6 it will wait
longer, 27 cycles, but it will travel faster as well, 180 cycles. There is also a clear
difference in buffer occupation, ranging from 70% for R128-f3 to 35% for R128-f6.
Note the latter figure matches the occupation at peak loads. So, we are not reducing
the number of packet required to keep the links busy in spite of the restrictive condi-
tions. Furthermore, the network delivers more packets if is kept nearly empty than if
is allowed to flood all but one packet.

3.2 Applying Restrictive Injection to Bidirectional Rings

This section evaluates the performance of bidirectional rings. We have provided two
injection queues, one per direction, so the main difference with the previous network
is that messages travel shorter paths. Besides, they share access to the delivery chan-
nel. Thus, is not surprising that the network behaviour is similar to that observed for
its unidirectional counterpart (refer to fig 2).

Figure 4 shows the network performance as a function of offered load for three
bidirectional rings of size 32, 64 and 128 nodes. As the ring size grows, so it is does
its peak throughput. However, for loads above saturation, throughput performance
degrades back to 70%, a drop of up to 20%.
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Fig. 4. Throughput for bidirectional rings under increasingly restrictive injection policies.

Again, requesting more free buffers before entering the network not only elimi-
nates the drop but it also achieves slightly higher throughput. As Figure 4 shows, the
networks works better if is prevented from filling up its buffers. Note that in all cases
is better to be too restrictive (f=7) than too generous (f=2). Thus, a safe bet for any
network size will be to reserve half of the buffer capacity to transit packets.

We can conclude that any given ring has an optimal population that allows the
network to deliver maximum throughput. The population should be large enough to
use all the network links, cycle per cycle, but small enough so that it maintains free
space at each input buffer. For the network under study, a population of 2 to 3 pack-
ets per node is sufficient to keep the links busy. The remainder buffer is used more
effectively when reserved for transit traffic.

4 Conclusions

In this paper we have explored injection policies that limit packet population in the
network as a strategy to increase and sustain network peak throughput. We have seen
that buffers are a critical resource in a virtual cut-through network. To utilize a net-
work link we require a packet in the sending node and a free buffer in the receiving
node. At heavy loads, buffer allocation should restrict new packets from accessing the
scarce free buffers, which are compulsory to drain the network.
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This work presents the first study of the impact that packet population has on peak
throughput. Our simulations show that a ring work best when reserving at least 3
packet buffers to hold transit packets while the remaining buffers are used sporadi-
cally to cope with temporary congestions. The understanding gained from simple 1D
rings will allows us to develop better buffer management policies for cut-through
networks such as 2D and 3D torus currently used to built parallel systems.
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Abstract. We consider the problem of providing full coverage of a pla-
nar region with sensors. Likewise, we consider the connectivity of the
sensor network of directional antennas formed by sensors in this region.
Suppose that sensors with coverage angle (also known as beam width)

and reachability radius are thrown randomly and indepen-
dently with the uniform distribution in the interior of the unit square.
Let be the probability that a given sensor is active. We prove that if

then the probability the sensors pro-

vide full coverage of the unit square is at least Likewise, we
consider the connectivity of the resulting sensor network. We show that if

then the probability that a connected

subnetwork of sensors provides full coverage is at least

1 Introduction

Sensors are low-power communication and sensing devices that can be embedded
in the physical world and spread throughout our environment (see Kahn et al [7],
Estrin et al [5], Hollar [6]). Large scale sensor networks are formed by sensors that
can be automatically configured after being dropped over a given region. Such
networks are deployed in order to handle various services over remote and/or
sensitive regions, including monitoring, structural stability of buildings, quality
of air, etc, and form the basis of numerous military and civilian applications. It
is expected that the cost of such devices will drop significantly in the near future
(see the study in [11], Agre et al [1], and Warneke et al [13]). Sensor nodes
enable autonomy, self-configurability, and self-awareness. Sensor networks are
built from such sensor nodes that create spontaneously an adhoc network. They
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Council of Canada) and MITACS (Mathematics of Information Technology and
Complex Systems) grants.
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can assemble themselves automatically, adapt dynamically to failures, manage
movement, react to changes in network requirements, etc.

In this paper we are concerned with sensor networks formed in an adhoc
manner from unreliable sensors dropped, e.g., from an airplane, on a given planar
region, e.g., a unit square region. A sensor is a device that can sense events
within a certain reachability radius if they are within a given coverage angle.
The purpose of such a sensor network is to report events, e.g., to a certain base
station located within the unit square region. To ensure that all events within
this region are reported, it is important that coverage of the entire region is
guaranteed as well as that the resulting sensor network is connected. There have
been several studies on routing and location identification in adhoc networks
in which sensors use only constant memory and local information. Several such
interesting studies include Bose et al [2], Braginsky et al [3], Doherty et al [4],
Kranakis et al [8], Kuhn et al [9], Meguerdichian et al [10], Ye et al [14]).

The first study on the coverage and connectivity problem we consider in this
paper appeared in Shakkottai et al [12] for a restricted model in which the sen-
sors are assumed to occupy the vertices of a square grid the size of a unit square,
the reachability radius of the sensors is and the angular coverage of the sensors
is 360 degrees. We follow closely the model of Shakkottai et al [12]. To accom-
modate faults we assume there is a probability that a given sensor is active.
However our sensor model is more general. First, unlike Shakkottai et al [12]
where sensors may occupy only the vertices of a square unit grid, our sensors
may occupy any position inside the unit square randomly and independently
with uniform distribution. In addition to the position of the sensors, their ori-
entation is also random and may occupy any angular position in the range from
0 to 360 degrees. Second, our sensors have limited angular visibility. Thus our
sensors can be thought of as flood-lights with a given coverage angle of size
that can see every point in the part of the region subtended by their visibility
angle, and reachability radius Equivalently, we can think of the sensors as
antennas that can communicate provided they are within range and angle of
each other.

Consider sensors in the interior of a unit square. In order to study the limits
of the coverage and connectivity problem we find it convenient to parametrize
the characteristics of the sensors as a function of More specifically, let

be the coverage angle, and the reachability radius of the sensor,
respectively. Let be the probability that a given sensor is active, in
which case is the probability that the sensor is inactive.

We are interested in the problem of using sensors in order to cover every
point of the given region, which for simplicity is assumed to be a unit square in
the plane over which sensors are dropped, say from an airplane. More specifically
we can formulate the following problem.

Problem 1. sensors (i.e., directional antennas) are dropped randomly and in-
dependently with the uniform distribution (i.e., in position and rotation) over
the interior of a unit square. What relation between must exist in order
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to ensure that surviving sensors provide full coverage of the unit square? interior
of the unit square?

We want to ensure that the network of directional sensors is connected, i.e.,
there is a communication path between any pair of sensors in the network. Note
that since the placement and orientation of the sensors is random there is a
reasonable probability that some sensors will be unable to communicate with any
other sensors. Rather than achieve full connectivity we require that a connected
subnetwork exists that achieves full coverage. In particular, we can formulate
the following problem.

Problem 2. sensors (i.e., directional antennas) are dropped randomly and in-
dependently with the uniform distribution (i.e., in position and rotation) over
the interior of a unit square. What relation between must exist in order
to ensure the existence of a connected subnetwork of sensors that provides full
coverage?

Our approach is sufficiently general to solve the coverage problem for a unit
square region when the sensors can be placed only on its perimeter. In this
case we assume that the reachability radius of the sensors is equal to 1. More
specifically we consider the following problem.

Problem 3. sensors (i.e., directional antennas) of reachability radius 1 are
dropped randomly and independently with the uniform distribution (i.e., in po-
sition and rotation) over the perimeter of a unit square. What relation between

must exist in order to ensure the surviving sensors provide full coverage
of the interior of the unit square?

1.1 Results of the Paper

2 The Network of Sensors

Consider two sensors at A, B. If the coverage angle is and A is reachable from
B then also B is reachable from A. Clearly, this makes the sensor network an
undirected graph. The situation is different when the coverage angle of the
sensors is less than Two sensors at A and B may well be within reachability
range of each other but either A or B or both may not be within the coverage
angle of the other sensor. Clearly, this makes such a sensor network a directed
graph.

We show that if then the probability that

the sensors provide full coverage of the unit square is at least Con-
versely, if, the sensors provide full coverage of the unit square with probabil-
ity at least then Likewise, we consider the
probability that the resulting sensor network is connected. We show that if

then the probability that a connected sub-

network of sensors provides full coverage is at least
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2.1 Covering a Circle with a Sensor

Consider a sensor at A. We would like that a circle of radius R fits inside the
coverage range of A and is visible from A with an angle of size Let be
the distance of the sensor from the center K of this circle. Since the reachability
radius of the sensor is the circle at K is entirely visible from the sensor at
A if Since the above inequality is equivalent to

Lemma 1. A circle of radius R may lie within the coverage range of sensor if
and only if

Moreover, the probability that a given sensor at distance from a given circle of
radius R such that is active and covers the circle, is

3 Achieving Coverage

We are interested in specifying conditions on the three main parameters
so that the active sensors in the unit square provide

full coverage. Using Lemma 1 we are interested in finding sensors that with high
probability cover a given set of circles of radius Any sensor
within a strip of thickness R/2 at distance can potentially cover a circle of
radius R. The probability that a given sensor within this strip will cover fully
such a circle is at least The expected number of sensors within the strip
at distance from A is at least It follows that up to a constant

It is now easy to see that in order to ensure that it
is enough to assume that

To obtain coverage of the whole unit square we decompose the given region
into circular overlapping subregions each of radius R, where

This overlap is necessary
in order to guarantee that if each such circle is fully covered by a sensor the
whole unit square will then be also covered by the sensor network. Each circular
subregion can be covered by a sensor with high probability. Let be the event
that can be covered by a sensor. It follows that

It is now easy to see that the following result is true.
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It is now easy to see that in order to ensure that

it is enough to assume that We have
proven the following theorem.

Theorem 1. Suppose that sensors with coverage angle and reachability
radius are thrown randomly and independently in the interior of a unit
square. If the probability that a given sensor is active satisfies

then the probability the sensors provide full coverage

of the unit square is at least

As a special case we also obtain the result of Shakkottai et al [12] for

If then Pr [Sensors provide full coverage of the unit square]

It is also interesting to look at the reverse problem: if coverage is
assured with high probability asymptotically in what is a lower bound on the
probability that a sensor is active? Partition the square into N pairwise
disjoint circles each of radius If any given of these circles has no active sensor
(say the circle centered at K) then K cannot be covered by any sensor lying
in a neighboring circle. Consider the event E: the center of a circle is covered
by an active sensor. It is clear that There are approximately

such circles. It follows that

It follows from the inequalities above that if Pr[Unit square is covered]

then also exp which in turn implies that

It follows that We have
proven the following theorem.

Theorem 2. Suppose that sensors with coverage angle and reachabil-
ity radius are thrown randomly and independently in the interior of a
unit square. If Pr[Sensors provide full coverage of the unit square]
as then the probability that a given sensor is active satisfies
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3.1 Achieving Coverage Only from the Perimeter

Our approach in this section is sufficiently general to solve the coverage problem
for a unit square region when the sensors can be placed only on its perimeter. In
this case we assume that the reachability radius of the sensors is equal to 1. We
mention without proof the following result whose proof is similar to the proofs
of Theorems 1 and 2 above.

Theorem 3. Suppose that sensors with coverage angle and reachabil-
ity radius 1 are thrown randomly and independently on the perimeter of a unit
square. If the probability that a given sensor is active satisfies

then

Furthermore, if Inequality 2 is valid then

4 Achieving Coverage and Connectivity

Connectivity is not always assured in a network of directional antennas. For
example, it can happen that a sensor lying in the convex hull formed by the
sensors is such that its angle of coverage points outside of the convex hull. Thus
it cannot connect to any other sensor. We resolve this problem by showing in the
sequel that there exists a connected subgraph of the graph of sensors that pro-
vides complete coverage of the unit square. We also provide an efficient routing
algorithm in this setting.

Fig. 1. Finding a sensor in C in order to cover the circle

Consider the configuration decomposing the unit square into circles of radius
Recall that the coverage range of each sensor is and

consider the radius R. For each circle in this configuration we can find with high
probability four active sensors within the circle whose directional antennas fully
cover a circle in the up, down, left, right directions, respectively. For example,
for the two circles at distance depicted in Figure 1 we can find with
high probability a sensor in C to cover the circle
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It is now easy to see that in order to ensure that
it is enough to assume that

The same idea as before can now be used to achieve full coverage of the
unit square by a connected subgraph of the resulting network of sensors. The
circles must be such that there is sufficient overlap in order to guarantee con-
nectivity. To obtain coverage of the whole unit square we partition the given
region into circular subregions each of radius R, where

Each circular subregion can
be covered by a sensor with high probability. Let be the event that can
be covered by a sensor. It follows that

It is now easy to see that in order to ensure that

it is enough to assume that
It remains to prove that a connected subgraph of the sensor network provides

full coverage of the unit square. Consider the set S of active sensors that fully
cover at least one of the circles of radius R. The previous argument shows that
this set of sensors indeed provides full coverage of the unit square. It remains
to prove that it is also connected. Let be two arbitrary active sensors in
S. It is enough to show that there is a path from to with high probability
asymptotically in By definition of S there is a circle, say C, of radius R which
is fully covered by the sensor Let be a circle of radius again R in whose
interior the sensor belongs. It was shown before that we can find a path from
circle C to circle like in the Manhattan routing on a two dimensional mesh
in order to reach every node at (and hence also the target node Summing
up we have proven the following theorem.
Theorem 4. Suppose that sensors with coverage angle and coverage
radius are thrown randomly and independently in the interior of the unit

circle. If then the probability there exists a

connected subnetwork of sensors which provides full coverage is at least

As a special case we also obtain the result that for if

then Pr[A connected subnetwork of sensors provides full coverage]
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5 Conclusion

We have considered the problem of coverage and connectivity of a sensor network
over a unit square. We established conditions on the probability that a given
sensor is active in order to guarantee that a subnetwork of the resulting sensor
network is connected and provides full coverage of the unit square. We also
note that a similar approach will work for coverage and connectivity of sensor
networks in more general planar regions.

References

1.

2.

3.

4.

5.

6.

7.

8.

9.

J. Agre and L. Clare, An integrated architecture for cooperative sensing networks,
IEEE Computer, vol. 33, no. 5, May 2000, 106-108.
P. Bose, P. Morin, I. Stojmenovic, and J. Urrutia, Routing with guaranteed delivery
in ad hoc wireless networks. Wireless Networks, 7(6):609-616, 2001.
D. Braginsky and D. Estrin, Rumor routing algorithm for sensor networks, 2001.
Available at http://lecs.cs.ucla.edu/ estrin/.
L. Doherty, L. E. Ghaoui, and K. S. J. Pister, Convex position esti- mation in
wireless sensor networks, in Proceedings of IEEE Infocom, (Anchorage, AK), April
2001.
D. Estrin, R. Govindan, J. Heidemann and S. Kumar: Next Century Challenges:
Scalable Coordination in Sensor Networks. In Proc. 5th ACM/IEEE International
Conference on Mobile Computing – MO-BICOM’1999.
S.E.A. Hollar: COTS Dust. Msc. Thesis in Engineering-Mechanical Engineering,
University of California, Berkeley, USA, 2000.
J. M. Kahn, R. H. Katz, and K. S. J. Pister, Mobile networking for smart dust, in
Proceedings of MobiCom 99, (Seattle, WA), August 1999.
E. Kranakis, H. Singh, and J. Urrutia, Compass Routing in Geometric Graphs, in
proceedings of llth Canadian Conference on Computational Geometry, CCCG-99,
pages 51-54, Vancouver Aug. 15-18, 1999.
F. Kuhn, R. Wattenhofer, Y. Zhang, A. Zollinger. Geometric Ad-Hoc Routing: Of
Theory and Practice, Proceedings of the 22nd ACM Symposium on the Principles
of Distributed Computing (PODC), Boston, Massachusetts, USA, July 2003.
S. Meguerdichian, F. Koushanfar, M. Potkonjak, and M. Srivastava, Coverage
problems in wireless ad-hoc sensor networks, in Proceedings of IEEE Infocom,
(Anchorage, AK), 2001.
National Research Council, Embedded, Everywhere: A Research Agenda for Sys-
tems of Embedded Computers, Committee on Networked Systems of Embedded
Computers, for the Computer Science and Telecommunications Board, Division on
Engineering and Physical Sciences, Washington, DC, 2001.
S. Shakkottai, R. Srikant, N. Shroff, Unreliable Sensor Grids: Coverage, Connectiv-
ity and Diameter, In proceedings of IEEE INFOCOM, 2003, held in San Francisco,
March 30 to April 2, 2003.
B. Warneke, M. Last, B. Leibowitz, and K. Pister, SmartDust: communicating
with a cubic- millimeter computer, IEEE Computer, vol. 34, no. 1, January 2001,
44-51.
W. Ye, J. Heidemann, and D. Estrin, An energy-efficient MAC protocol for wireless
sensor networks, in Proceedings of IEEE Infocom, (New York, NY), June 2002.

10.

11.

12.

13.

14.



Local Route Recovery Algorithms

for Improving Multihop TCP Performance

in Ad Hoc Wireless Networks

Zhi Li and Yu-Kwong Kwok*

Department of Electrical and Electronic Engineering
The University of Hong Kong, Pokfulam Road, Hong Kong

ykwok@hku.hk

Abstract. TCP (transmission control protocol) will for sure continue to
be the major transport protocol in wireless environments, due to its large
install-base in existing applications. Indeed, in future ad hoc wireless
networks where devices communicate among each other over multihop
routes, TCP is expected to be the prominent protocol for data exchange
(e.g., multihop wireless FTP). However, there is a severe performance
degradation in using TCP over a wireless link. Despite that there are a
large number of wireless TCP adaptation schemes proposed in the lit-
erature, improving TCP performance over a multihop wireless route is
still very much unexplored. In this paper, we propose local route recov-
ery approaches for improving the performance of multihop wireless TCP.
Our simulation results generated by NS-2 indicate that the local recov-
ery approaches outperform complete replacement approaches (i.e., using
full-blown ad hoc routing protocols such as AODV and DSR) in terms of
end-to-end delay, throughput, packet delivery rate, and control overhead.

Keywords: wireless TCP, multihop communications, ad hoc networks,
routing, local recovery.

1 Introduction

In the past few years, we have witnessed that the Internet has extended its reach
to the wireless networking environments. Thus, traditional Internet protocols [4,
7, 8] are also heavily used over wireless links. However, a straightforward migra-
tion of such protocols to wireless networks will result in poor performance [6].
In particular, the TCP (transmission control protocol), which has many salient
features that are useful in a wired network, needs significant modifications in
order that it can deliver packets over the wireless links efficiently. Indeed, the
congestion control mechanisms are particularly problematic in wireless environ-
ments.

* This research was supported by a grant from the Research Grants Council of the
HKSAR Government under project number HKU 7162/03E.
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Congestion is assumed to be the primary reason for packet losses in wired net-
works. When packet losses are detected, the sender’s TCP exponentially throt-
tles down the congestion window size before retransmitting lost packets. It then
backs off its retransmission timer, and enters the congestion avoidance phase.
All these mechanisms are aimed at reducing the load injected into the network.
However, wireless networks have different characteristics compared with wired
networks, such as high bit error rate and occasional blackout. Thus, packet losses
can be due to channel errors rather than congestion. Unnecessary reduction in
network load over a long period of time (TCP’s timers are on the order of tens
of seconds) leads to very inefficient use of the precious channel bandwidth and
high delays.

Recently, many adaptive TCP approaches for various wireless environments
have been suggested. The major objective of these schemes is to make TCP
respond more intelligently to the lossy wireless links. According to [1, 6], there
are three major classes of wireless TCP approaches: end-to-end, link layer, and
split-connection approaches. Unfortunately, all these previous approaches are
only suitable for use in a single wireless link. For ad hoc networks where devices
communicate in a multihop manner, these protocols are inapplicable because we
cannot afford to have each pair of intermediate devices on a multihop route to
execute these wireless TCP protocols [3, 11]. Indeed, if a multihop ad hoc route
is broken (e.g., due to deep fading in one of its links), the performance of a TCP
session over such a route can be severely affected. The most obvious result is that
the TCP sender will eventually discover such breakage after several unsuccessful
retransmissions (i.e., after a long delay due to the large TCP timers) and then
initiate a new session after setting up a new route. This can lead to unacceptably
long delay at the receiver side.

In this paper, we study the performance of two local recovery approaches,
which work by swiftly repairing the broken link using a new partial route. In
Section 2, we describe our proposed local recovery approaches. Section 3 con-
tains our simulation results generated by the NS-2 [12] platform. We give some
concluding remarks in Section 4.

2 The Proposed Approach

2.1 Overview

When the original route is down, we do not simply inform the source that the
route cannot be used. Instead, we suppress the notification which is transmitted
to the source by TCP, and then find a new partial route between the separated
nodes to replace the broken part of the old route. Our approach, remedial in
nature, is a local recovery (LR) technique [5, 13]. The essence of LR is to shield
the route error from the source in the hope that we can avoid incurring the
excessive delay induced by TCP. Indeed, since the problem is found locally, the
remedial work should be done locally.

For example, suppose that due to channel fading and nodes’ mobility, the
link between node N and N + 1 is broken. Firstly, we suppress the upstream
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notification generated by TCP. Afterward, we find if the route table of node N
has another route to node N + 1. If there is a new route to the N + 1 (i.e., the
next node of such a route is not N + 1), then the broken route is immediately
repaired by using this route. If no such route exits, local recovery packets will
be sent to repair the route.

A local recovery timer is set to make sure the local recovery process will not
consume more time than to re-establish a new route by the source. Thus, if the
local recovery timer is expired, we give up local recovery and make use of the
full blown ad hoc routing protocol. Figure 1 shows the flow chart of the local
recovery algorithm. We explain the whole process in detail below.

Fig. 1. The proposed local recovery algorithm.

2.2 Discovering Local Recovery Route

In the remedial process, a node N generates the local recovery route request
(LRRREQ) packet, which includes the following information: type of the packet,
local recovery source address, local recovery destination address, original destina-
tion address, local recovery broadcast identifier (ID), and hop count. Whenever
node N generates a LRRREQ, the local recovery broadcast ID is increased by
one. Thus, the local recovery source and destination addresses, and the local
recovery broadcast ID uniquely identify a LRRREQ. Node N broadcasts the
LRRREQ to all nodes within the transmission range. These neighboring nodes
then relay the LRRREQ to other neighboring nodes in the same fashion. An in-
termediate node, upon receiving the LRRREQ, first checks whether it has seen
this packet before by searching its LRRREQ cache. If the LRRREQ is in the
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cache, the newly received copy is discarded; otherwise, the LRRREQ is stored in
the cache and is forwarded to the neighbors after the following major modifica-
tions are done: incrementing the hop count, updating the previous hop node, and
updating the time-to-live (TTL) field. Figure 2 (a) illustrates how the LRRREQ
propagates and how the reverse paths are set up.

When node N + 1 or some other intermediate node, which has a fresh route
to the node N+1, receives the LRRREQ, it then generates a local recovery route
reply (LRRREP) packet, which includes the following information: type of the
packet, local recovery source address, local recovery destination address, original
destination address, hop count, and TTL. The LRRREQ is then unicast to the
local recovery source along the reverse path until it reaches the local recovery
source. During this process, each intermediate node on the reverse path updates
its routing table entry to the local recovery destination and original destination.
Figure 2(b) illustrates the process where the LRRREP is unicast through the
reverse path.

Fig. 2. The route recovery process.

2.3 Route Updating

Although the new partial route is found from node N to node N + 1, updating
is needed for the original route. As described above, there are two cases where
updating of the original route must be done. The first case is the event that the
local recovery destination receives the LRRREQ. The second case is the event
that an intermediate node gets the LRRREQ and it has a fresh route to the
local recovery destination in its routing table.

According to the different directions, forward and backward updatings are
carried out. The forward updating process is triggered by receiving the update
packet, which contains the following information: type of packet, update desti-
nation address, original destination address, hop count, and TTL. The backward
updating process is triggered by receiving the LRRREP packet. In any updating,
the original route should be re-established. In the first case, only backward up-
dating is done, while in the second case, both forward and backward updatings
are needed.

Figure 3(a) illustrates how the updating process is carried out in the two
cases. In the former case, node N + 1 receives the LRRREQ, and thus, backward
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Fig. 3. Illustration of the two route recovery approaches.

updating is done through the route of nodes N + 1, 3, 2, 1, N. In the latter
case, forward updating is done through the route of nodes 2, 3, N + 1, while
backward updating is done through the route of nodes 2, 1, N. The detailed
updating process is as follows: when node 2 receives the LRRREQ and it has a
route entry to node N + 1, node 2 sends the update packet to node 3 according to
the route entry to node N + 1. Upon receiving the update packet, node 3 should
update the route entry to the original destination node D and then check if it
is the local recovery destination. The same forward updating process continues
until the update packet is received by the local recovery destination. On the other
hand, LRRRREP is sent to node 1 following the reverse route. Upon receiving
the LRRREP, node 1 should update the route entry to the original destination
node D and then check if it is the local recovery source. The same backward
updating process continues until the LRRREP is received by the local recovery
source.

2.4 Local Recovery of a Route to Destination

This variant of our approach is similar to the mechanism we described above.
The only difference is that the goal of route reconstruction is to find a new
partial route from node N directly to the destination. Figure 3(b) illustrates
this algorithm.

3 Performance Results

3.1 Simulation Environment

In our study, we use packet level simulations to evaluate the performance of TCP
in ad hoc networks. The simulations are implemented in Network Simulator (NS-
2) [12] from Lawrence Berkeley National Laboratory (LBNL) with extensions for
wireless links from the Monarch project at Carnegie Mellon University [2]. The
simulation parameters are as follows:

number of nodes: 50;
testing field:
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mobile speed: uniformly distributed between 0 and MAXSPEED (we choose
MAXSPEED to be 4, 10, 20, 40, 60m/s, respectively);
mobility model: modified random way point model [14];
traffic load: TCP Reno traffic source;
radio transmission range: 250m;
MAC layer: IEEE 802.11b.

Each simulation is run for 200 seconds and repeated for ten times. We com-
pared four protocols in our simulations. They are DSR (Dynamic Source Rout-
ing) [9], AODV (Ad Hoc On-Demand Distance Vector) [10], LR1 and LR2. LR1
is the local recovery protocol in finding the new route between node N to the
destination. LR2 is the local recovery protocol in finding the new route between
node N and node N + 1.

3.2 Performance Metrics

To evaluate TCP performance in different routing protocols, we compare them
using four metrics:

1.

2.

3.

4.

Average End-to-End Delay: the average elapsed time between sending by
the source and receiving by the destination, including the processing time
and queuing time.
Average Throughput: the average effective bit-rate of the received TCP pack-
ets at the destination.
Delivery Rate: the percentage of packets reaching the destination (note that
some packets are lost during the route breakage and the route reconstruction
time).
Control Overhead: the data rate required by the transportation of the routing
packets.

3.3 Simulation Results

Due to space limitations, our simulation results are summarized in Figure 4.
Compared with the AODV protocol, the two LR protocols have lower end-to-
end delays, higher throughput, and lower control overhead. The reason is that
when the route is broken, the local recovery process can efficiently reconstruct the
route, without incurring excessive TCP time-out delays. LR2 exhibits a better
performance than LR1. The reason is that on average, the time consumed by
node N to find node N + 1 is less than that to find the destination.

DSR has the worst performance among all compared protocols. Since it drops
much more packets than other protocols. In particular, when the mobility is
increased, the delivery rate decreases rapidly. However, the other three protocols
can keep a stable delivery rate with increasing speed.
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Fig. 4. Simulation results.

4 Conclusions

In this paper, we study the problem of improving multihop wireless TCP per-
formance in an ad hoc network. TCP performance over a single wireless link is
notoriously poor due to its long retransmission delays in error recovery. The long
delay problem is even more acute in a multihop wireless environment. We com-
pare four approaches in route error recovery: two of them are based on complete
replacement of the old route, while the other two are based on local reconstruc-
tion of the broken route. Our simulation results generated by the NS-2 platform
using TCP Reno traffic sources show that the local recovery approaches signifi-
cantly outperform the complete replacement approaches.
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Abstract. We propose an architecture that consists of a ring of clusters
for distributed mutual exclusion algorithms in mobile networks. The mo-
bile network is partitioned into a number of clusters periodically using
a graph partitioning algorithm called Fixed Centered Partitioning first.
Each cluster is represented by a coordinator node on the ring which im-
plements various distributed mutual exclusion algorithms on behalf of
any member in the cluster it represents. We show the implementation of
Ricart-Agrawala and Token-based algorithms on this architecture. The
message complexities for both algorithms are reduced substantially using
the proposed architecture …

1 Introduction

Mobile ad hoc networks do not have fixed infrastructure and consist of mobile
wireless nodes that have temporary interconnections to communicate over packet
radios. Clustering, that is, partitioning of the mobile network graph into smaller
subgraphs, can be used to solve various problems such as routing and mutual
exclusion in such networks. In general, distributed mutual exclusion algorithms
may be classified as permission based or token based. In the first case, a node
would enter a critical section after receiving permission from all of the nodes
in its set for the critical section. For token-based algorithms however, processes
are on a logical ring and posession of a system-wide unique token would provide
the right to enter a critical section. Susuki-Kasami’s algorithm [10] (N messages)
and Raymond’s tree based algorithm [7] (log(N) messages) are examples of token
based mutual exclusion algorithms. Examples of nontoken-based distributed mu-
tual exclusion algorithms are Lamport’s algorithm [5] (3(N-1) messages), Ricart-
Agrawala (RA) algorithm (2(N-1) messages) [8] and Maekawa’s algorithm [6].
Safety, liveness and fairness are the main requirements for any mutual exclusion
algorithm. Lamport’s algorithm [5] and RA algorithm [8] are considered as one
of the only fair distributed mutual exclusion algorithms in literature.

Distributed mutual exclusion in mobile networks is a relatively new research
area. A fault tolerant distributed mutual exclusion algorithm using tokens is
discussed in [12] and a mutual exclusion algorithm for ad hoc wireless
networks where there may be processes executing a critical section at any

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 933–940, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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time is presented in [13]. In this study, we propose a model to perform dis-
tributed mutual exclusion algorithms in mobile networks. We first partition the
mobile network into a number of clusters using the multilevel graph partitioning
heuristic we developed called Fixed Centered Partitioning that is executed by a
special node called the Central Coordinator. Upon any changes of configuration
or periodically gathering of the changes, the central coordinator starts a new
configuration process by partitioning the network graph into new clusters. The
nodes in the cluster including the nodes that have connections to other clusters
are called neighbor nodes. The coordinator chooses one of the neighbor nodes in
each cluster as the cluster coordinator and sends the cluster connectivity infor-
mation and neighbor connectivity information to it. These coordinators perform
the required critical section entry and exit procedures for the nodes they repre-
sent. Using this architecture, we improve and extend the RA and Token Passing
algorithms described in [2] to mobile networks and show that these algorithms
may achieve an order of magnitude reduction in the number of messages re-
quired to execute a critical section at the expense of increased response times
and synchronization delays. The rest of the paper is organized as follows. Section
2 provides the backround by describing FCP along with a review of performance
metrics of mutual exclusion. The extended RA algorithm on the proposed model
called Mobile_RA is described in Section 3. The second algorithm implemented
on the model uses Token Passing and is called Mobile_TP as briefly described in
Section 4. Finally, discussions and conclusions are outlined in Section 5.

2 Background

2.1 Partitioning of the Mobile Network

Graph partitioning algorithms aim at providing subgraphs such that the number
of vertices in each partition is averaged and the number of edges cut between the
partitions is minimum with a total minimum cost. An arbitrary network can be
constructed as an undirected connected graph G = (V, E, where V is the set
of routing nodes, E is the set of edges giving the cost of communication between
the nodes and is the set of weights associated with edges. Multilevel
partitioning is performed by coarsening, partitioning and uncoarsening phases
[3]. During the coarsening phase, a set of smaller graphs are obtained from the
initial graph. In the maximal matching, vertices which are not neighbors are
searched. In Heaviest Edge Matching (HEM), the vertices are visited in random
order, but the collapsing is performed with the vertex that has the heaviest
weight edge with the chosen vertex. In Random Matching (RM) however, vertices
are visited in random order and an adjacent vertice is chosen in random too. The
coarsest graph can then be partitioned and further refinements can be achieved
by suitable algorithms like Kernighen and Lin [4]. Finally, the partition of the
coarsest graph is iteratively reformed back to the original graph.

We provide a partitioning method called Fixed Centered Partitioning (FCP)
[1] where several fixed centers are chosen and the graph is then coarsened around
these fixed centers by collapsing the heaviest or random edges around them
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iteratively. Different than [3], FCP does not have a matching phase, therefore
iterations are much faster. FCP requires the initial marking of the fixed centers.
One possible solution is to choose the fixed centers randomly so that they are
all at least some bounded distance from each other. The heuristic we used is

where is the diameter of the network and is the number of
partitions (clusters) to be formed. The time complexity of the total collapsing of
FCP is and FCP provides much favorable partitions than CM and RM in
terms of the average edge cost, time to partition a graph and the quality of the
partitions experimentally [1]. Fig. 1 shows a mobile network of 20 nodes which is
partitioned into clusters A, B, C and D using FCP. Nodes 16, 20, 2 and 14 are
the initial centers, 17 is the central cordinator and also the cluster coordinator
for cluster D, and the coordinators for clusters A, B, C and D are 10, 15 and
19 and they form the ring together with 4 and 7.

Fig. 1. Partitioning of the Mobile Network.

2.2 Performance Metrics

Performance of a distributed mutual exclusion algorithm depends on whether
the system is lightly or heavily loaded. If no other process is in the critical sec-
tion when a process makes a request to enter it, the system is lightly loaded.
Otherwise, when there is a high demand for the critical section which results
in queueing up of the requests, the system is said to be heavily loaded. The
important metrics to evaluate the performance of a mutual exclusion algorithm
are the Number of Messages per request (M), Response Time (R) and the Sys-
nchronization Delay (S). M can be specified for high load or light load in the
system. The Response Time R is measured as the interval between the request
of a node to enter critical section and the time it finishes executing the critical
section. The synchronization delay S is the time required for a node to enter a
critical section after anoother node finishes executing it. The minimum value of
S is one message transfer time T since one message suffices to transfer the access
rights to another node [9].
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3 Extended Ricart-Agrawala Algorithm

For distributed mutual exclusion in mobile networks, we propose a hierarchical
architecture where nodes form clusters and each cluster is represented by a coor-
dinator in the ring. The relation between the cluster coordinator and an ordinary
node is similar to a central coordinator based mutual exclusion algorithm. The
types of messages exchanged are Request, Reply and Release where a node first
requests a critical section and upon the reply from the coordinator, it enters
its critical section and then releases the critical section. The algorithm for the
Mobile_RA coordinator is shown in Fig. 2.

Fig. 2. Mobile_RA Coordinator Algorithm.

The coordinator sends a critical section request (Coord_Req) to the ring for
each node request (Node_Req) it receives. When it receives an external request
(Coord_Req), it performs the operation of a normal RA node by checking the
timestamps of the incoming request by the pending requests in its cluster and
sends a reply (Coord-Reply) only if all of the pending requests have greater
timestamps than the incoming request. When a node sends a Node_Rel mes-
sage, the coordinator sends Coord_Rel messages to all of the requests in the
wait_queue that have smaller timestamps than the local pending ones. Fig. 3
shows an example scenario for the Mobile_RA Algorithm in the network of Fig. 1.
The following describes the events that occur:

1.

2.

Nodes 12, 2 and 5 in clusters A, C and D make critical section requests
with messages Node_Req_l2(l), Node_Req_2(3) and Node_Req_5(2) with the
shown timestamps.
The coordinator for clusters A, C and D form request mes-
sages and and and send these to the next coordinators on the
ring, Steps 1 and 2 are shown in Fig. 3.a.
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3.

4.

passes to its successor as it has no pending requests in its cluster.
also passes as has a lower timestamp than the pending request

in its cluster (Node_req_2(3)).  passes         back to  as this request has
a lower time stamp than its own too, but it blocks the request by as
this incoming request has a higher timestamp.

now has received its original request back meaning all of the coordinators
have confirmed that either they have no pending requests or their pending
requests all have higher timestamps. now sends a Coord_Rep message to
node 12 which can enter its critical section. Steps 3 and 4 are depicted in
Fig. 3.b.

Fig. 3. Operation of the Mobile_RA Algorithm.

5.

6.

Node 12 in cluster A sends Node_Rel message to its coordinator to
inform that it has finished executing its critical section. now sends a
reply to the request it was blocking passes to as it has a
lower timestamp than its request

now has its reply now for request Node_Req_5(2) and sends a reply
message (Coord_Rep) to node 5 which can then enter its critical section.
Steps 5 and 6 are shown in Fig. 3.c.



938 K. Erciyes

7.

8.

When node 5 finishes executing its critical section, it sends a release
(Node_Rel) message to its coordinator which now sends the reply mes-
sage it was blocking to the ring.

and pass this message and now has the reply from the ring and
can send the reply to node 2 (Coord_Rep) which can enter its critical section.
Steps 7 and 8 are shown in Fig. 3.d.

If there are multiple requests within the same cluster, time stamps are checked
similarly for local request. The order of execution in this example is nodes

in the order of the timestamps of the requests.

Theorem 1. The total number of messages per critical section using the Mo-
bile_RA Algorithm is where is an upper bound on the number of neighbor
nodes in the ring including the cluster coordinators and is an upperbound on
the diameter of a cluster.

Proof. An ordinary node in a cluster requires three messages (Request, Reply
and Release) per critical section to communicate with the coordinator. Each
of these messages would require maximum transfers between a node and the
coordinator. The full circulation of the coordinator request (Coord_Req) requires

messages resulting in messages in total.

Corollary 1. The Synchronization Delay (S) in the Mobile_RA Algorithm
varies from 2dT to

Proof. When the waiting and the executing nodes are in the same cluster, the
required messages between the node leaving its critical section and the node
entering are the Release from the leaving node and Reply from the coordinator
resulting in (2dT) message times for However, if the nodes are in different
clusters, the Release message has to reach the local coordinator in steps,
circulate the ring through nodes to reach the originating cluster coordinator
in the worst case and a Reply message from the coordinator is sent to the waiting
nodes in steps resulting in

Corollary 2. In the Mobile_RA Algorithm, the response times are
and varies from to where

is the number of clusters and is the number of pending requests.

Proof. According to Theorem 3, the total number of messages required to enter
a critical section is If there are no other requests, the response time for a
node will be including the execution time (E) of the critical
section. If there are pending requests at the time of the request, the minimum
value is In the case of described in Corollary 1,

becomes since in general

Since the sending and receiving ends of the algorithm are the same as of
RA algorithm, the safety, liveness and fairness attributes are the same. The
performance metrics for the Mobile_RA Algorithm is summarised in Tab. 1.
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4 Extended Token Passing Algorithm

We propose an extended implementation of the Token Passing (TP) Algorithm
for mobile networks. Token is circulated in the ring only and the coordinator for
each cluster consumes the token if it has a pending request for the token from
any of its nodes, otherwise it passes the token to the next coordinator in the
ring. A node that finishes execution of its critical section returns the token to
its coordinator which may forward it to any other node waiting for the token in
its cluster or pass it to the next coordinator in the ring. Since there is only one
token, mutual exclusion is guaranteed. The message complexity for Mobile_TP is

since is an upperbound on the number of messages depending
on the current location of the token when a request for a critical section is made.
The Synchronization Delay (S) and the Response Time values of Mobile_TP are
the same as the Mobile_RA Algorithm.

5 Conclusions

We proposed a framework to implement distributed mutual exclusion algorithms
in mobile networks where the network is represented by a dynamically changing
graph and this graph is partitioned into clusters at regular intervals. We showed
that this model provides improvement over message complexity of Ricart and
Agrawala and Token-based algorithms and also the time required to execute a
critical section. A comparison of the two algorithms with their regular counter-
parts in terms of their message complexities is shown in Tab. 2. If we assume

for simplicity, the message complexities of the mobile algorithms are in
the order of sqrt(N) where N is the total numner of nodes in the network. The
order of magnitude of improvement over the classical RA and the Token-Based
algorithms using our model is achieved at the expense of increased response
times and synchronization delays. The coordinators have an important role and
they may fail. New coordinators may be elected and any failed node member
can be excluded from the cluster which is an improvement over both classical
algorithms as they do not provide recovery for a crashed node in general. The
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recovery procedures can be implemented using algorithms as in [11] which is
not discussed here. Our work is ongoing and we are looking into implementing
k-way distributed mutual exclusion algorithms in mobile networks. Partitioning
of the network graph using FCP can also be performed in parallel by the existing
coordinators which would improve performance.
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Abstract. Servicing mobile hosts over the Internet has some problems
including nodes’ location, independent addressing, address conversion
and packet forwarding as well as mobile host’s location management.
However, packet transmission and independent addressing in the mobile
environments are very similar to the ones in the multicasting environ-
ment. So, in this paper, we propose a new scheme about how to manage
the multicasting group and to set the communication path in the mo-
bile environment by applying two-level addressing mode, which is similar
to mobile IP, for Ication-independent address setting. More specifically,
we propose the smooth handoff scheme that minimizes the handoff de-
lay. To check the performance of our proposed scheme, we modified the
NS-2 network simulator and as a result, we showed that our proposed
scheme is better than other techniques in terms of transmitted packets’
throughput.

1 Introduction

With the rapid proliferation of mobile communication devices over the Internet,
people can access anywhere they want at anytime. For instance, people do not
need wired devices to read their mails or query to databases any more; they just
access their data with their mobile devices such as PDAs or smart phones.

In IP[1] network environment, when a user moves to the current network
segment to the other segment, his IP address has to be changed accordingly.
This is because the IP address uniquely distinguishes the network segment to
which the mobile host is connected. By using TCP [2], for example, a session
needs its own address to sustain connection that the connection is broken down
if the address is changed. So, to support mobility in IP network, the unique
address mechanism such as Mobile IP [3] is required.

Mobile IP has some delay factors such as foreign agent’s registration and
triangle routing but they are not so serious as to hinder email delivery or web
surfing. However, video objects, which require high transmissionbandwidth and
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real time delivery, have serious impact on the network. To service video objects
in mobile envelopments properly, the delay that occurs between cells or network
segment has to be minimized. So, for the efficient network resource management,
multicasting facilities can be helpful if it is applied to support the mobile hosts.

Our research focus in this paper is to support multimedia service on the
mobile environments that for this, we apply multicasting facility to the mobile
hosts considering mobility. Multicasting is very similar to mobile communication
in that both of them permit their members’ dynamic jon/leave and independent
addressing. In addition, we anticipate the mobile host’s future movement by
monitoring the overlapped area of base stations and by applying pre-join tech-
nique to this, we can minimize the delay factors. So, we propose the dynamic
group management and path setting scheme exploiting multicasting facilities on
the mobile environment.

The rest of paper is organized as follows. In section 2, we explain how to
provide mobility to hosts by using the expanded mobile IP equipped with mul-
ticasting mechanism. In section 3, we propose seamless communication method
for multimedia objects by applying the smooth handoff. In section 4, we test
our proposed scheme by comparing it with other schemes. Finally we draw the
conclusion and refer to the further research.

2 Expanded Mobile IP Based on Multicasting

Although multicasting facilities have been developed with the purposes than
mobile IP, they are similar each other in some points. The packets transmitted
to a multicasting group do not have information about the subscribers’ location.
This can be resolved by exploiting mobile IP’s location-independent addressing
and packets routing scheme for the multicasting group management. Based on
this, we supports the mobile hosts’ mobility by exploiting the multicasting group
management and path setting scheme.

2.1 Network Architecture

In this paper, we assume that the overall network is composed of a number of
LANs and the mobility in the network is classified into inter-region mobility
and intra-region mobility. For the intra-region mobility, we apply the existing
multicasting techniques and for the inter-region mobility, we apply the existing
mobile IP. Fig.1 shows the overall network architecture.

2.2 Addressing

We apply two level addressing that is similar to Mobile IP but the addresses,
which are set differently from mobile IP, is composed of multicasting group
addresses that are used as edge router address and mobile hosts’ address. Fig.2
shows what packet is composed of.
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Fig. 1. The Overall Network Architecture.

Fig. 2. The Packet Structure.

2.3 Advertisement Message

As told earlier, the host mobility is classified into two categories; intra-region
mobility and inter-region mobility. The intra-region mobility is identified by the
address change of the mobile hosts and inter-region mobility is identified by the
address change of the subnet’s edge router. So, the mobile agent advertises rou-
tinely both its address and its’ subnet edge router. To deliver the advertisement
message, we modified the existing mobile IP as shown in Fig.3.

Fig. 3. The Advertisement Message.

For mobile hosts’ new path setting through join, a mobile agent has to know
the mobile host’s address or multicasting address. So, when a mobile host moves
to the other segment, it sends such information as the addresses of the multi-
casting group, the edge router and current subnet’s mobile agent to the next
subnet’s mobile agent through the registration message.
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Fig. 4. The Registration Message.

Fig. 5. An Intra-region routing in subnet.

2.4 An Intra-region Routing in Subnet

For intra-region routing in a subnet, we exploit the multicasting group manage-
ment policy to support mobile host’s addressing and packet routing. Fig.5 shows
how the path is set as the mobile node moves. The movement of the mobile
host is detected by comparing the current and next mobile agents’ address after
receiving the message.

Generally, the delay in mobile IP occurs between HA(Home Agent) and
FA (Foreign Agent). On the other hand, the delay in the proposed intra-region
mobility is the delay that occurs between mobile agents and edge routers for the
multicasting join. As shown in Fig.5, the number of hops in the proposed policy
is smaller.

2.5 An Inter-region Routing Between Subnets

In the inter-region routing, it is not trivial to support mobility by applying mul-
ticasting group management policy due to the multicasting facilities scalability.
For this, in this paper, we exploit the characteristics of mobile IP based on the
triangle routing and the route optimization. At this time, the edge router of each
subnet plays a role as both the home agent and the foreign agent. By doing this,
the delay can be minimized by reducing the intra-region delay.
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Fig. 6. An inter-region routing between subnet.

3 Seamless Communication for Multimedia Services

In servicing video objects, which usually require high transfer bandwidth and
real time delivery, the delay factors including path setting have major impact
on the efficient delivery of those objects. To minimize the impact, the handoff
delay should be reduced. In this section, we expand the proposed schemes in the
previous section for the continuous media delivery. For this, we anticipate the
host’s movement by monitoring the overlapped area.

Although it is smaller than the case of Mobile IP, the delay between subnets
still exists in our proposed policy. Small delay makes major impact on the data
delivery in case of continuous media objects. The intra-region handoff is the one
that occurs during multicasting join. So, by reducing the multicasting join delay,
the overall delay can be reduced. To do this, we use pre-join after anticipating
the hosts’ movement.

3.1 The Anticipation of Hosts’ Movement

To anticipate to which direction the mobile host moves, we monitor the over-
lapped area among base stations. If a host is in the overlapped area between two
mobile agents, both of those agents will receive the advertisement message. The
host, then, will realize whether it is in the overlapped area or not. Fig.7 shows the
overlapped area that the number means each host’s location and the alphabet
is the ID for each mobile agent(for example, MA-A means mobile agent A).

Fig. 7. The overlapped area on mobile environment.
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In case a mobile host is in it receives the advertisement message from
MA-A. When the mobile host is in it receives the message from both MA-A
and MA-C whereas it receives the message from all of three agents in case the
mobile host is in

3.2 A Smooth Handoff in Intra-subnet

In case the handoff occurs in the intra-region, it is processed based on the pre-
join. To do pre-join, we first decide where the pre-join has to be done. A channel
is pre-allocated provided that a host is in the overlapped area, it is highly pos-
sible for the mobile host to move to the area where the newly contacted agent
exists. This is easily implemented because it is based on the existing multicasting
facilities. The mobile agent, which is requested to allocate a new channel for the
mobile host in the overlapped area, does the multicast join process for the new
channel. However, this channel is not used immediately; it is used only after the
mobile host moves to the next mobile agent’s area.

Fig. 8. The pre-join works in the intra-region.

3.3 A Smooth Handoff in Inter-subnet

In case the handoff occurs in the inter-region, the edge router in the newly
contacted area is requested to set the packet delivery path. Moreover, the newly
contacted edge router asks the existing or current router to copy the packets and
as a result, it allocates one channel in advance.

4 Performance Evaluation

For simulation, we use the network simulation tool: NS-2. We modified the NS-
2 to compare our proposed algorithm with the other policies including Cellular
IP[10], Hawaii[11] and Hierarchical Mobile IP[8].

We assume that each wired connection is a 10Mb/s duplex link and each
mobile host is connected to an access point that has NS-2’s CSMS/CA wireless
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Fig. 9. The pre-join works in the inter-region.

link model, each of which has its unique frequency. We got the test result by
monitoring one mobile host that moves constantly among access points at the
variable speed. For the test’s simplicity, we did not take the switching and mes-
sage processing capacity of network nodes into consideration. The packets are
assumed to be sent through UDP at every 10ms and TCP session is assumed as
greedy download service like FTP.

Fig. 10. The overall throughput of TCP connection.

As shown in Fig.10, as the handoff ratio increases, the throughput decreases
due to packet loss. Fig.10 shows the overall throughput of TCP connection pro-
vided that the mobile host handoffs routinely with mobile agents. As shown in
the figure, our propose policy works no less than the Hawaii’s MSF and Cellular
IP’s semi-soft. This is because the subnet changing delay in our proposed policy
is limited to the point between the edge router and mobile agent; this is similar
to the Hawaii’s MSF and Cellular IP’s semi-soft. Moreover, in case the smooth
handoff based on the overlapped area, the channel is allocated in advance that
the connection delay can be hided and as a result, the our proposed policy shows
better performance. On the other hand, the movement speed is fast, the pre-join
can not applied properly that the pre-allocate channel could be wasted.
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5 Conclusion and Further Research

In this paper, we proposed two policy for the efficient continuous media object
delivery on the mobile environment. First, we provide the mobility to mobile
hosts that other than the existing research, our policy exploits various aspects of
the existing IP multicasting scheme. So, our proposed policy runs only with small
modification of the existing network components and as a result, can be equipped
at the reasonable cost. Moreover, because it is based on the multicasting facilities,
it is easily expanded to support continuous media objects.

The second policy we proposed is the smooth handoff policy to minimize
the delay factors. This policy is based on the fact that the mobile hosts on
the edge of the overlapped area could receive the advertisement message from
more than one agents; by using this phenomenon, we made the algorithm with
which the moving host’s location is detected. With the location information, we
did pre-join so that mobile hosts could receive their packet without connection
reestablishment.

For performance evaluation, we used the expanded NS-2 and as a result, our
proposed algorithm works better than the existing policies such as Hawaii and
Cellular IP. But we found out that in some cases, the pre-join can not applied
properly that the pre-allocate channel could be wasted. So, we will do further
research to improve the correct and fast anticipation of mobile hostss’ movement.
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Abstract. In an ad-hoc wireless network each station has the capacity
of modifying the area of coverage with its transmission power. Control-
ling the emitted transmission power allows to significantly reduce the
energy consumption and so to increase the lifetime of the network. In
this paper we focus on the Minimum Energy Consumption Broadcast
Subgraph (MECBS) problem [1, 2, 6], whose objective is that of assi-
gning a transmission power to each station in such a way that a message
from a source station can be forwarded to all the other stations in the
network with a minimum overall energy consumption. The MECBS pro-
blem has been proved to be inapproximable within unless

[2, 6], where is the number of stations. In
this work we propose a greedy algorithm which,
despite its simplicity, improves upon the only previously known ratio of

[1] and considerably approaches the best-known lower bound on
the approximation ratio.

1 Introduction

Ad hoc wireless networks have received significant attention during the recent
years. In particular, they emerged due to their potential applications in emer-
gency disaster relief, battlefield, etc [5, 7]. Unlike traditional wired networks or
cellular networks, they do not require the installation of any wired backbone
infrastructure. The network is a collection of transmitter/receiver stations each
equipped with an omnidirectional antenna which is responsible for sending and
receiving radio signals. A communication is established by assigning to each
station a transmitting power.

A fundamental problem in ad hoc wireless networks is to support broadca-
sting, that is to allow a source station to transmit a message to all stations in the
network. A communication from a station to another occurs either through
a single-hop transmission if the transmitting power of is adequate, or through
relaying by intermediate stations, otherwise. One of the main advantages of ad-
hoc networks is the ability of the stations to vary the power used in a transmission
in order to reduce the power consumption and so to increase the lifetime of the
network.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 949–956, 2004.
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In this paper we focus on the “energy-efficient” broadcasting, where the ob-
jective is to designate the transmission powers at which each station  has to
transmit in such a way that a communication from a source station to all the
other stations can be established and the overall energy consumption is mini-
mized. This problem is referred to as Minimum Energy Consumption Broadcast
Subgraph (MECBS, for short) [1, 2].

An ad hoc wireless network is usually modelled by (i) a complete graph G(S)
whose vertices represent radio stations and (ii) a symmetric
cost function which associates each pair of stations and
with its transmission cost, that is the power necessary for exchanging messages
between and Clearly, for every station A power assignment

to the stations induces a directed weighted graph
called the transmission graph, such that an edge belongs to E if and only
if the transmission power of is at least equal to the transmission cost from
to i.e., The cost of a power assignment is the overall power
consumption yielded by i.e.,

The Minimum Energy Consumption Broadcast Subgraph (MECBS) problem
described above is then defined as follows:

Input. A set S of sender/receiver stations and a source station
Output. A power assignment such that the overall energy consumption

is minimized and the induced transmission graph contains a
directed spanning tree rooted at

The MECBS problem has been proved to be inapproximable within
unless [2, 6] where is the number of stations.
The only known logarithmic approximation algorithm for the problem is due to
Caragiannis et al. who presented a algorithm which uses
a reduction to the Node-Weighted Connected Dominating Set problem [1].

This paper takes an important step toward the reduction of the gap between
these two bounds. Indeed, we propose a greedy algorithm
for the problem that is returning assignments of cost at most twice the cost of the
best possible approximated solution. Besides the reduction of the existing gap,
our algorithm confirms the strict relationship occurring between the MECBS
problem and the Set Cover problem. In fact, as also suggested by the negative
results in [2], our result reinforces the intuition that MECBS can be seen as a
set covering problem with additional connectivity requirements.

The paper is organized as follows. In section 2 we first introduce the nec-
essary notations and definitions, then we describe our algorithm. Section 3 is
dedicated to the correctness proof and to the performance analysis of the pro-
posed algorithm, and, finally, Section 4 presents future directions.

2 An Improved Logarithmic Approximation Algorithm

In this section we present our logarithmic approximation algorithm which, given
(i) the complete weighted graph G(S) with vertices representing
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stations and with a cost function which associates each pair of
stations and with its transmission cost, and (ii) a vertex returns a power
assignment which induces a transmission graph containing a
directed spanning tree rooted at

Before presenting the algorithm, we introduce a few preliminary notations.

Notations. For any station let denote the set of all the
possible level powers allowing to transmit to any other station in the network
through a single-hop transmission. It is important to notice that even if, by
definition, for any station the transmission power can range in the interval

the set of possible power assignments is actually the discrete set of at
most values.

For any transmission power assigned to a station
and is the set of all the stations distinct from into the area

of coverage of and is the family of sets
belonging to a given partition and containing stations covered by

Finally, given a power assignment associating a power transmission to
each station is the set of vertices connected to a vertex through
a directed path from to while is the subgraph of induced by a set

2.1 The Greedy-Assignment Algorithm

We propose the “GREEDY-ASSIGNMENT” algorithm, which uses a greedy ap-
proach for solving the MECBS problem. Indeed, in order to compute a power
assignment it initially assigns a transmission power zero to every station in S;
then it iteratively uses a specific greedy rule to select a station and increases its
transmission power until induces on S a weakly connected transmission graph

Finally, this assignment is re-adjusted in order to grow the directed span-
ning tree rooted at one station at a time, without destroying any connection
previously established.

The algorithm works as follows. The loop 3 iteratively manages a partition
of stations initially composed of singleton sets and a power assignment

identically zero at the beginning. At each stage, represents all the weakly
connected components of This invariant is guaranteed by the “MERGE”
procedure which, given the pair chosen at line 3.(a), merges all the sets
in together with in such a way that, after line 3.(b), their
union induces on a new weakly connected subgraph. At the end of loop 3,
all the sets contained in the partition are merged together, denoting that the
transmission graph is weakly connected.

Line 3.(a) is the greedy decision-making step: a station and a transmission
power are chosen such that components of are connected
with with a minimum average power consumption.

Definition 1. Given a partition of S, a station and a transmission
power we define the cost-effectiveness of at with respect
to as the average transmission power at which covers sets in i.e.,
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If we set

According to Def. 1, at line 3.(a) a pair is chosen such that, after setting
(see line 3.(b)), the cost-effectiveness is minimum. Then all

the components in are merged together with at line 3.(c).
Finally, The loop 5 re-adjusts the transmission powers of stations not con-

nected to through a directed path, without destroying any connection previ-
ously established, until the transmission graph contains a directed spanning tree
rooted at

The correctness proof of the algorithm is based on the two following invariant
properties.

2.2 Invariant Properties

Let us denote by the partition of stations at the end of the iteration
of loop 3 and by and the power assignments returned at then end of
the iteration of loop 3 and loop 5, respectively.

The first important property states that, although different transmission
powers may be assigned to a same station such a sequence is
increasing. This guarantees that re-adjustments (see lines 3.(b) and 5.(b)) never
destroy connections previously established.
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Property 1. For any station and for any constant such that
and it holds:

Proof. Initially, (line 2). Let be set to at the
iteration of loop 3, i.e., The “MERGE” procedure (line 3.(c))

makes the union of all the sets in and Hence, since for every
such that it holds when it must be

and, as a consequence, This implies that it cannot
be for every Let denote the assignment
at line 4. Now, consider the iteration of loop 5, for any At line
5. (b) the transmission power is assigned to only if the edge but

Then it must be

Now we are able to prove that, for any at the end of the iteration
of loop 3, the partition always contains sets of stations that induce on

weakly connected subgraphs. In other words, represents all the weakly
connected components of

Property 2. For each set is weakly connected.
Proof. This is obviously true for For any at the iteration of
loop 3, a pair is chosen in such a way to increase to the transmission
power associated with By construction, each set in contains at least
one station belonging to so necessarily induces on the transmission
graph a weakly connected subgraph.

3 Correctness and Performance Analysis

In the following section we provide a correctness proof of our algorithm, by sho-
wing that the power assignment returned by it actually induces a transmission
graph which contains a directed spanning tree rooted at a source station
Due to space limitations, a few details are omitted. Finally, we show that it has
an approximation ratio of

Theorem 1 (Correctess). The output returned by the GREEDY-ASSIGN-
MENT algorithm is feasible.
Proof. The proof is made of two parts: first we prove that at the end of loop
3 (i.e., induces on S a weakly connected transmission graph; then we show
that the graph induced by the output admits a directed spanning tree
rooted at The former is a trivial consequence of Prop. 2. By Prop. 1, no re-
adjustment at line 5.(b) can destroy connections previously established, then the
latter is clearly true if the algorithm terminates, as it is guaranteed by the while
condition of loop 5. Thus, we only need to prove that loop 5 always terminates.
At a generic iteration of loop 5, if since is weakly connected,
there must exist two vertices and satisfying the conditions in line 5.(a). The
claim follows by noting that adding the power assignment in 5.(b), by Prop. 1,
we have that the set expands.
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Given a sequence of pairs let
Each transmission power can be spread among the sets in by assi-
gning each set a cost equal to the cost-effectiveness of at with respect
to That is, for every If de-
note the family of sets one has:

Observe that if we consider the sequence of the pairs chosen
by our algorithm, clearly Number these sets in the order in which
they are merged by the algorithm breaking ties arbitrarily.

Let OPT be the cost of an optimal solution At any iteration when
is merged the following lemma holds.

Lemma 1. For any there exists a pair having a cost-effectiveness

Proof. Let be the sequence of the pairs chosen by the optimal algorithm such
that Clearly, Now,
suppose by contradiction that for every pair it holds

Since by definition, the cost-effectiveness of a pair cannot decrease
as increases and we have that
OPT.

Theorem 2 (Performance Guarantee). The GREEDY-ASSIGNMENT algo-
rithm has an approximation ratio of

Proof. We first show that then that
Since the algorithm chooses the power assignment with the lowest cost-

effectiveness, from the above lemma we have that Thus, the

solution at line 4 is such that

At any iteration of loop 5 a transmission power is assigned to only if
the conditions of line 5.(a) are enjoyed by the pair of stations and Such an
assignment establishes a directed path from to then can be chosen at step
5.(a) at most once. Consequently,

Notice that the approximation ratio is essentially tight, as shown by
the following example.

Example. When the GREEDY-ASSIGNMENT algorithm runs on the input graph
in Fig. 1.a) it computes the partial solution depicted in Fig. 1.c). Thus, in the
case in which is an odd number:

Next, loop 5 exactly doubles all the transmission powers, hence
Since the cost of the optimal solution in Fig. 1.b) is  we have

that the approximation factor of our algorithm is tight up to low order terms.
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Fig. 1. a) The input graph. Missing edges are assumed to have an infinite cost. b) The
optimal solution. c) The partial solution d) The solution

4 Future Directions

We presented a algorithm for the MECBS problem [1,2,
6], which, despite its simplicity, improves the only known algorithm with a ratio
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of [1] and considerably approaches the best-known lower bound of
on the approximation ratio [2, 6]. We leave the natural open problem of brid-
ging this gap. Moreover, once broadcasting models are developed for node-based
models, future studies could address the impact of mobility and limited resources
(both bandwidth and equipment). A significant restriction of the MECBS pro-
blem, denoted consists in considering the stations located in the

Euclidean Space, and a cost function s.t.
where is the distance-power gradient. It has been proved that the
problem is NP-Hard for and while it is in P if or

The best known approximation algorithm, called MST, has been presented
and compared with other heuristics (SPT, BIP) through simulations on random
instances in the case Its performance has been investigated by se-
veral authors [2, 6, 4] and the evaluation of its approximation ratio progressively
reduced till for every [4]. Starting from these results, a further
left open question is that of comparing through simulations our algorithm with
MST, SPT and BIP when restricting to the special case of
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Abstract. In this paper, we present a ubiquitous VOD service architecture
(UVOD) that provides mobile users with a seamless VOD service.

1 Introduction

The conventional VOD system is a machine-oriented application, in which a user
goes to a computer to request a movie. A VOD session is set up between the client
and the server, and the content is delivered to the client. If the user wants to move to a
different location, he/she needs to stop the video play at the current location and
makes a new request at the new location. As well, the user needs to manually search
for the last frame to be seen at the previous location. This is because there is no user
mobility support in the VOD system. Current computing environments are changing
from mobile computing to ubiquitous computing, where users compute at anytime
and anywhere. In ubiquitous environments, a user is free to move one space to an-
other. Thus, a ubiquitous VOD system should be able to support user mobility[1-4].

Fig. 1 shows a scenario of a VOD service in ubiquitous environments. A user starts
watching a movie from a desktop in Space A. When the user moves out of Space A,
the user can receive the VOD service continuously with a PDA. Upon arrival to
Space B, the VOD session is shifted from the PDA to the desktop in Space B, and
then the user watches the same video via the desktop. This scenario gives a new
meaning to VOD applications: ubiquitous VOD applications should be able to trace
the current location of a specific user and migrate the VOD session from one host to
another. In this paper, we present a ubiquitous VOD service architecture (UVOD)
that perceives user movement and provides mobile users with seamless VOD service.
We design UVOD based on the Java and Jini[5], which is recently released by Sun
Microsystems. Jini provides a distributed software platform for dynamically creating
networked components, applications and services. The distinctive features of Jini are
simplicity and platform independence, good security and robustness, and ability to be
combined with other Java technologies such as JMF(Java Media Frame work) [6].

This work was supported by grant No. R05-2002-000-00345-0 from the Basic Research
Program of the Korea Science & Engineering Foundation.
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Fig. 1. VOD service in ubiquitous environments

2 Design Issues

As shown in Fig.1, we assume that a user has a user scope: the service area in which
client hosts are able to serve the user. The user scope may not be the shape of a circle.
There may be several client hosts in a user scope. We call the client host that cur-
rently serves a user as the primary client and the client hosts that are not the primary
host as secondary clients. Note that the client hosts in the user scope change as the
user moves from one space to another. One of the secondary hosts may become the
primary client in the near future. This causes the selection problem of a new primary
client. We believe that the client which is able to provide the user with maximum
QoS should be the primary client. Thus, UVOD should select the primary client de-
pending on the capacity and resource of client hosts.

After selecting the primary client host, the VOD session needs to migrate from the
previous primary client to the new primary client, called session handoff. That is, as
the user moves one space to another, the old session closes and a new session starts.
This means that handoffs divide an entire session into sub-sessions. We represent a
sub-session as follows.

Sender Address and Receiver Address denote the IP address of the client host trans-
mitting the video and the IP address of the client receiving the video respectively.
Movie is the movie title requested by the user. Position denotes the start posi-
tion(frame number) in the movie file. The transmission of a sub-session starts from
that position. For example, if a user moves according to the scenario of Fig.1, the sub-
sesisons can be represented as follows.

Thus, UVOD should support session handoff by closing the old sub-session and
then starting a new sub-session. However, it is possible that the resource capacity of
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the new primary client is very different from that of the previous primary client host.
In this case, the QoS of the session needs to be adjusted. For example, when the ses-
sion shifts from PC(Personal Computer) to PDA(Personal Digital Assistant), the QoS
such as frame size, frame rate and data format should be changed in order that the
new sub-session can be played out on the PDA. Thus, UVOD should negotiate the
QoS of the new sub-session according to the capacity and resource of the hosts and
user preference.

3 UVOD Architecture

Fig. 2 shows the UVOD architecture, which consists of the UVOD Service, the
UVOD Client and the UVOD Sender. UVOD has two communication interfaces: Jini
for control data and JMF for media data. Jini is used to discover the UVOD Service
and communicate internal control messages. JMF is exploited to transmit, receive and
play out the video between a UVOD sender and a UVOD client.

Fig. 2. UVOD architecture

The UVOD Service is a Jini service that controls the UVOD client and the UVOD
sender. It manages the video sessions and the information of the user’s mobility. The
Service Manager creates a Jini service, which takes charge of the communications
with the UVOD Client and the VOD Sender, and registers the proxy to a Jini Lookup
Service. It receives the information associated with users and client hosts from
UVOD Clients, and stores the information into the Mobile Info Database. The data-
base includes the information of user mobility such as user locations, client locations,
user scopes, client host lists in a user scope, movie lists, session lists, and the QoS
information of sessions. The Session Manager allows the session to stop and resume
when a user moves from one client host to another. To do this, it needs to hold the
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stopped position in the media file that is currently being displayed. The Handoff
Manager selects a primary client when the user’s location changes, considering the
location of clients within the user scope. Once a new primary client is selected, it
informs the Session Manager as well as the UVOD Clients and the UVOD Sender of
the occurrence of handoff.

The UVOD Sender takes charge of transmitting video data to UVOD clients. The
Sender Manager downloads the proxy from the Jini Lookup Service and communi-
cates with the UVOD Service through the proxy. According to messages from the
Service Manager, the Sender starts or stops transmitting the movie requested by the
user. Note that it can transmit a part of the movie file, not a whole file during the sub-
session. That is, the data is retrieved from the last stopped position to the frame posi-
tion that a handoff occurs in the media file. It employs RTP to send the video data.
The QoS Manager controls the frame rate depending on network conditions and re-
source conditions. To do this, it need to cooperate with the QoS Manager of the
UVOD Client.

The UVOD Client takes charge of providing a mobile user with a seamless video
play. The Location Manager collects the location information of users, and transmits
the information to the UVOD Service. This manager utilizes the function of location
sensors or proximity hardware such as AIR ID[7]. The Client Manager processes the
user’s commands and provides the communication interface of the UVOD Service.
The Receiver receives and displays the video data transmitted from the UVOD
Sender. The data is received through a separate RTP channel. We employ JMF to
display a movie. The QoS Manager performs QoS negotiation and QoS adaptation.
At handoff time, it negotiates the QoS of the sub-session depending on the resource
conditions of the newly selected primary client. At provision time, it controls the QoS
of the sub-session depending on network conditions.

4 Conclusion

In ubiquitous environments where users are free to move from one space to another,
VOD applications should be able to support user mobility. This paper presents the
UVOD architecture that provides mobile users with a seamless VOD service. The
significant features of UVOD are the selection of the primary client out of the secon-
dary hosts within the user scope, the support of sub-session handoff, and the QoS
adaptation of the sub-session during the handoff time. In the future, we will imple-
ment the UVOD system.
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Integrated Problem Solving Environments

Daniela di Serafino, Elias Houstis, Peter Sloot, and Domenico Talia

Topic Chairs

Problem Solving Environments (PSEs) can be defined as integrated computing
environments for developing, executing and analysing applications in a specific
domain. They provide a set of user-friendly mechanisms and tools that allow
to “compose” an application, by gluing together, using some kind of problem-
oriented language, different building blocks. Such building blocks range from
libraries and application codes, to tools for I/O, data visualization and analysis,
and interactive steering. PSEs may also incorporate some form of knowledge, in
order to assist the users in formulating, solving and analysing their problems.
The main motivation for developing PSEs is that they enable to build applica-
tions without dealing with most of the details related to hardware and software
architectures, to solution algorithms and their implementations, and to analysis
and monitoring tools, thus allowing end-users to concentrate on the application
problems to be solved. PSEs can be used for different purposes, such as modelling
and simulation, design optimisation, rapid prototyping, and decision support.

Developing fully integrated PSEs requires different expertise and a huge
amount of programming effort. A significant evolution in the design, develop-
ment and application of PSEs took place in the last decade, pushed by the rapid
changes in hardware and software and by the requirements of applications. Nev-
ertheless, more research is needed to realise fully integrated PSEs, enabling more
complex simulations, higher levels of abstraction and more effective cooperation
among multiple users in distributed collaborative environments. The exploitation
of technologies such as parallel and distributed computing, component-based
software engineering, advanced interactive visualization, and Grid computing
plays a fundamental role in pursuing this goal.

Six papers were submitted to the topic Integrated Problem Solving Environ-
ments and each one received three reviews. Three regular papers were selected,
dealing with different aspects of the PSE research. The paper by C. Gomes
et al., “Pattern/Operator based Problem Solving Environments”, presents an
approach for extending PSEs and Grid Computing Environments with Design
Patterns and Operators, that allow to manage the composition and the execution
of the collection of components available within such environments. A prototype
implementation of this approach is also described. The paper by Z. Jiao at al.,
“Databases, Workflows and the Grid in a Service Oriented Environment”, dis-
cusses a toolkit which combines a Grid-enabled database-driven repository with
a workflow system, in order to assist users in Engineering Design Search and
Optimisation processes. Finally, the paper by M. Lettere at al., “A Parallel Pro-
gramming Tool for SAR Processors”, describes a parallel programming model
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for developing image processing algorithms, which is based on structured paral-
lelism and object-oriented abstractions. A sample implementation of this model
is also presented.

We wish to thank the people who submitted their contributions, the review-
ers who helped us in selecting the papers and the Euro-Par 2004 Organizing
Committee, for making this topic possible.
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Abstract. Problem Solving Environments (PSEs) provide a collection
of tools for composition of scientific applications. Such environments
are often based on graphical interfaces that enable components to be
combined, and in some cases, subsequently scheduled on computational
resources, A novel approach for extending such environments with De-
sign Patterns and Operators is described – as a way to better manipu-
late the available components – and subsequently manage their execu-
tion. Users make use of these additional abstractions by first deploying
‘Structural Patterns’ and by refining these through ‘Structural Opera-
tors’. ‘Behavioural Patterns’ may then be used to define the control and
data flows between components – subsequent use of ‘Behavioural Oper-
ators’ manage the final configuration for execution control and dynamic
reconfiguration purposes. We demonstrate the implementation of these
Patterns and Operators using Triana [14] and the Distributed Resource
Management Application (DRMAA) API [10].

1 Introduction and Motivation

A Problem Solving Environment (PSE) is a complete, integrated computing
environment for composing, compiling, and running applications in a specific
area [1]. In many ways a PSE is seen as a mechanism to integrate different
software construction and management tools, and application specific libraries,
within a particular problem domain. One can therefore have a PSE for finan-
cial markets [4], for Gas Turbine engines [5], etc. Focus on implementing PSEs is
based on the observation that previously scientists using computational methods
wrote and managed all of their own computer programs – however now compu-
tational scientists must use libraries and packages from a variety of sources, and
those packages might be written in many different programming languages. En-
gineers and scientists now have a wide choice of computational modules and
systems available, enough so that navigating this large design space has become
its own challenge. A survey of 28 different PSEs by Fox, Gannon and Thomas
(as part of the Grid Computing Environments WG) can be found in [6], and
practical considerations in implementing PSEs can be found in Li et al. [2].
Both of these indicate that such environments provide “some backend compu-
tational resources, and convenient access to their capabilities”. Furthermore,
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workflow features significantly in both of these descriptions. In many cases, ac-
cess to data resources is also provided in a similar way to computational ones.
Often PSE and Grid Computing Environment is used interchangeably – as PSE
research predates the existence of Grid infrastructure. The aim of our work is
to: (1) extend the capabilities of existing PSEs with support for Patterns and
Operators, and (2) to enable the management of such applications subsequently
by mapping “Behavioural” patterns and operators to a resource management
system. Patterns allow the abstraction of common interactions between compo-
nents, thereby enabling reuse of interactions that have proven useful in similar
domains. A user may build an application in a structured fashion by selecting
the most appropriate set of patterns, and by combining them according to op-
erator semantics. Users may also define new patterns found to be useful, and
add these as components for use by others. Patterns and Operators also provide
additional capability that is not easily representable via visual components. Our
approach treats patterns as first class entities but differs from other works [7,
8] in that the user may explicitly define structural constraints between compo-
nents, separately from the behavioural constraints. Our approach is somewhat
similar to that of van der Aalst et al. [17] – although they do not make a dis-
tinction between structural and behavioural patterns. They also focus on Petri
net models of their patterns, whereas our concern is to link patterns with partic-
ular resource managers and composition tools. The approach presented here is
primarily aimed at computational scientists and developers, who have some un-
derstanding of the computational needs of their application domain. A scientist
should be aware about the likely co-ordination and interaction types between
components of the application (such as a database or numeric solver etc). The
structural and behavioural patterns presented here will enable such scientists
and developers to utilise common usage scenarios within a domain (either the
use of particular components, such as database systems, or interactions between
components, such as the use of streaming). Section 2 introduces our concept of
Patterns and Operators, and Section 3 demonstrates how these are implemented
in the Triana (the workflow system for the European GridLab project [9]) – and
describe theme (1) mentioned above. Theme (2) is then explained in Section 4.

2 Structured Composition of Applications in PSEs
Based on Grids

Structural Pattern Templates encode component connectivity, representing
topologies like a ring, a star or a pipeline, or design patterns like Facade, Proxy
or Adapter [15]. The possibility of representing these structural constraints al-
lows, for example, the representation of common software architectures in high-
performance computing applications. For example, the pipeline pattern may be
used in a signal processing application where the first stage may consist of a
signal generator service producing data to a set of intermediate stages for fil-
tering. Frequently, the last stage consists of a visualisation service for observing
results. The proxy pattern, for instance, allows the local presence of an entity’s
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surrogate, allowing access to the remote entity. Grid services, for example, are
usually accessed through a proxy (or gatekeeper).

Behavioural Pattern Templates capture recurring themes in component
interactions, and define the temporal and the (control and data) flow depen-
dencies between the components. Generally, these applications involve distribu-
tion of code from a master, the replication of a code segment (such as within
a loop), or parameter sweeps over one or more indices. We provide several
behavioural patterns such as Master-Slave, Client-Server, Streaming, Peer-to-
Peer, Mobile Agents/Itinerary, Remote Evaluation, Code-on-Demand, Contract,
Observer/Publish-Subscriber, Parameter sweep, Service Adapter, and so on. For
example, the Service Adapter pattern “attaches additional properties or be-
haviours to an existing application to enable it to be invoked as a service” [16].
The Master-Slave pattern, in turn, can be mapped to many parallel programming
libraries, and represents the division of a task into multiple (usually indepen-
dent) sub-units – and shares some similarities with the Client-Server pattern –
although the control flow in the latter is more complex.

Fig. 1. The increase and extend structural operators.

Structural Operators support the composition of structural patterns, without
modifying the structural constraints imposed on the pattern. This provides a user
with a simple and flexible way to refine structural patterns. There are several
structural operators such as increase, decrease, extend, reduce, rename, replace,
replicate, embed, etc. For example in figure 1 it is possible to observe the result
of applying the increase and extend operators to the Proxy pattern.

Behavioural Operators are applied over the structural operator templates
combined with the behavioural patterns after instantiating the templates with
specific runnable components. Behavioural operators act upon pattern instances
for execution control and reconfiguration purposes. Behavioural operators in-
clude: Start (starts the execution of a specific pattern instance), Stop (stops the
execution of a pattern instance saving its current state), Resume (resumes the
execution of a pattern instance from the point where it was stopped), Termi-
nate (terminates the execution of a specific pattern instance), Restart (allows
the periodic execution of a pattern instance), Limit (limits the execution of a
specific pattern instance to a certain amount of time; when the time expires
the execution is terminated), Repeat (allows the repetition of the execution of a
specific pattern a certain number of times), etc. Both structural operators and
behavioural operators can be combined into scripts which may be later reused
in similar applications.
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3 Implementation over the Triana GCE

A prototype has been implemented by extending Triana [14], and allows devel-
opers to utilise a collection of pre-defined patterns from a library. Triana comes
with components (called units) for signal processing, mathematical calculations,
audio and image processing, etc, and provides a wizard for the creation of new
components, which can then be added to the toolbox. Structural Patterns appear
as standard components that can be combined with other patterns or executable
units. Triana provides both a composition editor, and a deployment mechanism
to support this. The Pattern library provided within Triana treats patterns as
“group units” (i.e. units made up of others). Each element within such group
units is a “dummy” component (or a place holder) and can subsequently be in-
stantiated with executables from the Triana toolbox. Hence, structural pattern
templates are collections of dummy components that can be instantiated with
other structural pattern templates or with executables.

Fig. 2. A possible final configuration for the image processing of the “Galaxy Formation
example”.

A Galaxy simulation application with Triana is illustrated in figure 2. The
Galaxy formation example may be represented by a star pattern template, where
the nucleus contains the actions necessary to generate and control the animation
execution, and the satellites represent image processing and analysis actions.
Both the actions at the nucleus and at the satellites are supported by pipeline
templates. As such, the Pipeline pattern instance shown in the figure, represents
the actions at the nucleus, and consists of three stages. Pipeline is connected to
the two satellites, namely, Pipeline1 and Pipeline2, and produce data to these
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two pattern instances. Pipeline1 is embedded in one of the satellites and connects
two units for image processing. Pipeline2 binds two units that together support
analysis of the data produced at the nucleus. See [12] for details.

4 Mapping to the DRMAA API

Behavioural patterns are implemented over the run-time system used to execute
the components. There is no visual representation of these, as they are provided
as a collection of scripts that need to be configured by a user prior to execu-
tion. We map behavioural patterns over DRMAA [10]. Pattern execution essen-
tially involves coordination between modules. Execution is therefore delegated
via DRMAA to third party resource management systems (DRMAA provides
a generalised API to execute jobs over Distributed Resource Management Sys-
tems (DRMSs)). DRMAA includes common operations on jobs like termination
or suspension. A job is a running application on a DRMS and it is identified
by a job_id attribute that is passed back by the DRMS upon job submission.
This attribute is used by the functions that support job control and monitoring.
DRMAA API uses an IDL-like definition (with IN defining an input parameter,
OUT defining an output parameter, and INOUT defining a parameter that may
be changed), and also provides support for handling errors (via error codes).

To configure and execute an application using the patterns library, a user
(developer) needs to undertake the following:

A structural pattern – such as a “pipeline” – is selected from the patterns
library. This appears as a standard Triana (group) unit. Figure 2 illustrates
a number of different pipeline instances.
A user may add or remove elements from the structural pattern chosen. This
is achieved by using structural operators such as “increase” or “decrease”
respectively.
A user may now select a behavioural pattern – such as “dataflow” – to
indicate how interaction between the units/elements is to take place.
An entity at the pattern level is defined, the pattern executor, responsible
for enforcing the selected behavioural pattern at each element.
All component place-holders are instantiated with components (Applica-
tions) that may represent a unit in Triana or a group of units organized
in a workflow.
A user may now wish to use a behavioural operator – such as “start” or
“stop” – on the behavioural pattern. These operators are supported by func-
tions in the DRMAA API that manage the execution of the Applications by
a resource manager. The execution of each Application is supported by a job
(running executable) in the resource manager.

A user therefore may select structural patterns/operators followed by behavioural
patterns/operators – all of which are implemented in Java. It is important to
note that behavioural patterns/operators can only be applied to structural pat-
terns – and not to arbitrary Triana units. A user does not need to know the
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actual implementation of any of these patterns/operators to make use of them –
as they are primarily pre-defined group units in Triana or scripts. We therefore
do not expect the user to be familiar with any particular programming language
or scripting tool. Experienced developers, however, may add their own operators
or patterns to our library.

Application execution using DRMAA requires the definition of attributes like
the application’s name, its initial input parameters, the necessary remote envi-
ronment that has to be set up for the application to run, and so forth. These
attributes are used to explicitly configure the task to be run via a particular
resource manager. Although DRMAA has the notion of sessions, only one ses-
sion can be active at a time. A single DRMAA session for all the operators is
assumed. Hencedrmaa_init anddrmaa_exit routines are called, respectively,
after the pattern instance is created and in the end of the script program. As
an example, we show how a pipeline pattern can be mapped to DRMAA: El-
ement pattern_elements[MAX_ELEMS]  –  contains the Elements that compose
a specific pattern instance. Similarly, job_identifiers[MAX_ELEMS] represents
the identifiers returned by the drmaa_run_job routine for jobs created to sup-
port pattern-elements. The order of the activities is preserved. DRMAA vari-
ables frequently used: INOUT jt is a job template (opaque handle), and INOUT
drmaa_context_error_buf contains a context-sensitive error upon failed return.
The examples are illustrated in a Java-like notation.

Start Operator – to initiate execution of Pipeline Elements.

Repeat Operator – in this instance a single operator is used to re-execute an
entire pattern instance a certain number of times ( in the code).
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5 Conclusions and Future Work

The extension of a Problem Solving Environment (Triana) with Patterns and
Operators is described. Composition is achieved using a pattern extended graph-
ical interface provided with Triana – whereas execution is managed by mapping
Operators to the DRMAA API. We believe a Pattern based approach is partic-
ularly useful for reuse of component libraries in PSEs, and for mapping applica-
tions constructed in PSEs to a range of different execution environments. The
DRMAA API was selected because of the significant focus it initially received
within the Grid community – and the availability of commercial resource man-
agement systems (such as Grid Engine from Sun Microsystems) that make use
of it. We are also investigating alternatives to DRMAA (such as Java CoG) [11]
– primarily as current versions of DRMAA are aimed at executing batch jobs.
With the emerging focus on Web Services in the Grid community, the DRMAA
API has also lagged behind other equivalent developments (such as the Java
CoG kit).

Patterns provide a useful extension to existing PSEs, as they enable the cap-
ture of common software usage styles across different application communities.
The pipeline and star structural patterns, for instance, are commonly found in
scientific applications (such as integrating a data source with a mesh generator,
followed by a visualiser). Describing such compositions in a more formal way
(as we have attempted to do here), will enable practitioners in the community
identify common software libraries and tools. This is particularly important as
software that performs similar functionality is available from a variety of dif-
ferent vendors. Providing the right balance between tools that require users to
possess programming skills, and those that are based on a visual interface is
difficult to achieve. By combining the visual interface of Triana with more ad-
vanced patterns and operators, we are attempting to enhance the functionality
offered through (a variety of) existing workflow tools. Full usage of these ideas
by the applications community is still a future aim for us.
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Abstract. As the Grid moves towards adopting a service-oriented architecture
built on Web services, coupling between processes will rely on secure, reliable,
and transacted messages and be supported by databases. We have built a ge-
neric toolkit targeted at design engineers, which provides convenient methods
to access a grid-enabled repository. In this paper we report how we have devel-
oped it further, and integrated it into a workflow toolkit to support a range of
activities that design engineers have previously attempted to perform by multi-
ple ad-hoc methods in the workflows used to improve designs. It also presents
opportunities for improving the process of design search in a variety of ways
that would have been otherwise hard to implement. We show the potential of
our grid-enabled data repository in the context of workflow management, engi-
neering optimisation process monitoring and steering.

1 Introduction

Engineering design search and optimisation (EDSO) is a computationally and data
intensive process. Its aim is to achieve improved designs by exploiting engineering
modelling and analysis. The quality of a particular design is measured by the value of
an objective function. The design search process systematically modifies the variables
which describe the design to increase, or reduce, this quality measure, whilst ensuring
that the design variables satisfy various constraints. At the heart of this process lie
workflows which, through a series of computational experiments, can build a reposi-
tory containing samples of the design variables with their corresponding objective
function values. In previous work [1] we focused on making grid-enabled databases
more accessible to engineering designers so that they could be used routinely as a
repository. Files and data structures are associated with metadata and services are
provided to archive, locate (by querying the metadata), and retrieve them.

In this paper, we now demonstrate that this repository may in fact be exploited in a
much wider variety of ways throughout the whole process that engineers follow to
locate improved designs efficiently. We give some additional background in section 2
and describe our repository architecture and workflow construction environment in
section 3. We then use case studies drawn from engineering design practice to illus-
trate, in sections 4-6, scenarios in which the database is used to store, monitor, and
steer optimisation workflows. Section 7 summarizes our current and future work.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 972–979, 2004.
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2 Background

The aspirations of the Grid to allow resources to be shared seamlessly and securely
address many of the challenges encountered in engineering design search, which
requires coupling of computing power, data resources and software applications.
Many commercial engineering design search packages exist, for example iSIGHT [2]
and ModelCenter [3]. However, they suffer from a limitation that data is managed
internally in proprietary formats making it difficult to share with processes running
outside of the package environments. Another common practice is to use the file-
system as a medium for transferring data between various processes, which works
fine in a local environment, but falls short in the Grid environment where processes
can be dispatched to run on different machines with varied hardware and software
configurations: in such an environment secure, reliable, transacted messages coupled
to databases offer a better way to provide resilience and quality of service.

Our approach is to bring Grid technologies into an environment and mode of work-
ing familiar to engineers. In particular the routine use of a database-driven repository
allows data to be passed from process to process on the Grid, and retrieved and ex-
ploited by other tools or packages. To achieve this we have developed the Geodise [4]
database toolkit [1] which provides a set of Web services and a Java client API to
allow higher level applications to manage data on the Grid. The toolkit is used by
engineers at the University of Southampton working on a variety of design optimisa-
tion problems and by the GENIE [5] climate modelling project. In [6] we described in
detail how the toolkit was used successfully in the Matlab [7] environment together
with the Geodise Computational Toolkit. Matlab is a scripting language popular in the
engineering community for its ease of use and rich functionality. We provide a num-
ber of Matlab functions to access the repository through our API, which users can
incorporate into their scripts to manage data. It also provides a powerful execution
engine for our workflows, and is available on a wide variety of platforms and operat-
ing systems. Other environments, including existing design packages, could be
equally supported by writing routines in the appropriate language to access the API.

Whilst an expert can simply use their favourite editor to write a script, incorporat-
ing calls to our grid toolkits, and then run it from a Matlab command prompt, we also
provide a workflow construction tool to assist users with the whole sequence of tasks
required to develop and execute their design search. In this paper, we will focus on
demonstrating how the repository is exploited within our workflow tool environment
throughout each step in the design process, particularly application monitoring.

3 Architecture

The Geodise Database Toolkit is designed to help engineers manage the large
amounts of data produced by their applications. We provide the means to store and
share files and variables (primitive values and data structures) in a Grid-enabled re-
pository. Each file or variable has some standard metadata associated with it (e.g.
archive date, file size), which may be supplemented with additional user-defined
custom metadata. Related data, such as that referring to a whole design job, may be
logically grouped together as a datagroup and metadata can be added so that the entire
collection can be described. Data may belong to multiple datagroups, which may also
contain sub-datagroups, so users can describe and exploit relationships or hierarchies.
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A data file is archived to a Globus [8] server using GridFTP [9] and upon archiving
it is assigned a Universally Unique Identifier (UUID) which allows it to be physically
located and retrieved later. Its associated metadata is stored in a relational database
(Oracle 9i [10]): standard metadata is stored in tables for efficient access, whilst cus-
tom metadata is stored as native XML for flexibility and this can be transparently
generated from user-defined Matlab structures with our XML Toolbox for Matlab
[11]. Variables are stored in a similar way and the database is queried using a simple
syntax to locate files/variables based on their characteristics. Scalability of the system
is dependent on the underlying database software, particularly the efficiency of query-
ing large quantities of unstructured XML. The concept and benefits of using a rela-
tional database containing metadata on top of a transacted file system is also at the
heart of the WinFS file-system in Longhorn, the next generation of Windows [12]. In
other work we demonstrate how this metadata becomes even more powerful in
knowledge reuse when described in a semantically consistent way to allow key con-
cepts and relationships to be defined and shared using ontological language [13].

All database access is supplied through secure Web services for storage and query
of metadata, file location and authorisation, which can be invoked with platform in-
dependent client code anywhere on the Grid. Web service communication is secure,
allowing certificate based authentication and authorisation using the same delegated
credentials that provide a point of single sign-on for computational jobs on the Grid
[14]. Secure requests are signed with the user’s proxy certificate which the Web ser-
vice verifies and uses to authorise database access, record data ownership and allow
users to grant access permissions to others. The architecture described permits data
archiving, querying and retrieval from any location with web access, Java support, the
required APIs and a valid proxy certificate. In addition to its use from scripts written
in Matlab, the database toolkit has also been integrated with the Geodise workflow
construction environment (WCE). The full WCE architecture is described in [15].

Figure 1 shows the main roles of the WCE in assisting engineers to build and reuse
workflows, verify resources, execute workflow scripts, and monitor or control the
workflow as it runs locally or on the Grid. A user’s first task in the WCE is to load-up
or visually construct a series of connected tasks (a workflow), shown in Figure 2. The
component view on the left pane of the WCE GUI contains a hierarchy of tasks and
related computational components (e.g. Matlab functions). The hierarchy is created
from an XML document describing the available named components, their inputs and
outputs. A component can be dragged onto the main workflow view and may be
linked to other components. The default initial values of function inputs and outputs
can be altered in the component property window. Dataflow is configured by making
associations between the output and input parameters of different components. The
complete workflow description is saved as XML for reuse in the graphical editor, but
more importantly as a Matlab script (e.g. optim.m in Figure 1) which can be stored in
the Geodise repository, reused and edited outside the WCE without engineers learning
new workflow formats, and run on compute resources with Matlab support. The
available compute resources are pre-described in a user-editable configuration file and
displayed by the WCE, which is able to verify the resources are accessible to the user
and configured properly before execution. The WCE also assists in constructing
scripts to monitor and steer workflow execution (e.g. monitor.m) which may be
stored in the repository for later use. We now give examples of how workflows can be
managed, monitored and steered.
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Fig. 1. Roles of Workflow Construction Environment (WCE) in workflow construction, re-
source verification, execution, monitoring and steering.

4 Storing Workflows

An example of constructing a workflow for a two-dimensional airfoil design
optimisation problem is shown in Figure 2.

Fig. 2. The workflow construction environment allows users to select and configure workflow
components, run workflows locally or on the Grid and monitor their progress.

The goal of the optimisation is to minimize the drag/lift ratio by varying the weights
of six basis functions and the thickness-to-chord ratio [16]. After construction a user
may save the workflow locally, or archive it to the repository for sharing and reuse.
The WCE calls the database API to store and group the workflow script, its XML
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description, and some additional metadata which can be later queried to help locate
the workflow efficiently. By using datagroups it is also possible to link the script to
any data generated during its execution.

5 Monitoring

Optimisations based on high fidelity analysis are typically time consuming, therefore
it may be desirable to monitor the progress of the search as it is running and make
changes if necessary. Most integrated packages [2], [3] implement monitoring on the
local machine controlling the optimisation. However, it is difficult, if not impossible,
at present to monitor the process from a separate machine. By exploiting the central
data repository it is possible to retrieve and post-process monitoring data independ-
ently and asynchronously from the running script. Furthermore, the post-processed
information (e.g. a plot or image) may itself be returned to the database, from where it
can be accessed and retrieved from any location, or even sent to a mobile device.

Whilst technologies exist that allow monitoring of Grids for scheduling, perform-
ance analysis and fault detection, e.g. the NetLogger Toolkit [17] and Gridscape [18],
we focus on monitoring the progress of the user’s application. This progress is de-
scribed by the ongoing deposition of variables and data into the repository as transac-
tions within and between grid processes occur. The user can supply a script (moni-
tor.m in Figure 1) which periodically performs a query to retrieve the data, render it,
and then return the image to a predefined location, e.g. the database. Data deposited
for monitoring purposes are aggregated together into a datagroup assigned with an
identifier (a UUID) and additional metadata (e.g. job index, job name) to help the
monitor script, or a user operating away from the WCE, query and retrieve the data.

Along with bespoke visualisations a user might develop for their data, in design
optimisation, a number of standard plots are used to monitor the progress of the
search, such as viewing the objective function at the sample design points explored, or
its convergence. These predefined views need only be passed (by value or reference)
the data they require. In the pass-by-reference model data is organized in a prescribed
way when it is archived and is obtained by passing a datagroup ID to query. Pass-by-
value places no restriction on the data organization but requires the user to provide a
function that takes a datagroup ID and performs the necessary query and mapping to
return the values correctly to the plotting routines. The WCE can assist the user in
linking their data to the monitoring script and specifying polling frequency, and dis-
plays the latest plot, which may be retrieved from the database, in a monitoring panel.

Example: the results from a design of experiment analysis can be used to build a
response surface model (RSM), a meta-model which interpolates from the design
points where the objective function was calculated to those where it was not [16].
Searching this meta-model for potentially better designs is then rapid, and further
expensive simulations need only be performed to validate areas which the meta-model
identifies as promising. Whilst this cycle of building, searching and tuning the RSM is
automated as far as possible, monitoring the evolution of the response surface as the
design search progresses can sometimes reveal additional ways in which the search
can be accelerated. For example, the sampling process for the initial build can simply
be terminated if the important features of the response surface remain the same as
more design points are added. Figure 3 shows a response surface model built from
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Fig. 3. Response Surface Modelling monitoring view screen shot.

Fig. 4. Improvement in objective function as more design points are searched using a genetic
algorithm optimiser. Multiple curves are shown for searches using different start points.

results with 16 runs of the airfoil problem with two design variables. The model is
updated as more data becomes available in the database or at user specified intervals.

Designers may wish to view detailed information about each design point, such as
geometry or analysis results. These might reveal unforeseen problems with the analy-
sis procedure or geometry generation in certain regions of the design space, which
could yield misleading results from the design search and significant wasted time and
resource if only discovered at the end. As the picture of the design space emerges, a
skilled designer may be able to use physical insight to explain features or patterns in
the good (or bad) designs to derive a more efficient formulation of their problem.

Another unknown at the start of the design process is how long it is worth continu-
ing to search. If analyzing further designs is unlikely to yield any further improve-
ment then the job can be terminated. If the converse is true it may be desirable to
extend the search. Figure 4 shows how the minimum value of the objective function
improves as more design points are analysed during a genetic algorithm optimisation.

6 Steering

We have described how the repository provides a convenient location to deposit and
then monitor variables as the search progresses. Steering is achieved by updating
values in the database which are retrieved by the running script to control the design
search. A number of uses for steering have been identified [19], e.g. to modify the
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design variables when the objective functions show no further improvements early in
the search. In practical implementation from our scripts, two important issues arise: 1)
Side-effects from arbitrary variable updates should be carefully understood and con-
trolled; 2) Information in our database is ‘write-once’, so data is not modified or over-
written, instead scripts query to locate the latest version of the variable. Thus as vari-
ables are updated, a complete log of all intermediate values is recorded, which is
important for provenance or repeatability.

Fig. 5. Illustration of optimisation monitoring and steering using a grid-enabled database.

Traditional optimisation workflows are augmented with a set of grid-enabled query
and archive functionalities that users can plug into their existing scripts at various
points (Figure 5a). In each iteration, the optimisation process retrieves the current user
action request from the action history in the database, and takes the appropriate action
to achieve steering. To demonstrate how the system works we provide a simple ex-
ample using a typical test function with multiple local optima. During optimisation, a
user can monitor progress and interactively steer the process. The landscape of the
test objective function is shown in Figure 5b. The search progress is monitored from
another Matlab session based on the datagroup ID which provides the entry point to
the database. The search history is shown in Figure 5c along with the effect of the
user’s steering activity.

7 Conclusions and Future Work

In this paper we have shown a number of roles for our repository throughout the proc-
ess of EDSO. The toolkit enables engineers to write scripts in a familiar language and
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archive them along with data produced at various stages of the design optimisation
process to a grid-enabled database. This makes the data available outside the optimi-
sation package boundary, and accessible from various locations by authorised users.
This in turn allows monitoring and steering of the optimisation, and thus enables new
ways to accelerate, improve and reduce the cost of the design process.

An important issue for future consideration is provision of a redundant failover
system for the metadata services and database. Future work will also include investi-
gating data lifetime management and cleanup strategies, and integrating Geodise
semantic and knowledge tools into the WCE.
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A Parallel Programming Tool

for SAR Processors*

M. Lettere, D. Guerri, and R. Fontanelli

Synapsis Srl, Livorno, Italy

Abstract. In the context of Italian Space Agency COSMO SkyMed
project a quantitative and qualitative study of a set of image process-
ing algorithms for SAR Processors has been carried out. The algorithms
showed some interesting patterns in terms of structure and parallelism
exploitation. During the activity of prototyping and analysis, an abstrac-
tion (SPE Chain Model) of the algorithmic behaviour has been defined
in order to simplify performance modeling, design and implementation of
parallel image processing algorithms. According to the defined abstrac-
tion, a parallel programming tool (SPE- Sar Parallel Executor) has been
developed. SPE enables the implementation of efficient, structured and
object oriented parallel image processing algorithms conforming to the
SPE Chain Model and reuse of pre-existing sequential code. A set of
image processing algorithms belonging to different classes of applications
have been tested to validate both the SPE Chain Model and the SPE
programming tool. The results show that no significant difficulties arise
in the porting of already existing code to SPE and that writing new
parallel algorithms is intuitive and productive and provides, at the same
time, concrete high performance solutions required in real-time industry
environments.

1 Introduction

Earth observation is based on the application of computationally challenging
image processing algorithms on image data. Images are acquired at fine geometric
resolutions and raw data is quite huge (26500*5600 double precision complex
pixel values for a raw image [2]). This well known fact, along with requirements
related to real-time industry production, led to a first study which focused on
quantitative aspects (flops, memory usage) of a large set of algorithms [2]. The
target of this study was to show how parallelism could be employed to reduce
the intrinsic weight of some data and computation intensive operations.

A second study focused on qualitative aspects such as logical, functional and
data dependencies among computational steps of an algorithm. The target was
to define a parallel programming model, called SPE Chain Model, to help

* Big thanks goes to Gustavo Ovando, J.M.Moreno and M.J.Stefanini from Argen-
tinian Space Agency (CONAE). This work has been partially supported by the
CINECA Institute.
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developers, not necessarily (hpc) experts, to design parallel image processing
algorithms.

According to the SPE Chain Model, the considered algorithms have been
split into sequences of Macro Phases (MP) which represent aggregations of
logically and functionally related computation steps. For each MP, quantitative
aspects and qualitative aspects have been analyzed in order to establish analytical
performance models used for predicting performance.

The main requirements for the SPE Chain Model were similar to those of
similar tools [8] [7] [6] [9]: strong object oriented (OO) design [1], modularity,
reusability and adherence to the analytical performance models. However, the
SPE Chain Model was born from a generalization activity based on the study of
a set of SAR algorithms. Thus it misses the richness and the complexity of other
general purpose models (Active Objects, Distributed Shared Memory, Dynamic
Load Balancing, wide area distribution and mobile agents).

A programming tool called SPE has been developed to implement algorithms
designed according to the SPE Chain Model. SPE is based on two class libraries:
SPEAPI used for writing parallel image processing algorithms and SPEENG

a set of runtime support classes.
A set of different case studies using SPE shows that the model is very stable

and general. In a scenario where domain experts cooperate with hpc develop-
ers, the design of new parallel image processing algorithms, turned out to be
very intuitive and productive. There are also no significant difficulties porting
already existing code to SPE. Tested algorithms show that the performance of
their SPE implementations closely matches the performance of pre-existing, low
level implementations, demonstrating that the use of high level programming
constructs doesn’t introduce a significant overhead. Moreover, algorithms imple-
mented from scratch with SPE, are very efficient despite the short time it takes
to develop them.

This paper presents the SPE Chain Model (section 2), the implementation
of SPE (section 3) and the results obtained with two case study algorithms
(section 4).

2 The SPE Chain Model

This section shows how an algorithm is designed and executed using SPE Chain
Model and SPE.

2.1 Algorithm Design

Qualitative analysis of the studied algorithms, has shown that image processing
algorithms can be split into sequences of Macro Phases (MP). MPs are aggrega-
tions of computational steps that are functionally related because they exploit
the same data, share a common stencil or can be executed concurrently.

For the SPE Chain Model, an algorithm is a sequence of MPs connected
by entities called Bindings. Bindings are used to exchange data among MPs
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Fig. 1. Example of Macrophase Execution Loop.

Fig. 2. Example of parallel program with 2 Node classes.

according to a specific transfer policy called the type of the Binding. A special
kind of Binding, called FILE Binding, connects a MP to the file system.

Figure 1 shows the behaviour, or Execution Loop of a Macro Phase
receives data from a set of preceding MPs through its Input Binding

It executes its code and finally it sends the output data through its Output
Bindings (in order and to the following MPs. If is iterative, its
Execution Loop is repeated until a programmable Termination Condition
is verified.

2.2 Algorithm Execution

For the SPE Chain Model, a parallel program consists of a number of Nodes

organized in Node Classes. A Node matches the concept of process. A Node
Class is a group of possibly related Nodes. Bindings match the concept of inter-
process communications [5].

A Node is programmed by statically assigning to it a sequence of Macro
Phases and the parallelism degree (number of Nodes) of a Node Class is set
statically in the algorithm parameters.

Nodes are identified by a pair <class-name:id> composed of their class and
their class internal Node ID.

In the program of figure 2, data is read and split in two sub-images by Macro
Phase A. Each Macro Phase B receives a sub-image through its P2P Binding
and executes the algorithm specific sequential code on the sub-image. Finally the
output sub-images are sent through a P2P Output Binding to a Macro Phase
C who is responsible for recollecting the output image data and write it to the
filesystem.

Figure 2 shows one possible allocation of the program where the IO Class
has only one Node <IO:0> who is responsible for distributing and recollecting
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Fig. 3. Class diagram of SPE.

the data (A and C) and COMP Class Nodes execute in parallel (2 process) the
algorithm specific code.

Available types of Bindings are FILE, P2P (point-to-point), MP (multi-
point), BKCH (block-change), SCATTER, GATHER, ON_DEMAND and
ROUND_ROBIN.

Using pairs of Input/Output Bindings, it is possible to implement a great
variety of communication schemes with well-known semantics and many of the
common parallel patterns like Farms or Pipelines [5].

There is a special type of Binding called BLOCKCHANGE (BKCH).
Image data is often seen as a two-dimensional matrix. During the computation
of an image processing algorithm it is often necessary to perform some opera-
tions on whole rows or on whole columns of the matrix [3]. In SPE the data is
split among a set of Nodes according to a specific storing order (row-major or
column-major). A couple of BKCH Bindings changes the storing order of the
distributed image data. Assuming the BKCH operation as a standard operation
in SPE, makes it possible for the programmer to benefit from a very optimized
implementation of the routine. The way SPE is designed makes it possible for the
SPE development team to rapidly integrate other highly specialized operations
or communication patterns. This can be achieved by subclassing an abstract
Binding class and overriding the methods that implement the underlying com-
munication strategy.

3 A Sample Implementation of SPE

This section describes a sample implementation of SPE based on a class library
for writing parallel algorithms conforming to the SPE Chain Model (SPEAPI)
and a collection of classes that implement the runtime support for executing
SPEAPI algorithms (SPEENG).

The class library SPEAPI was designed to ease the development of object
oriented, modular, reusable, strong structured parallel image processing algo-
rithms. The target is to enable a programmer with no particular hpc expertise, to
design a parallel program by simply implementing the abstract methods init(),
run(), close() and evaluateTermination() of the SPEAPI classes as shown in
figure 3.
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SPEAPI_Algorithm models a parallel algorithm and contains the sequence of
SPEAPI_MacroPhase instances. SPEAPI_MacroPhase matches a Macro Phase
and contains the lists of SPEAPI_Binding and a sequence of SPEAPI_Phase
instances. The SPEAPI_Phase class is used for wrapping sequential code. SPE-
API_Binding classes encapsulate the concept of Bindings.

SPEAPI_ResourceFactory is a singleton factory class used for requesting
memory buffers allocation.

SPEENG implements the runtime support for algorithms written using SPE-
API with the idea to distribute responsibilities across a set of systems accessible
through a singleton facade class called SPEENG_Facade.

SPEENG_ComSyn and SPEENG_IO are responsible for executing specific
communication and file system access strategies related to SPEAPI_Binding in-
stances.

For implementing these systems, double-buffering and asynchronous com-
munications have been used to optimize performance and overlap computation
and communication [5]. Moreover, SPEENG currently adopts MPI as com-
munication software and standard POSIX IO for filesystem access. These two
classes are wrapper classes that isolate SPE from all the implementation choices.
Thus, adopting different choices implies just rewriting part of the code of SPE-
ENG_ComSyn or SPEENG_IO.

SPEENG_Data is a factory class responsible for handling memory allocation
and deallocation requests. SPEENG_Env and SPEENG_Comp are responsible
respectively for storing environment information and managing the Execution
loop of an SPEAPI_Algorithm.

As shown in figure 3, SPEENG_Comp accesses SPEAPI_Algorithm for man-
aging its Execution loop. SPEAPI_Algorithm accesses SPEENG_Facade for re-
questing runtime support services (communication, IO, status or error notifica-
tion, execution time). SPEAPI_ResourceFactory accesses SPEENG_Facade for
requesting memory handling facilities.

4 SPE: Two Case Studies

This section shows two algorithms developed with the described sample imple-
mentation of SPE. The results, measured in terms of generality of the model,
usability of SPEAPI and performance, show that there are no significant diffi-
culties porting already existing code to SPE and the development of new efficient
and scalable parallel algorithms, in a scenario where domain experts cooperate
with hpc developers, is intuitive and productive.

The performance tests have been executed on the CINECA Linux Be-
owulf Cluster which has a peak performance of about 3 TeraFlops and is com-
posed of 256 dual-processors (SMP) connected through a 2 Gbit/s network
(http://www.cineca.it/HPSystems/Resources/).

CSA (Chirp Scaling Algorithm) is an image focusing algorithm for SAR pro-
cessing. The SPE development team had already made an experience in porting
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Fig. 4. SPEAPI structure of CSA.

Fig. 5. Completion time, in seconds, (left) and speed up (right) for CSA.

a sequential prototype to a very optimized parallel implementation using low
level tools (C and MPI). The porting to SPE validated the assessment related
to the ease of integrating already existing code into a parallel program designed
with SPEAPI. Moreover the performance of the SPEAPI version closely ap-
proximated the performance of the optimized low level implementation and of
other similar solutions [4]. Figure 4 shows the SPEAPI structure of the algo-
rithm. CSA first computes on the columns (azimuth) of the matrix representing
the image. The computation is based on Fourier Transforms (FT) that require
whole columns to be accessible locally on a Node. Data is stored inside Macro
Phase Az1 in column-major order. The second step of CSA computes FT on
whole rows of the image (range). Thus the Bindings between Az1 and Rng are
of type BLOCKCHANGE and a communication implies a change in the storing
order. Az2 is created to implement the last inverse FT in azimuth direction and
another BLOCKCHANGE between Rng1 and Az2 is necessary. The implemen-
tation requires two global exchanges of image data among all the COMP Class
Nodes. Figure 5 shows the completion time with a varying number of COMP
Class Nodes on image blocks sized 540 Mbyte. The adherence to the values pro-
vided by the analytical model can easily be seen and the speedup, compared to
other results [3], is very encouraging.

P-FLOOD is an iterative algorithm that works on raster images and DEM
(digital elevation model [2]) data to study the flow of water during a rainy
timespan. P-FLOOD has been designed and developed from scratch using SPE-
API and its development demonstrated how SPEAPI can be used in a scenario
where domain experts work together with programmers at the implementation
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Fig. 6. SPEAPI structure of P-FLOOD.

Fig. 7. Completion time, in seconds, (left) and speed up (right) for P-FLOOD.

of a parallel image processing algorithm. In P-FLOOD the data is read from
a file by Node < IO : 0 >. The data is split in sub-images which are sets of
rows and sent to the Nodes. The computational core is the
iterative Macro Phase M2 of figure 6. At each iteration the quantity of water at
every pixel is computed. For this computation, information related to the nine
neighbors of the pixel, in a 3x3 square stencil, have to be known. This implies
that at each iteration of M2, has to exchange one row with
both and to update the borders of its
sub-image. This behaviour is modeled by the P2P Input and Output Bindings
of M2. M1 and M3 are necessary to perform respectively the first and the last
exchange of border rows.

The performance tests with a varying number of COMP Nodes (figure 7)
have been executed on a DEM of 1000*1000 pixels (4Mbyte) with 50 iterations.

5 Conclusions and Future Work

This paper shows a new object oriented and strong structured abstraction called
SPE Chain Model that simplifies design, implementation and performance mod-
eling of parallel image processing algorithms. Moreover it presents SPE, a parallel
programming tool that implements the SPE Chain Model and shows two sample
algorithms that were implemented using SPE.

The results of this work are very positive in terms of SPEAPI usability, code
reuse and performance. SPE is quite general since many new algorithms can
be developed from scratch and already existing algorithms can easily be ported
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to it. Performance tests showed that no significant overhead is introduced by
the high level programming constructs because the performance of pre-existing
implementations can be matched very closely. Moreover SPE enables the devel-
opment of new parallel image processing algorithms that are fast and scalable.

The parallel algorithm implementations written to test SPE show that most
of the code written with SPEAPI can be automated. This fact was used to
produce a further abstraction layer based on an XML representation of the
SPEAPI structure of an algorithm. The idea is to create a RAD tool which
enables a programmer to easily design the parallel structure of an algorithm by
simply interacting with graphical widgets.
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Topic 17

High Performance Bioinformatics

Mohammed J. Zaki, David A. Bader, Johan Montagnat, and Concettina Guerra

Topic Chairs

Bioinformatics is the science of managing, mining, and interpreting information
from biological sequences and structures. Genome sequencing projects have con-
tributed to an exponential growth in complete and partial sequence databases.
Similarly, the rapidly expanding structural genomics initiative aims to catalog
the structure-function information for proteins. Advances in technology such as
microarrays have launched the subfield of genomics and proteomics to study
the genes, proteins, and the regulatory gene expression circuitry inside the cell.
What characterizes the state of the field is the flood of data that exists today
or that is anticipated in the future. Combined with the fact that many of the
bioinformatics tasks are highly compute intensive (e.g., ad initio protein fold-
ing) , it is clear that high performance computing has a fundamental role to play
in various bioinformatics problems ranging from the protein folding problem to
large-scale genomics to inferring pathways and regulatory networks. The goal
of this session is to present the latest research in high-performance computing
applied to bioinformatics tasks. We are especially interested in scalable, parallel,
and distributed algorithms for mining and analyzing bioinformatics data, as well
as system tools that support large-scale high performance bioinformatics.

There were six papers submitted to this session, out of which three were
selected for presentation at the conference. Weiguo Liu and Bertil Schmidt, in
their paper, A Generic Parallel Pattern-based System for Bioinformatics, present
a generic programming framework for sequence alignment algorithms in bioin-
formatics. Alexandros Stamatakis, Thomas Ludwig, Harald Meier, in Parallel
Inference of a 10.000-taxon Phylogeny with Maximum Likelihood, present their
work on using parallelism to construct the phylogenetic or evolutionary trees
for a large number of sequences. Gilles Parmentier, Denis Trystram, Jaroslaw
Zola, in Cache-based parallelization of multiple sequence alignment problem, use
their CaLi software cache library to study a parallel multiple sequence alignment
algorithm. These papers represent some of the new advances in the field of high
performance bioinformatics, and we hope they will stimulate further research in
this exciting area of research.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, p. 988, 2004.
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A Generic Parallel Pattern-Based System
for Bioinformatics
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Abstract. Parallel program design patterns provide users a new way to get par-
allel programs without much effort. However, it is always a serious limitation
for most existing parallel pattern-based systems that there is no generic descrip-
tion for the structure and behavior of a pattern at application level. This limita-
tion has so far greatly hindered the practical use of these systems. In this paper,
we present a new parallel pattern-based system for bioinformatics. The underly-
ing programming techniques are based on generic programming, a program-
ming technique suited for the generic representation of abstract concepts. This
allows the new system to be built in a generic way at application level. We
show how this system efficiently addresses the shortcomings of existing sys-
tems and leads to significant runtime savings for some popular applications in
bioinformatics on PC clusters.

1 Introduction

Parallel design patterns are based on sequential program design patterns used in ob-
ject-oriented languages [1]. A parallel program design pattern names, abstracts, and
identifies the key aspects of a common parallel structure that make it useful for creat-
ing a reusable and efficient parallel program. Parallel design patterns are similar to
parallel program libraries. However, there is an important difference between them.
When a library is used, a programmer must define the structure of the application and
make calls to the library code. Conversely, a parallel design pattern defines the struc-
ture of a framework and the programmer supplies code for specific application-
dependent routines.

In the past decade, many parallel pattern-based systems have been developed to
employ design patterns related concepts in the parallel computing domain in the con-
text of object-oriented programming techniques. Some of the systems based on simi-
lar ideas include Code [2], Frameworks [15], Enterprise [16], HeNCE [4], Tracs [3],
and DPnDP [14]. However, most of these systems lack practical usability for the
following reasons [1,9]:

Although more and more parallel patterns are supported by most of the systems,
the parallel patterns are not expressed in a compact generic manner. This is also the
root of other shortcomings.
The way to implement a parallel application for a new algorithm is very complex
for the user.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 989–996, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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These systems are not flexible enough for the user to reuse the components of
existing parallellel patterns at appation level.
Most of the systems are overstaffed and the code generated by them is inefficient
and suffers from great loss of performance.

Generic programming is a program design technique that deals with finding ab-
stract representations of algorithms, data structures, and other software concepts [18].
Generic programming can use both the traditional objected-oriented techniques (such
as inheritance and virtual functions) and templates. This makes generic programming
a practical and flexible technique in program design. In practice, the ideas of generic
programming have been successfully applied to the field of high performance com-
puting. The STL (the Standard Template Library, which later was adapted and incor-
porated into the C++ standard library) and Janus [6] are two examples of generic
programming applications.

In this paper, we present a new system using generic programming techniques. We
demonstrate how the new system can efficiently address most of the shortcomings of
existing systems and generate parallel programs with substantial performance gains
for some dynamic programming applications in bioinformatics.

The rest of the paper is organized as follows: Section 2 describes the characters and
classification for dynamic programming algorithms which have wide applications in
bioinformatics. In Section 3, we present implementation details for our system. Sec-
tion 4 gives its application and performance evaluation for some popular algorithms
in bioinformatics. Section 5 provides conclusions.

2 Dynamic Programming Problems in Bioinformatics

Dynamic programming is an important algorithm design technique in bioinformatics.
Typical applications using this technique are highly compute intensive and suffer
from long runtimes on sequential architectures. Dynamic programming algorithms
can be classified according to the matrix dimension and the dependency relationship
of each cell on the matrix [8]: a dynamic programming algorithm is called a tDleD
algorithm if its matrix dimension is t and each matrix cell depends on other
cells. For example, three dynamic programming algorithms are defined as follows:

Algorithm 1 (2D/0D): Given D[i, 0] and D[0, j] for compute
for

where and are computed in constant time.

Algorithm 2 (2D/1D): Given w(i, j) for for compute
for

Algorithm 3 (2D/2D): Given w(i, j) for D[i, 0] and D[0, j] for
compute

for
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The dynamic programming formulation of a problem always yields an obvious al-
gorithm whose time complexity is determined by the matrix dimension and the de-
pendency relationship. If a dynamic programming algorithm is a tD/eD problem, it
takes time provided that the computation of each term takes constant time.
According to above classification method, we classify some popular dynamic pro-
gramming algorithms in bioinformatics as shown in Table1.

According to the classification of these algorithms, although they solve wide vari-
ety of problems, all the algorithms have three aspects in common:

1.
2.
3.

a matrix with initial values
dependency relationship of each cell
an order to compute the matrix

Because these algorithms exhibit the similar characters in these aspects, from the
point of view of parallel computing they can be treated in a similar way, i.e. a similar
partitioning and message-passing strategy. In the next section, we will demonstrate
the implementation of a parallel pattern-based system for the algorithms in bioinfor-
matics.

3 The Generic Parallel Pattern-Based System

The system is presently implemented using standard C++. The implementation uses
the MPI library provided by MPICH 1.2.5.
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3.1 System Overview

Generic programming techniques support static polymorphism through the use of
templates. Compared with dynamic polymorphism using inheritance and virtual func-
tions, there are many advantages of static polymorphism, such as type-safe and effi-
ciency. One of the most important advantages of generic programming is that the
templates can be parameterized with user-defined classes. This advantage of generic
programming techniques can facilitate the development of parallel programs. For
example by using generic programming techniques, we can easily separate the
communication part of a parallel program from the sequential application part. This is
also the main idea of parallel design pattern. The code in Fig. 1 shows the structure of
the class template GenericPattern. It is also the generic description for the
system.

Fig. 1. The structure of the template GenericPattern

Concrete parallel applications can be implemented by extending and instantiating
the template parameters (lines 1, 2, 3, 4) of GenericPattern. These parameters
encapsulate the abstract structure and behavior of a set of parallel patterns in an appli-
cation independent manner. The parameter AlgorithmIni initializes the matrix
that will be computed. SequentialComp processes the sequential computing for
each cell of the matrix. ParallelCommu consists of the communication behavior
between all processors participating in the parallel computing. In fact, these three
template parameters represent the three aspects of the dynamic programming algo-
rithms mentioned in Section 2 respectively. By defining these three parameters, the
parallel part (ParallelCommu) is separated from the sequential application parts
(AlgorithmIni and SequentialComp). Thus, both parts of a parallel program
can evolve independently. This allows for the rapid prototyping of parallel programs,
and permits users to experiment with alternative communication structures quickly
and easily. Currently, we have integrated the block and block-cyclic (line 8) partition-
ing methods and the space-saving method [13] into the system. The system also sup-
ports the two dimensional and three dimensional applications with nested recursive
dependency relationships. Hence, it can be used to develop efficient parallel programs
for many regular and irregular dynamic programming applications [11].
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3.2 Generic Parallel Pattern: Extensibility and Flexibility

An important aspect of our system is the generic representation for a set of patterns,
i.e. a generic pattern. With this generic pattern, we mainly focus on the extensibility
of the system rather than how many limited patterns it can support. In order to achieve
a good extensibility, the template parameters of GenericPattern are also defined
as class templates. Thus, the user can extend the generic pattern by specifying these
application-independent templates. Different specialization will lead to different poli-
cies, i.e. different implementation strategies for a concrete parallel application.

Fig.2 shows how to use the generic pattern to develop parallel programs for new
algorithms. The user only needs to specify the relevant template parameters according
to the characters of the algorithm so as to generate corresponding policy. A policy is
yet to be further instantiated in order to generate the concrete parallel program.

Fig. 2. Extending the generic pattern to implement application-dependent parallel programs

Because the algorithms in bioinformatics share similar characters, this procedure is
not complex. The user only needs to provide the sequential application specific code
while the system supplies the necessary parallel code. For example, the Smith-
Waterman algorithm with linear and affine gap penalty and the syntenic alignment
algorithm share analogous characters in all the three aspects. The obvious differences
between them are the number of matrices they will compute and the dependency rela-
tionship of each cell. Hence, extending the generic pattern to parallelize these three
algorithms is quite simple and similar.

From Fig. 2 we can also find that each template parameter is defined independent
of other parameters. Yet different template parameters can interact with each other via
standard interfaces. Consequently, the system has a good flexibility. For instance in
Fig. 2, policy3 and policy1 share the same parallel characters. Thus we can entirely
reuse the overall design of ParallelCommu1 to develop policy3. The user can
therefore reuse the components in existing patterns to develop new applications in a
flexible way.
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4 Experiments and Performance Evaluation

We have used the described system to develop parallel applications for some of the
algorithms presented in Table 1. They are running on a distributed memory cluster
which comprises 8 AlphaServer ES45 nodes. Each node contains 4 Alpha-EV68
1GHz processors with 1GB RAM for each processor. All the nodes are connected
with each other by a Gbit/sec Quadrics switch.

Table 2 shows the speedups for different number of processors. It is important to
note that these applications are implemented in different methods. The linear space
method [13] is used to reduce the RAM needed by the Smith-Waterman algorithm
(with linear gap penalty and affine gap penalty) and the Syntenic alignment algorithm
for long sequences. Similar space-saving method is used for the three dimensional
applications such as the multiple alignment algorithm for three sequences and the
spliced alignment algorithm. As to the Nussinov algorithm, we store and compute the
whole matrix. Notice the super linear speedups are observed in several applications.
This is because of the effects due to better caching are different according to different
implementation methods for specific applications.

Since the system has been implemented using generic programming techniques, it
is interesting to compare its performance with a system using object-oriented pro-
gramming techniques. In order to investigate this, we have implemented the system in
both ways, with generic programming techniques and using inheritance and virtual
functions. Table 3 presents the performance comparison for the sequential applica-
tions between these two methods.

From Table 3 we can see that the code generated by the system using generic pro-
gramming techniques is faster. This is because the generic programming relies on
static polymorphism, which resolves interfaces at compile time. On the other hand in
dynamic polymorphism using inheritance and virtual functions, the determination of
which virtual function to use cannot be made at compile time and must instead be
made during run time. Thus, more overhead is associated with the invocation of a
virtual function.
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5 Conclusions

In this paper we have described a new parallel pattern-based system using generic
programming techniques. The generic representation for a set of algorithms based on
their characters is one important feature that distinguishes this system from other
pattern-based approaches in parallel computing. To achieve higher extensibility and
flexibility, the template parameters of the generic pattern are defined as class tem-
plates and they can interact with each other in a flexible way. The system also allows
a programmer to reuse the components of a design for a specific application. Thus,
the user can develop new parallel applications quickly and easily. Moreover, because
the generic patterns are also defined independently from each other, adding new pat-
terns to the system is quite simple.

We have presented the effectiveness of this system for some popular two dimen-
sional and three dimensional applications in bioinformatics: Smith-Waterman, Nussi-
nov, syntenic alignment, multiple sequence alignment and spliced sequence align-
ment. The measurements show that the new system can generate parallel programs
with substantial performance gains for these algorithms. Our future work in parallel
program design patterns will include adding more patterns to the system and identify-
ing more applications that can benefit from this technique. Now, we are working on
the identification of parallel design patterns that are frequently used on popular data
structures in bioinformatics such as sequences, trees and matrices. It would also be
interesting to develop the cost analysis and performance prediction tools for the sys-
tem.
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Abstract. Inference of large phylogenetic trees with statistical methods
is computationally intensive. We recently introduced simple heuristics
which yield accurate trees for synthetic as well as real data and are imple-
mented in a sequential program called RAxML. We have demonstrated
that RAxML outperforms the currently fastest statistical phylogeny pro-
grams (MrBayes, PHYML) in terms of speed and likelihood values on real
data. In this paper we present a non-deterministic parallel implementa-
tion of our algorithm which in some cases yields super-linear speedups for
an analysis of 1.000 organisms on a LINUX cluster. In addition, we use
RAxML to infer a 10.000-taxon phylogenetic tree containing representa-
tive organisms from the three domains: Eukarya, Bacteria and Archaea.
Finally, we compare the sequential speed and accuracy of RAxML and
PHYML on 8 synthetic alignments comprising 4.000 sequences.

1 Introduction

Within the ParBaum project at the Technische Universität München, we work
on phylogenetic tree inference based on the maximum likelihood method by
J. Felsenstein [2]. We intend to develop novel systems and algorithms for com-
putation of huge phylogenetic trees based on sequence data from the ARB [6]
ssu rRNA (small subunit ribosomal RiboNucleic Acid) database. In a recent pa-
per [11] we implemented simple heuristics in RAxML (Randomized Axelerated
Maximum Likelihood) which accelerate the tree optimization process and yield
good results in terms of final likelihood values. In a series of experiments with
9 real data alignments containing 101 up to 1.000 organisms we demonstrate
that RAxML is the currently -to the best of our knowledge- fastest and most
accurate sequential program for real data under the HKY85 [4] model of nu-
cleotide substitution. In this paper we describe the parallel non-deterministic
implementation of RAxML and report speedup values on a LINUX cluster for
an alignment containing 1.000 organisms. Finally, we use the sequential and par-
allel version of RAxML to infer the -to the best of our knowledge- first integral
maximum likelihood-based tree containing 10.000 sequences from the three do-
mains: Eukarya, Bacteria and Archaea. This large alignment has been extracted

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 997–1004, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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in cooperation with biologists from ARB. The source code of the sequential and
parallel program including all alignment files and final trees is freely available
for download at WWWBODE.IN.TUM.DE/~

STAMATAK.

Related Work: A comparison of popular phylogeny programs using statistical
approaches such as fastDNAml [7], MrBayes [5], treepuzzle [14], and PAUP [8]
based on synthetic data may be found in [15]. MrBayes carries out bayesian
phylogenetic inference and outperforms all other phylogeny programs in terms of
speed and tree quality in this survey. More recently, Guidon et al. published their
new maximum likelihood program PHYML [3], which seems to be able to com-
pete with MrBayes. To the best of our knowledge apart from RAxML, MrBayes
and PHYML are currently the fastest and most accurate programs for phyloge-
netic tree inference. In addition, results in [3] and [11] suggest that traditional
maximum likelihood methods are still significantly faster than bayesian phyloge-
netic inference. Thus, maximum likelihood-based programs currently represent
the only statistical approach for computation of trees comprising more than 500
sequences. Another important issue is that MrBayes and PHYML have high
memory consumption compared to RAxML. For a 1.000 sequence alignment
RAxML consumed 199MB, PHYML 880MB, and MrBayes 1.195MB of main
memory. Furthermore, both MrBayes and PHYML exited with error messages
due to excessive memory requirements for the 10.000 taxon alignment on a pro-
cessor equipped with 4GB (!) of main memory. Therefore, we made an effort to
port MrBayes and PHYML to a 64-bit Itanium2 1.3GHz processor with 8GB of
memory. While MrBayes exited for unknown reasons, PHYML finally required
8.8GB of main memory in contrast to RAxML which consumed only 800MB.
In what concerns parallel computing, the parallel implementations of bayesian
methods are relatively closely coupled such that high performance computers
with expensive communication infrastructure are required [1]. For PHYML there
exists no parallel implementation yet. There also exists a popular parallel im-
plementation for fastDNAml [13] which is however based on the old sequential
algorithm from 1994.

2 Heuristics

Sequential Algorithm: The heuristics of RAxML belong to the class of algo-
rithms, which optimize the likelihood of a starting tree which already comprises
all sequences. In contrast to other programs RAxML starts by building an initial
tree with the dnapars parsimony program from Felsenstein’s PHYLIP package [9]
for two reasons: Firstly, parsimony is related to maximum likelihood under sim-
ple models of evolution such that one can expect to obtain a starting tree with a
relatively good likelihood value compared to random or neighbor joining starting
trees. Secondly, dnapars uses stepwise addition [2] for tree building and is rela-
tively fast. The stepwise addition algorithm enables the construction of distinct
starting trees by using a randomized input sequence order. Thus, RAxML can
be executed several times with different starting trees and thereby yields a set
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Fig. 1. Rearrangements traversing one node for subtree ST5, branches which are opti-
mized by RAxML are indicated by bold lines.

of distinct final trees which can be used to build a consensus tree. To expedite
computations, some optimization steps have been removed from dnapars.

The tree optimization process represents the second and most important
part of the heuristics. RAxML performs standard subtree rearrangements by
subsequently removing all possible subtrees from the currently best tree t_best
and re-inserting them into neighboring branches up to a specified distance of
nodes. RAxML inherited this optimization strategy from fastDNAml. One re-
arrangement step in fastDNAml consists of moving all subtrees within the cur-
rently best tree by the minimum up to the maximum distance of nodes specified
(lower/upper rearrangement setting). This process is outlined for a single sub-
tree (ST5) and a distance of 1 in Figure 1. In fastDNAml the likelihood of each
thereby generated topology is evaluated by exhaustive branch length optimiza-
tions. If one of those alternative topologies improves the likelihood t_best is
updated accordingly and once again all possible subtrees are rearranged within
t_best. This process of rearrangement steps is repeated until no better topology
is found. The rearrangement process of RAxML differs in two major points: In
fastDNAml after each insertion of a subtree into an alternative branch the branch
lengths of the entire tree are optimized. As depicted in Figure 1 with bold lines
RAxML only optimizes the three local branches adjacent to the insertion point
either analytically or by the Newton-Raphson method before computing its like-
lihood value. Since the likelihood of the tree strongly depends on the topology
per se this fast pre-scoring can be used to establish a small list of potential alter-
native trees which are very likely to improve the score of t_best. RAxML uses a
list of size 20 to store the best 20 trees obtained during one rearrangement step.
This list size proves to be a practical value in terms of speed and thoroughness
of the search. After completion of one rearrangement step the algorithm per-
forms global branch length optimizations on those 20 best topologies only. Due
to the capability to analyze significantly more alternative topologies in less time
a higher upper rearrangements setting can be used e.g. 5 or 10 which results in
significantly improved final trees. Another important change especially for the
initial optimization phase, i.e. the first 3-4 rearrangement steps, consists in the
subsequent application of topological improvements during one rearrangement
step. If during the insertion of one specific subtree into an alternative branch a
topology with a better likelihood is encountered this tree is kept immediately and
all subsequent subtree rearrangements of the current step are performed on the
improved topology. This enables rapid initial optimization of random starting
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trees [11]. The exact implementation of the RAxML algorithm is indicated in the
C-like pseudocode below. The algorithm is passed the user/parsimony starting
tree t, the initial rearrangement setting rStart (default: 5) and the maximum
rearrangement setting rMax (default: 21). Initially the rearrangement stepwidth
ranges from rL = 1 to rU = rStart. Fast analytical local branch length opti-
mization a is turned off when functions rearr(), which actually performs the
rearrangements, and optimizeList20() fail to yield an improved tree for the
first time. As long as the tree does not improve the lower and upper rearrange-
ment parameters rL, rU are incremented by rStart. The program terminates
when the upper rearrangement setting is greater or equal to the maximum rear-
rangement setting, i.e. rU >= rMax.

Parallel Algorithm: The parallel implementation is based on a simple master-
worker architecture and consists of two phases. In phase I the master distributes
the alignment file to all worker processes if no common file system is available,
otherwise it is read directly from the file. Thereafter, each worker independently
computes a randomized parsimony starting tree and sends it to the master pro-
cess. Alternatively, it is possible to start the program directly in phase II by
specifying a tree file name in the command line. In phase II the master initiates
the optimization process for the best parsimony or specified starting tree. Due
to the high speed of a single topology evaluation, the requirement for atomicity
of a specific subtree rearrangement by function rearrangeSubtree() and the
high communication cost, it is not feasible to distribute work by single topolo-
gies as e.g. in parallel fastDNAml. Therefore, we distribute work by sending
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the subtree ID along with the currently best topology t_best, to each worker.
The sequential and parallel implementation of RAxML on the master-side is
outlined in the pseudocode of function rearr() which actually executes subtree
rearrangements. The worker simply executes function rearrangeSubtree().

In the sequential case rearrangements are applied to each individual subtree i.
If the tree improves through this subtree rearrangement t_best is updated ac-
cordingly, i.e. subsequent topological improvements are applied. In the parallel
case subtree IDs are stored in a work queue. Obviously, the subsequent appli-
cation of topological improvements during 1 rearrangement step (1 invocation
of rearr() is closely coupled. Therefore, we slightly modify the algorithm to
break up this dependency according to the following observation: Subsequent
improved topologies occur only during the first 3–4 rearrangement steps (ini-
tial optimization phase). Thereafter, the likelihood is improved only by function
optimizeList20(). This phase requires the largest amount of computation time,
especially with big alignments of execution time). Thus, during the ini-
tial optimization phase we send only one single subtree ID i=2,.. . ,#species
2 - 1 along with the currently best tree t_best to each worker for rear-

rangements. Each worker returns the best tree w_tree obtained by rearranging
subtree i withint_best to the master. If w_tree has a better likelihood than
t_best at the master, we set t_best = w_tree and distribute the updated best
tree to each worker along with the following work request. The program assumes
that the initial optimization phase IIa is terminated if no subsequent improved
topology has been detected during the last three rearrangement steps. In the final
optimization phase IIb, we reduce communication costs and increase granular-
ity by generating only jobs (subtree ID spans). Finally, irrespective
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of the current optimization phase the best 20 topologies (or #workers topolo-
gies if #workers > 20) computed by each worker during one rearrangement
step are stored in a local worker tree list. When all #species 2 - 3 sub-
tree rearrangements of rearr() have been completed, each worker sends its tree
list to the master. The master process merges the lists and redistributes the 20
(#workers) best tree topologies to the workers for branch length optimization,
like in parallel fastDNAml. When all topologies have been globally optimized
the master starts the next iteration of function optimize(). Due to the required
changes to the algorithm the parallel program is non-deterministic, since final
output depends on the number of workers and on the arrival sequence of results
for runs with equal numbers of workers, during the initial optimization phase

IIa. This is due to the altered implementation of the subsequent application of
topological improvements during the initial rearrangement steps which leads to
a traversal of search space on different paths.

3 Results

For our experiments we extracted alignments of 1.000 and 10.000 taxa
(1000_ARB, 10000_ARB) from the ARB database containing organisms from
the domains Eukarya, Bacteria and Archaea. We used the HKY85 model of
sequence evolution and a transition/transversion ratio of 2.0. Furthermore, we
generated 8 synthetic 4.000 taxon alignments (SIM_1,...,SIM_8) with a length of
2.000 base pairs and distinct parameter settings for comparison of PHYML and
RAxML.

Synthetic Data Tests: In Table 1 we list the topological distance to the sim-
ulated “true” tree (normalized Robinson-Foulds rate) and execution time in
seconds of PHYML and RAxML for the 8 synthetic 4.000 taxon alignments.
Details on the generation of the simulated data sets, a discussion of results, and
supplementary experiments with real-data are provided in [12].

Scalability Tests: We conducted parallel tests with a fixed starting tree for
1000_ARB. The program was executed on the 2.66GHz Xeon cluster on the
RRZE [10] on 1, 4, 8, 16, and 32 processors with an initial rearrangement setting
rStart of 5. To calculate the speedup values we only take into account the num-
ber of workers, since the master process hardly produces any load. In Figure 2
we plot “fair” and “normal” speedup values obtained for the experiments with
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Fig. 2. Normal, fair, and optimal speedup values for 1000_ARB with 3,7,15, and 31
worker processes on the RRZE PC Cluster.

the 1000_ARB data set at the RRZE PC-cluster. “Fair” speedup values measure
the first point of time at which the parallel code encounters a tree with a better
likelihood than the final tree of the sequential run or vice versa. These “fair”
values better correspond to real program performance. Furthermore, we also in-
dicate “normal” speedup values which are based on the entire execution time of
the parallel program, irrespective of final likelihood values. Since we intend to
explore the effect of non-determinism on program performance we executed the
parallel code 4 times for each job-size and calculated average “normal” / “fair”
execution times and likelihood values.

Inference of a 10.000-taxon tree: The computation of the 10.000-taxon tree
was conducted using the sequential, as well as the parallel version of RAxML.
One of the advantages of RAxML consists in the randomized generation of start-
ing trees. Thus, we computed 5 distinct randomized parsimony starting trees
sequentially along with the first 3–4 rearrangement steps on a small cluster of
Intel Xeon 2.4GHz processors at our institute. This phase required an average of
112.31 CPU hours per tree. Thereafter, we executed several subsequent parallel
runs (due to job run-time limitations of 24 hrs) with the respective starting trees
on either 32 or 64 processors at the RRZE 2.66GHz Xeon-cluster. The parallel
computation required an average of 1689.6 accumulated CPU hours per tree.
The best likelihood for 10000_ARB was -949570.16 the worst -950047.78 and
the average -949867.27. PHYML reached a likelihood value of -959514.50 after
117.25 hrs on the Itanium2. Note, that the parsimony starting trees computed
with RAxML had likelihood values ranging between -954579.75 and -955308.00.
The average time required for computing those starting trees was 10.99 hrs. Since
bootstrapping is not feasible for this large data size and in order to gain some
basic information about similarities among the 5 final trees we built a consensus
tree using the extended majority rule with consense from PHYLIP (consense
constantly exited with a memory error message when given more than 5 trees).
The consensus tree has 4777 inner nodes which appear in all 5 trees, 1046 in 4,
1394 in 3, 1323 in 2, and 1153 in only 1 tree (average: 3.72).
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4 Conclusion

We presented an efficient parallel implementation of recently introduced heuris-
tics for phylogenetic inference under simple models of site substitution which
achieves optimal speedup values. Thus, RAxML provides a fast and practicable
approach for sequential and parallel inference of large phylogenetic trees con-
taining up to 10.000 organisms. We were able to compute the -to the best of our
knowledge- first 10.000-taxon tree with maximum likelihood using RAxML on a
medium-size commodity PC cluster. However, at this tree size, there arise new,
yet unresolved problems such as, assessment of quality and visualization which
require further investigation.
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Abstract. In this paper we present new approach to the problem of parallel mul-
tiple sequence alignment. The proposed method is based on the application of
caching technique and is aimed to solve, with high precision, large alignment
instances on the heterogeneous clusters. The cache is used to store partial align-
ment guiding trees which can be reused in future computations, and is applied to
eliminate redundancy of computations in parallel environment. We describe an
implementation based on the CaLi library, the software designed for caches im-
plementation. We report preliminary experimental results and finally, we propose
some extensions of our method.

1 Introduction

Today, multiple sequence alignment is a main concern in bioinformatics. It is both a
comparison tool for sequences but also an input data for phylogeny inference. In this
case, it is important to have a reliable multiple alignments [1]. In general formula-
tion, for a set of sequences we want to compute the phylogeny and multiple alignment.
This problem is known as the “Generalized Tree Alignment Problem” [2] and has been
shown to be Max–SNP–HARD [3].

In our previous work [4] we have proposed a new heuristic to solve the problem of
multiple sequence alignment based on the simultaneous reconstruction of the alignment
and the tree used to guide alignment construction. This general approach allows fast ap-
proximated alignment of large datasets (the ones containing many long sequences) as
well, as the more precise alignment of small ones. In this case the method, called Phyl-
Tree (PT), explores space of the partial guiding trees of some fixed size k, being an
input parameter. Unfortunately, the size of the analyzed search space grows exponen-
tially with growth of k. Thus, a PT is too complex to be applied for large data.

In this paper we propose parallel version of the PT method, which allows accurate
alignment of large datasets to be computed in reasonable time. First, we describe the
basic parallel algorithm, then we show its extension based on the application of the
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techniques similar to these used in the web-caching and distributed caching [5]. We
present also results of the experiments obtained using our software for parallel multiple
sequence alignment on the heterogeneous clusters.

2 Multiple Alignment with Tree Construction

The usual aim of multiple sequence alignment is to understand the relation between the
involved sequences. To do this, one need to know the relationships between analyzed
species, the phylogeny. This one is figured out to be a tree, with the common ancestor
at the root, and sequences of the dataset at the leaves. Usually, when using a multiple
alignment program, we do not have this knowledge and estimation of the tree must be
performed.

2.1 Related Works

Multiple alignment [6–8] and multiple alignment with tree estimation have been ad-
dressed a lot in the recent years [9–11]. As we have already said, these problems are
computationally intensive. The important number of proposed solutions relay on an ap-
proach named progressive multiple alignment. Two main parts can be distinguished in
this method. The first one consists in the construction of a tree aiming to estimate the
ancestral relationships of the dataset. This is important as it is the best criterion to con-
struct the multiple alignment. Then, such a tree is used to guide the multiple alignment
and here, depending on the method, different criteria may be used.

2.2 A New Approach: PhylTree Method

The PT method follows general scheme of multiple alignment with simultaneous build-
ing of phylogenetic tree. The principle of this algorithm is to iteratively group sequences
which are supposed to be closely related from the evolutionary point of view. The al-
gorithm proceeds in two main phases (see Fig. 1). First, the distance matrix for all se-
quences is computed. In our case it is done using pairwise sequence alignment, which
is a typical approach. Next, the second phase starts, it consists in four iteratively re-
peated steps: (i) neighborhood determination, (ii) phylogenetic analysis, (iii) new taxa
construction, (iv) update of distance matrix.

The distance matrix computation requires pairwise alignments. It is easy to
notice that this process can be well parallelized since all computations are independent.

After building the distance matrix we proceed with the main part of the method.
First, we look for relevant groups of sequences. More precisely, for each taxon from the
input dataset we search neighborhood of fixed size k. Here, neighborhood is defined as
follows:

where: T denotes input set of taxa, D is a distance matrix for T and ng(t) is a neigh-
borhood of taxon t, We will use this notation in the rest of the paper. The
process of neighborhoods determination is very fast, and additionally number of input
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Fig. 1. General scheme of PhylTree method.

taxa decreases with every iteration. Thus, parallelization of this stage is useless, not to
say impossible.

The crucial and the most complex part of the whole process is the phylogenetic
analysis. In this step, for each neighborhood we construct all possible guiding trees.
The number of trees with k leaves growths exponentially with k. This means that the
process of analysis is very time consuming and requires a special treatment.

As a result of phylogenetic analysis, for each neighborhood we obtain the best tree
with respect to the corresponding score of multiple alignment. We call such tree a par-
tial guiding tree. In fact, we can obtain several such trees and we will discuss implica-
tions of this fact in the last section. This way we have a list of best trees which are next
used to find the set of the most relevant sequences in the input dataset. These groups
are called phylo-clusters. Formally, phylo-cluster is defined as a set of m taxa
which appear as leaves of a subtree of size m (see Fig. 2). Additionally, to be a phylo-
cluster set of taxa must appear in the neighborhood of each of its components. This
condition is due to the relevance of the groups. A phylo-cluster that does not appear in
the neighborhood of its components was built from distant taxa.

The next step is the update of the distance matrix. Previously determined phylo-
clusters (with appropriate trees) become new entries in the distance matrix and corre-
sponding values in the matrix are modified. The way the matrix is updated depends
on scoring function we use. In our implementation it is mean average of distances be-
tween phylo-cluster components and other taxa. The whole process is extremely fast
and finishes an iteration.

3 Parallelization of the Method

In the previous section we have described the PT method highlighting some properties
which make this approach too complex to solve the large instances of the multiple
alignment problem. Parallel version of the PT method tries to face these issues.
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Fig. 2. Best trees for some neighborhoods (numbers represent taxa). < 1,2 > and < 4,5 > are the
only phylo-clusters.

3.1 Generic Scheme

The parallel PT algorithm is based on the following observations:

Distance matrix computation is an independent task which must be completed be-
fore starting the second phase.
The atomic operation for the whole process is alignment which is used to build the
distance matrix and is a basic operation during the phylogenetic analysis as well.
Processing of different neighborhoods often requires computations which overlaps.
Namely, if two neighborhoods have common subset of more than one element,
alignment for such set will be computed twice. At the same time, neighborhoods
can be processed concurrently.
Phylogenetic analysis results with set of optimal partial guiding trees. Selecting
only one of them, we constrain the exploration of the search space which maybe
valuable for a user.
Large input datasets can contain sequences which were previously used as an input
and which may tend to form neighborhoods analyzed in the past.

In order to parallelize our algorithm we have chosen the distributed master-worker
(DM/W) paradigm addressing heterogeneous computational clusters. Such architecture
seems to be the most accurate to efficiently carry on computations required by PT.
Master, which is a single, arbitrary chosen node, stores input and cached data. Thus,
it is responsible for all I/O operations and is used to manage the whole system. As a
computational power set of workers is used, which can be set of any machines able to
run single pairwise alignment computations.

At the beginning of computations, master distributes requests for pairwise align-
ments among workers and gathers results to have a complete distance matrix at the
end. Here, any scheduling method which guarantees good load balancing can be used.
During this step, the master performs additional task. It measures performance of each
computing node. This allows to approximate efficiency of nodes and optimize schedul-
ing in the next stages. Since pairwise alignment is an atomic operation done by workers,
such an approximation seems to be reasonable.

As soon, as the distance matrix is computed the main loop of the PT is started.
The master generates neighborhoods for all input taxa. Next, it searches cache to check
which neighborhoods have to be analyzed (we detail cache usage in the next subsec-
tion). These are send to workers and there processed. Master receives best guiding trees
found by workers, updates cache and finally, modifies the distance matrix.
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3.2 Application of the Cache

For a long time, caching has been deployed as a one of the methods to improve the
efficiency of software and hardware systems. Today, the cache applications cover a wide
variety of computer science areas, including hardware, Internet technologies with web-
caching and distributed caching, data bases and complex computational systems [5,12].

In our application, we can distinguish two levels of cache. Both relaying on the
observations made in the previous section. The first level of cache is to keep partial
guiding trees being result of phylogenetic analysis. According to formula (1), neigh-
borhood ng(t) of taxon t contains simply t and set of its k – 1 closest elements. As it
is easy to notice, the only knowledge used to determine neighborhood is distance ma-
trix. This property gives us some possibility to compare two neighborhoods without
explicit comparison of their elements, and further, to build unique key describing given
neighborhood. The caching system can next associate this key with corresponding best
partial guiding tree.

Definition 1. ATAC graph (all to all comparison graph). ATAC graph, denoted AG(ng),
for the neighborhood ng is a labeled complete graph whose nodes are the elements of
ng. Every edge of AG graph is labeled by distance between the nodes it connects.

AG(ng) describes precisely neighborhood ng. This allows us to write binary predi-
cates to compare AG graphs and this way to compare neighborhoods. Such an approach
has very important property. It permits us to use caching system as a heuristic for align-
ment process. More precisely, depending on the form of predicate we can have exact
solution, the predicate compares if two neighborhoods are exactly the same, or approx-
imation, predicates compare if two neighborhoods are similar. Here, “similar” is a user
defined criterion. Of course, the graph comparison is a complex task by itself. However,
considered graphs are small (usually and lot of methods or relaxations exists
which can be successfully applied here.

The second level cache is maintained in a distributed fashion. As we have already
pointed, during neighborhoods processing strong redundancy of computations occurs.
Hence, application of cache on each node combined with accurate method for request
routing can lead to a great improvement in efficiency. The use of distributed cache re-
quires to select carefully the scheduling method, especially because we are addressing
heterogeneous architecture. Scheduling must guarantee that neighborhoods which have
common subset will be assigned to workers in the way maximizing cache usage – the
computations will be replaced by cache requests. Here, the knowledge about nodes effi-
ciency collected during the distance matrix computation can be utilized. The distributed
cache is currently under development and first analyzes are very promising for further
research.

4 Experimental Results

To validate our approach of parallel multiple sequence alignment, we have performed
several experiments with actual biological data. The main purpose of these experiments
was to verify what are benefits coming from the cache usage. Currently only the first
level cache application has been tested.
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4.1 Testing Environment

The parallel PT method has been implemented using message passing interface and
C++ language. To perform scheduling during the first phase, the guided self-scheduling
method is used. As a communication layer LAM/MPI version 7 is utilized. The caching
system has been implemented using the CaLi library [13], and is based on the classical
Least Frequently Used with Size replace policy. This policy evicts entries which are
accessed least frequently and if two entries have the same number of references the
smaller one is removed. However, during experiments no evictions were performed
since cache capacity was never exceeded. To compare neighborhoods AG graphs are
tested for equality. The sequence alignment is based on the Sankoff algorithm [14].

As a hardware platform we have used ACCORD cluster [15]. This machine is a
heterogeneous cluster containing one server (Dual AMD Athlon 1600 MHz with 1 GB
RAM), and SMP nodes based on AMD Athlon 1600 MHz, AMD Athlon 1200 MHz
and Intel Pentium 750 MHz processors. Each node contains 512 MB of RAM. As a
physical connection layer FastEthernet is used.

4.2 Experiments

We have simulated a set of requests for multiple alignment of sequences coming from
TreeBase [16]. Each request was processed with neighborhood size k = 5. The first
request contained 16 DNA sequences of average length 1000 bp (reference M993).
Every next request was extended with 8 new sequences. When processing of the last
request had finished, we have resubmitted all requests. This allowed us to measure
efficiency of the system when usage of the first level cache is maximal.

To process requests the server could use up to 10 weakly heterogeneous compu-
tational nodes. Table 1 presents result of the experiment. is the execution time of
the sequential version of the PT method on dual AMD Athlon 1600 MHz node. T is
the time of execution of the parallel version. represents the time of execution of
the parallel version when cache hit ratio is maximal, that is 1. Finally, is the time of
execution of the parallel version but without cache support. In this case, during compu-
tations all available processors are used.

The multiple sequence alignments which we have obtained using parallel PT
method were exactly the same as these obtained using the sequential one.
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4.3 Analysis

Based on the presented results we can state several observations. As expected, applica-
tion of the cache increases the efficiency of the system. This is a natural consequence of
replacing large part of the computations by caching system. However, since not every
partial tree can be cached, application of the cache has some limitations. This is sug-
gested by results of processing when the cache hit ratio is maximal. It is obvious that we
can not do better than the time required to process uncachable data (time used to serve
cache can be neglected). In the simplified way, this can be expressed by the following
formula (we consider only second phase of the PT method):

where: is a time of execution on N processors, is a time of execution on a single
processor, is a sequential part of the computations and is a fraction of computations
which are handled by the caching system. In our case refers to the neighborhoods
determination, multiple alignment for best tree, and the distance matrix update. It is
easy to notice, that formula (2) is similar to the well known Amdhal’s Law. What is
more, with growth of request size the speedup remains the same but the number of
the processors used increases. This can be explained by change of the ratio – cache
usage is more or less constant but number of required computations increases. However,
we can expect that cache hit ratio will increase when more and more requests will be
processed, and the introduction of second level cache will speed up computations of
uncached requests.

One of the interesting observations concerns processors usage. If the processed re-
quest is not big enough not all available processors are used. This is direct consequence
of use of DM/W architecture. Since the number of neighborhoods to process during
a single iteration can be significantly reduced by caching system number of required
processors stays small. On the other hand, this property remains very useful for large
requests since it allows a better load balancing.

The presented results show, that application of the first level cache can noticeably
increase efficiency of the whole system. Additionally, the second level cache has to
be implemented to more effectively utilize computational power during phylogenetic
analysis.

5 Conclusions

In this paper we have presented a new approach to the problem of parallel multiple
sequence alignment. The originality of this method flows from two things: concurrency
of alignment and guiding tree construction and application of two level caching. We
have presented also preliminary experimental results based on the alignment of real
biological data.

The current work concerns application of the second level cache. Additionally, our
method provides several possibilities for extensions. These include experiments with
different scheduling protocols, design of new cache update policies and research on
different distributed caching schemes.
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One of the most interesting issues is to develop support for the human-in-the-loop
interaction [17]. As we have mentioned in Section 2.2, using only one from the set of
best trees may strongly constrain the exploration of the search space. On the other hand,
it is computationally infeasible to use several trees for each neighborhood, and the term
“best tree” may be not well defined. We believe that introducing user interaction we can
partially solve this problem. End-user could have possibility to arbitrary choose one of
the best guiding trees and to change the value of the parameter k during processing.
This way he/she could direct alignment process using expert knowledge, and dynamic
change of k value should cause better global cache usage. This should lead finally to
more accurate (from the user point of view) alignments.
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Peer-to-Peer and Web Computing

Seif Haridi, Karl Aberer, Peter Van Roy, and Michele Colajanni

Topic Chairs

Peer-to-peer computing has evolved recently from an attractive new paradigm
into an exciting and vibrant research field bringing together researchers from dis-
tributed systems, networks and theory. Peer-to-peer systems are characterized
as being decentralized, self-organizing distributed systems, in which all or most
communication is symmetric. Peer-to-peer technologies are aimed for building
large-scale distributed services. In particular peer-to-peer architectures could be
used in the context of web and grid computing to provide scalable self-organizing
resources/services. Because of their size, autonomy and possibly high volatility,
peer-to-peer systems provide the opportunity for researchers to re-evaluate many
fields of distributed computing, such as protocols, infrastructures, security, cer-
tification, fault tolerance, scheduling, performance analysis, etc.

This topic examines peer-to-peer technologies, applications, and systems, and
also identifies key research issues and challenges. 19 papers were submitted,
seven has been accepted as regular papers, and one as short. Here comes a short
description of the accepted papers.

In “A P2P Grid Services-Based Protocol: Design and Evaluation” the authors
propose to use the Gnutella-protocol for discovering grid-peers and implement
an OGSA-compliant grid service for the Gnutella protocol. In “A Small World
Overlay Network for Resource Discovery” the authors suggest that every peer in
the system describe its resources in a XML document. A distance function is de-
fined which takes two XML documents and returns the complement of the ratio
of matches between the documents. In “A Hybrid Peer-to-Peer Network Solution
to the Synchronization and Session Control in 3D Multi-User Virtual Environ-
ments” the paper is describing an alternative to a centralized maintenance of
a distributed 3D environment using the Gnutella network. In “TAP: Topology-
Aware Peer-to-Peer Network with Expanding-Area Lookup” the authors propose
a combination of DHT mechanism with a small hierarchical structure (4 levels
are proposed) to handle the locality problem in Distributed Hash Table overlay
networks. In “Improving the Scalability of Logarithmic-Degree DHT-based Peer-
to-Peer Networks” the authors propose an improvement of the network size for
given routing-table size of logarithmically structured P2P DHT-based networks.
In “The ncast Primitive for Peer-to-Peer Networks” the paper proposes a com-
munication primitive similar to a multicast operation, where only the number
of delivered messages is specified. The paper “Going Large-scale in P2P Experi-
ments Using the JXTA Distributed Framework” basically presents a case study
of a framework for distributed applications based on JXTA which is a middle-
ware for building peer-to-peer applications. Finally “Using Similarity Groups to
Increase Performance of P2P Computing” is about the design of new strategies
based on various concepts of similarity that can be used to group together peers
in a Peer-to-peer network.
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Abstract. Many emerging applications of peer-to-peer networking will
benefit from new, more appropriate communication primitives at the
transport level. This paper presents the design and preliminary imple-
mentation of two variants of a novel primitive termed ncast. Unlike con-
ventional multiway communications, the ncast primitives are not based
on identity; their semantics specify the number of message deliveries in
a given collaborative peer group. Both variants provide a means for ful-
filling message delivery quotas in a peer-to-peer network, but they differ
in the strength of the semantics they provide. A description of this op-
eration and its semantics is followed by examples and implementation
outlines. The paper concludes with a brief discussion of issues relating
to the utility of such primitives in collaborative peer group networks.

1 Introduction

This paper introduces a primitive called ncast, for use in peer-to-peer networks.
Generally, peer-to-peer systems such as Tapestry [11], Pastry [6], Chord [7] and
CAN [5] support two paradigms of communication (see Figure 1). Unicast proto-
cols offer single sender, single receiver semantics and are analogous to point-to-
point exchanges. Propagation schemes disseminate messages from a single origin
to the whole network such as in the Gnutella search protocol [3]. In addition, the
recent introduction of protocols such as Acknowledged Multicast [2] suggests the
emergence of peer-to-peer multicast algorithms, which typically contact multiple
nodes in a single operation.

The protocols proposed in this paper are members of a family of message
propagation primitives designed to support collaborative peer groups [9]. Such
collections of entities occur both in CSCW settings as well as in Grid environ-
ments, where resource sharing on peer networks is the goal. Collaborative peer
groups are defined as peer-to-peer overlay networks with controlled membership
and multiway communication primitives that offer well-defined semantics. Un-
like conventional paradigms, collaborative peer group primitives do not use the
identity of a message recipient as the basis for the transport destination. Rather,
literally adopting the tenet that peers are equivalent in a peer-to-peer system,
our primitives deliver messages based on group/peer attributes such as a given
number of peers, “nearby” peers, “any willing peer” and so on. In the context of
Grids, this model can also encompass addressing peer nodes based on capabilities
or resources, e.g. “any peer that is willing to offer X amount of resource type Y
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Fig. 1. Paradigms of Peer-to-Peer Communication (Unicast, Propagation and ncast).

for Z time”. In these and similar situations, the actual identity of the peer is not
important – and therefore, traditional communication primitives that address
by name, or by group membership, are less appropriate. This project proposes
to develop a new suite of communication primitives that are suitable to the com-
mon needs of peer-to-peer systems, in environments that support collaboration
of multiple kinds, including resource sharing.

This paper describes two exemplar primitives, collectively termed ncast,
which provide sender oriented semantics in terms of the number of nodes that
deliver a message. In this context, a message has been delivered when it reaches
the application. ncast differs from conventional schemes in its notion of which
recipients are contacted. In operations such as Acknowledged Multicast, the
list of recipients is explicitly stated [2], that is, the application submits one
or more identifiers and the multicast transport ensures correct delivery of the
message. Using ncast, any node that has not previously delivered the message is
eligible as a recipient. The important consideration is the number of nodes which
deliver the message. Such primitives are likely to be useful useful in numerous
peer group applications. For example, consider scenarios including distributed
voting, student group learning, emergency personnel engaged in disaster recovery
and police officers coordinating a public order operation. In these and similar
situations, cooperation is not based on the participants knowledge of each other’s
specific identities but on commonalities, either in terms of purpose or situation.
Furthermore, there are a number of instances where the delivery of a message
to a number of participants, as opposed to a group of specific individuals, is
important. For example, it may be the case that in order for a distributed vote
to be valid, at least 100 voters must be contacted. Similarly, in a command
and control scenario, it is often more important to address a particular number
of personnel that fulfill some criteria (e.g. proximity), as opposed to a group of
specific individuals. In the Grid context, the actual identity of a resource sharing
partner is less important than the type and quantity of resources they offer. In
a data grid, a partitioned data set may need to be stored on a given number of
servers, irrespective of their identities. It is these types of requirements that the
ncast primitives are designed to address.

In this paper, ncast refers to two variants that differ in semantic strength.
greedy_ncast is the less expensive (but semantically weaker) protocol and en-
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sures delivery to at least a given number of nodes. safe_ncast guarantees de-
livery to an exact number of nodes, but is expected to be more expensive and
difficult to implement. The design of the ncast primitives and preliminary expe-
riences with their implementation and use are discussed in the following sections.

2 System Model and Semantic Definition

Our model assumes an asynchronous communication system in which there are
no upper bounds on the time for message delivery [1]. Within such a system, a
set of nodes N can form dynamic, self organizing logical overlays or peer-to-peer
networks that support application oriented forms of interaction [9]. A node is
defined to be capable of performing operations including message routing, object
location and communication. Nodes posses unique identifiers and are symmetric
in their abilities. There are no distinguished roles, centralized services or global
information oracles. A variety of topologies may form and while these are not
limited solely to trees, it is assumed that cycles are not present in the graph1. In
order to operate, nodes store and maintain information about their neighbors,
i.e. other nodes with which they share a direct connection. is used to denote
the set of available nodes that are neighbors of

When compared to conventional networks, peer-to-peer overlays exhibit a
high degree of dynamicity in terms of node availability. Nodes are ‘available’
when they are connected to at least one other node and can become unavailable
as a result of a voluntary leave, a network partition, failure or non-graceful
shutdown. Availability of neighbors is typically determined through the periodic
exchange of explicit ‘heartbeat’ messages – usually at the application, transport,
or data link level. When available, nodes engage in predominantly two forms
of communication: unicast (one to one) and propagation (one to all available
nodes). A propagation primitive could be used to address the same applications
as ncast; however, it is expensive to contact every node where a subset will
suffice, particularly in large networks. In ncast, the aim is to reach the requisite
number of deliveries (termed a quota), but with a minimal number of messages.
It is this minimization in the presence of network dynamicity, lack of global
knowledge and asynchrony that makes the problem challenging. Furthermore,
the recipients of the message are arbitrary, and successful delivery to any

nodes will suffice. As there are no assumptions on the timeliness of message
delivery, it is necessary to introduce a timeout constant to ensure termination;
completion time upper bounds are derived from this constant.

In defining the semantics of ncast, the dynamicity of peer-to-peer networks
presents a conflict of goals. On one hand, ncast should employ all means possible
to fulfill a quota. For example, the arrival of new nodes can be considered as
favorable and as a result, ncast may nodes, thereby increasing the
likelihood of success. On the other hand, a decrease in the size of the network may
mean that there are not enough nodes to satisfy the quota. In certain scenarios, it

1 This simplifying assumption has since been removed, and subsequent versions of the
algorithm successfully perform ncast in arbitrary graphs.
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is necessary to guarantee that if the protocol can not reach its quota, then strictly
< nodes deliver By allowing ncast to proactively contact new nodes in all
cases, it would be impossible to guarantee this property. Thus, two primitives
are introduced: greedy_ncast is designed to exploit network dynamicism, while
safe_ncast guarantees that if nodes can not deliver strictly < nodes
deliver Their semantics are:

greedy_ncast
is delivered by at least nodes within units of time

from where is the instant the timeout is set by the sender;
is not delivered by a minimum of nodes within units of

timefrom However it may be the case that at a time
is delivered by nodes. It may also be the case that at the instant

failure is returned,  where # returns the length of a set;
safe_ncast

is delivered by exactly nodes within units of time
after

nodes deliver within units of time after
but it may be the case that #N is at the instant failure is returned.

3 Quotas and the ncast Algorithms

Operation of the ncast scheme is based on the notion of a quota, defined as a
requisite number of deliveries for a particular message. Based on this, the ncast
primitives operate through two algorithms which execute as part of a middleware
library on each node. The quota manager is primarily responsible for processing
messages associated with the ncast protocol and for coordinating the actions
associated with fulfilling outstanding quotas. Conversely, the event manager is
designed to respond to events that occur during the protocols execution, for ex-
ample, servicing timeout expirations and responding to the arrival of new nodes.
The reason for distinguishing event handling from protocol message processing
is to provide an element of extensibility in the design.

Both the quota manager and the event manager coordinate their operation
using two tables which are stored in memory at each node. The quota table stores
entries that relate to the quotas a particular node is trying to fulfill and the
pending table retains information reflecting the quotas that have been delegated
to other nodes. The quota table is denoted as qt and stores entries of the form
shown in Table 1(top). Conversely, the pending table (pt) operates with the
format shown in Table 1 (bottom). The roles of these fields will become evident
in the ensuing discussion, however, two require prior introduction here. The
current delivery level relates to a particular quotas progress towards fulfillment.
If the current delivery level = then the quota is fulfilled. Eachncast message
is also labeled with a sequence number. This combined with the source field
uniquely identifies each ncast message and permits a node to detect messages
that are ‘new’. Nodes store sequence numbers as they are received in a list called
seq. Note that this does not require the maintenance of global information.
Moreover, if a node receives an ncast from a node that is not listed in seq, then
the message is new and a record is established.
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3.1 The Informal Operation of ncast

Suppose that the application of node callsgreedy_ncast to send a message
to nodes.Using a NEW_QUOTA message, submits and to its quota manager.
The quota manager responds by making an entry in the quota table of the form:

greedy). As the message is new, it is eligible for delivery at however,
since originated message delivery is deferred until the rest of the quota is
fulfilled. The quota manager then issues sub-quotas of value to
each available neighbor. Since has no knowledge of the networks density and
topology, any remainder from the division is added to a randomly selected sub-
quota. Each sub-quota is entered into the pending table and a timeout of value

is set. Each neighbor ne receives the sub-quota and based on its
sequence number list, determines if is a new message. If so, it is delivered by
ne and the sub-quota is decremented. If the message has been seen before, it is
not delivered and the sub-quota remains unchanged. ne then enters the message
into its own quota table, whereby the local quota manager issues new sub-quotas
taking care not to propagate the message back to (hence the ‘previous hop’ field
in the quota table). If message delivery fulfilled the quota, then a QUOTA_FILLED
message is returned to the previous hop. If the previous hop is unavailable, then
the QUOTA_FILLED message is sent to the source of the ncast. If the source of the
ncast is unavailable, then the operation is considered defunct and discards
However, if greedy_ncast succeeds, is delivered to signifying success.

During the course of the execution of the protocol, several events can occur,
including the expiration of timeouts and the arrival of new nodes. If a timeout
expires and a quota has not been fulfilled a QUOTA_MISSED message is sent either
to the previous hop or to the source of the ncast depending on availability. The
QUOTA_MISSED message includes details of the quotas target and shortfall. When
new neighbors arrive, the event manager issues new sub-quotas for any ‘greedy’
entries in the quota table. Thus, it is possible that a shortfall in one part of the
network is compensated by greater node density in another. However, it should
be noted that if either primitive returns failure, it does not imply that
at the time returned failure. If a node sends a QUOTA_MISSED message and is
subsequently joined by several new neighbors, there is at present, no mechanism
to take advantage of this.

The safe_ncast algorithm does not exploit favorable network events as this
can lead to semantic violation. At any time, there are a maximum of
instances of the message circulating within the network. The final instance
is held by the sender and its delivery depends on the overall outcome of the
operation. The reason for this is that if a message is sent to a node, there
is no way of ascertaining whether has or has not been delivered at that
node unless a QUOTA_FILLED or a QUOTA_MISSED message is returned. Consider
a node that was sent a message and returns either a QUOTA_FILLED or a
QUOTA_MISSED message. In this case, it is certain that was delivered by the
number of nodes indicated in the response. However, if is arbitrarily slow,
then the sender may timeout waiting for to respond. If this occurs, then the
sender has no guarantee that either was delivered or discarded and there
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is no way of ascertaining that will not be delivered by in the future. If
the sender sends to another neighbor without first knowing the outcome at

it is impossible to guarantee that strictly nodes will deliver Similarly
in the negative case, it is not possible to guarantee that strictly < nodes
have delivered as may subsequently deliver the message. Thus, in order
to guarantee safety, the protocol employs a QUOTA_ABORT message. If a timeout
expires for a safe_ncast, the operation is aborted and the sender is informed.
Since at any time < instances of are in the network, the sender discards its
copy of thus guaranteeing that < nodes have or will deliver The rationale
of this overview is to communicate the essence of the scheme. Before formalizing
the quota and event managers as pseudo-code, two examples are provided to
further illustrate the operation of the algorithm.

Worked Example 1: Consider the topology depicted in Figure 1 and
that an application residing at node 0 wishes to send a greedy_ncast message

to 5 other nodes. The quota manager at node 0 detects the request, adds it to
the quota table and calculates the sub-quotas. Since node 0 has two neighbors,
the sub-quotas are calculated as 2 and 2 since the fifth delivery will be at node 0.
Delivery at the sender depends on whether the operation succeeds in delivering

to 4 other nodes. Node 0 then dispatches two NEW_QUOTA messages to nodes
1 and 5. As each sub-quota is dispatched, a record is added to the pending
table and a timeout is set. A snapshot of node 0’s quota and pending tables
at this stage is given in Table 1. Nodes 1 and 5 receive the message, deliver
(since it is new) and decrement the quota by 1. At this point, neither quota has
been fulfilled, so nodes 1 and 5 prepare and send sub-quota messages to their
available neighbors (excluding node 0). In the event that no neighbor is available,
a QUOTA_MISSED message is returned to the previous hop or to the source of the
ncast if the previous hop is unavailable. If new neighbors arrive at a node, the
event manager dispatches additional sub-quotas for all greedy_ncast entries in
the quota table.

Since both nodes require only a single delivery to fulfill their quotas, they each
select a random neighbor (e.g. 2 and 6), update their tables and set appropriate
timeouts. Nodes 2 and 6 receive and deliver the NEW_QUOTA message, fulfilling
the quota in the process. Both nodes then send QUOTA_FILLED messages to 1 and
5 which in turn send a QUOTA_FILLED message to node 0. As the QUOTA_FILLED
messages are back propagated to node 0, each node cancels the appropriate
timeout and prunes its tables of redundant entries. When node 0 receives a
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Fig. 2. Quota Values in Worked Example 2.

QUOTA_FILLED message from 5 and 1, it cancels the timeout and delivers
fulfilling the original quota and returning success.

Worked Example 2: Now consider the same scenario as above, but
with The quota manager at node 0 enters a new record into the quota
table and issues sub-quotas of 10 and 9 to nodes 1 and 5 depending on which
node is randomly selected to service the remainder (see Figure 2a). Assuming
for simplicity, that node 1 was selected to fulfill the quota of 10, nodes 1 and
5 receive and deliver before issuing their own sub-quotas (Figure 2b). Each
neighbor delivers and is now required to fulfill either a quota of 1 or 2 (Figure
2c). This is not possible since the neighbor of nodes 5 and 1 (excluding 0) are
leaf nodes. Nodes 2,3,4,6,7,8 and 9 now wait for either or units of time
for new neighbor to become available. If the number of nodes in the network
does not increase, nodes 6,7,8 and 9 each send a QUOTA_MISSED message to node
5 after units of time. Node 5 then returns a QUOTA_MISSED message to node
0. After a further time units, nodes 2,3 and 4 each return a QUOTA_MISSED
message to node 1. Finally, node 1 sends a QUOTA_MISSED message to the sender
which then discards and returns failure.

4 Discussion and Future Research

This paper has presented the design and preliminary implementation an ncast
scheme for peer-to-peer networks. The paper began with a brief summary of
existing peer-to-peer communication paradigms before suggesting that certain
peer-to-peer and Grid resource-sharing collaborative scenarios would benefit
from the provision of sender oriented delivery semantics in terms of the number
of recipients as opposed to other identity based approaches. Section 3 presented
a design for fulfilling this requirement and demonstrated the these informal al-
gorithms by means of two worked examples with different parameters.

As mentioned earlier, we have already designed and implemented an en-
hanced version of these algorithms that do not impose the restriction that the
peer graph be free of cycles. In conjunction with a separate algorithm for au-
tonomically reconfiguring a peer-to-peer network such that it maintains certain
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desirable properties (small diameter, small degree, and well-connectedness), this
enhanced algorithm performs very well in (simulated) random peer-to-peer net-
works of several thousand nodes when performing ncast to a few hundred. Al-
though time metrics are less insightful in simulations, message count metrics were
very encouraging: in numerous experiments, between 1.05 and 1.09 messages per
recipient were required when performing ncast to 100 nodes in a 1000-node peer
to peer network.

Based on these promising results, we intend to fully develop and implement
the network organization and ncast algorithms. In the short to mid term, anal-
ysis and verification of the ncast primitives will be conducted and consolidated
into the design of these schemes. Simulation studies will then determine appro-
priate values for and will investigate the cost of the scheme. Following this,
the ncast protocols will be implemented; a prototype implementation based on
JXTA [8] has already produced encouraging results. A full treatment of these
topics will be given in a subsequent paper.
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Abstract. Several aspects of today’s Grids are based on centralized or hierar-
chical services. However, as Grid sizes increase from tens to thousands of hosts,
functionalities should be decentralized to avoid bottlenecks and guarantee scal-
ability. A way to ensure Grid scalability is to adopt Peer-to-Peer (P2P) models
and techniques to implement nonhierarchical decentralized Grid services and
systems. Standard P2P protocols based on a pervasive exchange of messages,
such as Gnutella, appear to be inadequate for OGSA Grids, where peers com-
municate among them through Grid Services mechanisms. This paper proposes
a modified Gnutella discovery protocol, named Gridnut, which makes it suit-
able for OGSA Grids. In particular, Gridnut uses appropriate message buffering
and merging techniques to make Grid Services effective as a way to exchange
messages in a P2P fashion. We present the design of Gridnut, and compare
Gnutella and Gridnut performances under different network and load condi-
tions.

1 Introduction

Many aspects of today’s Grids are based on centralized or hierarchical services.
However, as Grids used for complex applications increase their size from tens to
thousands of nodes, we should decentralize their functionalities to avoid bottlenecks
and ensure scalability. As argued in [1] and [2], a way to provide Grid scalability is to
adopt Peer-to-Peer (P2P) models and techniques to implement nonhierarchical de-
centralized Grid systems.

Recently, the Grid community has undertaken a development effort to align Grid
technologies with Web Services. The Open Grid Services Architecture (OGSA) de-
fines Grid Services as an extension of Web Services and lets developers integrate
services and resources across distributed, heterogeneous, dynamic environments and
communities [3]. OGSA adopts the Web Services Description Language (WSDL) to
define the concept of a Grid Service using principles and technologies from both the
Grid and Web Services communities. Web Services and the OGSA both seek to en-
able interoperability between loosely coupled services, independent of implementa-
tion, location, or platform. The OGSA model provides an opportunity to integrate
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P2P models in Grid environments since it offers an open cooperation model that al-
lows Grid entities to be composed in a decentralized way.

In [4], Fox and colleagues explore the concept of a Peer-to-Peer Grid designed
around the integration of Peer-to-Peer and OGSA models. A Peer-to-Peer Grid is
built in a service model, where a service is a Web Service that accepts one or more
inputs and gives one or more results. These inputs and results are the messages that
characterize the system. All the entities in the Grid (i.e., users, computers, resources,
and instruments) are linked by messages, whose communication forms a distributed
system integrating the component parts. In a Peer-to-Peer Grid, access to services can
be mediated by “servers in the core”, or by direct Peer-to-Peer interactions between
machines “on the edge”. The server approach best scales within pre-existing hierar-
chical organizations, but P2P approaches best support local dynamic interactions. The
Peer-to-Peer Grid architecture is a mix of structured (Grid-like) and unstructured
dynamic (P2P-like) services, with peer groups managed locally and arranged into a
global system supported by core servers. A key component of a Peer-to-Peer Grid is
the messaging subsystem, that manages the communication among resources, Web
Services and clients to achieve the highest possible system performance and reliabil-
ity.

Although Grid Services are appropriate for implementing loosely coupled P2P ap-
plications, they appear to be inefficient to support an intensive exchange of messages
among tightly coupled peers. In fact Grid Services operations, as other RPC-like
mechanisms, are subject to an invocation overhead that can be significant both in
terms of activation time and memory/processing consumption [5]. The number of
Grid Service operations that a peer can efficiently manage in a given time interval
depends strongly on that overhead. For this reason, standard P2P protocols based on a
pervasive exchange of messages, such as Gnutella [6], are inappropriate on large
OGSA Grids where a high number of communications take place among hosts.

To overcome this limitation, we propose a modified Gnutella protocol, named
Gridnut, which uses appropriate message buffering and merging techniques that
make Grid Services effective as a way for exchanging messages among Grid nodes in
a P2P fashion. Although the pure Gnutella protocol is not scalable (since the load on
each node grows linearly with the total number of queries), and several advancements
have been proposed to improve the performance of decentralized search (see for in-
stance [7]), we worked on it because it is a reference model for several more sophisti-
cated systems to which our approach can be also applied.

Gnutella defines both a protocol to discover hosts on the network, based on the
Ping/Pong mechanism, and a protocol for searching the distributed network, based on
the Query/QueryHit mechanism. Here we discuss only the Gridnut discovery proto-
col, even if we are also designing the Gridnut search protocol.

The remainder of the paper is organized as follows. Section 2 presents the design
of the Gridnut protocol focusing on message routing and buffering rules. Section 3
compares the performance of Gridnut and Gnutella protocols under different network
and load conditions. Finally, Section 4 concludes the paper.
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2 Gridnut Design

The two basic principles of the Gridnut protocol that make it different from Gnutella
are
a)

b)

Message buffering: to reduce communication overhead, messages to be delivered
to the same peer are buffered and sent in a single packet at regular time intervals.
Collective Pong: when a peer B must respond to a Ping message received from A,
it waits to receive all the Pong messages from its neighbors, then merge them with
its Pong response and send back the Pong collection as a single message to A .
Since the Gridnut protocol is derived from the Gnutella discovery protocol, we

adopt here the Gnutella terminology. Each Grid node executes a Gridnut servent, i.e.,
an application that performs both client and server Gridnut tasks.

A Gridnut servent is composed of three logical components (see Figure 1):
Peer Service: a Grid Service through which remote Gridnut servents can connect
and deliver messages to this servent.
Client Interface: an interface through which local users and applications can issue
Grid nodes discovery requests and get results.
Network Module: a component that interacts with remote Gridnut servents on the
basis of the Peer Service and Client Interface input.

Fig. 1. Gridnut servent components

2.1 Peer Service

The Peer Service is a persistent Grid Service, activated at the Gridnut servent’s
startup and terminated when the servent leaves the network. Each Peer Service is
assigned a globally unique name, the Grid Service Handle (GSH), that distinguishes a
specific Grid Service instance from all other Grid Service instances. This handle is
used within a Gridnut network to uniquely identify both the Peer Service and the
associated Gridnut servent. For instance, a valid handle could be:

http://p1.deis.unical.it:8080/ogsa/services/p2p/PeerService

The Peer Service supports three main operations:
connect: used by a remote servent to connect this servent. The operation receives
the handle of the requesting servent and returns a reject response if the connection
is not accepted (for instance, because the maximum number of connections has
been reached).
disconnect: used by a remote servent to disconnect this servent. The operation
receives the handle of the requesting servent.
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deliver: used by a connected servent to deliver messages to this servent. The
operation receives the handle of the requesting servent and an array of messages to
be delivered to this servent.

2.2 Messages

A servent connects itself to the Gridnut network by establishing a connection with
one or more servents currently in the network (a discussion of the connection and
disconnection phases is outside the scope of this paper). Once a servent joined suc-
cessfully the Gridnut network, it communicates with other servents by sending and
receiving Ping and Pong messages:

A Ping is used to discover available nodes on the Grid; a servent receiving a Ping
message is expected to respond with a Pong message.
A Pong is a response to a Ping; it includes the URL of a set of reachable Gridnut
servents, each one representing an available Grid node.
The logical structure of Ping and Pong messages is shown in Figure 2.

Fig. 2. Structure of Gridnut messages

The meaning of fields in Figure 2 is the following:
GUID (Global Unique Identifier): a string identifying the message on the network.
TTL (Time To Live): the number of times the message will be forwarded by ser-
vents before it is removed from the network.
Hops: the number of times the message has been forwarded by servents.
Handles: an array of zero, one or more reachable Gridnut servents’ URLs.

For the purposes of this paper, Pong messages do not include further information
because here we use the discovery protocol to locate all the active nodes on the Grid.
The search protocol we are designing (not discussed in the paper) will be used for
host characterization, discovery of needed services, etc.

2.3 Data Structures

Each Gridnut servent uses a set of data structures to perform its functions.
A connection list (CL) is used to maintain a reference to all directly connected ser-

vents (i.e., references to the connected servents’ Peer Services). Entries into the CL
are updated by the connect and disconnect operations.

A routing table (RT) is used to properly route messages through the network. The
RT contains a set of records having a structure [GUID, Handle], used to route mes-
sages with a given GUID to a servent with a given Handle.

The results of the discovery tasks are stored into a result set (RS), that users and
applications can access for their purposes.

Finally, each Gridnut servent uses a set of internal transmission buffers, in which
messages are stored and processed before to deliver them to the proper servent. In
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particular, a servent uses two separated transmission buffers for each of its
neighbors:

A pong buffer in which Pong messages with an equal GUID are merged be-
fore the delivery. The notation indicates the pong buffer in which inserts
Pong messages directed to a servent
A fast buffer used for Ping and Pong messages that are to be fast delivered to
a given servent. We use the notation to indicate the fast buffer in which
inserts messages directed to a servent
A thread is associated to each couple of buffers and periodically

delivers the buffered messages to on the basis of the rules described below.

2.4 Routing Rules

In Gridnut, like in Gnutella, Ping messages are forwarded to all directly connected
servents, whereas Pong messages are sent along the same path that carried the incom-
ing Ping message.

However, there are two main differences between Gnutella and Gridnut message
routing and transmission modalities:
1)

2)

In Gnutella implementations, messages are sent as a byte stream over TCP sockets,
whereas Gridnut messages are sent through a Grid Service invocation (by means
of the deliver operation).
In standard Gnutella implementations, each message is forwarded whenever it is
received, whereas Gridnut messages, as mentioned before, are buffered and
merged to reduce the number of Grid Service invocations and routing operations
executed by each servent.
Let consider a servent having a set of neighbors When a neighbor deliv-

ers an array of messages to each message is processed separately by as specified
below.

Let us suppose that received from the message Ping[GUID=g, TTL=t,
Hops=h] (this notation means that g, t, and h are the actual values of GUID, TTL and
Hops of this Ping); performs the following operations:

In the following we use the term “dummy Pong” to refer to a Pong having Han-
dles=Ø.

Let us suppose that received from the message Pong[GUID=g, TTL=t,
Hops=h, Handles=H] (where H is a set of servents’ handles); the following operations
are performed by
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Finally, to start a new discovery task, must perform the following operations:

The discovery task is completed when the RS contains the handles of all the reach-
able servents in the network.

2.5 Buffering Rules

Let consider again a servent connected to a set of N servents
Within a pong buffer a set of counters are used. A counter counts the

number of Pong messages with GUID=g till now inserted in
When a Pong having GUID=g and containing a set of Handles is inserted

into  the following operations are performed:

Whenever a Pong message is marked as ready, it can be delivered to the servent
To avoid blocking situations due to missed Pong messages, a Pong could be marked
as ready also if a timeout has been reached. In the following we do not consider fail-
ure situations, therefore no timeouts are used.

Differently from a pong buffer, messages inserted into a fast buffer are im-
mediately marked as ready to be delivered to

As we have mentioned before, a thread is used to periodically deliver the buff-
ered messages to In particular, the following operations are performed by every
time it is activated:

The time interval between two consecutive activations of is a system parameter.
In the worst case, exactly a deliver operation can be invoked by for each of its N
neighbors. Therefore, the maximum number of deliver operation invoked by
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during an interval of time I is equal to Obviously, increasing the value of
the number of deliver operations can be reduced, but this could produce a delay

in the delivery of messages. In our prototype we use

3 Performance Evaluation

In this section we compare some experimental performance results of Gridnut and
Gnutella protocols. To perform our experiments we developed a Java prototype of a
Gridnut servent, which can also work as a standard Gnutella servent for comparison
purposes. In our prototype the Peer Service is an object accessed through Remote
Method Invocation (RMI). The goal of our tests is to verify how significantly Gridnut
reduces the workload - number of Grid Service operations - of each peer. In doing
this, we compared Gridnut and Gnutella by evaluating two parameters:

1)

2)

ND, the average number of deliver operations processed by a servent to com-
plete a discovery task. In particular, ND = P / (N × T), where: P is the total num-
ber of deliver operations processed in the network, N is the number of servents
in the network, and T is the overall number of discovery tasks completed.
ND(d), the average number of deliver operations processed by servents that are
at distance d from the servent that started the discovery task. For instance:
ND(0) represents the number of deliver operations processed by ND(1)
represents the number of deliver operations processed by a servent distant one
hop from

Both ND and ND(d ) have been evaluated considering seven different network to-
pologies. We distinguished the network topologies using a couple of numbers {N,C},
where N is the number of servents in the network, and C is the number of servents
directly connected to each servent (i.e., each servent has exactly C neighbors). The
network topologies we experimented are characterized by {N,C} respectively equal to
{10,2}, {10,4}, {30,3}, {30,4}, {50,4}, {70,4} and {90,4}. Notwithstanding the lim-
ited number of used servents, the number of exchanged messages among servents
was extremely high and performance trends are evident.

Resulting networks were completely connected, i.e., each servent can reach any
other servent in the network in a number of steps lower or equal than TTL.

3.1 Number of Deliver Operations

For each network topology, we measured ND under four load conditions. We use R to
indicate the number of discovery tasks that are initiated in the network at each given
time interval. The following values for R have been used: 1, 3, 5 and 10. In particular,

R=1 indicates that, at each time interval, only one discovery task is initiated, there-
fore only messages with a given GUID are simultaneously present in the network;
R=10 indicates that, at each time interval, ten discovery tasks are initiated, there-
fore messages with up to ten different GUID are simultaneously present in the
network.
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Table 1a and Table 1b report the ND measured in Gnutella and Gridnut networks,
respectively. ND values are measured for network topologies ranging from {10,2} to
{90,4}, under load conditions ranging from R=1 to R=10.

In Gnutella (see Table 1a), ND is not influenced by the R factor, apart from little
variations due to measurements errors. This is because in Gnutella no buffering
strategies are adopted, and one deliver operation is executed to move exactly one
message in the network. Obviously, the value of ND increases with the size of the
network, ranging from an average value of 3.61 in a {10,2} network, to an average
value of 6.53 in a {90,4} network.

In Gridnut (see Table 1b), ND depends from both network topology and load con-
dition. For a given value of R, ND mainly depends from the value of C (number of
connections per servent), whereas it varies a little with the value of N (number of
servents). For instance, if we consider the value of ND for R=1, we see that it varies
in a small range (from 5.72 to 5.91) for all the networks with C=4.

If we consider networks with the same value of N, we see that ND decreases when
the value of C is lower. For instance, the ND for a network {10,2} is lower than the
ND for a network {10,4}, with any value of R. Moreover, because a single deliver
operation is performed to deliver more buffered messages, for a given topology the
value of ND decreases when R increases.

Figure 3 compares the values of ND in Gridnut and Gnutella in five network to-
pologies: {10,2}, {30,3}, {50,4}, {70,4} and {90,4}. For Gridnut networks the values
of ND when R=1, 3, 5, and 10 are represented, whereas for Gnutella networks the
average of the ND values measured when R= 1, 3, 5, and 10 is represented.

We can see that the number of deliver operations is lower with Gridnut in all the
considered configurations. In particular, when the number of discovery tasks in-
creases, the Gridnut strategy maintains the values of ND significantly low in com-
parison with Gnutella.

3.2 Distribution of Deliver Operations

Table 2a and Table 2b report the value of ND(d) measured in Gnutella and Gridnut
networks, respectively. Notice that in the {10,4} network the maximum distance
between any couple of servents is 2, therefore no values have been measured for
d > 2. For analogous reasons, there are no values for d > 4 in {30,3}, {30,4} and
{50,4} networks.
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Fig. 3. Comparison between ND in Gridnut networks and ND in Gnutella networks

In Gnutella (see Table 2a) the value of ND(0) is always equal to N-1. This is be-
cause receives, through its neighbors, a Pong message from each of other servents
in the network, and each of those messages are delivered to by means of a sepa-
rated deliver operation. ND(1) is always greater or equal than ND(0) divided by C.
The equality is obtained only for networks in which C is sufficiently little compared
to N, as in {10,2} and {30,3} networks. In general, the value of ND(d) decreases
when d increases, and it reaches the minimum value, equal to C, on the servents more
distant from

In Gridnut (see Table 2b) the value of ND(0) is always equal to C, because must
process exactly a deliver operation for each servent directly connected to it. The
value of ND(d) increases slightly with d, reaching its maximum on the servents more
distant from ND(d) increases with d because the number of “dummy Pong” mes-
sages increase moving away from Anyway, the value of ND(d) remains always of
the order of C, even for d equal to TTL.

Comparing the results in Tables 2a and 2b, we can see that Gridnut implies a much
better distribution of deliver operations among servents in comparison with
Gnutella. In Gnutella, the servent that started the discovery task and its closest
neighbors must process a number of Grid Service operations that becomes unsustain-
able when the size of the network increases to thousands of nodes. In Gridnut, con-
versely, the number of Grid Service operations processed by each servent remains
always in the order of the number of connections per peer. This Gridnut behaviour
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results in significantly lower discovery times since communication and computation
overhead due to Grid Services invocations are considerably reduced as shown in
Tables 2a and 2b. For example, considering a {90,4} network with R ranging from 1
to 10, Gnutella discovery experimental times vary from 2431 to 26785 msec, whereas
Gridnut times vary from 2129 to 8286 msec.

4 Conclusions

The Gridnut protocol modifies the Gnutella discovery protocol to make it suitable for
OGSA Grids. It uses message buffering and merging techniques to make Grid Ser-
vices effective as a way for exchanging messages among Grid nodes in a P2P mode.
We compared Gridnut and Gnutella performance considering different network to-
pologies and load conditions. Experimental results show that appropriate message
buffering and merging strategies produce significant performance improvements,
both in terms of number and distribution of Grid Service operations processed.

We are extending Gridnut to support also distributed search by modifying the
original Query/QueryHit Gnutella mechanism. In doing this, the buffering mechanism
is maintained, whereas the collection mechanism is modified since the number of
responding nodes will be limited by the query constraints.

The Gridnut protocol can be an effective way to discover active nodes in a OGSA
Grids. Currently we are designing a Presence Management Service (PMS) that uses
Gridnut as mechanism to discover active Grid nodes in a P2P fashion. Presence man-
agement is a key aspect in large-scale Grids, in which hosts join and leave the net-
work dynamically over the time, as in typical P2P environments. The PMS allows
users and schedulers to efficiently locate active nodes and support execution of large-
scale distributed applications in dynamic Grid environments.
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Abstract. This paper describes a solution to support 3D Multi User Virtual En-
vironments in a hybrid peer-to-peer Gnutella network which provides session
control and distributed synchronization to collaborative applications. For that,
two components compliant to the emerging multi-user extension to the MPEG-
4 standard were implemented and integrated into the Gnutella network. This so-
lution minimizes the disadvantages of hibrid solutions, based on proxies, which
have to be re-configured whenever a new virtual environment is made available
in the network. It also provides shorter network latency compared to content
providers solutions based on the client-server model and can be deployed on
devices with restricted capabilities.

1 Introduction

The synchronization of 3D virtual environments that are shared among multiple users
(3D Multi-User Virtual Environments – MUVEs) in a network is a challenge for
developers. Any change made to the environment by one participating user has to be
broadcasted to all other participant users who share the same virtual environment -
VE. For that, efficient communication models, such as the traditional client-server
model, are used to support the exchange of information among users’ client terminals.
The advantages of the client-server model are well known and include simpler man-
agement and billing model as well as simpler protection against frauds. However, the
model centered on a server can be subjected to bottlenecks and single point of fail-
ures. The peer-to-peer communication model can overcome these pitfalls by provid-
ing direct collaboration among all nodes in a network, without a central coordination
and no single point of failure. However, this is a distributed solution and therefore,
more complex to manage. Examples of 3DMUVEs implemented as peer-to-peer
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applications include MIMAZE [1], MASSIVE [2] and DIVE [3]. Hybrid solutions
combine the advantages of both centralized and distributed approaches. Mauve and
colleagues [4], describe a hybrid solution based on proxies which are used as an ex-
tension to central servers. The proxies have some of the servers functionalities and
are located close to the users’ nodes. One major problem with such a solution is that
the proxies need to be reconfigured everytime a new application emerges. Moreover,
the proxies have to support several architectures for different applications at the same
time. In order to reduce the disadvantages of the hybrid solutions based on proxies,
this paper describes the implementation and preliminary evaluation of a solution to
support 3DMUVEs in a hybrid peer-to-peer network in which new applications are
spontaneously made available by the different nodes of the network. The target net-
work for this work is the Gnutella network [5], which is accessed through the
Lime wire client software [6]. Gnutella network has a decentralized nature, what
makes it more resistent to software failures and malicious attacks, besides having a
simple and basic protocol, that can be used in different experiments, and a very active
development community. The Gnutella version used in this work contains special
nodes, called Ultrapeers, with larger processing power and network bandwidth. As a
result of this work, the Limewire client software was extended to support games
search, as an example of 3D MUVEs. The Gnutella network was also extended to
support session control and shared VE synchronization.The components responsible
for session control and synchronization are compliant to the ongoing multiuser exten-
sion to the MPEG-4 standard to support 3DMUVEs. MPEG-4 is an ISO/IEC Stan-
dard for coding and delivery of different media formats in a wide variety of networks
and computing plataforms. Preliminary results show the viability of 3D MUVEs in
hybrid peer-to-peer networks.

2 The Hybrid Peer-to-Peer Gnutella Network

When the Gnutella network emerged, back in the year 2000, it was considered as the
Napster next generation, the network that started the open sharing “fever” of music
files and led the main music record companies to an alert state about copyright issues.
It was soon discovered that Gnutella generated a lot too much network traffic. It was
then reorganized, mirrowing more efficient structures, such as the FastTrack (proprie-
tary protocol used by the KazaA application), and incorporating concepts such as the
Ultrapeers. The Ultrapeers are special nodes with larger processing power and net-
work bandwidth capacity. These nodes relieve other nodes of the network from re-
ceiving most of the messages traffic and so reducing the total traffic of the network,
making it faster. With the incorporation of the ultrapeers concept to the Gnutella
network, it started to be considered a hybrid peer-to-peer network. In order to use the
Gnutella network, a user node needs an application to provide the connection to other
nodes, forming an ad hoc network, with no central control, which acts either as a
client or as a content provider. One of the best known access interface software to the
Gnutella network is Limewire [6]. Since there are no centralized servers, when a user
wants to enter in the Gnutella network, he initially connects to one of the several
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existing Ultrapeers, almost always available. These machines then forward informa-
tion such as IP addresses and network port to other Gnutella nodes (also known as
“peers”). Once connected to the network, the nodes interact among themselves by
exchanging messages of the following types: Ping, Pong, Query, Rich Query, Query
Response and Get/Push. Characteristics of the Gnutella network, such as the TTL
(Time to Live) counter, prevents the re-forwarding of messages to other nodes of the
network indefinitely. Although the Gnutella network has been slightely overshad-
owed by other efficient network protocols, such as the FastTrack, it was chosen as the
target network for this work because of its conceptual simplicity and also because it is
an open software, allowing the realization and evaluation of further experiments on
the support to 3D MUVEs. The existence of 3DMUVEs applications support in the
Gnutella network is unknown to the authors of this paper – most of the shared content
in the Gnutella network is related to music files. The implementation of shared MU-
VEs requires session control and synchronization - next section describes the ongoing
extension to multi-user in the MPEG-4 standard which specifies the support for such
requirements.

3 The Ongoing Extension to Multi-user Support

in the MPEG-4 Standard

MPEG-4 is an ISO/IEC (ISO/IEC JTC1/SC29/WG11) standard, developed by the
MPEG (Moving Picture Experts Group) for coding and delivery of different media
formats in a wide variety of networks and computational plataforms [7]. There are
currently some versions of the MPEG-4 Player (MPEG-4 client terminal) available
for interactive TV set-top-boxes. The deployment of the MPEG-4 standard in cellular
telephones and mobile devices in general is already on course and it is just a matter of
time before we can see complex multimedia applications in these devices, through the
MPEG-4 Player. The emerging extension to the MPEG-4 which supports 3D MU-
VEs, MPEG-4MU, is widely based on the Pilot/Drone mechanism proposed by the
Living Worlds specification [8]. According to that specification, Pilots are master
copies of shared objects in a VE. Any changes in the Pilot state or behavior are repli-
cated to other instances of that object which are named Drones (Pilots replicas). The
replication of changes in the Pilot, or any other object in the graphics scene, can be
realized basically through the BIFS-Command Protocol. When these commands ar-
rive at the remote users’ client terminals, they are locally processed, causing the
update of the scene, so that all users that receive a BIFS command have a consistent
view of the shared VE. The MPEG-4MU architecture components responsible for
managing multi-user sessions and scene synchronization are the MUTech Session
Controller (MSC) and the MUTech Bookeeper (MBK) components, respectively. The
MPEG-4MU defines a standard interface for the access to these components and
suggest the set of functions these components should perform - it is then left to de-
velopers how these functions are implemented. Next section shows how the MSC and
MBK components can be used to support session control and synchronization in
3DMUVEs.
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4 A Hybrid Peer-to-Peer Solution to Support 3D MUVEs

In the proposed solution to support 3D MUVEs, the MSC and MBK components,
compliant to the ongoing extension to the MPEG-4 standard, are implemented and
integrated to the Gnutella network so that a wide range of devices can access this
network through a modified version of the Limewire access interface. Figure 1 illus-
trates a possible scenario. When a user selects a VE, the application and the MBK
component are downloaded to his machine. When the device has capabilities restric-
tions, the MBK can be located at an Ultrapeer node. The Ultrapeers of the Gnutella
network take over the role of session controllers (MSC component). In the current
state of the work, only Ultrapeers nodes can assume this role because they have larger
processing power and network band capacity.

Fig. 1. Session Control and synchronization components integrated to the Gnutella Network

The main tasks of a session controller are, basically, to keep information about ses-
sion, zones and users up to date, besides receiving requests for connection from the
network nodes and checking if these can apply to become session controllers Ul-
trapeers. It would be hard to contemplate the use of Ultrapeers as session controllers
if this task demanded too much processing time (after all, Ultrapeer nodes spontane-
ously donate their processing power and network connection to the realization of the
session controlling tasks). In order to avoid the interruption of a user’s activity in the
shared VE when a session controller Ultrapeer leaves the network (through a normal
or abnormal disconnection), a control transfer scheme was devised which works as
follows: if an Ultrapeer leaves the network for any reason, a successor Ultrapeer takes
over the session so that the session does not end while there are participating users.
Thus, a list of potential session controllers Ultrapeers, ready to take over a session
control if the actual controller Ultrapeer leaves the scene, is generated. The list fol-
lows the connection order – the next to establish the connection and fulfil the re-
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quirements to be an Ultrapeer is the next to take over control. If by any chance the
control transfer can not be realized (for absolute lack of volunteers machines that can
be session controllers), the session then will be terminated (currently, there is always
an existing Ultrapeer up and running in the Gnutella network for the music file shar-
ing application). The Ultrapeers selection scheme as successors session controllers
works as follows: when the current Ultrapeer session controller receives a connection
request from a node, it checks first if this node has volunteered as a session controller
and as an Ultrapeer. These options are offered to the user through the Lime Wire cli-
ent. If the node has larger processing power and network bandwidth, it is assigned as
session controller number two in the session controllers hierarchy, otherwise it enters
the session as an ordinary node. Thus, this node starts receiving session update in-
formation and starts managing the current session controller status (through heartbeat
message). At the moment, up to four successors session controllers are maintained in
latent state (ready to take over the control of a session). If any of these successors
session controllers get disconnected, a new successor is searched for and configured
as such automatically. As soon as the first successor session controller in the list real-
izes that the current session controller got disconnected (heartbeat message is not
received followed by no reply for a ping), it starts establishing connections to all
users’ client terminal nodes in that session and broadcasting them its URL, ie, the
address of the new session controller. The solution described above can be used to
support any 3D MUVEs which require session control. Next section shows how this
mechanism can be used as a support for session control and synchronization in a
multi-user games scenario.

5 A Multi-player Game Scenario

Multi-user games support was implemented to illustrate how the solution described
above works. When a user wants to play multi-user games in the Gnutella network,
he needs to have, in his machine, the modified Limewire client software to support
shared games, besides the 3D Player MPEG-4 and the game application itself. If this
machine is set up as an Ultrapeer node, the game application to be downloaded by the
user has, embedded in it, the components responsible for the session control, and the
game synchronization, besides information on existing sessions and players (current
number of players, Ping response time, and if the node is a session controller Ul-
trapeer or not). Once the game is downloaded, an MPEG-4 Player is opened in that
user’s client terminal. After downloading and selecting the desired game, another
LimeWire window is opened with information on the session and zones for that
game, besides the number of players. The user can then select the session he wishes
to participate. The following situations may occur: The session controler Ultrapeer
leaves the network before a connection can be established – in this case a message is
shown in the Limewire window and the user will have to select the session again;
There are no opened sessions for the selected game – the user may create a session
and starts controlling it – soon friends might join the session; The selected session is
full – by mirrowing what happens in the chats on the web, a new function will have to
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be implemented in the Limewire, which drives the user to another session automati-
cally – if the user so wishes. When a session is selected successfully, the user is ready
to play. His presence is broadcast (through the session controller) to all other players
of that session. Any modification to the game state (caused by users’ interaction), is
broadcast, by the MBK component, to all players, so that synchronization is achieved
among all participating users. The performance of the control transfer mechanism is
discussed in [10].

6 Conclusion

This paper describes a solution to support 3D MUVEs in a hybrid peer-to-peer
Gnutella network. Session control and synchronization were implemented as speci-
fied by the ongoing multi-user extension to the MPEG-4 Standard, through the MSC
and MBK components. These componentes were integrated to the Gnutella network,
as well as the session control transfer mechanism described above. Preliminary tests
show that the system scale and can be a viable solution to 3D MUVEs. The main
advantages of this solution over more traditional solutions based either on client-
server model or hybrid solutions using proxies are: (1) any user who has a 3D MUVE
and wishes to start and control a session may do so without having to register to a
content provider; (2) because the implemented solution uses the MPEG-4 Player and
the ongoing multi-user MPEG-4 extension, it is easier to make this solution available
to different devices, from cellular phones to PDAs and set-top-boxes; (3) the use of
Ultrapeers as session controllers provides shorter network latencies for the nodes that
connect to them, as usually the Ultrapeers are located closer to those nodes. This
work has provided a better understanding of the issues involved in the implementa-
tion of 3D MUVEs in hybrid peer-to-peer networks.
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Abstract. The interesting properties of P2P systems (high availability despite
peer volatility, support for heterogeneous architectures, high scalability, etc.)
make them attractive for distributed computing. However, conducting large-scale
experiments with these systems arises as a major challenge. Simulation allows
only to partially model the behavior of P2P prototypes. Experiments on real
testbeds encounter serious difficulty with large-scale deployment and control
of peers. This paper shows how an optimized version of the JXTA Distributed
Framework (JDF) can help deploying, configuring and controlling P2P experi-
ments. We report on our experience in the context of our JUXMEM JXTA-based
grid data sharing service for various configurations.

1 How to Test P2P Systems at a Large Scale?

The scientific distributed systems community has recently shown a growing interest in
the Peer-to-Peer (aka P2P) model [1]. This interest is motivated by properties exhibited
by P2P systems such as high availability despite peer volatility, support of heteroge-
neous architectures and, most importantly, high scalability. For example, the KaZaA
network has shown to scale up to 4,500,000 users, an unreachable scale for distributed
systems based on the traditional client-server model.

However, the experimental validation phase remains a major challenge for designers
and implementers of P2P systems. Validating such highly-scalable systems requires the
use of large-scale experimentations, which is extremely difficult. Consider for instance
popular P2P software, like Gnutella or KaZaA: workloads of these systems are not
fully analyzed and modeled because the behavior of such systems cannot be precisely
reproduced and tested [2]. Recently, P2P systems like CFS [3], PAST [4], Ivy [5] and
OceanStore [6] based on smarter localization and routing schemes have been developed.
However, most of the experiments published for these systems exhibit results obtained
either by simulation, or by actual deployment on small testbeds, typically consisting
of less than a few tens of physical nodes [7]. Even when larger scales are reached via
emulation [8], no experimental methodology is discussed for automatic deployment and
volatility control. For instance, failures are simulated by manually stopping the peers
using the kill signal! There is thus a crucial need for infrastructures providing the
ability to test P2P systems at a large scale. Several approaches have been considered so
far.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 1038–1047, 2004.
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Simulation. Simulation allows one to define a model for a P2P system, and then study
its behavior through experiments with different parameters. Simulations are often exe-
cuted on a single sequential machine. The main advantage of simulation is the repro-
ducibility of the results. However, existing simulators, like Network Simulator [9], or
SimGrid [10], need significant adaptations in order to meet the needs of a particular P2P
system. This holds even for specific P2P simulators, like ng-simulator used by Neuro-
Grid [11]. Also, the technical design of the simulated prototype may be influenced by
the functionalities provided by the simulator to be used, which may result in deviations
from reality. Last but not least, simulators model simplified versions of real environ-
ments. Further validation by alternative techniques such as emulation or experiments in
real environments is still necessary.

Emulation. Emulation allows one to configure a distributed system in order to repro-
duce the behavior of another distributed system. Tools like dummynet [12] or NIST
Net [13] allow to configure various characteristics of a network, such as the latency,
the loss rate, the number of hops between physical nodes, and sometimes the number
of physical nodes (e.g., ModelNet [14] and Emulab/Netbed [15]). Thisn way, networks
with various sizes and topologies can be emulated. However, the heterogeneity of a real
environment (in terms of physical architecture, but also of software resources) cannot
be faithfully reproduced. More importantly, deployment of P2P prototypes is essentially
left to the user: it is often overlooked, but it actually remains a major limiting factor.

Experiments on real testbeds. Real testbeds such as GridLab [16] or PlanetLab [17]
are large-scale, heterogeneous distributed environments, usually called grids. They are
made of several interconnected sites, with various resources ranging from sensors to
supercomputers, including clusters of PC. Such environments have proven helpful for
realistic testing of P2P systems. Even though experiments are not reproducible in gen-
eral on such platforms, this is a mandatory step in order to validate a prototype. Here
again, deployment and configuration control have in general to be managed by the user.
This is even more difficult than in the case of emulation, because of the much larger
physical scale.

To sum up, actually deploying and controlling a P2P system over large-scale plat-
forms arises as a central challenge in conducting realistic P2P experiments. The contri-
bution of this paper is to introduce an enhanced version of JXTA Distributed Framework
(JDF) [18] and demonstrate its use in large-scale experiments for a P2P system in a grid
computing context.

2 Deploying and Controlling Large-Scale P2P Experiments
in JXTA

In this paper, we focus on deploying and controlling P2P experiments on grid archi-
tectures. Let us stress that we do not consider the actual testing strategy, i.e., which
aspects of the behavior are monitored and how. We only address the technical infras-
tructure needed to support specific testing activities. As seen in Section 1, Just deploying
a P2P prototype on such a scale is a challenging problem.
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2.1 The Five Commandments of Large-Scale P2P Experiments

A tool aiming to facilitate large-scale P2P experiments should, at least, observe the
following 5 commandments.

Commandment C1: You shall provide the ability to easily specify the requested vir-
tual network of peers. Therefore, a specification language is required to define what
kind of application-specific peers are needed, how they are interconnected, using which
protocols, where they should be deployed, etc.

Commandment C2: You shall allow designers of P2P prototypes to trace the behavior

of their system. Therefore, the tool should allow to retrieve the outputs of each peer,
such as log files as well as result files, for off-line analysis.

Commandment C3: You shall provide the ability to efficiently deploy peers on a large

number of physical nodes. For instance, a hierarchical deployment strategy may be
useful when testing on a federation of distributed clusters.

Commandment C4: You shall provide the ability to synchronize peers between stages

of a test. Indeed, a peer should have the possibility to wait for other peers to reach a
specific state before going through the next step of a test.

Commandment C5: You shall provide the ability to control the simulation of peers’

volatility. In typical P2P configurations, some peers may have a high probability of
failure, while others may be almost stable. The tool should allow one to artificially
enforce various volatile behaviors when testing on a (hopefully stable!) testbed.

2.2 The JXTA Project

The JXTA platform (for juxtapose) [19] is an open-source framework initiated by Sun
Microsystems. JXTA specifies a set of language- and platform-independent, XML-
based protocols. It provides a rich set of building blocks for P2P interaction, which
facilitate the design and implementation of custom P2P prototypes. The basic entity is
the regular peer (called edge peer). Before being able to communicate within the JXTA
virtual network, a peer must discover other peers. In general, this is done through the use
of specialized rendezvous peers. Communication between peers is direct, except when
firewalls are in the way: in this case, relay peers must be used. Peers can be members of
one or several peer groups. A peer group consists of peers that share a common set of
interests, e.g., peers that share access to some resources. The reference implementation
of JXTA is in Java. Its current version 2.2.1 includes around 50,000 lines of code. An
implementation in C is under development.

2.3 The JXTA Distributed Framework Tool (JDF)

The purpose of JDF is to facilitate automated testing of JXTA-based systems. It provides
a generic framework allowing to easily define custom tests, deploy all the required
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Fig. 1. An example of required input files: a network description file defining 2 profiles (left), and
a basic Java test class inside the original JDF’s framework from Sun Microsystems (right).

resources on a distributed testbed and run the tests with various configurations of the
JXTA platform.

JDF is based on a regular Java Virtual Machine (JVM), a Bourne shell and ssh or
rsh. File transfers and remote control are handled using either ssh/scp or rsh/rcp.
JDF assumes that all the physical nodes are visible from the control node. JDF is run
through a regular shell script which launches a distributed test. This script executes a
series of elementary steps: install all the needed files; initialize the JXTA network; run
the specified test; collect the generated log and result files; analyze the overall results;
and remove the intermediate files. Additional actions are also available, such as killing
all the remaining JXTA processes. This can be very useful if the test badly failed for
some reason. Finally, JDF allows one to run a sequence of such distributed tests.

A distributed test is specified by the following elements. 1) A network descrip-
tion file defining the requested JXTA-based configuration, in terms of edge peers, ren-
dezvous peers, relay peers and their associated Java classes, and how they are linked to-
gether. This description is done through the use of profiles, as shown on the left side of
Figure 1. Two profiles are described. Profile Rendezvous specifies a rendezvous peer
configured to use TCP. Its associated Java class is protoype.test.Rendezvous.
Profile Edge specifies an edge peer. It is configured to use a peer with Profile
Rendezvous for its rendezvous peer through TCP a connection. The instance
attribute of the peer tag specifies how many peers of the profile will be launched
on a given physical node. 2) The set of Java classes describing the behavior of each
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Fig. 2. A small JXTA network (left), and a large one (right).

peer. These Java classes must extend the framework provided by JDF, in order to eas-
ily start JXTA, stop JXTA and save the results into files, as shown on the right side of
Figure 1. These result files are collected by JDF on each physical node and sent back
to the control node to be analyzed by an additional Java class specified by the user
( prototype.test.Analyze in the example). 3) A node file containing the list of
physical nodes where to deploy and run the previously described JXTA network, as well
as the path of the JVM used on each physical node. 4) An optional file containing the
list of librairies to deploy on each physical node (a default one is provided if omitted).

3 Improving and Extending the JXTA Distributed Framework

We are currently building a prototype for a data-sharing service for the grid, based on
the JXTA platform. Therefore, we need a tool to easily deploy and control our prototype
for large-scale experiments. We describe how we improved the JDF tool, with the goal
of making it better observe the 5 commandments stated above.

3.1 Improving JDF Functionalities

Commandment C1 requires JDF to provide the ability to easily specify the requested
virtual network of peers. Developers can easily modify the number of peers hosted on
each physical node, but JDF requires that a specific profile must be explicitly defined
for each physical node, which is obviously not scalable. To facilitate testing on various
large scale configurations, we introduced the ability to specify that a single profile can
be shared by multiple physical nodes. This is specified by the replicas attribute.
Let us assume we deploy JXTA on 2 clusters of 10 nodes. Each cluster runs one JXTA
rendezvous peer, to which 9 edge peers are connected. Peers with profile Edge1 are
connected to the peer with profile Rendezvous1 and similarly for peers with pro-
files Edge2 and Rendezvous2. In the original version of JDF, this would require 2
rendezvous profiles plus 2×9 edge profiles. In contrast, our enhanced version of JDF re-
quires only 2 rendezvous profiles plus 2 edge profiles. An excerpt of the corresponding
new JDF network file is shown on the left side of Figure 2.

Now, imagine we want to run the same experiment on a larger JXTA configuration,
in which 99 edge peers are connected to a rendezvous peer in each of two 100-nodes
clusters. Thanks to the replicas attribute, it suffices to substitute 99 for 9 in the
network description file. In the original JDF, this would require to define 2 × 99 edge
profiles plus 2 rendezvous profiles!

Other enhancements mainly include improved performance for various phases of
JDF execution. For instance, only the modified files are transmitted when updating the
deployed environment. The ability to use NFS instead of scp/rcp has also been added
when deploying a distributed test on a NFS-enabled cluster.
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3.2 Enhancing JDF to Interact with Local Batch Systems

An important issue when running tests on grid infrastructures regards the necessary
interaction between the deployment tool and the resource allocator available on the
testbed. Many testbeds are managed by batch systems (like PBS [20], etc.), which
dynamically allocate physical nodes to jobs scheduled on a given cluster. To observe
commandment C3 regarding efficient deployment, we have enhanced JDF to make it
interact with local batch systems via Globus, or directly with PBS.

JDF takes a static node file as input, which explicitly lists the physical nodes in-
volved. On testbeds using dynamic resource allocators, such a list cannot be provided
at the time of the job submission. Our enhanced version of JDF allows the node file
to be dynamically created once the job is actually scheduled, using the actual list of
physical nodes provided by the batch system.

This solves the problem on a single cluster. However, conducting P2P experiments
on a federation of clusters requires to co-schedule jobs across multiple batch systems.
This problem is beyond the scope of this paper, but we are confident that JDF will easily
take advantage of any forthcoming progress in this domain.

3.3 Controlling the Simulation of Volatility

One of the most significant features of P2P systems is to support a high volatility. We
think that a JDF-like tool should provide the designer with the possibility of running his
system under various volatility conditions (Commandment C5). Using a stable testbed,
the tool should provide a means to enforce node failures in a controlled way. The orig-
inal version of JDF did not consider this aspect. We have therefore developed an addi-
tional facility to generate a failure control file from various volatility-related parameters.
This file is given as an input to JDF, in order to control peer uptime. The file is stati-
cally generated before the test is launched, based on (empirical) statistical laws and on
relevant parameters (e.g., the MTBF of the network peers). At runtime, the uptime of
each peer is controlled by an additional service thread, which is started by JDF. This
thread is used to kill the peer at the specified time. This way, the volatility conditions
for a given test can be changed by simply varying the MTBF parameter. Note that using
a pre-computed failure control file also enhances the reproducibility of the test.

As of now, the failure control file is generated according to a simple statistical law,
where peer failures are independent. It would be interesting to consider dependencies
between peers: the failure of one specific peer may induce the failure of some others.
These dependencies could be associated with probabilities, for instance, the failure of
peer A induces the failure of peers B and C with a probability of 50%. This should make
it possible to simulate complex correlated failures, for instance, network partitions. An-
other direction would be to let the failure injection mechanism take into account the
peer status. The JDF failure control threads could be used to monitor the state of their
respective peers and regularly synchronize to generate correlated failures.

4 Case Study: Towards Large-Scale Experiments in JUXMEM

We are using this enhanced version of JDF to deploy and control our JXTA-based ser-
vice called JUXMEM (for Juxtaposed Memory) [21]. We believe that these results can
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be applied to other JXTA-based services, such as the Meteor project [22]. Actually, we
were able to deploy and run Meteor’s peers using JDF without any modification in the
prototype.

4.1 The JUXMEM Project: A JXTA-Based Grid Data-Sharing Service

JUXMEM is designed as a compromise between DSM systems and P2P systems: it pro-
vides location transparency as well as data persistence in a dynamic environment. The
software architecture of the data-sharing service mirrors a hardware architecture con-
sisting of a federation of distributed clusters. The architecture is therefore hierarchical.
Its ultimate goal is to provide a data sharing service for grid computing environments,
like DIET [23].

JUXMEM consists of a network of peer groups, called cluster groups, each of which
generally corresponds to a physical cluster. All the cluster groups are enclosed by the
juxmem group, which includes all the peers who are members of the service. Each clus-
ter group consists of a set of peers which provide memory for data storage (providers).
A manager monitors the providers in a given cluster group. Any peer can use the ser-
vice to allocate, read or write to data as a client. All providers which host copies of
the same data block make up a data group, uniquely identified by an ID. Clients only
need to specify this ID to read/write a data block: the platform transparently locates it.
JUXMEM can cope with peer volatility: each data block is replicated across a certain
number of providers, according to a redundancy degree specified at allocation time. The
number of replicas is dynamically monitored and maintained through dynamic replica-
tion when necessary.

4.2 Experimenting with Various Configurations

For our experiments, we used a cluster of the Distributed ASCI Supercomputer 2 (DAS-
2) located in The Netherlands. This cluster is made of 72 nodes, managed by a PBS
scheduler. Once it is scheduled, the JDF job deploys JXTA peers over the available
cluster nodes using ssh/scp commands. Figure 3 reports the time needed to deploy,
configure and update a JuxMEM service on a variable number of physical nodes using
our optimized version of JDF.

The control node executes a sequential loop of scp/ssh commands in order to
deploy JUXMEM and its whole environment on each physical node. The total size of
all libraries for JXTA, JDF and JUXMEM is about 4 MB. As expected, the deployment
time is thus linear with the number of physical nodes, e.g., it takes 20s for 16 nodes,
39 s for 32 nodes.

Of course, this initial deployment step is required only once per physical node,
so its cost can be “shared” by a sequence of experiments. Usually, these experiments
consist of incremental modifications to some specific libraries. In this case, only the
modified files need to be transmitted and updated on each physical node. For instance,
the size of JUXMEM’s jar file is around 100 kB. Modifying JUXMEM only requires
the transmission of this file. This is much faster, as reported by the update curve.

As seen in Section 2.3, the JDF network description file defines what types of JXTA
peers are requested, how they are interconnected, etc. The configuration step on a given
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Fig. 3. Time needed to deploy, update and con-
figure the JUXMEM service on various net-
work sizes.

Fig. 4. Number of remaining peers in an exper-
iment with a MTBF set to 1 minute.

physical node consists in 2 phases: 1) based on this description, generate the specific
JXTA configuration file of each peer; 2) for each peer, update this file with its specific
list of rendezvous peers. As expected, the configuration curve shows that this takes a
time which increases slowly and linearly with the number of physical nodes.

Note that, in order to reach larger scales, each physical node can host several peers.
This is easily specified using the instances attribute of the peer tag in the JDF
network description file. For instance, we have been able to deploy 10 peers on each
node without any significant overhead, amounting to a total of 640 peers without any
additional effort.

Finally, once the configuration is complete, JUXMEM is started by invoking a JVM
for each peer. This initialization time is dependent on the number of peers launched
on each physical node. According to commandment C4, JDF should provide a way to
synchronize the initialization of JXTA peers. This could be handled by a JDF control
thread, through a mechanism similar to the failure control. This feature is still being
implemented at this time.

4.3 Experimenting with Various Volatility Conditions

The simplest way to model architecture failures is to provide a global MTBF. Our en-
hanced version of JDF allows the programmer to generate a failure schedule according
to a given MTBF. We carried out a sample experiment on 64 physical nodes with a
failure control file generated to provide a MTBF of 1 minute: the uptime in minutes for
each physical node follows an exponential distribution with a rate parameter of The
files automatically collected by JDF allow to check which peer went down, and when.
Figure 4 reports the results of a specific single run of 30 minutes: 25 peers were killed.
Observe that these results are somewhat biased as peers do not start exactly at the same
time, and the clocks are not perfectly well-synchronized.

5 Conclusion

Validating P2P systems at a large scale is currently a major challenge. Simulation is
nowadays most-widely used, since it leads to reproducible results. However, the signif-
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icance of these results is limited, because simulators rely on a simplified model of re-
ality. More complex validation approaches based on emulation and execution on “real”
large-scale testbeds (e.g., grids) do not have this drawback. However, they leave the
deployment at the user’s charge, which is a major obstacle in practice.

In this paper, we state five commandments which should be observed by a deploy-
ment and control tool to successfully support large-scale P2P experiments. Our contri-
bution consists in enhancing the JXTA Distributed Framework (JDF) to fulfill some of
these requirements. This enhancement mainly includes a more precise and concise spec-
ification language describing the virtual network of JXTA peers, the ability to use vari-
ous batch systems, and also to control the volatility conditions during large-scale tests.
Some preliminary performance measurements for the basic operations are reported.

Further enhancements are needed for JDF to fully observe the five commandments.
A hierarchical, tree-like scheme for the ssh/rsh commands could be used to balance
the load of copying files from the control node to other physical nodes, along the lines
of [24]. We plan to integrate a synchronization mechanism for peers to support more
complex distributed tests. The final goal is to have a rich generic tool allowing to deploy,
configure, control and analyze large-scale distributed experiments on a federation of
clusters from a single control node. We intend to further develop this tool, in order to
use it for the validation of JUXMEM, our JXTA-based grid data sharing service. JDF
could also be very helpful for other JXTA-based services, and the approach can be
easily generalized to other P2P environments.
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Abstract. We study in this paper several scheduling heuristics for GridRPC mid-
dlewares. When dealing with performance issue, the scheduling strategy is one of
the most important feature. However, many heuristics implemented in available
middlewares were not designed for this context (for instance MCT in NetSolve).
Therefore, schedulers are not necessarily effective. We propose to use heuristics
based on a non-intrusive module which is able to estimate the duration of all tasks
in the system. Three criteria are examined among which the execution time of the
application, e.g. the makespan. Experiments on a real platform show that the pro-
posed heuristics outperform MCT for at least two of these three criteria.

Keywords: time-shared and heterogeneous resources, dynamic scheduling heuris-
tics, historical trace manager, completion dates estimations, DAGs

1 Introduction

GridRPC [1] is an emerging standard promoted by the global grid forum (GGF).This
standard defines both an API and an architecture. A GridRPC architecture is heteroge-
neous and composed of three parts: a set of clients, a set of servers and an agent (also
called a registry). The agent has in charge to map a client request to a server. In order
for a GridRPC system to be efficient, the mapping function must choose a server that
fulfills several criteria. First, the total execution time of the client application, e.g. the
makespan, has to be as short as possible. Second, each request of every clients must be
served as fast as possible. Finally, the resource utilization must be optimized.

Several middlewares instantiate the GridRPC model (NetSolve [2], Ninf [3], DIET
[4], etc.). In these systems, a server executes each request as soon as it has been re-
ceived: it never delays the start of the execution. In this case, we say that the execution
is time-shared (in opposition to space-shared when a server executes at most one task at
a given moment). In NetSolve, the scheduling module uses MCT (Minimum Comple-
tion Time) [5] to schedule requests on the servers. MCT was designed for scheduling
an application for space-shared servers. The goal was to minimize the makespan of a
set of independent tasks. This leads to the following drawbacks:

mono-criterion and mono-client. MCT was designed to minimize the makespan of
an application. It is not able to give a schedule that optimizes other criteria such as
the response time of each request. Furthermore, optimizing the last task completion
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date does not lead to minimize each client application makespan. However, in the
context of GridRPC, the agent has to schedule requests from more than one client.
load balancing. MCT tries to minimize the execution time of the last request. This
leads to over-use the fastest servers. In a time-shared environments, this implies
to delay previously mapped tasks and therefore degrades the response time of the
corresponding requests.

Furthermore, MCT requires sensors that give information on the system state. It
is mandatory to know the network and servers state in order to take good scheduling
decisions. However, supervising the environment is intrusive and disturbs it. Moreover,
the information are sent back from time to time to the agent: they can be out of date
when the scheduling decision is taken.

In order to tackle these drawbacks we propose and study three scheduling heuristics
designed for GridRPC systems. Our approach is based on a prediction module embed-
ded in the agent. This module is called the Historical Trace Manager (HTM) and it
records all scheduling decisions. It is not intrusive and since it runs on the agent there
is no delay between the determination of the state and its availability. The HTM takes
into account that servers run under the time-shared model and is able to predict the du-
ration of a given task on a given server as well as its impact on already mapped tasks.
In this paper, we show that the HTM is able to predict precise task durations when the
server load is not too high. The proposed heuristics use the HTM to schedule the tasks.
We have plugged the HTM and our heuristics in the NetSolve system and performed
intensive series of tests on a real distributed platform (more than 50 days of continuous
computations) for various experiments with several clients.

In [5], MCT was only studied in the context of independent tasks submission. In this
paper, the study is more general. The tests are submissions of task graphs (1D meshes
and stencil). For some of them, independent tasks are submitted during the execution of
the graphs. We do not assume any knowledge of the applications graphs and thus, we
schedule dynamically each request. The goal is to serve at best each client request (a
task of a graph as well as an independent one). We have compared our heuristics against
MCT in NetSolve on three criteria. Results show that the proposed heuristics outper-
form MCT on at least two of the three criteria with gain up to 20% for the makespan
and 60% for the average response time.

2 MCT in GridRPC Systems

GridRPC is an emerging standard for Grid Computing. It allows the remote execution
of tasks to computational servers. The architecture is composed of clients that submit
requests to an agent (or a registry), the agent sends back the identity of the servers that
can execute the tasks. The client sends input data to the chosen server which performs
the computation and sends back output data.

NetSolve [2] instantiates this model. A NetSolve agent uses Minimum Completion
Time [5] (MCT) to map tasks on servers. The MCT heuristic chooses the server that
will complete the task the soonest. In order to determine the completion time of a given
task on a server it assumes that the load on the network and on the server is constant
during the execution. This leads to the following remarks:
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1.

2.

3.

the agent needs an evaluation of each server load;
the load on a given server is seldom constant. If the server is loaded by some tasks,
they are likely to finish during the computation of the new mapped task;
The time-shared model implies that mapping a task on a loaded server delays the
concurrent running tasks. In this paper, we call this delay the perturbation. The
perturbation may make the previously decision obsolete.

The load evaluation of a network or of a machine is a difficult task and is often
performed by sensors. NetSolve can use its own sensors or NWS [6]. It faces two major
problems: accuracy (MCT considers that the server load is constant when mapping a
task and do not consider the perturbation a new task will produce on the server) and
intrusiveness (sensors require some cpu cycles on the servers to evaluate the load).

3 Historical Trace Manager

The Historical Trace Manager is an attempt to efficiently answer the three remarks
exposed in the previous section. It is a prediction module that runs on the agent. It is
accurate and non intrusive. It simulates the execution of the tasks on each server and
therefore is able to predict load variation and to compute the perturbation of the new
task to already mapped ones.

We use the following model to simulate time-shared resources. When tasks are
using the same resource (CPU, network, etc.), each one uses of its peak power.
The HTM needs several types of information: server and network peak performances,
the size of input and output data and the number of operations of each task. All these
information are static and can be computed off-line Therefore, the HTM answers the
three remarks exposed in Section 2:

1.

2.

3.

the HTM is not intrusive because it uses only static information. Furthermore,
since it runs on the agent, information are immediately available for the scheduling
heuristic. The accuracy of the information given by the HTM is high and will be
experimentally demortstrated in the results section;
the HTM is able to compute the completion date of every tasks on a given server
by simulating their executions. Therefore, the load is not assumed constant;
The HTM can simulate the mapping of a task on any server. Hence, it can compute
the perturbation of this task on all the concurrent running ones. The perturbation
can then be used to take efficient scheduling decisions, as we will see in the next
sections.

4 Heuristics

We introduce here three heuristics, HMCT, MP and MSF, which are compared to MCT
in section 5. The HTM simulates the new task on each server and gives resultant infor-
mation to the scheduler. Therefore, the heuristic considers the perturbation the new task
will induce on each running one, and computes the ‘best’ server accordingly.
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Historical MCT: HMCT. HMCT chooses the server that will complete the request the
fastest. Unlike MCT which assumes a constant behavior of the environment during the
execution of the task to predict its finishing date (see Section 2), HMCT uses HTM
estimations which are far more precise.

Minimum Perturbation: MP. The HTM simulates the new task on each server. MP
chooses the server that minimizes the sum of the HTM estimated delays that running
tasks will suffer. It aims to minimize overall running tasks completion dates and each
client can thus expect a lower response time.

Minimum Sum Flow: MSF. MSF relies on HTM estimations to compute the sum of
the duration (also called the sumflow [7, 8]) of all the tasks. It then chooses the server
which minimizes the sumflow. MSF aims at reducing the duration of all the tasks (not
only the new one).

5 Experiments and Results

5.1 Experiments

The HTM and the heuristics HMCT, MP and MSF have been implemented in the Net-
Solve agent. Several experiments have been conducted onto an heterogeneous environ-
ment whose resources are given in Table 1. Three types of computing intensive tasks
have been used for these experiments. The duration of each task on each unloaded server
is given in Table 1. computing Table 2 gives a summary of the series of tests performed
on this platform. 8 scenarii (from (a) to (h)) have been submitted to this heterogeneous
environment. Two types of graphs have been used. 1D meshes and stencil graphs. In a
scenario, only one client submits a stencil graph while there can be several clients sub-
mitting a 1D mesh application (5 or 10). Stencil graphs have a width of 5 or 10 and a
depth of 25 or 50. In scenarii (c), (f), (g) and (h), independent tasks are submitted during
the execution of the graph(s). Their arrival dates are drawn from a Poisson distribution
of parameter We use the GSL library [9] for all the probabilistic calls. Experiments
in a scenario are randomized by a different seed and run 6 times per heuristics. 6 runs
were sufficient for the average values given in Section 5.3 to be stabilized. This leads to
576 experiments and about 50 days of computations.

5.2 Accuracy of HTM Predictions

Scheduling decisions rely on the accuracy of the HTM, e.g the ratio of the HTM es-
timated duration by the real post-mortem duration. We show in this section that it is
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Fig. 1. 500 Independent Tasks Submitted at a
Rate Scheduled by MSF on artimon.

Fig. 2. Scenario (d) Scheduled by MP on Spin-
naker.

high but may degrade with the server load and for some types of submission. Two main
information appear on Figures 1(1) in dark dots: the value for each task (represented by
its submission date on the abscissa) of the HTM estimated duration divided by the real
post-mortem one. Hence, the closest to 1 is the ratio, the most accurate the prediction
is; (2) in light dots: the number of tasks that have interfered with the considered task
during its execution.

We can observe in Figure 1 the accuracy of the HTM on the 222 tasks which have
been scheduled by MSF on artimon. Estimations are degrading with the load of the
server. Indeed, until 2800 seconds, estimations are more than 96% accurate on the av-
erage and still 93% accurate until 3156 seconds. Then, more than 6 tasks are simultane-
ously executed on artimon, thus increasing prediction errors. The HTM regains a high
accuracy when the load decreases. We can note that the HTM estimations accuracy is
not decreasing with time.

We can observe on Figure 2 the information collected on the 301 tasks scheduled
by MP on spinnaker, the fastest server, during an experiment of the scenario (d). We
can observe two regions: before and after time equals 1000 seconds. Until time reaches
1000 seconds, accuracy is uneven. During that time, the server executes an average
of 4 tasks running concurrently, with a peak equal to 7 tasks. After 1000 seconds, a
maximum number of 3 tasks are running concurrently. The HTM is over 95% accurate.
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As a conclusion, we see that the HTM accuracy is high when the number of simul-
taneous running jobs is lower than 5. Moreover, for some scenarii ((d) and independent
tasks submissions) the HTM is able to regain a high accuracy alone and the accuracy
does not degrade with time.

5.3 Comparison Between Heuristics

For each scenario we compare each heuristics on three criteria [10]. MCT is used as
the comparison baseline. First, we compare the application completion time, e.g. the
makespan. This comparison is done for all the scenarii. Second, when independent tasks
are involved (scenarii (c), (f), (g) and (h)), we compare the response time, e.g. in our
context (see section 2), the average duration of a task. The response time is only mea-
sured for each independent task. Third, when independent tasks are involved, we give
the percentage of independent tasks that finish sooner when the experiment is scheduled
with our heuristic than with MCT. If an heuristic is able to give a good response time
and a majority of tasks finishing sooner than if scheduled with MCT, it improves the
quality of service given to each client.

Fig. 3. Gain on the Makespan for each Client of each Scenario.

Figure 3 shows the average gain on the makespan performed by each heuristic over
MCT for each client and for each scenario. We see that MSF and HMCT always out-
perform MCT up to 22%. MP outperforms HMCT and MSF when applications are
1D-mesh graphs (scenarii (a), (b) and (c)). However, MP shows negative performance
for some stencil graphs scenarii. This is explained as follows. Due to its design, MP
can unnecessarily map a task on a slow server, for example when it is the only idle
one. This delays the completion of the graph because some critical tasks are mapped on
slow servers. The client must wait for the completion of these tasks before being able
to resume the execution of the application.

Figure 4 shows, for each heuristic, the average gain on the response time that each
independent task benefits when scheduled with the considered heuristic. Scenarii (a),
(b), (d) and (e) are not concerned and only appear to ease the reading. We see that
HMCT, MP and MSF outperform MCT for all the scenarii. For scenarii (f) and (g)
MSF is the best heuristic with a gain up to 40%. For scenarii (c) and (h) MP is the best
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heuristic, with more than 67% of gain in scenario (h). For this scenario HMCT shows
nearly no gain.

The average percentage of tasks that finish sooner than MCT is given for each
heuristic in Figure 5. On the opposite of the two former figures where a gain is ob-
served as soon as the value is positive, the percentage here has to be superior to 50%
to express a gain (note that scenarii (a), (b), (d) and (e) are still not concerned here).
We see that, as for the response time, HMCT, MP and MSF always outperform MCT.
MSF is the best heuristic for scenarii (f) and (g). MP is the best for scenarii (c), (f) and
(h), where 90% of the tasks finish sooner than if scheduled with MCT. For this scenario
HMCT has the same performance than MCT.

Figure 4 and Figure 5 show together that MP and MSF are able to offer a good qual-
ity of service to each independent task. This means that on the average a task scheduled
by one of these two heuristics finishes sooner than MCT and the average gain is high.

Fig. 4. Gain on the Response Time for each
Client of each Scenario.

Fig. 5. Percentage of Tasks that Finish Sooner
for each Scenario.

6 Conclusion

In the paper, we tackle the problem of scheduling tasks in gridRPC systems. MSF,
which rely on a non-intrusive predictive module called the Historical Trace Manager. It
simulates the execution of tasks on the environment with the time-shared model.

For our tests, we have used NetSolve, a gridRPC environment, in which we have
implemented the HTM and all the heuristics. An extensive study has been performed
on a real test platform. Numerous scenarii involving different kind of submissions, with
different application graphs possibly concurrent to independent tasks, have been sub-
mitted to the modified NetSolve agent.

We have shown that the HTM is accurate when the server load is not too high. In
some cases, the HTM accuracy degrades during the execution due to error accumula-
tions.

Our heuristics were compared against Minimum Completion Time, the default Net-
Solve scheduling heuristic.Results show that our heuristics outperform MCT on at least
two of the three observed criteria: makespan, response time and percentage of tasks
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finishing sooner than when scheduled with MCT. MSF appears to be the best overall
heuristic as it always outperforms MCT on all the criteria.

In our future work, we will implement a mechanism to synchronize the HTM to the
reality. This mechanism will be based on the task completion date. The goal is to limit
the effect of error accumulation seen in some experiments. Early developments show
an improvement in the HTM predictions accuracy.
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Abstract. This article aims to demonstrate how to build new types
of groups called similarity groups into the JNGI project. This is done
in order to increase the relevance of task dispatching and therefore to
increase the performance of JNGI.

1 Introduction

While P2P first applications were essentially dedicated to file sharing, P2P is
now seen as a possible computing paradigm for every field of computer science
like parallelism.

JNGI [1] is a project including the dynamism of the P2P environment to
maximize the utilization of volatile resources, redundancy for higher reliability,
the division of computational resources into groups to increase scalability, and
heterogeneity to make better use of all the available computing power. JNGI
divides computing peers into several peer groups to limit the amount of commu-
nication seen by each peer. This in turn improves scalability.

The aim of this article is to propose other types of groups called similarity
groups. These groups can be used either for qualitative (structural) or quanti-
tative (performance) purposes. Indeed, JNGI is designed to contain thousands
of highly heterogeneous nodes and needs to group them according to relevant
criteria. It will be shown in this article that the use of similarity groups can
dramatically increase the performance of a computation. This paper is divided
into 2 parts: Section 1 describes similarity groups and how they are included
into JNGI and section 2 sums up the results obtained with similarity groups.

2 Similarity Groups

At every levels, peers’ heterogeneity arise problems which must be overcome [2].
For example, peers run different OSs, so P2P applications need to be cross-
platform. This heterogeneity is rarely taken into account by applications which
simply do not know what the capacity of the underlying hardware is, e.g. low fre-
quency processor versus high frequency processor and low bandwidth connection
versus high bandwidth connection.

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 1056–1059, 2004.
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Grouping Nodes. Choosing different criteria for grouping peers is the first step
to the grouping strategy. There are 3 criteria used for grouping peers, distance,
qualitative and quantitative.

There are two possibilities to apply a distance criterion. The first one is to
group peers belonging to the same geographical area. The second possibility is
to group computing nodes which are close on a networking way, for example, by
using the number of routers crossed between 2 nodes. The second criterion is to
group peers on a qualitative criterion like their Operating System or for example
on their JVM version. The quantitative criterion is the last grouping technique.
It uses physical characteristics like CPU speed, memory size, etc. The grouping
strategy is a mix of the three criteria described above.

For our environment, we use some of the criteria defined by the Network
Weather Services [3]. Our criteria used to group peers are the following: CPU
speed, percentage of available CPU, memory size, free memory, latency and
bandwidth.

Job Submission. The second step of our implementation is to adapt the group-
ing criteria to JNGI. When a new node is connected to JNGI, it contacts the
higher-level monitor group. A monitor peer in this group replies to the node and
asks for its characteristics.

Thanks to these parameters, the monitor can steer the peer to the worker
group which matches its parameters.

Job submission has also to be modified in order to take the groups into
account.

A job can be submitted to JNGI in three different ways : the first level of
submission is when the user specify the name of the wanted group. The job is
then run on this group. At the second level, the user submits a job with some
constraints. The constraints are compared with the different group characteris-
tics. If the group characteristics match the constraints, the job is sent to this
group. The third level is when the user sends a job and chooses a quality of
service like the computation speed. This kind of submission needs JNGI to use
a performance prediction service like [4] adapted to P2P.

Adding these submission levels to JNGI increases its potential: JNGI can be
used as a computing platform or as a testing structure by using the constraints.

3 Case Study: Root Finding Method

The Durand-Kerner’s method [5] is used for extracting roots from a
polynomial with complex coefficients:

where stands for the order of the polynomial. It uses the Weierstrass operator
as an iterative function which is able to converge a vector towards the polynomial
root solutions.
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Experiments. Our experiments have been made on one local network and on
two local networks interconnected with a 512Kbps link. Two routers Cisco 2500
running an IOS 12.0 interconnect the two LANs which simulates peers connected
with high bandwidth. On each local network, 4 PCs, Pentium 4 1.7Ghz, are used
in order to have a total of 8 JNGI workers. The PCs are connected with a 100
Mbps Fast-Ethernet Allied Telesyn switch. With this, we have the opportunity to
access a homogeneous or heterogeneous 4-computer platform. Similarity groups
are interesting if there are heterogeneous characteristics e.g. network bandwidth.

On this JNGI platform, we run the Durand-Kerner application using the sec-
ond level of submission with a job submitter and 4 workers. The job submitter’s
role is to manage the execution and to balance the roots between the workers.
The number of interval roots is fixed at the beginning of the computation. This
value is much greater than the number of workers to have a good load balancing.

Workers compute roots asynchronously, that is to say that they do not wait
for other workers to finish their computation to receive updated roots. This
iteration is repeated until convergence is reached.

Results. For these experiments, two kinds of polynomials have been solved.
One has 4 monomials, curves with name ending with “(4)” and the other 16
monomials, curves with name ending with “(16)”.

In figure 1(a), the 1LAN-NOGROUP(4) and 1LAN-NOGROUP(16) curves
correspond to the execution of our application on the 4-computer local network
without group management. The 1LAN-GROUP(4) and 1LAN-GROUP(16) cur-
ves correspond to the execution of our application on the 4-computer local net-
work managing groups. There is only 1 group because the network is fully ho-
mogeneous in order to be able to compare the results with or without group
management. 1LAN-NOGROUP and 1LAN-GROUP curves show the overhead
of group management with exactly the same hardware architecture. We can see
that managing groups does not have any cost during the execution. The only
cost for managing groups is during the allocation of the tasks to the workers,
but this is quite small.

Fig. 1. Results of experiments.
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In figure 1(b), the 2LAN-NOGROUP(4) and 2LAN-NOGROUP(16) curves
correspond to the execution of our application on the 2 local networks, using
4 workers. The 2LAN-GROUP(4) and 2LAN-GROUP(16) curves show the exe-
cution of our application on the 2 local networks, using 4 workers. Each group
correspond to a 4-worker LAN. 2LAN-NOGROUP and 2LAN-GROUP curves
illustrate the interest of managing groups on heterogeneous network architec-
ture. When you do not manage groups, you do not have the ability to choose
your target platform and you are going to have some communications above slow
bandwidth links which will act as a bottleneck for the application. A performance
decrease of around 50% can be noticed. Performance cannot be achieved with
such a strategy. On the contrary, managing groups according to the network
bandwidth established automatically 2 groups of computers from the 2 local
networks. Then, the workers’ allocation takes care of the architecture avoiding
bottlenecks like this slow link between the 2 LANs. Network heterogeneity must
be taken into account on P2P architecture to have good performance and this
can be done by using similarity groups.

4 Conclusion

Similarity groups have proved to be efficient in the JNGI project but they can
be used in any other P2P computing architecture. These groups allow to take
into account hardware and software heterogeneity. They can be used to classify
computing platforms according to either qualitative or quantitative parameters.
The efficiency of qualitative groups is difficult to measure wheareas the efficiency
of quantitative groups has been easily shown. Experiments have pointed out that
similarity groups allow to structure the P2P architecture. Network heterogene-
ity which can act as a bottleneck in P2P computing can be softened by using
similarity groups.
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Abstract. High scalability in Peer-to-Peer (P2P) systems has been achieved with
the emergence of the networks based on Distributed Hash Table (DHT). Most of
the DHTs can be regarded as exponential networks. Their network size evolves
exponentially while the minimal distance between two nodes as well as the rout-
ing table size, i.e., the degree, at each node evolve linearly or remain constant. In
this paper we present a model to better characterize most of the current logarithmic-
degree DHTs. We express them in terms of absolute and relative exponential
structured networks. In relative exponential networks, such as Chord, where all
nodes are reachable in at most H hops, the number of paths of length inferior or
equal to H between two nodes grows exponentially with the network size. We
propose the Tango approach to reduce this redundancy and to improve other
properties such as reducing the lookup path length. We analyze Tango and show
that it is more scalable than the current logarithmic-degree DHTs. Given its scala-
bility and structuring flexibility, we chose Tango to be the algorithm underlying
our P2P middleware.

1 Introduction

Over the past few years, Peer-to-Peer (P2P) networks have become an important re-
search topic due to their interesting potentials such as self-organization, decentraliza-
tion and scalability. A P2P network is principally characterized by its structuring policy
and the lookup protocol employed. Not long after the emergence of the first popular
P2P networks, Napster and Gnutella, it was realized that scalability in these networks
was an important issue. A better alternative are the P2P networks based on DHT (Dis-
tributed Hash Table). These networks are self-organized, fully distributed and highly
scalable. Furthermore, given that each node has a well defined routing table, the lookup
for any node/item can be accomplished within a relatively small number of hops. As the
network size increases exponentially, the maximum lookup length as well as the routing
table size at each node (i.e., the degree) increase linearly like in Chord [1], Pastry [2]
and Tapestry [3], or even remain constant like in Koorde [4] and DH [5].
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The DHT based P2P networks are also called structured networks, since they fol-
low a well defined structure. A closer look to their structure allowed us to notice that
most of the logarithmic-degree DHTs fall into two main categories, depending on the
nodes’ view of the network (we defer the definition of node’s view to Section 2). We
call them absolute and relative structured exponential networks. A first contribution of
this paper is the description of a model to better characterize the exponential structured
networks as absolute and relative. Related to this work is the research described in [6]
where a model based on the concept of search is proposed for reasoning about
DHT networks. Their model addresses only relative structured exponential networks,
while ours is more general, addressing the absolute networks, too.

Our model allowed us to observe that in the relative exponential structured networks
the fingers of a node are not totally exploited. Hereinafter we denote the “fingers” of a
node to be the single-hop connections of and hence representing the entries in the
routing table of node In Section 3 we propose an approach, that we called Tango,
to structure the relative exponential networks for increasing their scalability. Tango
reduces the redundancy in the multiplicity of paths between two nodes of a relative
exponential network and, as such, it reduces the path length between the nodes. The
Tango approach is the second and the main contribution of this paper. In Section 4 we
compare Tango with DKS [7], and with the DH constant-degree network.

2 Structured Exponential Network

A structured exponential network is a network built incrementally using well-defined
steps. It is composed of nodes linked together via directed edges according to structur-
ing rules, and characterized by an exponential factor which is the number of instances
of network used to define the subsequent network The network is
the initial network composed of one node. At step network is built by using
instances of network linked to one another.

We identify two methods for connecting all instances of at the step: ab-
solute and the relative connections. They lead to absolute and relative structured expo-
nential network, respectively. We illustrate both methods for a network of size 64, built
in four steps, and parameterized by an exponential factor Each node is identified
both numerically by using a unique identifier ranging from 0 to 63, and graphically by
using shapes (i.e., light square, light circle, bold square and bold circle). The shape
organizes the nodes within the network whereas the size of the shape determines the
network building step. Small shapes stand for instances of medium shapes for
instances of and large shapes for instances of The network instance of

regroups the four network instances of However, for simplicity, is
not marked in the figures. In order to distinguish the fingers of the reference node from
the other nodes, we represent them as non-gray numbers whereas the other nodes are
in gray. Moreover, we introduce the and the operators. In a network of size S, we
define the operators as mod S, and mod S.

An absolute structured exponential network is represented in Figure 1 (left). In such
a network, each node has the same view of the network. For instance, all nodes see
that nodes ranging from 0 to 15 are sitting in the large light square. That is, if a node
sees that a node is sitting in a given shape then all the nodes see that is sitting
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Fig. 1. (left) Absolute structured exponential network of size 64 with (right) View of a
node n in a relative structured exponential network of size 64 with

in that given shape. In such a network, at the step, the fingers of a node
are pointing to the other instances of Moreover, it does not matter to
which node inside each points to. For instance, in the network represented in
Figure 1 (left), the fingers of node 21 at the third step can be any instance of nodes
where and

A relative structured exponential network differs from an absolute one by the fact
that the view of the network owned by a particular node is relative to its position within
the network. For instance, nodes sitting in the large light square are found at distance
dist from the reference node, with Moreover, in a relative expo-
nential network, a node has to point precisely to the nodes occupying relatively the
same positions in the other instances of For instance, as represented in
Figure 1(right), the fingers of node at the third step are

Most logarithmic-degree DHT-based P2P networks can be expressed either in terms
of an absolute or in terms of a relative structured exponential network. For instance, Pas-
try and Tapestry can be seen as instances of the absolute structured exponential network
by instantiating the employed alphabet to the shapes used in Figure 1. On the other hand,
Chord and DKS can be seen as instances of the relative structured exponential network.

This model allows us to state that networks built with the relative and the absolute
approaches scale at the same rate. Indeed, let be the size of network and be
the maximum number of hops to reach any node in Then, for both structures we
have with and a number of fingers
at each node. Moreover, this model allows us to state that if at the step, a node
points to node then in an absolute network, the networks reachable in at most hops
by and using all the fingers established in the first  steps, are identical while they
differ in a relative network. This difference is at the foundation of the Tango definition
and its propention to increase finger utilization.
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Fig. 2. (left) Network building pattern in Tango where (right) Paths from node 0 to all
the other nodes in a Chord network of size 8 and in a Tango network of size 13.

3 Tango: A Novel Approach

for Reducing Unexploited Redundancy

In a relative exponential network we can identify two types of redundancy. The first
one results from the commutative property of the addition operation and from the fact
that each node owns, relatively, the same fingers. For example, in Chord, node 0 can
reach node 6 via node 4 (6=0+4+2) and also via node 2 (6=0+2+4). The second type of
redundancy results from the underutilization of fingers.

To have a clear explanation, we introduce the notion of positive and negative regions
of a given node A node is found in the positive region of node      iff
otherwise, node is found in the negative region of node

We propose Tango, an approach to address the second type of redundancy, and
thus increasing network scalability by taking into account that the networks reachable
in at most hops by and its fingers added at step using all the fingers established in
the first  steps, are different in a relative network. Indeed, the region covered in at most

hops via the farthest finger added in the positive (resp. negative) region at step and
the region covered in at most hops via the closest finger added in the positive (resp.
negative) region at step overlap partially. For example, the regions reachable in at
most 3 hops by node 21 via node 29 (i.e., from 24 to 39) and via node 37 (i.e., from 32 to
47) overlap. Let a valid path between two nodes in a network instance be any path
between these nodes whose length is at most hops. In a relative network, all these
overlap regions increase exponentially the number of valid paths between two nodes.
Moreover, the cumulated size of the overlap, i.e., the amount of unexploited redundancy
in an instance of grows exponentially with

3.1 Tango Definition

In order to prevent overlapping, the region comprised between the farthest finger added
in the positive (resp. negative) region at step  and the closest finger added in the positive
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(resp. negative) region at step has to be equal to the size of the network instance
This improvement is graphically expressed in Figure 2 (left) for a network char-

acterized by One can notice that is composed of 5 blocks. There are 4
instances of and 1 instance of Extended which is the network reachable by
the reference node in at most hops by using the fingers defined in

Let and be the number of fingers added in the positive and, respectively, the
negative regions of a node at step Hence, knowing that at each construction step
there are fingers added to a node, we obtain

Let (resp. be the distance at which the positive (resp. negative) finger
of the step should be placed. Let (resp. be the size of the positive (resp.
negative) region of a reference node at step Equations 1 establish the size growth and
the fingers positioning in Tango. One can note that for the Tango network
corresponds to an improved version of Chord, and DKS with an arity The reader can
refer to Section 4 for a comparison between Chord, DKS and Tango.

3.2 Key-Based Routing

The purpose of key-based routing is to route a message tagged with key Key to the
node responsible of Key. Let be the first node encountered in the positive
(resp. negative) region of The responsibility of a node is defined in Equation 2.

Beside the node responsibility, there is the finger responsibility defining the node to
which a message should be forwarded to. In Tango we split the finger responsibility
of a given finger F in negative and positive sides1. Than, let the focused network be
an instance and let (resp. be the sizes of the positive (resp. negative)
finger responsibility as defined in Equations 3 and 4. The finger responsibility of
finger located at position related to the distance are defined in Equation 5.
Hence, by using its finger  a node can cover the region in at most hops.

1 The denomination of Tango comes from its ability to have positive routing steps followed by
negative routing steps and vice versa.
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3.3 Tango in a Sparse and Dynamic Network

In a sparse network, the position of a finger F (i.e., P) of a node may correspond to
a missing node. In that case, points to the node responsible of P. Hence, the nodes
are playing the finger role of the missing nodes laying within their responsibility. In
order to preserve the lookup efficiency, each node adapts its routing table in order to
reach the same part of the network in the same number of hops as it would have been
done by each missing nodes within its responsibility. That is why in Tango, we define
the finger position and the finger node of a node as in Equation 6, where

and

To deal with the dynamics in a Tango network, the algorithms of join, fault toler-
ance and correction on use defined in DKS can be applied directly to Tango. Moreover,
due to the symmetry provided by the Tango networks featured with the cor-
rection on use can be made more efficient. For more details, the reader can refer to [8].

4 Analysis

In this section we shortly compare Tango with DKS, and with the Distance Halving
constant-degree network. For more details, the reader can refer to [8].

4.1 Tango vs. DKS

DKS generalizes Chord to allow a tradeoff between the maximum lookup length in
the network (i.e., the diameter) and the size of the routing table at each node (i.e., the
degree). The structure of DKS characterized by is the same as the one of Chord.
Tango also supports the tradeoff between the diameter and the degree. Moreover, the
network covered with Tango is much larger than the network covered with DKS and
Chord, while keeping the same network diameter and the same degree at a node. That
is, in Tango the exponential factor is bigger than in Chord and DKS. From Equation 1,
one can deduce the size of the network covered with Tango at a step together
with the roots (i.e., and of its characteristic equation. For a step  sufficiently high,
the exponential factor in Tango can be approximated to where and
thus we obtain Although, the search cost in Tango is O(logN), for apprx.
the same network size the highest search cost in Tango is 75% of the one in Chord.

In order to compare the size growth in Tango and DKS, one can define the network
size covered by Tango at the construction step as in Equation 8. Note that the first
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Fig. 3. (left) Ratio between the network sizes covered by Tango and DKS, with the same number
of fingers at different construction steps, (right) Network size [N] and average routing distance [D]
of Tango, DH and Chord, with respect to different values of node degree.

term of the equation corresponds to the network size covered by DKS at the step,
i.e., The second term, which also increases exponentially, corresponds to the dif-
ference between the two network sizes; it actually represents the cumulated unexploited
redundancy in DKS. In Figure 2 (right) we present an example of how Tango covers
a larger network than Chord (DKS, even at the very early building steps. With a
routing table of size 3, a node in Chord can cover a network of size 8 in 3 hops, whereas
in Tango, in 3 hops, a node can cover a larger network, i.e., of size 13.

To better understand the relation between Tango and DKS, in Figure 3 (left) we
plotted the ratio between the network sizes covered in Tango and DKS at each con-
struction step ranging from 1 to 32, for five different values of One can note that for a
given the ratio between the network sizes is growing exponentially at each step. It is
also interesting to note that the growth ratio of the ratio decreases as increases. How-
ever, since increasing leads to increasing the resource consuming and the maintenance
cost, it is likely that relative small values of will be employed.

4.2 Tango vs. Constant-Degree Networks

A constant-degree network is a network whose size can increase exponentially, while
the node degree remains fixed and the diameter increases logarithmically. Some exam-
ples are those based on the de Bruijn graph, such as Koorde and DH. In our analysis we
were interested in the average routing distance and the network size for Tango
and DH with respect to different node degrees. We also plot them for Chord to have a
third party reference. To compute the average routing distance for DH we used the
formula for de Bruijn graphs given in [9] and doubled it to achieve load balancing, as
suggested in [5]. As shown in Figure 3 (right), for the same node degrees (inferior to
34), and almost the same network size, Tango provides lower values for the average
routing distance than DH.
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5 Conclusion

First, in this paper we presented a model to better characterize the structure of the cur-
rent logarithmic-degree P2P exponential structured networks, such as Tapestry, Pastry,
Chord and DKS, in terms of absolute and relative exponential structured networks.

On the other hand, we proposed the Tango approach to better structure the relative
exponential networks to increase their scalability by exploiting the redundancy in the
lookup paths. We showed that Tango is more scalable than the current logarithmic-
based DHTs. We analyzed the structure ofTango with respect to the one of DKS and,
implicitly, to the one of Chord. Particularly, we observed that, for small values of the
exponential factor Tango is much more scalable than DKS (and Chord), while for
big values of the scalability of the two networks is more comparable. However, since
increasing leads to increasing the resource consuming and the maintenance cost, it is
likely that relative small values of will be employed. We also analyzed Tango with
respect to DH, a constant-degree network. We observed that, for networks with relative
large node degrees, the average routing distance in Tango and DH are comparable.

Given its structuring flexibility and its scalability potential, we chose Tango to be
the algorithm underlying our recently released P2P middleware [10], and demo appli-
cations: PostIt and Matisse [10]. As future work, we plan to address the redundancy in
Tango resulting from the commutative property of the finger addition operation.
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Abstract. Interest is rising in genuinely distributed (‘peer-to-peer’) re-
source discovery systems, which all provide mechanisms for self-organiza-
tion of their resource providers and requesters into an overlay network.
This paper proposes such a system that uses XML description files to
construct overlay networks that exhibit small world properties (i.e., a
small diameter and a regular structure) and in which similar resources
are grouped together. Resource users can then be linked directly to the
regions with the resources of their interest, which allows exploitation of
group and time locality. Simulations results validate these concepts.

1 Introduction

Resource discovery (RD) is an indispensable enabling technology for networked
distributed systems. As such, a multitude of existing technologies provide the
required functionalities and these can be divided into roughly two clusters: third-
party systems and genuinely distributed systems. For the first type, a separate
entity, independent from the resource providers and requesters, gathers refer-
ences to resources and solves resource queries (e.g., LDAP [6], Matchmaking [8],
etc.). Genuinely distributed systems, on the other hand, are embedded in the
users (both resource providers and requesters) of the system (e.g., Gnutella [5],
Freenet [4], CAN [9], etc.).

The field of third party RD systems is well established, in contrast to the
fairly new genuinely distributed approach. The latter has distinct advantages,
though:

There is no dependency on a central coordinating authority.
Every participant makes some resources available and, consequently, the
available resources grow with the number of participants, which allows for
scalable systems.
The larger the number of participants, the larger the inherent redundancy
in the system, which can be exploited to achieve increased fault-resilience.

All these genuinely distributed resource discovery systems or, so called by popu-
lar consensus, peer-to-peer systems compose of two main components: an overlay
network and a query resolving technique. A closer look at these components of

M. Danelutto, D. Laforenza, M. Vanneschi (Eds.): Euro-Par 2004, LNCS 3149, pp. 1068–1075, 2004.
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the peer-to-peer RD systems reveals a number of short-comings. Gnutella [5], by
far the most spread system, deploys a random overlay structure and uses flooding
to propagate queries, both being inefficient. Freenet [4] nodes are (initially) also
gathered in a random structure, but the use of local caches of files with similar
keys and single query forwarding to the neighbor node with the closest matching
keys, allows convergence of a Freenet network to a more efficient structure. But
it can only be used for files and not for other (non-copyable) resources, e.g.,
processing servers. A third type of systems (CAN [9,12], Chord [11], Pastry [10],
Tapestry [17] and P-Grid [2]) uses regular overlay network structures. A unique
identifier is assigned to all nodes and this is then used to position the nodes
on a predictable position in the network, whose structure reflects the identifier
space. An ID is computed for each resource and a reference to the position of
those resources is then stored at the node with the closest ID. The result is a
search-optimized overlay network. But one can predict difficulties with variable
resources: if the description of a resource changes, so does its identifier and, po-
tentially, the position of its reference. This is a symptom of the fact that there
is no or little correlation between the ID’s and the nature and type of the re-
sources. Functionality is not reflected in the structure of the overlay networks
and, consequently, neither group locality, nor time locality [7] are exploited:

group locality: Requesters can be divided into groups that tend to search
for the same types of resources.
time locality: The same entity may request the same or comparable resources
several times within short time intervals.

Mentionable is the work presented in [15], which proposes methods to construct
an overlay network that links nodes that are interested in similar documents.
Their usefulness is limited, though, to file-sharing systems: it assumes that nodes
interested in a certain resource (in this case, file) also provide similar resources.

Hence, there is a need for a distributed RD system that supports resources
with variable properties, uses attribute naming1 and where the nodes self-organ-
ize into a regular structure that reflects the nature of the resources [14].

The system that is proposed in this paper fills this gap. It uses a metric based
on the differences between descriptions in XML of the resources, to construct
an overlay network in which nodes with a comparable functionality are grouped
together and in which resource users are close to the resources for which they
announced an interest. The next section describes the construction of this over-
lay network, followed by the query forwarding strategy. Simulation results are
presented at the end to illustrate the usefulness of this approach.

2 The Overlay Network

2.1 Distance Between Functionalities

A desirable property for RD overlay networks is regularity, because a regular,
predictable structure will ease and optimize query forwarding. But to allow nodes

1 Attribute based queries in, e.g., XML, offer a more powerful search mechanism than
hash-based ID’s.
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to self-organize into such a regular network, some distance-value is needed: if
new nodes can calculate the distance from the position they should be in the
regular structure to any other node they encounter in that network, they can
hop through the network, from node to node, until they arrive at their proper
position, where they can form links to their surrounding neighbors. The same
goes for resource queries: if a node can calculate the distance from its position to
the place in the network where the query can be answered, then it can select its
neighbor closest to that place and forward the query there. This is the strategy
deployed by CAN, Chord, Pastry, P-Grid and Tapestry. But, as discussed before,
they all deploy a regular identifier space and a unique ID per node that has no
semantic correlation to the nature and type of the resources.

The system, here proposed, employs a method to calculate a distance that
does reflect this: all nodes contain an XML description file with all its resources,
be it files, processing power, printing services, domotica device or any other
conceivable resource, and a list of their main interests; the resources they are
likely to request. The distance between two nodes and, thus, between their XML
description is then defined as:

with the set of common XML nodes, where a XML node is defined as
common iff the node and all its ancestors exist in both files. Text and values can
only be contained by leaf nodes and count as an separate node for the purpose of
the distance metric. Attributes are ignored. *, which yields an automatic match,
is allowed for text fields in interest and query XML (see Sections 2.4 and 3).

is the set of non-matching nodes for XML file n.
An example description file of a server offering processing cycles:

This metric is at the same time the novelty, the strength, but also the weakness of
this RD system: it guarantees the construction of a semantic overlay network, but
ill-constructed XML will deteriorate that very construction. As such, semantic
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gossiping [1], which is designed to overcome this type of problems, would be
very useful. Secondly, the above described metric is simple and lean and serves
the purpose of concept-proof well, though a real-life system will require a more
robust metric with more stringent syntax rules and an expanded set of masks
(<, >, !=, etc.). But that is beyond this paper’s scope.

2.2 Companions

The companions of a node are the nodes that offer the most similar resources:
the distance metric, applied on the resource descriptions only, yields the smallest
results. Every node looks for a fixed number of companions (this number defines
the dimensionality of the overlay network) and these companions indicate the
correct position of that node in the network.

When a new node enters the system, the only initialization needed is the
address of an active node of the network. To this initial neighbor, it transmits a
companion request, which contains the requester’s XML description, the highest
distance metric of its current neighbors (the threshold), the addresses of its
current neighbors and a hop limit. A node that receives such a request checks
if it knows any nodes with a lower distance metric result for the requester than
the threshold, that are not in the neighbor list attached to the request. If so, it
replies their addresses to the requester. If the hoplimit has not been reached, the
request is forwarded to all nodes that matched the request, if any. Else a single
message is send to the neighbor with the lowest metric result. If a message is
received for a second time, it is dropped.

The requester listens to answers for a fixed time, after which it selects its new
neighbors from the replies it received. It announces the construction of the new
links to those new neighbors and then repeats the whole cycle by retransmitting
a companion request. Convergence is reached when it receives no answers any
more: its current neighbors are its companions. Because of the link announce-
ments, these companions can update their links to the newcomer. Furthermore,
all nodes periodically restart the convergence cycle, as to cope with changes in
the network’s node composition.

2.3 Small Worlds and Far Links

If all nodes would only locate their companions and solely form links to those,
the result would be network partitioning and, because of the high regularity, a
high network diameter and characteristic path length (see Section 4). This can
be avoided by the use of far links: a fraction of the nodes constructs a link to the
node that yields the worst result for the distance metric. The impact of this on
the network’s regularity is minor, but the network’s diameter decreases signifi-
cantly [3,16]: a small world topology emerges, which combines the best of random
networks (a low diameter) and regular networks (a predictable structure). And
it is an effective prevention against network partitioning. Their construction is
equal to the construction of companion links, but with word ‘lowest’ replaced
by ‘highest’ and vice versa.
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2.4 Resource Providers and Resource Users

The above-described links will result in an overlay network that reflects the
functionality: nodes are clustered by functionality and, as a result, the answers
to queries for comparable resources are to be found in the same region. Next
optimization is to link resource requesters to the regions of their interest. Each
resource requester constructs a number of links (predetermined) to the nodes
whose descriptions match its expressions of interests best. This is realized by
using the same convergence method as described in Section 2.2, but the metric
now compares the XML expressions of interest of the requester to the description
of the resources of the potential recipients of these links.

2.5 Orphans

One problem emerges after above links are formed. If a node deviates from the
bulk of the nodes it resembles, then it might become an orphan, i.e., it does link
to the nodes of its kind, but it is too different for other nodes to refer to it (if
there happens to be no far link or resource user link to it) and thus the node
becomes unreachable. The solution to this is to have each node also link to the
last nodes that announced their link and to which this node has no link already
(announcements are periodically repeated). Experiments show that one such
anti-orphan link per node eliminates the existence of orphans, though a node
can still be temporary unreachable if a new node, in the process of converging to
its proper spot, traverses the network and ‘steals’ anti-orphan links on its way.

3 Resource Queries

A query consists of the address of the requester, the XML file that contains the
query and a hoplimit. A query XML file contains the description of a resource,
possibly with masks. Only fully matching resources (distance metric is zero)
yield a match.

When a node receives a query, then it checks if itself or any of its neighbors
matches the XML file. If so, a query answer is send to the requester. If not and
if the hoplimit is not yet reached, the query is forwarded to the closest matching
neighbor.

4 Results

In order to optimize and evaluate the system, it was simulated on top of an
in-house developed network simulator, for various numbers of nodes. Nodes are
connected in random sequential order to the network with random time slots
between the additions. They are initially connected to a random active node.
After all nodes have been added, the simulation continues for sufficient time to
allow all nodes to converge. Then following metrics are calculated:
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Fig. 1. The average number of hops per queries, characteristic path length, diameter
and clustering for overlay networks with different numbers of companions per node
(ann: the node announced an interest for the query’s class of resources, unann: no
interest was announced). 50% of the nodes form a far link and all nodes construct one
anti-orphan link.

Clustering (C) [16,3]: A node has edges to other nodes. If this
node and its neighbors would be part of a clique, there would be
edges between them (for a directed graph). is the number of edges that
actually exist between these nodes. The clustering coefficient of node is
then: The clustering coefficient of the whole network
is the average of all individual It is an indication of how regular the
network is.

Characteristic path length (L) [16]: The characteristic path length L of
a graph G is the average of the number of edges in the shortest path between
all pairs of vertices. L is lowest for random networks and high for perfect
regular structures. It is a property of small world networks to have a high C
and at the same time a low L, which means that they possess the positive
properties of both regular and random networks.
Diameter (D): The diameter of a graph is equal to the longest shortest
path in the graph.
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Hop average for queries: Every network is tested with a batch of queries
with a size proportional to the number of nodes in the network. These are
divided into two categories: queries from nodes for resources for which they
announced an interest and queries from nodes for resources for which they
did not. The average number of hops a query travels before an answer is
found, evaluates the network’s efficiency.

Figure 3 gives these metrics for networks with 4, 6 and 8 companions per node.
Less than four companions per node results in networks with deficient properties
for larger numbers of nodes. The results show that indeed small world networks
are constructed: the clustering coefficient stays between 0.46 and 0.58, while the
characteristic path length stays as low as 4.12 for 4 companion per node networks
of size 225 and 3.44 for 8 companion per node networks of the same size.

The average number of hops a query travels illustrates the usefulness of an-
nouncing interests. Only three clusters of resources were used for the simulations,
but already a clear profit is made, as can be seen in the larger average number of
hops needed for queries to unannounced resource than for queries to announced
resources. As the diversity of the resources rise, more distinct results can be
expected.

5 Conclusions and Future Work

The use of XML description files and the differences between those, allows for
the construction of small world networks in which nodes with similar files are
clustered together. This can be used for distributed resource discovery systems
that exploit group and time locality: resource users can be linked directly to
regions where the resources of their interest are located. Simulations confirmed
the validity of this concept. Further simulations with larger numbers of nodes
and investigation of the convergence algorithms, used for the positioning of nodes
and for query forwarding, will provide additional information on scalability. The
effects of node and message failures have been studied and are presented in [13].
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