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Preface

Parallel and distributed computing in the 1980s and 1990s had great influence
on application development in science, engineering and business computing. The
improvements in computation and communication capabilities have enabled the
creation of demanding applications in critical domains such as the environment,
health, aerospace, and other areas of science and technology. Similarly, new
classes of applications are enabled by the availability of heterogeneous large-scale
distributed systems which are becoming available nowadays (based on technolo-
gies such as grid and peer-to-peer systems). Parallel computing systems exploit a
large diversity of computer architectures, from supercomputers, shared-memory
or distributed-memory multi processors, to local networks and clusters of per-
sonal computers.

With the recent emergence of multi core architectures, parallel computing is
now set to achieve “mainstream” status. Approaches that have been advocated
by parallel computing researchers in the past are now being utilized in a number
of software libraries and hardware systems that are available for everyday use.
Parallel computing ideas have also come to dominate areas such as multi user
gaming (especially in the development of gaming engines based on “cell” archi-
tectures) – often ignored by many “serious” researchers in the past, but which
now are set to have a growing user base of tens of millions across the world.
In recent years, focus has also shifted to support energy efficiency in compu-
tation, with some researchers proposing a new metric of performance based on
Flops/Watt.

Another topic that has gained significant importance is work within dis-
tributed and wireless sensor networks – which provide the capability of data
capture, along with actuation support in some instances. Grid computing has
dominated much work being undertaken within parallel and distributed sys-
tems in recent years. The ability to group regional and national-scale resources
to create computational infrastructure for grand-challenge problems has now
been demonstrated effectively in Europe, the United States and in China. Grid
computing research continues to play an active part in bringing together com-
putational science and parallel computing communities.

ICA3PP is a premier conference series that brings together researchers and
practitioners from academia, industry and governments around the world to ad-
vance the theories and technologies of parallel and distributed computing. Pre-
vious ICA3PP conferences have been successfully organized in Brisbane (1995),
Singapore (1996), Melbourne (1997, 2005), Hong Kong (2000), and Beijing (2002).

ICA3PP 2007 featured a number of papers that address these themes, and
selected papers for the conference also provide an insight into many emerging
themes that have become important in parallel and distributed systems labora-
tories and groups around the world over recent years.



VI Preface

ICA3PP 2007 was hosted in one of the most beautiful cities in the world, in
Hangzhou – the capital of Zhejiang province in China. Hangzhou is known for
its natural beauty and provides an atmosphere fostering creativity. We believe
the conference in this city will encourage dialogue and interaction between world
leaders in parallel and high-performance computing, and encourage greater col-
laboration between the researchers who attended the conference.

In total, the conference received 176 papers from researchers and practition-
ers from 9 countries. Each paper was reviewed by at least three internationally
renowned referees, and selection was based on originality, significance, correct-
ness, relevance, and clarity of presentation. Some of the papers were subsequently
further reviewed by the Program Chairs to assess quality and relevance. From
the submissions received, 40 papers were selected. All of the selected papers are
included in the proceedings. To encourage and promote the work presented at
ICA3PP 2007, we are delighted to inform the authors that some of the papers
will be accepted in special issues of Parallel Computing, Computer Commu-
nication, Journal of Supercomputing, and IJHPCN. All of these journals have
played a prominent role in promoting the development and use of parallel and
high-performance computing and networking.

We are also delighted to have been able to host well-known international
scholars, Reiner Hartenstein from the Computer Science Department, Kaiser-
slautern University of Technology, Germany, and Hai Zhuge from the Institute
of Computing Technology, Chinese Academic of Science, China, who delivered
the keynote speeches.

We would like to take this opportunity to thank all the authors for their
submissions to the conference. Many of them traveled a considerable distance to
participate in the conference. We also thank the Program Committee members
and additional reviewers for their efforts in reviewing the large number of papers.
Thanks also go to the local conference organizers for their great support.

Last but not least, we would like to express our gratitude to all of the orga-
nizations that supported our efforts to bring the conference to fruition. We are
grateful to Springer for publishing the proceedings this year. Special thanks go
to Wanlei Zhou (from Deakin University, Australia) and Yi Pan (Georgia State
University, USA). Their guidance, hard work and support made ICA3PP 2007
possible. We are also grateful to Michael Hobbs (Deakin University), who served
as Co-chair in 2005 and provided support for this event.

March 2007 Hai Jin
Omer Rana
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RSM-Based Gossip on P2P Network∗ 

Hai Zhuge and Xiang Li 

China Knowledge Grid Research Group, Key Lab of Intelligent Information Processing 
Institute of Computing Technology, Chinese Academy of Sciences, 100080, Beijing, China 

zhuge@ict.ac.cn, xiangli@kg.ict.ac.cn 

Abstract. Classification is a kind of basic semantics that people often use to 
manage versatile contents in daily life. Resource Space Model (RSM) is a 
semantic model for sharing and managing various resources using normalized 
classification semantics. Gossip-based peer-to-peer (P2P) techniques are 
reliable and scalable protocols for information dissemination. Incorporating 
RSM with gossip-based techniques forms a new decentralized resource sharing 
mechanism with the improved performance of unstructured P2P systems. 
Theoretical analysis and experiments validate the feasibility of the mechanism. 
Such incorporation is a way to synergy normalization and autonomy in 
managing decentralized large-scale complex resources. 

1   Introduction 

P2P systems aim at decentralization, scalability, ad-hoc connectivity, reduced cost of 
ownership and anonymity [1]. Unstructured P2P networks allow peers to self-
organize and resources to be randomly placed. Such networks have low maintenance 
cost and are robust against accidental failures. Simulating the propagation of 
contagious diseases, gossip mechanisms have attractive scalability, reliability and 
degradation properties in realizing information dissemination in large networks [2]. 
Every node that receives a message randomly selects a certain number of nodes from 
its neighbors to multicast the message.  They scale well since the load of nodes grows 
logarithmically compared with the number of nodes in the network. The performance 
of the gossip mechanisms can be improved in semantic space by designing 
appropriate mapping from the network into semantic space [12]. Ontology has been 
used to improve structured P2P systems [10]. Classification is a kind of basic 
semantics that people often use to effectively manage versatile contents in daily life.  

A Resource Space Model RSM is a semantic model for effectively sharing and 
managing various Web resources (information, knowledge and services) based on 
normalized classification semantics [11].  Incorporating resource space with gossip 
mechanisms is a way to improve the performance of P2P network. 
                                                           
∗ Keynote at the 7th International Conference on Algorithms and Architectures for Parallel 

Processing (ICA3PP’07).  This work is supported by the National Basic Research Program of 
China (973 Semantic Grid Project, Grant No. 2003CB317001), the International Cooperation 
Program of Ministry of Science and Technology of China (Grant No. 2006DFA11970), and 
the EU 6th Framework Program GREDIA (Grant No. IST-FP6-034363). 



2 H. Zhuge and X. Li 

2   Incorporating RSM with P2P 

An n-dimensional Resource Space represents n kinds of partition on a set of 
resources.  A Resource Space can be mapped onto a partition tree (e.g., Fig. 1(a) can 
be mapped onto Fig. 1(b)). The classification semantics of a partition tree can be used 
to improve the performance of a P2P system because a peer could get the satisfied 
answer with high probability by interacting more frequently with the peers of the 
same community sharing common interests. Peers also need to communicate with 
peers of other communities. 

Year

2006

Paper

Area

Journal paper

2005

IRDatabase

Conf. paper

        
(a)  (b) 

Fig. 1. (a) A 3-dimensional resource space. (b) The partition tree corresponding to Fig. 1 (a). 

Each leaf corresponds to peers in the same category. The tree is a rather stable 
commonsense, and the whole system could use only a part of it.  The communities in 
leaves of the partition could change with joining and departing of peers. 

As shown in Fig. 2, peers can be classified into communities corresponding to the 
leaves of the semantic partition tree. Each peer maintains neighbors in a hierarchical 
structure. The number of layers of the hierarchical structure a peer maintains depends 
on the depth the peer lies in the partition tree. Taking a peer p in the bottom-left 
community of the partition tree for example, it should maintain four layers of its 
neighbors, denoted as View(i) where 0≤i≤3. View(i) is a set/list containing the 
neighbors’ information (address etc.) that shares the nearest common ancestor at ith 
level with p. p’s View(3) maintains the information of some peers within the same 
community, while p’s View(2) maintains the information of its neighbors having the 
nearest common ancestor at level 2, and so on. 

When a peer sends a query, it will make a decision on which level(s) in its view 
should be selected to forward the query (category of the level are relevant to the 
query). Then, neighbor(s) at that level will be selected to forward the query. When a 
query reaches a community, a gossip-based mechanism will be adopted to 
disseminate the message. The peer that receives and could answer the query sends 
back the corresponding resources. 
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View(0)
View(1)
View(2)
View(3)

Universal 
Resource

Category11 Category12 Category1i...

Category24 Category2j+1Category23Category22Category21 Category2j...

... Category3k+1Category3k ...

...

...

......

Level 0

Level 2

Level 1

Level 3

MappingRSM

P2P

...

...

...

p

 

Fig. 2. Incorporating one resource space with a P2P network 

3   The Construction Mechanism 

It is reasonable to assume that all peers share a consistent knowledge of partition. A 
partition hierarchy could be known by informing the newly joined peer of the 
partition ontology. 

The similarity between the peer and the category is measured by cosθ= 
A•B/(||A||•||B||), where A and B are term vectors of the new peer and the category 
respectively [3]. The category with the maximum similarity value is chosen as the 
category that the joined peer belongs to. 

The static partition of the resource space can bring important advantage to P2P 
systems. When a new peer joins, it just needs to contact one peer which will feed back 
the partition information on the resource space. Using the partition information, the 
peer determines which category it belongs to.  If some resource indices included in 
the peer belong to the other categories, the indices are reissued to other peers that are 
in charge of those resource categories. Using the information the first-contacted peer 
provided, the peer contacts the peers in the categories it belongs to and update its 
neighbors’ information. 

In the partition tree, the universe resource is assigned Level0. Then, the universe 
space is first divided into a set of categories (in Fig. 1(b), it consists of Journal paper 
and Conf. paper), which constitute Level1. The categories in Level1 are further 
partitioned into categories constituting Level2, and so forth. Along with the peers 
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joining the system, the leaf categories produced in the aforementioned mechanism can 
be further partitioned dynamically into different levels. The dynamic partition of 
leaves can be realized through a group size limit gl.  When the size exceeds the limit, 
the group is partitioned into two parts with size ⎣ ⎦2/gl  and ⎡ ⎤2/gl  respectively.  

The dynamic partition of the space works well with the skewed data distribution 
such as power-law distribution found in many circumstance.  Meanwhile, the static 
characteristics of the resource space partition improve the scalability of P2P system 
that peers join and depart autonomously and frequently, and reduce the cost of update 
when peers join or depart. 

The disseminated message contains the content and some assistant information: 
(1) the type of the message, which could be join, leave, issuing, or query; (2) time to 
live (TTL) of the message, which is used in join, issuing and query messages; and, (3) 
a list of identifiers of the peers that have received the message. 

The following are definitions used for easier discussion: 

(1) fanout ⎯ the number of neighbors one peer selects to disseminate when it 
receives a message; 

(2) TTL (Time To Live) ⎯ the iterative rounds for a message to disseminate; 
(3) outView(i) ⎯ the neighbors that peer i can send messages to; and, 
(4) inView(i) ⎯ the neighbors that peer i can receive messages from. 

3.1   Resource Issuing Process 

When a resource index is issued by one peer, the peer r first decides the category the 
resource belongs to by utilizing the partition information of the resource space.  A 
limit l restricting the whole steps of the process should be set.  Along with each hop 
the message has transferred, l will be reduced by one. Then the peer forms an issuing 
message which includes the resource index, and sends the message to one of the peers 
in that category through its level views.  When a peer receives the message, it first 
decides whether to add the index to its maintaining repository in consideration of its 
capacity.  If the capacity will exceed its upper limit, then it randomly selects one 
neighbor from its proper level view and disseminates the issuing message. The issuing 
process will proceed until the resource index is accepted or l reaches zero.  When l is 
zero, peer r also joins the community to manage the resources. 

3.2   Peer Join Process  

When one peer is going to join the system, it first connects to one of the contacted 
peers.  With the information of the resource space fed back from the contacted peer, 
the newly joined peer decides its category with reference to the categories of its major 
resources.  If there is more than one community in the category, the contacted peer 
randomly chooses a community.  Then, the contacted peer forms a join message 
including the joining peer’s information, and forwards the message to one of the peers 
in that community utilizing its level views. 

During the process, a limit sl restricting the whole steps of dissemination should be 
set.  Along with each hop the message transferred, sl will be reduced by one. When 
the peer receives the message, it first decides whether to add the peer to its view with 
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reference to its view size.  If this causes the overflow of the view size, it will forward 
the join message to one randomly selected neighbor in the community until the peer is 
accepted or sl is zero. If the joining peer is still not accepted by one peer when sl 
reaches zero, the community is regarded as full and a new community should be 
created in the same resource space position as the full community. The joining peer 
forms its level views by exchanging information with peers in the same category. 

The newly joined peer maintains the index information of its major resources and 
issues the resource indices not belonging to its resource space position to the system 
adopting the aforementioned resource issuing mechanism. 

To further break the existing community into approximately equal size, a simple 
mechanism could be adopted: peers initiate a random interaction when they have not 
decided which community they belong to.  If the contacted peer is undecided also, the 
two peers make choice for different communities.  Otherwise, the peer chooses the 
different community from the contacted peer. 

3.3   Peer Departure Process  

When peer r wants to depart the system, the following method is used to keep the 
peers in r’s inView and those in its outView connected.  For each peer (take peer s for 
example) in its outView, peer r selects one of the peer ID (q for example) from its 
inView randomly, then forms a failure message including q and forwards it to s. When 
s receives the message, it will substitute r’s ID(r) with q in its inView, then forwards a 
message with r and q.  When q receives the message, it will update r with q in its 
outView.  So the withdrawal behavior of a pivot peer will not lead to the partition of 
the whole network. 

When a peer crashes without notifying other peers, the peers can detect this 
situation by interchanging their states periodically [8]. After a certain period elapsed, 
if no response is returned from one of its neighbors, the peer deems it as being 
crashed and removes it from corresponding view. 

If one existing community is small, it is necessary to merge communities in the 
same parent category: If a community p wants to hand off its index, it should find its 
siblings first.  If the siblings of the community p are also leaves of the partition tree 
and the number of its siblings is one (q, for example), then simply coalesce p and q, 
make their direct parent a leaf, and assign community q to that leaf.  In this way, the 
indices of p and q merge into a single index that is assigned to community q.  If the 
number of its siblings is larger than one, then pick up one leaf that has the least load 
and hand off the index to the picked community. 

If the siblings of the community p are not the leaves of the partition tree, perform 
the depth-first search in the sub-tree of the partition tree rooted at one of its siblings 
such as q until the leaves of the sub-tree are reached. Merge the two communities r 
and p into one. 

3.4   Query Processing Process 

When sending a query, the peer first compares the query with its index on resources, 
and then adopts different mechanisms to gossip queries making use of neighbor lists 
at different levels.  In most applications, the resources a peer possesses reflect its 
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interests, and the queries from the peer would be similar to its interests with high 
probability.  In this situation, the query could be answered in the community the 
query-initiator belongs to, and only the neighbor list at the lowest level is needed for 
the query processing.  While the query fits perfectly with other level, it will be routed 
to that appropriate category, and a gossip process initiates there. When the query 
corresponds to more than one level, then a certain number of gossip processes take 
place in parallel in the corresponding categories.  The top-k correlative categories can 
be selected to make trade-off between the whole network cost and the acceptable 
results. 

Haming distance is a suitable distance measure for multidimensional non-ordered 
discrete data space [7], which can be regarded as the correlative metric between query 
and the categories.  Hamming distance dist(a1, a2) between vectors a1 and a2 in an 
discrete data space is the number of dimensions on which the corresponding 
components of a1 and a2 are different.  The distance between a vector a=(a1, a2, …, 
ad) and a discrete rectangle S=S1*S2*…*Sd can be defined as: 

            dist(a, S) = ∑ =

d

i ii Saf
1

),( , where f(ai, Si) = 
⎩
⎨
⎧
1

0  
otherwise

Sa ii ∈ . 

4    Performance Analysis 

4.1   Reliability 

Suppose the number of peers in the system is n, and the resource space partitions the 
peers into m categories.  For the purpose of simplicity, group members are assumed to 
be evenly distributed, that is, the sizes of categories are equal to n/m approximately.  
And, the assumption will be relaxed in the experiments.  We use the following 
notations for further discussion. 

(1) s⎯the source peer of one message; 
(2) ε⎯the probability of message loss during the gossip process. 
(3) τ⎯the probability of a peer crash during the gossip process. 
(4) A⎯the event that there is a directed path from s to all peers in the category s 

belongs to. 
(5) B⎯the event that there is at least one link directed from s to other categories. 
(6) P(C) ⎯the probability that the event C happens. 

Gossip style protocols are reliable in a probabilistic sense.  By adopting the 
analysis in [4], the probability of a given peer receiving the disseminated message 
will be 1−(1/nfanout)(1 + o(1)). And if the message loss is considered, the probability 
will be 1−(1/n(1−ε) fanout)(1+o(1)). 

We can disseminate the message in three different mechanisms: 

(1) Using the partition tree, the original source peer could make a decision and pick 
up one level in its views.  Thereafter one peer in the view at this level is 
randomly selected, and a gossip process is initiated with the selected peer being 
the source.  In this precondition: P(every peer in the selected category will 
receive the message)= P(A)·P(B)= (1−(1/(n/m)(1−ε) fanout)(1+o(1)))·(1-ε)·(1-τ).  
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Applications could make the messages communicate reliably through 
protocols like TCP, and in this way, ε would approach zero.  In addition, n, being 
a large number in P2P systems, leads the protocol to be reliable. 

(2) The original source peer randomly selects one peer from each of its views, and 
disseminates the message to them, (the number of levels will be m at most).  The 
selected peers launch the gossip process in its group in parallel.  And under the 
condition: P(every peer in the system will receive the message)= Pm(A)·P(B)= 
(1−(1/(n/m)(1−ε) fanout)(1+o(1)))m ·(1-ε)·(1-τ). 

In the selecting process, if sending message to the selected peer is failed, 
another peer could be selected randomly in the view at the same level.  In this 
way, the bad influence of m in the previous equation will be further reduced to 
guarantee the reliability of the mechanism. 

(3) The original source peer selects peers in different level view with different 
probabilities.  And then the selected peers will receive the message and 
disseminate it in their communities. Therefore, P(every peer in the selected 
communities will receive the message) = Pl(A)·P(B), where l is the number of 
communities being selected and 1 ≤ l ≤ m.  Consequently, Pm(A)·P(B) ≤ 
Pl(A)·P(B) ≤ P(A)·P(B), and the gossip process adopting the mechanism will be 
reliable. 

4.2   Hop Count Expectation 

With reference to [6], the total rounds TTL(n, fanout) in the gossip-style system, 
necessary to infect an entire group of size n obeys: TTL(n, fanout) = 
logn•(1/fanout+1/log(fanout)) + c + o(1), where c is a constant. There exists a tradeoff 
between fanout and TTL in the network of n peers.  Therefore in our systems, all peers 
are partitioned into different categories by one resource space.  Assume the sizes of 
categories are equal approximately, i.e., n / m, the round of message dissemination in 
the sub-partitions will be: TTL(n / m, fanout).  Considering the category selecting 
process, the hop count of message dissemination in the whole system will be: TTL1(n, 
fanout) = 1 + TTL(n / m, fanout)= log(n/m)•(1/fanout+1/log(fanout)) + c1 + o(1), 
where c1 is a constant. 

5   Experimental Evaluation 

Experiments are carried out on the topologies using flat gossip mechanism and using 
our semantic partitioning mechanisms.  The experiments are carried out on two kinds 
of directed networks of 1000 nodes: random networks and random power-law 
networks.  Each experiment with different parameters (fanout and TTL) is repeated 
100 times on each network we generated, and the initial node is randomly selected for 
each time.  The average value of these 100 results is used to illustrate the feasibility. 

Considering the graph of n nodes where the edge between each pair of nodes is 
present with probability [log(n) + c + o(1)] / n.  In the prerequisite, the probability that 
the graph is connected goes to exp(- exp(- c)), where c is a constant.  And the target 
could be reached by defining the appropriate View sizes of nodes.  For the networks 
constructed this way, there is a sharp threshold in the required fanout at log (n) [4].  
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Therefore, the gossip systems with size n will have promising effect when the fanout 
value is set to be around log (n). Two performance metrics are: (1) comparisons 
between average network load, and (2) the number of nodes that do not receive the 
message using different mechanisms. 

5.1   Random Networks 

Experiments are done on the directed graphs with 1000 nodes. An epidemic algorithm 
must make a tradeoff between scalability and reliability: larger views reduce the 
probability that nodes are isolated or that the network is partitioned, while smaller 
views help the network obtain better scalability. For the random networks, the number 
of neighbors of each node at lowest level is 10 in our experiments on average. And 
the view sizes of other levels are rather smaller, in the simulation, it is 2. The 
community size is 100 in the experiment. 

5.2   Random Power-Law Networks 

Many large networks like the hyperlink network follow the power law distribution of 
node degrees [5].  The degree distribution is τ−= Akpk

, where ∑ =
−− = max

2

1 k

k
kA τ , k is 

the degree, kmax is the maximum degree, and 0>τ is the exponent of the distribution 
[9].  Researches have shown that only when the virus accumulates to certain critical 
threshold, it will be prevalent.  And, when the virus is working on the networks that 
follow the power-law distributions, the critical threshold does not exist.  The virus 
does not need to accumulate to certain limitation, and it could propagate quickly 
through hubs of the network. 

The reason of considering power-law networks is that some unstructured P2P 
networks are characterized by random power-law and heavy tailed degree 
distributions.  To keep the nodes connected, we adjust degree from 15 to 100 
following the aforementioned distribution with τ = 2.0 in constructing random power 
law networks.  For each link, the start node and the end node are selected randomly, 
and as a result, the random power-law graph is constructed with average 14 neighbors 
in the lowest level.  The view sizes of other levels are rather smaller, and its size is 2. 
The community size is 100 in the experiment 

The simulation results from gossip networks without considering semantic 
partitions are denoted as FlatGossip, while the results making use of semantic 
partitions are denoted as RSMGossip.  In the partition-based gossip mechanisms, 
different number of gossip levels could be chosen according to the comparison 
between the query and the category the query initiating peer is in.  If the query strictly 
belongs to one category, then routing the query to other categories will not bring any 
benefit.  And in this situation, the results are denoted by RSMGossip1.  When the 
query corresponds to several categories, it should be routed to all the categories to 
obtain the complete results.  For example, the query is going to be answered in 3 or 5 
categories, and the results are denoted by RSMGossip3 and RSMGossip5. 
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Fig. 3. Comparisons of the network load among different mechanisms in the 1000 node net-
works. (a). fanout = 2. (b). fanout = 3. (c). fanout = 4. 

Both on the random networks and the random power-law networks, if the networks 
have the equal size and the gossip mechanisms have the same parameters (fanout and 
TTL), the network load will be the same.  Fig. 3 shows average network load 
according to different parameters.  The horizontal axis denotes the parameter TTL, 
and the vertical axis denotes the average network load during 100 times operation.  As 
Fig. 3(a) presents, we set the fanout value as 2 uniformly and range TTL from 5 to 10.  
Fig. 3(b) and Fig. 3(c) are obtained in the similar way by using different parameters’ 
values.  We can see from the figures that the network loads are reduced sharply when 
adopting the partition-based gossip mechanisms.  Taking fanout = 3 for example, 
when TTL approaches 8, about 88.9%, 66.7% and 44.5% network loads are reduced 
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by RSMGossip1, RSMGossip3 and RSMGossip5 respectively comparing to the flat 
gossip mechanism, which justifies our approaches. 
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Fig. 4. Comparisons of the number of nodes that do not receive messages in the 1000-node 
randomly connected networks. (a). fanout = 2. (b). fanout = 3. (c). fanout = 4. 

During message dissemination, the number of nodes that do not receive the 
disseminated messages is an important issue we concern. Compared with the previous 
algorithms, the number of nodes that do not receive messages decreases evidently 
after adopting the proposed mechanisms as presented in Fig. 4. Taking fanout = 3 for 
example, when TTL approaches 6, about 36.44, 109.32 and 182.2 number of nodes, 
which should receive the disseminated message, has not received it when making use 
of RSMGossip1, RSMGossip3 and RSMGossip5 mechanisms separately.  Meanwhile 
it is 416.57 for the flat gossip mechanism.  Though it is partly because the range is 
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decreased for the partition-based mechanism, the performance is improved 
considerably, which justifies the rationale of the semantic partitioning mechanism. 
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Fig. 5. Comparisons of the number of nodes that do not receive messages in the 1000-node 
random power-law networks. (a). fanout = 2. (b). fanout = 3. (c). fanout = 4. 

For the random power-law networks, the results about the number of nodes that do 
not receive messages are presented in Fig. 5. We can see the similar phenomena as 
those done on the random networks: the number of nodes that do not receive 
messages is also reduced sharply comparing with the partition-based gossip 
mechanisms to the flat gossip.  Taking fanout = 3 for example, when TTL approaches 
6, averagely about 35.77, 107.31 and 178.85 number of nodes do not receive the 
disseminated message when making use of RSMGossip1, RSMGossip3 and 
RSMGossip5 mechanisms respectively.  Meanwhile for the flat gossip mechanism it is 
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455.13.  The results are better than those on the random networks for the partition-
based mechanisms, while the flat gossip mechanism performs worse on the random 
power-law networks than that on the random networks, which also declares the 
necessary of our approaches. 

6   Conclusion 

Incorporating the classification semantics with the gossip mechanisms can improve 
the performance of P2P network.  The RSM-based gossip on P2P network owns the 
advantages of both RSM and P2P, and can synergy the normalization and autonomy 
in decentralized resource management. RSM’s normalization theory, integrity theory 
and operation language can support semantic-rich applications over P2P networks.  
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Abstract. Ubiquitous communications require wireless networking and 
infrastructure network support. The first step is to look at how the different 
available technologies will integrate and work with each other. One of the next 
steps is to seek solutions for connecting “ubiquitous devices” to such “integrated 
and heterogeneous networks”. These two steps together form the evolutionary 
approach towards ubiquitous communications. This paper introduces our 
currently implemented ubiquitous transmission system for “ubiquitous 
devices/terminals/handset”, called AnyServer with Intelligent Multi-mode Nodes 
(IMN) for 3G/GSM/WiFi/Internet. AnyServer is an intelligent platform to 
provide the IMNs with smooth QoS connections/ communications, synchronization 
and roaming over the heterogeneous networks which is open, scalable, and 
complaint with IEEE/IETF standards. AnyServr enables IMNs to setup/maintain 
the real-time video/audio connections among the networks, facing the mobility in 
the heterogeneous networks.  

Keywords: Ubiquitous Real-Time Multimedia Communication System, 
Heterogeneous VoIP. 

1   Introduction 

Ubiquitous communication will be one of the paradigms for the next decades to 
harness various networks to connect/integrate with each other. Platform for ubiquitous 
communication is a hot topic commonly used by network designers, developers and 
vender to depict their vision of future communications networks and platform. The 
ubiquitous communication is a multidisciplinary research and development. Any 
Server is intended to enable the heterogeneous networks to be integrated for the real-
time multimedia communications such as video calls or conference. Compared with 
the pure Internet, there are several obstacles that make end-to-end wired and wireless 
multimedia transmission difficult to achieve: 

(1) Low capability and limited resource of terminals: Wireless terminals typically 
have a small display supporting quite slow processor and limited size of memory etc. 
However, the multimedia applications usually require high graphic processing 
capability, large size of memory space and also a big screen to display videos. 
Obviously, wireless terminals can only support limited multimedia applications. 
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(2) Diversity of networks and terminals interoperability: Network can apply 
various transmission protocol and media codec standards. Wireless terminals often 
support only a limited set of data formats due to their low capability and limited 
resource. When two different wireless terminals communicate with each other, their 
supported data formats may not be compatible and the communication cannot 
succeed. Even if some data from one terminal could be converted into the format 
supported by the receiver, such conversion often costs much and is not practical or 
acceptable to resource-limited wireless terminals.  

(3) Low bandwidth of wireless networks: Wireless devices may use different 
transcoding across telecommunication such as 3G/GSM and wireless networks such 
as WiFi. On the other hand, they are usually of low capabilities, multimedia streams 
created by wireless devices can not be compressed much and need high bit rate for 
real-time transmission. Therefore, it is challenge to develop some real-time 
multimedia communication applications such as audiovisual conversation and 
videoconferencing. 

(4) Fluctuated bandwidth and block of wireless connections: Multimedia data 
transmission, especially real-time transmission, requires steady high bit rate and is 
intolerant of package delay. On the contrary, wireless networks have fluctuated 
bandwidth and high probability of traffic congestion. Usually, the transmission time 
of multimedia data in a session is quite long, but the blackout of wireless connection 
may cause frequent reconnection and data retransmission. 

The AnyServer architecture is shown in Fig. 1. To our best knowledge, there is no 
similar system as that of AnyServer which can integrate 3G-WiFi-GSM and Internet 
for real-time multimedia transmissions.  

WiFi User

PC User

3G Network

3G User

GSM Network

GSM User

PSTN Network

PSTN User

Internet

Intranet

Intranet
PDA User

PC UserWiFi UserPDA User Handheld User

Call ServerDB Server Bill Server

3G/IP Gateway

GSM/IP Gateway

PSTN/IP Gateway  

Fig. 1. AnyServer platform architecture 
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AnyServer has provided various types of services to many kinds of client devices 
using SIP with the following objectives: 

•    To ensure the data can be delivered smoothly between Internet and mobile telecom 
networks. 
•   To provide integration for both Internet network and mobile telecom network, so 
that the heterogeneous mobile devices can interoperate with seamless communication 
and content can be displayed uniformly in devices of receivers. 
•    To serve as a service broker and provider to provide sets of services and common 
interfaces to clients on behalf of third party service providers through different 
network connection protocols. Detailed implementation includes the following tasks 

The paper is structured as follows: Section 2 presents the 3G-324M multimedia 
transmission protocols stack and its design and implementation for mobile wireless 
video/audio communications. We intend to make the IMNs be interconnected and to 
support video/audio transmission through 3G and WiFi (WLAN) infrastructures. 
Section 3 discusses the session initiation protocol (SIP) based multi-mode soft-
switching package for 3G and internet transmission: Implementation of the multi-
mode transmissions for circuit switching and packet switching protocols based on SIP 
sessions. Section 4 illustrates the Soft-Switching package for server and networking 
functions. The functions will be implemented through Call Server, Media gateway, 
Signaling gateway, and Home/Visitor Location Registration (HLR/VLR) servers. 
Adaptive Soft-Switching Package to support IMNs routing and roaming in the 
heterogeneous 3G/GSM/WiFi/Internet are given in Section 5. Related works are 
discussed in Section 6 and we conclude in the final section. 

2   3G-324M Multimedia Transmission Protocols Stack 

3G-324M is a standard made by ITU-T for low bit rate multimedia communication 
for packet-switching, while H.245 and H.223 are two main parts under 3G-324M and 
have given specific descriptions about the procedures of message transformation and 
data transmission multiplexing. Thus 3G-324M is an “umbrella standard” in respect 
with other standards which specify mandatory and optional video and audio codecs, 
the messages to be used for call set-up, control and tear-down (H.245) and the way 
that audio, video, control and other data are multiplexed and demultiplexed (H.223). 
3G-324M terminals offering audio communication will support G.731.1 audio codec. 
Video communication offered in 3G-324M terminals will support H.263 and H.261 
video codecs. 3G-324M terminals offering multimedia data conferencing should also 
support T.120 protocol. In addition, other video and audio codecs and data protocols 
can optionally be used via negotiation through exchange of the H.245 control 
messages.  

The section focuses on the efficient re-design and implementation of complete 3G-
324M protocol stack, including multiplexing protocols H.245 and H.223, ARM and 
H.263 for mobile wireless video communication. Our implementations aim to support 
the video call with the capability of transmitting/receiving video/audio streams 
simultaneously. The 3G-324M protocol stack is shown in Fig. 2. 
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Fig. 2. 3G-324M protocol stack 

2.1   3G-324 M Protocol Stack Implementation  

The 3G-324M protocol stack is optimized through event-driven approach, single-step 
direct message transformation and multiplex table serialization. We first illustrate the 
overall operations of 3G-324M protocol and then discuss our approaches in dealing 
with message transformation in H.245 and data transmission multiplexing in H.223. 

In 3G-324M implementation, the performance and quality of service are critical to 
the success of execution of entire system. Specifically, we implemented (1) Event-
driven approach for the overall information exchange in facing hundreds of messages/ 
states; (2) Single-step direct message transformation for the optimization of tree-
structured message processing; and (3) Serialization of nested multiplex table entries 
in multiplexing processing. Our implementation of 3G-324M has been tested in a 
realistic heterogeneous 3G/WIFi communication environment for transmission of 
real-time video, audio and data. The major components of 3G-324M protocol stack, 
including H.245 and H.223 were implemented as the classes. 324M class performs the 
negotiation about video/audio settings etc., with the remote terminal through H.245 
class, and handles the video/audio data exchange through H.223 class. The H.223 and 
H.245 classes also keep a pointer to each other so that the H.245 class can send or 
receive control messages through H.223. The H.223 can then retrieve the parameters 
about various settings from H.245 and the implementations of H.245 and H.223 are 
detailed as follows: 

H.245 defines a general message type MultimediaSystemControlMessage (MSCM) 
and four major types of special messages in MSCM as request, response, command 
and indication. A request message incurs a specific action and requires an immediate 
response. A response message responds to a request message and a command 
message requires an action but no explicit response. An indication message contains 
information that does not require action or response. Messages with various types are 
transformed into MSCM format for uniform processing.  

In H.245, Signaling Entity (SE object) is referred to as a procedure that is 
responsible for special functions in reacting events such as incoming streams of audio 
and video. It is designed as a state machine and changes the current state upon 
reaction to an event. With the SE class design, H.245 object hierarchy is packaged in 
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the H245 class. It has a member variable of H245_MESSAGE which provides 
message definitions and operations. Member variable (X691) will be used for PER 
encoding/decoding and nine variables derived from H245_SE, each stands for one 
signaling entity in H.245. There is also a pointer referring to upper layer protocol of 
H.324 stack. 

H.223 provides the sending/receiving interface for 3G-324M. In the point-to-point 
conversations, H.223 objects invoke the send/receive functions and buffer incoming 
data for multiplexing/demultiplexing and sending/receiving of video/audio. Our 
implementation will focus on H.223 efficiency with (de)multiplexing and multi-
thread handling mechanisms. 

Multiplex table processing--According to H.223 standard, there should be four 
different kinds of streams from the upper layer: (1) the control information between 
two IMNs via H.245; (2) information from data applications for real-time audio-
graphics conferencing; (3) audio stream encoded by audio codecs defined in 3G-
324M, such as Adaptive Multi-Rate (AMR) codec; (4) video stream encoded by video 
codecs defined in 3G-324M, such as H.263 and MPEG-2. Every information stream is 
identified as a logical channel with a unique Logical Channel Number (LCN). The 
multiplex table entry specifying a LCN and the corresponding data length will 
describe how a data packet is multiplexed. The data structure of multiplex table entry, 
called multiplex descriptor, takes the form of an element list. Each element in the list 
represents a slot of data from a specific information source. The multiplex descriptor 
uses a nested form for complicated multiplex patterns which may introduce the 
performance penalty. We consider that each element in the element list can be 
extended to a sub-element-list, which also contains other elements. Thus, when the 
structure is complicated with many sub-lists in the descriptor, the processing overhead 
may be high as recursive function calls have to handle the nested lists, this may result 
in low processing performance. To tackle with the problem, we applied a serialization 
approach to process the multiplex table, which will transform the ‘nested’ structure of 
a multiplex descriptor by flattening it into serialized linear lists. Using these serialized 
linear lists can save much processing time during the multiplexing process and 
introduces less overhead for the modification of the multiplex descriptors. 

Multiple send/receiving--We applied the decomposition approach to the original 
H.223 design by dividing H.223 class into two separate parts: H223_Sender assumes 
the responsibilities of multiplexing and sending the outcoming streams; meanwhile, 
H223_Receiver handles the task of receiving the incoming streams and performs the 
demultiplexing for the incoming media streams. Both H223_Sender and 
H223_Receiver provide convenient sending or receiving interfaces. In order to handle 
the multiple media streams in a multi-point conference, a new MultiH223 class will 
be implemented to keep two separate linked lists as H223_Senders and 
H223_Receivers. Thus a real-time multipoint conference may be extended with the 
function to allocate/release the resources [29]. 

2.2   WiFi and 3G-324M Transmission Protocol 

Our implementations use both WiFi infrastructure and ad-hoc modes for the 
connections of IMNs and AnyServer. In the ad-hoc mode, through the MAC layer of 
WiFi, the ad-hoc mode comprises a group of IMNs communicating with the same 
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transmission range. Scheduling of transmission is the responsibility of MAC layer. 
The key factor of implementation of WiFi and 3G-324M transmission lays in the 
transcoding between 3G circuit switching and WiFi packet switching. We have 
applied the following protocol to handle such transmissions: 

1. AnyServer collects the encoded data in chunks, e.g., every 20 msec in a chunk.  
2. Both video/audio chunks along with RTP protocol header form a packet, which 

is encapsulated into a UDP segment. 
3. RTP header indicates type of audio encoding in each packet sender can change 

encoding during a call session.  
4. RTP header also contains sequence numbers and timestamps. 

However, RTP does not provide any mechanism to ensure timely delivery of data 
or provide other quality of service guarantees. RTP encapsulation can be seen at the 
IMN node and not seen by the intermediate node. Any intermediate node providing 
the best-effort service does not make any special effort to ensure that RTP packets 
arrive at the destination in a timely matter. We have incorporated with RTCP/H.245 
for the QoS control for the transmission of multimedia packets. 

3   SIP based Multi-mode Soft-Switching Package 

This section discusses the implementation of the multi-mode transmissions into 
AnyServer (through Media-gateway) including circuit switching and packet switching 
protocols between Session Initiation Protocol (SIP) and 3G-324M. SIP is an 
application layer signaling protocol which is used for managing multimedia sessions 
among different parties. Recently, Voice over IP community has adopted SIP as its 
protocol of choice for signaling. SIP is an RFC standard (RFC 3261), the body 
responsible for administering and developing the mechanisms that comprise the 
Internet. SIP is still evolving and being extended as technology matures and SIP 
products are socialized in the marketplace. Little work is done to enable end-to-end 
QoS multimedia transmission of heterogeneous wired and wireless networks using 
SIP.  

In SIP, a session can be a simple two-way telephone call or collaborative 
multimedia conference sessions. The ability to establish these sessions means that a 
host of innovative services become possible for IP Centrex services such as video 
conferencing. SIP is an application layer signaling protocol standardized by IETF 
(Internet Engineering Task Force), which is used for managing multimedia sessions 
among different parties. The principle role of SIP is to set up sessions or associations 
between two or more IMNs. SIP does not transport data. On the other hand, sessions 
initiated with SIP can be used to exchange the various types of media data using 
appropriate protocols such as RTP, RSTP and so on. It can carry out bi-directional 
authentication and capability negotiation. SIP is simple and extensible. It accepts 
complementary information inserted as SIP payload for other applications. Currently, 
SIP is able to set up a call carrying the information of detailed multimedia session 
using protocols as Session Description Protocol (SDP). The implementations of SIP 
are described following based on AnyServer architecture.  
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3.1   SIP Based Transmission Selection Protocol 

We have implemented novel adaptive protocol for selecting the most suitable 
communication protocol for IMN devices adaptively during connection without any 
interruption and disconnection. Besides, the protocols are required for call setup 
signaling and collecting the information of all communication parties required in 
protocol selection process. SIP is a control protocol for establishing media sessions. 
The addresses for the sessions to be established are carried in the body of the 
application layer message. It has two types of messages: request and response. SIP 
messages carry the descriptions of media sessions in their payload/header using SDP. 
Some additional mechanism is needed for payload modification.  

To achieve SIP based end-to-end multimedia transmissions, SIP is not only used 
for call setup signaling, but also carries information for session making in adaptive 
protocol selection mechanism. SIP carries an SDP packet describing an audio or video 
session, indicating supported communication protocols, end terminals capabilities, 
QoS requirements of applications and session ID which is used for user identification 
of multi-parties communications in video-conferencing. Based on soft-switching to be 
described in next section, AnyServer can adapt the best suitable protocol intelligently 
in a connection. Data buffering service is also provided such that the media data flows 
must transmit between IMNs at their best acceptable QoS level without any interrupt-
tion and disconnection, regardless the types of devices, platforms and protocols. 

3.2   Agent-Based Connection Protocol 

SIP based end-to-end multimedia transmission system can integrate IP tele-
communication and wireless networks and provide applications such as video 
conferencing. Four main parts of SIP, called User Agent in client device, SIP Proxy 
Server, Database Server and Agent Server, enable the heterogeneous wireless devices 
to communicate with each other through Internet access services. We here only 
discuss User Agent and Agent Server.  

User agent (UA) is a protocol stack working on terminals and helps terminals to 
communicate with servers. It provides services to the upper-layer protocols and 
applications through collecting device profile, sending them to the server and 
converting user’s commands and application signaling into formats that can be read 
by servers and also translates server response for applications. UA is also responsible 
for the communication control, data transmission among terminals and servers, and 
user profile management. User profile maintained by and stored in the center server 
can be accessed and edited by owners through user agent. Instead of creating a new 
kind of description language, we also applied XML for representing user profiles, as 
well as the device profile. Device profile is used to describe the technical 
specifications and capabilities of the device such as multimedia processing and 
network transmission capability. Device profile must be in a universal format so that 
the servers are able to recognize all kinds of devices and provide appropriate services 
to them. As user profile, device profile is also given as an XML formatted file listing  
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device specifications and capabilities. In user agents, communication control using 
SIP covers session initialization, sending device profile, exchange of control and 
indication information. It enables terminals to communicate with servers. Database 
server stores the information of all SIP proxy servers and provides services similar to 
DNS. On the other hand, Agent server provides many categories of services to 
terminals. Its data buffering service prevents transmitters from retransferring the lost 
data due to network congestion or disconnection. Its data transcoding service helps 
the heterogeneous IMNs to communicate with each other seamlessly and efficiently. 

4   Integrated Network Routing, Roaming and Mobility 

WiFi becomes popular for the wireless networks and the applications of WiFi for easy 
and cheaper communications which has been widely deployed. Since many 3G users 
will site in the office, to use WiFi for the communication can be promising. We 
believe that in the near future, roaming in 3G and WiFi/Internet could be the major 
bottleneck for the VoIP applications. Our focus is on the platform design and 
implementations for end-to-end communications between the terminals and to map 
SS7 to SLR correctly through Call Server so that the call of WiFi terminals can be 
smoothly transferred to 3G transmissions. To support soft-switching between packet 
and circuit switching among 3G/GSM/WiFi networks for routing and mobility, the 
protocols outlined below (for details, refer to www.anysrver.org) are currently under 
the development: 
 

1. Multi-mode of 3G & GSM & WiFi for wireless Access: In 3G mode, the 
IMN acts as exactly a 3G IMN set, with standard 3G TDMA air interfaces 
support. In GSM mode, IMN acts as a GSM IMN set exactly, with standard 
GSM TDMA air interfaces whereas in the WiFi mode, the IMN acts as a SIP 
UA (or a SIP soft IMN). 

2. IMNs WiFi network calls 3G IMN: When an IMN in WiFi calls a 3G IMN, 
it must check the called network type and then select the corresponding 
multimedia transmission protocols and then the call can be set up. 

3. IMNs for WiFi and GSM: The communications between WiFi and GSM are 
similar to that between 3G and WiFi. Our implementation allows the both 
IMNs to negotiate the same codes (such as H.263/MPEG-4 for video codec) 
during the multimedia transmission capability exchanges. 

4. IMN roaming between 3G and WiFi: For the 3G terminals that roam in the 
WiFi, AnyServer uses Info Synch and HLR/VLR Adaptor to enable the 
communications between WiFi and 3G. The roaming interface is to be 
established in AnyServer platform based on 3G and WiFi standards. 

5. IMN Registration through WiFi Networks: For WiFi-IMN, the WiFi layer 
authentication procedure is achieved through WiFi gateway. 

6. AnyServer enables WiFi Registered IMN to roam into 3G networks: When 
IMN enters 3G networks, it is able to hear the broadcast message from 3G 
base station (BS) and then it registers the BS through VLR. After the 
registration, AnyServer can make the IMNs location update. 
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5   Related Work  

The use of the Internet in such applications demands for a highly reliable and secure 
system [25]. The discussions of the demand for ubiquitous communications 
necessitate the development of wireless communication systems, which are able to 
offer high bandwidths for different types of traffic are given in [9]. As the Internet 
evolves into a ubiquitous communication infrastructure and provides various services 
including telephony, it will be expected to meet the quality standards achieved in the 
public switched telephone network [17]. Some of the key problems that may be 
encountered when designing a broadband multiple access system with bandwidth on 
the order of tens or even hundreds of megahertz are identified in [18]. Personal 
communications services (PCS) key objective is to provide ubiquitous communication 
services. The success of PCS will depend on the network resources to ensure the 
quality-of-service required by service subscribers [26]. 

Ad hoc wireless networks represent a new communication paradigm and could be 
an important means of providing ubiquitous communication in the future [10]. 
Internet based mobile ad hoc network (IMANET) is an emerging technique that 
combines a wired network (e.g. Internet) and a mobile ad hoc network (manet) for 
developing a ubiquitous communication infrastructure [11]. Ad-hoc networking has 
been of increasing interest in recent years. It encapsulates the ultimate notion of 
ubiquitous communications with the absence of reliance on any existing network 
infrastructure. [14]. A new architecture, heterogeneous wireless network (HWN) and 
a dynamic adaptive routing protocol (DARP) for HWN have been presented [15] to 
support ubiquitous communication with integration of the cellular network with the ad 
hoc network.  

Mobility management plays a central role in providing ubiquitous communications 
services in future wireless mobile networks [4]. Location tracking in wireless 
networks is essential for ubiquitous communication service. Since a user may move 
freely, the network has to keep track of the location of the mobile terminal to deliver 
messages or calls [13]. The vision of ubiquitous and continuous communications for a 
mobile user entails several emerging mobility types, which pose new requirements, 
for location management. An integrated approach for advanced location management 
is presented in [27]. 

As the Internet evolves into a ubiquitous communication infrastructure and 
provides various services including telephony, it has to stand up to the toll quality 
standards set by traditional telephone companies [21]. It is well known that company 
Intranets are growing into ubiquitous communications media for everything. As a 
consequence, network traffic is notoriously dynamic, and unpredictable [22]. In order 
to standardize communication interfaces for the electronics assembly industry, the 
IPC/CAMX standards have been developed. CAMX proposes standard messages 
defined in XML that are exchanged through Web-based message oriented middleware 
[5]. An ever-growing number of Internet-connected devices is accessible to a 
multitude of users. Being a ubiquitous communication means, the Internet could allow 
any user to reach and command any device connected to the network [16]. Broadband  
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and mobile/wireless networks will remove various bottlenecks which block the way to 
the ubiquitous communication [23]. The details of the evolutionary steps towards 
ubiquitous communications with prime focus on security are discussed in [3]. 
Security demands that all devices in a pervasive system must be able to authenticate 
each other and then communicate [6]. 

Many visions of the future include people immersed in an environment 
surrounded by sensors and intelligent devices, which use smart infrastructures to 
improve the quality of life and safety in emergency situations [1]. The work 
presented in [7] represents two strands of the work of the ambient system team at 
NMRC to produce ultraminiature sensor modules. The miniaturization of 
computing devices and the need for ubiquitous communication has augmented the 
demand for pervasive computing. Security demands that all devices in a pervasive 
system must be able to authenticate each other [20]. Reference [12] proposes a 
software interface model to be used for quickly constructing peer-to-peer (P2P) 
application systems, in which a lot of devices such as sensors, processing chips and 
wearable computers will be connected. A continuous-wave (CW) millimetre-wave 
(MMW) was generated by using optical signal propagating nonlinear materials for 
MMW wireless communications and ubiquitous communications systems [2]. In 
RFID-tags of ubiquitous communication systems, meander line antennas are 
appeared as promising small antennas as shown in [6]. UbiCom program 
(developed at TU Delft) [28] aims at carrying out research needed for specifying 
and developing platform systems for mobile multimedia communications with focus 
on (i) real-time communication and processing; (ii) architectural issues and 
performance optimization for heterogeneous communications. 

6   Conclusion 

AnyServer is a comprehensive system consisting of hundreds and thousands of lines 
of codes in compliance with ITU/IETF/IEEE standards. The standards are also 
contains thousands of pages. The Alpha version of AnyServer system has been 
released to some ISPs for testing and we are currently implementing the real-
application system for public and business partners. All the forge of the huge of work 
and efforts comes from the motivation that the IMN should become both hard as well 
as the soft clients anywhere anytime to enable millions of users with ubiquitous real-
time communications anywhere anytime. For further information of AnyServer, 
interested readers are referred to www.anyserver.org. 
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Abstract. Analytical models for adaptive routing in multicomputer inter-
connection networks with the traditional non-bursty Poisson traffic have been 
widely reported in the literature. However, traffic loads generated by many real-
world parallel applications may exhibit bursty and batch arrival properties, 
which can significantly affect network performance. This paper develops a new 
and concise analytical model for hypercubic networks in the presence of bursty 
and batch arrival traffic modelled by the Compound Poisson Process (CPP) 
with geometrically distributed batch sizes. The computation complexity of the 
model is independent of network size. The analytical results are validated 
through comparison to those obtained from the simulation experiments. The 
model is used to evaluate the effects of the bursty traffic with batch arrivals on 
the performance of interconnection networks.  

Keywords: Parallel Processing, Multicomputers, Interconnection Networks, 
Virtual Channels, Compound Poisson Process. 

1   Introduction 

The interconnection network is one of the most critical architectural components in 
parallel computers as any interaction between the processors ultimately depends on its 
effectiveness. Hypercube has become the important message-passing architecture for 
multicomputers due to its attractive properties, such as regularity, symmetry, low 
diameter, recursive structure and high connectivity to deal with fault-tolerance [1], 

[4]. An n-dimensional hypercube consists of nN 2=  nodes with 2 nodes per 
dimension. Each node consists of a processing element (PE) and a router. The router 
has )1( +n  input and )1( +n  output channels. Each node is connected to its n  

neighboring nodes through n  input and n  output channels. The remaining channels 
are used by the PE to inject/eject messages to/from the network respectively. The 
router contains flit buffers for input virtual channels, where a virtual channel shares 
the bandwidth of the physical channel with other virtual channels in a time-
multiplexed fashion [3]. The input and output channels are connected by a Vn )1( + -

way crossbar switch, V  being the number of virtual channels, which can 
simultaneously connect multiple input to multiple output channels. 
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Switching technique determines when and how switches are configured and buffers 
are reserved. Wormhole switching [1] has been widely adopted in multicomputers 
mainly because it requires low buffer space. An advantage of wormhole switching is 
that it makes message latency almost insensitive to the distance between source and 
destination in the absence of blocking in the network. In wormhole switch, a message 
is divided into elementary units, called flits, each of a few bytes for transmission and 
flow control. The header flit, containing routing information, governs routing through 
the network and the remaining data flits follow in a pipelined fashion. When the 
header is blocked, the remaining flits are blocked in situ. 

In deterministic routing [1], messages with the same source and destination 
addresses always take the same network route. Consequently, they cannot use 
alternative paths that may avoid blocking. Fully adaptive routing has been proposed to 
overcome this limitation by enabling messages to explore all available paths in the 
network [1], [2], [5]. Duato’s adaptive routing algorithm requires only one extra 
virtual channel per physical channel compared to deterministic routing to ensure 
deadlock-freedom [1], [2]. This algorithm divides the virtual channels into two 
classes: a and b. At each routing step, a message can adaptively visit any available 
virtual channel from Class a. If all the virtual channels belonging to Class a are busy 
it crosses a virtual channel from Class b using deterministic routing. The virtual 
channels of Class b define a complete virtual deadlock-free subnetwork, which acts 
like a “drain” for the subnetwork built from the virtual channels of Class a [2].  

Analytical models are cost-effective and versatile tools that can be used for testing 
and evaluating system performance under different design alternatives. One of the 
most significant advantages of the analytical model is that it can be used to obtain 
performance results for large systems, which is hard to analyse through simulation. 
Many analytical performance models for hypercube networks have been widely 
reported in the literature [3], [5], [7], [12], [15], [16]. However, most existing models 
have been analysed under the assumption that traffic follows the traditional non-
bursty Poisson arrival process or have not taken the batch arrival properties of traffic 
into account. However, traffic loads generated by many real-world parallel 
applications may exhibit bursty and batch arrival characteristics, which can 
significantly affect network performance [6], [14], [17]. In order to investigate the 
performance behaviour of multicomputer networks under different design alternatives 
and working conditions, this paper develops a new and concise analytical model for 
hypercubic interconnection networks in the presence of bursty traffic with batch 
arrival process. 

This model adopts the Compound Poisson Process (CPP) with geometrically 
distributed batch sizes or, equivalently, Generalised Exponential (GE) distributed 
inter-arrival time [8] to capture the properties of the bursty and batch arrival traffic. 
We use GE/G/1 queueing theory [10] to calculate the message waiting time and 
GE/G/1/V queueing theory [18] with finite buffer to computer the average degree of 
virtual channel multiplexing. The model requires only a constant number of steps to 
compute message latency, regardless of the network size. The validity of the model is 
demonstrated by comparing analytical results to those obtained through simulation of 
the actual system. The proposed model is then used to assess network performance in 
the presence of the bursty and batch arrival traffic.  
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The rest of the paper is organised as follows. Section 2 presents the model for 
bursty and batch arrival traffic. Section 3 derives the analytical model. The results 
obtained from the constructed model are validated in Section 4. Section 5 uses the 
analytical model to carry out network performance analysis. Finally, Section 6 
concludes this study. 

2   Bursty and Batch Arrival Traffic 

This section briefly presents the Generalised Exponential (GE) distribution for 
modelling bursty and batch arrival network traffic. Let X  denote a random variable 
represented by a GE distribution with mean, λ/1 , and squared coefficient of variation 

(SCV), 2C . The cumulative distribution function, )(tF , of X  can be given by [8], [9]: 

tetXPtF λττ −−=≤= 1)()( ,     0≥t  . (1) 

where  

1

2
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=
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For 12 >C , the GE distribution can be interpreted as a bulk-type distribution [11] 

with an underlying counting process equivalent to a Compound Poisson Process 

(CPP) which has the mean batch inter-arrival time σ/1  with 
1
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C
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geometrically distributed batch sizes with mean, τ/1 , and SCV, τ−1 .  
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Fig. 1. The GE distribution with parameters λ  and 2C  

The arrival process of the random variable with a GE distribution is depicted in 
Fig. 1. Assume that there are always packets waiting at Point A  to enter into the 
system. Each packet has to select either the up-branch (i.e., direct branch) or the 
down-branch (i.e., exponential branch) in order to reach the departing Point B . The 
selection criterion per packet constitutes a Bernoulli trial process. Specifically, a  
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packet chooses the down-branch with probability, τ , and then receives an 
exponential service with mean time σ/1 . The packet can also choose the up-branch 
with probability, τ−1 , and reaches Point B  directly without service. The bulk of 
packets consist of a head which comes from the exponential branch together with a 
number of successive packets arriving through the direct branch before the 
appearance of a new packet coming from the exponential branch. The GE distribution 
is versatile, owning a simple form of cumulative distribution function and possessing 
pseudo-memoryless properties which make the solution of many queueing systems 
and networks with GE distribution analytically tractable [8], since it allows the use of 
many attractive properties of the exponential distribution. 

3   The Analytical Model 

The model is based on the following assumptions [3], [5], [7], [12], [15], [16]: 

a) The arrivals of traffic generated by each source node follow a GE 

distribution denoted by ) ,( 2
sss CGE λ  with the mean arrival rate, sλ , and 

SCV, 2
sC . 

b) Message destinations are uniformly distributed across the network nodes. 
c) Message length is M  flits, each requiring one-cycle transmission time to 

cross a physical channel. 
d) The local queue in the source node has infinite buffer capacity.  
e) Messages are routed adaptively through the network according to Duato’s 

routing algorithm [2]. In this algorithm, V )2( ≥V  virtual channels are used 

per physical channel. Class a  contains )1( −V  virtual channels, which are 

crossed adaptively, and Class b  contains one virtual channel, which is 
crossed in an increasing order of dimensions. 

The mean message latency is composed of the mean waiting time at the source 

node, sW , and the mean latency experienced by messages to cross the network, T . In 

order to model the effect of virtual channel multiplexing, the mean message latency 

has to be scaled by the average degree, V , of virtual channel multiplexing. Therefore, 
we can write [16] 

VTWLatency s )( +=  . (3) 

3.1   Mean Network Latency )(T     

Under the uniform traffic pattern, messages generated by each node have equal 
probability to destine to any of the )1( −N  remaining nodes in an n-dimensional 

hypercubic network. The destination of an i-hop message (i.e. a message traversing  
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 i  )1( ni ≤≤  channels to cross the network) can be any of the ⎟
⎠
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⎝
⎛
i
n  nodes that are i  

hops away from its source. Therefore, the average message distance, D , is given by  
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The mean network latency, T , includes the actual message transmission time and the 
waiting time at the network channels along the message route and can be written  
as [16] 

c

D

j
jWPbDMT ∑

=
++=

1

 . (5) 

where M  is the message length, cW  is the mean waiting time at network channels 

and jPb  is the blocking probability experienced by a message at the jth )1( Dj ≤≤  

hop channel.  
A message is blocked at a network channel when all adaptive virtual channels of 

the remaining dimensions to be visited, and also the adaptive and deterministic virtual 
channels of the lowest dimension still to be crossed are busy [2]. Let aP  denote the 

probability that all adaptive virtual channels at a network channel are busy, and daP &  

is the probability that all adaptive and also deterministic virtual channels are busy. 
The blocking probability, jPb , at the jth hop channel can be expressed by 

da
jD

aj PPPb &
−=  . (6) 

Let VP  denote the probability that V  virtual channels at a given physical channel 

are busy ( VP  is determined below). The probabilities aP  and daP &  are given by [12] 

1
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−+=
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C
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Vda PP =&  . (8) 

Adaptive routing allows messages to cross any channel to advance towards its 
destination, resulting in a balanced traffic load on all channels under uniform traffic 
pattern. Therefore, the arrival process at the network channels exhibits similar 
statistical behaviour. Eq. (4) reveals that the average message distance, D , is always 
less than the network dimension, n . This means that the traffic at a given network 
channel is a fraction of the traffic generated by a source node. This fraction, h , can be 
estimated by [13] 
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)1(2 −
==

N

N

Nn

DN
h  . (9) 

Let ) ,( 2
ccc CGE λ  model the traffic arriving at a network channel. Using the 

principle of splitting a GE distribution, cλ  and 2
cC  are given by [9] 

sc hλλ =  . (10) 

22 1 sc hChC +−=  . (11) 

In the event of blocking, a message has to wait for the deterministic virtual channel 
at the lowest dimension still to be visited [2]. To determine the mean waiting time, 

cW , for a message to acquire the virtual channel at the lowest dimension, a physical 

channel is treated as a GE/G/1 queueing system with the arrival process modelled by 

) ,( 2
ccc CGE λ . With adaptive routing and the uniform traffic pattern, the mean service 

time at each channel is identical and is equal to the mean network latency, T . The 
waiting time, cW , can be expressed by [10] 
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where the server utilisation Tcc λρ =  and SCV of the service time 
2

2
2

T
C x

x
δ= . Since 

the minimum service time at a channel is equal to the message length, M , the 
variance of the service time distribution can be approximated as [5] 

22 )( MTx −=δ  . (13) 

Therefore, the mean waiting time seen by a message at a given channel can be 
rewritten as 
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3.2   Waiting Time at the Source Node )( sW  

Messages generated by a source node follows a sGE  distribution and can enter the 

network through any of the V  virtual channels with the equal probability V/1 . To 
determine the mean waiting time, sW , at the source node, the local queue is modeled 
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as a GE/G/1 queueing system. The derivation of sW  is similar to that used to calculate 

the mean waiting time. Let ),( 2
vvv CGE λ  denote the traffic arriving at an injection 

virtual channel in the source node. vGE  can be obtained by splitting ) ,( 2
sss CGE λ  

with the splitting probability V/1 , and the corresponding parameters vλ  and 2
vC  can 

be given by [9] 

sv V
λλ 1=  . (15) 

22 11
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Therefore, the mean waiting time, sW , at the source node can be expressed as 
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Tvv λρ =  (18) 

3.3   Average Degree of Virtual Channels Multiplexing )(V  

The probability, vP , that v )0( Vv ≤≤ virtual channels at a given physical channel are 

busy can be determined using the probability that there are v packets in a GE/G/1/V 
finite queueing system where the system capacity is V , the arrival process is 

modelled by ),( 2
ccc CGE λ  and the service time is equal to the network latency. Thus, 

vP  is given by [18] 
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In virtual channel flow control, multiple virtual channels share the bandwidth of 
a physical channel in a time-multiplexed manner. The average degree of 
multiplexing of virtual channels that takes place at a given physical channel is given 
by [3] 
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 . (21) 

4   Validation of the Model 

The analytical model has been validated through a discrete-event simulator, 
operating at the flit level. Each simulation experiment was run until the network 
reached the steady state. The network cycle time in the simulator is defined as the 
transmission time of a single flit to cross from one node to the next. Messages 
generated by each source node are based on a Compound Poisson Process (CPP) 
with geometrically distributed batch sizes or, equivalently, a Generalised 
Exponential (GE) distributed inter-arrival time. Message destinations are uniformly 
distributed across the network.  

To validate the model, numerous simulation experiments have been performed for 
several combinations of network sizes, message lengths, number of virtual channels 
per physical channel and different sGE  input traffic. However, for the sake of 

specific illustration, latency results are presented for the following cases only:  

 Network size is N =  62  and 82 nodes.  
 Message length M = 16 and 64 flits.  
 Number of virtual channels V  =  2 and 6 per physical channel.  
 Exponential branch selection probability τ  = 0.67, 0.8, and 1, representing 

different degree of burstiness and batch sizes. 

Figs. 2 and 3 depict the results of message latency predicted by the above 
constructed model plotted against those provided by the simulator as a function of 
generated traffic into the 6- and 8-dimensional hypercubes, respectively. In these two 
figures, the x-axis denotes the traffic rate, sλ , while y-axis represents the mean 

message latency.  Generally speaking, these figures reveal that the mean message 
latency obtained from the analytical model has a reasonable degree of accuracy in the 
steady state region, and its tractability makes it a practical and cost-effective 
evaluation tool to gain insight into the behaviour of interconnection networks under 
bursty and batch arrival traffic. 
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Fig. 2. Message latency predicted by the analytical model against simulation experience in the 
6-dimensional hypercube: (a) V = 2, 1=τ , (b) V = 2, 8.0=τ , (c) V = 2, 67.0=τ , (d) V = 6, 

1=τ , (e) V = 6, 8.0=τ ,  and (f) V = 6, 67.0=τ  
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Fig. 3. Message latency predicted by the analytical model against simulation experience in the 
8-dimensional hypercube: (a) V = 2, 1=τ , (b) V = 2, 8.0=τ , (c) V = 2, 67.0=τ , (d) V = 6, 

1=τ , (e) V = 6, 8.0=τ ,  and (f) V = 6, 67.0=τ  
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5   Performance Analysis 

In this section, we use the derived analytical model to investigate the impact of bursty 
and batch arrival traffic with various batch sizes on the performance of hypercubic 
networks. For the purpose of illustration, the performance results are shown for 6-
dimensional networks with the message length 16=M  and 64 flits, and the batch 
size τ/1=  where =τ 1, 0.8, and 0.6, respectively.  

As can be seen from Table 1, the decrease in τ  (i.e. increasing the batch size) 
degrades the network performance as the message latency increases. Moreover, the 
longer messages experience higher latency than the shorter messages as the batch size 
increases. Thus, the traffic loads with a smaller value of τ  exhibit higher burstiness 
than that with a larger value of τ , even if they have the same traffic rate. For 
instance, when the traffic rate is 0.025 and message length is 16, the message latency 
increases 30% and 80% as the value of τ  drops from 1 to 0.8 and 0.6, respectively. 

Table 1. Comparison of message latency with different batch sizes and various message length 
in the 6-dimensional hypercube with 6=V  

Analytical Message Latency 
1=τ  8.0=τ  6.0=τ  

 
Traffic Rate 

)( sλ  M = 16 M = 64 M = 16 M = 64 M = 16 M = 64 
0.00125 19.5 73.47 25.41 95.17 35.97 133.56 

0.001667 19.67 75.77 25.62 97.89 36.21 136.8 
0.0025 20.02 80.6 26.03 103.57 36.71 143.48 
0.005 21.1 97.22 27.3 122.72 38.25 165.1 
0.01 23.44 141.68 30.06 170.51 41.49 214.8 

6   Conclusion 

Analytical models are cost-effective and versatile tools that can be used for 
investigating system performance under different design alternatives and various 
working conditions. Existing analytical performance models for interconnection 
networks have been developed under the assumption that traffic follows the 
traditional non-bursty Poisson arrival process or have not considered the batch 
arrivals. In order to obtain a detailed understanding of the performance behaviour of 
multicomputer networks, this paper has proposed a new analytical model for 
hypercubic interconnection networks under bursty and batch arrival traffic which is 
modelled by the Compound Poisson Process (CPP) with geometrically distributed 
batch sizes or, equivalently, a Generalised Exponential (GE) distributed inter-arrival 
time. Extensive simulation experiments have been used to validate the analytical 
results of message latency. The model has been used to investigate the effects of 
bursty and batch arrival traffic and demonstrated that such a traffic pattern can 
significantly degrade network performance. 
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Protocols for Traffic Safety Using Wireless Sensor 
Network 
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Internet and Mobile Computing Lab, Department of Computing, the Hong Kong  
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Abstract. Wireless Sensor Networks (WSNs) have attracted wide interests 
from both academic and industrial communities due to their diversity of 
applications. In this paper, we describe the design and implementation of 
energy-efficient protocols that can be used to improve traffic safety using WSN. 
Based on these protocols, we implement an intelligent traffic management 
system. Low-cost wireless sensor nodes are deployed on the roadbed and work 
collaboratively to detect potential collisions on the road. Experiments have been 
performed on this system and the results demonstrate the effectiveness of our 
protocols. 

Keywords: Wireless Sensor Networks (WSNs), Intelligent Transportation, 
Pervasive Computing. 

1   Introduction and Related Works 

Recent development in wireless communication and electronics has made it possible 
to create low-cost, low-power wireless sensor nodes. Each sensor node usually 
contains a wireless transceiver, a micro processing unit and a number of sensors. The 
sensor nodes can collect data and do some simple processing locally, and can 
communicate with each other to form an ad hoc wireless sensor network (WSN) [1]. 
A WSN is usually self-organized and self-maintained without any human intervene-
tion. Wireless sensor networks have been used in various application areas such as 
smart building [2], wild environment monitoring [3], battle surveillance [1] and 
healthcare [4]. 

With the rapid world-wide increase of motorization, the need for intelligent traffic 
management service is expected to grow quickly in the near future. There are quite a 
lot of studies on sensing technologies in the field of Intelligent Transportation 
Systems (ITS). Inductive loop has been used in many countries to detect traffic flow 
[5]. However, inductive loop is usually quite large and the road needs to be torn up 
during installation so the traffic flow is usually disrupted. Inductive loop is also prone 
to breakage as a result of other construction. Therefore, it may not be convenient 
during deployment. Some countries use ultrasonic sensors [17] [18] but ultrasonic 
sensors are very sensitive to the weather. 

Most commercial traffic management systems are made using video cameras. 
Human operators sitting in a control room watch images from the cameras, identify 
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incidents, and assign speed rankings to various roads. This technology does not 
require any hardware to be placed in the road. However, the need for human operators 
makes it cost-effective only for the most-traveled roads [4]. 

More recently, there are growing interests in using automated vision-based 
approaches such as [6] and [7]. However, automated machine vision is still an active 
research topic and still faces to a lot of challenges such as shadows and reflection of 
light. More importantly, all of the above mentioned technologies rely on wired 
communication and power supply so are difficult to deploy. 

There are already some works that try to make use of WSN such as those reported in 
[8] and [10]. However, these works have different focuses. [8] is mainly concerned with 
hardware design while [10] is mainly concerned with high level algorithms for 
controlling the traffic lights based on the information collected from sensors. 
Unfortunately, none of the works has discussed how to design and implement practical 
protocols and systems based on WSN in order to improve existing traffic systems. 

The problem of collision detection has also been discussed in some works such as 
[6] and [19]. However, these works are based on the above-mentioned technologies 
such as automatic machine vision so they also have the problems in terms of 
deployment as described earlier. 

In this paper, we describe the design and implementation of protocols used by the 
sensor nodes for improving the traffic safety. Taking the advantages of the small, 
robust, easily manageable and inexpensive wireless sensor nodes [8], our system is 
able to provide an economic yet efficient solution to improving traffic safety upon the 
current transportation system. The wireless sensor nodes are deployed on the road and 
collaborate with each by exchanging collected data and local decisions. We propose 
protocols for the sensor nodes to determine their logical positions relative to each 
other and work together to detect potential collisions. In order to save energy, most of 
the sensor nodes are put into the sleep mode whenever possible. By using Berkeley 
MicaZ [9] sensor nodes, we implement a prototype of such a system and perform 
some experiments on it. 

The remaining part of this paper is organized as follows. Section 2 briefly reviews 
the related work. Section 3 provides an overview of the system components and 
describes the system model. Section 4 describes the logic positioning protocol. Section 
5 describes the traffic safety protocol which is able to let the sensor nodes work 
collaboratively to detect potential collisions. Section 6 presents the experimental and 
simulation results. Finally, Section 7 concludes the paper and discusses our future work. 

3   System Design and Model 

We have designed a WSN-based intelligent traffic management system, which 
consists of two major components. The first component is called TrafficDetection 
which includes the local operations and protocols that run on the wireless sensor 
nodes. The second component is called TrafficView which is mainly for the 
visualization and data management. Figure 1 shows a high level view of the traffic 
management system. 

TrafficView is installed at the sink and is responsible for displaying and managing 
the data collected by the WSN. The essential WSN protocols proposed in this paper  
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Fig. 1. Overview of traffic management system 

 

Fig. 2. Software architecture of TrafficDetection 

are part of the TrafficDetection component. The architecture of TrafficDetection 
component and its relationship with TrafficView is shown in Figure 2. 

TrafficDetection consists of several modules. The Data Collection and Filtering 
Module is mainly responsible for collecting raw data and filter the unwanted noise on 
each sensor node. The processed information will be used as input to the traffic safety 
protocol for the system to make necessary decision if there is any potential collision. 
The Data Transport Module is responsible for delivering the data with certain success 
rate. The routing module is used by the Transport Module to send some of the 
interesting data and transmit to the sink where the TrafficView application will 
visualize and manage the data. The logic positioning protocol helps individual sensor 
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node find its logic position and its neighbors’ positions so that each sensor node can 
know which sensor nodes it need to cooperate with.  

The current design of the protocols is based on the following system model.  There 
are S = {s1, s2, ... sn} sensor nodes in the wireless sensor network to be deployed to the 
roads. We assume that there are R = {r1, r2, ... rm} roads in the system where n≥m. 
Each road is a straight, unidirectional path with one-lane that allows a single car to 
pass at a time. In reality, more complex roads can be built up from this kind of simple 
road. Each sensor node si belongs to a road rj and their relationship can be uniquely 
expressed as si = (rj, k) where k denotes that si is the kth sensor node on the road rj. 
The deployment of the sensor nodes do not need to be very dense. In real world, the 
distance between two neighboring sensor nodes on the same road is at least 10 meters. 

Each sensor node has two modes, sleep or active. During the sleep mode, sensor 
nodes only have their radio transceivers turned on so that they can receive wake-up 
messages. When a sensor node receives a wake-up message, it switches to active 
mode and tries to sample the data in a very high frequency so as to detect a high speed 
vehicle. Energy consumption in active mode is much higher than in sleep mode [16].  

All of the sensor nodes on the same road are deployed in such a way that the 
distance between each of the two consecutive sensor nodes is fixed. There are a small 
number of special sensor nodes called landmarks. Each landmark sensor node is 
located at the beginning of a road. The responsibility of the landmark sensor nodes is 
to let other sensor nodes automatically find their logic positions based on our 
protocol. Compared with ordinary sensor nodes, landmark sensor nodes are more 
powerful in terms of energy. Some of the landmarks stay active at all the time so that 
they can be the first one to detect an incoming vehicle on their roads. 

In order to achieve more reliable communication, on the same road, each sensor 
node only communicates with its closest neighbor. Contacting with other sensor 
nodes is achieved by multi-hop communications. 

4   Logic Positioning Protocol 

The major responsibility for the logic positioning protocol is to help each sensor node 
find its logic position along the road. More specifically, each sensor node needs to 
find out its own ‘k’ value in the relationship si = (rj, k) which has been defined in our 
system model. In addition to its own ‘k’, each sensor node needs to find out the ‘k’ 
values for some other sensor nodes with which it will cooperate. The traffic safety 
protocol needs this information in order to forward wake-up messages to the correct 
sensor node so that the speed of the vehicles can be measured and collisions can be 
detected. Figure 3 shows a very simple example of how the traffic safety protocol 
works. 

 

Fig. 3. Basic idea of the traffic safety protocol 
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When a car has reached sensor node 1, that sensor node will record the time stamp 
and transmit it to the sensor node 2. Upon receiving the time stamp, sensor node 2 
will become active. When the car passes by, it will record another time stamp. With 
these 2 time stamps, the sensor nodes can estimate the speed of the car and detect 
potential collisions. Therefore, in order to make this system work, each sensor node 
needs to know its logic position and its neighbors. The logic positioning protocol 
makes use of a small number of landmarks and let the sensor nodes find their logic 
positions in a distributed fashion. 

The protocol assigns each sensor node a unique coordinate which can be used to 
identify its logic position. The coordinate is composed of two parts: ‘block number’ 
and ‘position’. ‘Block number’ is the minimum number of hops for the sensor node to 
reach the landmark. ‘Position’ is the relative position for a sensor node within a block. 
As shown in Figure 4, the coordinate has the following properties: 

• The smaller the ‘block number’, the closer to the landmark. 
• If two coordinate have the same ‘block number’, then the larger the ‘position’, 

the closer to the landmark. 

 

Fig. 4. Coordinates for the sensor nodes 

The logic positioning protocol is composed of two phases. In the first phase, each 
sensor node is assigned a unique coordinate. The protocol can be most clearly 
illustrated by dividing it into 3 steps: 

1. Landmark broadcasts a HELLO message, all of the receiver will be assigned 
block number 1 automatically: 

 

Fig. 5. Logic positioning protocol - step 1 

2. Each sensor node in block 1 will broadcast an ASSIGNMENT message. The 
receivers of those messages will be assigned block number 2 if it hasn’t been 
assigned any block number yet. Because of the different distances from  
block 1, each sensor node in block 2 will receive different number of 
messages. The number of messages received is assigned as the ‘position’ for 
each of the sensor node in block 2. 



42 Y. Lai, Y. Zheng, and J. Cao 

 

Fig. 6. Logic positioning protocol - step 2 

3. Repeat step 2 until each sensor node is assigned a coordinate. The sensor 
nodes in block 2 will broadcast an ASSIGNMENT message. Sensor nodes in 
block 1 and block 3 will receive the broadcast messages and they can 
determine their position by counting the number of messages they have 
received. 

 

Fig. 7. Logic positioning protocol - step 3 

In the second phase, after each sensor node is assigned a unique coordinate in 
order, the sensor nodes simply need to exchange their coordinates with their 
neighbors and their logic positions can be easily determined based on the neighbors’ 
coordinates. 

5   Traffic Safety Protocol 

The traffic safety protocol is used to detect potential collision on the road and send 
warning messages. Basically, there are three types of collisions. The first type occurs 
on the same lane where the vehicles hit with each other on the tail or head as shown in 
Figure 8. This type of collision could be detected if each sensor node keeps a record 
of the last passed vehicle. The speed of the newly arrived vehicle can then be 
compared with the last passed vehicle so as to find potential collisions. 

 

Fig. 8. Collision on the same lane 

The second type of collision occurs when the vehicles are trying to switch lane as 
shown in Figure 9. This type of collision can be viewed as an extension to the first 
application scenario. Now the sensor nodes on different roads will need to work 
together. In order to detect such kind of collision, when a vehicle passes by a sensor 
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node, that sensor node will need to send wake-up messages not only to the sensor 
nodes on the same road, but also sensor nodes on the neighboring road. 

 

Fig. 9. Collision during lane switching 

The third type of collision occurs in the intersections when vehicles are driving too 
fast near the intersection, as shown in Figure 10. This kind of collision can also be 
viewed as an extension to the first scenario because when the sensor node near the 
intersection detects a vehicle, it simply wakes up other sensor nodes near the 
intersection in order to detect collision. 

 

Fig. 10. Collision in the intersection 

In order to detect potential collisions, the sensor nodes first need to measure the 
speed of the vehicles. For the first type of collisions, assume that there are two 
vehicles with speeds v1 and v2, respectively. The time interval between the arrivals of 
the two vehicles is t. The distance between two consecutive sensor nodes is d. As a 
result, in order to avoid collision within distance d, which is the coverage of each 
sensor node, we should have: v2<d/t+v1. Potential collision in the second case can 
also be estimated by speed v1 and v2, time interval t, and distance d. In order to avoid 
collision, a vehicle is allowed to switch lane only when v2<d/t+v1 is satisfied. 
Collision in the intersection can be estimated in a similar manner. Suppose the speeds 
of the two vehicles are v1 and v2. The distance between the sensor node at the road end 
and the intersection is d’. Then, the formula |v1/d’-v2/d’| should be smaller than a 
threshold which ensures the safety of both vehicles. 

Since all sensor nodes are battery-powered and usually it is very difficult to re-
charge the battery, energy should be taken into consideration when designing such the 
protocol. As mentioned above, the sensor nodes need to measure the speed of the 
vehicle so that they can detect potential collisions. Therefore, each sensor node should 
be active when a vehicle passes it. During the rest of the time, they should be kept in 
sleep mode. Here, we propose a couple of schemes that can be combined to achieve a 
good trade-off between accuracy and energy efficiency. 
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1. Always-on: This is the simplest scheme where all of the sensor nodes are 
active at all the time. 

2. Random wake-up: all the sensor nodes just wake up randomly. 
3. Normal wake-up: When a sensor node detects a vehicle, it will wake up the 

next sensor node that is going to be reached by the vehicle. 
4. Normal wake-up + random wake-up: in addition to the previous scheme, each 

sensor node will also wake up randomly in case some of the wake-up 
messages are lost. 

5. Selective wake-up: this scheme is similar to normal wake-up. Sensor nodes are 
woken up in turns depending on the safety of the vehicles and the energy of 
the sensor nodes. For instance, as shown in the Figure 11, when a vehicle 
reaches sensor 2, sensor 2 will forward the wake-up message either directly to 
sensor 3 or through 2 hops to sensor 4 depending on the speed of the vehicle. 
If the vehicle is moving fast and safely, sensor 2 may directly wake up sensor 
4 and skip sensor 3. In this way, in terms of sensor 3 and sensor 4, only one of 
them needs to be woken up at a time. 

 

Fig. 11. Selective wake-up scheme 

We compare the above schemes in terms of accuracy and energy consumption. 
First, we analyze the accuracy of the schemes. Here, A denotes the average accuracy 
for each scheme and accuracy means the probability of a sensor node being in active 
mode when a vehicle passes it. Let ñ denotes the one-hop transmission error rate. n is 
a parameter which denotes the number of sensor nodes on a road. Pw is the wake-up 
probability. 

Always-on: in this scheme, since the sensor nodes are turned on at all the time, the 
accuracy is nearly 100% for every collision scenario described above. 

Random wake-up: in this scheme, the accuracy equals the wake-up probability: A=Pw 

Normal wake-up: in this scheme, each sensor node will not be active until it receives a 
wake-up message from the previous sensor node. As a result, the sensor nodes that are 
farther away from the beginning of the road tend to have poorer accuracy. This is 
because once the wake-up message fails to be delivered to a certain sensor node, all of 
the sensor nodes following that particular sensor node will not be able to wake up and 
detect the vehicle. 

ρ
ρρρρρ

nn
A

nn )1(1)1(...)1()1()1(1 132 −−=−++−+−+−+=
−

 

Normal wake-up + random wake-up: this scheme is the combination of normal wake-
up and random wake-up. We may analyze its accuracy from the first sensor node on 
the road. The accuracy of the first sensor node is: 
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With the same approach, we can get accuracy for other sensor nodes as well. 
Finally, we can get:  
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Selective wake-up: it has the similar results as normal wake-up here because this 
scheme simply let some of the sensor nodes work in terms. 

Second, we analyze the average energy consumption, E, for each scheme. Here 
energy consumption is defined as the ratio between the amount of time spent in active 
mode and total amount of time. We define that in each time unit T, m vehicles pass 
through a particular sensor node randomly. 

Always-on: in this scheme, the sensor nodes are always in active mode so the energy 
consumption is 100%. 

Random wake-up: in this scheme, the energy consumption is simply the wake-up 
probability: Pw 

Normal wake-up: First, let e be the average energy consumption for a sensor node in 
T time unit during which there are m cars passing by. Therefore, the average energy 
consumption for this scheme is: 
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Normal wakeup with self-wakeup: this scheme can be regarded as a combination of 
both normal wakeup and random wake-up: 
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Selective wakeup: this scheme consumes only half the energy as the normal wake-up 
scheme because sensor nodes are working in turns. 

As we can see from the above analysis, the average accuracy for normal wake-up 
scheme is largely related to the total number of sensor nodes on the road. The sensor 
nodes far away from the beginning of the road will have poor accuracy so they should 
use random wake-up to make up for the poor accuracy. Currently, we set Pw to be  
1-k*(1-ñ) with a max value of 0.5. Selective wake-up is a good scheme for highway 
because sensor nodes don’t need to wake up so often due to the high speed of the 
vehicles. 

Based on the analysis in the previous section, we design an algorithm for the 
sensor nodes to select the scheme best suit to the current condition. The pseudo code 
of the algorithm is shown below: 
Set scheme=normal wake-up; random=0 

If (k>3) 

If (getAverageSpeed ()>80) 
Scheme=selective wake-up; 

Random=(1-k*(1- ))>0.5?(1-k*(1- )):0.5;
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6   Performance Evaluation 

The protocols have been implemented by using the NesC [12] programming language 
on the MicaZ [9] platform equipped with the TinyOS [11] operating system. All the 
sensor nodes are clock-synchronized with the ETA protocol [15]. 

We have conducted real experiments in our campus car park to measure the speed 
of the vehicles with our protocol. The sensors that have been used are light sensors. 
As shown in Figure 12, the raw data obtained by the sensor contains a lot of noises. 
Therefore, we develop a simple data filtering algorithm that can be used to filter the 
raw data. The basic idea of the filtering algorithm is that a change in the sensory data 
is identified only when the newly changed value has lasted for a while. 

  

Fig. 12. Raw data (left) and filtered data (right) 

Using the data filtering algorithm, we measure the speed of the vehicle. In the 
campus car park, the sensor nodes are deployed rather densely (around 7 meters 
between 2 consecutive sensor nodes). We let the vehicle move at different speeds 
from 10km/hour to 25km/hour. Our normal wake-up scheme is already good enough 
to measure the approximate speed. 

To further demonstrate the effectiveness of our protocols in different application 
scenarios, we set up a testbed with some toy cars and a few self-made ‘roads’ as 
shown in Figure 13. The toy cars have been tailored so that they can move 
automatically and communicate with the sensor nodes under the roads. In our testbed, 
we have simulated a few application scenarios, including collision detection on the 
highway, collision detection in the intersection, traffic light controlling and automatic  
 

 

Fig. 13. Testbed for highway (left), intersection (middle), carpark (right) 
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In addition to the field experiment, we have also conducted some simulations. The ‘logic 
positioning protocol’ has been simulated in TOSSIM [13]. As shown in Figure 14, in the 
simulation environment, the sensor nodes are able to correctly find their correct 
coordinates with our protocol. 

 

Fig. 14. Logic positioning protocol in TOSSIM 

7   Conclusion and Future Works 

In this paper, we have described how to design and implement WSN protocols to 
improve safety and efficiency upon the existing transportation system. Based on the 
protocols, we have implemented and tested an intelligent traffic management system. 
We believe that WSN can be a very promising technology to be used in future ITS. 
We will improve our existing work in the following aspects: 

1. We will continue to test our system in outdoor environments. 
2. We will establish an information disseminating platform for this system to 

publish the interesting and helpful information to the drivers. 
3. Combine the work with on-going projects like intelligent parking system 

[14] to provide more and better services. 
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Abstract. Many approaches have been proposed to improve efficiency of 
interrupt handling, most of which aim at single processor systems. Traditional 
model of interrupt management has been used for several decades in parallel 
computing environment. It can work well in most occasions, even in real-time 
environments. But it is often incapable to incorporate reliability and the 
temporal predictability demanded on hard real-time systems. Many solutions, 
such as In-line interrupt handling and Predictable interrupt management, all 
have special applying fields. In this paper we propose an algorithm that could 
schedule interrupts in terms of their deadlines for multiprocessor systems. Hard 
priorities of IRQs are still left to hardware, we only manager those who can get 
noticed by the kernel. Each interrupt will be scheduled only before its first 
execution according to their arrival time and deadlines so that it is called lazy 
Earliest-Deadline-First algorithm. The scheme tries to make as many as 
possible ISRs finish their work within the time limit. Finally we did some 
experiments using task simulation, which proved there was a big improvement 
in interrupts management. 

Keywords: Multiprocessor, Interrupt scheduling, Parallel computing, Real-time 
system, Lazy EDF. 

1   Introduction 

Most parallel computing systems include a lot of external devices such as sensors, 
displayers, network interfaces or disks, requiring real-time guarantees in many cases 
during its operation. The interrupt mechanism is a very important interface between 
the kernel and peripherals which communicate the system with its external 
environment. Multiprocessor architecture like SMB is very common in parallel 
computing environments. Many of these systems perform control activities 
demanding constrained timing restrictions. One problem peculiar to multiprocessors 
is what to do with I/O interrupt requests (those interrupts which may be processed in 
parallel with current operations, as opposed to processor-related interrupts which are 
handled in series with the user routine). Several schemes now in use are: 1) send the 
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interrupt to the processor which initiated the I/O action originally, 2) have one 
processor declared as the one and only processor to handle I/O interrupts, 3) provide 
hardware registers whose contents define which interrupts go to what processors [15]. 
The method discussed in this paper involves making all processors in the system 
eligible for interruption by any I/O interrupt. This system embodies totally equivalent 
processors, plus separate and independent I/O controllers, all sharing a common 
memory, as shown in fig. 1. But if there are too many interrupt sources, which will 
cause the number of expired ISRs getting too large, the performance of the system 
will still become very bad. It will also cause potential system instability or 
inconsistency. As seen in fig. 2, I1, I2, I3 are three interrupt routines which priorities 
meet PI1 < PI2 < PI3. Their trigger time and endurance time can be seen in table 1. I1 is 
preempted by I2 even if it is about to finish its work. And I2 is preempted by I3 twice 
in succession. So I1 completes its work at moment 15. Because its endurance time is 3 
its work has been made no sense. I2 has been overtime as well. In other words, about 
10 units are wasted. You can imagine what a low performance it is. Disabling the 
preemption of an interrupt service routine would solve part of the problem. But it will 
bring more system latency and potentially prevent high level ISRs from being 
executed. 

CPU

CPU
RAM

Address Bus

Address Bus

Supervisal 
Signal

Device 
Subsystem

DMA Access
I/O 

Interrupts

I/O Control

CU CU CU CU

Device Path

 

Fig. 1. The configuration of SMP system 

Table 1. Four ISRs Invoked in the System 

IRQ Number Arrival T Service T Max. alive T Priority 
I1 1 3 3 PI1 
I2 3 7 10 PI2 
I3 8 2 4 PI3 
I3 11 2 4 PI3 
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Time1 1312111098765432 1817161514

Ta(1) Ta(2) Ta(3) Ta(4)

Tc(2)
Tc(1)

Ts(4)Te(2)

 

Fig. 2. Time out due to nested ISRs 

In this paper, we propose a novel interrupt management method with the following 
contributes: 

• The proposal of a Lazy EDF scheduling scheme for the management of interrupts 
in multiprocessor systems. 

• The analysis and evaluation of the EDF scheme from the CPU’s utilization point of 
view and the response time to external events.  

• The implementation and experiment based on task simulation. 

The rest of the work is arranged in following order. Section 2 discusses some 
related work. In section 3, the EDF algorithm and the model of the interrupt activity 
management are described. In section 4, we bring forward a way to evaluate our 
approach using task simulation. Section 5 describes the performance getting from the 
experiment. The final section covers the conclusion and future work. 

2   Related Work 

Many research works have bee carried out to propose alternatives which will enhance 
real-time capability, efficiency and robustness of the traditional interrupt model for 
real-time applications. The indiscriminate use of ISRs is considered as one of the 
most common errors in real-time programming in [6]. Some real-time operating 
systems tend to disable most external interrupts, except for those that come from the 
timer. They treat all peripherals by polling [7]. Real-time capability of these systems 
is very terrible though they avoid the non-determinism associated to interrupts. They 
keep CPU busy waiting in I/O operations. In [15], a method of assigning external 
interrupts to processors in a multiprocessor system is described. Features of a 
multilevel priority interrupt system are incorporated into a hardware component 
called the Interrupt Directory. The directory selects the most appropriate processor for 
serving the interruption at the time the event occurs. The “appropriateness” for 
interruption is based on the priority level of a processor’s current task. 

Integration among the different types of asynchronous activities, e.g., mixed 
priorities of task, process and interrupts, is address in some research papers. A method 
where interrupts are treated as threads is proposed in [8]. The goal of the scheme is to 
increase the scalability of the system in multiprocessor architectures oriented to 
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operating systems of network servers. As a result, the interrupt threads still use a 
separate rank of priority levels which is not unified to the one of tasks. In [9] an 
approach is presented for the efficient reuse of legacy device drivers in real-time 
systems. It enforces a non-preemptive execution of the interrupt handlers in order to 
preserve the internal temporal requirements of the ISRs. Three main features of the 
method include: high priority of the hander, non preemptive execution, bandwidth 
reservation for the application tasks, and independence of the interrupt service policy 
from the scheduling policy adopted for the application tasks. Literature [14] proposes 
a schedulability analysis which integrates static scheduling techniques and response 
time computation. In [3] and [4] an integrated scheme of tasks and interrupts to 
provide predictable execution times to real-time systems. In [5] an in-line interrupt 
handling scheme is proposed. It can reduce the two sources of performance loss 
caused by the traditional method of handling interrupts, avoid the re-fetching and re-
executing of instructions, and allow for user instructions and handler instructions to 
execute in parallel. Unlike our interrupt management model, none of the previous 
research works utilize an EDF scheduling mechanism to solve the problem of massive 
interrupts overtime caused by nested interrupts. The advantage of our scheme with 
respect to these proposals is that our scheme could distinctly decrease the quantity of 
overtime ISRs in a lot of cases. 

3   Model and Mechanism 

3.1   Lazy EDF Algorithm 

Earliest-Deadline-First algorithm is a dynamic scheduling scheme. Priorities of tasks 
are dynamic according to their start-time and deadline. Those whose deadline is 
nearest to the current time have higher priorities. The difficulty of the algorithm lies 
in that how to sort tasks in terms of their distance to deadline. Tasks sequence can not 
be arranged because the time is various when processing. So that priorities should be 
calculated again after end of a task. The last step of scheduling is to choose a ready 
task which has highest priority. Typical EDF Algorithm has following properties for a 
task: 

• Deadline di 
• Execution time Ci 

• The earliest possible start time of the task: s min
i  

• The latest possible start time of the task: s max
i  

Our scheme is a Lazy EDF algorithm which sorts interrupt service routines 
according to three factors: hard priority, arrival time and deadline. Only when higher 
ISRs have spare time to allow lower ISRs to finish their work scheduling will happen. 
Otherwise higher ISRs will preempt lower ones even though they may be overtime. 
Furthermore every ISR will be scheduled at most once for the sake of simplicity. This 
is why the algorithm is called lazy EDF algorithm. Most ISRs require a very short 
execution time so that a complex strategy and reduplicate scheduling will lead to 
lower efficiency. Just like a stack, once an ISR is scheduled to run as if it is put into 
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“stack”. Others may preempt it as put into “stack” above it. Only when it is the top 
item of the “stack” can it be performed again. In our scheme following properties are 
considered: 

• Processor availability A(i) 
• Maximum alive time (deadline) Tb(i) 
• Arrival time Ta(i) 
• Service time Ts(i) 
• Execution time Te(i) 
• Nested time Tn(i) 
• Hard Priority PI(i) 
• Global available time at moment t on processor j: Uj(t) 

Processor availability A(i) represents usability of processor i to the incoming 
interrupt. Maximum alive time means how long the ISR could stay in the system to 
finish his work before the deadline. Arrival time denotes when the interrupt is 
triggered. Service time means how long it would take for an ISR to complete a 
mission. Execution time indicates how long the ISR has taken to do its work. Nested 
time represent the period that the ISR is preempted by others. So we have: 

U(t) = Min((U(t-1) – Ts(i)), (Tb(i) – Ts(i))) (1) 

Te(i) <= Ts(i) (2) 

An interrupt j can be scheduled only and only if: 

Tb(j) – Ts(j) >= Ts(i) – Te(i) (3) 

3.2   Schedulability Analysis of the Scheme 

In traditional systems only tasks could be scheduled. Some systems also treat 
interrupts as tasks or threads [9] and schedule them with typical approaches. Some 
systems have an integrated mechanism which schedules interrupts and tasks in a 
mixed way [3][4]. 

  save registers
   

  set up stack

  invoke routine

  restore registers and stack

  exit

System process of interrupt code

  myISR
           (
           int val,
           )
            {
            /* deal with hardware */
                    ...
            }

User Interrupt Service Routine

 

Fig. 3. An typical execution process of interrupts 



54 P. Liu et al. 

A typical execution process of an interrupt service routine in an operating system 
could be described as shown in fig. 3. In our scheme because interrupts will be 
scheduled only once they needn’t a structure like PCB to keep context. The real 
performers, user ISRs, could be extracted from wrapped interrupt execution sequence 
with entering and exiting code. Then they could be treated as an ordinary function and 
be invoked anytime. It can be inserted into, gotten from and deleted from lists. 

3.3   Architecture and Implementation of the Lazy EDF interrupt Handling 
Algorithm 

The Lazy EDF interrupt handling scheme maintains three important data structures: 
interrupt idle list (IIL), interrupt wait list (IWL) and execution time list (ETL). There 
are many initialized empty nodes in the interrupt idle list. For easy to be compatible 
with most existing systems we do not prefer a task and interrupt mixed scheduling 
scheme. In the proposed algorithm, an interrupt service routine should always take 
priority over a task. If a new incoming interrupt needs to be postponed a node will be 
taken from the IIL, filled with related parameters and inserted into IWL. Every 
processor in the system could access these data structure. The system records time 
information of ISRs by means of ETL.  

EDF 
scheduling
(entering)

CPU1

Fill in 
parameter

Interrupt wait 
queue

插入 Interrupt idle 
queueGet

Insert

Get

Execute

EDF 
scheduling
(entering)

CPU2

EDF 
scheduling
(exiting)
CPU1

EDF 
scheduling
(exiting)
CPU2

 

Fig. 4. Architecture of Lazy EDF interrupt handling scheme 

Fig. 4 illustrates the architecture. When a new interrupt which has a higher priority 
comes in it should be executed right now according to priority. Firstly the system will 
find an idle processor to handle the interrupt. If all the processors are busy the one that 
is running tasks of lower relative priority will be interrupted. On that processor if current 
global available time is enough for the interrupt it will be executed directly. Otherwise if 
the interrupt has a farther deadline it will be put into IWL to wait for accomplishment of 
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the previous interrupt. This makes both two interrupts can finish their work in time. If 
the current one has a nearer deadline it will be scheduled to run immediately, leaving the 
previous one overtime regardlessly. At the time an ISR is exiting it will check IWL and 
fetch the first eligible ISR to run. Other eligible processors are allowed to get waiting 
interrupts in IWL to execute. When running interrupts on different processors need to 
access share resources SPINLOCK is a very powerful method. 

We encapsulate the scheduling code and user ISR into a code segment called 
realIntISR and use it to replace user ISR. It includes entering scheduling logic and 
exiting scheduling and is transparent to users. 

The implemented algorithm can be described as: 

IF found an idle processor; 
Assign it with the interrupt; 

ELSE found a processor running low PRI task 
Assign it with the interrupt; 
 

Entering scheduling 
IF (!INT_CONTEXT()) /* not preempt other interrupt */ 
{ 
U(t-1) = Tb(i); 
U(t) = Tb(i); 

} 
IF(U(t) >= Ts(i)) 
{ 
U(t-1) = U(t); 
U(t) = Min((U(t) – Ts(i)), (Tb(i) – Ts(i))); 
Allow preemption, execute user ISR; 

} 
ELSE IF ((Tb(i) – Ts(i)) > (Ts(i-1) – Te(i-1))) 
Put it into the IWL; 

ELSE 
Execute the user ISR; 
 

Exiting scheduling: 
U(t) = U(t-1) – Ts(i-1); 
i   Get next node j from IWL, IF it is NULL goto step 
iv; 
ii  IF((Te(j) + Tn(j)) > Tb(j)) 
 timeout, just delete the node; 

ELSE 
 renew time; 

IF(U(t)>= Ts(j)) 
 goto step iii; 

ELSE 
 repeat step i; 
iii execute userISR of node j, delete node j; 
 renew time; 
 repeat step i; 
iv  Goto first node of IWL 
v   Get next node k from IWL, IF it is NULL, end 
vi  IF k could not wait, execute its user ISR, renew 
time; 

ELSE repeat step v 
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4   Task Simulation 

For the sake of easy to control and measure, we decide to use task simulation to 
evaluate our algorithm on VxWorks. VxWorks is an embedded real-time operating 
system which has a large number of users because of high performance kernel and 
reliability. It has been widely used in communication, military, aviation, and other 
fields requiring hard real-time. It adopts the structure of micro-kernel, supports 
multiprocessors, and has abundant network protocols and a good compatibility. In 
consequence, we propose an alternate strategy which manages interrupts using Lazy 
EDF scheduling and try to adopt it on VxWorks. Here we have three tasks to simulate 
three interrupts I1, I2 and I3 respectively. They are K1, K2 and K3 where their priorities 
have relationship as follows: 

PK3 > PK2 > PK1  

Their parameters are set as shown in table 2: 

Table 2. Parameters of three tasks 

 Arrival T Service T Max. alive T Priority 
K1 1s 3s 3s PK1 
K2 3s 7s 10s PK2 
K3 8s 2s 4s PK3 
K3 11s 2s 4s PK3 

We first create three tasks synchronously. Then put them into sleep until their pre-
set trigger time is matched, i.e., put K2 to sleep for 3 seconds. The function of the task 
is very simple: just print message “intX is executing” onto the screen every second.  
Procedure in each task can be described as follows: 

− Put itself into sleep for Ta(x) seconds; 
− Nested interrupt count increase by 1; 
− Insert a new time node into TIMERNODE; 
− Get execution time of the current preempted ISR; 
− Interrupt entering scheduling; 
− If NON_SCH is returned, execute ISR function directly; 
− Delete time node; 
− Execute eoi function; 
− If NON_SCH, execute Interrupt exiting scheduling; 
− Nested interrupt count decrease by 1. 

After testing of the task simulation, none-EDF interrupt handling which is used by 
the conventional system bring a result like what is shown in fig. 2. Obviously our 
scheme improves the efficiency of the system for a large scale. It can be seen from the 
figure, I1 (simulated by K1) is preempted by I2, then by I3 and I4. So its real execution 
time is 14s though it only needs 3s to complete its job. Overtime makes its work 
meaningless. I2 is overtime as well. The performance of the system is really bad. In 
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improved system, EOI will be sent after scheduling immediately for not to prevent 
same level interrupt from entering. We augment time scale to second to see the result 
clearly so that a timer which has a precision of ms could be utilized. In real interrupt 
system, an accuracy timer about ns is needed. RDTSC instruction could get very 
precise time which could be machine clock rate in the X86 system. 

A more intuitionistic chart is fig. 5, the total time consumed by three simulated task 
is not changed compared with original system. But all three interrupts finish their 
work in time while two of them fail in the conventional system.  

Time1 1312111098765432 1817161514

Ta(1) Ta(2) Ta(3) Ta(4)

Tc(1)
Tc(2)

 

Fig. 5. Task simulation result using Lazy EDF algorithm 

5   Performance 

Performance of the algorithm is tested also using task simulation. The target machine 
is an IBM compatible PC with a Pentium CPU of 100MHz and RAM of 64MB, 
running an operating system - VxWorks. For time considering we set the time level to 
ms grade. In each ISR, execution timer is recorded. If it is overtime a global count 
will be increased. We set 5 tasks which have service time and other parameters as 
shown in table 3. We keep those tasks running for a fixed period on the original and 
improved systems respectively. The result can be seen in fig. 6. The left chart shows 
new algorithm can do more interrupts than traditional algorithm. The right chart 
shows new algorithm has less overtime interrupts than traditional algorithm. In 
conclusion, our scheme can improve the performance about 30% in situation that 
there are a good many interrupts and most of them have limited execution time while 
some of them could wait for execution for some time.  

The overhead of our algorithm lies in the time measurements of two features: the 
interrupt latency and the context switch time. Due to the scheme introduced additional 
codes the interrupt latency will slightly increase. The interrupt response time is 
variational due to different scheduling situation. It is around 10us in a Pentium 
100MHz/64M RAM PC system. The performance of the system maybe decreases 
when a lot of interrupts have very short service time and maximum alive time. At that 
time, a little increase to interrupt latency will lead to a vicious circle. Context-switch 
time will be affected as well. 
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Table 3. Parameters of five tasks 

IRQ Number 1 2 3 4 5 
Service time 990ms 150ms 1.9ms 1.8ms 1ms 
Lifecycle(Deadline) 4800ms 600ms 6ms 6ms 4.2ms 
Interrupt Frequency 12/60s 60/60s 3000/60s 3000/60s 4200/60s 
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Fig. 6. Performance contrast 

6   Conclusion 

Most embedded and parallel systems have many interrupt sources and these interrupts 
will occur asynchronously. When there are too many nested interrupts those in low 
level are likely to run out of time which leads to failure of their work. In this paper we 
presented a Lazy Earliest-Deadline-First handling scheme to provide schedulability to 
interrupt management of the parallel system. Its algorithm and architecture were 
discussed. A simulation using tasks was presented. Result of performance test which 
was carried out based on that simulation was given. It was proved that using Lazy 
EDF scheduling could greatly reduce interrupt failure caused by nested interrupts and 
enhance robustness of the real-time system. 

We tested our algorithm on a single processor PC using task simulation. We plan 
to deploy the scheme into real multiprocessor system, and do experiments using I/O 
IRQs. We are to produce those IRQs by signal generators. New features like mixed 
scheduling of interrupt and task is planed to be added. An over-head analysis will be 
given in detail in the next paper. 
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Abstract. We investigate the efficient storage of row-sorted 1-variant
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We discuss one such situation that arises in the design of efficient coarse-
grained parallel algorithms to find the LCS (longest common subsequence) of
two given strings composed by symbols of a given alphabet. Given two strings,
obtention of the longest subsequence common to both strings is an important
problem with applications in DNA sequence comparison, data compression, pat-
tern matching, etc. [10]. The LCS is a new string, of the longest possible length,
that can be obtained from the given strings by removing symbols from them such
that the resulting strings become the same. For example, given the input strings
helloworld and hollywood a longest common subsequence is hllwod, of length 6.
Another solution is hllood. So there may be more than one answer. Usually we
are interested in obtaining the length of the LCS.

The LCS problem, as other related problems such as the string editing
problem [7], can be modeled as a grid directed acyclic graph and solved by the
dynamic programming approach [4]. In the parallel solution derived from a tech-
nique from Lu and Lin [9], each processor needs to deal with an (m+1)× (n+1)
matrix, called a row-sorted 1-variant matrix, whose elements satisfy some inter-
esting properties, that we show in this section. In the next section, for the sake
of completeness and to make this paper as self-contained as possible, we give a
brief description of how this matrix is derived from the directed acyclic graph
that models the LCS problem.

We now show the properties of a row-sorted 1-variant matrix M of m + 1
rows and n+1 columns, with m > n. The elements of M are integers or contain
the special value ∞, with the following properties. (Figure 1 shows an example
row-sorted 1-variant matrix M .)

M(i, j) 0 1 2 3 4 5 6 7 8

0 0 1 2 3 4 5 6 8 9
1 1 2 3 4 5 6 8 9 ∞
2 2 3 4 5 6 8 9 13 ∞
3 3 4 5 6 8 9 11 13 ∞
4 4 5 6 8 9 11 13 ∞ ∞
5 5 6 7 8 9 11 13 ∞ ∞
6 6 7 8 9 11 13 ∞ ∞ ∞
7 7 8 9 11 13 ∞ ∞ ∞ ∞
8 8 9 10 11 13 ∞ ∞ ∞ ∞
9 9 10 11 12 13 ∞ ∞ ∞ ∞
10 10 11 12 13 ∞ ∞ ∞ ∞ ∞
11 11 12 13 ∞ ∞ ∞ ∞ ∞ ∞
12 12 13 ∞ ∞ ∞ ∞ ∞ ∞ ∞
13 13 ∞ ∞ ∞ ∞ ∞ ∞ ∞ ∞

Fig. 1. M is an example row-sorted 1-variant matrix with m = 13 and n = 8

1. All the rows are sorted in strict increasing order, that is, except the special
∞ value, there are no repeated numbers in each row.

2. For 0 ≤ i < m, all the elements in row i, except the first element, are also
present in row i + 1.
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3. For 0 < i ≤ m, all the elements present in row i + 1, with the exception of
one element (that may be any element), are also present in row i.

4. All the integer elements have value from 0 to m. When a row has less than n+
1 integer elements, it is completed with special ∞ symbols at the rightmost
positions.

We say that such matrices are row-sorted (because of property 1) and 1-variant
because of properties 2 and 3, in the sense that the set of elements of one row
differs only in one single element with the set of elements of the next row.

2 The Role of Row-Sorted 1-Variant Matrices in the LCS
Problem

In this section we discuss the LCS problem and one related problem called the
ALCS problem (defined below). Then we give a brief description of how row-
sorted 1-variant matrices arise during the design of parallel algorithms for these
problems. Details can be found in [2,4]. The reader can skip this section without
affecting understanding of this paper. Its purpose, however, is to motivate the
reader on the importance of efficient storage schemes for row-sorted 1-variant
matrices.

Consider a string of symbols from a finite alphabet. A substring of a string is
any contiguous fragment of the given string. A subsequence of a string is obtained
by deleting zero or more symbols from the original string. A subsequence can thus
have noncontiguous symbols of a string. Given two strings X and Y , the longest
common subsequence (LCS) problem finds the length of the longest subsequence
that is common to both strings. The all-substring longest common subsequence
(ALCS) problem finds the lengths of the longest common subsequences between
X and any substring of Y .

2.1 The Grid Directed Acyclic Graph G

Both the LCS and ALCS problems can be solved through a grid directed acyclic
graph G. Consider two strings X and Y of lengths m and n, respectively. As an
example, consider X = baabcbca and Y = baabcabcabaca. The grid directed
acyclic graph G has (m+1)×(n+1) vertices (see Figure 2). We number the rows
and columns starting from 0. All the vertical and horizontal edges have weight 0.
The edge from vertex (i − 1, j − 1) to vertex (i, j) has weight 1 if xi = yj. If
xi �= yj, this edge has weight 0 and can be ignored.

To simplify the presentation, from now on we will use G to denote the grid
directed acyclic graph. The LCS algorithm finds the length of the best path
between the upper left corner and the lower right corner of G. The more general
ALCS algorithm finds the lengths of the best paths between all pairs of vertices
with the first vertex on the upper row of G and the second vertex on the lower
row.

The vertices of the top row of G will be denoted by T (i), and those of the
bottom row of G by B(i), 0 ≤ i ≤ n. Given a string Y of length n with symbols
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a
c
b
c
b
a
a
b

(0, 0)
b a a b c a b c a b a c a

(8, 13)

Fig. 2. Graph G for the ALCS problem, with X = baabcbca and Y = baabcabcabaca.
The darker diagonal edges have weight 1 and the other edges weight 0.

y1 to yn, denote by Y j
i the substring of Y consisting of symbols yi to yj . Define

the cost or total weight of a path between two vertices as follows.

Definition 1 (Matrix C). For 0 ≤ i ≤ j ≤ n, C(i, j) is the cost or total weight
of the best path between vertices T (i) and B(j), representing the length of the
longest common subsequence between X and the substring Y j

i+1. If i ≥ j (Y j
i+1

is empty or nonexistent), then C(i, j) = 0.

Values of C(i, j) are shown in Figure 3. For example, C(0, 9) = 8. This means
the length of the longest common subsequence between X = baabcbca and Y 9

1 =
baabcabca is 8. However, note that C(0, 10) is also 8. That is, if we take one more
symbol of Y , the length of the longest common subsequence is still the same.
This leads to the next definition of M that deals with this leftmost position (in
the example, 9 and not 10) to achieve a fixed length value (in the example, 8).

C(i, j) 0 1 2 3 4 5 6 7 8 9 10 11 12 13

0 0 1 2 3 4 5 6 6 7 8 8 8 8 8
1 0 0 1 2 3 4 5 5 6 7 7 7 7 7
2 0 0 0 1 2 3 4 4 5 6 6 6 6 7
3 0 0 0 0 1 2 3 3 4 5 5 6 6 7
4 0 0 0 0 0 1 2 2 3 4 4 5 5 6
5 0 0 0 0 0 0 1 2 3 4 4 5 5 6
6 0 0 0 0 0 0 0 1 2 3 3 4 4 5
7 0 0 0 0 0 0 0 0 1 2 2 3 3 4
8 0 0 0 0 0 0 0 0 0 1 2 3 3 4
9 0 0 0 0 0 0 0 0 0 0 1 2 3 4
10 0 0 0 0 0 0 0 0 0 0 0 1 2 3
11 0 0 0 0 0 0 0 0 0 0 0 0 1 2
12 0 0 0 0 0 0 0 0 0 0 0 0 0 1
13 0 0 0 0 0 0 0 0 0 0 0 0 0 0

Fig. 3. C corresponding to G of Figure 2
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The values of C(i, j) have the following property. For a fixed i, the values of
C(i, j) with 0 ≤ j ≤ n form a nondecreasing sequence that can be given implicitly
by only those values of j for which C(i, j) > C(i, j − 1). This fact has been used
in the PRAM algorithm presented in[9] motivates the following definition.

Definition 2 (Matrix M). Consider G for the ALCS problem for the strings
X and Y . For 0 ≤ i ≤ n, M(i, 0) = i and for 1 ≤ k ≤ m, M(i, k) indicates the
value of j such that C(i, j) = k and C(i, j − 1) = k − 1. If there is no such a
value, then M(i, k) = ∞.

Implicit in this definition is the fact that C(i, j) ≤ m. For convenience, we define
M as a matrix with indices starting from 0. We denote by Mi the row i of M ,
that is, the row vector formed by M(i, 0), M(i, 1), . . . , M(i, m). As an example,
we again consider G of Figure 2. The values of M are shown in Figure 4.

M(i, k) 0 1 2 3 4 5 6 7 8

0 0 1 2 3 4 5 6 8 9
1 1 2 3 4 5 6 8 9 ∞
2 2 3 4 5 6 8 9 13 ∞
3 3 4 5 6 8 9 11 13 ∞
4 4 5 6 8 9 11 13 ∞ ∞
5 5 6 7 8 9 11 13 ∞ ∞
6 6 7 8 9 11 13 ∞ ∞ ∞
7 7 8 9 11 13 ∞ ∞ ∞ ∞
8 8 9 10 11 13 ∞ ∞ ∞ ∞
9 9 10 11 12 13 ∞ ∞ ∞ ∞
10 10 11 12 13 ∞ ∞ ∞ ∞ ∞
11 11 12 13 ∞ ∞ ∞ ∞ ∞ ∞
12 12 13 ∞ ∞ ∞ ∞ ∞ ∞ ∞
13 13 ∞ ∞ ∞ ∞ ∞ ∞ ∞ ∞

Fig. 4. M corresponding to the graph G of Figure 2

To understand the M matrix, consider M(i, k). Index i is the starting index
of the Y string at the top row of G. The value k is the desired length of the
common subsequence between X and the string Y starting at i. Consider G of
Figure 2. If we start from position i of the top row and proceed to the bottom
row at the position given by M(i, k) then we can get a path of total weight k.
Actually M(i, k) gives the leftmost position that gives the total weight k. Let us
illustrate this with an example. Since the length of string X is 8, the maximum
value we can expect for k is therefore 8. Let us consider M(0, 8) = 9. This means
the following: in the graph G of Figure 2, start from the index 0 of the top row
and take edges at either of the three directions: by taking the diagonal we get a
weight 1 while by taking the horizontal or vertical edges we get weight 0. Now
if we wish to have a total weight of 8, then the leftmost position at the bottom
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row will be 9. Thus we have M(0, 8) = 9. If we make i greater than 0 then we
compare X with the string Y starting at position i.

Matrix M has the following nice property [9]. For 0 ≤ i ≤ n−1, row Mi+1 can
be obtained from row Mi by removing the first element (Mi(0) = i) and inserting
just one new element. It can be shown that matrix M has all the properties of
a row-sorted 1-variant matrix. The parallel ALCS algorithm deals directly with
M and thus it is crucial that it has a compact representation for M and at the
same time provides quick access time. To the end, in the next sections, we explore
the similarity between rows of the M matrix and thereby reduce the amount of
space in the representation by eliminating redundancy. Another issue to have
a compact representation is that it reduces the communication time when this
data structure needs to be communicated among processors.

3 Two Inadequate Representations

3.1 The Näıve Representation

A row-sorted 1-variant matrix M with m+1 rows and n+1 columns can be stored
in a näıve and straightforward way in a two-dimensional (m+1)× (n+1) array,
using thus O(mn) space. In the comparison of biological sequences (e.g. DNA or
protein sequences), m and n can be very large and thus this storage scheme is not
adequate. The waste in space is obvious since the similarity between consecutive
rows is not taken into consideration. Some improvement can be achieved by using
linked lists or arrays with varying row lengths. The improvement, however, is
small.

3.2 The Linear-Space Representation

An obvious way that takes advantage of the fact that consecutive rows of M are
similar is as follows. Denote by Mi row i of M . Then M can be represented by
just its first row M0 and a vector V , indexed from 1 to m, that indicates the
new elements inserted in each row of M . With M0 and V , the original matrix
M can be reconstructed by simply reconstructing rows M1 through Mm−1. In
other words, for 0 ≤ i < m, row Mi+1 is obtained from row Mi by excluding its
first element and including a new element given by V (i + 1).

An additional property of the matrix M in the LCS problem is that all the
elements between 0 and m should appear. This allows the reconstruction of
M by using only the vector V , without the row M0, since this row is given
by the numbers not present in V . Whether using this additional property or
not, the representation of M is only of O(m), a drastic reduction in space. This
modest space requirement makes it suitable to be transmitted among processors.
However, there is a serious problem in this representation in that it does not
provide quick access to elements of the matrix M . Given indices i and j it is
desirable to obtain M(i, j) in constant time. Thus, once a processor receives V
it has to reconstruct the entire matrix M .
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k 1 2 3 4 5 6 7 8 9 10 11 12 13

V (k) ∞ 13 11 ∞ 7 ∞ ∞ 10 12 ∞ ∞ ∞ ∞

Fig. 5. V corresponding to the graph G of Figure 2

4 A Constant Access Time Representation

The straightforward 2-D array representation of M allows constant access time
with the high cost of O(mn) space. In this section we present a representation
of M that allows constant access time and uses O(m

√
n) space.

Loci · · ·
0 1 2 s − 1

Data of M · · · · · ·· · · · · · · · ·

Fig. 6. One row of M stored in memory in pieces. Loci denotes row i of the auxiliary
array Loc.

The elements of a single row of M are stored in the memory in pieces of size
s = �

√
n�. To access any piece of any row of M , we use an auxiliary m × s array

called Loc that takes O(m
√

n) space. Loc(i, j) indicates the address of the jth
piece of row Mi. Thus it is possible to access any element of M in an indirect
way. For example, to locate M(i, k), we first find the piece in which this element
is located. This is easily done by inspecting the value of k. We then locate this
piece by using Loci and finally locate the desired element in the piece located.
All this can be done in O(1) time. Figure 6 illustrates the use of Loc.

The total space requirement of this representation is only O(m
√

n) because
pieces of distinct rows can be overlapped in the memory, whereby taking ad-
vantage of the similarity among the rows. For this to be feasible, we need to
pay special attention during the construction of the representation of M . More
precisely, when two adjacent rows Mi and Mi+1 are divided into pieces, the
comparison of pieces of index i and j can give the following results:

– The two pieces are equal. This occurs in the final pieces of the two rows.
In this case, since matrix M is used only for queries, we can save space in
memory by using the same piece for both rows. In other words, we make
Loc(i + 1, j) = Loc(i, j).

– The two pieces are different, because the data inserted in row i + 1, that is
V (i+1), appears in piece j. In this case, it is necessary to create a new space
for the piece j of row i + 1.
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– The piece of row i + 1 is identical to that of row i, with the exception of a
shift to the left: the first element of the piece of row i is not present and the
last piece of row i + 1 is new. We can share the space of the piece of row i,
by making Loc(i + 1, j) = Loc(i, j) + 1, that solves the problem of skipping
the first element of row i. To add a new element at the end of the piece of
row i + 1, we copy this element in the space immediately after the piece of
row i.

Loci · · ·
0 1 2 s − 1

Data of M · · · · · · · · · · · · · · · · · ·

V (i + 1)

Loci+1 · · ·
0 1 2 s − 1

Fig. 7. Overlapping of the representation of rows Mi and Mi+1 in memory. The dark
color indicates data that are used only in the representation of Mi+1. The dash arrows
indicate copy of data.

The last case requires the existence of some empty space right after the mem-
ory space used to store a certain piece. To guarantee this, every time a memory
area is allocated to store a new piece (that is, when it is not possible to use the
data of a previous row), we allocate actually a space of size 2s, by using only the
first s first positions for the data of the piece and leaving the next s positions
empty. This allows the inclusion of up to s new elements on the right of this
piece. When this space is exhausted, a new piece of size 2s must be allocated.
Figure 7 illustrates how two rows of M can share space. A complete description
of this structure, including an analysis of the space used and the time for the
construction, is given in [1].

5 An O(log m) Access Time Representation

The storage scheme of the previous section is adequate to be used for parallel
algorithms in terms of access time. There are, however, situations in which a
reduced storage requirement is also very important, in addition to the access
time. An intermediate data structure to satisfy both requirements is given in
this section. It requires O(m log m) space, which is less than the O(m

√
n) space

of the previous section. However, the access time is O(log m), as opposed to the
constant time of the previous data representation.
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5.1 Row Representation

Each row of the matrix M is represented by a complete binary tree with 2k leaf
nodes, 2k ≤ m + 1 < 2k+1. Number the leaf nodes from 0 to 2k from left to
right. Each leaf node represents a number from 0 to 2k that may or may not be
present in the matrix row.

Each tree node contains an integer. Row i of M , or Mi, is represented as
follows. The leaf node j contains 1 if j is present in Mi or if j < i. If j ≥ i
and j does not belong to Mi, then the leaf node j contains 0. Each internal
node of the tree contains the sum of of its two sons. Figure 8 illustrates the tree
representation for row 2 of the example matrix M of Figure 1.

0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15
1 1 1 1 1 1 1 0 1 1 0 0 0 1 0 0

2 2 2 1 2 0 1 0

4 3 2 1

7 3

10

Fig. 8. Representation of row 2 of the example matrix M

With this representation, the following queries can be done in O(log m) time.

– Verifying if a number k is present on row Mi: it suffices to go down from the
root node of tree Mi to the leaf node corresponding to the number k and
check if its value is 0 or 1.

– Counting the number of elements of Mi less or equal to a certain number k:
as above, do a traversal from the root to the leaf node corresponding to the
number k and do a counting, starting with the count 0 at the root and, each
time the traversal proceeds to a right son of a certain node, add the value
of the left son to the count. When reaching the leaf node, add the value of
the leaf node and subtract i from the count. This operation is useful in the
context of the LCS problem.

– Querying the element M(i, j): do the counting as above, but instead of going
from the root towards a specific leaf node, use the count to direct the descent.
The objective is to reach the end with a count equal to j − i. This is similar
to a search in a binary search tree [8].

The space to store a single row of M is O(m). If all the rows were represented
in a straightforward way, without considering the similarities among the rows,
then the total space would be O(m2). We show in the following how to take
advantage of the row similarities so that their representation can be overlapped.
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5.2 Representation of the Entire Matrix

Given two consecutive rows Mi and Mi+1 of M , the only difference in the leaf
nodes of their tree representations is the one that indicates the inclusion of
element V (i + 1), by changing the value of the leaf node V (i + 1) from 0 to 1.
The exclusion of the first element of V (i) does not need to be represented in the
leaf nodes, since the leaf node i will be ignored in the accesses to the row Mi+1.
Furthermore, the tree representations of the two rows will differ in the values of
the nodes between the leaf node V (i + 1) and the root.

0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15
1 1 1 1 1 1 1 0 1 1 0 1 0 1 0 0

2 2 2 1 2 1 1 0

4 3 3 1

7 4

11

Fig. 9. Representation of row 3 of the example matrix M . The nodes joined by darker
lines were created specifically for row 3, the other nodes were already used in row 2.
The dash lines join the new and old nodes.

In this way, we can construct the representation of Mi+1 by sharing the entire
tree of Mi, with the exception of the nodes on the path from the root to the
leaf node V (i + 1). The additional space required is only O(log m) and the
construction takes O(log m) time. Figure 9 shows the representation of row 3 of
the example matrix M of Figure 1.

The complete structure takes O(m log m) space and can be constructed in
O(m log m) time. It is an acyclic directed graph, with the roots of the several
trees as origins (sources) and the leaf nodes as destinations (sinks).

This new scheme constitutes a trade-off between space requirement, access
time, and construction time.

6 Related Work

In [11] Tiskin considers the sequential ALCS algorithm proposed by Alves et al.
[5,3] and proposes a sequential algorithm to solve the all semi-local longest com-
mon subsequence problem, which is a generalization of the ALCS problem. In
addition to computing the lengths of the longest common subsequence (LCS)
between one given string and all the substrings of the other given string, it
also computes the lengths of the LCS of all prefixes of one string with all the
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suffixes of the other string. His sequential algorithm is also based on the row-
sorted 1-variant matrix M . He defines a characteristic matrix which is basically
an extended M by considering an extended grid directed acyclic graph and
defining the region outside the original grid directed acyclic graph G in such
a way that the more general semi-local LCS problem can be solved in an ele-
gant way. He proposes an O(m + n) space representation for this characteristic
matrix. Compared to Tiskin‘s proposal, the data structure proposed in this pa-
per is simpler. We should observe, however, that Tiskin solves a more general
problem.

7 Conclusion

In this paper we present three data structures to represent a certain class of
matrices called the row-sorted 1-variant matrices. Fig. 10 summarizes the results
of this paper, indicating the representation, the space requirement and the access
time.

Representation Data structure Space requirement Access time
Näıve 2-D array O(mn) O(1)
Linear space Row M0 and V O(m) O(m)
Constant time Loc and each row in

√
n pieces O(m

√
n) O(1)

Log time Binary tree O(m log m) O(log m)

Fig. 10. Comparison of the storage representations of (m + 1) × (n + 1) row-sorted
1-variant matrix M

The three storage structures present different space and access time char-
acteristics. Row-sorted 1-variant matrices appear under the context of parallel
algorithms design for string processing applications, e.g. the obtention of the
LCS (longest common subsequence) of two strings and related problems [4]. For
this problem, each of the three data structures plays an important role: the
linear representation, using the row M0 and a vector V , is used in the com-
munication among processors; the constant access time representation is used
in local computations in the processors, and the binary tree representation as
a compromise between both the space and access time requirements. Another
string processing problem that can use the proposed binary tree representation
is the string alignment problem with non-overlapping inversions [6]. This data
structure is shown to be adequate and constitutes a nice balance between access
time, representation construction time, and space requirement.

It may seem that the results presented here do not appear to be general and
apply strictly to the mentioned string processing problems. They nevertheless
illustrate the necessity to choose adequate data structures in the design of effi-
cient parallel algorithms. It is crucial to take advantage of the characteristics of
the data used, regarding e.g. redundancy and symmetries, and thereby choosing
a storage scheme that is more suitable for the parallel application.
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Abstract. Data cube has been playing an essential role in OLAP (online 
analytical processing). The pre-computation of data cubes is critical for improving 
the response time of OLAP systems. However, as the size of data cube grows, the 
time it takes to perform this pre-computation becomes a significant performance 
bottleneck. In a high dimensional OLAP, it might not be practical to build all 
these cuboids and their indices. In this paper, we propose a parallel hierarchical 
cubing algorithm, based on an extension of the previous minimal cubing 
approach. The algorithm has two components: decomposition of the cube space 
based on multiple dimension attributes, and an efficient OLAP query engine 
based on a prefix bitmap encoding of the indices. This method partitions the high 
dimensional data cube into low dimensional cube segments. Such an approach 
permits a significant reduction of CPU and I/O overhead for many queries by 
restricting the number of cube segments to be processed for both the fact table and 
bitmap indices. The proposed data allocation and processing model support 
parallel I/O and parallel processing, as well as load balancing for disks and 
processors. Experimental results show that the proposed parallel hierarchical 
cubing method is significantly more efficient than other existing cubing methods. 

Keywords: data cube, parallel hierarchical cubing algorithm (PHC), high 
dimensional OLAP. 

1   Introduction 

Data warehouses integrate massive amounts of data from multiple sources and are 
primarily used for decision support purposes. They have to process complex 
analytical queries for different access forms such as OLAP (on-line analytical 
processing), data mining, etc. OLAP refers to the technologies that allow users to 
efficiently retrieve data from the data warehouse for decision support purposes [1]. A 
lot of research has been done in order to improve the OLAP query performance and to 
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provide fast response times for queries on large data warehouses. Efficient indexing 
[2], materialization [3] and data cubing [4] are common techniques to speed up the 
OLAP query processing.  Many efficient cube computation algorithms have been 
proposed recently, such as BUC [5], H-cubing [6], Quotient cubing [7], and Star-
cubing [8]. However, in the large data warehouse applications, such as bioinformatics, 
the data usually has high dimensionality with more than 100 dimensions. Since data 
cube grows exponentially with the number of dimensions, it is generally too costly in 
both computation time and storage space to materialize a full high-dimensional data 
cube. For example, a data cube of 100 dimensions, each with 100 distinct values, may 
contain as many as 101100 cells. If we consider the dimension hierarchies, the 
aggregate cell will increase even more tremendously. Although condensed cube [9], 
dwarf cube [10], or star cubes [8] can delay the explosion, it does not solve the 
fundamental problem [11]. The minimal cubing approach from Li and Han [11] can 
alleviate this problem, but does not consider the dimension hierarchies and cannot 
efficiently handle OLAP queries. In this paper, we develop a feasible parallel 
hierarchical cubing algorithm (PHC) that supports dimension hierarchies for high-
dimensional data cubes and answers OLAP queries efficiently. The algorithm 
decomposes a multi-dimensional hierarchical data cube into smaller cube segments. 
This proposed data allocation and processing model supports parallel I/O and parallel 
processing as well as load balancing for disks and processors. This proposed cubing 
algorithm is an efficient and scalable parallel processing algorithm for cube 
computation. 

2   Shell Parallel Prefix Cube Segmentation 

2.1   Cube Segmentation 

We proposed a decomposition scheme that partitions a high dimensional data cube 
into low dimensional shell cube segments with support for dimensional hierarchies.  

In the data warehouse, a cube C is formally defined as the following (n+m)-tuple: 
C=(D1,...,Dn, M1, ...,Mm) where Di, for 1<= i <=n, is a dimension and Mj, for 1<= j 
<=m, is a measure. Each dimension Di containing the hierarchical attributes 

{ i
h

ii LLL ,,, 21 L } ( iL1  being the most aggregated level and i
hL  the most detailed one), 

where i
jL  is the level j dimension hierarchy of the dimension Di. 

To illustrate the method, a tiny warehouse, Table 1, is used as a running example.  

Table 1. A Sample Warehouse with Two Measure Values 

Class Item Product Country Province City Year Month Day Count Num
1 Class1 Item1 Exploder China Jiangsu Nanjing 1998 1 1 1 20

2 Class1 Item1 Exploder China Jiangsu Nanjing 1998 1 2 1 60

3 Class1 Item1 Exploder China Jiangsu Yangzhou 1998 1 2 1 40

4 Class1 Item1 Exploder China Jiangsu Yangzhou 1998 1 3 1 20

… … … … … … … … … … … …

367 Class1 Item1 Exploder China Jiangsu Nanjing 1999 1 2 1 60

… … … … … … … … … … … …

Measure 
TID

DimProduct dimRegion dimTime
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In Table 1, the original cube PRT have three dimensions, such as (P,R,T). From the 
RPT Cube, we would compute eight cuboids: {(P,R,T),(P,R,All),(P,All,T), (All,R,T), 
(P,All,All), (All,R,All), (All,All,T), (All,All,All)}. For a cube of d dimensions, it will 
create 2d cuboids. If we consider the dimension hierarchies of each dimension, the 
cube will create ∏

=

+
d

i
ih

1

)1(  cuboids (where ih  is the number of hierarchy levels of 

dimension Di). For example, the RPT cube in Table 1 has three dimensions: 
DimProduct,DimRegion and DimTime. The DimProduct dimension has three 
hierarchies as (Class,Item,Product), the DimRegion dimension has three hierarchies 
as (Country,Province,City), and the DimTime dimension has three hierarchies as 
(Year,Month,Day).Thus,this cube will generate 

64)13(*)13()13()1(
1

=++∗+=+∏
=

d

i
ih

 

cuboids such as {(Product,City,Day), (Product,City,Month), (Product,City,Year), 
(Product,City,All) ,..., (All,All,All)}. 

There is a substantial I/O overhead for accessing a fully materialized data cube. 
Cuboids are stored on disk in some fixed order, and that order might be incompatible 
with a particular query. Processing such queries may need a scan of the entire 
corresponding cuboids. One could avoid reading the entire cube if there are multi-
dimensional indices constructed on all cuboids. But in a high-dimensional warehouse 
with many cuboids, it may not be practical to build all these indices. Furthermore, 
reading via an index implies random access for each row in the cuboids, which could 
turn out to be more expensive than a sequential scan of the raw data. 

A partial solution, which has been implemented in some commercial data 
warehouse systems, is to compute a thin shell cube. For example, one might compute 
all cuboids with 3 dimensions or less in a 30-dimensional data cube. There are two 
disadvantages to this approach. First, it still needs to compute 1

30
2
30

3
30 CCC ++ = 4525 

cuboids, and it needs compute 2h* 1
30

2
30

3
30 CCC ++ =23*4525=36200 cuboids while we 

consider each dimension has h=3 levels dimension hierarchies. 
In this paper, we propose to partition all the dimensions of the high-dimensional 

cube into independent groups, called Cube segments. For example, for a warehouse of 
30 dimensions, D1, D2,...,D30, we first partition the 30 dimensions into 10 Cube 
segments of size 3: (D1,D2,D3), (D4,D5,D6),...,(D28,D29,D30).For each cube segment, 
we compute its full data cube. For example, in Cube segment(D1,D2,D3),we compute 
eight cuboids:{(D1,D2,D3), (D1,D2,All),(D1,All,D3),(All,D2,D3),(D1,All,All), 
(All,D2,All),(All,All,D3), (All,All,All)}. If we consider each dimension of the cube 
(D1,D2,D3) has three hierarchies as D1( 1

3
1
2

1
1 ,, LLL ),D2( 2

3
2
2

2
1 ,, LLL ),D3( 3

3
3
2

3
1 ,, LLL ),we 

compute 64 cuboids:{( 3
3

2
3

1
3 ,, LLL ),( 3

2
2
3

1
3 ,, LLL ),...,(All,All,All)}. 

For a base cube of 30 dimensions, there are only 8×10 = 80 cuboids to be 
computed according to the above shell segment partition, while we consider the each 
dimension has three hierarchies there are 64×10 = 640 cuboids to be computed. And 
comparing this to 4525 cuboids for the cube shell of size 3 and 4525×8=36200 
cuboids while we consider each dimension has h=3 levels dimension hierarchies, the 
saving is significant. 
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2.2   Bitmap Indexing and Its Prefix Encoding 

To index the data, we employ a bitmap join index called dimension hierarchical 
encoding on the higher-cardinality dimensions dimProduct, dimRegion and dimTime. 
This is illustrated in Table 4 for the dimTime dimension where we use separate bit 
sub-patterns to encode Years, Months within Years, Days within Months etc. We only 
need 12 bits to identify a particular TimeID so that the index only consists of 12 bits 
instead of 1,860 bits needed for simple bitmaps. Therefore, to locate all fact rows of a 
specific time, we need to evaluate only 12 bitmaps (which we will access in parallel). 
The encoded bitmap indices on dimProduct and dimRegion need 16 and 16 bitmaps, 
respectively. 

For each dimension Di, each hierarchy level i
jL  is encoded as 

B
i
jL :dom( i

jL )→{<bk-1... bi...b0>|bi ∈ {0,1},i=0,...,k-1}.The dimension hierarchical 

encoding B iD  of each member on the dimension Di is defined as follows.  

B iD = (...((B
iL1 <<Bit iL2

|B
iL2 )<<Bit iL3

|B
iL3 )...)<<Bit i

hL |B
i
hL   

Where k is the bit number of the hierarchy level i
jL  on the dimension Di . k can be 

computed by k =Bit i
jL = ⎡ ⎤m2log , where m= |)(|max i

jL  is the max number of the 

distinct member of the hierarchy i
jL . B

i
jL  is the encoding of the level of every 

hierarchy on the dimension Di and Bit i
jL  is the bit number of the B

i
jL . 

We can create the DimTime, dimRegion and dimProduct dimension hierarchy 
encoding shown in Table 2, Table 3 and Table 4. 

Table 2. DimTime dimension hierarchy encoding 

TimeID Year Month Day BTimeID 
 yyy mmmm ddddd yyymmmmddddd 

1 98 Jan 1 001000100001 
2 98 Jan 2 001000100010 
3 98 Jan 3 001000100011 

… … … … … 
367 99 Jan 1 010000100011 
… … … … … 

Table 3. The dimRegion Dimension Hierarchy Encoding 

RegionID Country Province City BRegionID 
 uuuuuuu vvvvv cccc uuuuuuuvvvvvcccc 

1 China Jiangsu Nanjing 0000001000010001 
2 China Jiangsu Yangzhou 0000001000010010 

… … … … … 
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Table 4. The dimProduct Dimension Hierarchy Encoding 

ProductID Class Item Product BProductID 
 gggg aaaa pppppppp ggggaaaapppppppp 

1 Class1 Item1 Exploder 0001000100000001 
2 Class1 Item1 Exploder 0001000100000010 
… … … … … 

In Table 1, the dimension DimTime has three hierarchy levels {Year,Month,Day}. 
The BitYear of the hierarchy level Year is BitYear = ⎡ ⎤|)max(|log2 Year = ⎡ ⎤5log 2

=3 bit. 

The BitMonth of the hierarchy level Month is BitMonth = ⎡ ⎤|)max(|2 monthlog  

= ⎡ ⎤122log =4 bit. The BitDay of the hierarchy level Day is BitDay 

= ⎡ ⎤|)max(|2 daylog = ⎡ ⎤312log =5 bit. The BitTime of the dimension DimTime is BitTime = 

BitYear+ BitMonth + BitDay= 12 bit. It is smaller than the integer encoding. 
The dimension hierarchical encoding of the member “1999.Jan.2” on the 

dimension DimTime is 010000100010. It consists of BYear=1999BMonth=1BDay=2 and is 
computed by B1999.Jan.2=(BYear=1999<<BitMonth|B

Month=1)<<BitDay|B
Day=2  =(010<<4|0001)

5|00010 =010000100010. 
By using the prefix bitmap encoding for dimensional hierarchies, we can register a 

list of tuples IDs (tids) associated with the dimension members for each dimension. 
For example, the TID list associated with the dimProduct, dimRegion and dimTime 
dimension are shown in Table5, Table 6 and Table 7. 

To compute a data cube for this warehouse with the measure avg(), we need to 
have a tid-list for each cell: {tid1,..., tidn}. Because each tid is uniquely associated 
with a particular set of measure values, all future computations just need to fetch the 
measure values associated with the tuples in the list. Table 8 shows what exactly 
should be kept, which is substantially smaller than the warehouse itself. 

 
 
 
 
 
 
 
 
 
 
 

Table 8. TID-measure array of Table 2 

tid Cnt Num 
1 1 20 
2 1 60 
3 1 40 
4 1 20 
… … … 

367 1 60 
… … … 

Table 6. dimRegion dimension TID 

BRegionID TID List 
0000001000010001 1-2-367 
0000001000010010 3-4 

… … 

Table 5. dimProduct dimension TID 

BProductID TID List 

0001000100000001 1-2-3-4-367 

… … 

Table 7. dimTime dimension TID 

BTimeID TID List 
001000100001 1 
001000100010 2-3 
001000100011 4 

… … 
010000100001 367 

<<



 PHC: A Rapid Parallel Hierarchical Cubing Algorithm on High Dimensional OLAP 77 

3   Parallel Hierarchical Cubing Algorithm 

3.1   Parallel Hierarchical Cubing Algorithm 

The data cube can be distributed across a set of parallel computers or Grid hosts by 
parallel constructing the Cube segments. Therefore, for the end-user and other 
potential applications, we consider this data cube as one large virtual cube, which is 
distributed across a set of parallel computers or Grid hosts, which manage the 
creation, updates and querying of the associated cube portions. To develop 
appropriate scheduling mechanisms for these management tasks, we consider that the 
virtual cube is split into several smaller parts, called Cube segments. But a Cube 
segment could furthermore also be split into smaller segments and so on, till we 
achieve the level of chunks. They can then be assigned to parallel computers or Grid 
hosts, having sequential or parallel computing power, which are responsible for their 
management. The algorithm for shell prefix cube segment parallel computation can be 
summarized as follows. 

Algorithm 1. Parallel computation of shell cube segments 
{/*Input: A base cuboid BC of n dimensions:(D1; ... 
;Dn). 
Output: (1) A set of Cube segment partitions {P1;..., 
Pk} and their corresponding (local)  Cube segments 
{CS1; ... ; CSk}, where Pi represents some set of 
dimension(s) and P1U ...U  Pk are all the n 
dimensions, and (2) an ID measure array if the 
measure is not tuple-count such as {sum, avg}.*/ 

 partition the set of dimensions :(D1; ... ;Dn) into a 
set of k Cube segments {P1;..., Pk}; 
scan base cuboid BC once and do the following with 
parallel processing 

{insert each <tid, measure> into ID-measure 
array; 
for each attribute value ai of each dimension Di 

build an dimension hierarchy encoding index 
entry: <B: TID list>;} 

parallel processing all segment partition Pi as follows 
build a local  Cube segments CSi by intersecting 

their corresponding tid-lists and computing 
their measures; 

} 

We can parallel construct the high dimensional cube with the Cube segments 
parallel construction. The system architecture of these shell Cube segment parallel 
construction is shown in Figure 1. 

The Cube Constructor reads one tuple after the other, passes over the items to the 
index warehouse, retrieves its global index and then passes the (raw) measure and its 
associated global index to the data cube structure. The Querying Cube operator is 
some kind of highly sophisticated, recursively nested loops for aggregation of 
measures. Because the number of computational operations of nested aggregation 
depends on the size of the dimensions and thereby on the order in which dimensions 
are aggregated, the engine uses a kind of query plan optimization to select dimensions 
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in a “good” way. The procedure of dimension selection is done by traversing a tree 
which in literature usually is called the cube lattice(see Figure 2) . The task of 
aggregation is realized sequentially by loading one chunk after the other and 
aggregating them one by one. 

Warehouse Cube 
Constructor

Cube Index Cube operator OLAP Query 

Cube Segment 1 

P1

Construction Querying 

DHE Index 
...

Connection handling 

Cube Segment 2 

P2

Construction Querying 

DHE Index

Cube Segment m 

Pm

Construction Querying 

DHE Index

 

Fig. 1. The System Architecture of Parallel Construction of Shell Cube Segments 
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D4D6

D4D5D6
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Fig. 2. Cube Segment Parallel Construction and CS1 Cube Lattice 

3.2   Efficient OLAP Query  

Based on the bitmap indexing, we can efficiently retrieve the matching hierarchy 
levels of each dimension, evaluate the set of query ranges for each dimension, and 
improve the efficiency of OLAP queries. A key property of our encoding is that it is a 
prefix indexing scheme that allows one to quickly retrieve a path prefix for each 
dimension. 

The path prefix of the member i
kd  of the hierarchy level i

jL  is defined as 

DMPrefixpath DTree, i
kd ) = 1

ij=∪ DMPrefixpath (DTree,Parent ( j
kd )) ={ Ancesto 

r( i
kd )}, where  Ancestor ( i

kd ) is the all ancestors of the member i
kd  according to its 
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dimension hierarchy tree. The encoding prefix of the member i
kd  is defined as 

Bprefix (B
i
kd , i

mL 1− ) = B
i
kd >>∑ =

j

ml

(Bit i
lL ), where m={1, ...,j}.  

Example 2. In the above example, the path prefix of the member “1999.Jan.2” on the 
dimension DimTime is DMPrefixpath(DTimeTree, 1999.Jan.2)={1999.Jan, 1999}. Its 
encoding prefix on the hierarchy Month is BPrefix(B1999.Jan.2,Month)= B1999.Jan= 
B1999.Jan.2>> BitDay=010000100010>>5=0100001. Its encoding prefix on the hierarchy 
Year is BPrefix(B1999.Jan.2,Year)= B1999= B1999.Jan.2>> (BitDay+ BitMonth) = 
010000100010>>(5+4)=010. 

By using the path prefix, we can register the dimension hierarchy encoding and its 
TID list for every dimension hierarchy level. For example, the dimension hierarchy 
encoding and its TID list associated with the dimension hierarchies Month and 
Province are shown in Table 9 and Table 10. 

Table 9. Month hierarchy encoding Prefix AND its TID 

BTimeID Bprefix(BTimeID,Month) TID List 
001000100001 
001000100010 
001000100011 

0010001 1-2-3-4 

… … … 

Table 10. Province hierarchy encoding Prefix AND its TID 

BRegionID Bprefix(BRegionID,Province) TID List 
0000001000010001 
0000001000010010 

000000100001 1-2-3-4-367 

… … … 

For each shell Cube segment, we compute the complete data cube by intersecting the 
TID-lists in the dimension and its hierarchies in a bottom-up depths-first order in the 
cuboid lattice (as seen in [8]). For example, to compute the cell {0001000100000001, 
0000001000010001, 0010001 }, we intersect the TID lists of BProductID 
=0001000100000001, BRegionID =0000001000010001, and Bprefix(BTimeID,Month)= 
0010001 to get a new list of {1,2}. Cuboid (Product,City,Month) and Cuboid 
(Product,Province,Month) are  shown in Table 11 and Table 12. 

Table 11. Cuboid (Product,City,Month) 

Cell Measure 

BProductID BRegionID 
Bprefix(BTimeID

,Month) 

Intersection 
TID 
List Cnt Num 

0001000100000001 0000001000010001 0010001 1-2-3-4-367∩1-2-367∩1-2-3-
4 

1-2 
2 80 

0001000100000001 0000001000010001 0100001 1-2-3-4-367∩1-2-367∩367 367 1 60 

0001000100000001 0000001000010010 0010001 1-2-3-4-367∩3-4∩1-2-3-4 3-4 2 60 

0001000100000001 0000001000010010 0100001 1-2-3-4-367∩3-4∩367 Ф 0 0 

… … … … … … … 
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Table 12. Cuboid (Product,Province,Month) 

Cell Intersection TID  Measure 

BProductID Bprefix(BRegionID 

,Province) 
Bprefix(BTimeID

,Month) 
 List Cnt Num 

0001000100000001 000000100001 0010001 1-2-3-4-367 1-2-3-4-367 1-2-3-41-2-3-4 4 140 

0001000100000001 000000100001 0100001 1-2-3-4-367 1-2-3-4-367 367 367 1 60 

… … … … … … …  

4   Performance Study 

In this section, we perform a thorough analysis of these costs. In our experimentation 
we generated a large number of synthetic data sets which in terms of the following 
parameters: d— number of dimensions, ih — number of hierarchy levels of 

dimension Di, m— maximum number of distinct members of the hierarchy i
jL , T—

number of tuples , f — size of the shell cube segment.The entire shell Cube segment 
will create ∑

=

f

i

i
f fdC

1

/* =(2f*d/f) cuboids and needs O(T*∑
=

f

i

i
f fdC

1

/* )=O(T* (2f*d/f)) 

storage space, while the partial cube will create ∑
=

f

i

i
dC

1

cuboids needs O(T* ∑
=

f

i

i
dC

1

) 

storage space, and the full cube will create 2d cuboids and needs O(|T|*2d) storage 
space. If we consider each dimension has h hierarchies, our parallel hierarchical 
cubing (PHC) method will create ∏

=

+
f

i
i fdh

1

/*)1( = ((h+1)f*d/f) cuboids, while the 

minimal cubing method will create ∑ ∑
= =

f

i

h

j

j
h

i
f fdCC

i

i
1 1

/*)(  =(2f+h*d/f) cuboids. Our 

parallel hierarchical cubing (PHC) method needs O (T*((h+1)f*d/f)* ⎡ ⎤m2log /8) 

storage space, while the minimal cubing method needs O(T*(2f+h*d/f)* ⎡ ⎤m10log ) 

storage space. 
The performance results of parallel hierarchical cubing (PHC) and the minimal 

cubing are reported from Figure 3 to Figure 6. Figure 3 shows the storage size of the 
two methods on the cube had T=106 tuples and h =1 level hierarchy and with shell 
fragment size f=3, and the storage size of the two methods on the cube had h=3 levels 
hierarchies is shown in the Figure 4[From the result of the minimal cubing of Li’s and 
Han’s [11], the shell fragment size f is between 2 and 4 is a reasonable range. So we 
mostly consider the shell fragment size is f=3.]. Figure 5 shows the average I/O page 
access for online query of the two methods on the cube had different levels of 
hierarchy and with shell fragment size f=3 and T=106 tuples. Figure 6 shows the time 
needed to compute the shell Cube segments with fragment size f=3. 

The analytical results show the method of Cube segments has more efficient than 
other cube such as partial cube and full cube. The Figure 3 - Figure 6 show the 
performance of the parallel hierarchical cubing (PHC) method is more efficient than 
the other existed leading cubing algorithms such as minimal cubing. 
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Fig. 3. Storage Size of Shell Segment h=1         Fig. 4. Sorage Size of Shell Segment h=3 
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           Fig. 5. Average I/Os with f=3                           Fig. 6. Cube segments computation  

5   Conclusions 

Data cube has been playing an essential role in fast OLAP in many multi-dimensional 
data warehouses. The pre-computation of data cubes is critical to improving the 
response time of OLAP systems. But in a high-dimensional OLAP (such as the 
applications of bioinformatics and statistical analysis, etc.), it might not be practical to 
build all these cuboids and their indices. We have proposed a novel approach for 
OLAP in high-dimensional datasets with a moderate number of tuples. It partitions a 
high dimensional cube into a set of disjoint low dimensional cubes (i.e., shell cube 
segments). Using a prefix bitmap indexing and pre-aggregated results, OLAP queries 
are computed online by dynamically constructing the cuboids from these cube 
segments. We have experimentally compared the proposed parallel hierarchical 
cubing method with the other existing cubing algorithms such as partial cubing and 
minimal cubing. The analytical and experimental results show that the proposed PHC 
algorithm is significantly more efficient in time and space than the other leading 
cubing methods on large data warehouses. 
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Abstract. A time and interaction coordination model is presented to address the 
dynamic changes of interaction topology and real-time constraints among 
autonomous entities in open distributed timing computation. Driven by events, 
the model distinguishes between three kinds of entities: time coordinators, 
interaction coordinators and computation entities, which are separated from 
traditional autonomous entities based on the separation of concerns. A time 
coordinator is responsible for controlling real-time behaviors; an interaction 
coordinator is to coordinate interaction and reconfigure interconnection 
topology among computation entities; a computation entity is only responsible 
for performing pure computation. An implementation framework is additionally 
suggested based on Java Message Service and EJB technology. Finally, an 
application to a vehicle navigation system is presented, including several traffic 
control centers, a GPS and a navigator. It illustrates how the model and the 
framework can be used to achieve both the interaction topology and the timing 
constraints. 

Keywords: distributed timing computation, coordination model, real-time, 
separation of concerns, message, event. 

1   Introduction  

In open distributed computation environment such as Internet, the system may 
demand to add or reduce autonomous and mobile components or entities meanwhile 
the entities may enter or leave the system. These frequent changes make distributed 
computation system more dynamic, uncertain, and real-time requirements more 
difficult satisfy. Hence, a significant challenge in designing distributed real-time 
computation system is to design coordination mechanisms that allow the satisfaction 
of real-time behaviors while allowing a dynamic interconnection topology. However, 
past research in this area has often concentrated on either supporting coordination 
with real time constraints or supporting dynamic interconnection topology alone. Few 
                                                           
∗ Supported by the State Scholarship Foundation, China (Grant No.2003813003). 



84 L. Shen et al. 

researches have aimed at providing a model for discussing and expressing the real-
time and the reconfiguration as well as their relationship. 

While open systems embed computation and interaction logics, traditional program 
paradigms have usually been computation-centric, where interaction logic and timing 
constraints are intertwined with pure computational functionalities, where application-
specific coordination logic is hard coded in the components. Hence, it becomes 
increasingly expensive to change functionality, timing constraints and interconnection 
topology.  

To overcome the shortcomings above, we present a time and interaction 
coordination model, in which the three categories of entities: time coordinators, 
interaction coordinators, and computation entities, are separated from traditional 
entities based on the separation of concerns. A time coordinator is responsible for 
controlling real-time behaviors and imposing the desired timing constraints on 
computation entities; an interaction coordinator is used to build communication 
connections and reconfigure interconnection topology among computation entities as 
needed; and finally computation entities accomplish the pure function of the system. 
Because computation entities are freed from interaction and timing concerns, and the 
coordinators are restricted to accomplish coordination behaviors, they can be modeled 
and designed independently. The model not only simplifies the design of open 
distributed computing applications, but also upholds the reusability, dynamic 
adaptability and reconfiguration of both computational entities and coordinators. 

The rest of the paper is organized as follows: section 2 discusses related work. 
Section 3 discusses the model in detail. Section 4 gives an implementation framework 
by using the Java Message Service and the EJB technology. Section 5 illustrates an 
application of the model through a vehicle navigation example. At the end, section 6 
concludes the paper and presents future research work. 

2   Related Work 

The software coordination is the process of building interconnection among 
autonomous entities, controlling and constraining their interaction activities, and 
making them work harmoniously. A coordination model materializes software 
coordination technology, which is the glue that binds a group of separate activities 
together and provides a framework for expressing interaction among coordinated 
entities [8].  

"Separation of concerns" has long been recognized as an important principle for 
handling software complexity [2], [11] since 1970’s. Coordination models and its 
languages have been classified as in two major categories [8], data-driven and 
control-driven. A data-driven model provides a shared data space and a set of 
primitives for the computation components to manipulate data in the space that is 
content-addressable; while in the control-driven models, coordination components 
that are usually completely separated from the computation. In data-driven models, at 
least stylistically and linguistically, there exists a mixture of coordination and 
computation codes. 

Data-driven models are exemplified by Linda [1],[3], in which tuple spaces work 
as passive information storage and active entities determine which messages can be 
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put into or picked up. The activity in a data-driven application tends to center around 
a substantial body of shared data; the application is essentially concerned with what 
happens to the data. However, the data-driven coordination is not able to control data 
flow because ability to control data flow is distributed inside entities.  

The control-driven model addresses some of the shortcomings in the data-driven 
model. As an example in [6],[9], Papadopoulos and Arbab (1998) presented the IWIM 
model and corresponding language MANIFOLD where the application’s activity is 
centered on the explicit control flow between the activities that consume input data, 
and subsequently produce, remember, and transform this data.  

In aspects of real-time coordination, [5], [7] and [10] gave approaches dependent 
on underlying system architecture or real-time languages to impose real-time 
constraints. They did not discuss real-time, interaction issues and their relations at the 
same time. 

3   A Time and Interaction Coordination Model 

3.1   Separation of Concerns 

Open real-time distributed systems, such as onboard navigation systems, traffic 
control systems and control systems in airplanes, have three main characteristics. 
They are: (1) dynamic, the communication topology among autonomous entities 
within a system that changes frequently; (2) real-time aware, there are some timing 
constraints imposed on some behaviors; (3) functional, the systems are designed to 
execute tasks and achieve goals. Based on the "separation of concern" principle, the 
concerns in these three aspects can be designed to be orthogonal to each other, and 
they are specified and modelled independently as time coordinators, interaction 
coordinators and computation entities. A Time and Interaction Coordination (TIC) 
Model is induced shown as Fig. 1. During running time, these entities are combined 
together by coordinators without introducing new functionalities into computation 
entities.  

Interaction
Coordinator

Computation
Entity N

Computation
Entity 1

Time
Coordinator

Computation
Entity i

Coordinators

 

Fig. 1. Separation of computation and coordination in model TIC 

3.2   Event-Driven Coordination and Message Connection 

In the TIC model, inspired by the control-driven approach, there are two types of 
communication media: messages and events. Messages are only generated by  
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computation entities, which transmit computation information through message 
channels built by the interaction coordinators point-to-point and asynchronous 
communication. Events can yield at computation entities or coordinators and they 
transmit control information to tell what is happening in the event source, which are 
broadcast and almost instant. Different from the events in MANIFOLD, the TIC 
model’s events can carry simple parameters. In principle, any active entity in the 
environment can pick up a broadcast event and react to that event asynchronously, but 
in practice an observer is only interested in a subset of events. The events at higher 
level should not be of interest to the entities at lower level.  

There is also an event mechanism for information exchange. When an observer at 
the current state observes an occurrence of some specific event, the event triggers the 
observer to enter another state and perform some actions. Once an event has been 
raised, its source generally continues with its activities, while the event occurrence 
propagates through the environment independently and is observed by other entities 
according to each observer’s own sense of priorities. 

The real-time behaviors in some sense are reactions to events that can always be 
done in bounded time, even if not instantaneously. The event driven mechanism can 
provides a bounded-time response for real-time requirement. The time coordinators 
control time relationships by yielding timing event, meanwhile the interaction 
coordinators react to timing events, and dynamically redirect messages connection 
between computation entities to satisfy system’s temporal requirement. 

3.3   Elementary Framework of the Model 

The main characteristics of the TIC model are as follows: 

   Coordinated entities are computation entities of the distributed application; 
   Coordination media are messages connections and events; 
  Coordination laws are defined through the semantics of the interactions and 

timing constraints in the coordination media; 
  Coordination is event-oriented in the sense that the coordinators observe the 

occurrence of events and execute some actions based on defined conditions, i.e., ECA 
(Event-Condition-Action). 

  Coordinators are transparent to computation entities meanwhile computation 
entities are transparent to each other too. 

3.4   Computation Entity 

A computation entity is an autonomous, independent and active object dedicated to 
specific computation task, treated by the coordinators as black boxes. It can 
communicate with each other by sending or receiving messages through using the 
primitives send and receive. It is not necessary for a computation entity to know the 
source or the destination of a communication, so communication is anonymous. Its 
only other communication with its environment is by means of raising its events, but 
it does not concern the external events. Its state changes are dependent on the 
messages received. It does not concern coordinator’s events and states. Hence, 
coordinators are completely transparent to computation entities. Such a computation 
entity can be moved to any other environment and as long as it gets suitable 
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messages. It will produce the required output messages without knowing who has sent 
it messages, who will make use of its output messages, or who are its coordinators. 

The entity encapsulates system’s functional behaviors and possesses two message 
queues and a control thread. Its behaviors are composed of a set of states and a set of 
methods that manipulate messages at the states. Only messages may trigger their 
activities and state changes. The computation entities are asynchronous, and 
unprocessed messages are buffered in their queues. 

A computation entity has a unique name and uses the following primitive 
operations: 

   Send(MessageType, message) sends a message; 
   Receive(MessageType, message) receives a message; 
  Raise(event-name,V1,…,Vk) yields a specific event with parameters V1,…,Vk to 

show what has happened in the computation entity.  

3.5   Interaction Coordinator 

An interaction coordinator is a non-functional active entity in that it does not 
contribute to the system’s functional behaviors. However, it has states and knowledge 
about a set of existing computation entities’ name and interfaces. The functionalities 
of interaction coordinator are to build up interconnection among computation entities 
and route messages from senders to receivers based on the coordinator’s states. 
Hence, interaction coordinators determine the system’s interconnection topology, 
support and manage dynamic reconfiguration.  

A coordinator waits for observing an occurrence of some specific event at the 
current state, which triggers it to enter another state and perform some actions. 
Typical actions in an interaction coordinator consist of setting up or breaking off 
connections between computation entities. It then remains in that state until it 
observes the occurrence of other event that causes the preemption of the current state 
in favour of a new one corresponding to that event. 

An interaction coordinator uses following primitives operations: 

   Event(event-name) observes a specific event which may trigger some actions.  
 Connect(ce1, ce2) dynamically sets up a message connection between 

computation entities ce1 and ce2; 
 Disconnect(ce1, ce2) dynamically breaks off a message connection among 

computation entities;  
  Raise(event-name, V1,…,Vk) yields a specific event with parameters V1,…,Vk to 

show what has happened in the coordinator; 
  Wait-event() is waiting for the occurrence of events.  

3.6   Time Coordinator 

A time coordinator defines temporal behaviors and timing constraints. Similar to 
interaction coordinators, a time coordinator does not participate in computation. The 
functionalities of time coordinator are to impose or dismiss timing constraints based 
on the coordinator’s states, events, and defined rules. A time coordinator has its states 
and uses the primitive operations: Event, Raise, Wait-event, Impose and Dismiss. The 
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primitive Event, Raise and Wait-event are the same as those in interaction 
coordinators. 

 Impose(E1, E2, Bounded-Time, Timeout-Event) imposes a timing constrain 
Bounded-Time on a event pattern(E1, E2), which means if E2 does not occur in period 
of Bounded-Time after E1, an event Timeout-Event will happen and the timing 
constraint is dismissed at the same time. 

  Dismiss(E1, E2, Bounded-time) dismisses the constraint on the pattern (E1, E2). 

3.7   Use of Primitives  

The primitive operations Event, Raise and Wait-event can be used commonly in the 
coordinators and computation entities. The usage of Connect is different from Impose. 
Impose only imposes a timing constraint on individual event pattern once whereas 
connect builds up a long term of connection until disconnect execution. The primitive 
in a statement is usually triggered by a specific event and guarded by a Boolean 
expression of coordinator’s states and associated constraints. 

4   Implementation of Model 

4.1   The Implementation Framework of Model 

The model is implemented based on JMS (Java Message Service) [4] and 
EJB(Enterprise Java Bean)[12]. JMS is a Java API that allows applications to create, 
send, receive and read messages. An enterprise bean is a server-side component that 
can encapsulate the business logic of an application. There are the three types of 
enterprise beans, namely, session bean, entity bean and message-driven bean. 

The implementation framework is composed of JMS client, JMS server and EJB 
server (Fig.2). JMS server provides communication facility for JMS client, and EJB 
server manages the coordinators dynamically. 

The JMS client functionality is to create a connection with JMS server, create 
message receiver and sender objects, send and receive messages, execute a 
computation entity. 

A JMS server is a communication plateform among entities, which can provide 
service of asynchronous or synchronous message communication and event broadcast 
based on the point-to-point and the publish/subscribe mode, and create, delete and 
control a message queue.  

An EJB server is the environment of executing and managing EJB components, 
which is used for deploying time coordinators and interaction coordinators. EJB2.0 
introduces a message-driven bean that allows J2EE applications to process messages 
or events asynchronously. When a message or an event arrives, the EJB server 
invokes the coordinator’s onMessage method to process the message or the event. 

Based on JMS and EJB technology, our framework can simply implement message 
transmission and event broadcast mechanism, which is available and realistic. It not 
only satisfys the need of implementing model but also does not require the special 
architecture and language. 
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Fig. 2. Implementation framework of model 

4.2   Computation Entity   

A computation entity is a JMS client. It contains two very importance objects, the 
sender(sendQueue) and receiver(receiveQueue), which are created by using JMS API 
during the computation entity initializtion. The sender(sendQueue) and receiver 
(receiveQueue) simplify the implementation of sending and receiving messages in 
computation entities because they encapsulate a set of JMS connection and 
communication. The parameters sendQueue and receiveQueue are queue’s name 
defined by the developer; the sender’s method send(message) can send a message to 
sendQueue; the receiver’s method receive(message) can receive a message from 
receiveQueue. The primitive operations send and receive are implemented easily by 
the sender and receiver objects. They can be also used to broadcast an event, so we 
can use them to implement the primitive raise too. 

4.3   Time Coordinator 

A time coordinator is implemented and designed based on message-driven Bean and 
JMS. The interfaces of the MessageListener, MessageDrivenBean, TimerService and 
TimeObject provide the timing and event operations for the time coordinator. 
MessageDrivenBean’s method ejbCreate() is used to look for the connection factory 
and the message queues in the JMS server, and establish connections between them 
and the time coordinator. The TimerService’s interface provides a method 
createTimer(Bound-time, null) to create a timer for a event. The MessageListener 
interface provides a method onMessage(), similar to an event listener. When an event 
arrives, the EJB server invokes the time coordinator’s onMessage() to process the 
event. The onMessage() contains the primitive operations: Impose and Dismiss. An 
impose() will impose a timing constraints on event pattern (E1，E2). The impose() is 
implemented as follow: based on the observed even E1, a timer with a timing 
constraint Bounded-Time is created for the event E1 by using the method 
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createTimer(Bounded-Time�null); when the event Bounded-Time reaches, the 
method ejbTimeout(timer) can carry out time-out actions, generally raising a time-out 
event; if the event E2 happens before the Bounded-Time, the timer will be removed. 
When an entity broadcasts an event to its interface, the EJB server receives the event 
automatically, and then the method onMessage() performs some actions based on the 
event type. 

4.4   Interaction Coordinator 

An interaction coordinator is designed and implemented based on Message-driven 
Bean and JMS. In the interaction coordinator, only MessageDrivenBean and 
MessageListener interfaces need to be implemented. Three primitives in the method 
onMessage() are defined: connect, disconnect and route. When a message or an event 
arrives, the EJB server firstly sends it to onMessage(), which executes the connect, 
disconnect or route operation based on the type of event and the state of interaction 
coordinator. In connect(ce1, ce2), ce1 and ce2 represent computation entity’s identifier. 
Connect(ce1, ce2) uses ce1 and ce2 to look up their detail information in the directory 
manager, and then saves these information into a connection table. The method 
route() re-routes the message to a receiver based on the connection. When the 
interaction coordinator observes a message sent by the computation entity, it looks up 
the receiver in the connection table, and then it calls the method messageSender 
(Messagetype, message, type, queueName) to send the message to the receiver’s 
queue.  

5   An Application 

5.1   Description of Example 

A vehicle navigation system is aided by a GPS (Global Position System) and traffic 
control centers. Given a destination, the GPS system is able to navigate the vehicle to 
the destination. There may be different optimization goals for the vehicle in deciding 
the path to the destination, such as shortest or fastest path, etc. Taking road, traffic or 
environment condition into account, the shortest path or the regular highway path may 
not be the quickest path. Therefore, the vehicle needs frequently communicate with 
the traffic control center to get the current road and traffic information in detail. 
Different control center controls different regions. As the vehicle moves on, it needs 
to communicate with different control centers to get accurate and up to date 
information. Furthermore, as the vehicle should not stop in the middle of the road for 
too long waiting for information arrival, after a limited time, if no information from 
the traffic center is received, it must make a decision based only on the GPS 
information to decide path. This example unveils two important characteristics of this 
type of applications: (1) there are real-time constraints applied upon the autonomous 
entities; (2) the communication topology among the autonomous entities, such as a 
vehicle navigator, a GPS and traffic control centers, changes dynamically. 
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5.2   Application of Model 

Assuming that there are several control centers that the vehicle needs to contact, and 
at each decision point, the car is allowed for 20 seconds to wait for receiving 
information from a traffic center before it uses the GPS. Furthermore, the control 
center needs to be checked every 5 minutes to confirm whether it needs to be changed 
to another one based on current location and destination.  

With the TIC model, the navigation system is composed of five parts: a navigator, 
serveral traffic control centers, a GPS, a time coordinator and an interaction 
coordinator. The navigator is a decision-maker, which only makes decisions based on 
its current state and information delivered to it. The traffic control center only 
provides traffic information service. The time coordinator imposes some timing 
constraints on the messages to the navigator by specific event patterns. The 
interaction coordinator sets up or breaks off connection and routes message among 
the navigator, the traffic control centers, and the GPS. The navigator, the GPS and the 
traffic control center are computation entities. The navigator，the time coordinator, 
the interaction coordinator are deployed in the car. The high level description of the 
time coordinator and the interaction coordinator is given in Fig.3 and Fig.4. The 
interconnection and timing constraints rules are stored in their rule inventory, which 
facilitates modification or update of the rules. 

Time-Coordinator() { 
……

// event-in: Information-requested, Information-received, Traffic-Center
//event-out: Time-Coordinator-initial, Received-timeout, Traffic-Center-Timeout
// state 0 
EVENT:    event(“Time-Coordinator-initial”)

impose(“Information-requested”, “Information-received”, 20, “Received-timeout”);
wait-event()

//State 1 
EVENT: event (“Received-timeout”)
ACTION:   impose(“Information-requested”, “Information-received”, 20, “received-timeout”);

wait-event()
//State 2 

EVENT: event(“Information-received”) ; 
ACTION: dismiss (“Information -requested”, “Information-received”, 20, “received-timeout”);

impose(“Information -request”, “Information-received”, 20, “Received-timeout”);
wait-event()

//State 3 
EVENT: event(”Traffic-Center”)
ACTION: dismiss( ”Traffic-Center”, ”Traffic-Center”, 5*60, “Traffic-Center-Timeout”);

impose (”Traffic-Center”, ”Traffic-Center”, 5*60, “Traffic-Center-Timeout”);
wait-event()

//State 4 
EVENT: event(“Traffic-Center-Timeout”)
ACTION: impose (”Traffic-Center”, ”Traffic-Center”, 5*60, “Traffic-Center-Timeout”);

wait-event()
}

 

Fig. 3. Description of time coordinator 
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Interaction-Coordinator() { 
……

// Event-in: Information-requested, Information-received, Received-timeout, Received-timeout,
//         Traffic-Center-Timeout
// Event-out: Traffic-Center, Interaction-Coordinator-initial

//State 0 
EVENT: event(“Interaction-Coordinator-initial”)
ACTION:  connection=” ”;   T_Center=” ”;

……
wait-event()

//State 1 
EVENT:   event(“Information-requested”)
ACTION:  location= Information-requested.loc; destination=Information-requested.des;

     T_Center1= Find-Traffic-Center(location, destination )
if T_Center1<>” ”{ 

if connection= =” Traffic-Center” and T_Center1<> T_Center
    disconnect(Navigator,T_Center);
if connection= =”GPS” 

             disconnect(Navigator, GPS);
connect(Navigator,T_Center1);
connection=”Traffic-Center”;
T-Center= T-Center1;
raise(”Traffic-Center”)

           }
if T_Center1==” and connection= =” ”{ 

                connect(Navigator,GPS); connection=”GPS”;
T-Center= ” ” 

           }
wait-event()

//State 2 
EVENT: event(“Received-timeout”)

CONDITION:   if connection== ”Traffic-Center”{
ACTION:        disconnect( T-Center, Navigator);

                    connect( Navigator, GPS);
connection=”GPS”;
T_Center=” ” 

}
wait-event()

}
// State 3 

EVENT:    Event(“Traffic-Center-Timeout”)
ACTION:   T_Center1= Find-Traffic-Center(location, destination )

If  T_Center1<>” ”{
      if connection= =” Traffic-Center”and T_Center1<>T_Center

disconnect(Navigator,T_Center);
if connection= =”GPS” 

         disconnect(Navigator, GPS);
connect(Navigator,T_Center1);
connection=”Traffic-Center”;

T-Center= T-Center1;
raise(”Traffic-Center”)

           }
    wait-event()

}
 

Fig. 4. Description of interaction coordinator 
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When the car driver requests traffic information to the navigator, the navigator 
triggers an event "information-requested", and sends a requested message. When the 
time coordinator intercepts the event information-requested, and imposes a 20 
seconds constraint on the event pattern (Information-requested, Information-received). 
When the navigator is successfully connected with a traffic control center, the 
interaction coordinator will raise the event traffic-center to show a connection has 
been established between a control center and the navigator meanwhile the time 
coordinator also imposes 5 minutes constraint on the event pattern (Traffic-Centre, 
Traffic-Centre). When the interaction coordinator observes the event Information-
requested or Traffic-Center-Timeout�it uses find-traffic-center service to find an 
appropriate traffic center based on current location and destination of the car. If it 
finds an appropriate traffic center, it will connect it with the navigator. Otherwise, it 
will connect the navigator with GPS. Before imposed timing constraints on event 
pattern, if the constraint has been imposed on the event pattern, the previous timing 
constraint has to be dismissed. Two types of timing actions, receiving traffic 
information and updating traffic center, are achieved by timing the event patterns 
(Information-requested, Information-received) and (Traffic-Center,Traffic-Center). 

6   Conclusion 

We have described a time and interaction coordination model for open distributed 
real-time computation. Additionally, an implementation framework based on JMS and 
EJB as well as a vehicle navigation application are shown. This approach has the 
following benefits. Firstly, the implementation of the model doesn't adhere to special 
architectures or real-time programming languages, so that it provides a better 
framework for developing distributed applications. Secondly, the time coordinator, 
the interaction coordinator and the computation entities are defined as orthogonal 
dimensions, so they can be modeled and designed independently, which simplifies the 
design and implementation of open distributed real-time applications, and increases 
their reusability and flexibility. Thirdly, the time coordinators can dynamically 
impose or release timing constraints, and the interaction coordinators can dynamically 
reconfigure the interaction topology among computation entities, which leads to the 
dynamic adaptability of interaction topology and timing constraints among computa-
tion entities. Therefore, the model and the framework are suitable for developing such 
soft real-time distributed computing systems with general technologies. 

This is our initial investigation on design and implementation of the model. There 
is still a lot of work to be done in the future as follows: the performance analysis, the 
formalized description, and the exploration of other implementation approaches. 
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Abstract. For many practical usages or resource-limited environments,
it is often desirable to speed up the cryptographic systems without any
security lost. Linkable ring signature is a kind of signatures which can
simultaneously provide the properties of anonymity, spontaneity as well
as linkability. Threshold signature is a useful tool for decentralizing the
power to sign a message by distributed computing. The paper presents
linkable ring signatures and threshold signatures using n-th order char-
acteristic sequences generated by a linear feedback shift register (LFSR).
Our schemes enjoy the following attractive features: (i) main computa-
tion operations are performed in GF (q); and (ii) security properties rely
on the difficulty of solving the state based discrete logarithm problem(S-
DLP) and on state based decisional Diffie-Hellman(S-DDH) assumption.
Since the complexity of breaking S-DLP(S-DDHP, resp.) is computa-
tionally equivalent to that of solving traditional DLP(DDHP, resp.) in
GF (qn), the proposed schemes successfully enhance the security of the
system and meanwhile maintain low computational costs. All these make
our schemes more flexible.

Keywords: characteristic sequence, linear feedback shift-register, link-
able ring signature, threshold signature.

1 Introduction

For many practical applications or resource-limited environments, it is often
desirable to speed up the cryptosystems without any security lost. Indeed, this
is a very challenging task for researchers in order to meet the requirements of
various security strategies. At least three issues are involved in this aspect, i.e.,
communication overhead, computational costs and security level.

On the one hand, short digital signatures with appended messages are needed in
low-bandwidth communication environments or those scenarios where a human is
asked to manually key in the signature[2]. Thus, it is sometimes desirable to min-
imize the total length of the original messages and the resulting signatures. For
example, small messages including time, date and identifiers are signed in certi-
fied email services and time stamping services. In wireless environments, it is even
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more significant to reduce communication overhead due to bandwidth limitation.
The finite field based public-key cryptosystems, such as ElGamal, DSS, etc, re-
quire that sizes of the underlying field must be chosen large enough to strengthen
their securities. For applications where bandwidth is limited, this is undesirable.

On the other hand, we always hope that the security level of the employing
system be as high as possible and the computational costs as low as possible. All
measurements are welcome to enhance the security of the system, and meanwhile
to maintain low computational costs.

Ring signature attracts significant attention since its invention[15]. In a ring
signature scheme, a user selects a set U(called a ring) of possible signers includ-
ing himself. A possible signer is anyone with a public key of PKI. The user can
then sign a message using his private key and the public keys of all the members
in the ring U . The resulting signature can be verified to be generated by some-
one in the ring, but the identity of the actual signer will not be revealed, hence
the signature provides for the signer the property of anonymity which cannot be
revoked. To date, numerous ring signature schemes have been proposed [18,19].
Further, we need in some cases that ring signatures have the specific property-
Linkability: Any one can tell if two ring signatures are generated by using the
same private key. In other words, linkability means two signatures by the same
actual signer can be identified as such, but the signer remains anonymous. Link-
able ring signature scheme(LRSS for short)[10] is really essential (i) to detect
double-voting in an e-voting system; and (ii) to conduct an anonymous and vol-
untary questionnaires among the employee of a company with the requirement
that only legitimate members can submit the questionnaires, and at the same
time, each member cannot submit more than one questionnaire; etc.

Threshold signature[1,3,4] is a useful tool for decentralizing the power to sign
a message by distributed computing. More concretely, the idea behind the (t, n)-
threshold cryptography approach is to distribute secret information (i.e., a secret
key) and computation (i.e., signature generation or decryption) between n par-
ties in order to remove single point of failure. The goal is to allow any subset
of more than t (a threshold) parties to jointly reconstruct a secret and perform
the computation while preserving security even in the presence of an active ad-
versary which can corrupt up to t − 1 parties. In threshold signature schemes
the secret key is distributed among n parties with the help of a trusted dealer
or without it by running an interactive protocol among all parties. To sign a
message m any subset of more than t parties can use their shares of the secret
and execute an interactive signature generation protocol, which outputs a sig-
nature of m that can be verified by anybody using the unique fixed public key.
Security notion for threshold signature schemes(T SS for short) requires that no
PPT adversary that corrupts any t − 1 parties can learn any information about
the secret key or can forge a valid signature on a new message of its choice.

Recently, several cryptosystems have been proposed to shorten the represen-
tation of the elements in the finite field[5,8,12,16] by representing them with the
coefficients of their minimal polynomials. Indeed, these schemes are very suc-
cessful in reducing the key size and speeding up the computation. For instance,
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Niederreiter[12] designed encryption and key agreement schemes based on gen-
eral n-th order linear feedback shift register (LFSR) sequences. Giuliani and
Gong[5] proposed a general class of LFSR-based key agreement and signature
schemes based on n-th order characteristic sequences. The contributions in these
work are twofold: on the one hand, these schemes have the advantage that they
do not require as much bandwidth as their counterparts based on finite fields;
on the other hand, they aren’t accompanied by formal security analysis. Crypto-
graphic primitives or protocols without a rigorous proof cannot be regarded as
secure in practice. There are many schemes that are originally thought as secure
being successfully cryptanalyzed, which clearly indicates the need of formal se-
curity assurance. With provable security, we are confident in using cryptographic
applications to replace the traditional way in physical world.

In current work, we will propose, based on n-th characteristic sequences gen-
erated by an LFSR, a linkable ring signature scheme(LLRSS for short) and a
threshold signature scheme(LT SS for short). Our schemes provide at least the
following attractive features:

i. security properties rely on the state based discrete logarithm assumption and
state based decisional Diffie-Hellman assumption as defined in the coming
section;

ii. most computation operations are performed in GF (q). In fact, besides hash
evaluations and addition/multiplications in ZP , only multiplications of el-
ements in GF (q) are involved in our scheme. This particularly produces a
fast system.

Due to the fact that state based discrete logarithm problem is proved to be equiva-
lent to traditional DLP in GF (qn) [17] and that the complexity of breaking S-DDH
assumption is computationally equivalent to that of solving traditional decisional
Diffie-Hellman problem in GF (qn)[5], the proposed schemes successfully enhance
the securities of the systems, at the same time, with low computational costs. In
other words, to get a system equivalent to one based on the multiplication group
GF (qn), there is no need to compute any exponentiation in GF (qn).

Organization. The rest of the paper is organized as follows. We first introduce
some conceptions related to n-th characteristic sequences in Section 2, then
present the LFSR-based linkable ring signature scheme LLRSS, its advantages
and its security analysis in Section 3. Section 4 is devoted to the threshold signa-
ture scheme LT SS based on n-th characteristic sequences. Finally, concluding
remarks are made in Section 5.

Notations. Throughout this paper, let ZP denote the set {0, 1, 2, · · · , P − 1},
and Z∗

P denote ZP \{0}. By ∈R S, it means choosing a random element from
the set S with a uniform distribution. For an algorithm A, we use x ← A to
denote that A is executed on some specified input and its output is assigned
to the variable x; if A is a probabilistic algorithm, we write x

R← A. Finally,
throughout this paper, we often equate a user with his identity, his public key
or his secret key without risks of confusion according to the context.
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Negligible Function. We say a function f : N → R is negligible if for every
constant c ≥ 0, there exists an integer kc such that f(k) < k−c for all k > kc.

2 Preliminaries

2.1 LFSR Sequences

Let q be a prime or a power of prime, f(x) = xn+a1x
n−1+a2x

n−2+. . .+an, (ai ∈
GF (q)) be an irreducible polynomial over GF(q) with α a root of order P in the
extension GF(qn). A sequence s = {sk} over GF(q) is said to be an LFSR
sequence generated by f(x) if sk+n = a1sk+n−1 + a2sk+n−2 + . . . + ansk(k ≥ 0).

We denote s̄i = (si, si+1, . . . , si+n−1) the i-th state of the LFSR sequence. If
an initial state of s is given by sk = tr(αk), k = 0, 1, . . . , n − 1, where tr(·) is the
trace map from GF (qn) to GF (q), then s is called an n-th order characteristic
sequence. It is well-known that the period of the n-th characteristic sequence s
is equal to the order of α. Let P be the period of s, we may define sk = sP+k

for all k ≤ 0, thus we can consider the sequence s with indices running over all
integers. Set Ak = (sk, s2k, . . . , srk), where r is defined by

r =

⎧
⎨

⎩

n − 1 for general q and n,
n/2 if q = p2, and n is even,
(n − 1)/2 if q = p2 and n is odd.

(1)

Vector Ak = (sk, s2k, . . . , srk) needs smaller bits for representation than that
in the ordinary case(for mare details, see [5]).

2.2 LFSR-Based Complexity Problems

We start this part by recalling several main sequence operations, i.e., SO1, SO2
and SO3, which will be repetitively employed in our schemes. Both SO1 and
SO2 can be performed efficiently by the existing algorithms [5], and SO3 can
be viewed to be derived from SO1 and SO2 [9]. The following sequence opera-
tions can be jointly used to design smart and efficient cryptographic primitives,
including our constructions as depicted in Section 3 and 4.

– Sequence Operation 1(SO1): Given Ak(k is unknown) and an integer l, where
0 ≤ k, l < P , to compute Akl.

– Sequence Operation 2(SO2): Given states s̄k(k is unknown) and s̄l(l is un-
known) for some 0 ≤ k, l < P , to compute s̄k+l.

– Sequence Operation 3(SO3): Given s̄k(k is unknown), and an integer l, where
0 ≤ k, l < P , to compute s̄kl.

We proceed to recall the definitions of state based discrete logarithm problem
(S-DLP) and of stated based decisional Diffie-Hellman problem(S-DDHP) on
which the securities of our schemes are based.

Definition 1. The problem S-DLP is, given (q, n, P, s̄1, s̄k), to compute k. For
a probabilistic polynomial-time (PPT) adversary A, we define his advantage
against the S-DLP as AdvS−DLP

A := Pr [A(s̄1, s̄k) = k] , where the probability is
taken over the random coins consumed by A.
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We say that the (t, ε)-S-DL assumption holds, if no t-time adversary A has
advantage at least ε in solving the S-DLP.

Definition 2. The problem S-DDHP is, given (q, n, P, s̄1, s̄u, s̄v, s̄w), to decide
wether w = uv holds. For a PPT adversary A, we define his advantage against
the S-DDHP as

AdvS−DDHP
A := |Pr [A(s̄1, s̄u, s̄v, s̄uv) = 1] − Pr [A(s̄1, s̄u, s̄v, s̄w) = 1] , (2)

where the probability is taken over the random coins consumed by A.
We say that the (t, ε)-S-DDH assumption holds, if no t-time adversary A

has advantage at least ε in solving the S-DDHP.

It is known that the state based discrete logarithm problem as defined above is
computationally equivalent to the traditional DLP in GF (qn), and that the com-
plexity of breaking state based decisional Diffie-Hellman problem is equivalent
to that of solving decisional Diffie-Hellman problem in the field GF (qn)[5,17].
Refer to [6] for more details about the theory of LFSR sequences.

3 Efficient Linkable Ring Signatures from Linear
Feedback Shift Register

3.1 Framework of Linkable Ring Signatures

We first give an overview for the LRSS model. On the one hand, as original ring
signatures, LRSS contains the system initialization algorithm Setup, users’ key
generation algorithm KeyGen, signature generation algorithm Sign and signature
verification algorithm Verify. On the other hand, LRSS has a special algorithm
called Link from which any verifier can decide whether two given ring signatures
are generated by using the same secret key.

Definition 3. A linkable ring signature scheme LRSS consists of a tuple of
five polynomial-time algorithms:

Setup: a probabilistic algorithm, taking as input the security parameter 1λ, re-
turns a public common parameter param. We write param

R← Setup(λ).
KeyGen: a probabilistic key generation algorithm, taking as input the system pa-

rameter param and a user’s identity ID ∈ {0, 1}∗, returns the public/secret
key pair (PK, SK) for the user. We write (PK, SK) R← KeyGen(param, ID);

Sign: a probabilistic signing algorithm, taking as input the system parameter
param, a message m and the secret key SKi of the actual signer with identity
IDi, and the public keys PK1, ..., PKn of the ring, returns a pair (m, σ)
composed of the original message and the resulting signature σ. We write
(m, σ) R← Sign(param, SKi, PK1, ..., PKn, m);

Verify: a deterministic verification algorithm, taking as input the system pa-
rameter param, a candidate signature σ on the original message m and the
public keys PK1, ..., PKn of the ring, returns 1 if (m, σ) is a valid signature,
and 0 otherwise. We write (1 or 0) R← Verify(param, PK1, ..., PKn, m, σ);



100 X. Li, D. Zheng, and K. Chen

Link: the algorithm takes as inputs two valid signatures σ1 and σ2, and returns
either 1 for linked or 0 for unlinked. We write (0 or 1) R← Link(σ1, σ2).

3.2 The Proposed LLRSS

Previously, linear feedback shift register(LFSR) is prevalently used to generate
pseudo-random sequences which are essential in stream cipher [6]. In [7], Gong
and Harn studied over a finite field the 3-rd order LFSR sequences whose cryp-
tographic properties are employed to construct public-key distribution scheme
and RSA-type encryption algorithm. Recently, Giulian and Gong [5] proposed
an ElGamal-like LFSR-based signature scheme without formal security proof.
Provable security is an important research area in cryptography. Cryptographic
primitives or protocols without a rigorous proof cannot be regarded as secure
in practice. There are many schemes that are originally thought as secure being
successfully cryptanalyzed, which clearly indicates the need of formal security
assurance. With provable security, we are confident in using cryptographic ap-
plications to replace the traditional way in physical world.

Current section will construct an LFSR-based linkable ring signature scheme
LLRSS which is useful for the scenarios where linkability and unconditioned
anonymity are simultaneously required. Its advantages over existing LRSSs will
also be analyzed. Our LLRSS consists of the following five algorithms:

Setup: Set M as the message space and S the state space S = {s̄k : ∀k ∈ Z}.
Given a security parameter λ, this algorithm generates the system parameter
param = {q, n, s̄1, P, H1, H2} where H2 : {0, 1}∗ → S is a hash function and
H1 : {0, 1}∗ → ZP is a collision resistent hash function which will be viewed
as random oracles in the security analysis process.

KeyGen: given an identity ID, the algorithm works as below:
1. Randomly pick ω ∈R Z∗

P ;
2. Compute s̄ω by using SO3 from s̄1 and ω;
3. Make the value s̄ω public as the user ID’s public key PK;
4. Transfer ω to the user as his secret key SK via a secure channel .

Assume that there are n members in the ring L = {ID1, ID2, ..., IDn}, and
the corresponding public keys are PK1 = s̄ω1 , PK2 = s̄ω2 , ..., PKn = s̄ωn .

Sign: given a message m ∈ M, the signer with secret key ωτ (1 ≤ τ ≤ n) produces
the signature on m as follows:
– Compute s̄h= H2(L) and s̄hωτ ;
– Choose k, ci(i = 1, ..., n, i �= τ) ∈R Z∗

P and compute s̄k;
– Compute U = s̄k+

∑
n
i=1,i�=τ ciωi

;
– Compute V = s̄kh+hωτ

∑ n
i=1,i�=τ ci

;
– Set cτ = H1(L, s̄hωτ , m, U, V ) −

∑n
i=1,i�=τ ci and σ = k − cτωτ ;

– Output (s̄hωτ , σ, c1, ..., cn) as the ring signature on the message m.
Verify: given a purported ring signature (s̄hωτ , σ, c1, ..., cn) of the ring L on a

message m, a verifier can check its validity via the following process.
– Compute s̄h = H2(L);
– Compute U = s̄σ+(c1ω1+...+cnωn) and V = s̄hσ+hωτ (c1+...+cn);



Efficient Linkable Ring Signatures and Threshold Signatures from LFSR 101

– Accept the signature iff. the following equality holds: c1 + ... + cn =
H1(L, s̄hωτ , m, U, V ).

Link: given two valid ring signatures (s̄′hωτ
, σ′, c′1, ..., c

′
n) and (s̄hωτ , σ, c1, ..., cn)

generated by the same ring L, any receiver can check whether the equality
s̄′hωτ

= s̄hωτ holds: if yes, then the algorithm returns 1 for linked and the
receiver can claim that the two signatures are produced by the same signer
in the ring L; otherwise, return 0 for unlinked.

This ends the description of our proposed LLRSS . The consistency of the
scheme can be easily validated via the three sequence operations as defined
in Section 2.

3.3 Security Analysis

For the security analysis for linkable ring signatures, there are three aspects
we should consider. Firstly, we need to examine the scheme’s resistance to
forgery[11]. Let L = {ID1, ID2, ..., IDn} be a set of users, whose public keys
are generated by KeyGen with fresh coin flips. We consider the following oracles
which together model the abilities of an adversary:

– SO(·, ·): a signing oracle, upon receiving a tuple 〈L, m〉 containing a ring
L(|L| = n) and a message m, returns a ring signature of L;

– H1(·), H2(·): random oracles, upon receiving some query, return an uniformly
chosen random element from the appropriate range with consistency.

Definition 4. Let Π be an LRSS . For a PPT adversary A, we define his
advantage as

AdvΠ
A,UF (λ) := Pr

⎡

⎢
⎣

param
R← Setup(λ); (PKi, SKi)

R← KeyGen(param,

IDi); U ← {ID1, ID2, ...}; (L∗, m∗, σ∗) ←
ASO(param, U) : Verify(param, L∗, m∗, σ∗) = 1

⎤

⎥
⎦ (3)

where it is mandated that (L∗, m∗, σ∗) is not one of the outputs of oracle SO.
We say that Π is existentially unforgeable against adaptively chosen mes-

sage(and chosen public key) attack if for any PPT adversary A, AdvΠ
A,UF (k) is

negligible.

Due to the particular structure of the resulting ring signature, using the generic
technique rewind simulation[11,13,14], our scheme LLRSS can be shown to be
existentially unforgeable against adaptive chosen message and chosen public-
key attacks by reducing to state based discrete logarithm problem. For space
limitation, we do not hire outright the formal security reduction for the scheme
LLRSS . For brevity, however, we adopt a very short but informal proof that is
much easier to understand.

Theorem 1. Assume that H1, H2 are cryptographic hash functions. If a valid
signature of our proposed scheme LLRSS can be generated without the knowl-
edge of the secret keys of the members in the ring L, then the S-DLP problem
can be solved in polynomial time.
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Proof. Suppose that without the knowledge of the secret keys of the members
in the ring L∗ = {ID1, ID2, ..., IDn}, an adversary A can successfully construct
on the message m∗ a valid signature (s̄∗, σ∗, c∗1, c∗2, ..., c∗n) which can pass the
verification algorithm c∗1 + ... + c∗n = H1(L∗, s̄∗, m∗, U∗, V ∗) where U∗ and V ∗

are determined by (L∗, s̄∗, σ∗, c∗1, c
∗
2, ..., c

∗
n) and the public keys s̄ω1 , s̄ω2 , ..., s̄ωn .

Herein, H1, H2 are hash functions whose outputs can be viewed as random ele-
ments. To achieve his goal, A may have the following three ways.

Firstly, A may first randomly choose σ∗, and c∗1, ..., c∗n, then try to obtain
s̄∗ directly from the equation

∑n
i=1 c∗i = H1(L∗, s̄∗, m∗, U∗, V ∗). Since H1 is a

collision-resistent hash function, A faces the difficulty of finding the pre-image
of H1. Thus the adversary A cannot produce a valid ring signature by this way.

Secondly, A may first pick a random state s̄∗ and random c∗1, ..., c
∗
n, therefore

he can compute
∑n

i=1 c∗i , and try to compute the pre-image of
∑n

i=1 c∗i . Even
if he can do so, to get a valid σ∗, he has to solve the discrete logarithm of V ∗

which is part of the pre-image. Thus, in this case A faces the difficulties of solving
S-DLP as well as the hardness of cryptographic hash functions.

Lastly, A may choose σ∗, and n − 1 c∗i s(say, c
∗
1, ..., c

∗
n−1) and a random state s̄∗,

and try to determine the last c∗n. Clearly this is not easier than in the second case.
Putting all together, the soundness of the conclusion follows. ��

Secondly, anonymity, i.e., signer ambiguity, must be ensured. Generally speaking,
anonymity says that given a signature with respect to a ring L of n members,
an adversary should not be able to identify the identity of the actual signer
with probability significantly greater than 1

n−t when t private keys of the ring
are known. In a valid signature (s̄hωτ , σ, c1, ..., cn) of scheme LLRSS , cis(i �=
τ) are random, cτ is determined by the output of H1, and σ by a random
number k. Thus, LLRSS intuitively provides the property of anonymity. Indeed,
LLRSS can be shown to be signer anonymous provided that S-DDH assumption
holds[11].

The notion of linkability allows anyone to determine whether two signatures
have been issued by the same member in the ring. As for the linkability of
the scheme LLRSS , we achieve it via the value s̄hωτ where s̄h = H2(L). If
anyone who gains the secret ωτ produces a valid ring signature that passes the
verification algorithm, then the first part of the signature must have the form
s̄hωτ . This in turn means that LLRSS satisfies the linkability property under
the S-DL assumption.

3.4 Advantage Concern

For practical usages, it is often desirable to speed up the cryptographic systems
without any security lost. Our scheme explores LFSR mechanism to speed up
the system computation, and meanwhile to maintain its security level.

On the one hand, from the construction of the proposed signatures, one can
see that besides some evaluations of hash functions and simple modular addi-
tion/multiplication (modular P ), to produce a valid signature only requires the
sequence operations SO2 and SO3 which are only involved in multiplication and
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square evaluation in GF (q). There do not exist any exponentiation computation
in GF (qn). This particularly produces a fast system.

On the other hand, as showed in the above section, the securities of the scheme
LLRSS rely on the state based discrete logarithm problem and state based de-
cisional Diffie-Hellman problem. Since the complexity of breaking S-DL assump-
tion is computationally equivalent to that of solving traditional discrete logarithm
problem in GF (qn), and S-DDH problem is as hard as decisional Diffie-Hellman
problem in finite field GF (qn), the proposed scheme successfully enhances the se-
curity of the system, at the same time, with low computational costs.

To sum up, we manage to obtain our goal, i.e., to get a system equivalent to
one based on the multiplication group GF (qn), there is no need to compute any
exponentiation in GF (qn). These attractive features makes our scheme highly
adapt to practical applications.

4 LFSR-Based Threshold Signature Scheme

Threshold signature is a useful tool for decentralizing the power to sign a mes-
sage. More concretely, the idea behind the (t, n)-threshold cryptography
approach[3,4] is to distribute secret information (i.e., a secret key) and com-
putation (i.e., signature generation or decryption) between n parties in order to
remove single point of failure. Generally, the participants in a threshold signature
scheme are the set of n players {P1, ..., Pn} connected by a broadcast channel as
well as by secure point-to-point channels[1].

Definition 5. The set of values (x1, ..., xn) is said to be a (t, n)-threshold secret
sharing of the value x if any k < t values from this set does not reveal any
information about x and there exists an efficient algorithm which takes as input

any t values from this set and outputs s. We write (x1, ..., xn)
(t,n)−→ x.

Definition 6. A (t, n)-threshold signature scheme T SS = (TK, TS, V) consists
of the following three algorithms:

TK: a randomized distributed threshold key generation algorithm run by the play-
ers P1, ..., Pn, taking system parameter param as input, returns the pub-
lic key y, and the private output of each player Pi is a value xi such that

(x1, ..., xn)
(t,n)−→ x, where (x, y) are matching secret/public key;

TS: a (possibly) randomized threshold signature generation algorithm TS run by
t out of n players, taking as input a message m, the player’s private input xi

and system parameters outputs the player’s signature share σi. All signature
shares are then combined into an integrated signature σ on the message m.
We write (m, σ) ← TS(param, xi1 , xi2 , ..., xit , m);

V: a deterministic verification algorithm, taking as input the system parameter
param, a candidate signature (m, σ) on the original message m and the
public key y, returns 1 if (m, σ) is a valid signature, and 0 otherwise. We
write (1 or 0) ← V(param, m, σ, y).
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Consistency requires that ∀ m ∈ M, V(param, m, σ, y)= 1 holds, where M de-
notes the message space and (m, σ) = TS(param, xi1 , xi2 , ..., xit , m) (y and x

are the matching public/secret keys, and (x1, ..., xn)
(t,n)−→ x).

Combining the concepts threshold signature and linear feedback shift regis-
ter to realize “LFSR-based threshold signature” is the focus of current section.
Our LT SS enjoys the attractive features as aforementioned in previous section
and consists of the following four algorithms Setup, KeyGen, Threshold signature
generation, and Signature verification.

Setup: Given the security parameter 1λ, the algorithm Setup generates the do-
main parameters: {q, n, P, s̄1}. Moreover, to produce a threshold signature on
an arbitrary message m, one cryptographic hash function H : {0, 1}∗ −→ Z∗

P

is also required.
KeyGen: There are three kinds of entities: the dealer, the n members who can

cooperatively generate valid threshold signatures, and the verifier, in our
scheme. Let the n members in the group be {U1, U2, ..., Un}, ω(0 < ω < P ) be
the private key of the whole group, s̄ω the matching public key of the whole
group. The dealer determines a polynomial f(x) = ω + d1x + ... + dt−1x

t−1,
where di(i = 1, ..., t − 1) are random integers in ZP .

The secret key for Ui is computed as ωi = f(i) which is then securely
delivered to Ui(for i = 1, ..., n). The corresponding public key for Ui is s̄ωi .

Threshold signature generation: Without loss of generality, let S = {U1, U2, ...,
Ut} be the set of t signers who want to cooperatively generate a thresh-
old signature on behalf of the whole group on the message m. Each signer
Ui(i = 1, ..., t) acts as follows. If all these steps are performed successfully,
the receiver will obtain a valid threshold signature (r, σ).
1. Compute ei = ciωi mod P , where ci =

∏

Uj∈S−Ui

j
j−i is the Lagrange

coefficient;
2. Pick randomly a number ki (0≤ ki < P );
3. Compute s̄ki from s̄1 and ki using SO3;
4. Broadcast s̄ki to all other signers;
5. Compute s̄ t∑

i=1
ki

from s̄ki(i = 1, ..., t) using SO2 after receiving all s̄ki ’s

from other co-signers;
6. Set

r = H(s̄ t∑

i=1
ki

, m), σi = ki − rei; (4)

7. Broadcast σi to all other co-signers;
8. Validate σj(j = 1, ..., t, j �= i) by the equality s̄kj = s̄σj+rcjωj , where

s̄σj+rcjωj can be computed from s̄1, σj , s̄ωj , and rcj using SO2 and SO3;
If the verification for some σj does not hold, Uj is requested to resubmit
a value again. When all σj ’s are valid, proceed to the next step;

9. Compute σ =
t∑

j=1
σj ;

10. Output (r, σ) as the threshold signature on the message m.
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Signature verification: Upon receiving a signature (r, σ) on the message m from
the group {U1, ..., Un} with public key s̄ω, any verifier can perform the fol-
lowing tasks to check its validity.
1. Compute s̄σ+rω from s̄1, σ, r, and s̄ω using SO2 and SO3;
2. Check whether the following equation holds:

r = H(s̄σ+rω, m). (5)

If yes, accept the signature (r, σ); reject otherwise.

This ends the description of our LT SS. From the secret sharing process and the
signature generation algorithm, we can note that no polynomial-time adversary
that corrupts any t − 1 parties can learn any information about the secret key
or can forge a valid signature on a new message of its choice.

5 Conclusion

For efficient applications, especially in resource-limited environments, it is desir-
able to speed up the cryptographic systems without any security lost. n-th order
characteristic sequences generated by a linear feedback shift register can be used
to reduce the key sizes and bandwidth in public-key cryptographic systems. In
this paper, we presented linkable ring signatures and threshold signatures from
an LFSR. Their advantages are twofold: (i) main computation operations are
performed in GF (q); and (ii) security properties of the schemes are equivalent
to those of systems based on the multiplication group GF (qn). The appealing
features make our schemes more flexible and highly adaptable to practical appli-
cations in the sense that they together enhance the security of the system and
meanwhile maintain low computational costs.
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Abstract. This paper describes a hybrid two-level parallel method with
MPI/OpenMP for computing the eigenvalues of dense symmetric matri-
ces on cluster of SMP’s environments. The eigenvalue computation is
Based on both the Householder tridiagonalization method and a divide-
and-conquer algorithm of tridiagonal eigenproblem. In hybrid parallel
design, We take a coarse-grain approach to OpenMP shared-memory par-
allelization, which keeps BLAS-3 operations in tridiagonalization. More-
over, dynamic work sharing is used in the divide-and-conquer algorithm
of tridiagonal eigenproblem. So the amount of synchronization has also
been reduced, and these could have an effect on the load balance. In
addition, we analyze the communication overhead between hybrid MPI/
OpenMP and pure MPI. An experimental analysis on the Deepcomp6800
shows the hybrid algorithm performs good scalability.

Keywords: MPI/OpenMP, hybrid parallel algorithm, parallel solver,
matrix eigenvalue.

1 Introduction

A great deal of effort has been spent for building efficient parallel symmetric
eigensolver for distributed systems. Routines for this problem have been devel-
oped as part of a number of numerical libraries. Among these the best known
are the Scale Linear Algebra Package (ScaLAPCK)[5], Parallel Eigensolver
(PeIGS)[18], the Parallel Research on Invariant Subspace Methods (PRISM)
project[17], Parallel Engineering and Scientific Subroutine Library (PESSL)[16],
and the Parallel Linear Algebra Package (PLAPACK)[19]. All of these packages
attempt to achieve portability by embracing the Message-Passing Interface(MPI)
and The Basic Linear Algebra Subprogram (BLAS).
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Today most systems in High Performance Computing are clusters with multi-
level memory hierarchy and different communication bandwidth. These include
SMP clusters and emerging clusters with multicore processors. These systems
mix two memory model: each node uses a shared memory and the communication
between nodes uses a “message-passing” hardware. The challenge presented to
application developers by such parallel system architectures is that they exhibit a
hierarchical parallelism with complex non-uniform memory access data storage.
As a consequence, the hybrid programming paradigm combining the message
passing and a shared-memory parallelism has become popular in the past few
years.

The hybrid model has already been applied in many applications, ranging
from costal wave analysis[1,6] to atmospheric research [7], to molecular dynam-
ics analysis[3]. Usually, programmers resort to MPI for the message passing
communication, using OpenMP as a interface for writing multi-threaded appli-
cation. The adoption of this model is facilitated by both the architectural devel-
opments of modern super-computers and the characteristics of a wide range of
applications [4,2].

In this paper we focus on how to accommodate and exploit particular fea-
tures of Cluster of SMP’s environments in order to improve the performance
of eigensolvers of symmetric matrices. Based on the Householder parallel block-
ing algorithm and a divide-and-conquer algorithm of tridiagonal eigenproblem,
we present a hybrid MPI/OpenMP parallel implementation for the eigenvalues
of symmetric matrices on the cluster of SMP architectures. We take into ac-
count two different implementations of the problem: one based on MPI and the
other one based on a hybrid parallel paradigm with MPI/OpenMP. In hybrid
MPI/OpenMP parallel, in order to keep BLAS-3 matrix-matrix operations in
tridiagonalization, we take a coarse grain OpenMP approach to parallel imple-
mentation within SMP node. This achieves the completed load balance between
threads within a node. In solving the eigenproblem of a tridiagonal symmetric
matrix, we adopt a OpenMP dynamic scheduling to improve the load balance in
the original pure message passing algorithm[10].

This paper is organized as follows: the second section gives the Householder
transformation and a blocking Algorithm of the tridiagonalization. The third
section discusses the parallel algorithm in MPI and MPI/OpenMP hybrid. The
fourth section is about The tridiagonal eigenproblem. The fifth section analyzes
the performances of hybrid parallel eigensolver. We give some conclusions in the
last section.

2 The Householder Transformation and a Blocking
Algorithm of the Tridiagonalization

Basic operations utilized by the reduction to tridiagonal form are the computa-
tion and application of Householder transformations.
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Theorem 1. Given a vector z ∈ Rn, we can find a vector u ∈ Rn and a scalar
β ∈ R such that (See [9])

(I − βuuT )z = (z1, · · · , zk−1, σk, 0, · · · , 0)T (1)

where σk = sign(zk)‖zk+1:n‖2.

The scalar β ≡ 2/‖u‖2
2 and the reflector vector u ≡ (0, · · · , 0, zk + σk, zj+1, zn)T

are a pair of quantities which satisfy the above theorem. The reflection (I −
βuuT )z in Theorem 1 is called Householder transformation. We present (I −
βuuT ) by H . This reflection does not effect the elements z1, · · · , zk.

Given a symmetric matrix A, we can compute Hj(j = 1, 2, · · · , n − 2) such
that

T = Hn−2 · · · H1AH1 · · · Hn−2

is a tridiagonal symmetric matrix. And applying a both-sided Householder trans-
formation to A, we can get

(I − βuuT )A(I − βuuT ) = A − uwT − wuT (2)

where w = v − β

2
(vT u)u, v = βAu. The right side of the equation 2 is called

rank-2 modification of A.
In RISC based processors, it is known that blocking algorithms are more

efficient than a non-blocking algorithm. The basic principle of the blocking al-
gorithm is to accumulate a certain number of the vectors u and w into a block
update. If we reserve b pairs of vectors u, w, then we can gather b rank-2 mod-
ifications of A to be a rank-2b modification using the BLAS-3 operation. Here,
we suppose the matrix is divided into column panels with width b, then the
operations of the blocking algorithm include �n/p� column panel reduce steps,
and an out-panel matrix modification follows each panel reduction.

Fig. 1 provides a schematic of the column panel reduction. During the column
panel reduction, the Householder transformation is performed to the part in a
column panel, and reserve vectors w and u produced during the transformation
to form n×b matrices W and U that are used to modify the rest parts A22 of the
matrix. The updating of A22 is performed by running the rank-2b modification

A22 = A22 − UWT − WUT

after panel operations complete. Subsequently, the same procedure is applied to
the new modified submatrix A22 until the column panel is not existed.

The delayed modification of A22 makes the producing of vector v more compli-
cated because the elements stored in matrix A22 are not updated in time during
the panel transformation. So when solving w, the computation v = βAu needs
to be replaced by

v = β
(
Au − UWT u − WUT u

)

where UWT u and WUT u correspond to out-panel corrections of A.
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A22

panel block

pf     k    pe

reduced part unreduced part

Fig. 1. A column panel reduction

3 Parallel Tridiagonalization Algorithm on SMP Cluster

Because SMP cluster owns distributed memory on cluster system and shared
memory on SMP system simultaneously, the corresponding hybrid parallel algo-
rithm can be decomposed into cluster level algorithm and node level algorithm.
When designing cluster level algorithm, we look the whole SMP cluster system
as a distributed memory system composed of nodes, while the algorithm adopts
message passing parallelism. But different from that a process runs on only one
processor in pure MPI algorithm, a process is mapped onto a node in cluster
level algorithm. Node level algorithm can be also called SMP algorithm, which
converts the computation task assigned to each node in cluster level algorithm
into an efficient multi-thread parallel algorithm within a node.

In SMP clusters, inter-node communication costs are a magnitude higher than
accessing local memory. Thus, algorithmic design must attempt to minimize
inter-node communication. This is a similar optimization criterion as for de-
signing pure message-passing algorithms. Hence, a successful strategy is to first
design an efficient message-passing algorithm, and then adapt the algorithm to
the hybrid-programming model[4, 16].

The node level algorithm in this paper is based on OpenMP multi-thread par-
allelism. The simplest OpenMP parallelism is the loop-nested parallelization us-
ing the work sharing construct in OpenMP. This kind of parallelism is also called
fine-grain OpenMP parallelism. Another OpenMP parallelism is coarse-grain
parallelism. In coarse-grain parallelism, OpenMP adopts SPMD programming
model in that a thread is similar to a MPI process. Thread function declaration
depends on library routines omp get num threads() and omp get thread num(),
which respectively return the number of threads in a parallel region and the
sequence number id of the running thread (all the threads are numbered from
0, the thread numbered 0 is the master thread). The program calls these two
routines at the beginning of the parallel region, then assigns the thread functions
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according to their values. Different threads can perform either the same or dif-
ferent operations, so that the data parallel and task parallel are implemented.

3.1 The Mapping of Data to Nodes

We will assume that our SMP clusters consists of Nnode nodes , and there are r
symmetric processors per node. Notice that each CPU has its own on-chip cache
(L1) and a large off-chip level two(L2). In practice, SMP configurations range
between 2 and 36 CPU modules attached to a shared bus and main memory.

In cluster level algorithm, the matrix is first distributed onto Nnode nodes in
block-cyclic column distribution. We will use the following mapping of matrices
to nodes: Given A ∈ Rn×2 and panel width b ≥ 1, assume for simplicity that
n = r ∗ b and partition

A(k) = (A(k)
1 A

(k)
2 · · ·A(k)

r ) (3)

where A
(k)
j ∈ Rn×b is a panel of width b. The panel-wrapped storage scheme

assigns A
(k)
j to node Node(j−1)modeNnode

. i.e., Ai+1, Ai+Nnode+1, · · · are assigned
to Nodei. If b=1, the result is the familiar column-wrapped storage scheme.

3.2 The Cluster Level Algorithm of Matrix Tridiagonalization

We now describe the parallel implementation of the blocked reduction to trid-
iognal form in the cluster level. We will use panel-wrapped storage above, and
supposed that the symmetric matrix has been distributed onto SMP nodes,
where the panel width corresponds to b. For the cluster level parallel block-
ing algorithm of tridiagonalization, first performing parallel reduction in panel
within node, which requires producing a vector w of W and a vector u of U at
each reduction step, where u is produced by a node and broadcasted to other
nodes. While computing vector w, vector z = β(AU − UWT u − WUT u) can be
solved together by all nodes in parallel. So U must be distributed in order to be
able to perform the update z = β(AU − UWT u − WUT u).

Because the updates of matrix elements in the column panel and out of the
column panel are not synchronized, we have to ascertain the element subscripts
realigned. Let the columns set of the unprocessed part of A in the current node
be LS, then the computed part of Au in the current node is Ak+1:n,LS . For
the update operations UWT u and WUT u on the out-panel elements of A, the
corresponding operations in the node are U(WT )LS∩(pe+1:n)uLS∩(pe+1:n) and
W (UT )LS∩(pe+1:n)uLS∩(pe+1:n) respectively, where pe is the first column number
of the column panel processed by the current node. By these computations, each
process on nodes can solve the local part of the vector z in parallel. A global
reduction sum operation is performed subsequently, and then each node owns a
full copy of z.

Processed by the above steps, vectors z and u have been owned by each SMP
node, then operation w = z − (αzT u/2)u can be performed within each lo-
cal node. Subsequently, modification of the panel is finished by each node in
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parallel. After reduction in the panel, the modifications of out-panel parts are
implemented by each process on node that perform rank-2b modification of the
local matrix, the distribution of modified matrix keeps unchanged on node. Al-
gorithm 1 shows the cluster-level parallel blocking algorithm of tridiagonaliztion.

Algorithm 1. Cluster level parallel blocking algorithm
(* Pmyid owns column set LS of matrix A, and V, W,X, Y ∈ Rn×b*)

nb = �(n − 2)/b�
for j = 1 : nb

(* first and last column in the panel block *)
pf = (i − 1) × b + 1 pe = min(pf + b − 1, n − 2)
W = [φ] U = [φ]
for k = pf : pe (* parallel translation in the panel block *)

if (�k/nb� mod Nnode = myid)
generate u, β and broadcast β and u to all nodes
else

root id = �k/nb� mod Nnode

receive β and u from node root id

endif
Λ = {pe + 1 : n} Π = Λ ∩ LS

PS = {1 : k − pf} CS = {k + 1 : n}
local matrix-vector production: ZCS = ACS,LSuLS

(* correct for out of date entries of A *)
XPS = UT

Π,PSuΠ YPS = W T
Π,PSuΠ

ZCS = ZCS − (WCS,PSXPS + UCS,PSYPS)
Sum among all nodes yielding z
local computing:w = z − (σzT u/2)u
W = [W |w] U = [U |u] ω = (k + 1 : pe) ∩ LS

(* update remainder of panel block *)
ACS,ω = ACS,ω − uCSwT

ω − wCSuT
ω

if (k ∈ LS) then LS = LS − k

endfor
(* rank-2b update of the submatrix A22 *)
PB = 1 : pe − pf + 1
AΛ,LS = AΛ,LS − WΛ,PBUT

LS,PB − UΛ,PBW T
LS,PB

endfor

The size of algorithm block in Algorithm 1 is not restricted by the size of
storage block. This makes operation of each column panel performed by more
processors. thereby it is easy to achieve better load balancing and scalability.

3.3 Combining Coarse Grain Shared-Memory Parallelization and
MPI Parallelization

Fig. 2 provides a schematic of the hybrid parallel tridiaganolization. In the cluster
level multiple MPI processes are employed. In the node level, within each MPI
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process with multiple OpenMP threads conduct the computations within the
node in parallel. Data exchanges between nodes employ MPI message passing.
within each process, access to shared objects of multiple threads within each
node are coordinated by OpenMP synchronization.

1 p+1 ... 2 p+2 p 2p

Node 0 Node 1 Node p-1

Layout of an matrix distributed column blocks ontop nodes

... ...... ...

......

......

MPI

OpenMP

process 0 process 1 process p-1

Thread 0

Thread 1
Thread 2
Thread 3

Thread 0
Thread 1
Thread 2
Thread 3

Thread 0
Thread 1
Thread 2

Thread 3

Fig. 2. Hybrid parallel model of reducing into tridiagonal form

As shown in Fig. 2, in hybrid MPI+OpenMP parallel algorithm, computation
task assigned to each node is mapped to an efficient SMP algorithm. This can
be simply performed by OpenMP PARALLEL DO directive. This approach is
also called fine-grain OpenMP parallelism. However, the OpenMP directive will
destroy matrix-matrix operations in blocking algorithm. To keep the high per-
formance of BLAS-3 operation within the node, coarse-grain SPMD OpenMP
parallelism must be adopted. This also avoids overhead associated with frequent
thread creations and destructions inherent in fine grain method.

OpenMP parallel occurs in the row regions determined by sets CS = k + 1 : n
and Λ = pe + 1 : n. It is implemented by sharing computation occurred in the
two regions among all OpenMP threads. During tridiagonalization, these two
regions keep changing continually. So as to the boundaries formed by dividing
region among threads will be computed at each step of column panel reductions.
Because of using OpenMP coarse-grain parallelism, each thread can ascertain
this region according to its own thread ID and the number of threads within the
node. This partitioning construction of region among threads makes each thread
can operate continuous matrix elements and vectors in shared memory space,
which keeps BLAS-3 operations in MPI+OpenMP hybrid parallel algorithm.
Moreover, task of MPI process on node is assigned among threads dynamically
during reductions, which ensures the complete load balancing among threads.

In hybrid parallel model, message passing between nodes are launched by one
thread within process through MPI call. Comparing to pure MPI program on
SMP clusters, the advantage of this model is that the nodal messages are as-
sembled into a single large message and thus reduces network latency overhead.
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Moreover, because of great decrease of the number of processes in hybrid par-
allelism, the number of communication times decreases, which correspondingly
decreases the communication overhead. And comparing to the pure MPI algo-
rithm, cyclic column blocks are distributed among nodes more equally, which
makes the load balancing of hybrid parallel algorithm better.

4 Tparallel Algorithm of Eigenproblem of Tridiagonal
Matrix on SMP Cluster

Eigenproblem of symmetric tridiagonal matrix is the kernel of eigenproblem of
symmetric matrix. The most efficient method of solving this problem is divide-
and -conquer (D&C) algorithm[11]. Many researchers presented different parallel
divide-and-conquer algorithms and implementations on shard memory multipro-
cessor, hypercubic MPC and cluster of workstations[12,14,15,13]. Based on the
rank-2 modification D&C MPI algorithm put forward by C.Treffz [20], we give a
multi-granulariy hybrid parallel divide and conquer method. This hybrid parallel
algorithm combines two kinds of metods: MPI+fine-grain OpenMP parallelism
and MPI+coarsegrain OpenMP parallism[10].

Thinking about the eigenproblem of n×n tridiagonal symmetric matrix T on
r-way SMP nodes. For convenience, set n = 2m, number of nodes nnode = 2d,
r = 2k, so the number of processors P = 2d+k.

4.1 Cluster-Level Algorithm of Eigenproblem of Tridiagonal Matrix

A main target of parallel algorithm design is to maximize computation time
of every process. Accordingly, we first design an efficient cluster-level algorithm
of eigenproblem of tridiagonal matrix . Supposed that nonzero elements of the
tridiagonal symmetric matrix have been distributed onto SMP nodes, cluster-
level D&C algorithm is given in algorithm 2.

Algorithm 2. Cluster level parallel of D&C
Let t = m − d;
Each node Obtains a local tridiagonal submatirx of size 2t;
(I) Locally compute the eigenvalues of the tridiagonal submatirx;
for j=1 to k do

master−proc=int((myid/2j)2j );
if (master−proc .eq. myid)

gather eigenvalues from other nodes in the same group;
merge and sort 2t+j received eigenvalues;
distributes them evenly among nodes myid,· · ·, myid+ 2j-1;

else
Send 2t approximated eigenvalues to process master−proc;
Receive 2t approximated eigenvalues from processor master−proc process;

endif
(II) use Laguerres iteration to find 2t eigenvalues corresponding

to tridiagonal submatirx of size 2t+j ;
endfor
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4.2 Eigenproblem of Tridiagonal Matrix Hybrid Parallelism

In the MPI/OpenMP hybrid paradigm, each SMP node runs a multi-thread
MPI process. In algorithm 2, multithread parallelisms within node are presented
at operation (I) and operation (II), so task (I) and task (II) can be finished
by the threads within node. The former multithread Multi-thread paralleliza-
tion in task (I) is similar to MPI process parallelism. It includes the submatrix
division and solving among threads on the same node, approximated eigenval-
ues exchange among threads and solving approximated eigenvalues of combined
submatrices by Laguerres iterations. This can employ coarse grain SPMD
OpenMP model. In coarse-grain parallelism, because the threads within a node
share memory, when the matrix is distributed among these threads, array re-
gion of every thread need to be calculated to get the mapping from array region
to thread. Broadcast and scatter operations of the eigenvalues during combin-
ing are implemented via data duplication rather than message passing, avoiding
communication overhead.

OpenMP parallelism of task (II) solves the approximated eigenvaules of com-
bined submatrices on nodes. In a process, solving the eigenvalues of the sub-
matrix by Laguerres iteration is a loop operation. It can be simply performed
by OpenMP PARALLEL DO directive. Under the default scheduling method
(static), OpenMP directives evenly assign the approximate eigenvalues compu-
tations in the loop among all threads within a node (processors on a node).
Because the numbers of Laguerres iterations on different approximated threads
may be different, this can lead to load imbalance. In order to improve load bal-
ancing and reduce synchronization overhead, we use dynamic scheduling method,
schedule(dynamic, chunk−size), among threads.

4.3 Communication Overhead Analysis

In the D&C hybrid parallel algorithm of eigenproblem of tridiagonal matrix,
message passings appear out of OpenMP parallel regions and are implemented
by master thread on each node. And the number of iterations of outer loop
j determine the number of message passing. Here, the number of iterations of
outer loop j equals to log2[numberofprocesses].

For a cluster with r-way SMP nodes, the number of processes of hybrid par-
allel algorithm equals to the number of nodes, namely n−nodes. And the num-
ber of processes of MPI parallel algorithm equals to the number of processors.
n−node ∗ r. So the number of iterations of j in hybrid parallel algorithm is only

1
log2r of the number of iterations in MPI parallel algorithm. This decreases the
number of communication between processes and reduces communication over-
head. Another overhead of hybrid parallel algorithm is thread synchronization,
which appears after each OpenMP directive. Because the number of synchro-
nizations in above hybrid parallel algorithm only equals to logarithm of the
number of SMP nodes, log

n−nodes
2 , which reduces the number of synchroniza-

tions. Synchronization overhead come from here affects algorithm performance
a little.
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5 Result and Discussion

We have implemented our parallel eigensolver on the DeepComp 6800 at Super-
computing Center, Chinese Academy of Sciences, and evaluated its performance.
DeepComp 6800 is a cluster of SMP’s environments. It consists of 265 nodes;
each node owns 4-way Intel Itanium II 1.3 GHz processors, 8 GB or 16 GB mem-
ory; all the nodes are interconnected by QsNet with bandwidth of 300 MB/s and
latency of 7 μs. The operating system is Redhat Linux Advanced Server 64-bit
2.1, the MPI library is QsNet optimized MPICH 1.2.4. All the test programs are
compiled by Intel C compiler 64-bit 7.1 with the option “-O3”.

For eigenproblem of symmetric matrix, we give two different implementations:
pure MPI version and hybrid MPI+OpenMP version, which mainly test the
performances and the scalabilities of MPI and MPI+OpenMP.

5.1 The Frank Matrix

To evaluate performance and to check the program, we calculated all eigenvalues
for the following Frank matrix:

A = (aij)n×n , aij = n − max(i, j) + 1.

Its eigenvalues are known to be

λk =
1

2(1 + cos((2k − 1)π/(2n + 1)))
, k = 1, 2, . . . , n.

5.2 Performance for Calculating All Eigenvalues

We measured the execution time of all eigenvalues of a symmetric matrix. The
order of test matrix is 8000, while the number of processors is the product of
the number of MPI processes and the number of OpenMP threads per process.
In our test, we use 64 nodes, and number of OpenMP threads per process is
varied among 1, 2 and 4. Therefore there are 3 type solutions in total: the
pure MPI program, in which the number of processors equals to the number
of MPI processes that is varied form 4 to 256 (4, 8, 16, 32, 64, 128, and 256);
and the MPI/OpenMP hybrid program with 2 threads, in which the number
of MPI processes is varied from 2 to 128 (2, 4, 8, 16, 32 64, and 128); and the
MPI/OpenMP program with 4 threads, in which the number of MPI processes
is varied from 1 to 64 (1, 2, 4, 8, 16, 32 and 64).

The table 1 illustrates the wall clock running time versus the total num-
ber of nodes for two programming paradigms, including the pure MPI and the
MPI/OpenMP hybrid. The table shows that the pure MPI is the slowest one,
the MPI/OpenMP hybrid with 2 threads is slightly faster than the pure MPI,
the MPI/OpenMP hybrid with 4 threads is the fastest one. The MPI/OpenMP
hybrid with 4 threads is about 15%–35% faster than the pure MPI, and it is
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Table 1. Running times of the pure MPI and the MPI+OpenMP hybrid programs

Num. of
Running time(s)

Nodes
MPI+OpenMP MPI+OpenMP

Pure MPI(4 threads) (2 threads)
1 79.27 82.62 90.65
2 39.83 42.36 46.61
4 21.55 22.94 25.54
6 13.34 15.10 16.87
16 8.08 10.30 10.9
32 4.88 5.56 6.85
64 3.79 4.36 5.81

Table 2. Speedups of the pure MPI and the MPI+OpenMP hybrid programs

Num. of
Speedup

Nodes
MPI+OpenMP MPI+OpenMP

Pure MPI(4 threads) (2 threads)
1 1 1 1
2 1.97 1.95 1.94
4 3.63 3.60 3.55
8 5.87 5.47 5.37
16 9.69 8.02 8.32
32 16.04 14.87 13.23
64 20.64 18.95 15.60

5%–15% faster than the MPI/OpenMP Hybrid with 2 threads. The relative
speed gaps between them are getting larger with the increase of the number of
nodes.

The table 2 shows the speedups. The computation of speedups uses the for-
mula by Liu et al that is suitable to SMP cluster[21]:

Snode =
Tp(1−node)
Tp(n−node)

where Tp(1−node)is the running time by using single node, Tp(nnode) is the
running time by using n nodes.

As shown in the table, the pure MPI has the worst speedup; and the MPI/
OpenMP hybrid with 4 threads performs the best in speedup; the speedup of
the MPI/OpenMP hybrid with 2 threads is still in the middle. These show that
MPI+OpenMP parallelism has better load balancing and better scalability than
MPI parallelism.

OpenMP reduces the communication overhead within the same node which is
one of the reasons that make the MPI/OpenMP hybrid programs achieve better
performance. Moreover, the coarse-grain parallelism in OpenMP can help getting
better load balance, which is another reason for the performance increase.
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6 Conclusion

On a cluster of SMP’s, the MPI/OpenMP hybrid paradigm outperforms the
MPI paradigm in solving the eigenvalues of a symmetric dense matrix. Gener-
ally, coarse-grain hybrid parallelism and dynamic work sharing schedule can get
better performance than fine-grain hybrid pallelism and static schedule, because
it may promote load balance in some applications and reduce the amount of
synchronization. However, serious consideration must be given to the nature of
codes and the characteristics of an application before embarking on a hybrid
parallelization implementation.
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Abstract. In most of mapping Algorithms for application in HDC, the
Alhusaini’s method is one of the most important Algorithms. However,
we find there are some weaknesses in Alhusaini’s method though the
experiments and analysis. So, we propose a two-phase algorithm called
2-phases dynamic resource co-allocation algorithm (2PDRCA) based on
Alhusaini’s method. The first phase only generates the data that will
be used in the second phase. The second phase will selected a set of
independent tasks and allocate according to the weight of each task in
our method. The simulation results show that the method is effective,
and solves the problem such as Low efficiency of Alhusaini’s method in
communication intension application.
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1 Introduction

Different kinds of resources interconnected with a high-speed network provide a
computing platform, called Heterogeneous Distributed Computing (HDC) sys-
tem [7]. The mapping problem is defined as the problem of assigning application
tasks to suitable resource and ordering task execution in time to optimize a spe-
cific object function. Many algorithms are proposed for mapping applications in
HDC system [10]. Most of the previous algorithms focus on computing resources
only.

We consider the problem of mapping a set of applications to a HDC system
where application tasks require concurrent access to multiple resources of differ-
ent types. In general, this problem is the resource co-allocation problem. In this
research area, Alhusaini is a pioneer, and he proposed two methods for resource
co-allocation problem [7], [8]. Both of them are two phase algorithms. In a com-
munication intensive application, Alhusaini’s method will suffer a disadvantage,
that is, schedule length increases quickly caused by the communication cost.

In order to overcome the disadvantage in Alhusaini’s method, we also proposed
a two phase’s algorithm that is called the 2-phases dynamic resource co-allocation

H. Jin et al. (Eds.): ICA3PP 2007, LNCS 4494, pp. 120–130, 2007.
c© Springer-Verlag Berlin Heidelberg 2007
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algorithm (2PDRCA). In the first phase, we will only generate the data that will
be used in the second phase. The main allocation mechanism is in the second
phase. We successfully overcome the disadvantage in Alhusaini’s method and
propose an effective and efficient algorithm for resource co-allocation problem.

2 Related Works and Fundamental Background

2.1 Alhusaini’s Method

Alhusaini [8] proposed an algorithm by releasing a resource rk if the task that
holds the resource rk in run time won’t use it again. Thus, this algorithm is
except for the run-time adaptation phase.

The run-adaptation phase is used while a mapping event is happened, where
a mapping event can be repeated at fixed time intervals, every time a task
finishes, or every time a resource become available. Each process of mapping
event is processed as follows. A sub set of tasks, S, that can be executed now
is selected starting from the first waiting task based in the scheduling order of
the scheduling plan that produce at compiler-time mapping phase. All tasks in S
are considered for execution one-by-one in their scheduling order in the schedule
plan. For each task Ti, it will first find the best machine mb that gives the
shortest finish time for Ti at this mapping event. Then it uses a comparison
condition to decide a machine to task Ti. Based on this comparison, it decides
if we would execute Ti on machine mb or mj that has been assigned to Ti in
compiler time mapping phase as specified in schedule plan at this mapping event.
The comparison condition (migration condition) is:

Exec (Ti, mb) ≤ Exec (Ti, mj ) + ΔExec (Ti, mj ) (1)

where Δ is a value between 0% and 100%. It will execute Ti on machine mb if
the condition is true.

To begin with, we know that Alhusaini’s method with early resource releasing
will allocate a machine mj ∈M in our system to each task Ti in DAG at compiler
time.

For each task Ti, it will find a best machine mb which has the earliest finish
time among all machines. Next, it uses a migration condition to decide whether
the task Ti need to be migrated to machine mb or not while machine mb and
machine mj are different. This may result in one situation that task Ti will not be
allocated to machine mb because the migration condition doesn’t satisfy. We can
easily find that when the heterogeneity is getting larger, the migration condition
is more difficult to be satisfied.

Furthermore, if task Ti doesn’t be allocated to machine mb, the finish time
of task Ti will not be the earliest. This is the first disadvantage of Alhusaini’s
migration mechanism. For example, Fig. 1 (b) is the estimated execution time
of task T2 on each machine. We assume that mj and mb are m2 and m1, re-
spectively. Testing the migration condition by the estimated execution times of
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Fig. 1. (a) Part of DAG (b) estimated execution time of task T2 on each machine (c)
part of schedule plan

task T2 on machines m2 and m1, we can find that the migration condition will
be false.

In the migration condition, we can find the migration condition don’t consider
the communication cost between task Ti and its immediate predecessors. This
will result in the situation that the schedule length increases quickly caused by
the communication cost especially for the communication intensive applications.
For example, in Fig. 1, we assume that there are three machines and the Task
T1 is allocated to machine m1 in the run time. Fig. 1(a) is part of the DAG for
a communication intensive application and Fig. 1(b) is the estimated execution
time of task T2 on each machine. Moreover, we assume that the task T2 is
allocated to machine m2 in the compiler time phase. We will consider how to
allocate the task T2 in run-time adaptation phase now. First, it will find a
best machine which is m1 now because the estimated earliest finish time of
task T2 on machine m1 is the shortest that is calculated by Formula 1. Then,
when we test the migration condition, we find that the migration condition is
false even if the value, Δ, is 100%. Therefore in Fig. 1(c), the task T2 will be
allocated to machine m2 and completes at time unit 107. We can find that if
task T2 was allocated to machine m1, the finish time of task T2 will be 60. In
a communication intensive application, the schedule length will increase quickly
caused by migration condition fail.

2.2 Application Model

We consider a heterogeneous computing system with m compute resources (ma-
chines), M = m1, m2, . . . , mm, and a set of r non-compute resources (resource),
R = r1, r2, . . . , rr. A machine can be a HPC platform, a workstation, a personal
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Fig. 2. (a) Two DAGs (b) resource requirement of tasks (c) weighted compatibility
graph

computer, etc. A non-compute resource can be a data repository, an input/output
device, etc. Resources are interconnected by the network. And, we define the DAG
which is often used to represent the parallel program. We assume that a parallel
program is composed of n tasks T 1, T 2, . . . , Tn in which there is a partial order.
The partial order T i < Tj implies that T j can not start execution until T i finishes
due to the data dependency between them.

Definition 1. A parallel program can be represented by a Directed Acyclic
Graph (DAG) G = (T, E, C, R), where

T={T1, T2. . . Tn} is a finite set of tasks;
E is a set of edges which is between the tasks in T and each edge e(i, j)

represents the data dependency between task Ti and task Tj;
C is the function from E to integer in which cij represents the communication

cost from task Ti to task Tj.
R is a function from T to a set of resources in our system. When a task Ti is

executed, it needs a set of resources, denoted as R(Ti).

Definition 2. Two tasks Ti and Tj are incompatible if and only if R (Ti)
∩R(Tj)�= φ.

Incompatible tasks cannot be executed concurrently even if they have no
precedence constrains among them. This is the resource sharing constrain. There-
fore, tasks may be unable to run concurrently for precedence constrains or
resource sharing constrain. We use the compatibility graph defined below to
capture the implied resource sharing constrains among tasks that may belong to
the same or different application.
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Definition 3. Given a set of tasks and the resource requirement of each tasks,
the Weighted Compatibility Graph (WCG) W = (T, E, C), Fig. 2 shows an
example of WCG:

T is the set of all tasks
E is a set of edges which is between the tasks in T; edge e (i, j) exists if task

Ti and task Tj use some resources in common
C is a function form E to integer in which cij represents the number of common

resources between task Ti and Tj.

3 2-Phases Resource Co-allocation Algorithm (2PDRCA)

In Alhusaini’s method, the major part of the algorithm focuses on the allocation
mechanism in compiler-time mapping phase. But we have no any information
about when a task Ti will release e a resource rk ∈R (Ti) before task Ti com-
pletes in compiler time. And, we don’t know what resources will be available at
any significant time unit. So, all tasks are assumed that they won’t release any
resource before they complete in compiler time. We will dynamic select a set of
tasks to be allocated depending on the number of common resources and the
data dependency between tasks which are unscheduled.

Wewill describe the basic principle of 2-PhasesDynamicResourceCo-allocation
Algorithm (2PDRCA) for resource co-allocationproblem in this section. 2PDRCA
also has two dynamic phases: one is called the compiler time phase and the other
is run time allocation phase.

3.1 Compiler Time Phase

In the compiler time phase, we only produce the data that will be used in run time
allocation phase. There are only two steps in this phase. Step one is to construct
the Weighted Compatible Graph (WCG), step two is to mark all task that need
non-compute resource or not. Table 1 show of pseudo code of this phase:

Table 1. Part of pseudo code of the compiler time phase

Compiler time phase
Input: DAGs and their resource requirement
Output: WCG
Begin
1. Construct the weighted compatible graph for the DAGs
2. Mark all tasks that do not require any non-compute resource
End

3.2 Run Time Allocation Phase

The run time allocation phase is the major part of the algorithm focuses on the
allocation mechanism. Table 2 shows of pseudo code of this phase.
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Table 2. Part of pseudo code of run time allocation phase

Run time allocation phase
Begin
1. Let WCG be the weighted compatible graph generated in the compiler time phase
2. Counter = 0
3. While (counter ¡ total number of tasks) do:
4. At each mapping event do:
5. If (some non-compute resources are released in this mapping event)
6. Adjust WCG
7. Put all ready state tasks into the set READY
8. Extract all tasks that are marked at compiler time from READY and put them into set
M
9. Construct set C from READY
10. Find a maximal independent set S from READY such that C ⊆ S
11. Reinsert all tasks from M into S
12. While (S is not empty) do:
13. If (C is not empty) do:
14. Pick the highest weight task t from C
15. Remove t from C and S
16. Else do:
17. Pick a task t from S and Remove t from S
18. Find a machine mj that has earliest finish time to t
19. Allocate R(t) to t
20. Execute t on machine mj
21. Counter++
22. End(while)
23. End(while)
24. End

One of the steps in run time allocation phase is to select a maximal indepen-
dent set S. But the time complexity of selecting a maximal independent set is
really great. The time complexity is O(2CCR), where C is the number of tasks in
the independent set not included the critical task vc, and R is the total number
of non-compute resources. Therefore, in order not to increase the overhead in
run time, we have to add some processes to restrict the integer C. There are two
kinds of situations that we describe below.

First, if a task Ti doesn’t require any non-compute resource and is in the ready
state, it must be selected into the maximal independent set S. The reason is that
task Ti will not suffer any resource sharing constrain between other tasks that
is in ready state, too. Therefore, it can concurrently execute with other tasks
that is also in the ready state. We can mark these tasks that do not require any
non-compute resource in the compiler time and extract them before selecting
the maximal independent set S. Then, we will reinsert them to the maximal
independent set S after selecting the maximal independent set.

Second, for the selecting of maximal independent set, we select a set of critical
tasks such that the integer C is less than k, where k is the number such that 2kk
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is less than the total number of tasks. While we select more critical tasks, there
is more non-compute resources will be reserve for them. So, there are more tasks
that in the ready state suffer resource sharing constrain to critical tasks. We can
remove them before selecting a maximal independent set. This process will have
the time complexity of selecting maximal independent set to be O(NR), where
N is the total number of tasks.

In run time allocation phase, there are some other processes at each mapping
event. To ensure precedence constrain to be satisfied, we gather all tasks that are
in the ready state to be set READY. Before we select a maximal independent set
from READY, we must extract all tasks that is marked in compiler time phase.
This will be helpful for us to restrict the time complexity of selecting a maximal
set from READY.

As we mention above, we will reinsert them to the maximal independent set.
We will select a set of tasks to be critical tasks according to the weight of each
task. A task that has the greatest weight in the set READY will be selected
first. There are two reasons for a task Ti to have the greatest weight in READY.
Selecting a set of critical tasks will also help us reduce the time complexity of
selecting maximal independent set.

Fig. 3. (a) The estimated computation cost of tasks in Fig. 2(a) (b) the result of first
mapping event (c) the result after second mapping event at time unit 2

After deciding the critical tasks, we will select a maximal independent set S
that included the critical tasks from READY to be allocated. For the allocation
mechanism, we use the highest weight first for the critical tasks in S and the
other tasks are random. We use a simple allocation mechanism and consider
two situations to reduce the time complexity of selecting maximal independent
set in our algorithm. This will help us reduce the overhead in run time. If the
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overhead is increase quickly in run time, the schedule length will also increase.
When we want to allocate a task Ti to a suitable machine, we use the earliest
finish time of task Ti on each machine to decide which machine is suitable. In
Fig. 3, we show an example for the first mapping event of tasks in Fig. 3 (a) is
their estimated execution time on each machine.

These two tasks will be put in the set READY that is task T0 and task T1.
Because task T0 doesn’t require any non-compute resource, it will be extracted
before the selecting of maximal independent set. The result of first mapping
event is shown in Fig. 3 (b). We assumed that task T1 would release resource r1
at time unit 2. The result after this mapping event is in Fig. 3 (c).

3.3 Discussion

We use the earliest finish time of a task Ti on each machine to choose a machine
mj that will make the task Ti completes earlier and allocate task Ti to machine
mj . This will help us avoid the schedule length increasing quickly in a communi-
cation intensive application. We will illustrate the effect of migration condition
through the simulation Compiler time Run time Alhusaini’s method O(2NNR)
O(N2R), and 2PDRCA cost O(N2R) O(N2R).

Table 3. Time complexity of Alhusaini’s method and 2PDRCA result

Compiler Time Phase Run Time Allocation Phase
Alhusaini Method O(2NNR) O(N2R)
2PDRCA O(N2R) O(N2R)

In Alhusaini’s method, when the heterogeneity is getting bigger and bigger,
the migration condition would be false frequently. It would be harder to allocate
a task Ti to the best machine mb. In 2PDRCA, we directly allocate a task Ti to a
machine mj in run time. Therefore, we can avoid the disadvantage of migration
condition mechanism. Table 3 is the time complexity of Alhusaini’s method and
2PDRCA. In the compiler time mapping phase of Alhusaini’s method, the time
complexity of selecting a maximal independent set is O(2NNR), where N is the
total number of tasks and R is the total number of resources. The run time
adaptation phase of Alhusaini’s method, the time complexity is O(N2R). In
2PDRCA, the time complexity of compiler time phase is focus on constructing
the WCG. The time complexity of run time allocation phase in 2PDRCA is
O(N2R) [11].

4 Simulations and Performance Evaluation

In this section, we will evaluate the performance of 2PDRCA comparing with the
Alhusaini’s method. Firstly, we give some definitions, as we define in definition
1, the parallel program with n tasks can be represented as DAG with n tasks.
In our simulation, we use following several parameters:
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Number of tasks in the graph, (TASK).
Communication to computation ratio (CCR).
It is the ratio of the average communication cost to the average computation

cost.
Range percentage of computation cost on machines, (HETERGENEITY).
A high percentage value causes a significant different in a task’s computa-

tion cost among the machines and a low percentage indicates that the expected
computation cost of a task is almost equal on any given machines in the system.

Number of machines in the system, (MACHINE).
We define the Schedule Length Ration (SLR) as the average schedule length

of 2PDRCA divides by the average schedule length of Alhusaini’s method. If the
SLR is larger than 1.0 means the Alhusaini’s method has the smaller schedule
length. On the contrary, if the SLR is smaller than 1.0 means 2PDRCA has
smaller schedule length.

We can observe the effect of CCR {0.1, 0.5, 1, 5, 10} with changing the TASK
{100, 150, 200} and HETEROGENEITY {0.2, 1, 1.5} from Fig. 4 respectively. As
the CCR increases, the SLR decreases quickly. So, in a communication intensive
application, Alhusaini’s method will have larger schedule length than 2PDRCA.

In a communication intensive application, an efficient method to reduce the
communication cost between tasks will enormously shorten the schedule length.
But, the migration condition in Alhusaini’s method, only computation cost will
be used to decide to re-assign a task to its best machine or not in run time.
Therefore, the schedule length will increase quickly caused by the communication
cost.

Fig. 4. (a) The simulation result of effect of CCR with changing TASK (b) The simu-
lation result of effect of CCR with changing HETEROGENEITY

In the Fig. 5, we will illustrate the effect of HETEROGENEITY on SLR.
Through these two experiments, we have found effect of HETEROGENEITY
with changing CCR that the SLR decreases as the HETEROGENEITY in-
creases.
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Fig. 5. (a) The simulation result of effect of HETEROGENEITY with changing CCR
(b) The simulation result of effect of HETEROGENEITY with changing TASK

5 Conclusion

This paper proposed the 2-phases dynamic resource co-allocation algorithm;
it has the following main advantages compared with Alhusaini’s method. The
simulation results show that 2PDRCA effectively shortens the schedule length
comparing with Alhusaini’s method. Especially in communication intensive ap-
plication, we get better performance; the time complexity of run time phases in
Alhusaini’s method and 2PDRCA are in common. Both of them are O(N2R),
where N is the total number of tasks and R is the total number of non-compute
resources. But in compiler time phase, the time complexity of Alhusaini’s method
is O(2NNR) greater than 2PDRCA’s time complexity which is O(N2R).

We can take the consideration of different parameters such as network topol-
ogy, and system latency into the 2PDRCA. And, may expand our assumptions to
consider usage of multiple compute resources and advance resource reservations.
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Abstract. Fuzzy logic and grey theory, combined with adaptive heartbeat 
mechanism, are integrated to implement an adaptive failure detector for 
distributed systems. A GM(1,1) unified-dimensional new message model, which 
only needs a small volume of sample data, is used to predict heartbeat arrival 
time dynamically. Since prediction error is inevitable, a two-input (residual ratio 
and message loss rate), one-output (compensation value) fuzzy controller is 
designed to learn how to compensate for the output from the grey model, and the 
roughly determined fuzzy rule base is tuned by a reward-punishment learning 
principle. Experimental results show the availability and validity of the failure 
detector in detail. 

1   Introduction 

Failure detector is an essential component for building reliable distributed systems, and 
many ground-breaking advances have been made on failure detectors [8]. Moreover, with 
the emerging of large-scale, dynamic, asynchronous distributed systems, adaptive failure 
detectors which can adapt to changing network conditions have drawn much attention of 
literature, and some truly adaptive algorithms have been presented, such as [5-8]. 

The idea of adaptive failure detection is that a monitored process p periodically 
sends a heartbeat message (“I’m alive!”). A process q begins to suspect p if it fails to 
receive a heartbeat from p after some timeout. Adaptive failure detection protocols 
change the value of the timeout dynamically, according to the network conditions 
measured in the recent past [9]. Doing so, adaptive protocols are able to cope 
adequately with changing networking conditions, and hence they are particularly 
appropriate for common networking environment, or the Internet. In particular, they are 
able to maintain a good compromise between how fast they detect actual failures, and 
how well they avoid wrong suspicions. 

Nevertheless, existing adaptive failure detectors (e.g.[5-8]) almost employ statistical 
methods to predict heartbeat arrival time dynamically, which need a large volume of 
sample data and require the sample data present in normal distribution, making them 
unsuitable for highly dynamic distributed systems. Moreover, they either ignore the 
problem of message loss (e.g., [6], [10]) or assume the loss of consecutive messages is 
uncorrelated [5]. In contrast, experiments [8] have shown that message losses are 
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strongly correlated and tend to occur in bursts of various length, which is consistent 
with observations made by Keidar [11], as well as many people in the networking 
research community. 

In this paper, we present a novel implementation of adaptive failure detector. It 
follows the adaptive heartbeat strategy, but employs a quite different method, that is, 
combined grey prediction algorithm with an adaptive fuzzy controller to modify the 
timeout dynamically according to network conditions. By use of an improved grey 
prediction method, we can predict the next heartbeat arrival time promptly through a 
small volume of sample data, and do no assumption on the distribution of sample data. 
Furthermore, with respect to both prediction error and message loss factors, a 
two-input/one-output fuzzy controller has been designed to generate a compensation 
value for the predicted one. Then, we can acquire a more accurate prediction result. 
Furthermore, experimental results demonstrate the validity and availability of our 
method. 

The remainder of the paper is structured as follows. Section 2 describes the system 
model and presents the whole architecture of our failure detector. In Section 3, we give 
the improved grey prediction algorithm. Section 4 presents the adaptive fuzzy 
controller in detail. In Section 5, experimental results show the validity and availability 
of our failure detector. Finally, the paper is concluded in Section 6. 

2   Architecture Overview 

In this section, we first describe the system model of distributed systems. Then, present 
the architecture of our failure detector in detail. 

2.1   System Model 

Similar to the model of Chen et al. [5], we consider a simple asynchronous model 
consisting of two processes p and q. The processes are subject to crash failures only 
and, crashes are permanent. The processes are connected by two unidirectional 
channels that cannot create, duplicate, or garble messages. The channels are fair-lossy 
which means that, if a process, say p, sends an infinite number of messages to process q 
and q is correct, then q eventually receives an infinite number of message from p. In 
practice, a fair-lossy channel can be implemented by some best-effort lossy 
communication service, such as UDP. 

In addition, processes have access to some local physical clock giving them the ability 
to measure time. We assume nothing regarding the synchronization of these clocks. 

In the remainder of the paper, we consider the situation where process q monitors 
process p. 

2.2   Architecture of Failure Detector 

As is shown in Fig. 1, the implementation of failure detector on the receiving side can 
be decomposed into three basic parts as follows. 



 Fuzzy-Grey Prediction Based Dynamic Failure Detector for Distributed Systems 133 

1. Prediction layer. An adaptive grey predictor is constructed using GM(1,1) 
unified-dimensional new message model (see in section 3). Upon receiving a 
new heartbeat message, the adaptive grey predictor calculates the next heartbeat 
message arrival time, generates both predict value and residual ratio. 

2. Compensation layer. In order to decrease the predict error, this layer employs a 
two-input/one-output adaptive fuzzy controller (see in section 4) to generate a 
compensation value adaptively, the two-input are residual ratio and the message 
loss rate in specific period, the output is a compensation value. 

3. Execution layer. The final prediction value is equal to the predicted value pluses 
the compensation one. Then, actions are executed as a response to triggered 
failures based on the execution layer whether or not receiving the next heartbeat 
within prediction time. This is normally done within applications. 

Prediction 
Layer

Compensation 
Layer

Execution 
Layer

Decision m aking

Adaptive fuzzy controller

Adaptive grey predictor

Heartbeat m essage
Arrival time

Residual ratio M essage loss rate

Compensation value
Predicted value

Failure/non-failure

 

Fig. 1. The architecture of failure detector 

3   Prediction Layer 

Existing adaptive failure detectors (e.g. [5-8]) almost employ statistical methods, which 
need a large volume of sample data and require the sample data present in normal 
distribution. If the samples are distributed at random, the prediction values may become 
unstable and make the system predict inaccurately. 

To avoid the above limitations, we explore grey theory [3] to predict heartbeat 
arrival time dynamically, and the GM(1,1) [4] unified-dimensional new message model 
is employed. The algorithm is depicted as algorithm 1: 

Algorithm 1: 
Step1: Get current time sequence. 
Collecting the small number of the just passed heartbeat arrival time as prediction 
samples to form current time sequence, which denote by: 
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(0) (0) (0) (0) (0)( (1), (2), (3), , ( ))t t t t t n= L  (1) 

where n: the number of samples. 

Step 2: Do accumulated generating operation (AGO) formation of (0)t . 

Defined (1)t as: 

(1) (1) (1) (1) (1)( (1), (2), (3), , ( ))t t t t t n= L  (2) 
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Step 3: Form GM (1, 1) model. 

From the AGO sequence (1)t , we can form a GM (1, 1) model, which corresponds to 

the following first-order difference equation: 

(1) (1)( ) / ( )dt k dk at k b+ =  (4) 

Therefore, the solution of Eq.(4) can be obtained using the least square method. That 
is: 
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We obtained (1)t̂ from Eq.(5). Let (0)t̂ be the fitted and predicted series, 

(0) (0) (0) (0) (0)ˆ ˆ ˆ ˆ ˆ( (1), (2), (3), , ( ))t t t t t n= L  , where (0) (0)ˆ (1) (1)t t=  (9) 

Step 4: Obtain the next heartbeat arrival time 
Applying the inverse accumulated generating operation (IAGO), we then have 

ˆ ˆ(0) (0) ( 1)
ˆ

ˆ ( ) ( (1) ) (1 )
ˆ

a a kb
t k t e e

a
− −= − × − ×  (10) 

where  (0)ˆ ( 1)t n +  is the next heartbeat arrival time. 
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Step 5: Form new prediction model. 
Upon receiving the (n+1)th heartbeat, the monitoring process p reads the process clock 
and stores the heartbeat rank and arrival time into a sliding window (thus discarding the 
oldest heartbeat), and form new prediction model as follows. 

(0) (0) (0) (0) (0){ (2), (3), , ( ), ( 1)}newt t t t n t n= +L  (11) 

Then, repeat steps 2- 4 to predict the (n+2)th heartbeat arrival time, and so on. 

Step 6: Residual checking 
A residual checking method is used to compare the predicted data with actual data after 
the predicted value are derived from GM(1,1) unified-dimensional new message 
model, shown in Eq.(12), and the residual ratio combined with message loss rate in 
specific period are used to the adaptive fuzzy controller to generate the compensation 
value. 

(0) (0)

(0)

ˆ( ) ( )
( ) ,

( )t

t k t k
e k

t k

−=  k=1, 2, 3, …, n (12) 

4   Compensation Layer 

Since prediction error is inevitable, and message loss rate is strongly correlated to the 
performance of failure detector [8][11]. Then, in order to make our failure detector 
more accurate, an adaptive fuzzy controller is designed to compensate the prediction 
error and message loss. 

The basic components of the adaptive fuzzy controller include: (1) the fuzzification 
algorithm used for defining the linguistic variables in the fuzzy control rules; (2) the 
fuzzy control rules used for characterizing the control strategies of the expert; (3) a 
self-learning mechanism that adjusts the fuzzy rules adaptively; (4) the defuzzification 
algorithms used for getting crisp output from the fuzzy output set. More detailed 
descriptions of fuzzy sets and their operations can be found in [1]. In this paper, we use 
a simplified fuzzy reasoning method where triangular-shaped membership functions 
and the real values (singletons) are used for characterizing these linguistic values of the 
antecedent part and the consequent part respectively, and adjusts the fuzzy rules 
according to a reward-punishment principle. They are briefly described in the 
following. 

4.1   Fuzzification Algorithm 

The basic structure of the proposed adaptive fuzzy controller has two inputs and one 
output. The two inputs derive are residual ratio ( )te k and the message loss rate in 
specific time period (signed as ( )Ml t , calculated by Eq.(13)). The single output is a 
compensation value, and this value plus the predicted one generated by prediction layer 
is the final predicted value of next heartbeat arrival time. 
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( ) 100%M

M N
l t

M

−= ×  (13) 

where M is the heartbeat sending number by q, N is the heartbeat receiving number by p. 
The fuzzification algorithm for ( )te k and ( )Ml t is shown in Fig.2(a), where the 

symmetric triangular-shaped membership functions are used, the fuzzification 
algorithm for c(k) (compensation value) is shown in Fig.3(b), and the real number are 
used. “NL”, “NM”, “NS”, “ZO”, “PS”, “PM” and “PL” stand for “Negative-large”, 
“Negative-medium”, “Negative-small”, “Zero”, “Positive-small” and “Positive-medium”, 
“Positive-large”, respectively. 

                                                                         Table 1. Rules used in the fuzzy controller   
NL NM NS ZO PS PM PL

NL NM NS ZO PS PM PL

-1 -2/3 -1/3 0 1/3 2/3 1
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0
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NL NL NL NL NM NS ZO

NL NM NM NM NS ZO PS

NL NM NM NS ZO PS PM

NL NM NS ZO PS PM PL

NM NS ZO PS PM PL PL

NS ZO PS PM PL PL PL

ZO PS PM PL PL PL PL         Fig. 2. Membership functions of fuzzy  

4.2   Fuzzy Control Rules 

The fuzzy controller is constructed by a rule base of individual control rules which are 
conditional linguistic statements of relationship between inputs and outputs. The set of 
control rules can be expressed as follows: 

             
Rule Rij: If e is Ei and l is Lj, then c is Cij 

Where e, l and c are linguistic variables and Ei, Lj, Cij are linguistic values with 
membership functions Ei : Ce→[0,1],  Lj : Cl→[0,1] and Cij : Cc→[0,1] corresponding 
to the universe discourse of Ei, Lj and Cij respectively. The membership functions of the 
above fuzzy sets are depicted in Fig.3, where the universe of discourse of each input is 
normalized in the interval [-1,1]. It is known that the control rules have an important 
effect on the control performance. The rules may be determined according to the step 
response of the system under study [2]. In this paper, the used control rules are given in 
Table 1. 

4.3   Fuzzy Rule Self-learning Procedure 

To provide the fuzzy controller with on-line and self-learning ability, the Cij of each 
fuzzy rule is adjusted during the classification process based on the reward-punishment 
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learning principle. When the selected fuzzy rule is able to correctly generate 
compensation value, Cij is increased: 

1
new old old
ij ij ijC C Cδ= +  (14) 

In Eq.(14) 1δ is a positive learning factor for increasing C and 1
old
ijCδ is the reward 

for the correct classification. 
On the contrary, if the selected fuzzy rule fails to correctly generate compensation 

value, C is reduced: 

2
new old old
ij ij ijC C Cδ= +  (15) 

As is shown in Eq.(15), 2δ is a negative learning factor for decreasing C and 

2
old
ijCδ is the punishment for misclassification. 

In our approach, a fuzzy rule base becomes more adaptive and flexible for different 
types of classification after implementing the above procedures. 

4.4   Defuzzification Algorithm 

If we sum all the output fuzzy sets to form the resultant output set, the defuzzification 
algorithm is used to convert it into a scalar output. In general, there are many methods 
to carry out this procedure. In this paper, the used defuzzification algorithm is the 
weighted average method. That is, when the input ( )te k  and ( )Ml t  are input to the 
fuzzy controller, the scaled control output c(t) is obtained by the following equation: 

49
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( )
i i

i

i
i

w y
c t

w

=

=

=
∑

∑
  (16) 

where                                      ( ( )) ( ( ))i i iw E e k L l t=  (17) 

is the truth value of the antecedent part in the ith rule and yi is the real value of the 
consequent part in the ith rule. 

5   Experimental Results 

We have analyzed the behavior of our failure detector between Internet and CERNET 
(Chinese Education and Research Net) in Chongqing city for a total duration of three 
weekdays. First, we describe the environment in which the experiments have been 
conducted. Second, we record heartbeat samples and calculate message loss rate. Third, 
we construct the adaptive fuzzy controller according to selected heartbeat samples and 
message loss rate. At last, we compare our failure detector to that of Chen’s [5]. 



138 D. Tian, S. Chen, and T. Mao 

5.1   Experimental Setup 

Analog to [7-9], our experiments involved two computers, with one locates in 
ChongQing University (CERNET), and the other locates outside of ChongQing 
University (Internet). All messages are transmitted with UDP protocol. Neither 
machine failed during the experiment. 

The sending host locates outside of ChongQing University, the IP address is 
221.5.183.108. It is equipped with a Celeron IV processor at (1.7GHz) and the memory 
is 256 MB, the operating system is Red Hat Linux 9 (kernel 2.4.20).  

While the receiving host is locates in ChongQing University. It is equipped with a 
Pentium IV processor at 2.4 GHz and the memory is 512MB, the operating system is 
also Red Hat Linux 9 (kernel 2.4.20). 

5.2   Experimental Results 

The experiment was done in three phases. First, we record heartbeat arrivals using the 
experimental setup described above. Secondly, we calculate the message loss rate lM(t) 
for every one minute. Then, select 1000 heartbeat arrival time samples to construct 
fuzzy controller. At last, we have used simulation to replay the recorded traces with 
different failure detector implementations. The details are depicted as follows. 

Phase 1: Recording heartbeat arrivals 
The experiment lasts for three weekdays, during which heartbeat message is generated 
every 400ms. Fig.3 depicts the curves of the mean heartbeat sending interval and 
arrival interval from 10am to 4pm in the three days. We can know that message delay is 
a bit high, the highest message delay is 2428ms, and the lowest, 989ms. We think this is 
result from the transmit speed between CERNET and Internet is slowly. 
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  Fig. 3. Figure of message delay               Fig. 4. Figure of message loss rate 

Fig.4 shows the mean message loss rate of the first two days. We can see that the 
message loss rate is also a bit high, in bursting hours, the message loss rate is almost 
nearly 20%. We think this is also result from the low transmit speed between CERNET 
and Internet is slowly. 
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Phase 2: Construct fuzzy controller 
Experiment 1: establishing fuzzy rule base 
According to the fuzzification algorithm in section 4, a total of 1000 momentary 
residual ratio and message loss rate points were selected to fed each of the 7x7 fuzzy 
rule base to generate compensation values. In our approach, each training sample 
contains three states, that is, residual ratio of predicted value, message loss rate in 
specific time period, and compensation value.  

Experiment 2: determining positive/negative learning factors 
After establishing the fuzzy rule base, we need to determine positive learning factor δ1 
and negative learning factorδ2 (Eqs. (14) and (15)). The absolute value ofδcan range 
from 0 to 1. A pair of likely values (based on experience) is selected and applied to the 
fuzzy rule base. The 1000 training samples were randomized as to order and, in this form, 
given the designation “test samples”. The test samples were then input to the fuzzy rule 
base with a givenδ-pair. This process yields the data of Table 2. It shows that the 7x7  
(49 fuzzy rules) base withδ1=0.01 andδ2= -0.13 yields a high correct-compensation 
percentage, i.e. 99.7%. 

Table 2. Correctclass classifiction for different learning factors 

7x7 fuzzy subsets(% )
0.001
0.001
0.005
0.01
0.01
0.01
0.01
0.01
0.01
0.05
0.1
0.15
0.15

-0.001
-0.15
-0.15
-0.005
-0.01
-0.1
-0.13
-0.14
-0.15
-0.15
-0.15
-0.01
-0.15

94.3
99.2
99.2
91.7
92.8
99.4
99.7
99.6
99.5
98.8
95.8
88.1
90.8  

Phase 3: Simulating failure detectors 
Experiment 1: determine the size of prediction sample space. 
We set the size of sample space from 20 samples to 500 samples, and measured the 
accuracy obtained by the failure detector running during 10am and 4pm. 

As is shown in Fig. 5, the experiment confirms that the mistake rate of our failure 
detector improves as the sample size increases. But the curve seems to flatten slightly 
when the size is more than 200, meaning that increasing it further yields only little 
improvement. 

Experiment 2: comparison with Chen’s failure detector 
In order to validate the prediction accuracy of our failure detector, we compare it with a 
well-know adaptive detector, that of Chen et al. [5]. 

For the two failure detectors, we set the size of sample space as 300. The result is 
shown as in Fig. 6, we can see that the prediction value of the two methods is almost 
same, which means that our method is valid and available. 
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Fig. 5. Effect of sample space Fig. 6. Accuracy comparison between two 
methods 

6   Conclusion and Future Work 

Failure detection is a fundamental building block for ensuring fault tolerance in 
distributed systems. In this paper, combining adaptive heartbeat mechanism with fuzzy 
grey prediction algorithm, we present a novel implementation of adaptive failure 
detector. That is, using grey prediction algorithm with a fuzzy controller to modify the 
timeout dynamically according to network conditions. In doing so, we only need a 
small number of sample data, and do no assumption on the distribution of sample data. 
Moreover, by using the residual ratio of predicted value and message loss rate in 
specific period as input variations of the fuzzy rule-based controller, we can acquire the 
confidence of failure/non-failure of distributed systems. At last, experimental results 
demonstrate the validity and availability of our method in detail. In the near future, we 
will implement a failure detection middleware based on the algorithms present in this 
paper. 
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Abstract. Currently, directory-based cache coherence protocols are widely 
adopted in DSM systems. However, with the scaling of system size, directory-
based protocols are also confronted with the problem of scalability. With the 
analysis of factors that affect the scalability of directory protocols, we propose a 
two-level directory organization solution based on directory cache in this paper. 
Simulation result shows that this directory organization can efficiently reduce 
storage space occupied by directory information to enable good scalability for 
the implementation of the protocol, with the performance of the system being 
considered. 

1   Introduction 

CC-NUMA systems are hardware implementations of distributed shared memory 
systems (DSM), such as SGI origin 3000[1] and HP Superdome [2]. As cache is 
distributed to nodes with processors, new problem is incurred when reducing the 
average access time and requirements of memory bandwidth, which is the problem of 
cache coherence: how to keep multiple copies of the same data block residing in 
different caches and memory consistent. The problem of cache coherence not only 
decides the correctness of the system, but also has a significant impact on system 
performance. Many cache coherence protocols have been put forward to address this 
problem. 

It is key to track the state of shared data block in implementing cache coherence 
protocols. According to the technologies adopted in state tracking, there exist two 
kinds of protocols currently: snooping protocols [3, 4] and directory-based protocols. 
The former is based on broadcast mechanism provided by system bus. All the 
processors are inter-connected by shared bus. When any processor tries to write data, 
it must get the control of the bus, and then put the address of the to-be-invalidate data 
block on it. The other processors are snooping the bus all through, detecting whether 
the data block corresponding to the address resides in their caches. If it resides, the 
corresponding data block will be evicted. Snooping protocols are suitable for small 
size systems, but for the limitations from bus scalability, shared bus will become a 
bottleneck for performance with the scaling of system size. For better scalability 
compared to snooping protocols, directory-based cache coherence protocols [5-7] are 
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usually adopted in CC-NUMA systems. But with the expansion of system size, 
directory-based protocols are also confronted with the problem of scalability. 

Generally speaking, the factors that affecting the scalability of directory-based 
cache coherence protocols mainly include: 

− Overheads in directory storage 
In CC-NUMA systems, the copies of one data block might exist in the caches of 

multiple processors. To precisely record the shared information of each data block, 
directory is often organized in bit vector. The main drawback of this method is that 
storage space occupied by directory will increase with the expansion of system scale. 
Therefore, directory organization is an important factor that affects the scalability of 
directory-based protocols. 
− Latency in accessing directory 

The access modes of directory generally include read-modify-write. If the latency 
in accessing directory is large, system performance will be greatly impacted. But if 
directory is implemented in high-speed storage, the performance of read-modify-write 
will be improved, and the impact of this latency on system performance will be 
reduced. 
− Overheads in processing  cache coherence for data access 

According to cache coherence protocols, the process of a data access request will 
generally involve multiple nodes and the multiple messages passing between these 
nodes. Especially when invalidate message is needed to send to all the shared copies 
or intervention request is needed to send by third parties, message communications 
will be even more on the network. The scale of interconnected network and the 
communication latency between nodes will increase with the expansion of system 
scale. Therefore, overheads in processing cache coherence for data access will 
increase with the expansion of system scale, which also greatly impacts the scalability 
of CC-NUMA systems. 

Targeting the above three factors that impact the scalability of directory-based 
protocols, a directory-cache based two-level directory organization solution is 
proposed in this paper, which combines bit vector mode and limited pointers mode. 
By means of decreasing directory width and height, overheads in directory storage, 
latency in accessing directory and overheads in processing cache coherence are all 
reduced. 

The rest of this paper is organized as follows: in section 2, related work is 
presented; in section 3, the directory-cache based two-level directory organization is 
introduced and analyzed; in section 4, simulation and evaluation are given; and finally 
in section 5, the whole paper is concluded. 

2   Related Work 

In directory-based cache coherence protocols, directory is responsible for the 
maintenance of cache block’s shared information, and directory organization defines 
the storage structure and the characteristics of the stored information. The choice of 
directory organization will affect overheads in directory storage, impact system 
performance, and is important to the scalability of directory-based protocols. By far, 
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the widely-adopted directory organization in commodity systems and academic fields 
mainly include: bit vector directory, limited pointers directory, chained directory and 
hybrid directory. 

Bit vector directory is also called full-map directory [8], and each directory item 
has an N-bit vector, where N is the number of processors in system. And each bit 
within the N-bit vector corresponds to a processor, to denote whether there is a copy 
of the corresponding memory block in this processor’s cache. The advantage of bit 
vector directory is that, the shared information of memory block is complete, and the 
invalidate messages can be correctly sent to the corresponding nodes according to the 
record of bit vector. As the storage space required for bit vector directory is in direct 
ratio to the number of processors in system, N, when N is large, storage overheads in 
implementing directory-based protocols will also be large. 

Limited pointers directory [9] can decrease overheads in directory storage. It uses 
limited number of pointers (for example, m) to point to the processors that own copies 
of the data block, and each pointer needs log2N bits, where N denotes the number of 
processors in system. To show the advantage of limited pointers directory, the 
precondition is the number of copies of the same data block in different caches should 
be smaller than some constant m (m<<N). Under this condition, storage overhead in 
limited pointers directory is far smaller than that in bit vector directory. However, 
when the number of copies is bigger than m (the pointer overflows), special 
operations must be taken. The usual method adopted is randomly selecting a pointer, 
sending invalidate message to the node it points, and invalidating the corresponding 
copy, which will result in serious impact on system performance. 

From the aspect of information storage, bit vector directory and limited pointers 
directory are both memory-based, that is, all the information relating to shared data 
block are stored in home node’s memory, by means of which information of all nodes 
can be obtained. The other storing manners are cache based, that is, directory 
information of shared data block does not reside in home node, but distributes to 
caches, and chained directory is such kind of cache-based directory. 

In chained directory[10], all the caches owning the same copy of a data block is 
linked by chains, whose head pointer resides in the data block’s home node. When 
one data block is buffered in some cache, the corresponding cache will be chained to 
the chain pointed by the data block’s head pointer. When some data block is 
invalidated or replaced in some cache, the corresponding cache will be deleted from 
the chain pointed by the data block’s head pointer. But if the shared status of some 
data block is expected to obtain, the whole cache directory chain has to be gone 
through, which makes chained directory protocols rather complex. 

Different with the single directory organization method in multi-processor systems 
introduced above, SGI’s Origin 3000 combines bit vector, coarse grain vector and 
limited pointers methods on the basis of bit vector directory, which provides a more 
flexible mixed directory organization. This system fully exploits the advantages of bit 
vector directory and coarse grain directory. For systems with node number exceeding 
64, Oct (octant) field is introduced to avoid imprecise shared information in a large 
amount of shared information (when the number of shared processors is no larger than 
128, they will fall into the same octant. The adoption of coarse grain vector enables 
the system to maximally support 512 nodes. Compared to bit vector directory, mixed 
directory can spare large storage; and compared to coarse grain vector directory, some 
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imprecise shared information is avoided and network communication is reduced. The 
efficiency of directory storage is improved and the impact on system performance is 
reduced when the capacity of directory storage remains the same. The disadvantage of 
this method is that extra hardware is required in determining shared status (includes 
shared amount, whether falling into the same octant, and etc), so as to choose a 
suitable form to denote it. Besides, when directory state or shared status has been 
changed, special hardware will be needed for conversion between the three directory 
formats. These disadvantages increase hardware overheads and impact system 
performance. 

Chang from Texas A&M University proposed a tree-based cache coherence 
protocol [11], which adopts hybrid directory organization combining limited pointer 
directory and chained directory. By utilizing a limited number of pointers in the 
directory, the proposed scheme connects the nodes caching a shared block in a tree 
fashion. In addition to the low communication overhead, the proposed scheme also 
contains the advantages of the existing bit-map and tree-based linked list protocols, 
namely, scalable memory requirement and logarithmic invalidation latency. 

Acacio from Spain also proposed a hybrid directory organization solution [12, 13], 
which combines bit vector directory and limited pointer directory. With similar 
performance with bit vector, directory storage overheads are largely reduced. But 
these two levels of directories are put in memory, though directory storage overheads 
are reduced, access latency is not efficiently reduced. 

3   Directory-Cache Based Two-Level Directory Scheme 

3.1   Directory Architecture 

In the last section, we have analyzed the pros and cons of various approaches to 
directory organization. Based on the analysis, we propose a directory-cache based 
two-level directory organization scheme. In this scheme, every node contains two 
types of directories: 

− First level directory (directory cache): organized as bit vector. The directory 
contained only a part of all directory items, namely those of the current most active 
data blocks. The first level directory is actually the cache of the second level 
directory, hence called directory cache. 

− Second level directory: organized as limited pointers. Every data block in the node 
memory has a corresponding item in the directory. 

In order to reduce memory overhead, the two-level directory organization scheme 
is so designed that the height of the directory is decreased in the first level directory, 
and the width of the directory is decreased in the second level directory. Figure 1 
shows the architecture of the two-level directory. The “Choose and Convert” logic in 
the right part of the figure functions as follows. When the tag comparator outputs a 
“1”, it selects the N-bit vector from the first level directory and outputs it. When the 
tag comparator outputs a “0”, it selects the limited pointers directory item containing 
M pointers from the second level directory, transforms the item to an N-bit vector, 
and outputs the vector. 
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Fig. 1. Architecture of the two-level directory 

3.2   Implementation 

The first level directory is a bit-vector directory. It is organized as a cache, and 
implemented with a high-speed storage. As Figure 1 shows, the directory cache 
adopts the direct map rules. Each item in the directory cache consists of two parts: tag 
and sharing information. Tag indicates whether the corresponding memory block of 
the directory item is hit in the cache. Sharing information indicates the sharing state of 
the corresponding memory block. Because the general mode of accessing directory 
memory is “read-modify-write”, the write-back policy is employed, which writes 
back to the second level directory when some item in the first level directory is 
replaced. Note that with the “read-modify-write” access mode, miss just occurs at 
read, while write always hits. 

The second level directory is organized as a limited pointers directory. Every data 
block in the node memory has a corresponding directory item in the directory. The 
structure of directory items in the second level directory is similar to that in the first 
level directory. Each item consists of two parts: state and sharing information, which 
respectively indicates the state of the directory item and the sharing information of the 
node which has the copy of the data block. 

In the following, we will introduce the process of accessing to the two-level 
directory. 

When a processor takes a read or write operation to a memory block, the home 
node of the memory block first accesses the two-level directory. The address of the 
visited directory consists of two parts: index in the low-bits, and tag in the high-bits. 
The index part is used to access the first level directory, i.e. the directory cache. The 
access to the second level directory uses the whole address as an index. The visits to 
the two levels are executed at the same time. We will present the execution process in 
terms of cache read hit, read miss, write hit and write miss. 
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− Directory cache read hit 
If the tag of an item indexed in the directory cache equals to the tag in the access 

address at read, the Tag comparator in Figure 1 outputs a “1”. Then the Choose & 
Convert logic selects an N-bit vector from the directory cache and outputs it. 
− Directory cache read miss 

If the tag of an item indexed in the directory cache does not equal to the tag in the 
access address, then the Tag comparator in Figure 1 outputs a “0”. In such case, the 
corresponding directory item will be replaced. The detailed process of the 
replacement is as follows. 
a)  The Choose & Convert logic obtains a limited pointer directory item from the 

second level directory. It transforms the item into an N-bit vector and outputs the 
vector. 

b)  The directory cache item to be replaced is selected. The directory cache adopts the 
write-back policy. Therefore the write-back to the second level directory is needed 
when an item is replaced. In such case, the write-back address is “high-bit Tag” 
(the Tag of the directory item obtained by the Index) + “low-bit Index” (Index of 
the access Address). When the corresponding directory item in the first level 
directory needs to write back to the second level directory, the first thing to do is 
directory transformation, i.e. to transform the N-bit vector item to a limited 
pointers item. Then the item can be written to the second level directory. In the 
transformation, number of the sharing nodes indicated by the N-bit vector may be 
greater than M, namely directory item overflow happens. The method to resolve it 
is to randomly select some sharing nodes and send them invalidate messages to 
invalid the corresponding copies so that the number of sharing nodes becomes M. 

Then, following step a), the N-bit vector output by the Choose & Convert logic 
is put at the corresponding position of the replaced item in the first level directory. 

− Directory cache write hit 
As mentioned above, the common mode of accessing directory memory is “read-

modify-write”, thus miss usually happens at read. The corresponding write of a read 
miss always hit the directory cache. Since the directory cache adopts the write back 
policy, only write to the corresponding position in the first level directory is needed. It 
is unnecessary to operate the second level directory. 
− Directory cache write miss 

It will not happen. 

3.3   Analysis on the Scalability 

In this section, we analyze the scalability of the directory-cache two-level directory 
organization scheme from the perspectives of performance and memory overhead. 

First, consider the memory overhead of the two-level directory organization 
scheme. The first level directory uses bit vector to keep the sharing information of the 
date block. With this manner, the width of directory items is wide. But the memory 
overhead is not high due to the limited number of directory items. In the second level 
directory, it is a one-to-one relation between the items and the data blocks in the 
memory. In order to reduce the memory overhead, we employ an imprecise manner, 
i.e. limited pointers directory, to keep the sharing information of data blocks. On all  
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accounts, integration of the two levels effectively reduces the memory space cost by 
directory information, which facilitates a satisfying scalability of the protocol 
implementation. 

Second, consider the performance of the two-level directory organization scheme. 
The directory items of current most used data always exist in the bit-vector directory. 
This enables low delay in access. Moreover, since the sharing information is 
represented in a precise manner, accesses do not affect the system performance. 
Directory items of current seldom-used data exist in the second level directory. Usage 
probability of such data blocks is small, so the sharing information stored with the 
imprecise manner has limited negative effects on the system performance. In the 
proposed organization scheme, when the first level bit-vector directory (directory 
cache) has a high hit ratio, the performance of the two-level directory is close to, even 
better than, that of individual bit-vector directory. This is because the high speed 
storage used in our first level directory that has a much better access delay than low 
speed storage used in ordinary bit-vector directories. Hit ratio of the directory cache is 
decided by a number of factors, including the size of the bit-vector directory, 
replacement policy and the temporal locality of the specific application. 

In summary, the proposed directory-cache based two-level directory organization 
benefits both memory overhead and performance. On one hand, it effectively reduces 
the memory space cost by directory information, which improves the scalability of the 
protocol implementation. On the other hand, it avoids decreasing the system 
performance. During the protocol execution, the probability of sending invalidate 
messages using imprecise share information is made as low as possible so as to 
reduce negative effect on system performance. Besides, using high speed cache as the 
first level directory decreases actual visits to the directory memory, so that the cost of 
cache coherence is considerably reduced. 

4   Performance Evaluation 

The above section has analyzed the memory overhead of the directory-cache based 
two-level directory organization. In comparison with limited pointers directory, the 
proposed scheme needs a little more memory overhead. In this section, we build the 
system model of the proposed scheme, simulate and evaluate its performance. 

4.1   Simulation Environment 

We used a modified RSIM simulator as the simulation tool. RSIM was developed in 
the RICE University [14]. We selected 6 representative test programs to investigate 
the performance benefits of the two-level directory organization. These test programs 
are SOR and QS from RSIM, WATER from SPLASH (Stanford Parallel Applications 
for Shared Memory) benchmark suite and FFT, LU, RADIX from SPLASH-2 
benchmark suite. Table 1 shows the setting of the main parameters of the simulator in 
our simulation. 
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Table 1. Simulation parameters 

Parameters of processor  
Processor frequency 

 Instruction issue width  
300MHz 

4 

Parameters of Cache  

Cache block size 
First level cache 

Hit time 
Second level cache 

Hit time 

64B 
16KB, direct map 

1 cycle 
64KB, 4-way set associative 

5 cycles 
Parameters of memory  

Delay of access memory 
Interleaving 

18 cycles 
4 

Parameters of bus  

Bus cycle 
Bus width 

3 cycles 
32B 

Parameters of network 

Topology  
Router cycle  

Flit size 

2D mesh 
2 cycles 

8B 
Parameters of the two-level directory 

First level directory (directory cache) hit time 
Second level directory hit time 

8 cycles 
20 cycles 

In the simulation, each item in the limited pointers directory of the second level 
directory contains 8 pointers. When the number of processors in the simulated system 
is large, the execution time is quite long. Therefore we simulated only the situations 
of 16 processors, 32 processors, and 64 processors. We executed 6 parallel test 
applications in the simulation. The setting of the input parameters of the applications 
is shown in Table 2. 

Table 2. Applications Workload 

Applications Input size 

SOR 128×64，8 iterations 

QS 16384 integers 

FFT 65536 points 

LU 256×256，block 8 

RADIX 52488 keys，1024 radix 

WATER 512 molecules 
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4.2   Simulation Results 

The chart in Figure 2 shows the effects of the two-level directory on execution time of 
the applications. The first level directory (directory cache) is a direct map cache with 
the size of 64 KB. The X-coordinate of Figure 2 denotes the number of processors in 
the system. The Y-coordinate denotes the improvement extent of test applications’ 
performance when using the directory-cache based two-level directory organization 
scheme. 
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Fig. 2. Effects of the two-level directory on execution time of the applications 

As shown in Figure 2, when the two-level directory organization scheme is used, 
the execution time of QS is greatly improved. The improvement rises with the 
increase of number of processors in the system. Concerning RADIX and WATER, 
although the using of the proposed two-level directory does not affect their execution 
time as much as on QS, the performance of them are improved to some extent, and 
the improvement also rises with the increase of processors. Concerning SOR, FFT 
and LU, directory cache does not greatly improve the system performance. The 
improvement extent falls with the increase of processors. 

The applications’ performance improves because during the system execution, the 
corresponding directory information of current most used data exists in the directory 
cache, which expedites the access of directory information. The extent of the 
improvement on a specific application lies on the hit ratio on the directory cache 
during the execution of the applications. As shown in Figure 2, for most applications, 
the improvement extent becomes more notable with the increase of processors. This is 
because that each application has certain work set. The work set on each node 
decreases when the number of processors increase. The hit ratio of the corresponding 
accesses to directory cache is improved, thus the improvement extent of performance 
rises. 
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5   Conclusion 

In this paper, we analyzed the factors that affect the scalability of directory protocols 
and compared the currently typical types of directory organization schemes. Based on 
the analysis on the pro and cons of the various schemes, we proposed a two-level 
directory organization scheme. The proposal has considered the aspects of both 
memory overhead and system performance. On one hand, the use of this directory 
architecture effectively reduces the memory space cost by directory information, 
which improves the scalability of the protocol implementation. On the other hand, it 
does not decrease the system performance. During the protocol execution, the 
probability of sending invalidate messages using imprecise sharing information is 
made as low as possible so as to reduce the negative effects on the system 
performance.  

Acknowledgement 

This paper is supported by the National High-Tech 863 Project of China under grant  
No. 2002AA104510. 

References 

1. SGI. http://www.sgi.com/products/servers/origin/3000/overview.html 
2. Gostin, G., Collard, J.-F., Collins, K.: The architecture of the HP Superdome shared-

memory multiprocessor. In: Proceedings of the 19th annual international conference on 
Supercomputing. Cambridge, Massachusetts, pp. 239–245 (2005) 

3. Hlayhel, W., Collet, J., Fesquet, L.: Implementing Snoop-Coherence Protocol for Future 
SMP Architectures. In: Amestoy, P.R., Berger, P., Daydé, M., Duff, I.S., Frayssé, V., 
Giraud, L., Ruiz, D. (eds.) Euro-Par 1999. LNCS, vol. 1685, Springer, Heidelberg (1999) 

4. Bilir, E.E., et al.: Multicast snooping: a new coherence method using a multicastaddress 
network. In: Proceedings of the 26th International Symposium on Computer Architecture. 
Atlanta, GA, USA, pp. 294–304 (1999) 

5. Laudon, J., Lenoski, D.: The SGI Origin: a ccNUMA highly scalable server. In: 
Proceedings of the 24th annual international symposium on Computer architecture. 
Denver, Colorado, USA, pp. 241–251 (1997) 

6. Grbic, A.: Assessment of Cache Coherence Protocols in Shared-memory Multiprocessors: 
[Phd dissertation]. University of Toronto, Toronto, Canada (2003) 

7. Gharachorloo, K., et al.: Architecture and design of AlphaServer GS320. In: Proceedings 
of the 9th international conference on Architectural support for programming languages 
and operating systems, Cambridge, Massachusetts, USA, pp.13–24 (2000) 

8. Li, T., John, L.K.: ADir_pNB: A Cost-Effective Way to Implement Full Map Directory-
Based Cache Coherence Protocols. IEEE Transactions on Computers 50(9), 921–934 
(2001) 

9. Chaiken, D., Kubiatowicz, J., Agarwal, A.: LimitLESS directories: A scalable cache 
coherence scheme. In: Proceedings of the fourth international conference on Architectural 
support for programming languages and operating systems. Santa Clara, California, USA, 
pp. 224–234 (1991) 



152 G. Pan, Q. Dou, and L. Xie 

10. Thapar, M., Delagi, B., Flynn, M.J.: Linked List Cache Coherence for Scalable Shared 
Memory Multiprocessors. In: Proceedings of International Parallel Processing Symposium, 
pp. 34–43 (1993) 

11. Chang, Y., Bhuyan, L.N.: An Efficient Tree Cache Coherence Protocol for Distributed 
Shared Memory Multiprocessors. IEEE Transactions on Computers 48(3), 352–360 (1999) 

12. Acacio, M.E., et al.: A Two-Level Directory Architecture for Highly Scalable cc-NUMA 
Multiprocessors. IEEE Transactions on Parallel and Distributed Systems 16(1), 67–79 
(2005) 

13. Acacio, M.E., et al.: A New Scalable Directory Architecture for Large-Scale 
Multiprocessors. In: Proceedings of the 7th International Symposium on High-
Performance Computer Architecture. Monterrey, Mexico, pp. 97–106 (2001) 

14. Hughes, C.J., et al.: RSIM: Simulating Shared-Memory Multiprocessors with ILP 
Processors. IEEE Computer 35(2), 40–49 (2002) 



H. Jin et al. (Eds.): ICA3PP 2007, LNCS 4494, pp. 153–164, 2007. 
© Springer-Verlag Berlin Heidelberg 2007 

A Framework of Software Component Adaptation 

Xiong Xie and Weishi Zhang 

Department of Computer Science and Technology, Dalian Maritime University,  
Dalian 116026, P.R. China 

xxyj@newmail.dlmu.edu.cn, teesiv@dlmu.edu.cn 

Abstract. Software component adaptation is a difficult problem to be solved in 
component-based software development. In this paper, we focus on a 
framework of component adaptation in which several adaptations are involved. 
The framework is described as a finite automaton which has only one initial 
state and only one final state. Using formal and informal methods we describe 
the precondition, the post-condition and the process of different component 
adaptation which are involved in the whole adaptation process. There may be 
several mismatches between the component and the requirement of application. 
For executing adaptation successfully the system involves a plan which can 
save all adaptation types with order. At last future work and limitation of the 
framework are discussed. 

Keywords: Component adaptation, Component-based software engineering, 
Finite automaton. 

1   Introduction 

Software component adaptation is a difficult problem in component-based software 
engineering (CBSE). The developers would like to make use of the available 
components which have high quality and reliability to build applications according to 
the normal formal of the large-scale software development in CBSE. However, the 
differences between the names, parameters and their types of component and the 
requirement of application or the matter that the requirement of application is satisfied 
partly by the retrieved component is often unavoidable. Many kinds of differences (we 
call them as mismatch hence) can be occurred between the components used to build 
applications and the requirement of application, such as the component signature 
mismatch, the component function mismatch, the component behavior mismatch and 
the quality of server (QoS) of components, and so on. The component is a black-box 
entity and the developer can not know the inner source codes and the logic structure of 
the program. How to adapt a component which has a partly mismatch to the user’s 
requirement in a process of software component adaptation according to the interface 
description of the component and the user’s requirement? Component adaptation is an 
efficient way to solve this problem. Component adaptation includes signature 
adaptation, function adaptation, behavior adaptation and quality of service (QoS) 
adaptation. Recently, there has been a significant number of research works addressing 
software component adaptation issues [1, 2, 3, 4, 5, 6, 7, 8, 12]. In most situations, the 
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retrieved component can have several mismatches with the requirement application. If 
only one kind of mismatches can be solved from the beginning to the end of the 
component adaptation process, the adaptation process must be called time after time. 
The efficiency of the component adaptation is low and all mismatches occurred by the 
same component can not be solved entirely by the component adaptation system. In this 
paper, a framework of component adaptation process is proposed which can help the 
system to adapt all mismatches between the component and the requirement of 
application in a process. 

The rest of this paper is organized as follows. In section 2, a component adaptation 
framework is designed firstly using finite automaton specification which has an 
adaptation plan helpful to finish the whole adaptation process. Then the precondition 
and the post-condition of different component adaptation are described in formal 
specification in section 3. And the adaptation plan is described in this section. The 
quality of the framework is assessed and a solution avoiding the deadlock is proposed 
in section 4. In section 5, we draw up the future work and the main limitations of the 
framework. At last section 6 gives the conclusion of our work.  

2   The Framework Description 

The component which is retrieved to satisfy the requirement of application can be an 
input parameter of the system and a new component which satisfies the requirement 
of application can be the output parameter of the system. The framework is described 
as a finite automaton in Figure 1. 

 

The framework includes four states and three actions. The input parameters of the 
framework can be not only a component and the requirement of application but also 
two components. We can select one situation as the input parameter according to the 
problem.  

2.1   The Description of States 

1) State 0S  

State 0S  is the initial state of the framework and the content in it is the input of the 

system. The content is described as a tuple )_,( requireuserComponent , where 

Component is the component which is passed into the component adaptation system 

S0 
St

S1

S2

check 

adapt

check

finish

Fig. 1. The framework of component adaptation process 
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and adapted to satisfy the requirement of application described as user_require. If the 

content of state 0S  satisfies the precondition of action check, the system will 

implement the action check. Otherwise, the system will stop. 

2) State 1S  

The results of the action check will be saved in the state 1S . So the state 1S  denotes 

the adaptation types which will be passed to the action adapt and the conclusion 
which will be passed to the action finish. The conclusion has two meanings. One is 
that the component has no mismatch with the requirement and another is that the 
component can not satisfy the requirement after a sequence of adaptations. Because a 
component can has many mismatches with the requirement, the action check will has 

many results which will be saved in the sate 1S . We can describe the content of state 

1S  as follow:  

)|(|_
1

1 Φ= Σ
=

nulltypeAdaptS i

n

i

, (1) 

Where, n is the number of mismatches checked by the action check,  
itypeAdapt _  

denotes a kind of component adaptation which is any element of the set 
}_,_,_{ mismatchQosmismatchfunctionmismatchsignature  and null  

denotes the first conclusion. The symbol Φ  denotes the second conclusion. The 

system will has a plan according the content of the state 1S . All kinds of adaptation 

strategies are order in the plan. Then the system will pass the plan to the action adapt. 
The action adapt will finish all adaptations listed in the plan. So the action adapt is a 
complex sub system which must has a controller to select the right adaptation strategy 
to adapt the component which is the input of the action check.  

3) State 2S  

State 2S  denotes the component has been adapted by the system and the adapted 

component satisfies the requirement much more. The content of State 2S  is the adapted 

component which comes from the action adapt and the requirement which comes from 
the system, which is described as a tuple )_,'( requireuserComponent . If the 

content of state 2S  satisfies the precondition of action check, the system will 

implement the action check. Otherwise, the system will stop. 

4) State tS  

State tS  is the final state of the framework and the content in it is the output of the 

system. It includes two situations: one is success that the component satisfies the 
requirement of application after a sequence of adaptations and another is un-success 
that the component can not satisfies the requirement of application after a sequence of 
adaptations or that the adapted component not only can not satisfy the requirement of 
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application but also can not be adapted any more. The content of the state tS  is 

described as a tuple )|'( ΦComponent . Component’ denotes a success and Φ  

denotes the un-success. 

2.2   The Description of Actions 

All actions are described as a tuple ),,( conditionpostonpreconditiaction −  

described in Figure 2, where action denotes the execution of the action, the 
precondition denotes the conditions which must be satisfied to execute the action, the 
post-condition denotes the result of the action which has an affect to the system. 

 

1)  Action check 
Action check is check mechanism to find the mismatch type according the component 
specification and the requirement of application. The result of action check will be 

saved in the state 1S . The check mechanism has been proposed in other work and it is 

not the emphases in this paper. The precondition of action check which will be 
executed is a tuple: )_,( requireuserComponent . The post-condition of action 

check is described as )|(|_
1

ΦΣ
=

nulltypeAdapt i

n

i

, where n is the number of 

mismatches checked by the action check, itypeAdapt _  denotes a kind of 

component adaptation which can any element of the set 
}_,_,_{ mismatchQosmismatchfunctionmismatchsignature  and the 

expression Φ|null  denotes the conclusion. The execution process is described as 

),_,( 1Srequreusercomponentcheckcheck = . The system can have all 

mismatches between the component and the requirement of application by the action 

check and the system saves the results in the state 1S . 

2) Action adapt 
Action adapt is a component adaptation process according the content of the state 1S . 

There will be several types of component adaptation occurred, such as component 
signature adaptation (including component name adaptation, component parameter 
adaptation), component function adaptation, component behavior adaptation and 
component QoS adaptation. The system will select a type of component adaptation 
from the adaptation plan to adapt the component. The adapted component will be 

saved in the state 2S . The details are in section 3. 

action 

precondition 

post-condition 

Fig. 2. The graphics of the action 
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3) Action finish 
Action finish is a finish process of component adaptation which will pass a 
component satisfying the requirement of application to the system or tell the system 
that the component can not is used to fulfill the requirement of application even if the 
component is adapted by several types of adaptation. The precondition of the action 

finish which is executed is Φ=∨= contentSnullcontentS .. 11 . The attribute 

contentS .1  denotes the content of the state 1S  that is also the result of the action 

check. The expression nullcontentS =.1  denotes the conclusion that the component 

satisfies fully the requirement of application and the expression Φ=contentS .1  

denotes the conclusion that the adapted component can not satisfy the requirement of 
application and can not continue to adapt it. The post-condition of the action finish is 

the expression )|'( ΦComponent  which is saved in the state tS . The execution 

process is described as )|',( Φ= componentusertellfinish  which mean the 

system tells the user or the application the result of the whole component adaptation 
process. 

2.3   The Restriction of the Framework 

The framework has only one initial state and only one final state. From the initial state 
to the final state means that a component adaptation process is finished. The states  

0S 、 1S  and 2S  are the precondition of the corresponding actions respectively and 

the states 1S 、 2S  and tS  are the post-condition of the corresponding actions 

respectively. 

3   The Description of Action Adapt 

Action adapt is a complex sub system which deals with several different adaptations. 
The flow chart of action adapt is given in Figure 3.  

The content of the state 1S  determines the adaptation process of a component. For 

executing the adaptation successfully, the system will order all adaptation types 
according to the priority of different adaptation. We call it as the adaptation plan. The 
plan is the result of one action check. The system will maintain the plan after 
adaptation. The priority of different adaptation is constant described as follow: 

Signature adaptation>function adaptation>behavior adaptation>QoS adaptation. 
The priority of component signature adaptation is higher than the priority of 

component function adaptation, etc. The plan is described as follow: 

...}){,( 21 >> actionactionplanPLAN , 

Where, ,...},{ 21 actionactionplan = , iaction  denotes the adaptation type. The 

second parameter lists the priorities of all adaptation types in state 
1S . 
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The controller selects the right adaptation type to adapt the component according 
the priority of different adaptation which is defined as a constant. The execution of 
action adapt will stop when the adaptation plan is null and the adapted component 

will be saved in the state 2S . The algorithm of the controller is given in Figure 4. The 

adaptation type which has the highest priority will be returned by the algorithm as the 
selected adaptation by system to adapt the component. If the content of the plan is 
null, the symbol null will be returned to mean that all adaptations checked by the 
latest action check have been executed. There are two functions Head and Tail in  
the algorithm of the controller. The function Head is used to find the first element of 
the plan and the function Tail is used to find the tail of the plan. The tail of the plan is 
composed by the all elements of the plan without the first elements. The symbol n is 
the number of the elements of the plan. The symbol plan is the adaptation plan. The 
expression plan  is the number of the elements of the plan. The symbol Φ  is a set 

which has no element. The functions Head and Tail are defined as equation (2)  
and (3) respectively. 

start

Adaptation_type=controller(plan)

Adaptation_type
null

Action adapt

Action check

Maintain the plan

stop

false

true

 

Fig. 3. The execution flow chart of action adapt 
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The precondition of the action adapt is described as follow expression: 

}_,_,_{.1 mismatchQosmismatchfunctionmismatchsignaturecontentS ∈ . 
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The post-condition of the action adapt is a tuple )_,'( requireuserComponent . 
Component’ is the adapted component and user_require is the requirement of 
application. Every type of adaptation has the same the post-condition. We will not 
describe the post-condition any more. 

Function Choose ( plan ) : Adapt type
//the controller of the action adapt 
//the input is the adaptation plan 
//the output is the adaptation type with the

//highest priority 
Adapt_type = Head ( plan ); 
plan = Tail ( plan ); 
return ( Adapt_type ); 

End Function Choose 

 

Fig. 4. The controller of the action adapt 

3.1   Component Signature Adaptation 

Action check has checked the correspondence interfaces between the component and 
the requirement before the execution of the action adapt.  

The precondition is described as follow: mismatchsignaturecontentS _.1 = , 
Where,  

mismatchparametermismatchnamemismatchsignature ___ ∨= . (4) 

Name_mismatch denotes there is only a mismatch between the interface name of 
the component and the interface name of the requirement. Parameter_mismatch 
denotes there is parameter mismatch between the correspondence interfaces which 
implement the same functions and have the same interface names. There are three 
types of parameter mismatch. The number of interface parameters provided by the 
component is more than the number of the expected interface parameters. The number 
of interface parameters provided by the component is less than the number of the 
expected interface parameters. The order of interface parameters provided by the 
component does not match the expected interface. Action check can check different 
mismatch. The execution expression of signature adaptation is described as follow 
expression: )_,_,( matchParametermatchNameconditionaction . 

The first parameter of the expression is a judge condition which is described as 
?_. mismatchnameconditionpostcheck =− . If the logical of the condition is true 

then the adaptation of the second parameter of the expression is executed else the 
adaptation of the third parameter of the expression is executed. Name_match denotes 
the name adaptation of the component and Parameter_match denotes the parameter 
adaptation of the component. 

The execution expression of the component name adaptation is described as 
follow: 

)',.int.,.int.(_ CnameerfaceCnameerfaceuserreplacematchName = . (5) 
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The second part of the expression will be replaced by the first part of the 
expression and 'C is the adapted component.  

The execution expression of the component parameter adaptation is described as 
follow: 

)',,.int.,.int.(_ CInforparaerfaceCparaerfaceuserreplacematchPara = , (6) 

Where, the third part infor is a set which specifies the parameter mismatch between 
the component interface and the requirement interface. The content of infor comes 
from the action check. The system will produce a new interface in the component and 
the old interface will be called in the new interface. 'C  is the adapted component 
with the new interface. 

3.2   Component Function Adaptation 

There are two kinds of component function adaptation. One is that the requirement of 
application is a part of the function of the component. Another is that the function of 
the component is a part of the requirement of application. If the first mismatch is 
occurred we can cut out the unwanted part from the component. If the second 
mismatch is occurred we must decompose the requirement to two sub problem. One 
problem can be satisfied by the component and another problem must be passed to the 
system. The system will retrieve a new component from the base to satisfy the small 
problem and then compose the two components to a new component which can 
satisfy the first requirement. The composed component deals with the information 
which will be transferred form one to another. There are three kinds of function 
adaptation strategies: sequential architecture, alternative architecture and parallel 
architecture. Figure 5 shows the three strategies. Each component has its function 
which does not mean that there is no relation between them. In most situations, there 
are not only structure relations but also behavior relations between two components. 
If the implement of the behavior of the component has a positive affect to the other 
component we call it as positive behavior relation between two components. There is 
a positive behavior relation the two components which will be composed by the 
sequential architecture because a component needs the resource or the server of 
another component. If the implement of the behavior of the component balks the 
implement of another component we call it as negative behavior relation. The system 
will select the right adaptation architecture according to the relation between the two 
components so that the negative behavior relation between them will be reduced.  

The precondition is described as follow: mismatchfunctioncontentS _.1 = . 

The execution expression is described as follow: ]}[|]{[' redsub CCCC −+= , 

Where,  

ComponentnrequiremetuserCsub −= _ , 

trequiremenuserComponentCred _−= . 
(7) 

The symbol }{L  shows the content in it can be repeated time after time, the symbol 

][L  shows the content in it is optional parameters, the symbol LL |  shows the 

result of the expression may be the left part or the right part. 
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Here we only think about the strategy to compose two components. There are two 
components involve in the adaptation: Component1 and Component2. Every 
component may be the other adaptation architecture and three adaptation architectures 
may compose arbitrarily. 

1).    Sequential Architecture 
Figure 5 (a) describes the sequential architecture. The output of the first component 
will be the input of the second component when they are composed in the adaptation 
architecture. The input condition of the requirement of application must satisfy the 
input condition of the first component. The output of the requirement of application is 
a subset of the output of the second component. The precondition is as follow: 

).._(

)..(
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outputComponentoutputrequireuser
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⊂
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The execution expression is described as follow: 

21' ComponentComponentC += , (8) 

Where, the symbol ‘+’ denotes the sequential adaptation, the output of the left 
component of the symbol ‘+’ is the input of the right component of the symbol ‘+’. 
The first component is executed firstly and then the second component is executed. 

2).    Parallel Architecture 
Figure 5 (c) describes the parallel architecture. The executions of the two components 
must be finished at one point when they are composed in the parallel architecture and 
the union of their outputs can satisfy the requirement. They are isolated and there does 
not interfere with each other.  The input of the requirement is a subset of the union of 
two components’ input. The precondition is as follow: 

))..(._(
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outputComponentoutputComponentoutputrequireuser

inputComponentinputComponentinputrequireuser

∪⊂∧
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.
 

The execution expression is described as follow: 

21 ||' ComponentComponentC = , (9) 

Where, the symbol ‘||’ denotes the parallel adaptation. 

3).    Alternative Architecture 
Figure 5 (b) describes the alternative architecture. The function of every component 
both can satisfies the requirement at the specifically condition, but their input 
condition is a subset of the input condition of the requirement that is to say that the 
input condition of every component need more restrictions than the requirement. The 
input condition of the requirement is a subset of the union of their input condition. If 
the input condition of the left component satisfies the input condition of the 
requirement the system will select it to execute else the right one. The precondition is 
described as follow: 
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The execution expression is described as follow: 

21 |' ComponentComponentC = , (10) 

Where, the symbol ‘|’ denotes the alternative adaptation. 

 

 
 

(a) sequential architecture  
 

(b) alternative architecture 

 
 

(c) parallel architecture 

Fig. 5. Three architecture of component function adaptation 

3.3   Component QoS Adaptation 

The QoS of component includes mainly: usability, maintainability, performance, the 
time, memory used, and so on. Usually the adaptation will downgrade most of the 
QoS attributes in order to reach function interoperability. The QoS attributes impact 
the validity of the adaptation algorithm and decide whether a component needs to be 
adapted. Many works in the literature of component adaptation deal with the 
component QoS adaptation [9, 10, 11]. In this paper, the QoS adaptation 

means how to calculate the QoS of the adapted component according to the 
QoS of the initial component. This is our next work. 

4   The Quality of the Framework  

There is an adaptation plan to save all adaptation checked by the action check in the 
framework and a controller is proposed to select a right adaptation type to adapt the 
component so that the adaptation process can be finished successfully without waiting 
for the other resource and omitting an adaptation type. A component satisfying the 
requirement of application will be given by the system. But there are limitations in the 
framework. For example in Figure 6 (a), a deadlock will be produced in the parallel 
architecture or the alternative architecture. The condition c will be false after the 
execution of the component S3, but if the precondition of the component S2 needs  
the condition c is true and this time the component S1 has been finished. So the 

C1 

C2 

C2 C1 

C1 C2 
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component S2 will wait for the precondition is true for ever. Thus there will not a 
successful parallel adaptation or a successful alternative adaptation. How to avoid the 
deadlock? We propose two different ideas. One is in Figure 6 (b) and the other is in 
Figure 6 (c). We can place the component S3 on the front of the component S1 or on 
the back of the component S2. 

 

   (a) parallel arch itecture 

 

(b) S3 on the f ront of  S1 

 

   (c) S3 on the back  of  S1 

Fig. 6. The deadlock of parallel architecture or alternative architecture 

5   Future Work and Limitation of Our Work 

Now, there does not existing a standard for component adaptation. As shown, there is 
a big research effort being put in the field of automatic and dynamic component 
adaptation. Not many efforts have been devoted to concern the framework of 
component adaptation. Based on our previous work, some interesting issues still open 
which deserve future research. 

Tool support: The whole idea is based on tools (the checking algorithm, component 
adaptation algorithm, etc.) which must be implemented and tested.  

The algorithm to predict the QoS of component: How much the different 
adaptation makes a impact on the QoS of the adapted component? How to calculate 
the QoS of the adapted component according to the QoS of the existing component? 
All of these are still open issues. 

Formal Method: Now, a complex problem is divided into several sub-problems, all 
of the sub-problems can be solved by existing adaptable components. A valid method 
of component adaptation can help to prove the correctness and the validity of 
component adaptation process in theory. There does not existing an objective or 
subjective standard to assess the component adaptation framework. 

Whether the plan needs maintain after the adaptation: the system environment 
may be changed by the execution of the adaptation. If the plan is maintained after an 
adaptation the system will get a better adaptation process. The performance of the 
system will be deceased if the plan is maintained. 

6   Conclusion 

In this paper, a framework of component adaptation is proposed in which several 
adaptations are involved. The precondition, the post-condition and the execution 
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process of different adaptation are described in formal specification. There may be 
several mismatches between the component and the requirement of application. For 
executing adaptation successfully the system involves a plan which can save all 
adaptation types with order.  
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Abstract. There are only three real “dimensions” to processor per-
formance increases beyond Moore’s law: clock frequency, superscalar
instruction issue, and multiprocessing. The first two have been pushed
to their logical limits and we must focus on multiprocessing. SMT (si-
multaneous multithreading) [1] and CMP(chip multiprocessing)[2] are
two architectural approaches to exploit thread-level parallelism using
available on-chip resources. SMT processors execute instructions from
different threads in the same cycle, which has the unique ability to exploit
ILP(instruction-level parallelism) and TLP(thread-level parallelism)
simultaneously. EPIC(explicitly parallel instruction computing) empha-
sizes importance of the synergy between compiler and hardware. In this
paper, we present our efforts to design and implement a parallel environ-
ment, which includes an optimizing, portable parallel compiler OpenUH
and SMT architecture EDSMT based on IA-64. The performance is
evaluated using the NAS parallel benchmarks1.

1 Introduction

The combination of limited instruction parallelism suitable for superscalar issue,
practical limits to pipelining, and a “power ceiling” limited by practical cool-
ing limitations has limited future speed increases within conventional processor
cores to the basic Moore’s law improvement rate of the underlying transistors.
Processor designers must find new ways to effectively utilize the increasing tran-
sistor budgets in high-end silicon chips to improve performance in ways that
minimize both additional power usage and design complexity. And it is also
useful to examine the problem from the point of view of different performance
requirements.

SMT and CMP are two architectural approaches to exploit TLP using avail-
able on-chip resources. SMT allows instructions from multiple threads to share
several critical processor resources, thus increasing their utilization. The advan-
tage of SMT is area-efficient throughput [3]. CMP, on the other hand, improve
1 This work was supported by “63” project No. 2002AA110020, Chinese NSF No.

60376018, No. 60273069 and No. 90207011.

H. Jin et al. (Eds.): ICA3PP 2007, LNCS 4494, pp. 165–176, 2007.
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system throughput by replicating processor cores on a single die. As both these
paradigms are targeted toward multithreaded workloads, comparing their ef-
ficiency in terms of performance, power, and thermal metrics has drawn the
attention of several researchers [4][5][6].

Programmers must switch to more parallel programming models in order to
exploit multi processors effectively, if they desire improved single-program per-
formance. Because there are only three real “imensions” to processor perfor-
mance increases beyond Moore’s law: clock frequency, superscalar instruction
issue, and multiprocessing. The first two have been pushed to their logical limits
and now we must embrace multiprocessing, even if it means that programmers
will be forced to change to a parallel programming model to achieve the highest
possible performance. High performance multi-core processors are becoming an
industry reality. Although multi-cores are suited for multithreaded and multi-
programmed workloads, many applications are still mono-thread and multi-core
performance with a single thread workload is still an important issue.

DSMT (Dynamic SMT)[7] integrates dynamic threads extracting and threads
switching mechanism into SMT architecture, which further improves the ability
to exploit TLP parallelism. Based on the software-hardware cooperation, EPIC
can effectively exploit ILP with relatively low hardware complexity. A new mi-
croarchitecture called EDSMT was proposed to expand EPIC with simultaneous
multithreading execution.

As a result, in order to have a deep research on parallel compilation SMT and
CMP architecture, and hardware-software cooperation, construct a basic plat-
form is very important. We studied EDSMT Microarchitecture and developed
its simulator EDSMTSIM, which adopted the trace-driven simulation method-
ology. Key components of this simulator, such as pipeline, branch prediction,
memory subsystem and dependency control, were carefully designed. We also
use OpenUH(based on Pro64 and OpenMP) developed by University of Hous-
ton to construct our parallel compiler with some modifications.

We introduce our parallel compile environment in section 2. In section 3 we
present our EDSMT architecture and EDSMTSIM simulator. In section 4 shows
the simulation results. Conclusions and future work are given in section 5.

2 Parallel Compilation Structure

The goal of parallel compilation is narrow the gap between the peak speed of
HPC and the actual performance which end user can get. Multi-source Multi-
target, Multilevel, and Multigrid became the trend of parallel compilation[8],
OpenUH is one of that kind.

OpenUH is available as stand-alone software or with the Eclipse integrated
development environment. It is based on SGI’s open source Pro64 compiler,
which targets the IA-64 Linux platform. OpenUH merges work from the two
major branches of Open64 (ORC and Pathscale) to exploit all upgrades and bug
fixes. It is a portable OpenMP compiler, which translates OpenMP 2.5 directives
in conjunction with C, C++, and FORTRAN 77/90 (and some FORTRAN 95).
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It has a full set of optimization modules, including an interprocedural analysis
(IPA) module, a loop nest optimizer (LNO), and global optimizer. A variety of
state-of-the-art analysis and transformations are available, sometimes at multiple
levels[9].

2.1 OpenMP

OpenMP is a programming standard that comes another step closer to the “code
once, compile everywhere” ideal. Developed with shared memory architectures
in mind, the basis of OpenMP is a set of standard compiler directives that enable
Fortran (and eventually C) programmers to easily express shared-memory par-
allelism. OpenMP has no directives that specify data layout amongst processors
since in an SMP system each processor can access memory of any other proces-
sor. The OpenMP compiler directives provide programmers with a powerful set
of high-level parallel constructs and an extended parallel programming model,
both of which meet a wide range of application-programming requirements.

The standard allows for code parallelism to range from fine loop-level code
to coarse-grain parallelism within the full application. Much like HPF(High
Performance Fortran), OpenMP lowers the entrance barrier to parallel com-
puting by simplifying the porting of existing applications. This contrasts with
MPI(Message Passing Interface), which requires extensive rewrites of existing
applications. OpenMP also provides programmers with the flexibility to paral-
lelize an application incrementally.

Nowadays OpenMP has gained wide popularity as an API for parallel pro-
gramming on shared memory and distributed shared memory platforms. Despite
its broad availability, there remains a need for a portable, robust, open source,
optimizing OpenMP compiler for C/C++/Fortran90, especially for teaching and
research, e.g. into its use on new target architectures, such as SMPs with chip
multithreading, as well as learning how to translate for clusters of SMPs. Many
compilers support OpenMP today, including such proprietary products as the In-
tel Linux compiler suite, Sun One Studio, and SGI MIPSpro compilers. However,
their source code is mostly inaccessible to researchers and they cannot be used
to gain an understanding of OpenMP compiler technology or to explore possi-
ble improvements to it. Several open source research compilers (Omni OpenMP
compiler [10], OdinMP/CCp [11], and PCOMP [12]) are available. But none of
them translates all of the source languages that OpenMP supports, and one of
them is a partial implementation only.

2.2 Background on OpenUH

OpenUH, a portable OpenMP compiler based on the Open64 compiler infras-
tructure with a unique hybrid design that combines a state-of-the-art optimizing
infrastructure with a source-to-source approach. It is a portable, robust, open
source and optimizing OpenMP compiler for C/C++/Fortran 90 , includes nu-
merous analysis and optimization components, and is a complete implementation
of OpenMP 2.5.
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Open64 was open sourced by Silicon Graphics Inc. from its SGI Pro64 compiler
targeting MIPS and Itanium processors. It is now mostly maintained by Intel
under the name Open Research Compiler (ORC) [13], which targets Itanium
platforms. There also have several other branches of Open64(e.g. the Berkeley
UPC compiler[14]).

Open64 is a well-written, modularized, robust, state-of-the-art compiler with
support for C/C++ and Fortran 77/90. The major modules of Open64 are the
multiple language frontends, the interprocedural analyzer (IPA) and the middle
end/back end, which is further subdivided into the loop nest optimizer (LNO),
global optimizer (WOPT), and code generator (CG).

The tree-based intermediate representations (IR) called WHIRL are classified
as being Very High, High, Mid, Low, and Very Low levels, respectively. Most
compiler optimizations are implemented on a specific level of WHIRL. For ex-
ample, IPA and LNO are applied to High level WHIRL, while WOPT operates
on Mid level WHIRL.

Two internal WHIRL tools were embedded in Open64 to support the compiler
developer: one was whirlb2a, used to convert whirl binary dump files into ASCII
format, and the other was whirl2c/whirl2f, to translate Very High and High level
WHIRL IR back to C or Fortran source code. However, the resulting output code
was not compilable.

The originalOpen64 included an incomplete implementation of the OpenMP1.0
specification, inherited from SGI’s Pro64 compiler. Its legacy OpenMP code was
able to handle Fortran 77/90 code with some OpenMP features until the linking
phase. The C/C++ frontend of Open64 was taken from GCC 2.96 and thus could
not parse OpenMP directives. Meanwhile, there was no corresponding OpenMP
runtime library released with Open64. It was also lack of code generators for ma-
chines other than Itaniums.

The ORC-OpenMP compiler(one of the branches of Open64) from Tsinghua
University, extended Open64’s C frontend to parse OpenMP constructs and
provided a tentative runtime library. The Open64.UH(another of the branches
of Open64) compiler focused on the pre-translation and OpenMP translation
phases. A merge of these two efforts has resulted in the OpenUH compiler and
associated Tsinghua runtime library.

2.3 Overview of OpenUH

The OpenUH compiler uses the Open64.UH compiler which designed a hybrid
compiler with object code generation on Itaniums and source-to-source OpenMP
translation on other platforms, exploits improvements to Open64 from several
sources and relies on an enhanced version of the Tsinghua runtime library to
support the translation process. It recreats compilable source code right before
the code generation phase to preserve most optimizations on all platforms.

The OpenUH consists of the frontends, optimization modules, OpenMP trans-
formation module, a portable OpenMP runtime library, a code generator and
IR-to-source tools. Fig. 1 shows the structure. Most of these modules are de-
rived from the corresponding original Open64 module. It is a complete compiler
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for Itanium platforms, for which object code is produced, and may be used as a
source-to-source compiler for non-Itanium machines using the IR-to-source tools.

The OpenMP program is parsed by the appropriate extended language fron-
tend and translated into WHIRL IR with OpenMP pragmas. Then the inter-
procedural analyzer (IPA), is enabled if desired to carry out interprocedural
alias analysis, array section analysis, inlining, dead function and variable elim-
ination, interprocedural constant propagation and more. After that, the loop
nest optimizer (LNO) will perform many standard loop analyses and optimiza-
tions, such as dependence analysis, register/cache blocking (tiling), loop fission
and fusion, unrolling, automatic prefetching, and array padding. The transfor-
mation of OpenMP, which lowers WHIRL with OpenMP pragmas into WHIRL
representing multithreaded code with OpenMP runtime library calls, is per-
formed after LNO. Subsequently the global scalar optimizer (WOPT) is invoked.
It transforms WHIRL into an SSA form for more efficient analysis and opti-
mizations and converts the SSA form back to WHIRL after the work has been
done. In WOPT phase , a lot of standard compiler passes out including control
flow analysis (computing dominance, detecting loops in the flowgraph), data
flow analysis, alias classification and pointer analysis, dead code elimination,
copy propagation, partial redundancy elimination and strength reduction are
carried.

Source code with
OpenMP directives

IPA
(Inter Procedural Analyzer)

LNO
(Loop Nest Optimizer)

LOWER_MP
(Transformation of OpenMP)

WOPT
(global scalar optimizer)

(SSA Form)

WHIRL2C&WHIRL2F
(IR-to-source for none-Itanium)

CG
(code generator for Itanium)

Object files
Source code with
OMP RTL calls

Native
compilers

A Portable OpenMP
Runtime library

Executables

Front-end
(C/C++ & Fortran 77/90)

Fig. 1. OpenUH infrastructure

The CG(code generation) phase depends on the target machine: for Itanium
platforms, CG in Open64 can be directly used to generate object files. For a
non-Itanium platform, the whirl2c or whirl2f translator will be invoked instead;
in this case, code represented by Mid WHIRL is translated back to compilable,
multithreaded C or Fortran code with OpenMP runtime calls. To complete the
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translation by compiling the output from OpenUH into object files a native C
or Fortran compiler must be invoked on the target platform.

The last phase is the linking of object files with the portable OpenMP runtime
library and final generation of executables for the target machine.

3 Microarchitecture of EDSMT

SMT processors improve performance by allowing running instructions from sev-
eral threads simultaneously at a single cycle. Co-scheduled threads share some
resources, such as issue queues, physical registers, and functional units.

EPIC architectures developed by HP and Intel allow the compiler to express
program instruction level parallelism directly to the hardware to deal with in-
creasing memory latencies and penalties. Specifically, the Itanium architecture
deploys a number of EPIC techniques which enable the compiler to represent
control speculation, data dependence speculation, and predication to enhance
performance. These techniques have individually been shown to be very effective
in dealing with memory penalties. In addition to these techniques, the Itanium
architecture provides a virtual register stack to reduce the penalty of memory
accesses associated with procedure calls and to leverage the performance ad-
vantages of a large register file. Predication converts control dependencies to
data dependencies, software pipelining enables the compiler to interleave the ex-
ecution of several loop iterations without having to unroll a loop, and Branch
Prediction Hints give accurate predication.

3.1 DSMT Design Considerations

DSMT and EPIC[15] design philosophy became the two basic points of our
EDSMT research. There are two levels of parallelism in EDSMT.

– (1) Vertical parallelism-ILP: Depends on the Pro64 compiler, while EDSMT
hardware only provides the executive environment.

– (2) Horizontal parallelism-TLP: Depends on the parallel compiler and dy-
namic thread extractor, EDSMT hardware supports its execution.

There are two kinds of DSMT implementations. One modifies superscalar
structure slightly. With few hardware changes,it can shorten the development
time (SMT in Intel’s Xeon added only 5% die area). In this case hardware de-
signer only need to focus on construction of a high speed superscalar processor
and appliance of the multithreading switching and dynamic thread extraction.
Threads share the hardware except fetch, context switch, instruction retirement,
TraceCache, and speculation multithreading control. The other changes hard-
ware a lot in order to dissociate the thread’s instruction window and simplify
the fetch and retire stage in the pipeline. Each thread has its own instruction
window , decoder, register file and retirement logic to issue instructions at the
same time. We choose the latter.
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3.2 EPIC in Itanium

The microarchitecture of Itanium[16] which used EPIC as its design philosophy
is another important base of our EDSMT design. Compiler can expose, enhance,
and exploit parallelism in a program and make it explicit to the hardware, while
hardware provides run-time information for compiler to develop static ILP and
executive logic for the compiler hints(such as instruction templates, branch hints,
and cache hints) .That’s the concept behind explicit parallelism: instructions
arrive at the processor explicitly ordered by the compiler. The compiler organizes
the code for an entire program and makes the ordering explicit so the processor
can execute instructions in the most efficient manner.

By adopting EPIC, instruction window exploited by software is much larger
than by hardware, parallelism can be achieved; because the parallelism is mainly
developed by compiler, the hardware design was simplified which can save a lot
of resources,and the chip speed can also be improved.

Fig. 2 shows the conceptual view of EPIC hardware.Instructions in Itanium
are issued in order , executed out-of-order and submitted in order. This mech-
anism can simplify the collision detection logic, and make fully use of function
units(fully pipelined). Accurate interruption is also supported.
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Fig. 2. Conceptual view of EPIC hardware

3.3 EDSMT Design

Based on DSMT and EPIC, EDSMT should make fully use of the resources in
Itanium, but a few modifications must be considered.

(1)Software-Hardware Cooperation: ILP is completely exploited by compiler,
while executive hardware was simply designed. TLP is developed staticly by
compiler, in addition, the hardware provides run-time information to compiler
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and receives commands inserted by compiler to dynamic spawn new threads.
Besides the thread creation command, branch , prefetch and store hints should
also be provided.

(2) Instruction Dispatch: For selecting instructions from several independent
threads and context switching, Itanium structure must be changed a lot. The
easiest way is picking two threads from several waiting threads, then dispatching
a bundle from each of the selected threads. The choosing policy affects perfor-
mance directly and the instruction window should be carefully designed.

(3)Instruction Sequencing Considerations: As instructions from different
threads issued at the same time, we shouldn’t worry about their dependencies.
Within a instruction group in a single thread, when RAW and WAW dependen-
cies are guaranteed by compiler, Itanium’s in-order issue logic assures the WAR
dependency. The design of dependency logic is relatively simple.

(4) Dynamic Thread Speculation: Two-level self-adaptation prediction algo-
rism which is similar to Itanium’s branch prediction mechanism, can be used in
dynamic thread speculation. At the same time, value prediction and instruction
reuse can also be adopted with the help of compiler. Buffers need to be added
for recovery from misprediction.

(5)Predication: Predication is the conditional execution of an instruction
based on a qualifying predicate. A qualifying predicate is a predicate register
whose value determines whether the processor commits the results computed by
an instruction. We can use two groups of instructions with different predicate
values as speculation threads, then choose the right one according to the value
of predicate registers.
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(6)Other Issues: Register Rename and Register Stack Engine in Itanium can
support Multithreading with a few changes, in addition, chip communication in-
terface and bandwidth should be carefully designed for Multithreading
applications.

Fig. 3 shows the Microarchitecture of EDSMT. Instruction bundles from
different threads dispatched by the dispatch logic which works as the Multi-
threading scheduler. It is carefully designed to reduce dependency and get more
parallelism.

3.4 EDSMTSIM Design

Simulator is important in architecture design. As EDSMT is a new Microarchi-
tecture, We developed a simulator–EDSMTSIM for our research.

EDSMTSIM is a trace-driven microprocessor simulator which adopts some
technologies in the Multithreading simulator-SMTSIM. In order to reduce com-
plexity, the actual execution of instructions is separated from the pipeline con-
trol, that means the pipeline only processes dependency detection, branch, and
exception, while actual execution is emulated by specific module which can be
called by the pipeline. Instruction is executed right after the fetch stage, then
we record its control information(trace) and modify the CPU states. Following
the instruction trace, in the backend of the pipeline stages, activities such as
dependency control, cache miss, branch misprediction, and modification of the
scoreboard are simulated in a way of counting pipeline stall cycles.

Fig. 4 depicts the structure of EDSMTSIM. IU, FU, MU, and BU represent
Integer Unit, Float Unit, Memory Unit and Branch Unit respectively. It has 11
Function Units including 4 IU, 3 FU, 3 BU, and 2 MU. Every thread has its
own PC, RSB, Register Files and Instruction Bundle Queue. Instruction Cache,
Data Cache, BHT and Function Units are shared by all the threads. Pipeline is
divided to 8 stages as Itanium structure.

PC

Branch Prediction

BTBBHT
RSB

IU

FU

MU

BU

Instruction Buffer
Dispatch

Instruction
Cache

Decode

GR FR

BR

Data Cache

Instruction
Fetch

Fig. 4. EDSMTSIM Structure

4 Simulation Results

We used the popular NAS parallel benchmark (NPB) [17] to compare the per-
formance. The target architectures are EDSMT on IA-64 and SMT on Alpha,
while EDSMTSIM and SMTSIM worked as simulators respectively. Baseline
configurations of our simulators are shown in Table 1.
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Table 1. Baseline configuration of simulator

Parameter SMTSIM EDSMTSIM

Fetch Width 8 instructions per cycle 2 bundles ,6 instructions per cycle
Basic Fetch Policy ICOUNT2.8 ICOUNT2.2
Instruction Queues 32 int, 32 fp, 32 load/store 16 for each separated Queues
Functional Units 6 int, 3 fp, 4 load/store 2 IU, 4 MU, 2 FU, 3 BU
Physical Registers 384 int, 384 fp 128 GR, 128 FR, 64 PR, 8 BR per thread
L1I cache, L1D cache 64KB, 2-way, 64-bytes lines, 16KB, 4-way, 64-bytes lines,

1 cycle access 1 cycle access
L2 cache 512KB, 2-way, 64-bytes lines, 256KB, 8-way, 64-bytes lines,

10 cycles latency 10 cycles latency
L3 cache None 3MB, 12-way, 64-bytes lines, 50 cycles latency
Main Memory Latency 100 cycles 100 cycles

At first, We will show the speedup of our compiler over the open source
Omni 1.6 compiler. A subset of the latest NPB 3.2 was compiled using the
Class A data set for each of the compilers. The compiler option -O2 was used
and the codes were run on EDSMTSIM with 4 threads. Fig. 5 shows the IPC
improvement of OpenUH over Omni for seven benchmarks. Despite its reliance
on a runtime system designed for portability rather than highest performance on
a given platform, OpenUH even achieved better performance than Omni except
for the EP benchmark . The average speedup is 2.055.The result of this test
confirms that the OpenUH compiler can be used as a serious research OpenMP
compiler on Itanium platforms.

For the portability and effectiveness of preserved optimizations using the
source-to-source approach , We compiled NPB 2.3 OpenMP/C using OpenUH as
frontend compiler for our test machines. The native GCC compiler on each ma-
chine is used as a backend compiler to compile the multithreaded code and link
the object files with the portable OpenMP runtime library. All versions were
executed with dataset A on four threads and compiler option -O2 was used.
Fig. 6 shows the IPC speedup of EDSMT over SMT of Alpha for 7 benchmarks.
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We can see EDSMT outperform SMT of Alpha except for EP and SP. The aver-
age speedup is 12.48%, which means the EDSMT is a very hopeful architecture
for the parallel applications.

5 Conclusions and Future Work

Throughput computing is the first and most pressing area where SMT and CMP
are having an impact. This is because they can improve power/performance re-
sults right out of the box, without any software changes, thanks to the large
numbers of independent threads that are available in these already multithreaded
applications. In the near future, SMT and CMP should also have an impact in
the more common area of latency-critical computations. Although it is necessary
to parallelize most latency-critical software into multiple parallel threads of ex-
ecution to really take advantage of a chip multiprocessor, SMT and CMP make
this process easier than with conventional multiprocessors, because of their short
interprocessor communication latencies.

The transition to SMT and CMP is inevitable[18] because past efforts to
speed up processor architectures with techniques that do not modify the basic
von Neumann computing model, such as pipelining and superscalar issue, are
encountering hard limits. As a result, the microprocessor industry is leading
the way to multicore architectures; however, the full benefit of these architec-
tures will not be harnessed until the software industry fully embraces parallel
programming.

We proposed a parallel infrastructure, including an optimizing, portable par-
allel compiler OpenUH and SMT architecture EDSMT based on IA-64. NAS
parallel benchmarks were used as our benchmarks, which features offer numer-
ous opportunities to explore further enhancements to OpenMP and to study
its performance on existing and new architectures. The experiment results also
demonstrate that our infrastructure is a very good choice for parallel compiler
and architecture research, especially for the structure of EPIC which combined
compiler and architecture tightly. In the future, we will focus on the specific
technology optimizations such as register allocation and RSE constitution, fetch
policy, resource organization and allocation, cache structure, thread schedul-
ing and so on. Meanwhile, we are considering a compact EDSMT to construct
homogeneous and heterogeneous CMP systems.
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Abstract. In this paper we present the thread migration mechanism of
DSM-PEPE, a multithreaded distributed shared memory system. DSM
systems like DSM-PEPE provide a parallel environment to harness the
available computing power of computer networks. DSM systems offer a
virtual shared memory space on top of a distributed-memory multicom-
puter, featuring the scalability and low cost of a multicomputer, and the
ease of programming of a shared-memory multiprocessor.

DSM systems rely on data migration to make data available to running
threads. The thread migration mechanism of DSM-PEPE was designed
as an alternative to this data migration paradigm. Threads are allowed
to migrate from one node to another, as needed by the computation. We
show by experimentation the feasibility of the thread migration mecha-
nism of DSM-PEPE as an alternative to improve application perfomance
by enhancing spatial locality.

Keywords: Thread migration, distributed shared memory, multithread-
ing, spatial locality.

1 Introduction

A large portion of the execution time of distributed applications is devoted to
access remote data. Multithreading in a distributed system helps to reduce the
impact of the latency produced by message exchange, by overlapping commu-
nication and computation [1]. While waiting for a long-latency operation, the
processor allows the progress of threads other than the one being blocked.

Thread migration has been proposed as a mechanism to improve performance
by enhancing data locality [2,3]. The main idea is to move threads closer to the
data they need, that is, to gather at the same processor those threads using the
data stored in that location, instead of moving the data to the processors where
the threads are running. However, there is a tradeoff between the mechanisms
used to increase data locality and load balance. The former aims to reduce
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interprocessor communication while the latter attempts to increase utilization
of the processors and hence the level of parallelism. If there are no restrictions,
a system would exhibit high data locality at the cost of poor utilization of the
processors.

In this paper we present the thread migration mechanism of DSM-PEPE, a
DSM system with support for multithreading at the user-level. We show the
potential of thread migration as an alternative to data migration to improve
application performance by exploiting data locality. In particular, we present a
series of experiments using an application with an access pattern that exhibits
some degree of spatial locality. The application that uses our thread migration
mechanism performed better than the original parallel application used for com-
parison and showed more regular speedup patterns.

The rest of the document is structured as follows. Section 2 deals with the main
issues involved in the implementation of multithreading and thread migration. In
Section 3, the thread migration mechanism of DSM-PEPE is presented. Details
about the experiments are covered in Section 4. Section 5 summarizes other
works related to thread migration. Finally, Section 6 presents some concluding
remarks and future lines of research.

2 Multithreading and Thread Migration Issues

Multithreading can be implemented at kernel level or at user level. In the former,
system calls are issued for thread creation and context switches. The kernel is
highly involved in thread management; thus, this approach lacks portability.
User-level threads are more portable and easier to manage; the context switch has
a lower cost because the operating system is not aware of the threads. However,
when a user-level thread is blocked, it could block the entire process, reducing
the benefits of the use of multithreading. Some mechanism must be implemented
to avoid this drawback.

Thread migration involves the suspension of a thread at some point of its
execution. While suspended, it is copied or moved to another processor, and re-
sumed at the new location at the same point where its execution was suspended.
The resumed thread must not be aware of the migration being carried out. To
migrate a thread, all data defining the thread state must be copied, that is, its
stack and the values stored in the processor registers.

Special attention must be given to the migration of the thread stack. It can
contain local variables, activation registers, and pointers that could refer to mem-
ory addresses inside or outside the stack. If the stack is relocated at a different
address in the destination processor, pointers to stack addresses would be out-
dated. Also, pointers to memory addresses that are not part of the DSM space
would point to invalid addresses in the target processor.

We are interested in thread migration in hardware homogeneous systems.
Migration in heterogeneous environments introduces additional issues that must
be considered and that are beyond the scope of this work.
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3 DSM-PEPE Thread Migration Mechanism

Threads in DSM-PEPE are provided through a user-level library. A kernel timer
is used to implement preemption and avoid blocking the entire process when a
thread becomes blocked. The library runs on several processor arquitectures and
operating systems. In particular, DSM-PEPE runs on top of MS-Windows and
GNU/Linux, both on the Intel family of processors. Applications in DSM-PEPE
follow a SPMD –Single Program Multiple Data– model [4].

A data structure called thread is used to store the information required to
administer the threads. First, the library stores in this structure information
about registers (e.g., the stack pointer), administration data (e.g., the thread
id) and a pointer to the function that the thread is executing. Next, a fixed-size
thread stack is stored, followed by the arguments passed to the thread function.
Figure 1 shows the fields of the structure.

...

tid

thread

sp

stack

args

sp

thread info
func

Fig. 1. DSM-PEPE thread structure

In DSM-PEPE, a function from the API allows an application-level thread
to migrate to a different location by providing the thread id and the target
processor id. Migration is prohibited to threads holding system resources, like
files or locks, to ease resource management. In order to ensure coherence when
the thread moves to another location, thread data must be stored in the DSM
space or in thread local variables which reside in the thread stack.

The migration mechanism is supported by the concept of replicated threads.
Each application-level thread is replicated at each processor when created. How-
ever, the thread is activated only at the forking processor while it remains sus-
pended at the rest of the processors. In this way, we guarantee that the thread
stack is located at the same address at each processor, avoiding the problem of
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outdated references to variables within the stack during a migration. Besides the
ready queue, containing the threads that are currently waiting for the processor
to be assigned, a suspended queue is used for the threads that are about to mi-
grate and the thread replicas that wait for a migration to come in. Figure 2 shows
how a thread running at a processor is migrated to another location. Thread t1
at P1 is migrated to P2 where it resumes execution on the suspended replicated
thread that was created at P2 when t1 was originally forked. The thread that
was running t1 on P1 now became suspended.

t1 t2 t3t1 t2 t3t2 t3 t1 t2 t3 t1 t2 t3 t1 t2 t3

S S S S S S S

t1

P2 P1 P2 P3P1

S S S S

P3

migrate(t1,P2)
S

Fig. 2. Thread suspension and activation during a migration

Migration is accomplished by sending a message containing the thread struc-
ture to the target processor. The size of this message will depend on the size of
the stack assigned to the thread during creation. Usually the thread stack will
be 1 KB long, but in special circumstances a larger stack will be needed. This is
the case of the application shown in Section 4 where we store a large data struc-
ture –up to 32 KB– in the stack of each thread. Upon reception of a migration
message, the system on the target processor copies the received structure to the
suspended replicated thread. This is accomplished by copying the stack to the
same address where it was located at the originating processor.

4 Experiments and Results

In order to evaluate the effectiveness of the thread migration mechanism to
improve performance by exploiting data locality, we ran a series of experiments
with an application whose memory access pattern exhibits certain degree of
spatial locality.

The application selected is 2D N-body, a simulation of the evolution of a
system of n bodies or particles interacting under the influence of gravitational
forces on a two-dimensional space. The force exerted on each body arises due to
its interaction with all the other bodies in the system. Thus, at each step, n − 1
forces must be computed for each of the N particles. The computation needed
grows as n2. This application is refered to as Sequential N-body.

Parallelization was accomplished by distributing computation among 4 proces-
sors. Processor P0 initializes an array on distributed shared memory containing
the mass, initial coordinates and initial velocity for all particles in the system. At
each step, each processor is responsible for the computation of the new coordi-
nates and velocity of 1

4 of the total particles. To do this, the processor must read
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mass and coordinates data for all the particles in the system. The DSM system
provides each process with data updated on other processors using the sequen-
tial consistency protocol. Barriers are used to synchronize progress. To reduce
the false sharing induced by storing shared and not-shared data on the same
array, a second array is used to store velocities and force accumulators. Hence,
the array on DSM actually stores only truly-shared data: mass and coordinates.
This application is refered to as Parallel N-body.

Thread migration was introduced in order to exploit data locality. At each
step, each processor updates data for its own particles and reads data from other
particles stored on the remaining processors. Local versus remote data exhibits
a 1

4 ratio at each processor. Hence, instead of making data from each processor
to be updated by the consistency protocol on the remaining processors, each
processor sends a migratory thread to accomplish computation at the processor
where the data is stored. Threads store in their stacks the accumulators needed
by computation, which are moved transparently as the threads migrate. This
application is refered to as Migratory Threads N-body.

Four different problem sizes were used in the experiments: 214 = 16384,
215 = 32768, 216 = 65536, and 217 = 131072 particles. Each application was
run to complete 1, 2, and 4 steps of computation, in order to lessen the overhead
produced by the initial data distribution during the first iteration.

The testbed is composed of 4 computers with the same configuration: Intel
Pentium IV processors running at 3 GHz, 256 MB RAM, 16 KB L1 cache, 2 MB
L2 cache. The network link is an Ethernet switched at 100 Mbps. The operating
system is GNU/Linux, kernel 2.6.15-23 (Ubuntu 6.06 LTS).

Figure 3 shows execution time of the sequential application as problem size
increases. It can be seen that execution time grows as n2. Figure 4 compares
execution time for the three applications using the largest problem size: 217
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Fig. 4. Parallel and Migratory-Threads outperform Sequential N-body with speedups
3.77 and 3.99, respectively

particles. Both the parallel and the migratory-threads applications outperform
the sequential application. The speedup for the parallel program was 3.77, while
for the migratory-threads program it was 3.99. Results for the remaining problem
sizes show the same behavior.

Figure 5 shows the speedups for both, the parallel and the migratory-threads
based applications, for 1, 2 and 4 computation steps. Speedups for the application
using thread migration are clearly higher and show a regular trend, improving as
the number of computational steps increases. This is due to the ad-hoc migration
strategy used to solve the problem that improves data locality, reducing the
number of page faults and the total data exchanged. When a thread migrates to
another processor it carries its acummulators and uses only local data to perform
computation. Results for the largest data set are better due to the higher level
of parallelism with respect to the amount of data exchanged, that is, larger data
sets involve coarser computation granularity.

The parallel application involves a large number of small-size messages, most
of them due to memory consistency actions. The largest of these messages is a
4 KB message sent as a reply to a remote page fault. On the other hand, the
migratory application involves less messages but half of them of a large size.

Table 1 shows the time involved in sending and delivering a message of dif-
ferent sizes, as measured in our testbed. Table 2 shows the time involved in
migrating a thread using two different stack sizes, as measured in our testbed.
It can be seen that the time involved in a thread migration is sligthly higher
than the time needed to send a message of the same size. This is the expected
behavior because the migration involves copying the stack in the originating and
destination processors and some additional actions. Nevertheless, as consistency
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Table 1. Time involved in message transmission

Size Time
(KB) (μsecs)
≈ 0 66
4 514
32 2971

actions involve more than a single message (for example, to invalidate remote
copies), it could be expected that an application that relies on migration to avoid
page faults performs better and sends fewer messages.
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Table 2. Time involved in thread migration

Stack size Time
(KB) (μsecs)

4 547
32 3445
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Fig. 6. Messages and data exchanged when computing 4 steps for 217 particles

For the largest problem size –217 particles– and 4 steps of computation, the
parallel application exchaged 47790 messages for a total of 49, 75 MB, while the
migratory application exchanged only 4302 messages for a total of 40, 78 MB.
Of the total messages exchanged in the parallel application, 26% are page-fault
replies –4 KB– while the remaining 74% are short messages, mostly related to
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Fig. 7. Messages sent by each processor when computing 4 steps for 217 particles

consistency and synchronization. In the migratory application, 24% of the total
messages exchanged corresponds to large migration messages –32 KB– while 28%
are page-fault replies –4 KB– and 48% are short messages. This comparison can
be seen in Figure 6. Although the migratory application sends larger messages,
caused by the large stack defined for the threads, the parallel application sends
more cumulative data, mostly due to the large number of page faults involved.

Figure 7 compares the number of messages sent by each processor, when
computing 4 steps of computation for the largest problem size. Because at the
beginning of computation all data is stored at processor 0, a large amount of work
is accomplished by that processor during the first step, in order to distribute data
among the other processors. Afterwards the workload is uniformly distributed
among all processors.
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5 Related Work

Three different strategies to deal with the problem of addresses stored in the
stack are found in the literature. The first approach is used in systems that rely
on programming language and compiler support to obtain information about
the pointers in order to update them during a migration. In this category are
systems like Emerald [5], Arachne [6], and Nomadic Threads [3,7,8]. Emerald is
an object-based system for the construction of distributed programs whose ob-
jects can move freely among processors. The compiler supports the translation
of pointers during migration. Arachne provides thread migration across het-
erogeneous platforms by extending the C++ programming language. Nomadic
Threads are compiler-generated fine-grain threads that migrate between proces-
sors to access data. They are supported by a runtime system that manages data
and thread migrations. The approach followed by these systems lacks portability,
because of their strong dependency on the compiler.

The second approach is to identify and update pointers stored in the stack at
execution time, as it is done in Ariadne [9]. This is a user-level thread library.
When a thread is migrated, its stack is inspectioned to identify and update out-
dated pointers. However, there is no guarantee that all pointers will be identified.

The third approach is the one used in DSM-PEPE, and in systems like
Millipede [10], Nomad [11], and Amber [12]. Millipede is a DSM system for
MS-Windows that implements multithreading at the kernel level and thread mi-
gration. Nomad is a light-weight thread migration system that delays the sending
of the complete stack. Amber is an object-oriented DSM system implementing
thread migration. Object location is handled explicitly by the application and
the system requires a large address space to be available. Data outside the stack,
being referenced by pointers in the stack, are not migrated.

There are also mixed approaches, like MigThread [13,14,15], that use prepro-
cessing and run-time support to deal with the migration of the threads stacks.

6 Concluding Remarks

Distributed-memory applications implementing parallelism by data distribution
among the processors usually benefits from a better cache utilization. This could
be the case of the application used in this work and can explain the high speedups
achieved.

The migratory application performs better than the parallel application, al-
though the difference of speedups is not strong in relative terms. This can be
explained because the parallel application was optimized to reduce the false
sharing within the shared data structure. Also, the escence of the chosen prob-
lem involves a large number of pages that must be updated while the thread is
migrating, causing a large stack to be moved along with each migration. In the
future we will perform experimentation with other applications that may benefit
from the enhanced data locality that thread migration can provide.
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Abstract. EH*RS is a new high-availability Scalable Distributed Data Structure 
(SDDS). The file structure and the search performance of EH*RS are basically 
these of EH*. It gets high availability based on record group and Reed-Salomon 
erasure correcting coding. EH*RS remains all data available despite the 
unavailability of any k ≥1 servers by storing the additional information: the 
parity information. The value of k transparently grows with the file, to prevent 
the reliability decline. The storage overhead for the high-availability is small. 
The example shows that EH*RS file performs as expected. Finally, the scheme 
of EH*RS provides new perspectives to data-intensive applications (DBMSs), 
including the emerging ones of grids and of P2P computing.  

1   Introduction 

Multicomputers (shared–nothing configurations of computers connected by a high-
speed link) allow for high aggregate performance. These systems gained in popularity 
with the emergence of grid computing and P2P applications. They provide high 
performance, and need new data structures that scale well with the number of 
components [1].  Scalable Distributed Data Structures (SDDS) aim to fulfill this need 
[2, 3]. The SDDS addressing scheme has no centralized components. This allows for 
operation speeds independent of the file size. They provide for hash, range or m-d 
partitioned files of records identified by a primary or by multiple keys. 

Among the best-known SDDS schemes is the LH* scheme [2, 4, 5]. In 1993,  
W. Litwin et al. introduced LH*[8], an efficient, extensible, distributed variant of the 
Linear Hashing [7] data structure. LH* creates scalable, distributed, hash-partitioned 
files. In 2000, W. Litwin et al. [9] introduced LH*RS to get k-availability based on 
LH* using Reed-Solomon Codes and record group.  

But LH* has some drawbacks. Splits must be ordered for the clients, since the 
splits are required to follow the bucket numbering order within each level. 
Determining when a bucket can be split is not an autonomous decision that can be 
made by the affected server. The ordering of splits is imposed on the buckets to 
support the directoryless character. This restriction is inherent in LH* because of the 
need for all buckets to be determined from one of two bucket location functions. For 
this reason a centralized split coordinator participates in the bucket split operation. 
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Split coordinator can create a hot-spot [11]. Also, the bucket that is not allowed to 
immediately split must handle overflow locally. Further, since all the buckets on a 
level must split before the next level can start to be split; this causes premature 
splitting of non-full buckets. Because of those drawback of LH*, LH* RS has its 
corresponding shortcomings.  

In 1997, V. Hilford et al. [11] introduced EH*, a distributed variant of the 
Extendible Hashing of Fagin et al. [12]. The directory data structure was replaced by 
a different data structure. This new data structure, called Cache Tables, eliminates the 
multiple directory entries that point to the same bucket. And there isn’t an obvious 
drawback in EH*. So we will design the new scheme based on EH*. 

At times, an EH* server can become unavailable. It may fail as the result of a 
software or hardware failure. It may also stop the service for good or an unacceptably 
long time, a frequent case in P2P applications. Either way, access to data becomes 
impossible. The situation may not be acceptable for an application, limiting the utility 
of the EH* scheme.  

We say that it is k-available, if all data remain available despite the unavailability 
of any k servers. The information-theoretical minimum storage overhead for  
k-availability of m data servers is k/m. For files on a few servers, 1-availability usually 
suffices. Some proposals use mirroring to achieve 1-availability [13, 14]. Two 
schemes use only XORing to provide 1-availability [15, 16]. LH*g [10] and EH*g [20] 
use record group to achieve 1-availability. For largely scaling files, we need the 
scalable availability, adjusting k to the file size [17].  

Below, we present an efficient scalable availability scheme we called EH* RS. It 
structures the EH* data buckets into groups of size m, providing each with K ≥ 1 
parity buckets. The values of m and of K are file parameters that can be adjusted 
dynamically. We call K the intended availability level. A group is typically K-
available. Some can be (K-1)-available with respect to the current K if the file just 
increased it by one. The new level diffuses to the groups progressively with the splits. 
Changes to K value are transparent for the application. 

Our current parity calculus is also an erasure correction scheme, using Reed-
Solomon (RS)[19] coding just like LH*RS. Besides, our high-availability features are 
transparent to the application and do not affect the speed of searches and scans in 
EH*RS file. These perform as well as in an EH* file with the same data records and 
bucket size. 

A great quantity of Major DBMSs could benefit from the new capabilities of 
EH*RS, such as DB2 and Oracle. The scalability of the

 
files should also serve the 

emerging needs of data grids and of P2P applications. In particular, a number of new 
applications target there files larger than anything operationally workable till now, 
e.g., the Sky Server project to cite just one,[6] [18][21].  

Below, we describe the general structure of an EH*RS
 
file and how to scale the 

file’s availability in Section 2. Section 3 presents the parity coding. We explain how 
to recover the data records in the EH*RS

 
file in Section 4. Section 5 shows one 

example of EH*RS scheme. We present performance analysis in section 6. Section 7 
concludes the study and proposes directions for the future work.  
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2   EH*RS  

2.1   File Structure 

EH*RS provides high availability based on the EH* scheme. EH* is a distributed 
variant of the Extendible Hashing data structure. An EH*RS  file stores data records in 
data buckets, numbered 0,1,2… and parity records in separate parity buckets. And 
like EH*, EH*RS locates right buckets using cache table. They are kept by the clients 
and servers. These Cache Tables may become obsolete, but will never give incorrect 
information. 

Data records contain the application data. A data bucket has the capacity of b >> 1 
primary records. Additional records cause the splitting. The application interacts with 
the data records as in an EH* file. Parity records only provide the high availability 
and are invisible to the application. Figure 1a shows the structure of the EH*RS file 
with 2-available. 

We store the data and parity buckets at the EH*RS server nodes. There is basically 
one bucket per server. The clients address the servers for data search or storage over 
the network. 

An EH*RS operation is in normal mode as long as it does not encounter an 
unavailability. Otherwise it turns into degraded mode. We presume the normal mode 
unless otherwise stated. We first describe the storage and addressing of data records 
and the structure of parity records. And then we introduce file’s scalable availability. 

 

Fig. 1. EH*RS file: (a) 2-available bucket group, (b) data records and (c) parity records 

2.1.1   Data Records  
Structure of data records in an EH*RS file is not the same as in an EH*g file. A data 
record is also identified by its key c and has some non-key part. But there is not the 
group key and rank for each data record. As for the generic EH*, the correct bucket 
for data record in an EH*RS file is given by cache tables. Cache Tables have the 
characteristic that several levels of the file H (global depth of the file) coexist. We call 



 EH*RS: A High-Availability Scalable Distributed Data Structure 191 

this range of levels MinLevel and MaxLevel (PminLevel and PmaxLevel for parity 

files).Given a record iR  with the key ic  the pseudokey '
ic   is generated. The 

meaning of these two levels is that Cache Tables are searched by using H from 

(MinLevel)-suffix bits of '
ic  up to (MaxLevel)-suffix bits of '

ic . More details of the 

address computations can be found in [11]. Figure 1b shows the structure of data 
records. 

2.1.2   Parity Records 
The EH*RS data file gets the high-availability by storing the parity records in parity 
buckets at separate servers. The parity records let the application to get the values of 
data records stored on any unavailable servers, up to k ≥ 1.We call k the availa- 
bility level and the file k-available. The k value adjusts dynamically to the file size  
(Section 2.2).  

EH*RS parity records is transparent to the application. It consists of bucket groups 
and record groups. All but perhaps the last bucket group contains the same size m (a 
power of 2). Bucket a belongs to the group numbered g = a div m, where div denotes 
integer division. Every data record in a bucket gets a unique rank r = 1, 2…. when it 
enters the bucket because of an insert, split, or merge. The last bucket group can 
contain less than m buckets. Every bucket group is provided with 1≥k  parity 

buckets ( 0p …... 1−kp ), where the parity records for the group are stored. The value 

of  k is   the same for every record group in a bucket group. 
Figure 1b shows the structure of a parity record. Field r contains the rank and 

serves as the key. The second Field contains m placeholders 1c , 2c …… mc  for the 

keys of the data records in the group. If a data record with rank r and key c exists in 

the ith -bucket of the group, then cci = otherwise ic  is null. All k parity records in 

a record group have the same value in the first and second field. The last field is the 
parity field P, different for each parity record of a group. It calculates from the data 
records and the number of the parity buckets using Reed Solomon Codes.  

We can recover any unavailable s ≤ k data records in the bucket group from any 
of s ≤ k parity records and the remaining sm−  data records. These properties are our 
basis for the k-availability. 

2.2   Scalable Availability 

The cost of storing and manipulating parity records in EH*RS file is almost more than 
it in EH*g [20] and increases with k. The storage overhead is at least k/m. We also 
need the access to all the k parity records whenever we insert, update, or delete a data 
record. However, we only need access one parity record in EH*g file at the same 
occasion. And the former provides k-availability; the latter provide 1-availability. 

We maintain availability level k as a file parameter. Initially, k = 1. When the file 
size reaches some extent kB , the availability level k increases by one for every  

group. One choice is mB =1 , mB if
i

11 )2( −−= , where i >1 and i < k-1, assumed 
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m= f2 . That is, when the bucket group numbered g exceeds 1, 12 −f , 21)2( −f , 
31)2( −f ….., the current availability level k increases by one for every group. 

For the sake of the example, we choose m = 4 (f=2). Figure 2 illustrates the 
expansion of an EH*RS file. Parity buckets are represented shaded and on the right of 
the data file, right to the last, bucket of the group they serve. The file is created with 
data bucket 0 and one parity bucket, Figure 2a. The first insert creates the first parity 
record, calculated from the data record and from m-1 dummy records. The data record 
and the parity record receive rank 1. The file is 1-available. When new records are 
inserted into data bucket 0, new parity records are generated. Each new data and 
parity record gets the next rank. When data bucket 0 reaches its capacity of b records, 
b >> 1, it splits based on the cache table. During the split, both the remaining and the 
relocated records receive new consecutive ranks starting with r = 1. Figure 2b shows 
the parity data records are recalculated, since the rank r  has different data records.  
The splits append new data buckets 2, 3. Finally, a split creates data bucket m+1. This 
starts the second bucket group and its first parity bucket. 

 

Fig. 2. Scalable availability of EH*RS file. (a) Initial file, (b) Max. 1-available file, (c) 
Beginning 2-availability and (d) 3-availability. 

3   Parity Coding 

We will provide in this section basic concepts and characteristics which are necessary 
for the understanding of parity coding. 

EH*RS parity calculus uses the linear RS codes, which presents itself originally in 
the year of 1977[19]. These are originally error correcting codes, and they are 
maximal distance separating (MDS) codes among most efficient. We use them as 
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erasure correcting codes recovering unknown data values.  We give a brief review of 
the theory of Galois Fields at the basis of the RS codes. We use terms from [19].   

A Galois Field GF(N) is a set with N elements and the arithmetic operations of 
addition, subtraction, multiplication, and division. The addition and the subtraction of 
two elements are the same and equal to their Exclusive-Or (XOR). We have 
accelerated encoding and decoding, by using the logarithmic parity and decoding 

matrices (just like LH*RS). If gp i = , )(log gi p=  and )(log iantig p= . For 

every two elements g and h,∈  GF ( f2 ):  

))(log)((loglog. hgantihg ppp +=  

))(log)((loglog/ hgantihg ppp −=  

For the sake of example, we give one Galois Field ( 42 ). Table 1 shows the field 

elements of GF ( 42 ). It is generated by a primitive polynomial 014 =++ αα . 
(More details can be found in [9] [19]).  

Next, we focus on the parity coding. We use n for the maximal segment size, m for 
the record group size, and k for the number of parity buckets. Thus, n = m + k, and 
the group is k-available. 

Table 1. Log table in GF ( f2 ) 

 

For the sake of presentation, we assume that all parity records are generated at the 
same time. Similarly, we assume that all data records in the record group are inserted 
into the file simultaneously. The coding calculus is distributed in the EH*RS scheme. 
We are given m data records, each of which is a string of symbols. We calculate now 
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the first symbol in all the parity records simultaneously. Subsequent symbols are 
calculated in precisely the same manner. First, we form the vector a = 

( 1a , 2a , 3a ,……, ma ) where ia  is the symbol from the ith  record in the group. We 

collect the first symbol in all records (data and parity) in the vector u = 

( 1a , 2a ,……, ma , 1+ma ..., na ), to which we refer as a code word. u = a G, G is a 

generator matrix of the linear (systematic) RS-code; G has m rows and n columns.  G 
= I|P, where matrix I is an m x m identity matrix. Only the columns of the parity 
matrix P operationally contribute to the k parity symbols. Each parity symbol within 
ith  parity record is produced by the vector multiplication of a by the ith  column of 
P. The entire record corresponds to the iteration of this multiplication over all the data 
symbols. 

Details about how to generate Matrix G can be found in [9] [19].Different values 
of k lead to different elements in P, despite same n. Each parity bucket contains only 
one column p. This suffices as the parity symbol is the result of the product of u with 
the column p. 

4   Record Recovery   

Assume that EH*RS finds at most k data or parity records of a record segment to be 
unavailable. We collect any m available records of the segment. Also, we get the m x 
m matrix H from the corresponding columns of G. In virtue of the Vander monde 
matrix, any m x m submatrix of G is invertible. Using for example Gaussian 

elimination, we compute 1−H . Collect the symbols with the same offset from the m 

records into a vector b. By definition, a.H = b implying b. 1−H  = a. Hence, multiply 

b by 1−H  to recover the missing symbols with the same offset. Using the same 1−H , 
iterate through the entire available records, to produce all missing records.  

5   Example  

In this section, an example is used to illustrate the EH*RS scheme. There is no space 
here to go into detail on all these methods, but deserve a mention and the bibliography 
will point to detailed references for those wishing this level of detail. The following 
example is constructed only for the purpose of explaining the EH*RS scheme 
discussed. 

For the sake of simplicity, we continue with GF (16). The maximal segment size 
supported by GF (16) is n = 17. We set the bucket group size to m = 4. Our file 
availability level can scale to 13-availability.And we get a generator matrix G to be  
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Assume the following four data records: “The file is...”, “Jack went ...”, “They are 
...”, “But this method�”. The bit strings in GF corresponding to the ASCII encoding 
for our four records are (in hexadecimal notation): “54 68 65 20 66 69 6c 65….”, “4A 
61 63 6B 20 77 65 6E….”, “54 68 65 79 20 61 72 65….”, “42 75 74 20 74 68 69 
73….”. To calculate the first symbols in each parity record we form the vector a[1] = 
(5,4,5,4) and multiply it by G. The product is vector u[1] = (5,4,5,4,D,D,0,F,D,1,1,1, 
1,1,1,1,1,0). For the second symbol in each parity bucket, we form the vector a[2] = 
(4,A,4,2) and multiply by G to obtain code word u[2] = (4,A,4,2,0,6,A,B,2,5, B,3,9, 
D,5,8,B).u[1][5] = (5,4,5,4)*(8,F,1,7) =5*8 +4*F +5*1 + 4*7 = E+ 9+5+F = D. After 
those records insert, EH*RS file shown in table 2.   

Table 2. Example of EH*RS with 2 parity buckets 

 

Assume that first two data records above became unavailable, i.e., then the third 
and fourth data record, and the first and second parity records are available. We form 

H from the columns 3 to 6 and compute 1−H  as follows: 

 

The first vector b formed from the first symbols of the remaining records is b =  

(5, 4, D, D). Hence, b× 1−H  = (5, 4, 5, 4). The next symbols lead to b = (4, 2, 0, 6) 

and b× 1−H = (4, A, 4, 2) etc. The first coordinates of b vectors provide the first 
missing data record “54...”, and the second coordinates the second data record “4A...” 

6   Performance Analysis 

In this section, we analyze the new file’s performance. Besides parity encoding and 
decoding time, the cost for high availability in EH*RS file is the storage and access 
time overhead. 

Each bucket group carries k parity buckets, so the file storage overhead is at least 
k/m. The additional storage overhead is for RS calculus specific data at each parity 
bucket server. One needs stable storage basically only for the m-element single 

column of P, and for the f2  elements of the log multiplication table. So it is almost 
negligible. The storage overhead is almost minimal for any k-available file. 

Considering network speed and topology, we measure access performance with the 
number of messages. In normal mode, the performance of key search is that of EH* 
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and an insert, update or delete carries the overhead of k messages to parity buckets. In 
degrade mode, successful key search and insert needs the record recovery time. An 
update or delete needs more time to recover the unavailable bucket. And the record 
and bucket recovery time depends on the bucket group size (m) and is independent of 
the file size (M). So the costs are either independent of M, or increase basically 
through the necessary increase to k. 

7   Conclusion and Future Works  

EH*RS scheme is the extension of EH*g in the availability. EH*g file has 1- availability and 
EH*RS file has k- availability. We use the Reed-Solomon Codes to provide scalable, 
distributed and high availability files, needed by modern applications. In section 5, the 
example clearly demonstrates that the profile of the EH*RS scheme. And it shows 
that EH*RS file seems to perform as expected. 

In the paper, we provide the basic scheme of EH*RS in the previous sections. On 
account of space, we don’t give the details about how to insert, delete and update one 
data records. We treat the update as the usual operation, and the inserts and deletes as 
special cases in the implementation. At present, we are developing the prototype to 
implement and evaluate the proposed scheme.  

Future research could extend our results in two ways. First, we should analyze the 
variants deeper. Second, it would be interesting to compare our scheme with LH*RS 
scheme in the performance, storage and availability.  
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Abstract. It is very important to organize streams well to make stream 
programs take advantage of the parallel computing and memory system of the 
stream processor effectively, especially for scientific stream programs. In this 
paper, after analyzing typical scientific programs, we present and characterize 
two methods to optimize the stream organization: stream reusing and stream 
transpose. Several representative scientific stream programs with and without 
our optimization are performed on a stream typical processor simulator. 
Simulation results show that these methods can improve scientific stream 
program performance greatly. 

Keywords: Scientific computing, stream programming model, stream 
processor, cluster, SIMD, parallel computing, stream reusing, stream transpose, 
inter-cluster communication. 

1   Introduction 

Scientific computing has been an important and major part of research and industry, 
which makes feature of massive data, dense computation, and high degree of data 
level parallel. Now conventional architecture (as shown in Figure1) has been not able 
to meet the demands of scientific computing [1][2]. In all state-of-the-art 
architectures, the stream processor(as shown in figure 2)[3] draws scientific 
researchers’ attentions for its processing computation-intensive applications 
effectively[4-8].  

Both the organization of ALUs and the memory system of the stream processor are 
different from those of conventional architecture. There are N clusters controlled by a 
single controller to work in SIMD mode, and every cluster consists of M ALUs (in 
the stream processor prototype Imagine[9][10] developed by Stanford University,  
N = 8 and M = 6). As a result, plenty of ALUs can process intensive computations of 
scientific computing applications effectively and clusters working in an SIMD mode 
can exploit the high data parallelism sufficiently. At the same time, the stream 
processor has three level memory hierarchies – local register files (LRF) near ALUs, 
global stream register files (SRF) and streaming memory system, and the bandwidth 
ratios between three level memory hierarchies are generated according to the statistics 
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of several stream applications, which can exploit the parallelism and locality of 
scientific computing applications fully. 

          

Fig. 1. Simplified diagram of a 
conventional processor 

Fig. 2. Block diagram of a stream processor 

Stream programming model exposes a lot of architecture details to programmers, 
such as the use of SRF, chip-off memory, and clusters. Although this provides a 
consistent structure that is specialized for stream applications, it improves the 
hardness to programme [11]. As a result, it is important to write stream programs 
which can take advantage of the stream processor effectively.  

Compared with other applications, scientific computing applications have much 
more data, more complex data access methods and more strong data dependence. All 
these make scientific stream programs constrained by memory access or inter-cluster 
communications, such as swim stream programs developed by Du and Wang yielding 
a speedup of 0.53 over advanced x-86 architecture processor[7][8]. So it is very 
important to optimize the stream organization to make scientific computing stream 
programs take advantage of the characteristics of the stream processor architecture 
well. 

In the paper, we present two optimization methods, stream reusing and stream 
transpose, according to the analysis of characteristics of scientific computing 
applications. And we give the steps how to use our methods to optimize stream 
organization. Then we perform several representative scientific stream programs with 
and without our optimization on Isim which is a cycle-accurate stream processor 
simulator supplied by Stanford University. Simulation results show that the 
optimization methods of stream reusing and stream transpose can improve scientific 
stream program performance efficiently. 

2   Stream Processor 

The stream processor architecture is developed to speed up stream applications with 
intensive computations. The stream programming model divides a application into a 
stream-level program that specifies the high-level structure of the application and one 
or more kernels that define each processing step[13][14][15]. Each kernel is a 
function that operates on streams[12], sequences of records.  
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2.1   Stream Processor Architecture 

Generally, the stream processor act as a coprocessor of convention processor. Kernels 
responsible for processing streams run on the stream processor, while stream-level 
program responsible for organizing streams, calling kernels and processing output 
streams runs on the host. 

Figure 2 shows general architecture of the stream processor[12]. There are N 
clusters in the stream processor which consists of M ALUs. Microcontroller issues 
VLIW instructions to these N clusters and control them to work in SIMD mode. 

The stream processor has three level memory hierarchies: LRF, SRF and streaming 
memory system. The bandwidth ratio of three-level memory hierarchies is generated 
according to the statistics of several stream applications, which can exploit the 
parallelism and locality of stream applications fully. The ratio is 1:13:218 in Imagine. 
The memory system can exploit locality of stream applications from three aspects 
[16]: LRF exploits data locality in kernels, SRF exploits producer-consumer and 
producer-producer locality between kernels, and streaming memory system exploits 
global locality. 

Figure 3 shows a data stream flows across three level memory hierarchies during 
the execution of a stream program. First, the data stream is loaded from chip-off 
memory into SRF and distributed into corresponding buffer. Then it is loaded from 
SRF to LRF to supply operands to a kernel. During the execution of this kernel, all 
records of the stream are stored in LRF. After the kernel is finished, the stream is 
stored back to SRF. If there is producer-consumer locality between this kernel and its 
later kernel, the stream is saved in SRF. Otherwise, it is stored back to chip-off 
memory. 

 

Fig. 3. Stream flowing across the memory system 

2.2   Stream Programming Model 

Corresponding with stream processor architecture, stream programming model has 
two levels: kernel-level and stream-level[14][15]. A kernel is a computation intensive 
function that operates on sequences of records called streams. Each kernel takes 
streams of records as input and produces streams of records as output. Kernels are 
written using a C-like language called KernelC. The stream program declares the 
streams and defines the high-level control- and data-flow between kernels. Stream 
programs are written using a programming language extension called StreamC 
intermixed with C++. 

Stream programming model exposes three level parallelism of stream architecture 
to programmers: Instruction-Level Parallelism (ILP), Data-Level Parallelism (DLP) 
and Task-Level Parallelism (TLP). 



 Optimizing Stream Organization 201 

3   Optimizing the Organization of Data Streams 

In the stream programming model, the stream program declares the streams and 
defines the high-level control- and data-flow between kernels. So it is the 
responsibility of programmers to organize data streams. Organizing scientific stream 
programs’ streams well to make them take advantage of the parallel computing and 
memory system well can improve stream program performance efficiently. We 
present two optimization methods — stream reusing and stream transpose — to 
optimize the organization of data streams. Then we take code in figure 4 from stream 
program MVM as example to depict our methods, where NXD equals to NX+2. In 
our experiments we let NX and NY equal to 832. 

 

Fig. 4. Example code 

3.1   Stream Reusing 

Stream reusing is defined as that between loop iterations of a stream-level program, 
input or output streams of kernels in the former iteration can be used as input streams 
of kernels in the latter iteration. If input streams are reused, we call it input stream 
reusing. Otherwise, we call it output stream reusing. The essential of stream reusing 
optimization is to enhance the locality of SRF. Correspondingly, input stream reusing 
can enhance the producer-producer locality of SRF while output stream reusing can 
enhance the producer-consumer locality of SRF. 

3.1.1   Analyzing the Stream Application 
Figure 5 shows the data trace of QP(L), QP(L+NXD) and QP(L-NXD) participating 
in loop2 of figure 4. QP(1668,2499) is QP(L+NXD) of loop2 when J=1, QP(L) of 
loop2 when J=2, and QP(L-NXD) of loop2 when J=3. So, stream QP can be reused 
between different iterations of loop1. If QP(1668,2499) is organized as a stream, it 
will be in SRF after loop2 with J=1 finishes. When loop2 with J=2 or J=3 running, it 
doesn’t get stream QP(1668,2499) from chip-off memory but SRF. 

 

Fig. 5. Data trace of QP(L), QP(L+NXD) and QP(L-NXD) 
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3.1.2   Stream Reusing Optimization Organizes Data Stream 
Figure 6 shows a generalized perfect nest of D loops. The body of the loop nest reads 
elements of the m-dimensional array A twice. If in the Pth level loop the data trace of 
one array A read references with IP=i is the same to that of the other array A read 
references with IP=i+1 and different to that of the other array A read references with 
IP=i, such as the data trace of array QP in loop2 in figure 4, the two array A read 
references can be optimized by input stream reusing. Then we give the step of using 
input stream reusing method to optimize stream organization. 

 

Fig. 6. A D-level nested loop 

Step A. Organize different array A references in the innermost D-P loops as stream 
A1 and A2 according their data traces.  

Step B. Organize all operations on array A in the innermost D-P loops as a kernel. 
Step C. Organize all operations in the outmost P loops as stream-level program. 

When the nest with IP=i of loop P in stream-level program operates on stream A1 
and A2, one of them has been loaded into SRF by the former nest, which means that 
the kernel doesn’t get it from chip-off memory but SRF. From the feature of the 
stream processor architecture, we can know the time to access chip-off memory is 
much larger than that to access SRF, so the method of stream reusing can improve 
stream program performance greatly. 

The steps to use output stream reusing are analogous to steps above. 
In stream program MVM unoptimized, we organize different array QP read in 

loop1 as three data streams according their data trace ,and. organize operations in 
loop1 as a kernel The length of each data stream is 832*832. When running, the 
stream program must load these three streams into SRF, the total length of which is 
692224*3, nearly three times of that of array QP.  

By the stream reusing method above, we organize different array QP read 
references in loop2 as three data streams according their own data trace, organize 
operations in loop2 as a kernel, and organize operations in loop1 except loop2 as 
stream-level program. Thus there would be 832*3 data streams in the stream program 
loop1, and the length of each is 832. So in stream program loop1, data stream QP(L), 
QP(L+NXD) and QP(L-NXD) of neighboring iterations can be reused. As a result, 
the stream program only need load 832 data streams with the length of 832 from chip-
off memory to SRF, the total length of which is 692224, nearly 1/3 of that of program 
unoptimized. 
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3.1.3   Extended Applications 
Figure 7 lists some typical applications in FORTRAN code that are available to  
be optimized by stream reusing and corresponding process. Code in figure 7(a), 7(b) 
and 7(c) are representative codes operating on 2-dimension array, while code in  
figure 7(d) and 7(e) are representative codes operating on 1-dimension array. Note 
that there are a lot of scientific computing applications that are available to be 
optimized by stream reusing, as long as they have analogous array reference trace as 
following code. 

 

Fig. 7. Applications that can be optimized by stream reusing 

3.2   Stream Transpose 

Stream transpose involves transposing the distribution of a stream in buffers of SRF 
in order to make records distributed among successive clusters be distributed on the 
same cluster. 

There are many buffers in SRF, and every buffer is connected with a functional 
unit to provide data for it, including clusters. Figure 8 shows the distribution of stream 
QP of loop2 in figure 4 among the buffers, assuming that the number of clusters is 8, 
buffer0 connects with Cluster0, buffer1 connects with Cluster1, and so on. Note that 
records are interleaved among buffers, which means QP(L), QP(L+1) and QP(L-1) 
participating in calculations of loop2 are distributed among sequential clusters. 

If adjacent records from the same array participate in the same calculations, such as 
QP(L), QP(L+1) and QP(L-1) of loop2 in figure 4, we can streamize such applications 
as follow: 

• Organizing the array as one stream. Correspondingly, we organize QP(L), 
QP(L+1) and QP(L-1) as one stream QP’(L). When clusteri executes operations of 
loop2, it must communicate with clusteri+1 and clusteri-1 to gather necessary records 
on other clusters. Because clusters work in SIMD mode and thus inter-cluster 
communications make them stall waiting for collecting data. Consequently, inter-
cluster communications become the bottleneck of program performance. We call 
this inter-cluster communication implementation. 

• Organizing different array references in the loop as multiple streams according 
their data traces. Correspondingly, we organize QP(L), QP(L+1) and QP(L-1) as 
three data stream according their data traces. Because there are a lot of chip-off 
memory traffics and the record set of every stream is almost the same, this method 
makes memory access become the bottleneck of the stream program. We call this 
multi-stream implementation. 

By stream transpose optimization, we organize all records covered by the array 
references as one stream, and distribute adjacent records on the same cluster. So 
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optimized stream programs will have as few inter-communications as multi-stream 
implementation and the same amount of memory traffics as inter-communication 
implementation. 
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Fig. 8. Distribution of a data stream among 
buffers connecting with clusters 

Fig. 9. Run time of memory, kernel and 
stream program MVM with these two 
implementations(cycles) 

3.2.1   Analyzing the Stream Application 
Figure 9 shows the active time of memory system, kernel and stream program MVM 
with inter-cluster communication and multi-stream implementation. From the figure, 
we can see that inter-cluster communication implementation has less memory access 
overhead, but more kernel execution time and multi-stream implementation is just the 
contrary. 

3.2.2   Stream Transpose Optimization Organizes Data Stream 
Stream transpose optimization involves transposing the distribution of a stream 
among clusters making use of the feature of derived streams. Then, the steps of 
stream transpose are given below. 

Step A. If the stream program organizes adjacent records from the same array 
participating in the same computations as one stream, we can do the next step 
directly. Otherwise, we must join the streams of the same array first, which means 
organizing the whole array as a stream. 

Step B. Derive a new stream with the streams to be transposed by letting the length 
of a record equal to Lengthstream/Ncluster and letting the stride equal to 
Lengthstream/Ncluster, where Lengthstream represents the length of the stream to be 
transposed, and Ncluster represents the number of clusters of the stream processor. 

After the process above, the first “record” of the derived stream is distributed in 
buffer0, which means records from 0 to Lengthstream/Ncluster - 1 of the original stream 
are distributed in buffer0, and so on.  

Correspondingly, we use this method to transpose stream QP by letting the length 
of a record equal 104 and letting the stride equal 104. The distribution of stream 
transposed among buffers is showed in figure 10. QP(L), QP(L+1) and QP(L-1) 
participating in calculations of loop2 will be distributed in the same buffer. 
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Fig. 10. Distribution of data stream in buffers of SRF after transposed 

3.2.3   Extended Applications 
Figure 11 lists some typical applications in FORTRAN code that are available to be 
optimized by stream transpose. Figure 11(a) lists representative codes operating on  
2-dimension array, while figure 11(b) lists representative codes operating on  
1-dimension array. Note that there are a lot of scientific computing applications that 
are available to be optimized by stream transpose, as long as they have analogous 
array reference trace as following code. 

 

Fig. 11. Applications that can be optimized by stream transpose 

4   Experimental Results and Analysis 

In our experiments, we use ISim cycle-accurate stream processor simulator supplied 
by Stanford University[12][13] to get the performance of stream programs 
unoptimized and optimized. 

Several representative scientific stream programs are optimized by our 
optimization methods. QMRCGSTAB algorithm is a subspace method to solve large 
nonsymmetric linear systems[17]. MVM is a subroutine of a hydrodynamics 
application and computes band matrix multiplication. Laplace calculates two-
dimension central difference. First_difference is the 14th Livermore loop. All 
applications above are used widely in scientific computing, and the performance of 
these scientific stream programs is constrained by memory access. 

4.1   Stream Reusing 

Table 1 illustrates the effects of the stream reusing method on stream program 
performance. Figure 12 lists the influence of stream reusing method to chip-off 
memory traffics. Simulation results show that stream reusing optimization can 
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enhance the SRF locality and consequently the stream program performance 
efficiently. This method can cut down chip-off memory traffics proportionably, which 
is very important to stream programs constrained by memory access. Because 
applications in our experiment are optimized all by input stream reusing, load 
memory traffics are cut down obviously while there is no effect on store memory 
traffics. However, this method is not fit for First_difference application. 

Table 1. Comparison of without and with stream reusing (cycles) 

 QMRCGSTAB MVM Laplace(256) First_difference(1024)
Without 74412079924 7619785 365565 4867 
With 66113790568 6044064 267904 N/A 
Speedup 1.126 1.261 1.365 N/A 
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Fig. 12. Influence of stream reusing to memory traffics(B) 

4.2   Stream Transpose 

Figure 13 shows the comparison of stream program run time with different 
implementations. Figure 14 illustrates the speedup yielded by stream transpose over 
multi-stream and over inter-cluster communication implementation. Table 2 lists 
chip-off memory traffics and the number of inter-cluster communications of different 
implementation. From the results, we can know that: compared with multi-stream 
implementation, stream transpose can cut down the memory traffics proportionably 
and thus improve stream program performance greatly; compared with inter-cluster 
communication implementation, stream transpose can decrease the number of inter-
cluster communications and thus improve stream program performance greatly; the 
memory traffics of stream programs optimized by stream transpose equal nearly to 
those of stream programs with inter-cluster communication implementation and the 
number of inter-cluster communications of the former equal nearly to that of stream 
programs with multi-stream implementation, i.e., stream programs optimized by 
stream transpose have both less memory traffics and less inter-cluster communica-
tions. However, the difference of memory traffics between stream transpose and inter-
cluster communication implementation is generated by the amount of kernel code and 
that of data transferring from host to the stream processor. 

For stream program QMRCGSTAB which is a large scientific computing 
application, there are only a few streams that can be optimized by stream transpose 
and consequently the speedup yielded by it is the smallest. For stream program 
First_difference, it is a small application kernel and there is only two array references 
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that can be optimized by stream transpose, so its speedup is slower. For all stream 
applications, the data parallel address architecture of Isim simulator doesn’t support 
the memory access pattern used by stream programs optimized by stream transpose 
efficiently. If we optimize the memory architecture according to [20] correspond-
ingly, the performance increase gained by stream transpose will be much larger. 

Figure 15 shows First_difference stream program’s run time of different 
implementations with the increase of the stream length. From the figure, we can 
observe that with the increase of stream scale, compared with the other two 
implementations, stream transpose can get better and better performance. 
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Fig. 13. Comparison with different implementations (cycles) 
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Fig. 14. Speedup yielded by stream transpose 
over the other two implementations 

Fig. 15. Effects of the increase of stream 
scale,on first_difference stream program run 
time with different implementations (cycles) 

Table 2. Comparison of chip-off memory traffics(MB) and the number of inter-cluster 
communications with different implementations 

QMRCGSTAB MVM Laplace (256) First_difference   
Traffics Comm. Traffics Comm. Traffics Comm. Traffics Comm. 

multi-stream 2.78E+08 0 2.5655E+04 0 1.1399E+3 256 17248 0 
inter-cluster comm. 2.51E+08 8.0128E+9 2.0272E+04 3.2064E+6 6.4799E+2 2.6216E+6 14304 7176 
stream transpose 2.53E+08 0 2.0639E+04 0 6.4061E+2 256 13280 0 

5   Related Work 

Imagine stream processor supports software pipeline and Strip-mining to optimize 
stream programs[13][14][15]. Software-pipelining involves dividing a loop into 
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stages and overlapping execution of one stage of one iteration with execution of 
another stage of another iteration. Software-pipelining can be used to hide the 
memory access time of a sequential memory access, a memory access that must occur 
between a pair of sequential kernels. Software pipelining can hide the latency for this 
memory access by overlapping execution of a kernel from another stage with the 
sequential memory access. Strip-mining involves processing a large input stream in 
smaller batches so that the intermediate streams produced while processing a batch 
will all fit in the SRF. Stream reusing and stream transpose we present can be used 
together with the methods above, so that we could get better performance. 

Now optimizations of stream applications are most oriented to media applications, 
embedded applications and DSP applications. Janis Sermulins presents a cache aware 
optimization of embedded stream programs in StreamIt[18]. Sitij Agrawal optimizes 
DSP stream programs using linear state space analysis[19]. Compared with other 
stream applications, scientific stream applications have more complex data access and 
stronger data dependence. As a result, it is hard and important to optimize scientific 
stream applications. By now, there is still little deep study on the optimizations of 
scientific stream applications. 

6   Conclusion 

The stream processor has drawn scientific researchers’ attentions for its processing 
computation-intensive applications effectively. Compared with other stream 
applications, scientific computing applications have massive data, complex data 
access method, strong data dependence. So it is difficulty and important to optimize 
scientific stream program. We present and depict two methods – stream reusing and 
stream transpose – to optimize the organization of data stream. Several representative 
stream programs are optimized by our methods and performed on Isim. The results 
validates that stream reusing and stream transpose can make data streams take 
advantage of the stream processor well, and thus improve the stream program 
performance greatly. 
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Abstract. This paper presents a parallel architecture that can simul-
taneously perform block-matching motion estimation (ME) and discrete
cosine transform (DCT). Because DCT and ME are both processed block
by block, it is preferable to put them in one module for resource shar-
ing. Simulation results performed using Simulink demonstrate that the
parallel fashioned architecture improves the performance in terms of run-
ning time by 18.6% compared to the conventional sequential fashioned
architecture.

1 Introduction

MPEG-2 is an audio/video digital compression standard developed by Moving
Picture Experts Group (MPEG) in 1994 [1]. Now it is widely used in high defini-
tion television (HDTV), DVD, and three dimensional television. In these appli-
cations, quality, performance and power are important issues. A typical MPEG-2
encoder structure is shown in Fig. 1. Motion estimation (ME) and discrete cosine
transformation (DCT) are the most computational expensive modules of the en-
coder system [2][3]. Motion estimation is used to reduce inter-frame temporal
redundancy, i.e., generating motion vectors by comparing current frame with
reference frame. On the other hand, DCT is used to reduce intra-frame spatial
redundancy by transferring data from spatial domain to frequency domain. Af-
ter DCT coefficients are computed, most energy will be concentrated into low
frequency coefficients, and many other high frequency coefficients will be close to
zero. Compression is achieved by discarding these near zero coefficients. Besides
DCT, quantization (Q), variable length coding (VLC), and buffer control (BUF)
unit are also included in a typical encoder system. The inverse quantization (IQ)
and inverse DCT (IDCT) are used to reconstruct the reference frame, which will
be used in motion compensated predictor and motion estimation unit.

In MPEG-2 encoder, both motion estimation and DCT are processed block
by block. The difference is that motion estimation is done in 16×16 blocks and
DCT is done in 8×8 blocks. We propose a new architecture to process them
simultaneously in order to improve performance.

H. Jin et al. (Eds.): ICA3PP 2007, LNCS 4494, pp. 210–221, 2007.
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Fig. 1. Typical encoder structure for MPEG2 [1]

2 Related Work

There are various motion estimation algorithms available in literature. For ex-
ample, full search [4], three-step search [5], four-step search [6], alternating pixel-
decimation search [7] and so on. Among them, full search is the most accurate
and often used as the benchmark [4]. However, it is inefficient in running time. To
reduce computational complexity, several fast algorithms have been proposed.
For example, three step search uses a center biased searching point and a half
way stop technique [5]. And alternating pixel-decimation search subsamples pixel
blocks by a factor of 4 [7]. In DCT algorithms, Chen’s algorithm [8] and Lee’s
algorithm [9] both require 32 multiplications and 32 additions in DCT operation.
Loeffler’s algorithm requires only 11 multiplications and 29 additions [10].

Systolic array based architecture is commonly used in VLSI implementation
for motion estimation due to its simplicity and regularity [11]. Yang et al pro-
posed a general systolic architecture for motion estimation [4]. Similarly systolic
based architectures have been proposed in [12] [13] intended for full search block
matching algorithm. Distributed arithmetic (DA) based architecture is a popular
candidate for VLSI implementation of DCT module [14].

We notice that motion estimation and DCT in MPEG-2 are both block pro-
cessed. Thus, we would like to perform these two operations parallelly and design
a common architecture sharing hardware resources. By doing so, we can achieve
better performance, area and power efficiency. This paper is the first step in our
research to develop realtime MPEG-2 codec. we propose a system level architec-
ture which performs motion estimation and DCT simultaneously. The simulation
results show that our proposed architecture indeed outperforms the conventional
architecture.

3 Algorithm

In this section, we briefly present motion estimation and DCT algorithms used
in our architecture. Full search block matching algorithm (FSBM) is the most
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popular one because of its simplicity and accuracy [13] [15]. Chen’s algorithm is
one of the most frequently referred algorithm for DCT [8]. Therefore, we choose
FSBM and Chen’s algorithm in our architecture.

3.1 Full Search Block Matching Algorithm

FSBM performs exhaustive search to find the best matching of the reference area
within the search area. As shown in Fig. 2, we set search range (-7, 7), block size
16×16, and the search area 31×31. We use sum of absolute distortion (SAD) as
our matching function. SAD in our implementation is defined as follows:

SAD(x,y)(u, v) =
15∑

i=0

15∑

j=0

|Fc(x + i, y + j)

−Fr(x + i + u, y + j + v)| (1)

where Fc is the current frame, Fr is the reference frame, (x, y) is the upper
left position of current frame, and (u, v) is the displacement in search area.
Displacement (u, v) of the minimum SAD in the search area is known as motion
vector. The objective of motion estimation is to generate motion vectors (mv)
for the current frame.

16

16 reference block

search area

31

31

Fig. 2. Block matching algorithm

3.2 DCT Algorithm

In order to reduce the time complexity of 2D-DCT computation, we divide the
2-D DCT into two 1D-DCT, as shown in Fig. 3. We first perform one dimen-
sional DCT row by row and save the results in a transpose memory. Then, one
dimensional DCT is performed column by column on the results stored in the
transposed memory. The outputs obtained from the second 1D-DCT are the
coefficients of the 2D-DCT.

It is evident that the 1D-DCT is the key module to be designed. An eight
point 1D-DCT is computed as:

Fi =
1
2
Ri

7∑

k=0

{
cos

(
(2k + 1)iπ

16

)}
{f(k)} (2)
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1D DCT

1D DCT

rows

columns

Transpose
Memory

Fig. 3. Decomposition of 2D-DCT [14]

where Ri equals ( 1√
2
) if i is 0; otherwise Ri equals 1. By using Equation (2)

directly, the implementation of 8-point 1D-DCT would require 64 multiplications
and 56 additions. Instead, we choose Chen’s algorithm to reduce the number of
operations. Chen’s algorithm can be summarized as follows[8]:

⎛

⎜⎜⎝

F (0)
F (2)
F (4)
F (6)

⎞

⎟⎟⎠ =
1
2

⎛

⎜⎜⎝

A A A A
B C −C −B
A −A −A A
C −B B −C

⎞

⎟⎟⎠

⎛

⎜⎜⎝

f(0) + f(7)
f(1) + f(6)
f(2) + f(5)
f(3) + f(4)

⎞

⎟⎟⎠

⎛

⎜⎜⎝

F (1)
F (3)
F (5)
F (7)

⎞

⎟⎟⎠ =
1
2

⎛

⎜⎜⎝

D E F G
E −G −D −F
F −D G E
G −F E −D

⎞

⎟⎟⎠

⎛

⎜⎜⎝

f(0) − f(7)
f(1) − f(6)
f(2) − f(5)
f(3) − f(4)

⎞

⎟⎟⎠

where A = cos π
4 , B = cos π

8 , C = sin π
8 , D = cos π

16 , E = cos 3π
16 , F = sin 3π

16 and
G = sin π

16 . This method effectively reduces the number of multiplications to 32
and reduces the number additions to 32.

4 System Level Architecture

The system level architecture for motion estimation and DCT computation is
shown in Fig. 4. It consists of address generator and data mapper, on-chip buffers
for current frame and search area, and computational core. Address generator
and data mapper unit is the bridge between external memory and on-chip buffer.
It generates address for fetching data on external memory to on-chip current
block buffer or search area buffer.

The system level architecture of computation core for motion estimation and
DCT computation is shown in Fig. 5. It reads in 16×16 block of current frame
and reference frame, and performs motion estimation for current block. After
computing the motion vector of the current block, it computes prediction error.
Finally, DCT computation is performed on the prediction error. Because DCT is
computed in an 8×8 block, we put four DCT modules together to perform DCT
parallelly. Unlike conventional approach, our design will process motion estima-
tion and DCT simultaneously to provide motion vectors and DCT coefficients.
In the following subsections, we will discuss the details of these units.
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Data
Mapper

Current frame
Block buffer

Reference frame
Search area buffer DCT

Prediction Error and 
for Motion Estimation,
Computation core

Memory
External

DCT Coefficient

Motion Vector

video stream

Fig. 4. System level representation of our proposed simultaneous architecture that
performs motion estimation and DCT computation
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DCT
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Prediction Error
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Motion Estimation
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    DCT Unit

DCT Coefficients

Motion Vector

Stream
Video

Fig. 5. System level architecture of the new computation core

4.1 Motion Estimation

Block level architecture diagram for motion estimation is shown in Fig. 6. Ap-
propriate blocks from current frame (P) and reference frame (I) are selected for
SAD computation using address generated by address generator. SAD compu-
tation includes subtracter, absolute, column sum and row sum. The SAD results
are stored in matrix. Comparator selects the minimum SAD from the matrix.
The coordinates of the minimum SAD are the motion vector for current block.

P

    I 16*16
 Block

Selection
Sub Abs

Sum
Column Row

Sum
SAD
Matrix

15*15
Comparator

MV

Address

Fig. 6. Block level architecture diagram for motion estimation

4.2 Prediction Error

Block level architecture diagram for prediction error computation is shown in
Fig. 7. Firstly, macroblocks from current frame (P) and reference frame (I) are
selected using motion vector and address generated by address generator, Then
subtraction is performed on these two blocks. Finally, the prediction error is
assigned to proper position in the output matrix. Output matrix for prediction
error has the same dimension as that of the input frame.
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P

    I 16*16
 Block

Selection
Sub

Address

MV

Block
Assignment

Prediction
Error

Fig. 7. Block level architecture diagram for prediction error

4.3 DCT

Block level architecture diagram for 2D-DCT is illustrated in Fig. 8. First, 1D-
DCT is performed on each row of selected blocks of prediction error and results
are stored in transpose memory. Then, 1D-DCT is performed on each column
of the block in the transpose memory. Each 1D-DCT consists of 4 adders, 4
subtracters and 2 matrix multiplier. Matrix multiplier is also called multiply
accumulator (MAC).

Prediction
Error

Transpose
Memory

Matrix

(MAC)
Multiplier

Matrix
Multiplier
(MAC)

Column AssignmentColumn selector
8*8
Block
Selector

Matrix

(MAC)
Multiplier

Matrix
Multiplier
(MAC)

8*8
Block
Selector

Row AssignmentRow selector

DCT
Coefficients

Fig. 8. Block level architecture diagram for 2D-DCT

5 Design and Implementation of Individual Modules in
the Architecture

The module level diagram of the proposed architecture generated using Mat-
lab/Simulink is shown in Fig. 9. It is composed of address generator and data
mapper, address generator 1, address generator 2, motion estimation, prediction
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Fig. 10. Level 1 of motion estimation module

error computation and DCT module. Address generator generates the address
for current block. Motion estimation module includes address generator, data
mapper and buffer. Address generator 1 and address generator 2 are used to
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Fig. 11. Level 2 of motion estimation module

generate matrix of motion vectors and prediction error for the reconstruction
part. Motion estimation, prediction error and DCT module forms the computa-
tion core. Then we output the motion vectors and DCT coefficients of prediction
error. IDCT and motion compensation is performed in the reconstruction part.
Finally, we get reconstructed video for verification.

5.1 Motion Estimation Module

Fig. 10 and Fig. 11 show two levels of the hierarchical design of motion estimation
module. Level 1 includes address generator for the reference block and SAD
computation. Level 2 includes data mapper, data buffer and SAD core.

5.2 Prediction Error Module

The prediction error module computes the reference block coordinates using
motion vectors and current block coordinates. Then it selects corresponding
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Fig. 12. Design of prediction error
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reference block and current block for subtraction. The output of the subtraction
is prediction error between these two blocks. Finally, prediction error is passed to
DCT module. Fig. 12 shows the design module of prediction error computation.

5.3 DCT Module

An 8×8 2D-DCT is performed on the prediction error. First it divides prediction
error block into four 8×8 sub-blocks, as shown in Fig. 13. Then 2D-DCT is
performed on each sub-blocks. These four sub-blocks are finally converted to one
block to generate the final output. The 2D-DCT is composed of two consecutive
1D-DCT modules. Fig. 14 shows the design of 1D-DCT computation core.
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6 Simulation and Results

We have implemented and verified our proposed architecture that can perform
both motion estimation and DCT simultaneously using Simulink. The input to
our implementation is a 128×128 video stream in AVI format. We first perform
motion estimation, prediction error computation and DCT. Motion vectors and
bit-stream of prediction error are generated by ME block and DCT block, re-
spectively. Then we perform IDCT on the bit-stream of prediction error. Next,
motion compensation is executed using motion vectors and prediction error to
reconstruct the video sequence and verify the correctness. We use four DCT units
parallelly in the computational core to improve the performance. One motion
estimation example is illustrated in Fig. 15. The motion vectors are generated
by comparing the the reference frame and current frame.

Table 1 shows the comparison of our proposed architecture and the conven-
tional architecture. In Our proposed architecture, DCT and ME work in a par-
allel fashion. On the other hand, in the conventional architecture, DCT and ME
work in a sequential fashion. We use Simulink’s Profiler tool to analyze their
performance. Two systems are setup with the same simulation configuration.
We set start time as 0s and stop time as 0.5s.The simulation results show that

(a) Reference frame (b) Current frame

−20 0 20 40 60 80 100 120
−20

0

20

40

60

80

100

120

(c) Motion vectors

Fig. 15. Motion estimation of football video
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Table 1. Performance Comparison of Football video stream

Football

Serial Parallel

Total recorded time 92.84s 75.69s

# Block Methods 240 321

# Internal Methods 7 6

# Nonvirtual Subsystem 16 19

Clock precision 30ns 30ns

Clock Speed 300MHz 300MHz

our architecture improves the running time by 18.6% on average compared to
the conventional architecture.

7 Conclusion

In this work, we have presented a parallel architecture of motion estimation and
DCT in MPEG-2 encoder. We propose to put motion estimation, prediction
error computation, and DCT into one computation core. By doing so, address
generator and data mapper can be shared by these three modules. In addition,
we use four 2D-DCT units to expedite the computation process. We have im-
plemented the proposed architecture as well as the conventional architecture in
Simulink. The simulation results justify that our proposed architecture reduces
the running time by 18.6% compared with the conventional architecture for DCT
and ME. In our future research, we plan to explore this idea to other standards,
such as MPEG-4, H.264/AVC, and VC-1.
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Abstract. A new generation storage system which called Object-Based Storage 
system (OBS) is emerging as the foundation for building massively parallel 
storage system. In the OBS, data files are usually stripped into multiple objects 
across OBS's nodes to improve the system I/O throughput. A fundamental 
problem that confronts OBS is to efficiently place and locate objects in the 
dynamically changing environment. In this paper, we develop EOP: an efficient 
algorithm based on dynamic interval mapping method for object placement and 
lookup services. The algorithm provides immediately rebalance data objects 
distribution with the nodes' addition, deletion and capability weight changing. 
Results from theoretical analysis, simulation experiments demonstrate the 
effectiveness of our EOP algorithm. 

Keywords: OBS, object placement, interval mapping, hash function.  

1   Introduction 

Combining the benefits of the conventional storage systems such as network- attached 
storage (NAS) and storage area networks (SAN) architectures, object-based storage is 
emerging as the next generation network storage system [1]. Unlike conventional block 
storage where the storage system must track all of the attributes for each block in the 
system, the object in OBS manages its particular piece of data by maintaining its own 
attributes to communicate with the storage system. 

Widely research efforts have been devoted toward improving the performance of 
OBS. By distributing the objects across many devices, OBS have the potential to 
provide high capacity, throughput, reliability, availability and scalability [2]. Object 
striping has become one useful performance enhancing techniques for OBS. In the 
design of OBS, some key issues those need to be resolved are efficient object 
placement, location, and keeping objects distribution balanced in the dynamically 
changing storage resource environment. 

In a large-scale OBS cluster, storage nodes may be added or temporarily 
unreachable due to network or node failure. When some nodes are added or removed, 
                                                           
∗ This research is supported by National 973 Great Research Project of P.R. China under grant 

No. 2004CB318203 and National Natural Science Foundation under grant No. 60603074 and 
No. 60603075. 
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objects may need to be redistributed from some nodes to the others to maintain the 
overall balance of the storage load. Also it is required that such relocations are executed 
with minimal data movement.  

To address these essential OBS issues, we develop EOP: an efficient algorithm 
which is based on the concept of interval mapping for providing object placement and 
lookup services in OBS. EOP does well in both distributing data evenly and minimizing 
data movement when storage nodes are changed. Moreover, this algorithm is adaptable 
for multiple nodes’ addition, nodes deletion and capability weight modification. 

The rest of this paper is organized as follows. Section 2 provides a literature review 
of related works. Section 3 presents the details of our EOP algorithm and its theoretical 
analysis is given in Section 4. Our evaluation and measurement results are present in 
Section 5. We summarize this paper and propose future work in Section 6. 

2   Related Work 

Several data placement algorithms have been studied in distributed storage systems. 
Litwin, et al. have developed many variations on Linear Hashing (LH*) [3], LH* splits 
buckets in half, so that on average, half of the objects on a split disk will be moved to a 
new empty disk. The deficiency of LH* is the “hot spot” of disk and network activity 
between the splitting node and the recipient may lead system load imbalance. 

Choy, et al. [4] describes algorithms for distributing data over disks which move an 
optimal number of objects when disks are added, but Choy does not support disk 
removal. OceanStore [5] and tapestry [6] adopt Bloom filters to support the object 
placement and lookup services. The weakness of Bloom filters is that the memory and 
bandwidth overhead could still turn out to be too high for a large-scale OBS cluster. 

Chord [7] uses a variant of consistent hashing to assign keys to Chord nodes. It has 
two weaknesses: First is the locations of objects are not controllable to balance storage 
usages on different nodes; Second is each node in Chord need maintain information 
approximate O(log N) other nodes where N is the total number of nodes, and requires 
lookups via O(log N) messages to other nodes. RUSH [8] develops a decentralized 
algorithm for placing and locating replicated objects in a distributed storage system. 
But the RUSH family of algorithms is more efficient for object replication management 
than the object lookup service in OBS.  

A new adaptive object placement algorithm is researched in [2], which can learn the 
parameters of the workloads under the real-time environment with the changing 
workloads. The Bit-Window based algorithm is developed by Renuga et al. [9]. 
However, in the worse case when an addition of a node needs the bit window size to 
expand, near 50% of the objects need to be migrated. But the disadvantage has been 
improved in EOP by use the dynamic interval mapping method. 

LIU and ZHOU [10] propose a data object placement algorithm based on dynamic 
interval mapping, which is optimal in both distributing data evenly and minimizing data 
movement when storage nodes is changed. It is perhaps the closest method to our EOP 
algorithm. However, it does not support concurrent multiple nodes addition, deletion 
and weight change.  
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3   The EOP Algorithm 

Like the Lustre file system [11] and Panasas [12], each object of the OBS has its 
exclusive object ID (the bit width of Lustre ID is 64bits and Panasas ID is 96bits).  To 
ensure the object distributed evenly, we translate all the objects IDs into n-bit 
identifiers by using a consistent fast hash function Tiger [13]. We call these identifiers 
as object keys, and the n-bit object key can be denoted as: kn-1kn-2...ki...k2k1k0.  

We define interval [0, 1) as the whole distribution space. Initially, inside a given set, 
the interval is divided into several subintervals with different length according to the 
weight of each storage node. Then we create a blank subinterval set for each node and 
insert such subinterval into the corresponding set. After that, there is a unique mapping 
relationship between a node index and its corresponding interval set. When the nodes 
number or some weights of nodes are altered, the intervals within the corresponding 
sets are divided into smaller intervals and then they are reassembled among these sets. 
For convenience, we sort these subintervals by the order of their starting numbers and 
form a table for subinterval sets. 

3.1   Subinterval Set Initialization 

Define N as the initial number of nodes with index from 0 to N-1, the weight of node i is 
wi. For any j, let: 

rj = 
0

j

i
i

w
=
∑ /∑

−

=

1

0

N

i
iw  (1) 

for 0 ≤ j ≤ N-1, and define r-1 = 0, then we get real numbers rj where 0= 
r-1<r0<r1<r2<…<rN-1 = 1. As shown in Figure 1, the jth subinterval is bj0 = [rj-1, rj). We 
form the initial subinterval sets table as ST0 = {s0,...,sj,…,sN-1}, where sj ={bj0}. And the 
matched node index equals to the index of subinterval set. 

 

Fig. 1. Dynamic interval mapping method 

Suppose currently the ith subinterval sets table is STi = {s0,...,sk,…,sN-1}, where sj = 
{bj0,bj1,…} (0 ≤ j ≤ N-1). To construct the (i+1)th subinterval sets table we should 
consider three different cases in the following sections. 
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3.2   Multiple Nodes Joining 

When m (m ≥ 1) nodes join the OBS which having N nodes already, the weights of 
them are presented as wN, wN+1,…,wN+m-1. For each previous subinterval set  
sj  (0 ≤ j ≤ N-1), a search is carried on to all available subinterval bj0, bj1…, until getting 
a subinterval subset Bj (When need, dividing one large subinterval into two parts) with 
the sum of all subinterval length: 

∑
∈ jj Bb

jb  = wj / ∑
−+

=

1

0

mN

i
iw   (2) 

Reserve these intervals in the jth subinterval set, and migrate the remainder 
subintervals to the newly added nodes’ subinterval set. For any newly added node i 
(1 ≤ i ≤ m) with the weight wN+i-1, the new subinterval set is generated and the sum of 
the subinterval length is changed into: 

∑
−+−+ ∈

−+
11

1

iNiN Bb
iNb  = wN+i-1/ ∑

−+

=

1

0

mN

i
iw . (3) 

Thus we update the subinterval set table as STi+1 = {s0,...,sk,…,sN-1,sN,…,sN+m-1}, 
where sj = {bj0,bj1,…} (0 ≤ j ≤ N+m-1). 

3.3   Multiple Nodes Deletion 

When m (1 ≤ m<N) nodes depart from OBS cluster which having N nodes previously. 
The nodes are divided into two sets, one is reserve subset Nr and the other is apart 
subset Na. For any node i in Na, its weight is presented as wi.  We incorporate all 
subintervals of apart nodes into an aggregate subinterval set Sd, and the sum of all these 
subintervals length is: 

dS  =
i d

i
s S

s
∈
∑  (4) 

For any reserved subinterval set sj in Nr, we send a search in Sd until getting a 
subinterval subset Bj (dividing one large subinterval into two when need) with the total 
length of subintervals: 

j d

j
b S

b
∈
∑  = dS * wj /

r

1

0, N

N

i
i i

w
−

= ∈
∑  (5) 

Then the obtained Bj is incorporated into sj.  
After all reserved subinterval sets are updated, the m nodes are deleted from 

subinterval sets and STi+1 = {s0,...,sk,…,sN-m-1}, where sj = {bj0,bj1,…Bj} 
(0 ≤ j ≤ N-m-1). 
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3.4   Node Weight Adjustment 

Since the capability of each member node is variable, our algorithm should take the 
weight changing into account. Here we suppose the weight of some nodes has changed, 
let the new weight of the ith node as wi '  (0 ≤ i ≤ N-1), and the subinterval subset length 
difference is: 

sdi=wi ' /∑
−

=

1

0

'
N

i
iw -wi/∑

−

=

1

0

N

i
iw  (6) 

For any subinterval set sj which sdi <0, a search is carried out to all available 
subinterval bj0, bj1…, in sj, until getting a subinterval subset Bj (when required, dividing 
one large subinterval into two parts) with the sum of all subinterval length:  

∑
∈ jj Bb

jb  = wi ' /∑
−

=

1

0

'
N

i
iw  (7) 

Reserve these intervals in the jth subinterval set, and incorporate the remainder 
subintervals into a temporary subinterval set st.  

On the other hand, for any subinterval set sj which sdi >0, also a search is issued to all 
available subinterval bj0, bj1…, in St, until getting a subinterval subset Bj (dividing one 
large subinterval into two when required) with the sum of all subinterval length: 

∑
∈ jj Bb

jb  = sdi  (8) 

Then these subintervals are migrated to sj. 
After these steps are done, the subintervals are distributed uniformly according to 

the up to date weight again. Thus we update the subinterval set table as STi+1 = 
{s0,...,sk,…,sN-1,sN,…,sN-1}, where sj = {bj0,bj1,…} (0 ≤ j ≤ N-1). 

3.5   Object Placement and Lookup 

As mentioned above, we generate the objects’ keys using the Tiger hash function. The 
object keys are 192 bits long and numerous object keys in large-scale OBS are 
uniformly distributed in the interval [0, 2192). Given an object key, let the key divided 
by 2192, then we will get a real number X within the interval [0, 1). We search in the 
subinterval sets table and can find X belonging to which subinterval with the matched 
node index, then place the object into the corresponding node. 

The object lookup operation in the EOP algorithm is similar to the object placement. 
For a given object key, we determine its node index using the placement method. Then 
the corresponding node’s IP address is obtained from the table which is maintained at 
metadata server. 
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4   Theoretical Analysis 

Lemma 1. The number of objects placed in a node is proportional to the total length of 
subintervals contained in the corresponding subinterval set. 

Theorem 1. The number of objects placed in any node is proportional to its capacity 
weight. 

We omit the proofs of lemma 1 and theorem 1 here which can be found in [10]. 

Theorem 2. When nodes are changed, the number of objects migrated is the minimum. 

Proof. By Lemma 1, we just need to prove that the total length of subintervals migrated 
is the minimum. Consider the following three cases.  

(a) Adding nodes. By Theorem 1, the number of objects placed in any node is 
proportional to its capacity, then the minimum total length of subintervals migrated to 
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(b) Removing nodes. The subintervals migrated are contained in an aggregate set  

Sd, and the sum of all these subintervals length is dS  =
i d

i
s S

s
∈
∑ , that is just the 

minimum.  
(c) Node Weight adjustment. As the whole mapping interval space is fixed in [0, 1), 

some subinterval’s lengthen must result in some others’ shorten. The minimum 
migration for each subinterval is equal to its length variation. For a subinterval set sj, 
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needs minimum migration is sdi = si ' - si. If sdi <0, it means this node’s subinterval set 
length need to be decreased and if sdi >0 its length need to be increased. The total 
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This shows that our migration operation runs only among the lengthened and 
shortened subintervals, but total subintervals length migration just equal to Ld and Li.  

5   Performance Study 

In this section, we present a simulation experiment to evaluate the performance of EOP 
algorithm. The simulation system comprises ten nodes at the beginning, and their 
capability weight is assigned initially as 6, 2, 1, 3, 6, 7, 5, 9, 2, and 4, respectively. We 
consider 1,000,000 objects for placement. To exam the performance of RSC 
synthetically, three independent experiment groups are designed as following: 

5.1   Node Placement 

Figure 2 shows how these objects distribute among the ten variable weight nodes. It can 
be observed that the objects are distributed across these nodes according to their 
capability weight. The difference between the theoretic distribution and simulation 
result is no more than 0.12%. 
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Fig. 2. Object Placement in a 10-node OBS cluster 

5.2   Node Addition and Deletion 

Figure 3(a) plots the redistribution of data objects in the system where some nodes are 
added. In this case, we add three nodes into the system with capability weight 10, 3, and 
8, separately. Figure 3(b) shows the objects are distributed across the system where 
some nodes are removed from the original system. This time we remove the second, 
fourth, sixth and seventh node with capability weight 2, 3, 7 and 5, separately. 

From both figure 3(a) and 3(b), we can see that the objects are always redistributed 
among the storage nodes according to their capability weights. The difference between 
the theoretic distribution and simulation result is less than 0.11% and 0.21% 
respectively. Data objects are migrated throughout all storage nodes in parallel after 
adding or removing cluster nodes, which will result in a minimum amount of 
replacement of data objects as possible. 
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Fig. 3. (a) The redistribution of data objects after adding three nodes. (b) The redistribution of 
data objects after removing four nodes. 

5.3   Node Weight Adjusting 

We change the original configuration in 5.1 and set the weight of ten nodes as 3, 4, 2, 5, 
4, 6, 8, 9, 1, and 4 respectively. From figure 4 we can observe that as the weight of each 
node changes, the distribution of objects also changes and still abides by the rule that 
the number of objects placed in any node is proportional to its capacity weight. This 
time the difference between the theoretic distribution and simulation result is less than 
0.14%. 
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Fig. 4. The redistribution of data objects after nodes weight adjusting 
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6   Conclusion  

In this paper, we present an efficient data objects placement and location algorithm 
based on hash function and interval mapping method. It supports nodes addition, 
deletion and weight change with low number of objects migrations. We study the 
performance of the EOP algorithm through theoretical analysis and simulation 
experiments. The simulation results indicate that data objects are always distributed 
across the storage nodes according to their capabilities weight with minimal objects 
migration.  

However, after several times update, the subinterval sets must become scattered. We 
need develop a subinterval collation mechanism to improve the efficiency of object 
placement and lookup services. Thus this issue is worth future investigation. 
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Abstract. Separated grid systems are becoming the new information islands 
when more and more grid systems are deployed. Grid interoperation is a direction 
to solve that problem. This paper introduces the implementation of data interop-
eration between ChinaGrid and SRB. The data interoperation between them is  
divided into two parts: data access from SRB to ChinaGrid and from ChinaGrid to 
SRB. Also this paper considers the issues about performance optimization. We get 
a satisfied experiment result through the optimization measures. 

1   Introduction 

Grid technologies [1, 2, 3] enable efficient resource sharing in collaborative distrib-
uted environments. We see hundreds of scientists in areas such as gravitational-wave 
physics [4], high-energy physics [5], astronomy [6] and many others coming together 
and sharing a variety of resources within collaboration in pursuit of common goals. 
These resources are geographically distributed and encompass people, scientific in-
struments, computer and network resources, applications and data. However, the new 
problem is whether grid technologies are the best way to solve those problems. An-
other side of that problem is whether grid technologies are the ultimate way to re-
source and data sharing. Obviously, the answer is negative, although grid computing 
can well solve the problem of resource and data sharing. 

In fact grid computing lacks common standards to unify all the grid platforms and 
grid projects. The details of grid projects are much different although Globus [7, 8] 
may be the de facto standard of grid computing. Most of the grid projects are case-
oriented, which means that it can handle only some applications in limited areas. Then 
the grid projects can be considered as new information islands because most of them 
are not able to communicate with the others. Also there is no collaboration among 
them. So we conclude that grid projects need interoperation. With interoperation, 
users under a grid platform can access resources and data in other grid platforms; and 
also a workflow may communicate with the other one in another grid environment. 
Through interoperation, grid platforms can be unified into a larger grid platform, 
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which arrives at the objective of grid computing, eliminating the information island 
and making all the heterogeneous resources work collaboratively. In this paper, we 
focus on data interoperation in grid environment. 

For data interoperation in grid environment, it is necessary to consider the  
difference of the metadata format, data transfer mechanism, and data management 
mechanism. Fortunately, there are two main trends for data management in grid envi-
ronment, SRB (Storage Resource Broker) [9] and SRM (Storage Resource Manage-
ment) [10]. The project of GIN (Grid Interoperation Now) [13] is proposed at GGF16 
and GIN-Data is a part of that project. GIN-Data divides the grid data management 
into two islands, SRB-island and SRM-island. The first step is to integrate every is-
land each and then it integrates both of them. After that, users can transparently ac-
cess data in different grids, without considering the issues of security, access mode, 
metadata format, and transfer protocol. 

The scenario mentioned above sounds good. Users could use heterogeneous data 
resource under different grid platforms after single login into a grid platform. But the 
problem comes. The largest one is about performance. In multi-grid environment the 
performance of data access may greatly drop, because of the increased network cost 
and additional cost in access operation. The network cost can be decreased by some 
mechanisms in a single grid platform, such as replica, layered data storing strategy. 
But in a multi-grid environment, those mechanisms become complicated. It is difficult 
to unify all those mechanisms. In other words, the mechanism of performance optimi-
zation in a single grid platform should be modified to meet the requirements of multi-
grid environment. Or the traditional performance optimization should work under the 
new optimization mechanism. The other problem is about response time. The cost 
sometimes may be insufferable which largely reduces the data transfer speed. 

This paper introduces how to implement data interoperation between ChinaGrid 
and SRB, which is a part of the project of GIN-data. The SRB supports shared collec-
tions that can be distributed across multiple organizations and heterogeneous storage 
systems. Also SRB provides a hierarchical logical namespace to manage the organiza-
tion of data. Data management is one of the core components in ChinaGrid [14]. It 
manages heterogeneous storage resources and data in grid environment. When a user 
sends a request to data manager for storing a set of data, data manager selects a proper 
storage resource to store the data set and in the meaning while, it also records the 
relevant metadata. When a user wants to fetch a set of data, data manager will find the 
relevant metadata according to the data identifier and return a best replica. 

Although the mechanisms of the two systems are similar, the implementation 
methods are quite different. In order to attain the goal of data interoperation between 
the two grid systems, this paper divides data interoperation into two aspects: one is to 
implement the access from SRB to ChinaGrid; and the other is the issue about the 
access from ChinaGrid to SRB. Both of these two aspects change the two systems as 
little as possible and the end user of the two systems need not change anything about 
the operation custom. 

This paper also considers the issues about performance optimization. As analyzed 
in the above paragraph, too simple implementation may lead disastrous and unaccept-
able results. The reason that causes sharp performance decrease mainly exists in the 
following two aspects: one is the increased network cost; and the other is about the 
additional service cost among different grid systems. This paper solves the perform-
ance problem from above two aspects. 



 Data Interoperation Between ChinaGrid and SRB 233 

The rest of this paper is organized as the following: the next section is about re-
lated work. Section 3 introduces the data interoperation design between SRB and 
ChinaGrid. Section 4 is about the performance optimization. Section 5 is performance 
evaluation. This paper is concluded in section 6. 

2   Related Work 

Grid Interoperability Project (GRIP) [11, 12], funded partly by the European Union 
(EU), is to realize the interoperation of Globus and UNICORE and to work towards 
standards for interoperation in the Global Grid Forum. The objectives of the project 
include: 1) to develop software to facilitate the interoperation of UNICORE and 
Globus combining the unique strength of each system; 2) to build and demonstrate 
bio-molecular and meteorological inter-grid applications; and 3) to contribute and 
influence international grid standards. Together, the three objectives will lead to pro-
liferation of grids, global support for e-Science, faster advances in grid development 
through sharing of solutions, and wider acceptance of grid technology by industry 
based on proven standards. 

GIN-Data [15], part of the GIN project, is exploring interoperability between grid 
data management infrastructures with an initial focus on: 1) point to point movement 
of data between storage in different grids; and 2) usage of managed resources and 
their more sophisticated APIs (e.g. SRM, SRB). GIN-Data divides the grid data man-
agement into two islands, SRB-island and SRM-island. The first step is to integrate 
every island each and then it integrates the two islands. The design principle of data 
management in ChinaGrid is much like that of SRB, so it stands on the island of SRB. 
This paper is about the issues of the design of the data interoperation between SRB 
and data management of ChinaGrid. Also it contains the performance tuning. 

3   Data Interoperation Design 

SRB presents the user with a single file hierarchy for data distributed across multiple 
storage systems. It has features to support the management, collaboration, controlled 
sharing, publication, replication, transfer, and preservation of distributed data.  
ChinaGrid also implements those functions, and the implementation mechanism is 
much like that of SRB. With a set of hierarchical metadata servers, ChinaGrid  
manages metadata for all data stored in ChinaGrid system in a centralized way. The 
structure of ChinaGrid data management is composed by a set of connected metadata 
servers at the top layer, and storage resources at the second layer which stores all the 
data in ChinaGrid. Although the implementation principle is similar, the detail is 
much different. Also it is required that the data interoperation design should not 
change anything about the main part of both SRB and ChinaGrid. 

In order to attain the goal of data interoperation between ChinaGrid and SRB, we 
design the solution from two directions: access from SRB to ChinaGrid and from 
ChinaGrid to SRB. After adding a middle-layer constructer, the goal of transparent 
data interoperation between the two systems attains. The rest of this section describes 
the implement of data interoperation from such two directions. 
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3.1   Data Access from SRB to ChinaGrid 

The function of SRB zone is provided. A single SRB zone can work well in wide area 
network environment, which collects a set of storage resources to establish a larger 
storage system. What’s more, multiple zones can work collaboratively to compose a 
huge storage system. In the multi-zone SRB environment, it can intrinsically make all 
the SRB systems work collaboratively, guaranteeing the SRB software version, file 
transfer protocol, authentication and authorization mechanisms unified. 

The implementation of data access from SRB to ChinaGrid is not as simple as the 
data interoperation among SRB systems, although their design principles are very 
similar. SRB supports many types of storage devices as its resource type, such as 
Linux file system, DB2. For each storage type, it provides a corresponding driver 
which manages real storage device for SRB. Linux file system is one of the supported 
storage resource types in SRB. The data interoperation design with the access from 
SRB to ChinaGrid utilizes that feature. In our design, we implement a special Chi-
naGrid data client, which is in charge of interacting with ChinaGrid server and return-
ing results to SRB users. This special data client is implemented as a Linux kernel 
module, enhancing the VFS with mounting capabilities of ChinaGrid data manage-
ment volume. It can mount data management component of ChinaGrid in Linux file 
system. The implementation is shown in Fig 1. 

Through that we register the data space of ChinaGrid into SRB data space. After 
the operation of mounting, SRB considers this file system as a storage resource and 
registers the relevant metadata into SRB system, which forms a SRB zone. The prob-
lem of interoperation between SRB and ChinaGrid changed to the interoperation 
between one SRB zone and the other. 

In our implementation, we do not change anything about SRB and ChinaGrid. We 
transparently implement the data interoperation with the access direction from SRB to 
ChinaGrid. 

 

Fig. 1. ChinaGrid data space in SRB data space 

3.2   Data Access from ChinaGrid to SRB 

ChinaGrid is WSRF [16] compatible and all the interfaces to outside world are WSRF 
services. There exist three WSRF services for data management component of  
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ChinaGrid, which are UserSpaceService, FileTransferService, and StorageResource-
Service. All the functions provided by ChinaGrid data management are operated 
through them, such as file transfer, file search. SRB provides a Java API, Jargon [18], 
for the access to SRB from outside world. For the access from ChinaGrid to SRB, 
middle-layer software is added into the ChinaGrid software building, where Jargon is 
embedded. There is no change about the main part of ChinaGrid. 
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Fig. 2. Implementation of data interoperation from ChinaGrid to SRB 

Fig. 2 describes how to implement the data interoperation for the access from Chi-
naGrid to SRB. The components of ChinaGrid data management is at the bottom of 
Fig. 2, including metadata servers and the storage resource pool. At the top of Fig. 2, 
the data client for end users accesses data resource in ChinaGrid. The middle layer of 
the software building is the added component which formerly does not exist in Chi-
naGrid software building. Three new WSRF services are in the adding layer. The 
functions of the new services are literally like that of ChinaGrid data management 
interface services. The Jargon APIs of SRB are embedded in the new three services. 

Access to ChinaGrid is forwarded to the lower layer services, and access to SRB is 
performed through the Jargon APIs. So the new services can also handle the requests 
both to ChinaGrid and SRB, and they take over the task of the services in the bottom 
layer actually. Before the system initialized, the system registers the SRB data space 
into ChinaGrid data space. For example, a new subdirectory is added in the root of the 
data space, which is named with SRBDataSpace, as shown in Fig 3. So the view of 
SRB data space can be seen in ChinaGrid data space. 

All the access requests from clients firstly arrive at the Matching Module at the top 
of the middle-layer, with the responsibility of judging which system the request ac-
cesses. The mechanism the matching module forwarding the request to which system 
is as the following: if it requests the data in the SRBDataSpace directory, it will ac-
cess the SRB system; otherwise it will access data in ChinaGrid system. If it accesses 
ChinaGrid, the corresponding service of ChinaGrid data management is called; and if 
it is to SRB, the corresponding service in the middle-layer calls the Jargon API em-
bedded in the middle-layer services which accesses SRB system and return the corre-
sponding information. The middle layer attains the goal of data interoperation from 
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ChinaGrid to SRB. In order to synchronize the SRB data space in ChinaGrid, com-
parison may be performed periodically between the metadata of SRB data space in 
ChinaGrid and SRB. If they are different, new metadata will be registered into Chi-
naGrid. There is no modification in ChinaGrid and SRB, also the data space of the 
two systems are unified in ChinaGrid data space through the above methods. 
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Fig. 3. SRB data space in ChinaGrid data space 

4   Performance Optimization Issues 

As analyzed in the first section, the performance of data interoperation between  
ChinaGrid and SRB will be sharply decreased according to the methods in the above 
section. The reasons which cause the performance decrease mainly exist at the follow-
ing two aspects: one is the additional WSRF service cost; and the other is about the 
larger network cost than that in a single system. In this section, we propose two strate-
gies to improve the performance about such two aspects respectively. 

4.1   Service Cost Decrease 

To reduce the service cost will decrease the response time. There are two types of 
operations in data interoperation, which are data operation and metadata operation. 
Both operations are accomplished through WRSF service, but the service cost has 
different effect on them. For data operation, data transfer is involved, so the service 
cost is much smaller than that of operation cost. For that reason, our strategy does not 
consider the type of data operation. For metadata operation, it is intolerant if the ser-
vice cost is too large, because the cost of metadata operation is small and the service 
cost becomes the main part of the total cost. 

In order to decrease the service cost, some static service instances are initialized 
before the system starts. The service initialization is the main cost of the entire service 
cost, so the initialized instances can decrease the total cost. Each instance can only 
handle one request at one time, and it may become the bottleneck if there are no 
enough service instances. 

We consider the data interoperation system as a queuing system, where the server 
in the queuing system is the static service instance and the request from foreign sys-
tem is the customer. Suppose that the request arrival ratio is λ in the time interval TM 

= [T-t, T], which means that the number of request arriving at the system is λ per 
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second during TM. The total cost of the operation, Tq, is divided into two parts: one is 
service time, represented as Ts, and the other is waiting time, represented as Tw. The 
total cost, represented as Tq, is the sum of Ts and Tw: Tq = Ts + Tw. 

The service time is the cost the static instance spending to accomplish requested 
function. Given a value of λ, the service time, Ts is determined in the system for the 
type of metadata operation. The request may have to wait until one of the instances is 
idle. Tw refers to that duration. However, if the static instance, or the server in the 
queuing system, is not enough, Tw increases. That also makes Tq increases. In our 
design, the number of service instance, N, is a dynamic value. N changes according to 
the value of λ. 

With a given N, the server utilization ratio, ρ, can be represented in formula 1 [17]. 
The server utilization ratio, ρ, describes the server’s busy rate. We make a threshold 
for ρ, which is 70%, by default. In the following section, it gives the reason why we 
choose that value as the default threshold. When the value of ρ is larger than 70%, the 
number of service instance, N, is also increased. That operation decreases the value of 
ρ and makes it smaller than 70%. Through dynamically adjusting the number of static 
server instance, system can effectively decreases the waiting time, Tw. That also 
makes the total cost, Tq, decreases. 

       ρ =λTs/N     (1) 

4.2   Caching of Frequently Used Data 

The second performance optimization aspect of grid data interoperation is to reduce 
the impact caused by the increase of logic instance between the two systems. The 
performance optimization design about this aspect aims at improving the data transfer 
speed between two grid systems. The main idea of the optimization design is to cache 
frequently used data in the system. In other words, if a data is frequently used by 
foreign grid system, it will be cached in the foreign grid system so that it may be not 
accessed through a long logic distance. In this paper, we use the PQ algorithm [19] to 
determine when to cache data stored in foreign grid system. Response time (Tresp) is 
the sum of service time (Ts), waiting time (Tw), and communication cost (Tc), that is 
Tresp= Ts+ Tw+ Tc. The response time threshold Tthreshold and two parameter P and  
Q (Q>P) are set, which control the degree of aggressiveness of cache. The process of 
cache creation takes the following steps: 

(1) if Tresp <Tthreshold, aborting cache creation, else go to (2); 

(2) ∀ t P∈ , if Tresp >Tthreshold and 
dt

dTresp
 > 0, go to (4), else go to (3); 

(3) ∀ t Q∈ , if Tresp>Tthreshold, then go to (4), else aborting cache creation; 

(4) Caching the data from foreign grid system. 

For the process of cache deletion, ∀ t P∈ , such that Tresp <Tthreshold and 

0<
dt

dTresp
, then the cache is to be deleted. 
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5   Experiments 

The experiment environment includes two grid systems: one is ChinaGrid system, 
located at Tsinghua University, Beijing, China; and the other is SRB system, located 
at Huazhong University of Science and Technology, located at Wuhan, China. Two 
aspects of data interoperation are made: comparison of response time, and perform-
ance comparison of data transfer. 

5.1   Comparison of Response Time 

In this subsection, we compare the response time with different server utilization 
ratio, which are 0.6, 0.7, and 0.8, under different arrival rate, λ, which is from 1 to 
128. As ρ increases, the total cost, Tq, also goes up. Fig. 4 shows the result of the 
comparison. As shown in the Fig.4, the difference of Tq is not very large with a small 
arrival rate. The total cost keeps on increasing with the increase of λ. The gap between 
ρ=0.8 and ρ=0.7 is much larger than that between ρ=0.7 and ρ=0.6 when λ arrives at a 
relative large value. The result shows that it may waste system resource when the 
value of ρ is smaller than 0.6. It may lead system busy when the value of ρ is larger 
than 0.8. So 0.7 may be the proper value for ρ. 

 

Fig. 4. Comparison of response time between different server utilization ratios 

After choosing 0.7 as the default value for the threshold of ρ, we compare it with 
direct access. The metric of the comparison is response time and we get different 
response time under different arrival rate, which is from 1 to 128. The result is shown 
in Fig. 5, which indicates that the average response time of optimized methods with 
ρ=0.7 is 47% faster than direct access. 
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Fig. 5. Comparison of response time between direct access and ρ=0.7 

5.2   Performance Comparison of Data Transfer 

This subsection compares the cost of data operation when accessing a given piece of 
data between directly access and access with cache, where the P/Q ratio is 0.25. We 
randomly select a file, with the size of 10MB. The selected file is stored in ChinaGrid 
located at Tsinghua University, Beijing. We access the file through SRB system  
located at Huazhong University of Science and Technology, Wuhan. Through the 
interoperation, we access the file in ChinaGrid system under SRB. Here the cost for 
data transfer occupies a large part of the total cost and the service cost is just a tiny 
part. The result is shown in Fig. 6. 

 

Fig. 6. Comparison of data transfer cost between direct access and access with cache 

From it we can see that the file transfer time for directly accessing a remote file is 
stable, but the cost is expensive. However, to access a remote file with cache, the cost 
is also expensive at the beginning. However, as time goes on, the cost decreases. This 
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is because system caches the file in local storage resource. That can largely decrease 
the access cost. The similar result is shown in Fig. 7, where it compares the average 
data access time between direct access and access with cache with different data size. 

 

Fig. 7. Comparison of data transfer cost with different data size 

6   Conclusion 

This paper presents the grid data interoperation between ChinaGrid and SRB. It intro-
duces how to implement transparent data access from ChinaGrid to SRB and from 
SRB to ChinaGrid, which attains the goal of grid data interoperation between those 
two grid systems. Performance may be the largest problem in grid data interoperation, 
and two main reasons leading the performance decrease are expensive service cost 
and increased logical instance. Two optimization strategies are proposed in order to 
resolve those two problems. From the experiment it is shown that we get a good result 
through the strategies of performance optimization. 

In our future work, we will work on dynamic adjustment of P/Q ratio, which 
makes the cache algorithm more efficient both in response time and storage cost. We 
will work on how to operate the data interoperation between SRB-island and SRM-
island. The ultimate goal is to propose the unified data operation protocol for grid 
computing. 
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Abstract. The co-allocation architecture was developed to enable the parallel 
download of datasets/servers from selected replica servers, and the bandwidth 
performance is the main factor that affects the internet transfer between the 
client and the server. Therefore, it is important to reduce the difference of 
finished time among replica servers, and manage changeful network 
performance during the term of transferring as well. In this paper, we proposed 
an Anticipative Recursively-Adjusting Co-Allocation scheme, to adjust the 
workload of each selected replica server, which handles unwarned variant 
network performances of the selected replica servers. The algorithm is based on 
the previous finished rate of assigned transfer size, to anticipate that bandwidth 
status on next section for adjusting the workload, and further, to reduce file 
transfer time in a grid environment. Our approach is usefully in unstable gird 
environment, which reduces the wasted idle time for waiting the slowest server 
and decreases file transfer completion time. 

1   Introduction 

Heretofore, Grid research was mainly focused on the coordination of geographically 
distributed compute resources for high performance. Presently, the requests of 
collaborating and sharing huge amounts of widely distributed data are as important  
as sharing high-performance computes resources [1, 5, 6, 7, 8, 9, 12, 13, 14, 15,  
16, 24, 25]. For the purpose of manipulating huge amount of data, which is depended 
on data file management systems to replicate files, manage files transfer and access 
distributed data. The Data Grid infrastructure integrates data storage devices and data 
management services into the grid environment, which consists of scattered 
computing and storage resources, perhaps located in different countries/regions that 
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obtainable to users [8]. In Data Grid environment, large data sets are replicated and 
distributed to multiple datasets/servers. Since datasets/servers are significantly large 
in size, it leads to the problem of access efficiency. 

Replicating popular content in distributing datasets/servers is widely used in 
practice [10, 12, 13]. Recently, in large-scale, data-sharing scientific communities 
such as [1, 5] also use the technology to replicate their large datasets over several 
sites. Downloading large datasets from any replica locations may result in varied 
performance rates because different replica sites may have different architectures, 
system load, and network connectivity. The quality of bandwidth is the most 
important factor that affects the internet transfer between a client and a server. The 
downloading speed is limited by the bandwidth traffic congestion in connecting the 
server and the client. 

One of the methods uses replica selection techniques to determine the best replica 
location for improving the downloading speed [13]. This way of downloading 
datasets from single best server often results in ordinary transfer rates, because of the 
quality of bandwidth vary unpredictably from the shared nature of internet. Another 
way uses co-allocation [12] technology to download data. The co-allocation 
architecture was developed to enable the client to download data from multiple 
locations by establishing multiple connections in parallel. Therefore, it can improve 
the performance compared to the single server case and alleviates the internet 
congestion problem [12]. 

In previous work [2, 12], several co-allocation strategies are provided. There still 
exists a drawback of idle time: faster servers must wait for the slowest server to 
deliver the final block. In [2], may consume the network performance to transfer the 
same block repeatedly. Hence, it is important to reduce the difference of finished time 
between each selected replica server, and avert the bandwidth traffic congestion from 
transfer the same block in the link among the servers and the client. 

In this paper, based on the architecture for co-allocation files transfer in Grid 
environment, we propose a dynamic co-allocation scheme, called Anticipative 
Recursively-Adjusting Co-Allocation. The algorithm adjusts continuously the 
workload of each selected replica server, which depends on the previous assigned 
transfer size finished rate, and further, to anticipate the bandwidth status on next 
section to adjust the workload. The method reduces the total idle time on awaiting the 
slowest server, simultaneously; improves the performance on file transfer. Our results 
demonstrate that the approach is superior to the previous methods. 

In the rest part of this paper, we discuss about related work in Section 2. In  
section 3, we introduce the co-allocation architecture, and propose our approach in 
Section 4. Furthermore, we analyze the performances in Section 5. Finally, the 
conclusion is stated in Section 6. 

2   Related Work 

The co-allocation architecture is able to allow the client to download data from 
multiple locations in parallel through establishing multiple connections. Thus, it can 
improve the transference performance and alleviates the internet congestion problem. 
From the previous work, several co-allocation strategies have been presented. 
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We describe related work in the following, such as Multi-Source Data Transfer 
(MSDT) algorithm has been provided in [17] that proposes an efficient data 
replication algorithm for multi-source data transfer, whereby a data replica can be 
assembled in parallel from multiple distributed data sources and adapted to the 
variability of network bandwidths. 

Tuned Conservative Scheduling technique in [25] is used to predict means and 
variances for network performance to make a decision of data selection. This 
stochastic scheduling technique adjusts the amount of data fetched on a link, which is 
related to the link performance and the expected variance in that performance. 

In [12], the authors propose co-allocation architecture for co-allocating Grid data 
transfer across multiple connections by exploiting the partial copy feature of 
GridFTP. Some strategies have been supplied by author, such as Brute-Force, 
History-base and two Dynamic Load balancing techniques, conservative and 
aggressive for allocating data block. 

• Brute-Force Co-Allocation: It works by dividing the file size equally among 
available flows. It does not address the bandwidth differences among the various 
client-server links. 

• History-based Co-Allocation: The scheme keeps block sizes per flow proportional 
to predict transfer rates. 

• Conservative Load Balancing: It divides requested datasets into k disjoint blocks of 
equal size. Available servers are allocated single blocks to deliver in parallel. The 
server is assigned to work in sequential one after another, until the requested files 
are downloaded completely. The loadings on the co-allocated flows are 
automatically adjusted because the faster servers will deliver larger portions of the 
file quickly. 

• Aggressive Load Balancing: It adds functions that change block size deliveries by: 

1.  gradually increasing the amounts of data requested from faster servers, and 
2. reducing the amounts of data requested from slower servers or stopping to 

request data from them altogether. 

The co-allocation strategies described above do not handle the shortcoming of 
faster servers having to wait for the slowest server to deliver its final block. In most 
cases, this wastes much time and decreases overall performance. The technique in [2] 
is to bring up Dynamic Co-allocation Scheme with Duplicate Assignments (DCDA). It 
neither uses predictions nor heuristics, instead of dynamically co-allocate with 
duplication assignments and coping up nicely with the changing speed performance of 
the servers. 

The scheme develops an algorithm using circular queue, let D be the dataset, k be 
the number of blocks of a dataset of fixed block size, D is divided into k disjoint 
blocks of equal size and the every available server is assigned to deliver in parallel, 
when the requested block is received from a server, one of the unassigned blocks will 
be assigned to the server. Co-allocator repeats this process until all the blocks of a 
dataset are assigned. The schemes tackle even when the link to servers under 
consideration is broken or becomes idle. 

The Dynamic Co-allocation Scheme with Duplicate Assignments (DCDA) has the 
fault in consume the network performance to transfer the same block repeatedly. This 
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wastes much network performance, and easy to cause the bandwidth traffic jam in the 
link the server and client. 

In our previous work [3, 18, 19, 20, 21, 22, 23, 24], we discuss a dynamic  
co-allocation scheme, namely Recursively-Adjusting Co-Allocation scheme, to 
improve the performance of file transfer in Data Grids. Our approach can reduce the 
idle time spent waiting for the slowest server and decreases file transfer completion 
time. Also, it provides an effective scheme for reducing the cost of reassembling data 
blocks. Considering the potential effect of servers broken/idle status during the 
transfer, we propose an efficient approach called Anticipative Recursively-Adjusting 
Co-Allocation extended from Recursively-Adjusting Co-Allocation scheme [20]. 

It provides to control of variant network performances of the selected replica 
servers, which is according to the previous assigned transfer size finished rate, to 
anticipate the bandwidth status on next section for adjust the workload on next section 
of each selected replica server. As the result, it improves overall transfer performance 
by the method of Anticipative Recursively-Adjusting Co-Allocation that can monitors 
the network performances of the selected replica servers, then continuous adjusting 
the workload of each selected replica server, and reduces wasted idle time for waiting 
the slowest server, and decreases file transfer completion time. 

3   Co-allocation Architecture 

In this study we used the grid middleware Globus Toolkit [11] as the data grid 
infrastructure. The Globus Toolkit provides solutions for such considerations as 
security, resource management, data management, and information services. One of 
its primary components is MDS [6, 9, 11, 22], which is designed to offer a standard 
mechanism for discovering and publishing resource status and configuration 
information. It supplies a uniform and flexible interface for data collected by lower-
level information providers in two modes: static (e.g., OS, CPU types, and system 
architectures) and dynamic data (e.g., disk availability, memory availability, and 
loading). 

In this research, we use GridFTP [1, 9, 11] to enable parallel file transfers. 
GridFTP is a high-performance, secure, reliable data transfer protocol optimized for 
high-bandwidth wide-area networks. Among its many features are security, parallel 
streams, partial file transfers, third-party transfers, and reusable data channels. Its 
partial file transfer ability allows files to be retrieved from data datasets/servers by 
specifying the start and end offsets of file sections. 

As datasets are replicated within Grid environments for reliability and 
performance, clients require the abilities to discover existing data replicas, and create 
and register new replicas. A Replica Location Service (RLS) [4] provides a 
mechanism for discovering and registering existing replicas. Several prediction 
metrics have been developed to help replica selection. For instance, Vazhkudai and 
Schopf [14, 15, 16] used past file transfer histories to estimate current file transfer 
throughputs. In our previous work [19, 20], we proposed a replica selection cost 
model and a replica selection service to perform replica selection. Figure 1 shows the 
co-allocation of Grid file transfers [12], which extends from the basic template for 
resource management [7] provided by Globus Toolkit. 
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Fig. 1. Co-Allocation architecture in data grid 

The co-allocation of Grid file transfers [12], which extends from the basic template 
for resource management [7] provided by Globus Toolkit. The architecture comprises 
of three main components: an information service, broker/co-allocator, and local 
storage systems. An application specifies the characteristics of the desired data and 
passes this attribute description to a broker. The broker queries the available resource 
and the replica locations from information services [6] and replica management 
services [11]. Then it gets a list of physical locations for the desired files. In our work, 
we pass the candidate replica locations to a replica selection service [11] which we 
develop in the previous work [5]. Our replica selection service provides estimates of 
candidate transfer performance based on our cost model and chooses the appropriate 
amounts of a better location. Then the co-allocator downloads the data in parallel 
from these selected replica servers. 

4   Our Approach 

4.1   Assumptions 

We outline the assumptions for our system design model and list as following: 

1. Replica selection server provides the better replica datasets/servers list to transfer 
the data file. Once some of the selected replica datasets/servers are taken, they 
enable to access during the co-allocator downloads the data in parallel. 

2. The non-selected replica candidate servers are permitted to use when the  
co-allocator needs transmission. 
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3. The process is not obvious in the experiment of performing the co-allocation 
algorithm (the operation time).  

4. The time in transferring processes of stopping or assigning to the selected replica 
server is negligible.  

4.2   Anticipative Recursively-Adjusting Scheme 

Anticipative Recursive-Adjustment Co-Allocation by means of continuous adjusting 
the workload of each selected replica server, which measures the actual bandwidth 
performance during the term of transferring data file, and according to the previous 
assigned transfer size finished rate anticipates bandwidth status at next transfer 
section, to regulate the workload on next section. 

The basic idea is to assign less data on selected replica server with performance of 
a greater variability network link. In other words, for a link with more variable 
bandwidth, effective bandwidth will be smaller, and the finished rate of the previous 
assigned transfer size would be smaller as well. The goal is to make the expected 
finished time of each server to be the same. Our approach provides nicely tactics, 
even when the link to selected replica servers is broken or become idleness. Besides, 
it reduces the wasted idle time for waiting the slowest server finished the transfer job. 

As an appropriate file section is selected, first step divides it into proper block sizes 
according to the respective server bandwidths and the previous assigned file size to 
transfer finished rate. Initially, the finished rate is set 1. Next, the co-allocator assigns 
the blocks to selected replica servers for transfer. At this moment, it is expected that 
the transfer finished time will be consistent with E(t1). However, server bandwidths 
may fluctuate during segment deliveries, actual completion time may be dissimilar to 
expected time E(t1) (solid line, in Figures 2 and 3). Once the quickest server finishes 
its work at time t1, the next step is to measure the size of unfinished transfer blocks 
(italic block, in Figures 2 and 3) to infer the finished rate. 

There were two kinds of statuses, one is the quickest server finished time t1 that is 
greater than or equal to expected time E(t1). We could calculate the different 
transferred size between expected time and actual completion time (italic block in 
Figure 2). The other status is the quickest server finished time t1 less than expected 
time E(t1). We would reckon up the block size which did not transferred between the 
earliest and the expected time (italic block in Figure 3). 

In status one, the performance of the network link was non-changed or had been 
poorer during transferring term, so that we measured the difference in transferred size 
between expected and actual completion time. 

In status two, the quickest server finished time t1 is faster than expected time E(t1). 
It is likely on account of the excessively pessimistic anticipated the network 
performance, or the replica server network links in performance had become better in 
the course of transfer. After that, we gauged the non-transferred size between the 
earliest time and the expected time. If we anticipated the network performance that is 
pessimistic excessively in the previous transferred time, it was adjusted in the next 
section. 
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The next section is to assign proper block sizes to the servers along with respective 
bandwidths and the previous finished rate. It allows each server to finish its assigned 
workload by the expected time at E(t2). These adjustments are repeated until the entire 
file transfer finished. 

File A Section 1

Round 1 Round 2
EE tt t
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Server 2

Server 1

Server 3

(( )) 21 1
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Fig. 2. The adjustment process(later than 
expected time) 

Fig. 3. The adjustment process(earlier than 
expected time) 

When user asked and downloaded the file A in the Data Grid environment, the 
replica selection server will respond with the subset of all available servers defined by 
the maximum performance datasets/servers. The datasets/servers are for the  
co-allocator selected to transfer the file, and then start to transfer the target file from 
some selected replica datasets/servers. 

Assuming n replica servers are selected, Si denotes server i such that 1≦i≦n. A 
connection for file downloading is then built to each server. The Anticipative 
Recursively-Adjusting Co-Allocation process is shown as follows. A new section of a 
file to be allocated is first defined. The section size, 

)10()( <<×+= ααFileSizeUnfinishedTotalFileSizeUnassignedSEj  (1) 

Where SEj denotes the section j such that 1≦j≦k, assuming we allocate k times 
for the download process, and there are k sections, while Tj denotes the time section j 
allocated. UnassignedFileSize is the portion of file A not yet distributed for 
downloading; initially, UnassignedFileSize is equal to the total size of file A, and 
Total UnfinishedFileSize is equal to zero in first round. α is the rate that determines 
how much of the section remains to be assigned. 

In the next step, SEj is divided into several blocks and assigned to n servers. Each 
server has a real-time transfer rate to the selected replica server of Bji. rj-1 denotes the 
server transfer finished rate of previous assigned file size to deliver, which the initial 
value is 1. The block size per flow from SEj for each server i at time Tj is Sji: 
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This fulfills our requirement to minimize the time which faster servers must wait 
for the slowest server to finish. In some cases, network variations greatly degrade 
transfer rates, a faster channel finishes its assigned data blocks at real finished time 
RTji may later or earlier than expected time ETji, TSji denotes the actually transfer size 
at the real finished time RTji is: 

RTjiBjiTSji ×=  (5) 

Sji
TSjirji =

 
(6) 

If the first finished time of RTji is earlier than expected time ETji, the reason may 
be the excessively pessimistic anticipated the network performance, or the network 
links in performance had become better in the course of transfer. We have compared 
with the block size transferred between the earliest time and the expected time of each 
selected server. If the transferred size TSji is greater than expected size Sji at first 
finished time, the rji is tantamount to 1; else the first finished time of RTji may be the 
network link in performance that was non-changed or had been poorer during 
transferring term. 
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Then the co-allocator measures the bandwidth performance of each server, and 
anticipates bandwidth status at next transfer section for adjusting the workflow at next 
session; at the same time, it eliminates the unfinishedfilesize at the servers in advance. 
The unfinishedfilesize will be summed up and assigned to the next section. After 
allocation, all selected replica servers still continue to transfer data blocks. When a 
faster selected replica server finishes its assigned data blocks, the co-allocator begins 
allocating an unassigned section of file A again. The process of allocating data blocks 
is continued to adjust workflow until the entire file has been allocated. 

4.3   Algorithm 

We list the algorithm in the following: 

[Initialization] 
Define new section to be allocated  

SEj = (UnassignedFileSize + Total UnfinishedFileSize) ×α (0<α<1) 

[Allocation of blocks to the selected servers] 
Loop when (The UnassignedFileSize and Total UnfinishedFileSize are greater then zero)  
{ 

If (The UnassignedFileSize and Total UnfinishedFileSize are greater then Total Enabled 
Transfer Bandwidth) then 

{ 
Define new section to be allocated  

SEj = (UnassignedFileSize + Total UnfinishedFileSize)×α (0<α<1) 

} 
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Else 
{ 

Define final section 
SEj = the UnassignedFileSize + Total UnfinishedFileSize 

} 
Step 1.Define new section to be allocated SEj 
Step 2 Monitor every selection replica server 
Step 3 Allocate blocks to each selected replica server,  

 According to the Bandwidth of the selected replica server Bji, and the Previous 
Finished Rate rj-1 of the selected replica server (Initial r0 = 1) 

Step 4 Monitor each download flow  
 When (the fastest flow finishes its assigned data blocks) then 
 { 
      If (the first finished time of RTji is earlier than the expected time ETji and 
            the transferred size TSji is greater than the expected size Sji) then  
      {the rji = 1;} 
      Else 
      {Measure the finished rate of the previous assigned file size to deliver (0≤rji ≤ 1)} 
 } 
} End Loop; 

5   Experimental Results and Analyses 

In this section we discuss the performance of our Anticipative Recursive-Adjustment 
Co-Allocation. We evaluate different co-allocation schemes: (1) Brute-Force (Brute), 
(2) History-based (History), (3) Conservative Load Balancing (Conservative), (4) 
Dynamic Co-allocation Scheme with Duplicate Assignments (DCDA) and (5) 
Anticipative Recursively-Adjusting Co-Allocation (Anticipative). After that, we 
analyze the performance of each scheme by comparing their finished transfer time 
that faster servers awaiting slower servers to finish delivering the last block. We 
defined α to 0.5 and used different file sizes as 500MB, 1GB, 1.5GB, and 2GB. For 
an objective comparison, we used equal block numbers (the number of blocks is 10) 
above to calculate the performance of each size when using the Conservative Load 
Balancing and Dynamic Co-allocation Scheme with Duplicate Assignments. In  

In the example, we assume the client can fetch a file from four selected replica 
servers which the network link performances had broken or become idleness. The 
network status has shown in Figure 4. We used the same condition for this example. 
In Figure 5, we show the completion time of each scheme that transfers different file 
size. And in Figure 6, we evaluate the total waiting idle time based on various file 
sizes which the network link performances had broken or become idleness. When the 
Network link performances had broken or become idleness, it would take more idle 
time. By contrast, there were almost no wasted time to wait for broken or idle servers 
in the (DCDA) and (Anticipative). Perceptibly, it shows that our approach improves 
the performance efficiently compared with the other schemes. 
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Fig. 4. The network variation (which had broken or become idleness) between client and 
servers 

 

Fig. 5. Completion time of different methods which are the network link performance had 
broken or idled 

 

Fig. 6. Idle waiting time of different methods which are the network link performance had 
broken or idled 
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6   Conclusion 

In this research, the Anticipative Recursively-Adjusting Co-Allocation scheme is 
proposed to improve the file transfer performances on the co-allocation architecture in 
[14]. In our approach, we continuously adjust the workload of each selected replica 
server in process of file transfer. The algorithm is according to the previous assigned 
transfer size finished rate, and anticipates that bandwidth status adjust the workload 
on the next section. The goal is to reduce the total idle time on awaiting the slowest 
server, after that improve the performance on file transfer. The experimental results 
show the effectiveness of our new technique in improving the transfer time and 
reduce the total idle time in awaiting the slowest server even when the link to servers 
are broken or become idle. 
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Abstract. In this paper, we introduce a strongly strategy-proof combinatorial 
auction-based grid resource allocation system, called PheonixMarket. The key 
advantages of PheonixMarket are that it makes the scheduling with the 
time-varying job value information; guarantees the combinatorial allocation of 
heterogeneous resources, incents users to reveal true value information of their 
jobs, encourages users to contribute their redundant resources and avoids 
exceeding resource use by the baleful users. In the performance experiments, the 
economic efficiency of PheonixMarket is analyzed. We then measure the price 
sensitivity of PheonixMarket and make the load balance experiment based on its 
price ‘signal’. Finally, the issue of taking the funding as a form of priority is 
measured in the experiments. 

Keywords: Grid, Resource allocation, Combinatorial Auction, Accounting. 

1   Introduction 

A key advantage of the grid is its ability to pool together shared computational 
resources, data storage and computer networks among communities distributed across 
the world known as virtual organizations [1]. The key challenges for resource 
allocation in grids are the strategic users who have diverse jobs and objectives, and try 
to maximize their own interest; and the heterogeneous resources, which are physically 
and administratively distributed [1, 2]. In grids, diverse jobs have different and 
time-varying values to their users. For example, a typical pharmacy company has jobs, 
such as the medical ingredient calculation, image simulations, history data statistic, etc. 
Some of these are critical to the business and some provide benefits, but are not critical. 
The medical ingredient calculation may benefit the company more, if it starts sooner. 
However, the job value information isn’t typically known a priori. Traditional resource 
allocation scheme fails in such environment since it either treats all job values as the 
same or cannot prevent strategic users from overprizing their jobs, when the contention 
for resources increases [3]. On the other hand, incentive policies are lacking in the 
traditional resource allocation to encourage the reluctant organizations to contribute 
their surplus resources in grids [2,3]. 
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The approach taken here is to incorporate economic mechanisms into the resource 
allocation system. They are better than the traditional resource allocation schemes 
because they are decentralized in structure, motivate users to reveal the true job value, 
promote the contribution of surplus resources, and meet the multiple objectives of end 
users by optimizing the aggregated user job value [1, 2].  

Several economic-based resource management systems, such as Contract/Net, Spawn, 
Nimrod-G, G-Commerce, Popcon and etc, [3,4, 5, 6, 7, 8, 9, 10, 11, 12,18] have provided 
the effectiveness of economic-based mechanisms in the resource allocation. Due to the 
limitation of the space, details will not be described. In this paper, we focus on both issues 
of the combinatorial allocation of heterogeneous resources and incentive for users to 
reveal the true job value, (that is, in economic terms, strongly strategy-proofness) in an 
economic-based grid resource allocation system. We consider these two issues as the 
preconditions of the allocation efficiency in the economic manner since strategic users 
have multiple resource demand and will maximize their profits in their own interests. 
Previous works mainly focus the strategy-proofness study on the homogenous resource 
allocation [11, 12, 13, 14, 19, 20]. The past research on the combinatorial allocation 
mainly focuses on the expression of resource preference with the static job value 
information and tries to find the approximate optimization [10, 11, 15, 16, 17]. 

This paper presents the PhoenixMarket, a market-based resource allocation system 
for grids. PhoenixMarket can support users to express the time-varying job value 
information on submitting the requirement for multiple heterogeneous resources, 
incent users to reveal the true job value information and encourage users to provide 
their surplus resources.  

Contributions of PheonixMarket are the followings: 

 Propose a resource bidding model with the expression of job value function. With 
this model, the time-varying job value information can be scheduling-aware, which 
improves the scheduling efficiency. 

 Present a combinatorial auction-based resource scheduling strategy, called 
HtRAA (Heterogeneous Resource Aggregating Allocation). We prove that HtRAA is 
strongly strategy-proof, that is, revealing the true job value is the only dominant 
strategy of HtRAA, which guarantees the economic efficiency of the resource 
scheduling. Experiment results show that HtRAA achieves higher economic efficiency 
than the introduced strategy-proof economic mechanisms in the previous grid resource 
scheduling systems.  

 Propose the close-looped virtual currency use mode and the LOPI (Limited 
Output Periodic Input) funding and accounting model. The close-looped use of virtual 
currency encourages users to contribute their surplus resources. The funding can be 
taken as a form of priority and help the system to control the resource sharing among 
users. The LOPI funding and accounting model prevents the baleful and exceeding 
resource use happened in the traditional peer-to-peer system.  

The paper is structured as follows. Section 2 presents the related work. Section 3 
gives out the architecture of PhoenixMarket, In section 4 to section 6, the new resource 
requirement model, the HtRAA scheduling strategy and the virtual currency and the 
LOPI funding and accounting model are discussed in detail. Section 7 presents the 
experiment and analysis. In section 8, we draw conclusions and present future research 
directions. 
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2   The Overview of PheonixMarket  

Figure 1 demonstrates the overview of the architecture of PheonixMarket. The main 
participants in PheonixMarket are: User agents (UA), Grid Resource Allocation Center 
(GRAC) and Grid Resource Provider Agent (GRPA). 

User Agent (UA): Each grid user has a User Agent. The User Agent is responsible for 
resource and account information query (by resource & account discovery agent), 
including the resource information, the history prices of resources and the user account 
information, submitting the resource bidding information to the Market Center(by 
bidding agent), and job creation, submission and monitoring (by job management 
agent). 

Grid Resource Provider Agent (GRPA): Each grid resource provider has a Grid 
Resource Provider Agent. The Grid Resource Provider Agent is responsible for posting 
the GSP’s characteristics, including the dynamic and static resource information, on the 
Resource Information Center (by resource posting agent), executing and monitoring 
jobs from user agents (by local resource scheduler).  

Grid Resource Allocation Center (GRAC): GRAC is the essential part of 
PheonixMarket. It is responsible for collecting and providing the resource information 
(by resource information center), market-based resource scheduling (by market 
center), funding and charging the users for services (by account center).  

Fig. 1. The overview of the architecture of PheonixMarket 

Compared to the traditional grid resource allocation systems, the key issues of a 
market-based resource allocation system are: 
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 How to support users to bid resource (bidding agent).  
 How to design the scheduling strategy based on the efficient market 

mechanism (market center). 
 How to design the resource funding and accounting policy (account center).  

3   Resource Bidding Model in PheonixMarket 

3.1   The Time-Dependent Job Value  

All users have some notion of value when running jobs on a grid. In a market-based 
system, such value can be measured with the currency. The job value expresses the 
importance of a job, and it is time-dependent. The value has both a magnitude, which 
expresses the importance, and a rate of delay, which reflects users’ sensitivity to delay. 
Thus the job value in grids can be defined as following: 

V = v (I, t) (1) 

I: the original importance of the job 
t: times that a job has been scheduled in the queue 

In a market-based system, such value can be viewed as the valuation of resources 
being contented for. Thus, in grid systems, the resource bidding model needs to 
express both the original magnitude and the delay rate of a job values, so that the 
scheduler can resort the job queue and guarantee the higher-valued job to be 
scheduled in priority.  

3.2   The Resource Bidding Model in PhoenixMarket 

With the consideration of the time-varying job value, the resource bidding model in 
PhoenixMarket is constructed as follows: 

b =( {r1, r2, ,rm}, {q1, q2, , qm}, I, td, {(ts1, vu1(t)), ( ts2 , 
v2(t)), ,(tsn,vn(t)) }) 

Where we define the variables as follows:
R = {R1, R2, , Rn}, the global resources set;
td is the deadline of the job; I is the original value of the job;
For each ri in {r1, r2, ,rm}, ri R;
For each qi in {q1, q2, , qm}, qi 1, is the total number of resource ri required;
for each (tsi, vj(t)) in {(ts1, v1(t)), ( ts2 , v2(t)), ,(tsn, vn(t)) }, indicates the

time-varying job value information in the time interval [tsi, tsi+1]. vi(t) is the job value
function. The maximal of tsi+1 will be td.  

However, due to the diversity of the job value function (vi(t)), PheonixMarket 
provides an additional module to support users to transform the value function into a 
Taylor polynomial. With the Taylor polynomial, users can transform their job value 
functions with the desired precisions, and thus the grammar of the job value 
information surmounts the impediment of the unexpectedly diverse expression of the 
job valuation function.  
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4   HtRAA –– The Scheduling Strategy in PheonixMarket 

In this section, we discuss features that the market-based resource scheduling strategy 
need to be endowed according to the characteristic of resources and jobs in grids and 
then present the scheduling strategy based on a strongly strategy-proof combinatorial 
auction.  

4.1   Features of a Market-Based Resource Scheduling Strategy  

Ian Foster summary the characteristic of grids [1]: physically and administratively 
distributed, dynamic and heterogeneous. We argue that jobs in grids have the following 
characteristics: 

 The incomplete job value information. This is due to that users in grids are 
strategic and come from different virtual organizations.  

 The time-dependent job value information. This is discussed in Section 4.1. 
 Need of the combinatorial allocation of the heterogeneous required resources in 

the scheduling. This is due to that obtaining partial of the required resources will 
cause the job lower performance or even not running.  

Characteristics of resources and jobs in girds ask for the following features that the 
market-based scheduling strategy should provide:  

 Incentive for the strategic users to reveal their true job value information. It is the 
prerequisite for the scheduling efficiency in a market-based grid scheduling 
system. In economic terms, the mechanism needs to be strongly strategy-proof, 
that is, revealing the true value information is the only dominant strategy of users. 
With the only dominant strategy, the rational users will reveal their true job value 
when they pursuing their own objects and thus the global economic efficiency will 
be guaranteed by scheduling with the true value information. 

 The little communication iteration and the low network overload. This is because 
of 1) the physically distributed resource buyers / sellers on the wide-area 
unreliable network, 2) users’ sensitivity to the time-dependent job value varying. 

 Trade-off between the computationally efficiency and the economic efficiency. 
This is also due to the time-decaying job value. Hence, too much time spent in the 
single scheduling round may cause the long-term revenue of all the jobs reduced 
in such batch scheduling system.  

 The combinatorial allocation of the heterogeneous required resources in the 
scheduling. This is due to the heterogeneity of grid resources and the requirement 
of users in the resource allocation.  

4.2   HtRAA Scheduling Strategy  

First, we give out the definition in the strategy. 

Definition 1: Average resource bidding for each job, the average resource bidding can 
be defined as following: 
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bi: the bidding of user job i in a scheduling round; 
qij: the total number of resources with type j required by user job i; 
HtRAA scheduling strategy can be described as follows:  

* Reserve price is set by system as the minimal charge for users 

4.3   Analysis of HtRAA Strategy 

HtRAA introduces the combinatorial auction mechanism designed based on the 
principle proposed in [20]. However, in [20], it is never proved that revealing the true 

HtRAA scheduling strategy: 
1. Sort all bids from user jobs with the highest the first  according to the average 

resource bidding; and generate the user job bid list (U1, U2, ···, Uk), 
2. Sort all resources according to resource types and generate the global resource set 

(R1, R2, ···, Rn ), 
3. Set Alloced as the set of the bids that are satisfied in the allocation, set Unalloced

as the set of the bids that are not satisfied in the allocation. Initialize both Alloced 
and Unalloced as NULL.  

4. Loop on the sorted user job bid list, For each bid Ui, check the following 
conditions:  
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If the above conditions satisfied, put Ui into Alloced, else put it into Unalloced. 
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ii) For Ui, , if there is no user job bid found in i), set the payment to each of the 
resources, which has been allocated to it, as the reserve price, or else as the 
minimum average resource bidding of the bid found in i). 
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value is the only dominant strategy of the introduced auction mechanism. Hence, we 
analyze the dominant strategy- of HtRAA as follows:  

For any user job ji with the value being vi, the bidding price being bi and the required 
resource set being Ui. The expected profit of ji, under three possible conditions, is 
analyzed as follows:  

1) bi = vi 
Set p1 as the possibility of ji winning in the auction in such condition. The expected 
profit of ji is  

ep1 = p1 * (vi - ci) + (1-p1) * 0 (3) 

ci is the payment of ji. 
2) bi < vi 

Set p2 as the possibility of ji winning in the auction in such condition. The expected 
profit of ji is  

ep2 = p2 * (vi - ci) + (1-p2) * 0 (4) 

   However, by lower bi than vi, ji may take more risk to lose in the auction, so that p1 
>p2 , and thus, ep1 > ep2. 
3) bi > vi 

We analyze the two possible conditions: 
If by reveal the true value, ji can win in the auction, increasing bi higher than vi will 
be sure for ji to win. That is, the possibility of ji winning in such condition is equal 
to p1.  

If by revealing the true value, ji loses in the auction, and then by increasing bi, ji 
may win in the auction with the possibility p3. However, in such condition, there 
must be at least a job with the resource requirement set ranking ahead of ji in the 
sorted user resource requirement set list, which has the resource conflict with ji. 
Hence, the payment (ci’), in such condition, is higher than vi or equal to vi. Set ep 
(vi - ci’ )as the expectation of (vi - ci’ ), thus ep(vi - ci’ ) must be lower than 0.  

In summary, the expected profit of ji when bi > vi
 is: 

ep3 = p1* (vi - ci) + (1 - p1)*(p3*(ep(vi - ci’)) + (1- p3) * 0) (5) 

∵ ep(vi - ci’ ) < 0 
∴ ep3 < ep1 

In summary, when bi = vi, user can gain the maximum expected profit of ji. Hence, 
revealing the true job value is the only dominant strategy of HtRAA.  

With HtRAA, the user only needs to send his resource requirement to the Market 
Center once when submitting a job, and hence, minimal the communication cost of the 
scheduling. The characteristic of the combinatorial auction makes users either win with 
allocation of his entire resource requirement or fail with nothing in a scheduling round. 
The partial allocation of the resources required by a job will never occur with HtRAA. 
The greedy approximate optimization in the resource scheduling of HtRAA, makes  
the trade-off between the computational efficiency and the economic efficiency. In 
section 7, we will compare the economic efficiency of HtRAA with the strategy-proof 
mechanisms used in grid resource scheduling.  
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5   The Virtual Currency and the LOPI Funding and Accounting 
Model  

Compared to the E-Commerce, the adoption of the economic mechanism in grid 
scheduling is for the resource aggregation and sharing, instead of just resource 
exchange. Participators in the grid have both the resource requirements and the surplus 
resources. The grid market-based scheduling provides assurances to the resource 
provider that the resource contribution will be returned in the kind of using more 
resource share. On the other hand, the system administrator in the grid needs to have 
some control of the resource shares among users from multiple organizations.  

5.1   The Virtual Currency  

In PheonixMarket, virtual currency is the means for users to obtain resources. Users can 
obtain the virtual currency in two ways: one is assigned by system; the other is earned 
from resource contribution. The virtual currency will never be redeemed to the real 
currency. The advantage of the close-looped use of the virtual currency lies in:  

 The system administrator can control the resource sharing via the virtual currency 
assignment among users. 

 Incenting the user to contribute resources, when the assigned virtual currency is 
not enough for his/her resource requirement. 

5.2   The LOPI Funding and Accounting Model  

Based on the use of virtual currency, the issue of how to control the resource sharing 
among strategic users needs to be resolved. In PheonixMarket, the solution is the LOPI 
(Limited Output Periodic Input) funding and accounting model.  

The principle of LOPI model is somewhat similar to that of a reservoir. In 
PheonixMarket, each user has an account and system periodically ‘injects’ the funding 
currency into user’s accounts. The system administrator will set the maximal amount of 
virtual currency in each account. Users are free to allocate their virtual currency on their 
jobs in any manner. When a job starts, the accounting center will draw the virtual 
currency from the job owner’s account and inject this virtual currency to the 
corresponding resource providers’ accounts periodically, according to the price settled 
in the resource scheduling. Once the amount of virtual currency in the user’s account is 
not enough for the payment, the job will be stopped.  

The advantage of LOPI model is as follows: 

 Injecting funding periodically surmounts the defect of providing users a mass of 
virtual currency once on their participation in the grid, which burdens the user 
with the difficulty of making the virtual currency allocation plan among the 
decided and pending jobs.  

 By bounding the maximal amount of the injected virtual currency and charging 
users for their running jobs periodically, LOPI can prevent users from 
accumulating virtual currency in their accounts and taking the baleful and 
exceeding resource use. 
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Moreover, the amount of the periodically injected virtual currency can be treated as a 
form of priority, and LOPI provide more flexibility to users than the traditional priority 
scheduling policy, which is unaware of the job value and set all jobs from a user as the 
same priority.  

6   Evaluation 

The main performances measured for PheonixMarket are: the economic efficiency, the 
price sensitivity and the feature of prioritizing users. 

6.1   Simulation Environment and Workload 

We have conducted initial experiments by analyzing data from Shanghai Super 
Computing Center (the major site of China Nation Grid) workload traces and 
synthesize the workload. The simulation environment is based on Dawning super 
server [21]. 32 nodes are included in the simulation environment. Half of them are with 
CPU as Intel XEON 2.8GHZ *2 and 2GB memory, and others are with CPU as AMD 
OPTERON 1.8GHZ *2 and 1GB memory.  

The workload used in this experiment is as follows: 

Table 1. Workload in This Experiment 

Job type Node number Job type Node number 
Big job 16 Small job 4 

Medium job 8 Mini job 1 

The ratio between mini jobs and other jobs is 1:2; the ratio among big, medium and 
small jobs is 1:23:86. The total number of jobs is 1980. The workload is called 
job-1980. The Poisson process governs the arrival of jobs. 

6.2   Experiments 

6.2.1   Economic Efficiency 
We measure the economic efficiency with the metric of aggregated user job value. In 
economic terms, this is known as maximizing social welfare. We compare the 
strategy-proof scheduling strategies used in grid resource allocation systems: HtRAA, 
the scheduling strategies based on Double Auction (D.A) and commodity market (C.M) 
mechanism. We also compare HtRAA with the scheduling strategy based on Bargain 
(Barg.) mechanism or Vickrey auction (V.A).  

Figure 2 – 5 shows the economic efficiency improvement with HtRAA under 
different resource heterogeneities, variation of the user job value (simulated by 
changing the ratio between the high job value mean and the low job value mean), job 
delay tolerance and job arrival rate. Overall, we observe efficiency improvement  
of 1.22-1.69 times in Figure 2, 1.21-1.55 times in Figure 3, 1.1-3.7 times in Figure 4, 
1.08 - 1.52 times in Figure 5.  
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6.2.2   Price Sensitivity 
In this section, we measure the price response to changes in the relative supply and 
demand, which is called price sensitivity. We change the job arrival rate to simulate the 
different relative supply and demand and collect the average prices during multiple 
time intervals after the start of the simulation respectively. 

Figure 6 shows the price sensitivity of PheonixMarket. The average price, during the 
same duration, declines with the arrival rate of jobs dropping. In general, 
PheonixMarket complies with our intuition in the simulations and have fine price 
sensitivity. Figure 7 shows that the price information can be used as the ‘signal’ for load 
balance among resource pools. We establish two resource pools, each pool is same as 
we described in 6.1. We simulate the two conditions: one is that users choose the pool 
with the lower price; the other is that users choose the pool randomly. In all  
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simulations, by using the price ‘signal’, the job average waiting time is reduced by a 
range of 10% - 25%. The improvement is more significant when the relative supply and 
demand becomes intensive.  
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Fig. 6. Price Sensitivity in PheonixMarket Fig. 7. Load Balance in PheonixMarket 

6.2.3 Prioritizing Users 
In this experiment, we change the funding amount to an individual user and trace the 
aggregated value that the user gains from all of his jobs. There are thirty users in the 
simulation; each job in the workload belongs to one of the users randomly. To each 
user, we do five simulations with different funding amount, while fixing the funding 
amount (100$ /s) of other users. Figure 8 demonstrates that the average of the 
aggregated value from all users increases by up to 4.34 times, when the funding amount 
change from 100v$/s to 1000v$/s. The reason is that, with the more funding amount, 
the possibility of job ‘blocking’ becomes lower. In another word, the system provides 
more priority to users with more funding amount to avoid the job ‘blocking’.  
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7   Conclusion 

In this paper, we present a strongly strategy-proof combinatorial auction-based grid 
resource allocation system, called PheonixMarket. Contributions of PheonixMarket are 
1) a new resource bidding model with the expression of the time-varying job value 
information, 2) a strongly strategy-proof auction-based scheduling strategy HtRAA 3) 
a funding and accounting model LOPI to incent users to contribute their resources and 
take the funding as a form of priority. Experimental results demonstrate that 1) 
compared with other strategy-proof market-based scheduling strategies used in grid 
resource scheduling, PheonixMarket improves the economic efficiency by a maximum 
of 3.7 times. PheonixMarket achieves the load balance with the price ‘signal’, and 
hence, reduces the job waiting time by a factor of up to 25%. The issue of taking 
funding as a form of the user priority is also tested. In future work, we plan to deploy 
PheonixMarket on a real grid environment, which will allow real life testing. The 
scheduling strategy will be improved to be strategy-proof for resource providers, so that 
resource providers can express their resource cost in a more free and accurate way. 
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Abstract. Considering dynamic, heterogeneous and autonomous characteristics 
of computing resources in the computational grid environment and the 
advantages of economics mechanism applied to solve the problem of resource 
management, a sealed-bid auction method for resource allocation on 
computational grids is presented. Firstly, a grid service markets framework for 
resource allocation in the computational grid environment is described. 
Secondly, a sealed-bid auction mechanism is presented, where centered on 
users, and driven by user’s needs. Thirdly, Bayes equilibrium point and utility, 
strategy and efficiency in the Bayes equilibrium state are discussed. Finally, 
utility function-based resources allocation algorithm is presented. 

Keywords: grid service markets, resources allocation, sealed-bid auction, 
Bayes equilibrium, utility. 

1   Introduction 

Nowadays, Economic mechanism, which is the flexible and effective management 
method of grid resources, is the hot issue in grid research, where auction as a kind of 
economic mechanism is highlighted because it can solve the grid resources allocation 
problem significantly fast and effectively. There are resource demanders, they 
compete for the resource at different prices. Finally, the Auctioneer confirms the 
winner and the price of trade success according to auction classes.  Four auction 
classes in common use are English Auction (ascending price Auction), Dutch Auction 
(descending price Auction), First-Price Sealed Auction and Second-Price Sealed 
Auction (Vickrey Auction ), the first two kinds are called Open Auction , the last two 
Sealed Auction . 

The rest of the paper is organized as follows: Section 2 mentions related work. 
Section 3 describes a resource allocation frame based on grid service market.  
Section 4 proposes computational grid resource allocation model based on sealed-bid 
auction and analyzes Bayes equilibrium point of this auction mechanism and the 
efficiency, strategy and utility in equilibrium state. An algorithm for the resource 
                                                           
* This work is supported by National Natural Science Foundation of China (No.90412012). 
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allocation based on user utility function is presented in Section 5. Finally, Section 6 
concludes our paper and outline further work. 

2   Related Work 

In different application environments, researchers have developed different eco-
nomics models for grid resource management, Spawn[1] is a scheduling system based 
on distributional computation, which applies Vickrey Auction method. A number of 
jobs compete for the processor time of computer. Jobs can be realized with different 
compete strategies in terms of users preference. Popcorn[2] is a system for Web 
browser, Popcorn is realized by Java language. Users divides distributional 
application into a tasks group, they decide the price of each task according to 
calculated value, and enter market to search resource seller, the resource owner sells 
CPU time of own computer and executes user task. Jaws[3] similar to Popcorn, is also 
based on web browser. The buyer and seller submit order to matchmaker in Jaws 
system, the trade succeeds once the buyer’s order matches the seller’s in matchmaker. 
Order can be updated at any moment. All these three systems use economics 
mechanism to solve resource allocation issue, however, the systems emphasize on 
load equilibrium, weaken in quality of service, what is more, the extension and 
opening capability is not so good because of the fixed system structure. 
Nimrod/G[4][5] grid resource scheduler can be used in the computational grid 
management and scheduling, the system applies commodity market model to manage 
and allocate resources, it is a scheduling strategy for application level, driven by the 
deadline and budget constraint defined by user. The research of Nimrod/G and the 
references [6][7][8][9] will be interesting to investigate the realization of resource 
allocation system, no study has yet been made for the efficiency, strategy and utility 
on  auction mechanism. 

3   Resource Allocation Frame Based on Grid Service Markets 

In the frame, computational grid is regarded as an economic system that compose of 
many Grid Service Markets (GSM). In GSM, service is taken for valued economical 
goods, and the owner of grid resources is regarded as Grid Service Providers (GSP), 
the grid resource consumer is regarded as grid user, both the grid resource provider 
and grid user are taken for economic individuals independently. Both GSP and Grid 
user must register through Information Service Agent (ISA) when they enter or exit 
Grid service markets. In grid service markets, grid user submit task and description of 
his own QoS requirement through Application Server Broker (ASB), ASB sorts out 
tasks according to service categories, and then registers them on ISA, publishes the 
service and QoS requirement. In ISA, grid user can get useful information about local 
service resources as well. The above mentioned local resources refer to the service 
resources in the same GSM as grid user. If grid user wants to get service resources 
information of other GSM, he has to get the service resources list through the local 
ISA communications with other one; The grid service provider registers on ISA 
through Resource Service Agent (RSA), the registered information includes name of 
service resource, location, hardware configuration. In multi-grid service market, in 
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general, a service resource belongs merely to one market, and only registered in ISA 
of corresponding GSM. If a service resource belongs to several GSM, at the same 
time, then it should be registered in ISA of GSM respectively. 

4   Auction Model and the Analysis of Utility 

4.1   Overview to Auction 

Auction is defined economic environment simply and easily. On one hand, auction 
model just require a little price information. On the other hand, auction model is 
operated and realized easily. It can make resources reasonable allocated in a very 
short time, therefore the best solution or preferred solution can be reached among the 
system. One auction in fact is an obvious market principle, which is based on bidder’s 
bids, and then the price and allocation of service resources are decided. There are 
three elements on the evaluation of auction model: utility, strategy and efficiency. In 
view of utility, the maximal overall system utility should be guaranteed, that is to say, 
the maximal utility of both grid service provider (the Seller) and grid user(the Buyer) 
is achieved; in view of strategy, the optimal strategy or the preferred should be 
reached and the rational requirement of the independent economic individual in grid 
should be lowered as much as possible; in view of efficiency, the time complexity 
during auction should be as simple as possible, or the auction round number should be 
as less as possible. 

4.2   Sealed-Bid Auction 

Here we say reverse auction, reverse auction means the auction sponsored by grid 
users, a game among service providers. A grid user, as a buyer, submit his service 
application and QoS requirement, service providers, as the sellers, bidding for the 
service demand according to QoS requirement, the one bid at the lowest price win the 
job. There are 3 key players in auction, for instance, Seller, Auctioneer, Buyer, in this 
model, grid users can describe their QoS requirement thoroughly, this is a model 
centered on users. In reverse sealed-bid auction, each seller seals bid document 
according to buyer’s requirement, all the bid document should be opened by the 
auctioneer at the same time, the seller bidden at the lowest price is winner. If there is 
more than one bidder bidden at the same lowest price, the auctioneer will choose one 
of them as the winner randomly. 

4.2.1   Auction Principle 
In view of auction efficiency, we choose single round sealed auction, which can 
allocate resources reasonably in a short time. In this model, Information Service 
Agent (ISA) is the auctioneer, ASB set up a reserved price (user’s budget) in ISA in 
advance, if the won price is higher than the reserved price, the auction is aborted. 
Steps as follow: 

(1) grid users submit tasks application with QoS to ASB. 
(2) ASB classifies tasks according to service categories, then registers in ISA, 

publishes their service requirement, such as task’s length, deadline, budget, and then 
goes for auction. 
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(3) Each RSA seals its bid document. 
(4) Open the bid document at the same time, the lowest price bidder is winner 

(auction bid succeeds), the trade is implemented at the bid price. If there are several 
bidders with the same lowest price, the winner is chosen by lot by ISA; and if the 
lowest bid price is higher than the budget of the buyer, the auction bid is terminated 
by ISA( the bid is aborted). 

(5) If the bid is not terminated by ISA, then turn to following steps, the RSA 
which won the job accepts the task and carry out the task. 

(6) The winner RSA return back the result to ASB. 
(7) ASB pays to RSA according to trade successful bid price 

4.2.1   Auction Model 
In Sealed-bid auction, each RSA decides its own bid price, since the bid document is 
submitted respectively and sealed, meanwhile all the bid document is opened at the 
same time, no one knows the bid prices of other RSA, and it is only a one time choice, 
therefore, sealed auction bid is a limited information static game. 

Definition 1. Sealed-bid auction is a limited information static game:<A,K,C,P,U> 
Where   A=﹛aj ︳1≤j≤m﹜,is a set of M Service Resource Agents; 
K=﹛kg ︳1≤g≤l﹜,is a set of service category l of ASB task application; 
C=﹛cgj ︳1≤g≤l, 1≤j≤m﹜,is a set of production cost of M service resource, cgj is 

the cost price that No. j service resource provider  takes to finish service category g; 
P=﹛pgj ︳1≤g≤l, 1≤j≤m﹜,is a set of bid prices of each RSA(bid policy space), 

pgj  is the bid price that the j bidder bids for the service category g; 
Obviously, the bid policy of the seller is how to maximize its profit by selecting the 

bid price, bid price is the function of service category and service resource cost, 

( , )gj gj g gjp p k c=
 ; 

U=﹛ugj ︳1≤g≤l, 1≤j≤m﹜, is a set of utility of each RSA bidder, ugj is utility 
that the j bidder carry outs service category g. 

4.2.3   Analysis of Utility 
Definition 2. In sealed-bid auction, the utility of the seller ,who winner, is the value 
that the trade successful bid price minus service resources cost, it acts as an agent, the 
utility of the loser is zero. 

• if only the seller j offers the lowest price, then the seller j wins the bid, its utility is: 

             ( , ) m in ( ) -g j g j g j g j g j g jg
u u p c p c= = , gju U∈                      (1) 

• if there are h (1 h n≤ ≤ ) bidders bidden at the same lowest price, the win 
probability of the seller j is 1/h, its utility is  

                      ( , ) (min( ) - ) /gj gj gj gj gj gjg
u u p c p c h= =                                    (2) 

• if the seller j loses the bid,  

                                 ( , ) 0g j g j g j g ju u p c= =                                              (3) 
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Obviously, the utility of the winner of the sellers is not only related to trade 
successful bid price, but also the cost of service resource. 

• the total utility of the seller 

                              
, ,

1, 1 1, 1

( , )
l m l m

gj gj gj gj
g j g j

U u u p c
= = = =

= =∑ ∑                                      (4) 

• the utility of the buyer 

                              ( , )gj gj g gj g gju u b p b p= = −                                   (5) 

gb is grid user’s budgetary price for service need of category g. 

• the total utility of the buyer 

                              
, ,

1, 1 1, 1

( )
l m l m

g j g g j
g j g j

u b p
= = = =

= −∑ ∑                                     (6) 

 

Definition 3. In sealed-bid auction, the total utility of system Us equal to the total 
utility of the buyer add  the total utility of the seller 

                         
, ,

1, 1 1, 1

( , ) ( )
l m l m

s gj gj gj g gj
g j g j

U u p c b p
= = = =

= + −∑ ∑                             (7) 

It is obvious that total utility of the system is maximal only if both the total utility 
of buyer and the total utility of seller is maximal respectively. 

In sealed-bid auction game, the utility of the winner of the sellers is not only 
related to trade successful bid price, but also the cost of service resource. The strategy 

of the seller j is a function ( , )gj gj g gjp p k c= , the strategy space of the seller j is a 

set of all the function. 

Theorem 1. In sealed-bid auction for grid resource allocation, auction is ended with 
transaction, under this circumstance, there is the exclusive optimal strategy that buyer 

has 
* * ( , )
g j g j g g jp p k c= ,    which maximizes the utility of the buyer. 

Proof: first, let’s prove trade successful strategy is the best one of the buyer 

Auction for buyer is ended by trade success, the price 
* m i n ( )
g j g jp p=  

The utility of the buyer: 
* * *( , ) min( )
gj gj gjgj g g g gju u b p b p b p= = − = −  

For  
' ' ( , )
gj gj g gjp p k c∀ = ,

'

g j
p P∈  

' ' '

* *

( , )

min( )

gj gj gj

gj gj

gj g g

g gj g

u u b p b p

b p b p u

∃ = = −

≤ − = − =
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Trade successful strategy is the best strategy for the buyer since '

gj
p can be 

anything 

Exclusivity: 

As proved above, the utility of the buyer get under any strategy '

gj
p  is less than that 

under Trade successful strategy *

gj
p . According to auction principle, the price during 

auction is the only element which can decide the auction success or failure, if the 
seller’s cost is fixed, the auction strategy is only decided by bid price, therefore, 

*

gj
p is the exclusive optimal strategy of the buyer.                                                        □ 

 
Theorem 2. There is no maximal utility of the seller j in sealed-bid auction for grid 
resource allocation. 

Proof: 
(1) if the auction succeeds, 

' ' ' '

*

* *

, ( , )

min( )

( , )

gj gj gj gj gj gj

gj gj gj gj

gj gj gj

p u p c p c

p c p c

u p c

∀ ∃ = −

≥ − = −

=
 

It can be seen that the utility * *( , )gj gj gju p c  is not the maximal under trade 

successful strategy *

gj
p , no matter what '

gj
p  is.  

(2) the utility of the seller j is nothing if there is no trade success. 
As analyzed above, in sealed-bid auction for grid resource allocation, the lower the 

bid price is, the better chance to win the bid, the lower utility of winner; on the 
contrary, the higher the bid price is, the less the chance to win the bid, the higher 
utility of winner.  Thus, there is no maximal utility of sellers in sealed-bid auction.   □ 

 
Theorem 3. In sealed-bid auction for grid resource allocation, the seller j (1<=j<=m) 

wins the auction at bid price *

gj
p ,under this strategy, the system is in Bayes 

equilibrium state. 

Proof:  Functional relationship among game players (sellers) can have many formats 
and classes, thus, there are a lot of strategies in sellers’ strategy spaces, therefore, 
Bayes equilibrium can have many combinations, it is difficult to find out all the 
possible Bayes equilibrium in sealed-bid auction, even impossible. For easy analysis, 
we assume that there are only two sellers(the seller i and the seller j(i,j=1,2;i≠j)), the 
auction strategy combination for a specific service resource should be 

[ 1 1 2 2( ), ( )p c p c ] , the cost of each seller is jc , assuming jc is uniform distribution 

in [0,1], [0,1]jc ∈ . 
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Assumption, the optimal bid price Pj of the seller j is the function of the cost of 
some service, ( )j j jp p c= , also, assuming ( )j jp c is a monotony ascending 

function. Practically, the higher the manufacture cost of the seller is, the higher the 

bid price. So there is an inverse function 
1 ( ) ( )

jj j jc p c p−= = Φ , it means 

the cost of the seller is jc , if  the bid price is jp . 

The utility function of the seller j is  

1 2 1 2( , , , )

,

( ) / 2 ,

0 ,

j j

j j j i

j j j i

j i

u u p p c c

p c ifp p

p c i fp p

ifp p

=

⎧ − <
⎪

= − =⎨
⎪ >⎩

 

Where , 1, 2 ;i j i j= ≠  

Since jc  is uniform distribution in[0,1], the utility of the seller j is  

1 2 1 2( , , , )ju p p c c  

1
( ). { } ( )

2
. { } 0. { }

j j j i j j

j i j i
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Where jc the inverse is function of ( )j jp c , and jc  is a continuous random variable, 

therefore, 
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Due to jc  being a uniform distribution in [0,1], so 
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The maximal utility of the seller j can be presented as follow: 

m ax ( ) m ax ( ) ( )
j j

j j j j
p p

u p c p= − Φ  

The optimal condition can be achieved from the derivative of cost jc : 

'( ) ( ) ( ) 0j j j jp p c p− Φ + − Φ =  

Solving the differential equation: 

2j jp c=  

So, the strategy combination 1 2(2 , 2 )c c   is the Bayes equilibrium for the auction. 

It can be figured out that the space between the bid price of the seller and its actual 
cost become smaller as the number of sellers is bigger. If there are m sellers for the 
bid, and the cost of each seller is independent, and the cost is uniform distribution in 
[0,1], the seller j (1<j<m>), then the utility function of seller j is  

1( ) ( )m
j j j ju p c p−= − Φ  

The optimal condition: 

'( ) ( 1)( ) ( ) 0j j j jp m p c p−Φ + − − Φ =
 

Solving the differential equation 

1j j

m
p c

m
=

−  

So, when m→∞， j jp c→ , that is to say, , the more sellers are, the less the 

buyer to pay.                                                                                                                  □ 
 

Of course, if there is no assumption about the strategy of the seller in the monotony 
ascending function, Bayes equilibrium will be changed. If the probability distribution 
of the seller is not uniform distribution in [0,1], Bayes equilibrium will vary in sealed-
bid auction as well, which should be investigated according to specific probability 
distribution. 

Theorem 4. In sealed auction for grid resource allocation, if the auction succeeds at 

bid price *

gj
p , namely, the system is under Bayes equilibrium, the utility of grid 

economic system is maximal, the grid resource is reasonably allocated. 

Proof: In equation (7)  
, ,

1, 1 1, 1

( , ) ( )
l m l m

s gj gj gj g gj
g j g j

U u p c b p
= = = =

= + −∑ ∑
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The total utility of the seller at trade successful price is  

, ,

1, 1 1, 1

( , )
l m l m

gj gj gj gj
g j g j

U u u p c
= = = =

= =∑ ∑
 

It can be drawn from theorem 3, there is a combination of strategies which keep the 
system in Bayes equilibrium, and the utility of the seller is fixed under certain strategy 
combination. 

And, it can be drawn from theorem 1 that the buyer obtains the optimal utility 
under the circumstance. 

, ,

1, 1 1, 1

( )
l m l m

gj g gj
g j g j

u b p
= = = =

= −∑ ∑
 

According to definition 3, the total utility of system Us= the total utility of the 
buyer + the total utility of the seller, the total system utility is maximal at this point. □ 

 
So, in successful auction, the system maximizes its utility while grid users do. 
Individual optimization and system optimization are achieved at the same time, the 
reasonable resources allocation is obtained. 

5   An Algorithm for Resources Allocation on Computational Grid 

Let dt  present the service implementation time that user required, let e  stand for the 

budget that agent need to accomplish the job, in order to better express QoS 
requirement of users, we adopt the method of weighing both the users budget and 
service implementation time together to set up formula as follow: 

                              ( , ) ln ( ) ln ( )
d d

u t e a k t eβ= +                                      (8) 

Where k  is the service category vector which fulfills customer’s need, α, β are 
coefficients given by user, and α+β=1, which stands for the requirement of service 
quality, in another word, the user prefers a shorter processing time or a lower expense. 

The optimal algorithm based on utility function is given below: 

Step 1: buyer announces its service need, ASB sort out service and determine the 
values of α, β; 
Step 2: each seller offers its bid price in sealed-bid auction; 
Step 3: determine the bid winner 
Step 4: proceed trade. compute the utility value according to utility function, refer to  
equation (8), then figure out service expense according to trade successful price. 

Step 5: Sort resources by the increasing order of ( , )du t e  )  

 



276 D.-E. Chen and Y. Yang 

Step 6: 

{For each service_application id  in services_application D 

do 
Until all services_application  in D are scheduled 

{For each t in order ( , )du t e  

if minimum α β<  and ( , )i diETC d t T<  

do select jr  while ij ijp e<<   

allocate the job to the most cheap jr  

enddo 
    endif 

    if α β>  and ij ijp e<  

      do select jr  while ( , )i diETC d t T<<  

      allocate the job to the most shortest time jr  

      enddo  
endif 

endfor} 
endfor} 
(where  

diT : the deadline to finish service id  required by client 

( , )iETC d t : service request id  

ije : the expense the client would like to pay for service id  

ijp : the price that service id occupies resource jr ) 

6   Conclusions and Future Work 

It is a very flexible and effective method to implement computational grid resources 
management by auction mechanism, this paper stresses on the application of sealed-
bid auction to grid resource allocation, as service oriented, it sets up a resource 
allocation frame founded on grid service markets, the frame based on OGSA has a 
better opening and expansion performance. Under the frame, resource allocation is 
described as a sealed-bid auction model, the objective is to maximize the total system 
utility while the QoS requirement of users are fulfilled. In order to better explain the 
requirement of grid users, we adopt the utility   model by weighing both processing 
time and customer’s budget together, grid service market reach equilibrium point as 
long as every independent economic unit maximize its utility. The system resources 
are optimally allocated at equilibrium point of market transaction. The complexity of 
the calculation is lower, it can dynamically allocate grid service resources according 
to the QoS requirement of users in an effective and flexible way. The article is based 
on static game that information is limited, namely, based on the transient course of 
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auction, in the future, the method for computational grid resources allocation all 
players take part in auction continuously will be researched and investigated. 
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Abstract. Deploying the grid services with complicated dependency and status is 
a big challenge in service provisioning. A new model, named as Dependency 
Steelyard, is proposed in this paper. By measuring and calculating a set of metrics 
for dependency, the steelyard can generate the critical path of deployment action 
(including deploy, undeploy, and redeploy) on demand automatically for any 
service distributed in specific virtual organization. A practical use case, 
deployment of ChinaGrid Support Platform, will be demonstrated. 

1   Introduction 

Recently grid community dedicates to implement the grid technologies into 
production level. The efforts of Grid Interoperation Now (GIN) project and the latest 
release of Globus Toolkit [2] reflect this trend. However some factors obstructed the 
grid technologies reaching the production level. The complexity of grid management 
is one of the challenges. It includes three problems: 

First, because the large-scale grid services are usually composed by several remote 
service components at multiple sites, this loosely coupled architecture lowers down 
the availability and reliability of grids and brings high costs for management and 
maintenance. For example, the execution system of grids is often composed of data 
center and information center. When information center is under the maintenance, the 
availability of execution system would be affected due to the calling dependencies. 
Moreover the failure to upgrade information center will drive the execution system 
unavailable eventually. 

Second, the stateful grid services, which are concerned in Web Service Resource 
Framework (WSRF) [5], shift the states frequently and dynamically during the 
runtime. The calling dependencies among them are also changed due to the shift of 
states. Hence the dynamic deployment for these grid services becomes more 
complicated and unpredictable. 
                                                           
* This paper is supported by Natural Science Foundation of China under grant 90412010, 

60673174, and 60603058. 
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Finally, the correct deployment of a service in a grid is no more than one unique 
(atomic) operation due to the dependencies. Instead, the deployment is always a 
workflow running at multiple sites. Recall the former example, if the administrator 
deploys the execution service without deploying the data and information center, the 
execution service will be invalid. 

To solve the three above problems, a dependency model is needed to describe  
the dynamical dependencies among the grid services to help administrators analyze 
the runtime status of a grid before executing deployment actions. In addition to the 
model, a self-organizing mechanism should be proposed to generate the maintaining 
workflow to finish the upgrading or deploying jobs. Although many solutions [12, 17] 
are investigated to describe the service dependency and try to improve the availability 
and reliability of distributed system, most of them focus on the analysis on static 
dependency relationship among the services. They can not handle problem 2 and 3. 

This paper recognizes the challenges and proposes a new model, called dependency 
steelyard, which supports dependency analysis for service components with the state 
in WSRF or other similar specification [6, 7]. By measuring and calculating a set of 
metrics for dependency, the steelyard can generate the critical path of deployment 
action (including deploy, undeploy, and redeploy) for any service automatically upon 
the runtime states of grid on demand. 

The proposed model, dependency steelyard, and its implementation have the 
following contributions: (1) investigating the service dependency model and 
proposing the state matrix with it to adapt the dynamicity of grid; (2) introducing two 
metrics (i.e. depending degree and depended degree) to help administrator 
understanding the cost of deploying a specific service. In addition, they are significant 
on detecting dependency circuits and reducing deployment steps; (3) proposing the 
optimized algorithm for automatically generating the deployment workflow. 

The remainder of this paper is organized as follows: Section 2 introduces the 
related works. Some concepts and the service dependency model are proposed in 
section 3. The kernel logic and algorithm will be detailed in Section 4. In Section 5, a 
use case, deployment of ChinaGrid Support Platform, will be demonstrated. We will 
have a conclusion and outlook for future works in the last section. 

2   Related Work 

The investigation on deployment and management for distributed software packages 
is rather popular recently. W3C releases Installable Unit Deployment Descriptor 
(IUDD) [8] specification to describe the distributed software packages. It describes 
the static dependencies among software packages. It can not adapt the dynamic 
changes during the runtime. Moreover, IUDD cannot generate the deploying 
workflow for distributed nodes. 

Configuration, Description, Deployment and Lifecycle Management (CDDLM) 
specification [4] proposed by GGF also dedicates to provide a set of adaptive 
solutions for distributed software deployment and configuration management on 
experienced demand. However, it is a specification of deployment infrastructure. It 
considers how to combine the deployment infrastructure to run-time execution system 
and support the dynamical variety of configuration. In addition, it investigates less on 
the dependency among the services, especially the stateful dependencies. 
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Kunling et al. [12] proposed a dependency isolation mechanism, named as 
dependency capsule, to improve the availability of multi-thread based Internet 
services. They discussed three kinds of service dependency (aggregating, bypass-able, 
and replication dependencies). Nevertheless they did not explore the application on 
deployment problem. Their focus is on the runtime to avoid the availability of multi-
thread based system when block happens. 

Neeraj et al. [16] invented a dependency structure matrix to describe the 
dependencies among legacy software. It is efficient to explore the software 
architecture from the view of software engineering. But they did not discuss the 
stateful dependency and how to generate efficient deploying solutions. The 
dependency structure matrix is not convenient for dynamic deployment in grid. 

Progressive Deployment System (PDS) [10] was developed from the view of 
virtual machine. Robert [17] defined a dependency markup language for web service. 
These solutions do not consider the variable dependency and the optimized 
deployment solutions for stateful grid services either. 

3   Service Dependency 

3.1   Concepts of Dependency 

We classify the dependencies into two categories: (1) Direct Dependency means that 
the correct execution of a grid or web service requires invoking the methods or 
subscribing the resource properties directly. Specifically, we call the relationship as 
Inner Direct Dependency when the invocation (subscription) happens in a same local 
hosting environment. On the contrary, when the invocations are to the remote sites, 
the related services are in Outer Direct Dependency. (2) Indirect Dependency means 
that the successful execution of a grid service directly depend on some services that 
also depend on the other services. For instance, Service a directly depends b (marked 
as a>b); furthermore, service b directly depends on c (b>c). The relationship between 
c and a (marked as a>>c) is indirect dependency. 

The two types are the starting point to investigate the relationships among services. 
However they are helpless to optimize the deployment solutions. Hence we detail the 
service dependency into twelve sub types from the view of execution logic based on 
the practical experience of CGSP [2]. As shown in Fig.1, it includes seven elementary 
types (a-g) and five advance types (h-l). The XOR-* and AND-* series are 
conditional dependency. Namely, the dependency would actually happen when 
execution condition or status is matched. In addition to that, the *-Aggregating series 
(i.e. b, d, and j in Fig.1) mean that the successful execution of a service depends on 
the correct execution of the composed services; while *-Dispatching dependencies 
(i.e. c, e, and i in Fig.1) mean that the correct execution of several services depends on 
the correct execution of some unique services. They are widely seen in some decision 
making services. 
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Fig. 1. Dependency Types: (a) Sequent Dependency, (b) XOR-Aggregating Dependency, (c) 
XOR-Dispatching Dependency, (d) AND-Aggregating Dependency, (e) AND-Dispatching 
Dependency, (f) Replication Dependency, (g) Cycle Dependency, (h) Queued Dependency, (i) 
Parallel Queued Dependency, (j) Multiple XOR-Aggregating Dependency, (k) Multiple XOR-
Dispatching Dependency, and (l) AND-Cycle Dependency 

The detailed taxonomy of service dependency covers most cases. The data and 
environment dependency can be composed by the Sequent Dependency or AND-
Aggregating Dependency. Furthermore, the Queued Dependency and Parallel Queued 
Dependency are widely implemented in multi-thread based containers such as Apache 
Tomcat, jBoss. The Cycle Dependency and AND-Cycle Dependency are significant 
in explaining the periodic or loop invocations among the grid services. 

Exploring and differentiating these dependencies before the deployment and 
upgrades can help optimizing the deploying solutions. For the XOR-Aggregating 
dependency, if we (re)deploy the depending services in different groups, the breaking 
down time for the system will be shorter. Similarly, for the AND-Dispatching 
dependency, if we deploy the depending service first and block all of the requests 
from the depended services during the deployment, the availability will be promised. 

A novel model should be proposed to present these dependencies and their runtime 
states. 

3.2   Service Dependency Model  

We define S = {s1, s2… sn} as a set of stateful grid services in a VO. 

Definition 1. Service Dependency R is a binary relationship on a collection S. We 
mark it as si > sj. It has the properties of: 

1. For any si in S, si > si does exist. Namely, any service depends on itself by 
default. Hence dependency is reflexive; 

2. For any si, sj, sk in S, if si > sj, and sj > sk, we have si >> sk. This means dependency 
is transitive. To identify the direct and indirect dependency, we mark the latter 
relationship as '>>'. Particularly, if sk = si, we can get a cycle dependency si >> si. 

Sin(si) and Sout(si) are the sets of depended and depending (including direct and 
indirect) services for si, respectively. For any two services in S, if they have the same 
depending and depended set, we call them isomorphic. The isomorphic services can 
be deployed in parallel or in a same package to target sites. 
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Definition 2. We define ∑(si) as a direct dependency set for a proper service si in the 
whole VO. By exploring ∑(S), we can draw a Directed Graph DG<S, ∑(S)> with the 
properties of: 

1. Each si in S is a vertex in DG; 
2. Each dependency in ∑ is a directed edge in DG. 

In addition, we define Rk(si) (k>0) as the kth transitive dependency relationship for 
service si. Such as R3(si), it means three steps away from si. Furthermore, the symbol 
∑closure(si) is the transitive closure for service si. Simply put, it means all the 
dependencies (including indirect and direct) for si. The operator ‘U’ in Formula 1 
means the combination of the dependency sets. 
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Definition 3. Critical Deployment Path is a minimal subset of ∑(si) in which the 
edges can link all of the vertexes that service si is depending on. 

By exploring all the vertexes (services) on this path, we can build a minimal 
deploying solution to promise correct deployment of service si. 

Definition 4. Similar to [16], we define a Service Dependency Matrix (SDM) as an 
n×n mesh. Each element dij in SDM matrix means the direct dependent relationship 
between si and sj. As described in formula 2, the value of ith row and jth column will 
be 1 if si depends on sj, otherwise it will be 0. 
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Furthermore, we define the service Depending Degree of a specific service as 
DGD(si) which records how much service si depend on the other services. Similarly, 
we define the Depended Degree of a specific service as DDD(sj) which measures how 
much the other services depend on si. The value of DGD and DDD are defined in 
formula 3 and 4. 
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In formula 3, the SDMi is the vector of ith row in mesh SDM. The SDMi
k denotes 

the kth transition vector [9]. In addition to that, Operator ‘+’ is defined as Boolean OR 
for vectors. 

In formula 4, SDMT is the transpose of the matrix SDM. The value of DDD and 
DGD can be recorded as a reference for deployment purpose. They do make sense to 
help dependency steelyard to evaluate and simplify the deployment for grids. The 
Lemma 1, Lemma 2 can prove this. 
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Lemma 1. A graph DG<S, ∑(S)>, and we have the DDD(S) and DGD(S) in 
Definition 4: 

1. If there is no circuit on DG, then for any service si in S, the summation of 
DDD(si) and DGD(si) SHOULD be less than 1. 

2. If there are one or more circuits on DG, we can find at least two services of 
which the summation of DDD and DGD is greater than 1. 

3. More specifically, these service vertexes are on the circuits. 

Proof. Item 1 and 2 can be proven easily from the definition of DDD and DGD. A 
service on the circuit will be the depended vertex and depending vertex at the same 
time for the other services on the circuit. Naturally it will be counted twice 
respectively in DDD and DGD. Hence the summation of them will be greater than 1. 

For Item 3, we take the counterevidence: 
Suppose there is a service si which is not on any circuit and the summation of DDD 

and DGD is greater than 1. From the former discussion, we can find at least a service 
sj both in the depended set and depending set of si. Namely, we have si >> sj and sj >> 
si. From the Defnition 1, the dependency is transitive, hence we have si >> si. It 
indicates that si is on a circuit. This conflicts with the hypothesis. Hence the 
conclusion of item 3 is true. 

Lemma 2. If there is a circuit in graph DG<S, ∑(S)>, for each service vertex on that 
circuit, the value of DDD (resp. DGD) is equal to each other. Namely, these vertexes 
are isomorphic. 

Proof. With the definition of isomorphic in Definition 1 and DDD, DGD in  
Definition 4, if any two services (si, sj) in DG are isomorphic then they should have 
the same DDD and DGD. Hence, we just need proving si and sj are isomorphic. 

Because si and sj are in the circuit, we have si>>sj and sj>>si. For any sk in Sout(si), 
we have si>>sk and sj>>sk easily. Hence for any service in Sout(si), it should be also in 
Sout(sk). Vice versa, based on the reflexive feature, any service existing in Sout(sk) 
should be also in Sout(si). Then si and sj have the same depending set. Similarly, we 
can prove that they share the same depended set. So si and sj are isomorphic. The 
conclusion of Lemma 2 is true. 

Definition 5. We define a state matrix (SM) to record the necessary state Boolean 
value. There are multiple SMs with the transformation of stateful services, e.g. the 
XOR-Aggregating Dependency, AND-Aggregating Dependency. The result of 
operations between original SDM and the SM will be a new SDM. 

4   Kernel Algorithm 

In this section, three kernel algorithms are introduced to describe the core working 
flow of dependency steelyard. All the algorithms are described in pseudo codes. 
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Algorithm 1. Calculate Depending Degree 

function float caculateDGD (int i, int[][] SDM, 
GridRuntimeConf runTime){ 
/* Input parameter is the •(si) and the global SDM is 
a complete nxn array. And runTime is a status 
collector in charge of collect the necessary 
dependency information */ 
   int[][] SM = null;     //The runtime states mesh. 
   float result = 0.0;    //The DGD variable. 
   /* Operate with the state Matrix which is collected 
from the runtime configuration or state resource 
properties.*/ 
   SM = runtime.collectStateMatrix(SDM); //collect the 
SM for related services. 
   SDM = runtime.operateSDM(SDM,SM);  //get new SDM 
   int[] sigSi = SDM[i]; //Get the vector of si 
   int n = sigSi.length(); //Get the size of n: 
||SDM||. 
   /* Get the transitive closure for si using Washall 
algorithm[11]*/ 
   int[] closureSi = Warshall.getClosure(SDM)[i]; 
   int count =0; //variable to count the depending set 
   for (tempIndex=0; tempIndex<n; tempIndex++) 
        if (closureSi[tempIndex] == 1) count++; 
   result = (count -1)/(n-1); 
   return result; 
} 

DDD value can be calculated in the similar way. The difference is that we input the 
transpose of SDM instead of SDM itself. 

Algorithm 2. Compose Isomorphic Service Packages 

function int[][] composeIsoService (int[][] SDM){ 
/* Input parameter is the direct dependency SDM nxn 
array.*/ 
   Array result = new LinkArray();  
//LinkArray is designed to combine the linkages and 
generate the mesh. 
   int n = SDM[].length(); //get the order of SDM.  
/* Step 1. Calculate the DDD and DGD for each service 
in VO.*/ 
   float ddd, dgd; 
   for (int tempIndex =0; tempIndex< n; tempIndex++){ 
       ddd = calculateDDD( 
                     tempIndex,SDM,Grid.getRuntime()); 
       dgd = calculateDGD( 
                     tempIndex,SDM,Grid.getRuntime()); 
       Degree.record(tempIndex,ddd,dgd);  
//Class Degree is designed to record the degree values 
for each service. 
   } 
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/* Step 2. Check the circuit and isomorphic dependency 
*/ 
   Array isoServ = Degree.findEqualServices(); 
//findEqualServices will locate the services with 
equal DDD+DGD value and DDD+DGD >1; 
   for (int tempIndex=0; 
            tempIndex<isoServ.length();tempIndex++){ 
   if(Degree.hasSameDDDVertex(isoServ.get(tempIndex)&& 
     Degree.hasSameDGDVertex(isoServ.get(tempIndex))){ 
      result.combineVertex(SDM,Degree.getServIDs());} 
    return result.toArray(); 
} 

Algorithm 3. Generate Critical Deployment Path  

function vector genCriticalDeployPath (int I, int[][] 
SDM){ 
/* Input parameter is the service id and the direct 
dependency SDM nxn array.*/ 
   Vector result = new Vector();  
//result is vector type to store the sequence of 
deployment. 
   int n = SDM[].length(); //get the order of SDM.  
/* Step 1. Merging the isomorphic services. 
   SDM = composeIsoService(SDM); 
/* Step 2. add the si as the start point of path.*/ 
    result.add(i); 
/* Step 3. Get all the vertexes directly depend on si 
and adopt the service vertexes which are directly 
depended on.*/ 
   traverseCriticalPath(i,result); 
   return result; 
} 
function traverseCriticalPath(int i, Vector result){ 
    if (result.get(i)==null){ 
        while((int j = findDependency(i,SDM))!=0){ 
           if (getDependencyType(i,j,SDM)==Type.DIRECT 
             &&result.get(j)==null) 
               result.add(i->j); 
/* Recursively invoke to get all the services depended 
by service i*/ 
               traverseCriticalPath(j,result); 
    } 
} 

5   Use Case Study 

In this section, a practical use case, ChinaGrid Support Platform (CGSP), will be 
explored to demonstrate the efficiency and usage of dependency steelyard. CGSP [2]  
is designed purely following Service Oriented Architecture (SOA). There are seven  
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critical system services for CGSP. As shown in Fig. 2, they are Portal Service 
(marked as S1), General Running Service (S2), Data Management Service (S3), 
Domain Management Service (S4), Execution Management Service (S5), Information 
Service (S6), and Container Service (S7). For the convenience of discussion, some 
detailed and internal services are cut off or simplified. The functionality of each 
service has been discussed in [2][13][14]. 

 

Fig. 2. Service Calling Dependencies in CGSP 

From Fig. 2, we can find the dependencies discussed in section 3. Most 
dependencies (like S1>S2, S1>S6, S3>S7, S4>S7, and so on) are all sequent 
dependencies. There are also many conditional dependencies, such as (i) S7>S6 would 
happen only if Status Notification is correctly configured on the grid container and the 
Information Service has been confirmed OK to receive the status report. If condition 
is not true, the invocations will be bypassed. It is a typical XOR-Aggregating 
dependency. (ii) More specifically, if the dependency (S7>S6) is true, S7 and S6 is a 
cycle dependency. (iii) S2>S3 is a replication dependency which means that GRS 
delivers the staging data to the physical replica of GridFTP resources during 
executing jobs. (iv) S5>S2 and S5>S4 are AND-aggregating dependency, the correct 
execution of S5 depends on the success of S2 and S4. In short, these dependencies are 
decided by the runtime status. 

These services are deployed in different ChinaGrid [1] domains. We take two 
typical provisioning operations as use case: (i) deploy S1 in a clean environment;  
(ii) upgrade S6 fundamentally (including its all depending services) without the 
configuration of notifications (namely, S7>S6 is false). 

Deployment of S1 
Dependency steelyard traverses the dependencies stored in the service repository and 
generates the SDM for the deployment task as shown in Fig. 3. At the same time, a 
directed graph based on SDM is shown in Fig. 3A. By calculating the depending 
degree and depended degree, we can collect all of the data as shown in column DGD-
F and DDD-F in Table 1. We can conclude easily that the S6 and S7 are highly 
depended by other services – they will cost much to redeploy or undeploy. While the 
S1 depends on all of other services in CGSP’s system services – it can be re-deployed  
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easily. Furthermore, the summation of DDD and DGD for S6 and S7 is 1.167 (greater 
than 1). After checking and composing the circuits and isomorphic services, the 
steelyard generates SDMB (in Fig. 3). In addition to the new SDM, the new depending 
and depended degree are also re-counted. They are listed in column DGD-FS, and 
DDD-FS in Table 1. More specifically, dependency steelyard will generate the 
deployment path (as shown in Fig.3B): S1>S5>S2>S3>S4>{S6, S7}. By deploying 
these service packages in a stack sequence, S1 is successfully deployed in a clean 
environment. 

 

Fig. 3. Deployment of S1 (A) is a complete dependency, (B) is the critical deployment path  
for S1 

Table 1. The Variety of DGD and DDD in Different States 

DGD DDD Services 
F FS US F FS US 

S1 1 1 1 1 0 0 
S2 0.667 0.6 0.667 0.333 0.4 0.333 
S3 0.5 0.4 0.333 0.5 0.6 0.5 
S4 0.333 0.2 0.167 0.667 0.8 0.667 
S5 0.833 0.8 0.833 0.167 0.2 0.167 
S6 0.167 0 0.167 1 1 0.5 
S7 0.167 N/A 0 1 N/A 1 

Fundamental Upgrade of S2 
After deploying all of the CGSP services, the administrator finds that a new version of 
S2 has been released. The fundamental upgrading for S2 is necessary. Before 
generating the solution, the SDM of S3 and the related DGD and DDD are listed in 
Table 1 (column DGD-U and DDD-U). Different with the former use case, after 
operating with SM, the dependency mesh changed. In addition, the cycle dependency 
disappeared. Based on the new generated SDMD and algorithm 3, we can get the 
critical deployment path for upgrading of S2: S2>{S3>S4, S6}>S7. 
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Fig. 4. Fundamental Upgrade of S2. After operate with SM, the new directed graph and critical 
deployment path for S2 is generated. 

6   Conclusion and Future Works 

In this paper, dependency steelyard is introduced to help administrators of the grid 
managing the service deployment work. Some definitions and lemmas are proposed. 
The metrics (including depending degree and depended degree) are used to evaluate 
the deploying complexity and dependency for grid services. In addition, the state 
matrix is invented to handle the dynamical stateful dependencies. Finally, by using 
steelyard, the critical deployment path for a service can be generated automatically 
based on the runtime states and degree of the services. 

In the near future, we plan to investigate more metrics (e.g. the deployment price, 
deployment costs) for the deployment of complicated depended services. 
Furthermore, a runtime monitoring system will be developed to help the 
administrators enforce the conditional dependencies in runtime. 
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Abstract. Web service retrieval is a very important issue for making
the paradigm of service-oriented computing more practical. In this paper,
we develop an automatic conceptual indexing approach of web services
and investigate its application to service retrieval at the operation level.
Relevant service operations are grouped into the same service concepts
using a new variant k-Means algorithm, and with these service concepts,
web services can be indexed conceptually. A service retrieving approach,
which is supported by the conceptual indexing of web services, is de-
vised to retrieve web services in an efficient way. Experimental results
show that the proposed approach greatly improves the performance of
retrieving web services.

Keywords: Web service, SOC, conceptual indexing, k-Means algorithm.

1 Introduction

With the rapid development of Service-Oriented Architecture(SOA)[1], many
enterprises are moving their core business onto the Web in the form of web
services. Currently, at service registry centers, a number of categories are man-
ually assigned to each incoming web service by the providers when they register
the services. These categories are chosen from a set of pre-specified categories
according to the service provider’s business purposes. If a consumer wants to
find a service satisfying some special requirements, he/she needs to browse the
“right” categories. This category-based service-discovery is quite insufficient, for
the consumer has to endure the boring filter of the extreme large number of
irrelevant services.

Indexing technique, which has gained great success in improving the perfor-
mance of retrieving information in structured databases and textual documents,
becomes a promising way to address the above problem. However, at least three
reasons determine applying traditional database indexing techniques to web ser-
vices straightforward is infeasible. Firstly, service description files ( or WSDL),
which describe web services in XML-style documents, are semi-structured and
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cannot be stored like traditional structured databases. Secondly, since a WSDL
document depicts a web service at different granularity, it is unreasonable to
characterize a service with the terms in the document without discrimination.
Finally, on one hand, most terms have multiple meanings, many unrelated web
services may be also indexed by same terms just because the terms appear in
the description of the service; on the other hand, a function can be described by
multiple terms, relevant web services will not be indexed with the same terms if
their description files do not contain any of the terms.

Unlike the traditional indexing techniques, this work proposes a novel ap-
proach to index web services conceptually. The idea underlying it is that a web
service is more related to the service concepts, which characterize the functions
provided by the service, than the terms used in its description file. With this
conceptual index, when retrieving web service, it should match the service con-
cept present in the query to the service concepts present in the index file. The
main contributions are as follows:

1. An approach of modeling web services in the vector-space is proposed. This
approach vectorizes web services at the operation level, which is more rea-
sonable than at the entire service level. Based on this approach, a web service
can be characterized with a set of operation vectors (or an operation vector
group), in which each operation vector represents an operation (or function)
provided by the service.

2. A conceptual indexing technique is designed to effectively index web services.
Each service concept represents a set of relevant service operations (termed
guiding set) provided by the web services. If two web services provide a
relevant function, they will be grouped into the same service concept. By
this means, web services are clustered according to their functional relevance
rather than the terms contained in their description files.

3. To investigate the application of conceptual indexing to service retrieval, a
service retrieving model has been proposed based on the conceptual indexing.
Some useful algorithms and definitions are also developed to realized that
model. The experimental results show that the proposed approach has better
performance on service retrieval than some traditional methods.

The remainder of the paper is organized as follows. Section 2 provides an
overview of related work. Section 3 describes the modeling of web services in the
vector space. Section 4 describes the algorithms implementing the conceptual
indexing. Section 5 shows the retrieving model of web services supported by con-
ceptual indexing. Section 6 presents the experimental evaluation of the perfor-
mance of retrieving web service using the proposed approach. Finally, Section 7
offers the concluding remarks and discusses some future research.

2 Related Work

Our work touches on two main domains: service matching and service retrieval.
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2.1 Service Matching

In this area, the most related work to our study is software component matching.
Existing approaches split software component matching process into two steps:
signature (data type) matching and specification (program behavior) matching
[2]. These methods verified that signature matching is an efficient means for com-
ponent discovery. But it is infeasible to apply these methods in service matching
context, because the required analysis of data type and post-conditions cannot
be easily obtained for services [3].

2.2 Service Retrieval

In recent years, service retrieval technology has been studied from several per-
spectives. For example, in information retrieval community, researchers have
focused on retrieval of natural language service description and emphasized the
keyword-based approaches [4,7]. These approaches are a poor way to capture
the semantics of a query or item which leads to both low precision and imper-
fect recall. Table-based models [8] typically represent a detailed description of
the methods for invoking the service, but do not include what the service ac-
tually does. The semantic approaches [5,6]improve the precision and recall very
much, but they need to introduce some new standards, such RDF, DAML-S or
OWL-S, into the description of services, and it is infeasible for the large deployed
traditional services.

3 Modeling Web Services in Vector Space

In this section, firstly, the fundamental of web service are introduced, and then
the approach of modeling services in vector space is presented.

3.1 Fundamental of Web Service

According to the previous study, a service can be abstracted as a collection of
operations [3]. Each operation represents a function provided by the service. An
operation is described by six components, i.e., the input/out messages (D1 and
D2), the description of its function (D3), the name of operation(D4), the name
of service (D5) and the description of the entire services(D6). These information
can be obtained from WSDL files and UDDI entries. Therefore, a service can be
formally defined as follows.

Definition 1. A web service is a set of operations ws = {op1, op2, . . . , opn},
where opi ∈ ws is a service operation representing a function provided by ws.
Each operation opi can be described with a six-tuple opi = 〈Di,1, Di,2, Di,3, Di,4,
Di,5, Di,6〉, in which Di,1 ∼ Di,6 denote respectively the corresponding component
described above.

Definition 1 illustrates that a service may contain more than one operations, and
these operations represent different functions provided by the service. It means
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that to index a service with just a set of terms at the entire service level is quite
unreasonable. Because a term could have different meanings in different service
description. This determines some unrelated service being probably indexed by
the same set of terms, and it will make some negative effects on the result of
service retrieval. Therefore, to avoid this disadvantage, in this work, services are
indexed at the operation level.

3.2 Modeling Web Services in Vector Space

To generate the concepts more precisely, services are represented using the
vector-space model which has been very popular in information retrieval. Ac-
cording to the above discussion, it is reasonable to index services at the opera-
tion level. Therefore, for each operation provided by a given service should be
represented by an individual vector. Correspondingly, for a specific service, it is
modeled as an operation vector group in the vector space.

Definition 2. In the vector space, a service is represented by a operation vec-
tor group V �ws = { �op1, �op2, . . . , �opn}, each �opi ∈ V �ws stands for an operation
vector representing a specific operation of ws. �opi can be formulated by the
vector

�opi = {ωi,1, ωi,2, . . . , ωi,m} (1)

where m is the vocabulary size, ωi,j is the weight of tj in operation opi. ωi,j is
calculated by tf/idf weighting scheme[9]:

ωtj = tfi,j × idf (2)

where tfi,j is the frequency of term tj in operation opi. idf is the inverse class
frequency in the operation collection containing opi.

Normally, the length of each operation vector is normalized to a unit length, i.e.,
|| �opi|| = 1, which enables us to account for operation of different lengths. This
work is accomplished by equation 3 [9].

ωi,j =
tfi,j × log|P |

idfi,j√∑m
j=1 tfi,j

2[ log|P |
idfi,j

]2
(3)

where |P | is the size of operation collection. The rest of this work is based on
the assumption that the vector representation �op of each operation op has been
weighted using tf/idf and normalized to a unit length.

4 Conceptual Indexing of Web Services

As discussed in Section 1, unlike the traditional term-based indexing, conceptual
indexing technique computes the service concepts by finding the groups of rele-
vant operations and using them to generate the concept vectors. In this section,
we describe the main ideas and algorithms of conceptual indexing used in the
service context.
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4.1 Service Concepts and Conceptual Indexing

In the previous section, operations are modeled into the vector space. The rele-
vance between any two operations opi and opj can be measured using the well-
known cosine function:

Relevance(opi, opj) =
�opi · �opj

|| �opi|| × || �opj ||
=

∑m
k=1 ωi,kωj,k√∑m

k=1 ω2
i,k

∑m
k=1 ω2

j,k

(4)

where “·” is the dot-product of the two vectors, that is to say, �opi · �opj =∑m
k=1 ωi,kωj,k. Since the operation vectors are normalized to a unit length, for-

mula 4 is simplified to relevance(opi, opj) = �opi · �opj . Let s be the pre-defined
threshold s for the determination of the relevant operations. If relevance(opi, opj)
≥ s is satisfied, then opi and opj are regarded as relevant operations, which
means they have the same functionality. Based on Formulae 4, a service concept
is defined as follows.

Definition 3. Given a set P of operations and the corresponding vectors V�P ,
P is firstly partitioned into k relevant groups {C1, C2, . . . , Cn}, according to the
pairwise relevance among the operations in P . Then, for each group Ci, the
centroid vector �Ci represents a service concept present in P . �Ci is also called
the service concept vector of Ci.

Suppose that G = {op1, op2, . . . , opl} is a group of relevant operations in a service
concept, and V�G = { �op1, �op2, . . . , �opl} is the set of the corresponding vectors. The
service concept vector of V�G is computed as:

�CG =
1

|G|
∑

�opi∈V�G

�opi = { 1
|G|

∑
opi∈G

ωi,1,
1

|G|
∑

opi∈G

ωi,2, . . . ,
1

|G|
∑

opi∈G

ωi,m} (5)

where ωi,j is the weight of term j in operation i. Obviously, �CG is obtained by
averaging the weights of the various terms in the operation set G. G is addressed
as the guiding set of service concept �CG. Note that || �CG|| ≤ 1, because all the
operations have been normalized to unit length.

Similar to individual operations, the relevance between an operation opi and
a service concept CG is computed using the following cosine measure, given by:

relevance(opi, CG) =
�opi · �CG

|| �opi|| × || �CG||
=

�opi · �CG

|| �CG||
(6)

Equation 6 denotes that the relevance between a service operation opi and a
service concept vector CG is the proportion of the dot-product between �op and
�CG divided by the length of �CG, that is:

�opi · �CG =
1

|G|
∑

opj∈G

relevance( �opi, �opj) (7)
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and

|| �CG|| =
√

1
|G|2

∑
opk∈G

∑
opl∈G

relevance(opk, opl) (8)

where G is the guiding set of service concept CG. The dot-product is the average
relevance between op and other operations in G, and the length of the concept
vector || �CG|| is the square-root of the average pairwise relevance among the oper-
ations in G, including self-relevance. Equation 7 measures the average relevance
between opi and the operations in the guiding set G of CG, and Equation 8
illustrates that the length of concept vector || �CG|| is scaled with the average
pairwise relevance among the operations in guiding set G. Therefore, Formulae
6 evaluates the relevance between a operation and a service concept by consid-
ering the relevance between the operation and the guiding set (Equation 7), as
well as the pairwise relevance among the operations in the guiding set.

Definition 4. Given a service collection S, the operations extracted from each
service in S form an operation collection SOP . SOP is grouped into k service-
concept set CSOP = {C1, C2, . . . , Ck}, where Ci is an individual service concept.
For any Ci (Ci ∈ CSOP , 1 ≤ i ≤ k), let Gi = {op1, op2, . . . , opl} be its guiding
set , if for every opj ∈ Gi, relevance(opj, CGi) ≥ τ (τ is the relevant thresh-
old between an operation and a service concept)is satisfied, then, CSOP is the
conceptual indexing of S.

Definition 4 implies the ideas behind the conceptual indexing. In next section, we
will discuss how to capture the service concepts for a specific service collection.

4.2 Capturing Service Concepts

Recall that in Section 3.1, a service is viewed as a set of operations, each of
which is represented by an operation vector of terms and weights. Thus, given a
collection of services S, its operation collection and the operation vector group
(see Definition 1) is denoted as Sop and V �Sop

, respectively. They are computed
by

Sop =
⋃

wsi∈S

wsi, V �Sop
=

⋃
�opj∈ �wsi,wsi∈S

�ws (9)

where ws = {op1, op2, . . . , opn} refers a service in S, and �ws={ �op1, �op2, . . . , �opn}
stands for the operation vector group of ws.

A partition algorithm can be defined to capture the service concepts of a
given service collection by clustering the corresponding operations into k clus-
ters. With the relevance functions (see Equation 4 and Equation 6), it seems that
a number of existing algorithms can be applied to group the operations from a
given service collection. We try to use the already-developed methods, such as
k-means, hierarchical clustering, to derive the service concepts from the opera-
tion vectors. However, they does not work well for the extreme sparseness of the
operation vectors. Therefore, a new variant of k-Means, named as Capturing-
WsConcepts, is developed to find the service concepts of a specific collection
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Algorithm 1: CapturingWsConcepts
Data: V�S -the operation vector group of a given service collection S; τ -the

threshold of relevance between a operation and a service concept.
Result: C = {C1, C2, . . . , Ck},GC = {GC1 , GC2 , . . . , GCk}-the set of result

service concepts and their guiding sets.
m ← 1;1

Cm ←Create a new service concept;2

C ← C ∪ Cm;3

GC ← GC ∪ GCm ;4

foreach Ci ∈ Ck=1,2,...,m do5
�Ci ← �opi where �opi is picked from V�S at random and opi ∈ S;6

end7

repeat8

foreach �opi ∈ V�S do9

foreach Cj ∈ Ck=1,2,...,m do10

γi,j ← relevance(opi, Cj);11

end12

γl ← max(γi,1, γi,2, . . . , γi,m);13

if γl ≥ τ then14

GCj ← GCj ∪ opi;15

�Ci ← {cωi1, cωi2, . . . , cωih}, where cwil ← 1
|GCi

|
∑|GCi

|
n=1 ωnl;16

else17

C|C|+1 ← Create a new service concept;18

G|C|+1 ← opi;19

C ← C ∪ C|C|+1;20

m ← m + 1;21

end22

end23

until concept vectors no longer change24

k ← |C|;25

return C = {C1, C2, . . . , Ck} and the corresponding guiding set26

GC = {GC1 , GC2 , . . . , GCk};

of operation vectors. Algorithm 1 describes a sketch of the main idea behind the
algorithm CapturingWsConcepts.

CapturingWsConcepts initially creates a single service concept and ran-
domly assigns an operation vector to it as the concept vector (lines 1-7). Then,
the algorithm groups the operations according to the relevance between the op-
eration and the service concepts (lines 8-23). If the largest relevance threshold is
greater than the pre-defined threshold, the operation vector will be assigned to
the corresponding service concept (lines 13-15). Otherwise, a new service con-
cept is created, and the operation vector is clustered into it (lines 18-21). The
relevance between an operation vector and a service concept is computed by
Formula 6 (line 11).When an operation vector is grouped into a service con-
cept, the corresponding operation is appended to the guiding set of that service
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concept(lines 15,19), and the service concept vector is computed after each oper-
ation is grouped (lines 16). Finally, the set of service concepts and their guiding
sets are returned. The complexity of CapturingWsConcepts is O(|V�S |×|C|×t),
where |V�S | is the size of operation vector group, |C| is the number of service con-
cepts, and t is the times of iteration.

5 Conceptual Indexing Supported Service Retrieval

The conceptual indexing methods described in above sections can support a
variety of applications, such as service classification, service filtering, and service
retrieval. In this section, we investigate the application of conceptual indexing
to service retrieval.

5.1 The Vectorial Representation of Service Retrieval

The purpose of service retrieval is to find the relevant services from a service
collection satisfying a given query describing the special requirements of the user.
Similar to services, queries in service retrieval are also represented by vectors.
The normalized weight of term ti in a given query q is computed by[9]:

ωq,i = (0.5 +
0.5tfq,i

maxltfq,l
) × log

|Sop|
ni

(10)

where tfq,i is the frequency of term ti in query q, |Sop| is the total number of opera-
tions in the service collection, and ni is the number of queries in which the charac-
terizing terms ti appears. Therefore, q can be represented by a normalized vector
�q = {ωq,1, ωq,2, . . . , ωq,m}, i.e., ||q||=1, in the vector space using Equation 10.

5.2 Retrieving Services Using Conceptual Indexing

Suppose that S is the service collection, and Sop is the set of the operations
extracted from the description of services from S. The operations in Sop are
indexed conceptually by k service concepts, C1, C2, . . . , Ck, whose guiding sets
are disjoint. Particularly, let Mop be an l × m operation-term matrix, where l is
the number of operations, m is the total size of vocabulary. Thus, the ith row of
Mop represents the vector-space representation of the ith operations, that is to
say, Mop[i, ∗] = �opi.

According to Section 4.2, each concept vector �Ci can be computed by
Algorithm 1, and is denoted as �Ci = {cω1, cω2, . . . , cωm}. Let { �C1, �C2, . . . , �Ck}
be these concept vectors, MC be the m×k matrix whose ith column corresponds
to �Ci, MopMC is an l × k matrix whose ith row denotes a k-dimensional vector
representing opi ∈ Sop. Similarly, given a group of queries Q, the corresponding
service vectors form a n × m query-term matrix MQ, where q is the number of
queries. The jth query vector can be reduced to k dimensions, and represented
as the jth row of MQMC . When retrieving service, the relevance between an
operation and a query in the k-dimensional vector space is computed by cosine
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Algorithm 2: RetrievingWs
Data: S-the service collection; C = {C1, C2, . . . , Ck}-the service concepts;

G = {GC1 , GC2 , . . . , GCk}-the guiding set corresponding to C;
Q = {q1, q2, . . . , qn}-the set of query descriptions.

Result: R = {r1, r2, . . . , rn}-the ranked operations with respect to each query.
Let Sop ← {op1, op2, . . . , opl}, V �Sop

← { �op1, �op2, . . . , �opl} denote the operations1
extracted from the services contained in S and the corresponding operation
vectors, respectively;
Let V�Q ← {�q1, �q2, . . . , �qn} represent the query vectors calculated by Equation 10;2

Let MC , Mop and MQ be the matrices formed by the service concepts from C,3

the operation vectors from V �Sop
and the query vectors from V�Q;

Vk�S ← MopMC ;4

Vk �Q ← MQMC ;5

for i ← 0 to n do6

ri ← φ;7

end8

foreach row rqi in Vk �Q do9

foreach row rpj in Vk�S do10

γi,j ← relevance(rqi, rpj);11

γi ← γi ∪ γi,j ;12

end13

ri ← {the ranked operations according to the relevance in γi};14

R ← R ∪ ri;15

end16

return R;17

function. The operations are ranked with respect to each query according the
operation-query pair relevance. By this way, it is convenient to select the top-k
operations that are relevant to a specific query. The pseudo-code description of
the algorithm is given in Algorithm 2(termed RetrievingWs).

6 Performance Evaluation

In this section, we study the performance of conceptual indexing and demon-
strate its performance of retrieving services comparing with some existing ap-
proaches.

6.1 Service Corpus

We formed a corpus by gathering the services from the main authoritative UDDI
repositories, such as IBM, BEA, XMethod and Microsoft etc. This corpus con-
tains 693 service information description(WSDL) files and 2734 operations in
total.
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In Section 3.2, we mentioned that the information sources for describing each
operation include the input/out messages (D1 and D2), the description of its
function (D3), the name of operation (D4), the name of service (D5) and the
description of the entire services (D6). The above textual information was pre-
processed by performing word stemming, removing stopwords and splitting syn-
thetical words into individual words (such as “OrderTickets” into “Order” and
“Ticket”) before representing operations in vector space. The weight ωi,j of a
term ti in an operation vector �opj is computed by

ωi,j =
6∑

k=1

βk × ωk (11)

where ωk is the weight of ti in Dk calculated with tf/idf method, and
∑6

k=1 βk =1.
By setting the value of βk, we can justify the effects of information obtained from
different sources on the operation vector.

6.2 Experimental Results

In our evaluation, we adopted the conventional performance measures in infor-
mation retrieval areas, i.e., precision(p), recall (r) and F1-measure, as the metrics
to evaluate the proposed method.

Two groups of experiments were conducted during our evaluation. The first
one is to investigate the effect of the relevance threshold τ between operations
and service concepts on the performance of capturing service concepts and re-
trieving services against different size of service corpus. The second one is to
evaluate the effectiveness of the proposed approach by comparing it with some
existing ones.

Effect of Different τ . To evaluate the effects of the relevance threshold τ on
the performance of finding service concepts using our approach, we conducted
the algorithm CapturingWsConcept against different size of operation corpus
with different value of τ . The experimental result shown in Table 1 illustrates
that the number of service concepts increases as τ increases. It is because when
τ becomes larger, fewer operations are similar enough to be grouped into the
same service concept.

Table 2 demonstrates that the increase of relevance threshold τ will lead to
the increase of the average precision of service retrieval. The reason is that the
operations appended into the guiding set of a service concept are more similar
with a larger value of τ than that with a smaller value of τ . But it does not
to say, the larger is τ , the better is the whole performance of the system. If
taking the execution time into account, things will be change. Because when
τ increases, the number of service concepts also increases. The more time will
be needed to evaluate the pairwise relevance between service concepts and the
queries. Therefore, in real applications, it is very important to determine the
value of τ (generally, 0.5∼0.8) which can balance the retrieval precision and
the response time according to the user requirements.
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Table 1. The effect of relevance threshold (τ ) on the size of conceptual index

Number of Operations Value of relevance threshold (τ)

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9
400 70 159 251 277 298 343 339 338 347
800 99 234 344 423 482 530 583 616 634
1200 111 264 437 518 600 681 759 867 936
1600 97 211 345 482 649 836 976 1145 1193
2000 95 228 435 589 807 961 1152 1363 1400
2400 115 267 469 689 911 1086 1325 1569 1683

Table 2. The average precision of retrieving operations under deferent value of rele-
vance threshold τ

Number of Operation The value of relevance threshold τ

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9
400 0.51 0.63 0.68 0.70 0.74 0.79 0.81 0.83 0.88
800 0.53 0.61 0.68 0.69 0.72 0.77 0.76 0.83 0.82
1200 0.49 0.60 0.68 0.71 0.71 0.82 0.81 0.79 0.85
1600 0.55 0.69 0.67 0.70 0.74 0.75 0.81 0.86 0.89
2000 0.56 0.65 0.73 0.70 0.76 0.74 0.79 0.82 0.85
2400 0.50 0.63 0.71 0.77 0.79 0.79 0.84 0.86 0.88

Comparison with Some Existing Service Retrieval Approaches. We
examined the performance of the proposed approach by comparing its accuracy
with that of the k-NN and Naive Bayes (NB). Figure 1 presents the result for
retrieving services based on the mentioned approaches. The figure indicates that
the precision is improved as τ increases, see Figure 1(a). Notice that this trend
does not apply to recall. That is because when τ increases, fewer operations

(a) precision (b) F1 − measure

Fig. 1. Precision and F1-measure for different retrieving approaches
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are appended into the guiding set of the same service concept, which leads the
decrease of recall. Figure 1(b) illustrates that the F1-measure of our approach is
relative high, which means our approach can better compromise between recall
and precision.

7 Conclusion

Service retrieval is a very important issue for making the paradigm of service-
oriented computing more practical. In this paper, we have proposed a novel ap-
proach for effectively retrieving services based on conceptual indexing of services.
Before building the conceptual indexes, each operation is modeled as a vector
in the vector space. This representation of services enables us to find services
at the operation level which is more accurate than at the entire service level.
To capture the service concepts, a new variant k-means algorithm is devised to
group the operation into different service concepts. Based on these service con-
cepts, we develop a new service retrieving approach. Experimental results show
that the proposed approach offers a good performance if the parameter, i.e., the
value of relevance threshold between operations and service concepts, is assigned
a reasonable value. For the drastic increase of services on the Web, in our future
work, an incremental approach of conceptual indexing of Web services will be
developed to support service retrieval more efficiently.
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Abstract. Availability of computer resources is key factor limiting use of 
bioinformatics analyses as a result of the growing computational demands. Grid 
computing provides a way to meet these requirements. But it is complicated to 
build a grid for users. This paper describes an approach to solve this problem 
using Grid Service technologies. Building the grid based on accepted standards 
and platforms makes the development and deployment of the grid much easier. 
A bioinformatics grid computing environment (BioGrid) which consists of the 
distributed computing application for bioinformatics is presented in this paper. 
Based on this environment, we propose the architecture of bioinformatics 
applications which is delivered using Grid Services constructed with the Globus 
Toolkit 4. We developed a simple program which is defined as the client-server 
application with grid services. It provides users an approach of grid services to 
impose grid resources and customize their own grid applications. 

1   Introduction 

Biology is defined as the study of living things. In the course of that study, biologists 
collect and interpret data from the interaction of species and populations, to the 
function of tissues and cells within an individual organism. In the past, using 
sophisticated laboratory technology allows us to collect data faster than we can 
interpret it. There are vast volumes of DNA sequence data, and we need to figure out 
which parts of that DNA control the various chemical processes of life and determine 
the function of new proteins from the known function and structure of some proteins 
[1], [2], [6], [7], [9], [10], [11], [15]. 
                                                           
 * The work is supported in part by National Science Council, Taiwan R.O.C., under grant no. 

NSC95-2221-E-029-004. 
** Corresponding author. 
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Bioinformatics is the science of using information to understand biology. It is the 
application of information technology and capable of analyzing and managing 
biological data. Availability of computer resources is key factor limiting use of 
bioinformatics analyses as a result of the growing computational demands. A 
bioinformatics grid computing environment called BioGrid [3], [4], [5], [9], [13],  
[16-19] which consists of the distributed computing application for bioinformatics is 
presented in this paper. We propose the architecture of biological Grid Services 
constructed with the Globus toolkit 4.0.1. When the services are connection by 
producing and using compatible XML documents, the process of orchestrating these 
services can be automated. It should be concerned about efficiency, throughput, and 
workflow when considering tools for comparative genomics. Grid Services provide 
flexible, extensible, and widely adopted XML-based mechanisms for describing, 
discovering, and invoking network services [12-14]. Services can be deployed on 
different platform, described by unified standardized Grid Services mechanisms. 

It allows the developers to focus their attention on implementing application logic, 
and provides users an approach of Grid Services to impose grid resources and 
customize their own grid applications. The approach contributes to the field of 
parallel performance analysis by enabling users to meaningfully and efficiently 
compare parallel performance data, regardless of the format of data and system. 
Finally, we developed a simple portal which is defined as the client-server application 
with Grid Services. The user portal enables interactions between application and Grid 
Services obtaining parametric inputs for problems and reporting results upon 
execution completion. 

2   Parallel Bioinformatics Applications 

2.1   mpiBLAST 

The Basic Local Alignment Search Tool (BLAST) is a sequence database search tool 
that seeks similarities between two substrings in molecular biology by using score 
matrices to improve filtration efficiency and to introduce more accurate rules for 
locating potential matches. BLAST attempts to find all locally maximal segment pairs 
in query sequences and database sequences with scores above the set threshold value. 
mpiBLAST is a freely available, open-source parallelization of NCBI BLAST. It 
contains a pair of programs that replace formatdb and blastall with versions that 
execute BLAST jobs in parallel on clusters of computers with MPI installed [10]. 

There are two primary advantages to using mpiBLAST rather than conventional 
BLAST. First, mpiBLAST segments a target database, and then dispatches the 
segments to nodes in clusters. Because the database segment in each node is small, it 
can usually reside in the buffer-cache, yielding a significant speedup due to the 
elimination of disk I/O. Second, it allows BLAST users to take advantage of efficient, 
low-cost Beowulf clusters because inter-processor communication demands are low. 
The main executable programs in the BLAST distribution are: 
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• [blastall] performs BLAST searches using one of five BLAST programs: blastn, 
blastp, blastx, tblastn, or tblastx. 

• [blastpgp] performs searches in PSI-BLAST or PHI-BLAST mode. blastpgp 
performs gapped blastp searches and can be used for iterative searches in psi-blast 
and phi-blast mode. 

• [bl2seq] performs a local alignment of two sequences. bl2seq allows the 
comparison of two known sequences using blastp or blastn. Most of the bl2seq 
command-line options are similar to those for blastall. 

• [formatdb] is used to format protein or nucleotide source databases. It converts a 
FASTA-format flat file sequence database into a BLAST database. 

The mpiBLAST algorithm consists of two primary steps: (i) databases are 
segmented and put on a shared storage device; (ii) mpiBLAST queries are run on each 
node. The mpiBLAST partitioning schema is shown in Figure 1. It uses multi-
threading to segment databases, assigning distinct portions of the database to each 
processor. It wraps the standard NCBI formatdb called mpiformatdb to format the 
database. Command line arguments specify the number of fragments. mpiformatdb 
formulates command line arguments that force NCBI formatdb to format and divide 
the database into many fragments of approximately equal size. When mpiformatdb 
execution is complete, the formatted fragments are placed in shared storage. 
Alignment of the database is accomplished by the local sequence alignment algorithm 
implemented in the NCBI [10] development library. If a node does not have 
fragments needed by a search, the fragments are copied from shared storage. 
Fragments are assigned to nodes using an algorithm that minimizes the number of 
fragments copied during each search. 

2.2   FASTA 

FASTA is another popular tool for searching sequence databases. It compares any two 
sequences by trying to align them from a database [8]. FASTA is capable of 
delivering very fast search results from sequence databases. Like BLAST It is 
available both as a service over the Web and as a downloadable set of programs. In 
the experimental environment of this paper, MPI versions of the programs that 
include the libary-vs-library comparison programs are listed below: 

• [fasta]: Compares a protein sequence against a protein database (or a DNA 
sequence against a DNA database) using the FASTA algorithm  

• [ssearch]: Compares a protein sequence against a protein database (or DNA 
sequence against a DNA database) using the Smith-Waterman algorithm  

• [fastx /fasty]: Compares a DNA sequence against a protein database, performing 
translations on the DNA sequence  

• [tfastx /tfasty]: Compares a protein sequence against a DNA database, performing 
translations on the DNA sequence database  

• [align]: Computes the global alignment between two DNA or protein sequences 
• [lalign]: Computes the local alignment between two DNA or protein sequences 
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Fig. 1. The mpiBLAST partitioning schema 

2.3   Web Services and WSDL 

Web Services provide a standard means of interoperating between different 
software applications, running on a variety of platforms and/or frameworks. The 
Web Services Architecture (WSA) document is intended to provide a common 
definition of a Web Services, and defines its place within a larger Web Services 
framework to guide the community. The WSA provides a conceptual model and a 
context for understanding Web Services and the relationships between the 
components of this model. 

WSA is interoperability: it identifies those global elements of the global service 
network to ensure interoperability between Web Services. WSA involves many 
layered and interrelated technologies. There are many ways to visualize these 
technologies, just as there are many ways to build and use Web Services. The 
technologies that we consider here, in relation to the Architecture, are XML, SOAP, 
and WSDL. However, there are many other technologies that may be useful. Figure 2 
provides an illustration of some of these technology families. 

WSDL is an XML format. The operations and messages are described abstractly, 
and then bound to a concrete network protocol and message format to define an 
endpoint. It describes the network services as a set of endpoints operating on 
messages containing either document-oriented or procedure-oriented information. 
WSDL is extensible to allow description of endpoints and their messages no matter 
what message formats or network protocols are used to communicate. However, the 
only bindings in this document describe how to use WSDL in conjunction with SOAP 
1.1, HTTP GET/POST, and MIME [4]. 
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Fig. 2. Web Services architecture stack 

2.4   WSRF 

The WS-Resource Framework (WSRF) has been proposed as a means of expressing the 
relationship between stateful resources and Web Services. Web Services specifications 
define a rendering of the WS-Resource approach in terms of specific message 
exchanges and related XML definitions. These specifications allow the programmer to 
declare and implement the association between a Web service and one or more stateful 
resources. They describe the means by which a view of the state of the resource is 
defined and associated with a Web Services description, forming the overall type 
definition of a WS-Resource. They also describe how the state of a WS-Resource  
is made accessible through a Web Service interface, and define related mecha- 
nisms concerned with WS-Resource grouping and addressing. The WSRF has five 
separate specification documents that provide the normative definition of the frame- 
work: WS-ResourceProperties, WS-ResourceLifetime, WS-RenewableReferences, WS-
ServiceGroup, and WS-BaseFaults. 

3   System Design and Implementation 

3.1   System Design 

It uses a GT4 core based Grid Services as a thin middleware layer to our application. 
The implementation language of Grid Services is Java. The user portal enables 
interactions between the application user and the application, obtaining parametric 
inputs for problems and reporting results upon application execution completion. Our 
portal uses Java-based Application as interface for easy control of the parallel 
bioinformatics software. We have also developed various basic services for the Grid 
systems. 

The Java-based Application uses the grid service to connect to the Grid system. We 
develop several grid services. The grid services represent a simple gram job and allow 
for submitting jobs to a gatekeeper. GridFTP can upload DNA sequences to the Grid 
System. It allows user to compare the specific sequences with the target database. 
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System architecture is shown in Figure 3. We will describe what would be 
implemented and tested within a Grid environment. mpiBLAST program allows the 
user to specify the number of segmentations according to the number of processors. If 
the performance of one of VOs (Virtual Organizations) is low comparatively, it would 
lower the whole performance. It depends on the performance of each VO to segment 
the target database into the different size before we use [mpiformatdb] commands and 
submit the jobs. Thus, it parallelizes the processes of mpiformatdb and mpiblast. 
BioGrid user can query and segment the database via the portal. By querying 
information database, the status information can be noticed. When the computing job 
is completed, the results will be transferred to the system portal. 
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Results

Dispatcher 
Service

Query
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Fig. 3. System architecture of our proposed system 
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Fig. 4. The software architecture of our proposed system 
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3.2   Specifications of Grid Services 

This section describes the deployment details of our grid services. Our application is a 
set of grid services that offers standard bioinformatics applications. Figure 4 
illustrates the software architecture of Grid Services application. At top layer, the 
BioGrid users can develop their specific application in Java or .NET application to 
query the Job_Dispatcher service on infoBio. Through the Job_Dispatcher service, 
BioGrid users can submit jobs to each node. At bottom layer, MPICH program such 
as mpiBLAST is wrapped by grid service on each node. It also provides GridFTP 
service to upload DNA sequences to the Grid System. It allows user to compare the 
specific sequence with target database. 

3.2.1   Deployment and Configuration 
The Grid Services is deployed on Linux server with GT4. The resource details are 
saved in a configuration file to allow easy modification of the computed resources 
available to the service. The configuration file is read by the service at deploy time. 
The interesting details include, the domain name of the resource's head node, the 
number of computed nodes, memory etc. The Grid Services including Job_dispatcher 
and mpiblast_services are deployed on infoBio server and the master nodes of each 
VO, which are implemented. When mpiblast_service is deployed, it returns a message 
to mpiblast_client and delivers a notice that a new VO joined grid environment.  

There are five steps for writing and deploying a WSRF Web Service. We describe 
the details of developing a grid service by using mpiBLAST_service as an example in 
the following: 

1. Define the service’s interface: The first step is to define the service interface. It 
needs to specify what the service provides. In the example, we want our 
do_mpiBLAST operation to receive four parameters. 

2. Implement the service: The next step is implementing that interface. We need to 
provide the implementation of our remotely accessible methods (do_mpiblast). 

3. Define the deployment parameters: This is done with the WSDD language and 
using a JNDI deployment file. Deployment descriptor is one of the key 
components of the deployment phase. It tells the Web Services container how it 
should publish the service. 

4. Compile everything and generate a GAR file: This is done with the Ant tool. Using 
the provided Ant buildfile and the handy script, building a web services as the 
following:  
./globus-build-service.sh -d <service base directory> -s 
<service’s WSDL file> 
If it works fine, the GAR file will be generated. 

5. Deploy service: This is done with a GT4 tool. The GAR file contains all the file 
and information, which the web server needs to deploy the web service. 
Deployment is done with a GT4 tool, then unpacks the GAR file and copies the file 
into key location in the GT4 directory tree. If it works fine, we can find the service 
in the list of services as shown in Figure 5. 
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Fig. 5. The BioFactoryService 

3.2.2   Job_Dispatcher Service 
In this section, we discuss our database segmentation approaches for scheduler. As the 
scheduler receives the request from end users, it calculates the file ranges for each 
partition and distributes them to each VO according to the number of available VOs, in 
terms of (start offset, end offset) pairs. Then the master node uses such file ranges to 
read, split the target database and generates the mpiBLAST’s database fragment files.  
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Fig. 6. Schematic of database fragment 

We wrapped mpiBlast as the Grid Services, mpiblast_service, which are deployed 
on master nodes. The scheduler calls the mpiblast_service from remote side and 
dispatches the job with all arguments including offset files of database fragment as 
described above. The application provides several common databases such as nr and 
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env_nt. This mechanism is represented in Figure 6. At each VO, the mpiBLAST 
program chosen is executed for each database fragment file. mpiBLAST splits the 
target database across each node in each VO. Instead of the database segmentation of 
functionality immediately, we use stable number of database fragments according to 
the number of available workers. When all VOs end their local execution, the 
scheduler has to assemble the partial results at each VO to create a unique result file. 
The output of program will be saved as temp.dat in user’s directory. 

4   Experimental Results 

4.1   Testbed 

Our grid testbed is based on BioGrid system, which includes two separate virtual 
organizations, which have two developed bioinformatics packages: mpiBLAST, 
FASTA. Hardware configuration is shown as in Figure 7. Both virtual organizations 
(VOs) contain four nodes. The Fedora Core 4 Linux distribution has been installed on 
each node. We assessed the performance of the environment by executing mpiBLAST 
program using 2, 4, 8, and 16 processors. Table 1 shows the hardware configuration 
of our experimental environment. The following section describes an introduction of 
the databases that we adapted for our experimentation. 

• Swiss-Port (uniprot_sprot.fasta): Swiss-Prot was set up in 1986 as a kind of protein 
database with remarks and Swiss Institute of Bioinformatics and EMBL Outstation 
- The European Bioinformatics Institute, EBI, worked together to launch it in 1987. 
It consists of a large number of orders, each of which contains a specific format. 
The formatting is made as identical to that of EMBL Nucleotide Sequence 
Database as possible. 

• NCBI (nr database): The NR Protein database contains sequence data from the 
translated coding regions from DNA sequences in GenBank, EMBL and DDBJ as 
well as protein sequences submitted to PIR, SWISSPROT, PRF, PDB (sequences 
from solved structures). 

Internet

mbio01 bio01 ~ bio03 mbio02 bio04 ~ bio06

InfoBio
Server

BioGrid
User

 

Fig. 7. Experimental environment 
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Table 1. Hardware configuration of our experimental environment 
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Fig. 8. Performance comparison of mpiBLAST Fig. 9. Performance comparison of FASTA 
      with mwkw.aa 

4.2   Experimental Results 

In this case, we use mpiBLAST program which allows the user to specify the number 
of segmentations according to the number of processors. If the performance of one of 
VOs is low comparatively, it would lower the whole performance. In order to force 
the completion time of each VO can be closely. It depends on the performance of 
each VO to segment the target database into the different size before we perform 
[mpiformatdb] commands and submit the jobs. Thus, it parallelizes the processes of 
mpiformatdb and mpiblast. Figure 8 shows a comparison between executing from the 
console end and from the grid service and it uses the env_nr database. The database is 
about 1.2GB. We can find that there is great different between console execution and 
execution with grid service. In the experimental environments, the performance of 
two VOs is the same. The reduction time of mpiformatdb is visible but the reduction 
time of mpiblast is not. The results clearly show that the system reduced the execution 
time. The other case, we used FASTA program as an example. Figure 9 shows the 
performance comparisons of number of processors. The FASTA can reduce the 
execution time, as indicated from comparison with the number of work nodes. 
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5   Conclusion 

Biologists access to grid environments using the serial command line or other 
unfriendly way in the past. Web services provide flexible, extensible, and widely 
adopted XML-based mechanisms for describing, discovering, and invoking network 
services. Building the basic platform of grid computing environment is attempted in 
this study. Globus toolkit v.4 which serves as middleware is used for message transfer 
and communication between various Grid platforms. Results show that the BioGrid 
indeed saves significant time in sequence alignment problems with increasing number 
of processors used in the computations. In this paper, we proposed the architecture of 
bioinformatics applications which is delivered using Grid Services constructed with 
the Globus Toolkit 4.0.1. It provides users an approach of grid services to impose grid 
resources and customize their own grid applications. We developed a simple program 
which is defined as the client-server application with grid services. It provided users 
an approach of grid services to impose grid resources and customize their own grid 
applications. 
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Abstract. Web service technology has generated a lot interest, but its adoption 
rate has been slow. This paper discusses quality of service issues which is one 
of the contributing factors to this slow take up, and argues that nowadays 
policy, which requires the service providers to ensure a certain level of QoS, is 
not practical and will invoke high business risks. Therefore, we introduce four 
innovating concepts to SOA community, and propose an extending framework 
to ensure on-demand capacity by decoupling classical service provider into 
service logic provider and QoS provider. Moreover, we present a qualitative 
comparison in a typical web service scenario between the model proposed, 
classical SOA and enhanced SOA models introduced by previous publication. 

Keywords: Web Service, SOA, Performance, QoS. 

1   Introduction 

Web Services become the core application in this Internet era. The well-accepted 
framework of web service—Service-Oriented Architecture (SOA) attracts widely 
interest of research, and becomes an important research area. 

The difference between web service and traditional application includes many 
aspects, in which the Quality of Service (QoS) is included. As the important attributes 
which describe the service, QoS helps applying SOA in publishing, discovery and 
binding steps, and it rises as one of the main concerns. 

In order to achieve high QoS, today's policy is burden on the web service 
providers—it requires the service providers to ensure a certain level of QoS. This 
requirement seems reasonable. However, there are some basic problems involved 
which need to be clarified first. Actually this is also some of the reason why SOA is 
still in its infant stage and cannot be deployed widely in general Internet services. 

It is natural that being a provider, it can provide the function, or better say 
functional requirements to the end users. However, it might not be practical for the 
provider to ensure non-functional issues (QoS) at the stage of service publishing or 
even the stage of service discovery and selection. Because: 

 Comparing to functional requirements, QoS requirements are harder to capture 
hence to be satisfied. Although market research could smooth this process, until 
the moment that a customer submits a request and pays for it, the true QoS 
requirements could not be accurately predicted. Therefore today’s policy is not 
cost-effective. 
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 Wide variation of potential customers’ QoS demands makes it a hard problem 
that providing a “certain” QoS level to all customers. Even if the QoS 
requirement could be predicted, in order to satisfy all the potential demands, the 
service provider has to set up an unreasonably high QoS service. However, at 
this stage, there is still no purchase order yet. 

 Moreover, malicious attacks, such as distributed denying of service (DDoS), or 
unpredictable burst workload, such as sports event in video-broadcasting service, 
make today’s policy on QoS worse. 

 Furthermore, there exist some companies, especially the medium or small ones, 
who produce attractive service, yet cannot set up their own servers and thus 
cannot grantee a certain QoS level due to the limitation of funding or other 
business problems. It is obviously that nowadays policy barricades those 
companies contributing to the whole SOA community. 

Therefore, we argue that: 

 Service QoS provision should be decoupled from the service function provision. 
Service function is more focus on the business logic while the QoS is more 
related with the execution environment. 

 A novel mechanism should be established, under which QoS capacities could be 
outsourcing to (or rent from) the third parties. Therefore, we can image that a 
new type of provider, which is called “QoS provider” will appear in the SOA 
framework. 

As a result, in this paper we would like to propose a new methodology to provide 
QoS for services under SOA. It includes four fundamental concepts and a reference 
model. The basic idea is to build a capacity framework for outsourcing. In this 
framework, a service’s logic once moved, or better say, replicated onto the third party 
in real time, can make use of the execution environment to provide QoS.. 

2   New Concepts 

2.1   Requirement Engineering Principles 

In the past software developing practices, no matter the succeed ones or the failed 
ones, requirement analysis has been proved to be a critical stage in the whole software 
life-cycle. A typical scenario is, at the very beginning of a project, the customer 
provided the initial requirements to describe the target features of the output product. 
These requirements are either rough or not well-defined, but reflect the problems 
which customers were facing. Then the software engineers and the customer worked 
together, to polish the initial requirement into a series of well-organized documents, 
and at the same time, customer would put down deposit, thus the risk of developer is 
decreased. Although there would be evolutions and updating of those documents in 
the following stages, the product, or better say solution, was designed and developed 
specifically aiming the requirements. In other words, the requirement engineering 
principles ensures the mapping from problem space to the solution space, thus makes 
the whole process smooth and cost-effective. 

Look back to the workflow of classical SOA. Service providers developed their 
business logic, and published the description and API of this service to UDDI registry 
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first. And then customers submitted service inquiry to registry with their 
requirements, hoping that there would be some services matching those requirements. 
It is obviously that the order of this typical workflow completely conflicts the 
requirement engineering principle which discussed above—it is the mapping from 
solution space to problem space. At the very moment that service providers developed 
and published their service, they got no actual customer yet, and what they own is the 
“potential” customer and “potentially promising” market share. This introduces a high 
risk to those providers. Moreover, the design of services is based on the investigation 
of “potential” requirement which is coarse and sometimes misleading, and such 
uncertainties are likely to harm the solution's cost-effectiveness. 

We observed a very interesting situation in nowadays SOA related industry that 
many successful SOA applications are deployed on the intranet, such as the private 
network in an enterprises or a community. This phenomenon inspired us that one of 
the reasons which contribute to the success is their narrow or implicitly well-defined 
requirements. For example, under EAI, the very area where SOA works well, the 
target customers is almost determined before a service is developed. Furthermore, in 
those small or medium organizations, the smooth and easy communicating also helps 
a lot in clarifying and mining the true requirements of the customers. We believe that 
all of those relieve the hazard due to the lack of requirement engineering principles. 
Unfortunately, the SOA applications which deploy on the public net, or say Internet, 
are still under the suffering. 

2.2   Web Service Decoupling 

For a long time, the definition of term “Web Service” is the integration of 
mainframes, executing web applications and supporting database systems. What is 
more, the applications are pre-deployed on the mainframes. However, we'd argue that 
this integration is not necessary, and the web service could be decoupled into three 
loose-depended parts as follows: 

 Execution Environment. Execution Environment (EE) is the physical entity 
which service running on. It includes not only the execution resource, such as 
CPU, memory and extra storage; but also the networking device, such as router, 
switcher and firewall; and some unique devices which supports special services 
such as high-performance graph card, wave table card and vector processing 
unit. Although those parts mentioned above are mostly the hardware, EE do 
include supporting software such as virtual machine, middleware platform, web 
server, etc. In a word, EE is the platform, which is the common part shared by 
most sorts of web services. 

 Portable Package of Service Logic. Portable Package of Service Logic (PPSL) 
is the business logic of a web service, and it includes the business procedure and 
the implementations of each stages. Due to its executive and portable nature, 
PPSL is neither a simple document which describes the process, nor the binary 
package which does not obey the existing standards. Ideally, each PPSL includes 
a script which helps deploy the corresponding PPSL full-automatically. In a 
word, PPSL is the implementation of business logic, which reflects the 
functional difference between services. 



 On-Demand Capacity Framework 317 

 Supporting Dataset. Supporting Dataset (SD) includes the data or information 
which would be accessed in one instance of service. Typically, SD is a 
perceivable subset in this transaction comparing with the whole dataset which a 
service may manage or utilize, and the size of SD is much small than the size of 
whole set. In a word, SD is the unique part among the different instances of 
same service. 

2.3   QoS Provision 

Under the decoupling of web service, we notice that the functional and non-functional 
requirements are fulfilled by separated parts of service—PPSL and SD together 
implement the business logic thus fulfill the functional requirements, while EE is 
responsible for the capability issues thus fulfill the non-functional requirements. In 
particular, we believe that the QoS of a service comes from two parts: the PPSL 
provides the benchmark in design-time, and the EE enhances the base in run-time by 
providing the on-demand capacity. 

 

Fig. 1.  QoS and its provider. Under the situation that web service could be decoupled into 
Execution Environment, Portable Package of Service Logic and Supporting Data. 

We take the executing time as an example to illustrate the above concept. 
Executing time is an important QoS attributes which is mainly related to the run-time 
performance of a service. On one hand, the base performance is determined in the 
design-time according to the service's architecture and implemented algorithms; on 
the other hand, the capacity reserved for running this service determines how much 
the ultimate performance which user will get is enhanced in the run-time. In order to 
quantify the enhancement which is provided by EE, a package of standard evaluating 
routine should be established. Under those routines, the user's demand on executing 
time could be satisfied by selecting the proper EE and its reserved workload. 

Therefore, based on the decoupling of web service and their roles, the actor “Web 
Service Provider” in the classical SOA could be decoupled into “Service Logic 
Provider” and “QoS Provider”, as the Fig. 1 shows. PPSL and SD belong to the 
service logic provider who designs and implements the solution according to the 
business problem; and the base performance of this service is also evaluated, 
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described and published by the service logic provider. EE belongs to the QoS 
provider who evaluates and describes the enhancement comparing to the reference 
EE. In a word, the service logic provider satisfies functional requirements of 
customer, while the QoS provider satisfies the non-functional ones. 

2.4   Service Function Mobility 

In recent years, content mobility or better say content delivery networks (CDN), has 
been studied and applied widely, and it is proved to be a efficient way to support wide-
spread customers in accessing the central-organized web content by replication [2]. The 
prosperity of nowadays SOA has triggered further research efforts into developing 
advanced web service replication. However, most of the existed works [3] are more 
focusing on the replicating and delivering supporting data, which we've mentioned on 
the above. For example, in a video-broadcasting scenario, the broadcasting service has 
been pre-installed on the edge server, while the video content is replicated real-timely. 
Furthermore, although some papers [4] do have discussed the application replicating, 
they treat the replicating of service logic as no more than a trivial issue, which is not the 
fact. We believe that, according to the service function mobility, at least below issues 
and their solutions should be carefully reviewed and designed. 

 Feasibility. Due to the heterogeneous nature of the Internet, a series of related 
standards should be established to keep the compatibility of EE and PPSL. 
Therefore a well-defined PPSL could be deployed on an arbitrary EE smoothly 
and without modification. 

 Business Relationship. In the practical business world, it is very common to see 
such a scenario that service logic provider SA and SB are competitors, and each 
of them build their own alliance chain which may include several EEs. It is 
obviously that the EE in the alliance of SA is not encouraged or even forbidden 
to support the web service from alliance of SB. Therefore, besides the logical 
compatibility which fulfilled by technologies or published standards, the 
relationship between a service logic provider and a QoS provider should be 
taken into account when making any business decision. It calls for a formal 
language to describe such relationship, or at least to mark the relationship as 
discrete variables labeled “partner”, “neutral” or “competitor”, etc. 

 Re-distributing Management. When a QoS provider QA requires for a PPSL 
from a service logic provider SA, it is easy to image that if other QoS provider 
QB which has deployed that PPSL could share its PPSL with QA, and the 
network latency between QA and QB is short than one between QA and SA, the 
delay caused by replication and deployment may decrease, thus the customer's 
experience will be improved. Therefore, considering the protection of 
intellectual property, the re-distributing management should distinguish the EE 
by at least three kinds of licenses: executable, re-distributable and modifiable. 

 Activating or Replicating. The service function on EE could be pre-installed, as 
the classical web service did, or on-demand deployed. The advantage of pre-
installed service is that there is no replicating and deploying delay. Moreover, 
when pre-installed service has no customer call, it is in hibernation thus cost 
ignorable computation resource. When a customer request comes in, it only 
needs to be activated. On the other hand, since the storage of EE is limited and 
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the on-demand deployment is more oriented thus gains higher cost-effectiveness, 
it needs to make a trade-off between the policy of activating and replicating. 

3   Extending Framework 

3.1   Overview 

The current proposed SOA model for Web services' publishing and discovery is 
concise, yet not powerful enough—it lacks for the QoS representing and publishing, 
nor QoS enhanced service discovery. Recent years, many innovated ideas have been 
applied to these issues. On the other hand, based on the classical SOA framework, the 
on-demand capacity framework which we proposed, is not only aiming to integrate 
QoS information into nowadays SOA, as previous work do, but also considering how 
the QoS is provided. Furthermore, we believe that the latter issue is as same important 
as the former one. 

The main block diagram of ODCF is shown in the Fig. 2. Comparing with current 
SOA model, ODCF has three abstract roles, which called customer, registry and 
provider, too. And the relationship between each abstract role does not change, either. 
As an extension of SOA, ODCF keeps this similarity to make a smooth migration 
from classical SOA. 

 

Fig. 2. On-Demand Capacity Framework 

According to the new concepts “Web Service Decoupling” and “QoS Provision” 
introduced in Section 2, we subdivide roles provider and its corresponding registry for 
fulfilling: 

 Functional Requirements. The service logic providers maintain the portable 
package of service logic and supporting data. They describe the API of a web 
service with WSDL, and publish it to a UDDI registry, as they done in classical 
SOA model. Besides that, as Section 2.3 discussed, the basement of QoS could 
be determined in the design-time, and these extra QoS information should be 
described and published to UDDI registry by the service logic provider, too. 
Moreover, they set up a FTP-like service to support the replication of service. 
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 Non-Functional Requirements. The counterpart of service logic provider is 
QoS provider. They describe the EE's capacity and publish it to QoS registry. 
Due to the high-dynamic nature of QoS attributes, real-time monitoring is very 
important in providing on-demand QoS, and some attributes' recursively 
tracking approach [5] could be adopt. 

Obviously, selecting optimal service logic provider and QoS provider separately 
would not yield an optimal pair for the end user. Therefore, a service matching broker 
is added into ODCF to negotiate and optimize the final output pair. We notice that, for 
service matching broker, the negotiating process needs many rounds of 
communicating with UDDI registry and QoS registry, while the communicating with 
end user is comparatively simple. Consequently the service matching broker is put 
into the abstract role registry considering about performance issues. 

3.2   Publishing and Discovery 

As the extending framework, ODCF inherits the publishing stage, especially the 
publishing of service logic provider, from basic SOA. On the other hand, service logic 
provider should publish base QoS descriptions together with classical web 
descriptions. Therefore, these extra QoS information could be included in UDDI by 
extending “bindingTemplates” block, which locates in “businessService” block, with 
tag “qualityInfo”. Note that in previous works, this technic is used to integrate the 
whole QoS info into UDDI structure, but we now use it to describe the base of QoS 
which the end user will get, and the final QoS is determined by QoS provider. 

The registering of QoS provider is quite same as the one of service logic provider. 
Considering that the UDDI is a well-accepted standard for registering, we adopt the 
technic mentioned above to describe QoS provider’s capability. According to the end 
user, what he needs to do is submitting the web seeking request to service matching 
block along with QoS constrains, which is almost the same as that published works 
[1]. Therefore, the practicability and compatibility could be guaranteed.  

3.3   Negotiation and Optimization 

The negotiation and optimization stage is accomplished by service matching broker. 
As Fig. 3 will show, different strategies will lead to the variant performance of 
ODCF. Furthermore, besides of the capability and resource that a QoS provider own 
and the workload, other issues should be taken into account when designing it. 

 Compatibility. From the technical view point, some service depends on the 
special hardware or software environment which is not common through all EEs. 
Therefore, this issue could be used as a filter to filter out incompatible pairs. 

 Business Relationship. The relationship between service logic provider and 
QoS provider is an important issue in selecting the pairs. For example, in current 
web service, the service logic provider and the QoS provider is the same 
organization, therefore the PPSL and SD cannot be re-deploy to other EEs. 

 Replicating Overhead. Web services are called by customers frequently, thus 
the situation that some candidate pairs have already bind together is very often to 
happen. If such situation occurs, select these pairs will improve the user 
experience due to the avoidance of replicating overhead. 
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Among those non-functional attributes, time is a frequently used one. Therefore, 
we choose the whole time that a transaction lasting as the non-functional attribute to 
illustrate three extreme conditions caused by different optimizing strategies.  

From the view of customer, a complete transaction of a service starts at asking for 
binding, and ends at finishing the task and closing the service client. Consequently, it 
includes three parts: the networking delay due to the service replicating, the execution 
time and the networking delay due to the server-client communication in run-time. 
Note that the first one is related to the size of service package and the speed of 
backbone, and the third one is related to the size of run-time interaction and the speed 
of public network. 

The three extreme conditions are listed bellow, if we only optimize the selection for: 

 Portable Package of Service Logic and Supporting Dataset. This is the 
strategy used in current enhanced SOA model. However, the QoS information 
on the registry is a stable value which is verified in the publishing stage and 
rarely be updated. Hence the requests are redirect to the same service logic 
provider regardless of the network bandwidth or congestion situation between 
customers and provider. It is obviously that the final user experience will quite 
differ with the QoS which provider declared. 

 Execution Environment. If the client machine is so strong that better than other 
QoS providers, then this strategy will leads to such a decision that replicating the 
PPSL and SD to local host, deploying and running on it. Actually, when using a 
video broadcasting service, if the server is a hotspot and could not provide a 
certain playback bit rate, user would better download the video content and 
necessary codecs through FTP or other protocol, and then play it locally. 
However, it does not consider the size of PPSL and SD thus the user experience 
will be poor if the PPSL and SD is too large. 

 Service Matching. In this situation, the pre-installed service will get the best 
evaluation because they have “matched” thus have no replicating delay. And 
ODCF is degenerated to enhanced SOA since there is no replicating at all. 

Therefore, the design of service matching broker should take all these issues 
together in order to find an optimal pair. 

4   Evaluation and Comparison 

4.1   Simulation Setup 

We carefully designed a simulated internet environment. In this typical scenario, the 
whole network is composed by several sub-networks, or known as autonomy systems 
in networking area, which would be maintained by different ISPs. Edge servers, 
which refer to service logic providers and QoS providers in this paper, locate at the 
entrance of those sub-networks, and connect to each other through high speed 
backbone. On the other hand, end users are clustered surrounding those edge servers 
and connect to each other through low speed public network. In order to simplify the 
discussion, all QoS providers are compatible and all service logic providers publish 
the service with same function attributes—of course their QoS base is different due to 
the different implementation. 
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We choose the whole time that a transaction lasting as the non-functional attribute 
in the following discuss, and it has been mentioned in Section 3.3. 

Table 1. Parameters of Simulation 

Parameter Name Value 
Service Logic Provider Number 10 

QoS Provider Number 10 

Customer Number 40,000 

Backbone's speed 10Mbps~100Mbps 

Public Net's speed 28.8kbps~2Mbps 

Demand of Customer (second) 20~300 

Service Size 256MB~1GB 

Interaction Size 1MB~5MB 

We take the reject rate as the measurement to compare different models. In this 
typical scenario, rejection occurs at two different situations. First of all, the service 
request could not be accomplished. It may because of the workload of selected server 
is so high that it cannot accept a new request, or the storage of selected server is full 
that cannot replicate a new service. Secondly, the service is completed, but the time 
exceeds the customer's tolerance. In most of time, customer has a prediction towards 
the time that completing a certain task will cost, and this evaluation could be seen as a 
non-functional requirement. The parameters of scenario are shown in the Table. 1. 

4.2   Comparison 

In this section, we comparing among three kinds of service provision framework, and 
they have different service selecting strategies: 

 Current SOA. There's no QoS concept in current SOA, thus the selection of 
service is barely depends on the functional attributes. Unfortunately, the service 
which appears in this simulation provides the same function. Therefore the 
customer will select a service provider from all providers randomly. 

 Enhanced SOA. It based on the model introduced by Ran [1]. At the publish 
stage, service provider publish their QoS info to the third party called “Web 
Service QoS Certifier”. Hence the customer will select a service provider who 
has the highest claimed QoS, or say, static QoS. 

 ODCF. It will do replicating and deploying real-timely in ``best'' service-pair. 
We here consider two kinds of strategies. The first one, which labeled “ODCF—
I”, selects the QoS provider which locates in the same sub-net as customer 
locates in, then choose the service logic provider who matches this QoS provider 
best. The second one, which labeled “ODCF—II”, selects the best pair by 
exhaustively enumerate all possible pairs. 

The simulation result is show in Fig. 3. It is clear that the looser (the longer the 
time) the customer's demand is, the lower the reject rate is. Moreover, ODCF 
performs much better than both current SOA and enhanced SOA. It is also very 
interesting that even in ODCF different strategy causes a tiny difference on reject rate. 
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Fig. 3. Comparison among current SOA, enhanced SOA and ODCF we proposed 

4.3   Work Characterization 

Different characteristic of services derives different performance of ODCF. In this 
section, we simulate the scenario under variant range of service package size. The 
larger the package size is, the overhead of replicating delay is more significant, hence 
the reject rate is higher. From the result in Fig. 4, we can see that, when service 
package size is too large (in our simulation it is 2Gbytes to 8Gbytes, but it depends on 
other parameters), the performance of ODCF is almost as same as the performance of 
enhanced SOA (see Fig. 3) 
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Fig. 4. Package size and ODCF 

The size of data in server-client interaction also influences the performance of 
ODCF and enhanced SOA. Fig. 5 shows that the less the size is, the smaller  
the difference between ODCF and enhanced SOA is. When the size decreases to zero, 
the reject rate curves of ODCF and enhanced SOA are almost the same, except the 
situation that customer’s demand is too severe. 
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Fig. 5. Interaction size and the performance difference between ODCF and enhanced SOA 

5   Related Work 

The replication of web service is tightly related to the previous content replication 
technologies. A typical example of such a system is a Content Delivery Network 
(CDN) [6, 7]. Accompany with the popular of web service, application replication 
also attracts the research interests [8, 9]. These systems replicate the code at the 
replica servers, but either do not replicate the application data or cache them at the 
replica servers. This limits the system performance as all write accesses need to be 
forwarded to a single remote location irrespective of their update patterns. In the other 
words, they haven’t developed the concept “supporting data” and haven’t discovered 
the relation between web service replication and QoS issues. Another related area of 
our work is capacity planning [10] and workload balancing [11] in system 
engineering. When applying to web environment, a typical application is [12]. It has a 
central controller which schedules the replication of service according to workload 
situation. However, they still burden the QoS issues onto the service provider. The 
“HP Virtual Server Environment” [13] also discussed these issues, but it does not 
invoke those innovative ideas, either. QoS issues have been the hot topic [14] in SOA 
community. Current research focuses on two problems: QoS representing [15] and 
enhancing service discovery stage by utilizing QoS information [16], especially 
semantic information. These technologies could be adopted in the implementation of 
ODCF. For example, DAML-S [15] is a good tool to integrate base QoS attributes 
measured by the service logic provider with WSDL-based description of functional 
attributes. Moreover, WS-Policy [17] based negotiation process [18] should be a fine 
template when designing and implementing the service matching broker. 

6   Conclusion 

Web service technology has generated a lot interest, but its adoption rate has been 
slow. This paper discusses quality of service issues which is one of the contributing 
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factors to this slow take up, and argues that nowadays policy, which requires the 
service providers to ensure a certain level of QoS, is not practical and will invoke 
high business risks. Therefore, the paper introduces four innovating concepts to SOA 
community, which are “Requirement Engineering Principles”, “Web Service 
Decoupling”, “QoS Provision” and “Service Function Mobility”. Moreover, we 
propose an extending framework to ensure on-demand capacity by decoupling 
classical service provider into service logic provider and QoS provider. Furthermore, 
a qualitative comparing simulation is designed in a typical web service scenario. The 
model compared here includes the ODCF proposed, classical SOA model and 
enhanced SOA model introduced by previous publication [1]. 
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Abstract. Nowadays, most of the running P2P file sharing systems, such as 
Gnutella, generally adopt an unstructured topology and flooding search 
algorithms, which facing very serious search efficiency problem. In this paper, 
we proposed a novel intelligent link selection algorithm to address the search 
efficiency problem by exploiting the principle of interest-based locality. 
Specifically, peers continually build new connections with the others peers with 
same interests, this enables peers find its interest files in the nearby ones. In 
addition, in order to avoid adding too many connections in the overlay network 
which may lead the flooding search produce excessive redundant message as a 
consequence, we adopt a dynamic balance mechanism to delete the connection 
between peers which brings the least useful message. The simulation study 
shows our algorithm can significantly cut down the reply path lengths, achieve 
high search success rate with smaller search scope, and reduce the total 
communication cost in unstructured P2P systems.  

1   Introduction 

Today, P2P file sharing is one of the most popular applications on the Internet [13-16], 
which has been widely used by hundreds of millions of people. Among all the proposed 
P2P systems, unstructured P2P systems are popular ones for file sharing due to its 
flexibility on peers joining and leaving and simple search mechanism allowing arbitrary 
criteria. Flooding is the most popular used searching algorithm in an unstructured P2P 
environment, specifically, a query peer simply sends a query to all neighbors, and the 
neighbors will relay the query to their neighbors until time-to-live (TTL) in terms of 
forwarding steps is exhausted or a loop is detected (queries bear a unique ID for this 
purpose). Query results are routed back along the query path to the original requester. 
The main disadvantage of flooding is that there exists extremely high redundancy on 
broadcast messages which causes excessive traffic overhead. 

To address the problems of flooding and improve search efficiency in an 
unstructured P2P environment, many algorithms have been proposed to optimize the 
topology by exploiting the principle of locality. Generally, there are two different 
types of locality: temporal locality, which states that recently accessed items are likely 
to be accessed in the near future and spatial locality which refers that items whose 
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addresses are near one another tend to be referenced close together at a given time. 
Previous algorithms often utilize the spatial locality by choosing a proper position for 
a peer when the peer joins in, and try to achieve high search hit rate in a small search 
scope. In addition to that, these methods should be able to dynamically adjust peer’s 
position after peers have joined in.  

In this paper, we proposed a novel “intelligent” link selection (ILS in short) 
algorithm, which can significantly improve search efficiency and reduce the traffic 
overhead by gathering peers with same interests. As the accesses in a file sharing 
application follow the principle of locality, a peer can find another peer who has the 
same interests by recording and analyzing all successful searching, and build a direct 
connection with it which enables each peer find its interest files in its neighbors. At 
the same time, to avoid adding too many connections in the overlay network and 
make flooding searching produce less redundant messages, we adopt a token-based 
dynamic balance mechanism in which peers cut down the connection that bring the 
least useful message. Our extensive simulation studies have shown that intelligent 
algorithm can significantly cut down the reply path lengths and achieve high search 
success rate with less TTL value, and reduce the total communication cost in an 
unstructured P2P system. 

The rest of the paper is organized as follows: we discuss the related works in 
section 2; in section 3 we proposed the problem background in detail and define link 
selection model; in section 4 we present the results analyzing and comparison to 
related works; finally, we conclude in section 5. 

2   Related Works 

In recent years, many researches have been proposed to improve the efficiency of P2P 
system. Especially, the method by exploiting principle of locality is effective to 
improve search efficiency for the P2P file sharing applications [4][5]. Specifically, the 
principle of interest-based locality refers to the cases if a user is looking for some 
files, and then he/she will probably look for alike files before long; if the user find 
his/her interest files in a node, and then he/she will find others interest files from the 
same node with high possibility. 

The general strategy of exploiting interest-based locality is to form interest-based 
clusters by analyzing the content of peer’s sharing and clustering peers based on the 
same interests. But it is very hard to analyze peer’s sharing well and match the query 
in all kinds of environments as files are different in thousands ways. 

Sripanidkulcha et al. [6] design a content location algorithm that explores common 
interests among peers. Peers that share similar interests create “shortcuts” to one 
another and use them to locate content. When shortcuts fail, peers resort to use the 
underlying Gnutella protocol. Experiment results show that it could significantly 
reduces the search response time and communication cost. However, the management 
of shortcut list increases peer’s load. Furthermore, their algorithm may slow down the 
search response time when the hit rate of the shortcuts is not high enough. We 
compare this approach with our proposed approach in the later experiment section. 

Barbosa M. W. et al. [8] improve the search efficiency by organizing the peers into 
communities which share some of the locally stored files. However the method 
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increases the peer’s degree and the seed of communities have to send many additional 
query messages to find the peer with same interests with it. 

Similar to [6], Hai Jin [7] analyze peer’s sharing content and build shortcut 
between peers with similar semantic characteristics, however, this method requires 
semantic knowledge of applications, which is hard to implement.  

3   Intelligent Link Selection Algorithm 

In this section, we present our intelligent link selection algorithm, which helps reduce 
the searching cost and response path length by wisely adding or deleting links of the 
overlay topology. We first briefly review the background related with the proposed 
method. Then, we propose our algorithm and evaluation model of adding and deleting 
connection. Finally, we discuss the setting of parameters and the load balance 
mechanisms. 

3.1   Background  

As the file sharing in P2P systems is a typical application that follows the principle of 
interest-based locality, if we build a connection in the overlay network between peers 
with same interests, this link would satisfy more searches than the others as users will 
find their interest files though such a link with higher probability, the added links will 
be more efficient than others. If we add a large amount of such links in P2P systems, 
the search efficiency can be improved as a whole. However, in an unstructured P2P 
environment with a flooding search algorithm, continuously adding connections in the 
overlay network will increase the average degree of peer, which raises up the 
maintenance cost of connections as a consequence. Furthermore, more links will 
inevitably make the flooding search produce more redundant query messages and the 
system will become less scalable. 

In fact, for flooding search, not all links are necessary in an unstructured P2P 
environment. For a peer, if one of its neighbors is reachable from another short path, 
it is reasonable to delete the link between the peer to this neighbor, as most query 
message can still be sent to the peer by flooding. In addition, the different links have 
different values for a peer. If a peer always gets result from some links, it is no doubt 
these links are very valuable; whereas a link is useless if it seldom returns a query 
result, and even the query messages it brings can be received from another link. The 
main function of these useless links is bringing redundant messages. Thus, deleting 
links in the overlay network reduces peer’s burden, moreover, it will reduce the 
consumption of network bandwidth produced by flooding too. Like adding link, 
continually deleting link will bring a serious side-effect as well, which would 
inevitably decrease the search scope and search results, even make the peer be prone 
to break away from the overlay network, or splitting network into several parts.  Thus, 
we propose some evaluation models to measure the benefits of adding or deleting 
links in the next section. Fig.1 gives an example showing the effect of adding or 
deleting links. 
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(a)                                  (b)                                (c)                                 (d) 

Fig. 1. The effect of link selection 

As show in Fig. 1, the nodes have the same color means they have same interests, 
suppose nodes would always find files in the peers with same interests and seldom 
success in others. In Fig. 1-a, peers always take a long trip to find its request files. By 
adding some links between peers with same interests, it will make a peer get its target 
files in the nearby (Fig. 1-b), but it brings more connections to the network. In order 
to avoid adding too many links, peer can delete some inefficient links to delete  
(Fig. 1-c). At last, the topology of network is adjusted by the efforts of all peers, 
which achieves high search efficiency than initial situation. 

Both adding and deleting links change peer’s degree, and have some side-effects to 
the system. Nevertheless, determing the approximate number of neighbors for a peer 
is another challenge research issue, which is not the focus of this paper. In this paper, 
we only focus on improving the link efficiency rather than changing link number. We 
integrate the operations of adding and deleting in the overlay network in order to 
improve the link’s usage. The peers with the same interests would be clustered and 
most of searches can find the results in the neighbor peers.  

3.2   Intelligent Link Selection Model 

In this section, we first give the evaluation method for adding link, then deleting link, 
at last, we propose a load balance mechanism.  

3.2.1   Link Selection of Adding Link 
It is essential to find an appropriate approach to discover the search efficiency 
improvement after peers add a link between them. We have designed the following 
three approaches: 

• ILS-FAB (Find and Build): If peer A find its interest file from peer B, immediately 
build a direct connection with peer B. 

• ILS-MB (Most Benefit): every peer evaluates and chooses a peer which will bring 
maximum benefit for the whole system when building a link with it.  

• ILS-MIS (Most Interest Similarity): every peer finds out the peer with the most 
interest similarity to build connection. 
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We discuss the detailed steps for the above three algorithms which are listed as 
follows: 

(1) ILS-FAB: A straight forward approach, explanation is omitted. 
(2) ILS-MB: Peers record all search results from others and all searches that it has 
result periodically, forecast access quantity between peers, choose the link with high 
forecast value (more than a system threshold) as candidate, and then compute the 
benefit of adding link from candidate set accord to the forecasted value and the 
distance between peers. Finally, the peers build links with the one has the most 
benefit.  

Formula (1) is the forecasting algorithm: ( ) ( )
,

f t
x y

 is the actual interaction times 

between peer x and y in time t, and  ( )( , )F tx y  is the forecast value in time t. α =0.33 

here, it is the parameter controls the ratio of contribution of the last statistical data.  

( 1)( , )F tx y + = ( ) ( ),f tx y α× + ( ) (1 )( , )F tx y α× −  (0 1, (0) 0)( , )F x yα≤ ≤ =  (1) 

Formula (2) is used to calculate the total benefits of adding a link： ( , )Dis x y  denote 
two peer’s distance, ( ) ( ( , ) 1)( , )F t Dis x yx y × −  express the direct benefit of adding link, and 

we also consider the indirect benefit that the added link will reduce the search path 
length between x’s neighbor and y as well as y’s neighbor and x. 

( , )Benefit x y = ( ) ( ( , ) 1)( , )F t Dis x yx y × −  + ( ) 2( , ')
( ' ', ' , ( , ') 2)

F t (Dis(x,y') )x y
y Y y x Dis x y

× −∑
∈ ≠ >

 

＋ ( ) ' 2( ', )
( ' ', ' , ( ', ) 2)

F t (Dis(x ,y) )x y
x X x y Dis x y

× −∑
∈ ≠ >

             
(2) 

Every time a peer chooses the peer have the most benefit from candidates and send 
request for building connection, if the other side also considers this peer could bring 
enough benefit compare to others, then a link can be added between them.  
(3) ILS-MIS: Peers use formula (3) to evaluate the interest similarity between peers 
and choose the peers have most similarity to build links. Because the ILS algorithm 
builds links between peers with same interests, peers will have many neighbors with 
same interests, thus it is better for a peer to consider the interest similarity of the other 
peers and neighbors of that peer too.  

( , ) ( , ) ( , )
( , ) * ( ) * ( )( , ) ( , ) ( , )

Qs x y Qs x y Qs x y
S x y P x P yQt x y Qt x y Qt x y= + +  (3) 

Qs is the amount of success query between peers, Qt is the total amount of query 
between peers. P(x) express the similarity between peer and its neighbor, use the 
quantity of success query which gets result in one hop divide the quantity of all query 
it send out. The rest of the steps are the same as those of ILS-MB. 

3.2.2   Link Selection Model for Deleting Link 
Like adding a link, we need to design an evaluation model to measure benefit after 
deleting a link. When we delete a link, first, the deletion needs to guarantee that the 
neighbors will still be accessible through other path after deleting the connection with 
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it; second, we set weigh value for each kinds of message.  A peer will lose all 
messages that come from the deleted link, and different messages have different 
meanings to the peers. The response message is far more important than query 
message; For a peer, the response message it received which satisfy its query or the 
response message it send out which satisfy other’s query are more important than the 
response message just passing through it, we set the weigh value for each kinds of 
message. 

The message received only from a certain connection has its exclusive value of a 
peer, it is the absolute loss of deleting, and the value could represent the weightiness 
for the link. We use the following formula to express the ratio that exclusive message 
takes, m expresses the exclusive message set that a peer received, m’ denotes the 
exclusive message received from a certain link, Wm states the weigh of the message.     

( )Part l i ＝

' ''
m Wmm M

m Wm
m M

×∑
∈

×∑
∈

 (4) 

( )Value li = ( , ) 1 ( )Len x y Part li− ×  (5) 

Formula (5) is used to calculate the total losing of a link deletion. ( , )Len x y  
expresses the path length between peers after deleting links. Every time a peer 
chooses the connection which has the least losing value as the candidates and sends a 
request of deleting connection. If the other side of the connection also considers this 
link have not enough benefit compare to others, then the connection between them is 
deleted.  

3.2.3   The Balance Mechanism and Other Parameter 
In order to stabilize total numbers of links in the overlay network, we propose a 
dynamic balance mechanism which can make deleting correspond to adding. To add  
a link, there is a token produced in the network and attach to the peer which actives a 
request for adding, any peers want to delete a link must have a token first by flooding 
search with the limited range (TTL<=2). The initial value of TTL has important 
function to limit the change of overlay network topology. If TTL=0, then a peer can 
only do deleting after adding link, it has no chance to alter more than one connection. 
When we set TTL=1 or 2, a peer will have the ability to change its degree, but the 
change is easier with search have high initial TTL value. Furthermore, a peer is not 
allowed to have more than one token, and the peer want to add link should have no 
token, if it has one, it must pass it to one of its neighbor. At last, we make the needs of 
deleting are always more than adding by choose proper threshold value of deleting 
and adding. 

4   Experiments and Results Analyze 

To evaluate ILS, we adapt Peersim[9] simulator and choose three types of network 
topologies. One is random link topology in which every peer has same degree 
(express as random (degree)), the other is a kind of Small-World [10] topology 
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proposed by Watt and Strogatz (express as SW(product parameter), and a scale-free 
topology proposed by Barabasi-Albert [11] (express as BA( product parameter)). 

We have built the P2P simulation environment with 5000 (only one with 8000) 
peers, and settled 40000 unique files as the sharing. We assume that all files are 50 
types and each type and file assigned a popular degree value as zipf distribution with 
parameter a = 0.4 and 0.6 separately. There are more unique files with a more popular 
type and more replicates for more popular file.(The type is more popular, the number 
of unique files is larger. This situation is same for file and its replicates.) We assign a 
set of files to every peer as its sharing, and assign another set of files to every peer as 
its interests, a peer will search files within its interest set. While assigning files to peer 
as sharing, we assume that each peer only shares files with several types. We also 
assume that 80% files are shared by 20% peers and 20% files are shard by 80% peers, 
which expresses the differences of peer’s contribution.  Files in each peer’s interest 
set also belong to several types, and the file types have the possibility of 70% chosen 
from peer’s sharing as peers usually share its interest files.  

We conduct the simulation run in cycles, every peer sends out about from 1 to 20 
times flooding search, and afterward every peer orderly executes adding link 
algorithm and deleting algorithm. Though it is impossible to run link selection like 
these in the real world, but the simulation results can totally present the effectiveness 
of link selection algorithm. We set the peer’s upper limit degree as 60, floor limit 
degree as 3, the default initial TTL value of flooding search as 6, and the initial TTL 
value of token search as 2. The weight value of query and three kinds of response 
message are set as 1, 50, 200, and 200 separately. The default threshold value of add 
link for ILS-MIS and ILS-MI are set as 0.48.  At last, every cycle, a peer would at 
most add or delete one link, and we always adopt the data of cycle 8 as the 
performance data. 

4.1   The Effect of Self-parameters  

As discussed in Section 3.2, ILS will significantly improve success rate, reduce ARPL 
(the average reply path length) and communication cost of search. We will show these 
characteristics as followed: 

Experiment 1: what we test is ILS’s impact to reduce ARPL, which could improve 
search quality from a client’s perspective. The results are reported in Fig. 2 and Fig. 3. 
As shown in the figures, the results of many simulations show that ILS could always 
reduce ARPL more than 45%. In the environment of random(5), about 20% searches 
fail at the beginning, for the TTL value of flooding limited search scope. The search 
reply path length distribution of ILS-MIS is presented in Fig. 2 (1-8). At the 
beginning, there are 35744 successful searches and 8310 failure searches, but the 
failure searches continually reduces and vanished finally at cycle 5. The fall of ARPL 
under different algorithm and settlement is presented in Fig. 3. ILS-MIS acquires the 
best effect of three in the same environment, ARPL reduces from 5.95 to 3.248, and 
ILS-MI and ILS-FAB also get 100% search success rate, and ARPL reduces to 3.598 
and 3.685 separately, the difference is that ILS-FAB works more soon than others. 
When we change the experiment setup of ILS-MIS, the results are changed. By 
extending the network scales to 8000 nodes, ARPL reduced from 6.219 to 3.4. With 
the original network scales, by changing the threshold of adding link to 1.0, ARPL 
increased from 3.248 to 3.672, which is 19.3% longer compared with the original 
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method. The lowest curve of random(5) in Fig. 3 shows the result of  applying two 
phase search algorithm, in which the first is flooding search with small scope (3 hop), 
and then flooding with a large scope (6 hop) to locate the target of fail search, which 
get the best improving of search response time, ARPL reduced to 2.8.  
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Fig. 3. Average reply path length of search 

Experiment 2: what we test is ILS’s ability of getting high search success rate within 
very small search scope. The experimental results listed in Fig. 2(1’’-8’’) show that 
ILS could reduce TTL value by two and gain about the same search success rate and 
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results. Because ILS could cluster the peers with same interests, even peers outside 
the search scope, and the searches could get the result which could not be found 
before. In the environment of random(5), the search get 98.9% hit rate with TTL=7 
flooding and 80% hit rate with TTL=6 flooding while not adopting ILS algorithm. We 
use flooding search with TTL=4 to simulate the ILS-MIS, shown in Fig. 2 (1”-8”), 
there are 86.2% searches failed at beginning, and the hit rate increases to 82.1% 
finally. While adopting 5 hops flooding searches, the hit rate increases from 38.5% to 
98.3%.  

Experiment 3: what we test is the effect of ILS to reduce the communication cost of 
search by adopting two phase search algorithm. The results are reported in Fig. 4. 
Compared with single flooding, the performance of two phase flooding search could 
be sufficiently improved by the capability of ILS, getting high search success rate and 
significantly reduced communication cost. In Fig. 4, in the environment of BA(5) and 
SW(4, 0.6) to simulate ILS-MIS, just using singe flooding search, each search takes 
17670 messages in BA(5) and 11707 messages in SW(4,0.6) at beginning, and 
message number becomes 16152 and 15773 separately after ILS’s work. If using first 
flooding with TTL=3 and then TTL=6 to locate the target of fail search, the messages 
taken by each search reduced to 3477 and 3282 separately, and the communication 
cost decreased more than 70% and only 10% loss of results.  
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Fig. 4. Communication cost of link selection 

Experiment 4: what we test is the influence of dynamic of P2P overlay network to the 
ILS. The results are reported in Fig. 2 (1’-8’). We design a churn model to simulate 
such a problem. In every cycle we randomly choose some percent of peers renew to 
build connections use random link algorithm. The new built links number equals to its 
degree before churn (not influence network average degree), and the assigned sharing 
file and interests set are renewed. Adding 5% churn in every cycle in the same 
simulation settlement of Fig. 2 (1-8), ARPL increases from 3.248 to 3.542. 
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Experiment 5: what we test is the influence of different file sharing distribution 
models to the performance of ILS. The results show that ILS would get better 
performance in more imbalances sharing environment, which making peer easy to 
choose the target to add or delete links and gain benefit. But it also brings more 
imbalance of peer degree too. In above experiments, there is not much difference of 
sharing file number in the peers belong to 20% or 80%, such settlement may be a 
littlie unreasonable because there should be more imbalance in peer’s sharing in real 
system. We suppose that peer would share files following Zipf law too, thus there are 
some peers would share far more files than others. The simulation results show that 
ILS-MIS could get better ARPL compared with Fig. 2 (2.935 vs. 3.24). Furthermore, 
supposing there are very serious free riding phenomenon and only 30% peer share 
files, it gets even shorter ARPL (2.868).  
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Fig. 5. Adjustment times of link selection 

At last, we evaluate the cost of ILS itself under different settlement. The 
adjustment quantities of some experiments are shown in Fig. 5. For in most situations, 
the link deleted always equals to link added, so here we only give the number of link 
added. From the result, we could find that ILS-FAB has much more final cost than 
ILS-MI and ILS-MIS, because it has the lowest threshold for added link, so it can not 
guarantee that the efficiency of link added by ILS-FAB is better than the one just 
deleted, even if peer chooses the link with worst efficiency to delete every time, there 
would be many links will be added and deleted, deleted and added. ILS-MB and ILS-
MIS both could get trade-off of cost and performance by settling the threshold for 
adding link.  There are less and less links which evaluation values exceeding the 
system threshold along with time, thus adjustment times would be less and less and 
reach a very low value if only there is no churn in the network. This is the reason that 
the cost of ILS-MIS in Experiment 1 with threshold equal 1.0 has the least cost of all. 
In the environment of random(10), in which peers have higher degree, there are more 
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places to hold same interest peers yet, so it needs more adjustments to get stable 
performance and the highest cost in Fig. 5. At last, the network with churn (Exp4) has 
obviously more adjustment times compared with static environment. Especially, the 
adjustment times would not have distinct decrease later and it keeps steady at about 
2000 times at last, as it is the situation more close to reality, so we could analyze the 
cost of ILS algorithm in real systems accordingly.  

Deleting a link needs to find another path to reach the neighbor by a flooding 
search. Finding the token needs a very small scope flooding search too. Adding a link 
will not take many messages if peer could record the IP address of interacted peers. 
Otherwise, it also needs a flooding search to lookup the peer with its ID. Because 
about 5% peers churn would usually take several minutes in real P2P system, thus the 
cost is totally acceptable for a peer would additionally build a link and delete a link 
every 2.5 cycle time on average.   

4.2   Performance Comparison with Other Methods 

In this section, we conduct some comparisons with ShortCut algorithm [6]. When 
ShortCut algorithm builds an upper overlay network that every peer has 10 shortcuts, 
it would get 53-54% search success rate in the real KaZaA and Gnutella P2P file 
sharing system after one hour. If the number of shortcut is not limited, the search 
success rate would increase 7%-12%. But sometimes the number of shortcut would be 
more than 300, which is unacceptable. If using flooding search with TTL=2 in the 
shortcuts network, the hit rate would be improved, and it also get more results. 

We implement the ShortCut algorithm with the total same experiment settlement of 
ILS. Under the environment of random(5), in which every peer has no more than 7 
shortcuts. Using flooding search with TTL=6 and look up in shortcuts network with 2 
hop, it achieves 68% search hit rate in the shortcuts network, increases the total search 
hit rate from 81% to 86% (the increase would not happen just look up with 1 hop in 
shortcuts network), also reduces ARPL from 5.63 to 3.132, and every peer have 
average 6.04 shortcuts at last. 

Fig. 3 presents the comparisons of ShortCut with ILS on ARPL in the environment 
of random(5) and SW(4,0.6). ARPL got by ShortCut is better than ILS just use 
flooding in random(5)(3.132 vs. 3.248, 3.598, 3.685), but is worse than that got by 
ILS-MIS with two phase flooding search (3.132 vs. 2.79). While in SW(4,0.6), ARPL 
got by Shortcut is obviously worse (2.93 vs. 2.43) than that got by ILS-MIS even not 
adopting two phase search algorithm. The ARPL of ShortCut is obviously inferior. 

Reducing communication cost is the most important effect of ShortCut algorithm. 
The comparison of ShortCut with ILS which adapts two-phase-flooding-search is 
presented in Fig. 4. Obviously, ShortCut works fast and the performance is nearly no 
change after cycle 4. While in the environment of SW(4,0.6), the messages taken by 
every search of ShortCut are almost the same with ILS at cycle 8 and ILS apparently 
could continue to decrease the communication cost afterward. And the effect of 
reducing communication cost of Shortcut is obviously not as good as ILS in BA(5).  

Except all the above, ILS could effectively improve the search success rate and 
ShortCut have little effect of it. Furthermore, ShortCut has additional burden of peer 
to maintain shortcuts list. Thus, ILS has notable advantages.  
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5   Conclusion 

In this paper, we discussed the problem that improving the search efficiency in 
unstructured P2P environment, and proposed a intelligent link selection algorithm to 
optimize the overlay network’s topology based on the principle of interest-based 
locality by adding “high efficiency” connections and deleting “low efficiency” 
connections in balance. It is proved by the simulation that could gather peers with 
same interests into incompact communality, and get very high search success rate 
with very small scope search, it could significantly improve search efficiency both 
improve the search response time and reduce the communication cost, and it have 
notable advantage compare to other related work. 
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Abstract. DHT(Distributed Hash Table) provides a very effective and reliable 
search scheme in P2P networks. However, when the search involves a multiple-
keyword query, it suffers heavy network traffic due to the passing around of a 
large inverted list among P2P nodes. In this paper, we propose Distance-Based 
Pruning technique to cut down the size of the inverted list considerably. It  
utilizes the concept of distance between keywords in the query and removes 
those entries in the inverted list that are going to be dropped sooner or later. We 
prove this prediction is accurate and effective such that it reduces the size of the  
inverted list by 29%. 

1   Introduction 

P2P(Peer-to-Peer) system can be characterized as one with no central server. All par-
ticipating nodes are potential servers, and finding the location of a target document as 
fast as possible is one of the most important and difficult problems in this system. In 
early P2P systems, documents are serviced directly by the servers which own them, 
and a query asking the location of some document has to be broadcasted to all nodes. 
This early technique is called Partition-by-Document and is still being used in 
Gnutella[1], google, Yahoo, KaZaA[2], etc. The query could contain the title of the 
file or keywords in it. For the latter case, the serving nodes manage a local index table 
that maps keywords to documents.  

It is obvious that we need more structured way of managing files to avoid the  
expensive query broadcasting. A Distributed Hash Table(DHT) is used to map a key-
word to the peer responsible for holding the corresponding reverse index. Partition-
by-Keyword uses DHT to store the indices of files, and uses these tables to find the 
location of a target document. It hashes the keyword of a document and stores the 
index of the document (that is its actual location such as URL address) in a node 
which controls the hash table corresponding to the keyword's hash value1. Since a 
document can contain several keywords, the index of this document can be stored in a 
number of nodes. To find the location of a document that contains a keyword x, the 
                                                           
1 How to find the controlling node for some hash value is explained in Section 2 where various 

techniques implementing DHT are surveyed. 
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client peer simply hashes it and send a query to a node which controls the correspond-
ing hash table. 

Partition-by-Keyword is much superior to Partition-by-Document in finding a 
document quickly with given keywords. However it still poses some performance 
problems, especially when the query contains multiple keywords. Multiple keyword 
search is common, and it is known that 71.5% of search queries in Internet contains at 
least two keywords [3]. For multiple keywords, the query should be sent to all nodes 
that control these keywords. Since the inverted lists (lists mapping the keyword to a 
list of documents that contain it) from the relevant nodes need to be combined 
through JOIN operation(intersection), the query is passed around with the inverted list 
being updated at each node. If the first keyword in the query was a common keyword, 
the starting inverted list would be huge, and transmitting this huge list to the next 
node would cause a heavy traffic. Usually the keywords in a particular query consist 
of a set of common words and another set of specific words that occur only in a lim-
ited number of documents. Most of the indices of documents in the starting inverted 
list, therefore, will most likely be dropped through JOIN operation sooner or later.  

It would be beneficial if we can cut down these irrelevant indices from the inverted 
list before transmitting it to the next node. But how can we know which indices will 
eventually be dropped? In this paper, we suggest a technique based on the concept of 
distance between keywords that can remove irrelevant indices from the list. Our tech-
nique is explained in detail later in the paper, and the preliminary result shows the 
technique is very promising. The rest of the paper is organized as follows: Section 2 
explains the basic operations of DHT-based P2P system and surveys searching tech-
niques for multiple keywords; Section 3 explains the proposed technique in detail; 
Section 4 evaluates its performance; and Section 5 gives a conclusion. 

2   Related Works 

DHT-based P2P system[4, 5,6, 7] stores the document IDs and the addresses of the 
owner nodes, represented by a 2-tuple, {document ID, URI of node ID}, in a distrib-
uted way at each node. The document ID is obtained by hashing some unique infor-
mation of each document such as URI, while node ID is computed through hashing its 
IP address. To ensure an even distribution of the identification numbers, a consistent 
hashing technique is used[8]. Since document IDs and node IDs do not always match 
one-to-one, we order the node IDs in an increasing order and store a document ID to 
the first node whose node ID is greater than or equal to the document ID. If we know 
all the nodes that are participating in the current P2P system, it is simple to compute 
the location of the controlling node that has the target document ID -- it is simply the 
first node in the ordered node list. However, a typical P2P system contains a huge 
number of participating nodes and many of the nodes constantly enter or exit the 
system. In this large changing network of nodes, it is very hard to keep track of all 
active nodes correctly. Instead, many DHT-based search techniques adopt a strategy 
where only some reference nodes are remembered at each node, and use them to hunt 
down the location of the target document ID. Which nodes are selected as reference 
nodes varies with the search technique.  
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CHORD[4] is one of the most popular DHT systems. It is an overlay of so-called 
Chord Rings. A chord ring is defined as an ID circle where the nodes are ordered in 
an increasing order in their ID values. As explained above, we can not store the entire 
circle at each node. Chord first divides the ID space into buckets whose sizes grow 
with a power of 2, and at each bucket selects a node with the smallest node ID as the 
reference node. A table, called Finger Table, is used to store all reference nodes. 
Since the ID space is divided into buckets which is essentially a binary tree represen-
tation of the space, the size of Finger Table is less than or equal to log(n), where n is 
the size of the ID space. An example is shown in Figure 1. 
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Fig. 1. Finger Tables and Inverted Lists for a Chord-ring with 3-bit ID space 

The IDs in this Chord-ring, including both document IDs and node IDs, are repre-
sented by 3-bit. Therefore the size of the ID space is 23 =8. To make the situation 
simple, we assume node X is one whose IP becomes X when hashed. Node 2, 5, 7 are 
participating nodes, and node 2 and 5 have files that are shared in this P2P system. 
For example, Node 5 shares a file "matrix.divx" which contains keywords such as 
"matrix", "movie", and "divx". The hash values of these keywords are 7, 5, and 2. 
Consequently the tuple {matrix, URI of node 5}2 will be stored at node 7, {movie, 
URI of node 5} at node 5, and {divx, URI of node 5} at node 2. Each node maintains 
a Finger Table for routing purpose. If we want to find a file containing a keyword 

                                                           
2 For keyword-based DHT, the tuple becomes {keyword, URI of node ID} instead of {docu-

ment ID, URI of node ID}. 
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"matrix", whose hash value is 6, and we are at node 2, the query will be sent to node 7 
because a key with hash value 6 belongs to the last bucket which covers the half of 
the ID space starting from ID 6 ending just below ID 2. Node 7 happens to have the 
{matrix, URI of node 5} tuple, so the URI of node 5 will be sent back to the request-
ing node 2. 

The above scheme can cause heavy network traffic when the query contains multi-
ple keywords. Suppose the query contains two keywords, such as "movie" and "ma-
trix". Again assuming we are at node 2, the query will be sent first to node 5 since 
"movie" is handled by node 5, and the result will be routed to node 7 for a JOIN op-
eration. The result at node 5 contains two URI's, and only one of them finally turned 
out to include both keywords. If the first keyword was a very common word, such as 
"flower", the resulting URI list would have been huge and have caused a heavy traffic 
while many of the URI's in the initial list were not needed anyway and wouldn't have 
reached the final destination. 

Numerous researches have been performed to reduce the network traffic. Multi-level 
partitioning (MLP) transmits the query only to some limited number of peers to de-
crease the traffic. In order to select appropriate peers, the technique divides the node 
space into k logical groups[9]. [3,10] uses Bloom Filter and previous search results to 
compress the intermediate URI list. Bhattacharjee proposed another technique to im-
prove efficiency: result caching[11]. Keyword Fusion[12] uses Fusion Dictionary, 
which contains a set of common keywords, to achieve an efficient searching. 
SCALLOP[13] utilizes a balanced lookup tree to avoid the hot spot problem. In order to 
reduce query overhead, KSS(Keyword Set Search) by Gnawali partitions the index by a 
set of keywords[14]. Hybrid-indexing[15] extracts a set of important keywords from the 
document and utilizes it together with the inverted URI list. mSearch[16] also employs 
Hybrid-indexing, but it defines a multicast tree for each keyword in order to multicast 
the query only to some relevant nodes. pSearch[17] reduces the number of visiting 
nodes for a given query and still achieves high accuracy.  

The above techniques have been successful in reducing the network traffic in some 
aspect, but either the reduction rate is not enough, or they require another type of 
system resource such as memory space. MLP introduces additional cost for commu-
nication between nodes to maintain the grouping information. Using Bloom Filter can 
cause the problem of false positive in which the hit rate varies considerably depending 
on the number of hash functions and the size of the bit vector. The dictionary in Key-
word Fusion takes time to build and needs to be updated frequently, which costs addi-
tional traffic. SCALLOP requires additional storage for lookup table. KSS also causes 
increasing storage overhead as the number of keyword combination increases. The 
multicast tree used in mSearch demands additional space overhead, and Hybrid-
indexing requires additional space to store major keywords for each document. 

3   Distance-Based Pruning 

To resolve a multiple-keyword query in DHT-based structured P2P networks, several 
nodes have to be visited, and for each visit an inverted list containing the URI list 
have to be transmitted for the JOIN operation. The problem is that this list may con-
tain a significant number of irrelevant URI’s (ones which will not show up in the final 
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result). We focus in reducing the size of the inverted URI list by predicting the irrele-
vant entries in the list and removing them before sending to the next node. We can 
predict the irrelevant ones with the concept of distance. We define the distance of a 
key, kn, as 

       distance(kn) = hash(kn) - hash(kn-1), for n > 1 
                                     distance(kn) = -1, for n = 0 

where k1, k2, ..., kn are keys sorted in increasing order of hash values, and hash(kn) is 
the hash value of key kn. According to this definition, the distance of a key in a docu-
ment shows how far this key is separated from the previous key in the sorted key list. 
And more importantly it shows that this document does not contain a key whose hash 
value falls between these two keys.  

We utilize this fact to identify and remove the documents that will be dropped 
eventually from the inverted list. Suppose a query contains three key words, ka, kb, 
and kc, where hash(ka) > hash(kb) > hash(kc). We collect an inverted list with ka by 
sending the query to the controlling node for ka. The list will be huge (suppose ka is a 
common word), and we want to remove irrelevant documents from this list before we 
sending it to the next controlling node for kb. Irrelevant documents are ones that do 
not contain key kb at all. We can identify those documents by comparing the dis-
tance(ka) of each document with the difference between the hash values of two keys, 
that is hash(ka) - hash(kb). If we find a document for which distance(ka) is greater than 
the difference between hash(ka) and hash(kb), it means this document does not have 
key kb as explained above, and we can remove it from the inverted list. 

Figure 2 shows an example. The Chord-ring in the figure contains 32 documents, 
Doc0 to Doc31. Docx is located in node x. Each document contains a number of single 
character keywords. For example, Doc31 contains keywords "f", "j", "k", "t", and "x". 
We assume the hash value of a keyword is its position in the alphabetic order: i.e. 
hash("a") = 0, hash("b") = 1, etc. In this scheme, the two tuples for Doc31’s keywords, 
that is {"f", node 31}, {"j", node 31}, {"k", node 31}, {"t", node 31}, and {"x", node 
31} are distributed to corresponding controlling nodes. Suppose someone at node 2 
requests Lookup(p & t). The hash value of "p" is 15, and the query will first be sent to 
node 15, the controlling node for key "p". The result contains 9 entries as shown at 
node 15 in Figure 2. This list then is sent to node 19, the controlling node for key "t". 
The inverted list for key "t" has again 9 entries. After joining these two lists, we get 
Doc11. This is the document that contains both keywords, "p" and "t". This example 
shows that 8 entries in the original list transmitted from node 15 turned out to be all 
irrelevant ones. 

By removing those irrelevant ones from the list, we can cut down the network traf-
fic considerably. To recognize the irrelevant ones, we add "distance" value for each 
entry in the inverted list making the entry a three tuple as shown in Figure 3. For 
example, the first entry in node 19’s inverted list is {"t", node 31’s Doc31, 9}. This 
means document Doc31 located at node 31 contains key "t", and the "distance" of key 
"t" from the previous key in this document is 9. Since in the current example all keys 
are single characters and their hash values are their position in the alphabet list, we 
can safely assume Doc31 does not contain any key from "l" to "s". Therefore, if Doc31 
was in the first resulting list (the first key in the query was "t"), and the second key 
was a character between "l" to "s", we can remove Doc31 from the candidate list to be 
sent to the next hop. 
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Fig. 2. Multiple-keyword searching in a Chord-ring 

Let’s consider the same example we have used in the previous section. A user at 
node 2 issues Lookup(p & t). We first reorder the keys in the query in ascending order 
in their hash values. The query, therefore, becomes Lookup(t & p), and we send a 
request to node 19, the controlling node for key "t", first. Node 19 selects 9 entries in 
the candidate list as before. But this time, node 19 also computes the difference be-
tween the hash values of the first and the second key, which is 4 since hash("t")=19 
and hash("p")=15, for each entry. Then it remove those in the 9-entry candidate list 
whose distance value is greater than 4: they are entries for Doc31, Doc28, Doc19, Doc17, 
Doc12, and Doc2. The removed documents do not contain key "p" because a distance 
value for "t" greater than 4 means the document does not have key "p", "q", "r", and 
"s". Figure 4 shows explicitly the distances among keywords for Doc31 and Doc25. 
Both contains the first key "t", but the distances of keys for Doc31 in the figure shows 
that the nearest key below "t" is "k" meaning this document can not have the second 
key "p". Doc25 is different: the nearest key to "t" is "s", and we can not be sure this 
document does not have key "p" since we only record distance("t") for Doc25 at node 
19. Therefore we remove Doc31 from the candidate list and 5 other documents for the 
same reason, but not Doc25, Doc23, and Doc11. 
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Fig. 3. A Chord-ring with "distance" value added 

The length of the candidate list is now 3 reducing the network traffic to one third. 
We send this list to the next node which controls the second key, "p". 9 entries are 
selected again as shown in Figure 3, and this list is combined with the transmitted one 
from node 19 through JOIN operation. The result is Doc11. It turned out that 8 out of 9 
entries in the original candidate list were all irrelevant. We were able to filter out 6 of 
them at the first node with the help of “distance” values. 

0 5 10 15 20 2519

tpf j k

Doc31

vi
a

4

Doc25

y

9
14

2 5 1 5

hash range

l n s

-1

-1  

Fig. 4. Distances among keywords for  Doc31 and Doc25 



 Keyword Search in DHT-Based Peer-to-Peer Networks 345 

4   Experiments 

Experiments were performed to measure the reduction rate in network traffic. We 
have modified Chord Simulator[18] for this purpose. The number of nodes was 1000, 
and the average number of keywords per document was 12[19]. A query can contain 
maximum 5 keywords. Figure 5 shows the processing flow in Chord Simulator. The 
traffic generator generates a traffic file to build a Chord network, and the resulting 
traffic is fed into the Chord Simulator. 

To implement our technique, we have modified the traffic generator (to generate 
multiple-key search traffic), Chord-Simulator (to support multiple key search),  
request format, and DocumentList format. 
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Fig. 5. The size of inverted list transmitted during query processing 

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

2 3 4 5

number of keywords

tr
af

fi
c 

pe
rf

or
m

an
ce

 

Fig. 6. Reduction of the size of transmitted inverted list with Distance-based Pruning 

Figure 5 and 6 show the results of our technique. Figure 5 shows the size of inverted 
list generated is much less when our DBP(Distance-Based Pruning) technique is ap-
plied : about 1700 entries in average are removed from the list. Figure 6 shows the 
reduction rate when compared with the Chord. When the query contains 2 key words, 
about 40% decrease can be seen, and this amounts to 29% network traffic decrease. 
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Figure 7 compares storage overhead between Keyword Fusion and DBP. Keyword 
Fusion constantly updates the Fusion Dictionary at each node whenever a common-
keyword is registered. As time goes on, this dictionary will get larger as shown in the 
figure. 
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Fig. 7. Storage overhead in Keyword Fusion and DBP 

5   Conclusion 

DHT is very effective for fast keyword-based-search of a file in P2P network. How-
ever multiple-keyword query has been known to cause a heavy traffic due to a large 
inverted list that has to be passed around. We have proposed a technique based on the 
concept of distance which can cut down the size of the inverted list considerably and 
therefore reduce network traffic. The technique has been implemented by modifying 
Chord-Simulator and shown to reduce the size of inverted list by 29%. 
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Abstract. With the enrichment of digital content over the Internet, more
and more people are using software for content sharing especially for mul-
timedia content sharing, and most of these softwares are on the basis of
P2P architecture which makes good use of high scalability and high effi-
ciency. However, most P2P file sharing systems do not have security mech-
anism to protect intellectual property of authors and issuers. Moreover, it
is difficult to control each peer’s behavior due to its self-control principle
and light-weight server. So we propose a new system based on P2P archi-
tecture for file sharing, to which we apply new DRM(Digital Right Man-
agement) mechanisms. Results have shown that our system outperforms
other systems in features of security, server load and scalability.

1 Introduction

Facing the opportunities and challenges of digital content distribution, authors
and issuers, on one hand, require a system to efficiently and quickly distribute
their works, on the other hand, need mechanisms to protect their intellectual
property and prevent hostile copy and redistribution. P2P file sharing systems
could meet the need of fast delivery, but put weak management and control
on peers, thus increasing the possibilities of spreading pirate and illegal works.
DRM is a technology to distribute digital contents in a secure manner which can
protect and manage the rights of all participants involved. The main focus of
DRM system is to prohibit illegal copy and distribution of digital contents and
to permit only authorized users to access the contents. Thus, DRM is applicable
to P2P content sharing and makes a good complement to P2P system in the
sense of security and management.

However, since most DRM systems are suitable only for conventional client-
server based content sharing, some properties of DRM need to be adapted before
being applied to P2P file sharing system. The principle of applying DRM to P2P
file sharing system is keeping P2P’s advantages of high scalability and easiness in
issuing content as well as developing new controlling mechanism for management,
authorization and supervision. Therefore, some researchers have proposed some
P2P based file sharing systems with DRM mechanism[1][2], others emphasized

H. Jin et al. (Eds.): ICA3PP 2007, LNCS 4494, pp. 348–355, 2007.
c© Springer-Verlag Berlin Heidelberg 2007



Implementing Digital Right Management in P2P Content Sharing System 349

the importance of license management in P2P systems[3][4][5]. Unfortunately,
some of the existing researches implemented most DRM functions in server[7],
thus put so much burden on server and reduced overall performance of the
system. Others keep server light-weight and distribute responsibility of DRM
among peers[8], but system of this kind faces a fatal problems:trusted peers may
perform illegal behavior and there are no supervision mechanisms to restrict
them. Therefore, we propose our method which not only well performs DRM in
P2P file sharing system but also keeps server load in a relative low level.

The rest of this paper is organized as follows: In Section 2, we introduce
related researches and work. Section 3 gives a detailed description of the proposed
system, while Section 4 provides analysis of our system compared with other
systems. Finally, in Section 5, conclusion is drawn and future work is stated.

2 Related Work

In this section, we will introduce existing research related and give a brief com-
parison among existing systems.

Generally speaking, existing research examples can be divided into two cat-
egories. The first category is centralized P2P file sharing system, which has a
server to strongly control each peer’s activity and only uses P2P network for
content delivery. The second category is distributed P2P file sharing system in
which there is a light-weight server or even no server at all, in such a system,
nearly all of the DRM functions exist on the peer node.

Centralized P2P architecture uses existing server-client DRM architecture for
protecting contents. To avoid distributing pirate contents, server has to perform

Fig. 1. Architecture of Centralized System: Suppose Peer C has already begun down-
loading the content. Peer B downloads content from Server, Peer A and Peer C, then
requests a license from Server before viewing the content.
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the function of content storage. When a peer needs to share a content, he has to
upload it to server, after that server will check the copyright of the content, then
publish it onto file list to let other peers download if it could pass the check. There-
fore, this kind of system includes at least three function modules in the server side,
which are file storage module, right issuer module and database module. Right is-
suer module issues license that contains content decryption key and usage permis-
sion or right to the authorized peer. Database module stores peers’ information
and track each peer’s activity. File storage module stores content that uploaded
by peers. Since this architecture relies solely on the server in implementing DRM,
server could be a bottleneck especially when the number of peers turns large.

Fig. 2. Architecture of Distributed System(Supposed Peer C has already begun down-
loading the content. Having registered to server, Peer B downloads content from Peer
A and Peer C, then requests a license from Peer A which is the source of content).

In a distributed P2P architecture, each peer performs the function of a client
as well as a server. Most systems of this kind are without server or having a
light-weight server to process peers’ registry, log in and log out. When a peer
shares a content, it firstly encrypts the content, then generates its own license
and publishes content information onto its own file list and acts as a content
source. Other peers that want to download the content first authenticate with
the source peer, if passed, a normal P2P download process begins. After finishing
downloading, peer will fetch license from source peer to implement decryption
in order to view the content.

3 Proposed System

In this section, we will propose a system based on P2P architecture for file
sharing. Our system is divided into server side and client side.
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Server is a light-weight one, and has only three basic function: (a)processing
peers’ registry, log in and log out; (b)publishing content information; (c)issuing
license to peer who has downloaded the whole content. The first and second
function are similar to those in centralized system, which record basic informa-
tion of peers and keep system in order. However, these two functions do not
increase much payload onto servers as content storage and download services
do. Therefore, compared to centralized system we eliminate the function of con-
tent storage and download services, but compared to distributed system we take
rights of issuing licenses and publishing content information back to the server
side from peers.

Client in the proposed system is a normal peer with a list of functions in addi-
tion: (a)encrypting content; (b)sending content meta data to server; (c)providing
download service to other peers.

To keep the advantage of P2P file sharing system, we adopt FastTrack[6] which
was applied in the Gnutella to support content searching and downloading among
peers. Also, we take advantage of DHT(Distributed Hash Table) which is stored
and published in the server side to help accelerate peer discovering and content
downloading.

Fig. 3. Architecture of Proposed System(Supposed Peer C has already begun down-
loading the content)

A normal process of file sharing is as below and shown in Figure.3:
(1)Peer A has a content to share, at first it registers to server
(2)Peer A encrypts content using CEK(Contents Encryption Key). CEK is

generated uniquely according to Peer A’s private information registered to server.
Peer A generates meta data(eg.file name, file type, file length) of content and
set access rights to the encrypted content. Access rights consist of (a)period of
validity(b)right possessor(eg. peers in the same network segment with peer A)
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(3)Peer A sends meta data and access rights to server in the form of XML
(4)Server generates License according to meta data, access rights and Peer

A’s private information stored in database.A license consists of right object and
CEK. Right object is expressed in ODRL. Server publishes content information
on DHT to let other peers know that Peer A has issued a content.

(5)Peer B discovers from DHT that a content is being distributed. It searches
and obtains encrypted content in normal P2P manner.

(6)Finished downloading encrypted content, Peer B asks server for license.
(7)The proposed system uses asymmetric encryption to distribute licenses.On

receiving Peer B’s request, server encrypts license using public key and send
encrypted license to Peer B.

(8)Peer B decrypts license using its private key, then obtains CEK and right
object. After that, Peer B decrypts content with CEK. Peer B should do with
the content as what the right object has authorized it to.

4 Comparison Analysis of Proposed System

We will compare proposed system with existing systems and give the result of
our analysis in this section.

Table 1. Comparison among three systems in features

Analysis Centralized system Distributed system Proposed System

Server load High Low Fair
Scalability Poor Rather Good Good
Security Good Poor Rather Good
Supervision on peers Good Poor Good
Distributed License None Rather Good Good

In the view point of server load, server in centralized architecture has the high-
est load, while the one in distributed architecture has the lowest. The proposed
system gets a compromise between centralized architecture and distributed ar-
chitecture in view of this feature.Seen from Fig.4, we can see that with the
number of nodes of network goes higher, server in centralized architecture has
more cost of CPU usage than the other two, especially when more nodes get
involved, while other two kinds distributed one and the proposed one remain
almost the same no matter how many nodes are in P2P network. Server in cen-
tralized architecture involves in almost all the functions, so it is easy for the
server to control each peer’s activity and perform functions of DRM. However,
it is not wise to gain DRM mechanisms in sacrifice for scalability of P2P network
and server load. Since distributed architecture with light-weight server is unsu-
pervised and uncontrolled, it could be a platform for spreading pirate and illegal
content. Compared with server in distributed architecture, server in proposed
system takes up the responsibility of issuing license which does not increase
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much burden, since size of license is much trivial compared with multimedia
content. Generally speaking, our system has performed DRM mechanisms while
increased acceptable server load.
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Fig. 4. CPU cost according to number of nodes

In view of security, our system has used asymmetric key for license distribution
and PKI for content encryption. Moreover, each peer has to register to server in
order to get authentication and send meta data together with right information
to server when it shares a content to other peers. Since other peers who require
to download the license is also tracked by server, if a peer has shared a pirate
content, it will be easy to note which peer has downloaded and spread that
content. If a peer has download a pirate content, server will not send it a license,
thus making it impossible to decrypt and view the content. The proposed system
performs good quality of security as centralized systems.

In view of scalability, the proposed system does not involve and intervene
P2P delivery of content, thus well maintains P2P’s nature of scalability and
efficiency. However, centralized system has reduced efficiency in P2P delivery
due to its centralized control and the fact that server is the original source of
content. Therefore, bandwidth and processing ability of server will have a strong
influence on the efficiency of P2P delivery and can be a bottleneck. Fig.5 shows
the time length(in millisecond) between a node’s entrance into P2P network and
the time point it begins downloading file content, which is called preparing time.
It is deduced that the proposed system has achieved almost the same scalability
as distributed one while implements security mechanism which is omitted in
distributed system.

There are some other originalities in proposed system.Peer has been au-
thorized to grant right to other peers, thus provides authors and producers a
platform to spread their works. Moreover, since server participates in critical
processes of content spreading, like accepting meta data and sending license, it
is undisputable for peers who has generated or distributed pirate content to deny
their behaviors.
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Fig. 5. Preparing time according to number of nodes

5 Conclusion

As a file sharing system, P2P architecture has demonstrated its scalability and
efficiency in content delivery, however, to avoid spreading pirate content through
P2P systems, DRM mechanism should be added to P2P file sharing systems.In
our paper, we have implemented DRM mechanisms to a P2P file sharing sys-
tem, which outperform other existing system in the feature of server load and
scalability. Moreover, the system has gained good quality of security through a
series of measures, such as PKI, asymmetric keys and license control.

Our future work will be performing DRM mechanisms in live video streaming
system over P2P network to protect intellectual properties of authors and TV
stations.
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Abstract. Current representatives of Grid systems are Globus and Web 
Services, however, they have poor scalability and single point failure.  It is a hot 
research topic to build a P2P and grid hybrid framework for resource 
management and task schedule. We propose Information Pool Based Grid 
Architecture (IPBGA), which is a real sense hybrid of P2P and grid instead of 
only introducing P2P methods into grid systems for resource management. The 
key of IPBGA, information pool protocol, is presented. In our information pool 
protocol, all of resources and tasks are abstracted into information, and resource 
requests for tasks and task appeals for resources are viewed as information 
services, then grid resource management and task schedule are treated as 
information matching. Therefore, our architecture is very adaptive to 
heterogeneous, dynamic, and distributed grid systems. We use tri-information 
centers for collecting information, which strengthens the robustness of our 
system. Simulation experiments show information pool protocol of IPBGA is 
more efficient in resource management and task schedule, and has less 
bandwidth and processing cost compared with other hybrid P2P systems. 

Keywords: Information aggregation, information matching, hybrid P2P based 
grid architecture, information pool protocol. 

1   Introduction 

The representatives of Grid systems are Globus[11] and Web services[9]. However, 
these systems are based on client/server (CS) mode. As the services are published and 
discovered in centralized mode, they have poor scalability and a single point of 
failure. Thus, many service oriented grid architectures have been proposed, which 
absorb the advantages of pure P2P and C/S modes. In [4], storage nodes periodically 
report their states and file lists to a centralized server that is used to maintain whole 
information. It is not totally decentralized since only nodes request resources in P2P 
mode. In order to provide large-scale intelligent services in knowledge grid, Zhuge, 
Sun and etc. [5] propose to incorporate a semantic overlay with an underlying 
structured P2P network that provides object location and management services, but 
they mainly discuss searching and location algorithms in P2P. In [7], an interesting 
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preliminary work is presented to extend P2P computing with a framework that allows 
Grid computing over the internet. In this five-layer sandglass grid architecture, 
services layer lies above connectivity layer and management layer. However, the 
authors build this grid architecture without using concepts of combination of virtual 
organization and services abstraction, thus the coupling of services and structures is 
very loose. Aberer and etc. [6] introduces a self-organizing P2P system called P-Grid 
which is a peer-to-peer lookup system based on a virtual distributed search tree.  
P-Grid has the advantages of both structure P2P systems and unstructured P2P 
systems. On the other hand, it is not fault-tolerant because of its index tree structure.  

We can see most of the current researches focus on either P2P based algorithms for 
transferring data to reduce the burden of centralized server [8] or utilize P2P routing 
algorithms to locate available resources. Thus, they just adopt P2P mode as an 
improvement to pure grid systems, and introduced P2P mode only into resource 
management aspect of grid systems.  

In our paper, we analyze SOA, P2P, and grid in details, and integrate them together 
to build a fault tolerant architecture. The new architecture we propose in this paper is 
called Information Pool Based Grid Architecture (IPBGA) in which virtual 
organization is separated into information services layer and cooperation layer via 
service oriented method. Information services layer is responsible for collecting 
information for all the available resources, and then builds complete view for shared 
dynamic resources. The structure of information service layer is in P2P mode. 
Through local optimization of autonomous system, nodes can cooperate with each 
other to transfer tasks in cooperation services layer based on the complete view 
provided by information services layer. Therefore, our architecture itself is hybrid 
P2P based grid mode. It is proved that our architecture is robust, and has less 
processing cost and bandwidth cost than other grid systems via simulation 
experiments. 

In section 2, our proposed architecture, IPBGA, is introduced, and the integration 
of IPBGA with SOA and P2P is explained. In section 3, detailed descriptions of fault-
tolerant information pool protocol (IPP) and process of information matching are 
given. The experimental results are presented in section 4. Finally, the conclusion and 
future work is given in section 5. 

2   Overview of IPBGA 

Our goal in describing the new grid architecture is to identity fundamental system 
components, specify the purpose and function of these components, and indicate how 
these components interact with one another. Our architecture and the subsequent 
discussion organize components into layers, as shown in Fig. 1. Components within 
each layer share common characteristics but can build on services and behaviors 
provided by the lower layers.   

Grid available resources are typically described in terms of standard service 
interfaces. We build complete view about resources and tasks among autonomous 
systems via abstracting and encapsulating the resources and tasks into information 
services. 
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Fig. 1. Overview of information pool based grid architecture (IPBGA) 

(1) Physical layer. In our IPBGA mode, physical layer includes both available 
resources and all of dynamic tasks. Resources typically refer to as physical entities 
such as computers, networks or storage systems. Here, resources broadly consist of 
physical resources such as computation capabilities, scientific equipments, and etc., 
and logical resources such as bandwidth, software, applications, and so on. Some 
examples of tasks are computing tasks, data storage, and searching. 

(2) Virtual organization (VO) layer. Grid technologies and infrastructures are 
defined to support the sharing and cooperation of diverse, dynamic, and distributed 
resources in VO. We separate VO into information services layer and cooperation 
services layer via P2P based hybrid grid method. Then, functionalities of management 
and searching of resources are divided correspondingly in order to integrate 
distributed, dynamic, heterogeneous, and autonomic resources and tasks. 

Information service layer. Heterogeneous resources are abstracted according to 
their various capacities for solving problems. Dynamic random tasks are abstracted 
according to their requirements for resources. Abstract resources (AR) and abstracted 
tasks (AT) are maintained in grid service container in IPBGA, as shown in Fig. 1. By 
resource and task describing respectively, the abstracted resources and tasks are 
encapsulated as information services. Information service layer can effectively 
manage the status of resources and tasks. Using P2P structure in this layer, many 
schemes could be provided to guarantee fault-tolerance and QoS. Through grid 
service container, all information are aggregated in information service layer as a 
pool, so we also regard information services layer as information pool protocol (IPP). 
In IPP, their information could be viewed as relative static files after abstraction and 
encapsulation, even though resources and tasks are dynamic. Therefore, processing 
cost is reduced, since the sharing cost of relative static files is less than that of 
dynamic resources and tasks. Nodes exchange information directly without any 
centralized coordinators. Different applications may require different resources 
distribution and task schedule. To deal with this, we adopt multi-autonomous systems.  
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Cooperation services layer. The main responsibility of this layer is to dispatch 
resources and schedule tasks based on information received from the information 
service layer. Nodes cooperate with each other directly without any centralized 
schedulers, which is distinguished from any traditional systems for resources 
distribution and task schedule widely used in grid computing. Free peers locate tasks 
via information exchanged between resource information and task information. This 
layer performs the matching between available resources and task’s requirements for 
resources instead of simply scheduling tasks. As the cost of information transferring is 
low, our mode effectively avoids the abnormal phenomenon called “pingpong” of 
tasks transferring and “hungry” of resources scheduling. 

We separate information management from resources management. The main 
advantage of this separation is that the aggregation of resources information can adopt 
loose and consistent model for resources discovering in grid. The separation also 
further reduces the cost of searching and collecting distributed resources information. 
Through virtual organization, we strengthen the dynamic binding between resources 
and applications. Thus, our mode can support finely granular resources sharing 
crossing different VOs.  

(3) Application layer. In IPBGA, we describe tasks’ requirements for resources via 
abstract description language which is similar with RSL [10, 11] used in Globus. 
Demands for computational capacity in grid computing or requests for specific file 
types in file searching systems are two examples of task’s requirements for resources. 
User interfaces are provided by related programming models and human machine 
interaction schemes. Such grid applications, i.e., e-business and scientific 
computations, are built on top of our service-oriented architecture. 

(4) QoS. QoS is applied to every layer. In grid, “service” broadly involves many 
concepts such as various computing resources, storage resources, networks, programs, 
database and etc. In IPBGA, QoS provides quality guarantee for various services in 
order to satisfy services’ requirements for performance, scalability, and 
manageability. 

3   Implementation Details of IPP  

3.1   Information Aggregation  

Many current researchers present P2P overlay concepts based on semantic-
similarity[2], content-similarity[1] or shared interests[3]. But for the heterogeneous 
and loosely-coupled systems such as P2P, those overlay methods have problems in 
mapping from logical IDs to physical IP addresses, since it has great possibility that 
logical neighbors in one group are very far away from each other, and it may suffer 
long delay in querying and transferring between two peers even though they are 
logical neighbors. In this paper, we propose an efficient scheme to designate an 
appropriate group for each peer. The key idea of our scheme is to construct the 
overlay network by considering the physical underlying infrastructure. Nearby  
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peers join an Autonomous System (AS) according to their physical distances to the 
AS in the network. We also give high priority to active peers which have high 
information exchange frequency.  For example, consider two peers, A and B, A is 
closer to an AS compared with B, so A has more chances to join this AS than B. If A 
and B have the same distances from an AS, and A is more active than B, A also has 
more chances to join the AS than B. We prefer to select the peer with higher 
information exchange frequency in order to avoid the problem that a large 
percentage of clients rely on a small percentage of servers. Each peer must belong 
to exactly one unique AS.   

The idea of the prime meridian or longitude 0 used to describe longitude and 
latitude inspired us. We propose a normative node called origin node (ON) with 
which ASs in the overlay calculate its approximate coordinate in the same virtual 
space. ON is not a permanent node since our overlay is a full self-organising 
architecture; it is mainly used to form the structured overlay considering the physical 
situation. Moreover, ON dissapears when the initial overlay becomes a stable overlay 
in which ASs can keep the structured overlay by themselves. 

We assume that the longer time a node remains active in network, the higher 
successful information exchange ratio is achieved.  Thus, we denote the three nodes, 
which have the top three highest ratios of successful information exchange in each 
AS, as Information Centers (ICs).  Based on the assumption, ICs have high processing 
power and broad access bandwidth. These three ICs are named as A-node, B-node, 
and C-node respectively, and they are connected with each other. ICs cooperate 

with each other to provide the geographical partitioning feature. Therefore the 

problem of fixed landmarks can be avoided since the unavailability of ICs will 

affect only that local region. Other nodes in the AS are called Normal Nodes (NNs), 
whose tasks and resources are abstracted as information. We define the maximum 
number of NNs in each AS is denoted as d. Each node including ICs and NNs has a 
status function which has three kinds of status: free, busy, and normal. The 
information exchange between two nodes called burst trigger mechanism is driven by 
the node whose status is changed from either busy or normal to free but not periodical 
updates.  

The maximum number of peers in one AS is limited to d+3. The AS which has d+3 
peers is said to full. The threshold is used for AS so that the IC’s load will not be too 
heavy to performance abnormally. ASs are grouped into levels, planar spaces in  
Fig. 3. Each level has a threshold (Ai), which is the maximum number of ASs allowed 
in this level. A new level will be created above the previous level to hold more new 
ASs while the number of ASs in the previous level already reaches the predefined 
threshold. Each layer also maintains a threshold (Li) that is the maximum number of 
levels allowed in this layer. When the number of levels in a layer reaches the 
predefined threshold Li, the overlay grows in a three-dimensional space, i.e. a new 
layer will be created above the previous layer to hold new levels. ASs communicate 
with each other via ICs across ASs, levels, and layers, as shown in Fig. 2. In this 

paper, we assume that the overlay has been stable, that is, there is enough 

ASs for self-organizing. 
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Fig. 2. The multi-layer P2P overlay of IPBGA 

As our overlay is formed according to the physical distances among peers, the 
following properties are satisfied. 

o The distance between any two different peers in the same AS is shorter than 
that between any two peers belong to different ASs. 

o In one layer, the distance between two different peers in different ASs in the 
same level is shorter than that between two peers in the different ASs which 
are in different levels. 

o The distance between two different peers in the same layer is shorter than 
that between two peers belonging to different layers. 

A, B, and C nodes have different functions, but they are backups of each other.  We 

denote 
( )( )

( )( )

i j

k tN  as the tth NN, { }dt K1∈ , of the kth AS in the jth level of the ith layer. 

( )( )

( )( )

i j

k AN , 
( )( )

( )( )

i j

k BN  and 
( )( )

( )( )

i j

k CN  denotes the A-node, B-node and C-node of the kth AS 

in the jth level of the ith layer respectively. Our ID naming system is maintained by 
ASs themselves without any global centric controller or distributor. In our protocol, 
each node has a unique global ID since it is located in exactly one AS, one level, and 
one layer. Therefore, it avoids the cheating activity of an AS that may advertise itself 
a fake ID belonging to others. As we see, peers with near logical IDs also have close 
distances. 
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Fig. 3. The hierarchical structure of one layer 

Fig. 3 shows a sample hierarchical structure in one layer. B-node aggregates 

information such as ID, IP, applications, resources, and status from NNs of 

the same AS. Each A-node is connected by at most d lower neighbor level A-

nodes, each lower neighbor level A-node submits the tasks and resource 
information of its ASs to corresponding A-node in upper neighboring level as 

)1)((
))('(

))((
))((

+→ ji
Ak

ji
Ak NN . Thus, the A-node not only backup the information from NNs 

aggregated by B-node in the AS, but also stores NNs’ information in lower 

neighbor level ASs. Node ( )( )
( )( )
i j
k CN   communicates with d  A-nodes in the (i-1)th 

layer. Each A-node connects with only one C-node in upper neighboring layer. The 
A-node also submits ID and IP information of its ASs to corresponding C-node in 

upper neighboring layer as ( )( ) ( 1)( )
( ')( ) ( )( )
i j i j
k A k CN N +→ . Since the distance across layers is 

longer than the distance between levels in the same layer, the possibility of fault in 
transferring large data increases. However, the amount of ID and IP information is 
small and it is suitable to be transferred across layers in order to improve the whole 
protocol’s robustness. All ICs in the same layer use information index structure for 
information aggregation.  

3.2   Routing Algorithm 

The mainly routing algorithm in IPP is an algorithm termed as a two-direction routing 
based on the small world characteristic. The peer (e.g. ( )( )

( )( )
i j
k tN ) receiving the query 

request searches for the information respectively in the upper neighbor level AS (i.e. 
( )( 1)
( )( )m

i j
k AN + ) and the upper layer AS (i.e. ( 1)( )

( )( )u

i j
k CN + ). Meanwhile, the peer also queries the 
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information respectively in the nearest lower neighbor level AS and in the nearest 
lower neighbor layer AS which is closer to the peer. Figure 4 presents the example of 
the routing algorithm in one layer across several levels. Each black node denotes one 
AS. To simplify the description of the algorithm, several nodes are denoted with 
numbers directly and predefined denotations weren’t used. For instance, the node 
labeled 3 means AS 3 which is further denoted as AS3. A5 denotes the A-node in the 
AS5 (other nodes look similar). AS3 is the upper neighbor level AS of AS5; the AS6 

and AS7 are the two lower neighbor level ASs. 
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Fig. 4. The process of information matching 

The querying begins at node 5, the process of routing is performed as follows: (1) 
AS5 searches information stored in B5 and information of NNs in lower neighbor level 
ASs stored in A5 (e.g. information of NNs stored in B6 and B7 is copied as backup in 
A5); (2) according to the simultaneous up and down directions, querying is sent to 
AS5’s upper neighbor level AS (AS3) and to the nearest of the lower neighbor level 
ASs (e.g. AS6); (3) AS3 searches information stored in B3 and the information of NNs 
of lower neighbor level ASs stored in A3 (e.g. in B4), while AS6 searches B6 and its 
lower neighbor level ASs such as B8 and B9; (4) AS1, AS4 and AS8 are new drivers in 
the routing. This process is repeated until the query is accomplished. 

The algorithm is useful as the searching cost is low. It is showed that the expected 
delivery time of our routing algorithm with more long-range contacts is much less 
than 2

2 (log )nα , compared with the decentralized algorithm A that there is only one 

long-range contact and a constant 2α [13]. Another advantage is that since there are 

various peers including various resources in each AS, it is very likely that one peer’s 
requirement is satisfied in the same AS or in only several neighbor ASs. The 
searching diameter is short. Moreover, the overlay combined with the ratios of 
successful information exchange presented in 3.1 can avoid cheating in routing. In 
one AS, NNs are supervised by ICs and other NNs, while every IC supervise the 
others and is also supervised by upper neighbor level ICs. The detailed mechanism for 
preventing cheating will be discussed in other papers. 
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3.3   Information Matching 

Functionalities of Information matching are performed on cooperation services layer 
bases on aggregated information provided by IPP. The cost of information matching 
is low since the cost of transferring is far less than that of task scheduling and node 
processing.  Information matching is implemented via a suit of kernel modules. The 
process of information matching is illustrated as Fig. 5. 

 
Fig. 5. The process of information matching 

Before we give the steps of information matching process, we describe some 
notations in the process. 

Information Requester (Inforq): The responsibilities of Inforqs include submitting 
requirements for information, querying information, deleting, and so on.  

Information Provider (Infopd): Infopd provides information which satisfies the 
demand of Inforq, and monitors status of peers. If there exist peers that do not satisfy 
peers capacity requirements, i.e., load and bandwidth, Infopq will terminate the 
process of information providing. 

The steps of information matching processes are as follows:  

(1) Requirement information is submitted to Inforq;  
(2) Both Inforq and Infopd broadcast their requirements.  
(3) If Information matching is found via P2P algorithm, both Inforq and Infopd 

receive the notification;  
(4) Inforq and Infopd handshake and confirm that they satisfy the requirements 

from each other;  
(5) Inforv and Infosd, which are rigid processes respectively for Inforq and 

Infopd, are created, and communicate with each other for details; 
(6) Infosd obtain instances of information services from service container.  
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In Information pool, there is no centralized controller. Inforq and Infopd directly 
match each other in pure P2P mode. After matching, Inforv and Infosd communicate 
each other directly before transferring actual information in order to avoid the invalid 
information.  

4   Experimental Results and Performance Evaluation 

We conducted our experiments on the 10000 node transit-stub physical network 
topologies generated by using the GT-TTM library[12]. Given every specific physical 
topology, we randomly choose nodes in stub domains from the underlying topology in 
which to place overlay nodes, and compute the latencies of the shortest paths between 
all pairs of overlay nodes. We use these as the distances between nodes in the overlay 
network and as one of the basis of grouping. ICs are selected from transit domains 
based on the distance and information exchange frequency. 

In our experiments we compare the performance of the IPP with a classical hybrid 
P2P system in which there is one super-node and two redundant nodes in each AS.  

 

Fig. 6. Comparing protocols about bandwidth cost 

Fig. 6 presents the comparison among periodical routing in IPP, periodical hybrid 
P2P routing protocol mode and burst trigger mechanism IPP about bandwidth costs, 
where T means times of trigger mechanism performed in one period of time. The  
y-axis represents the instantaneous bandwidth cost measured at each 2000 AS 
partition, and the x-axis represents AS size. In Fig. 6, the curve gradually drops 
because the number of ICs in system decreases by the increased AS size. Therefore, 
communication between ICs across AS decreases and successful searching probability 
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in one AS increases, which results in low bandwidth cost produced by the low-
diameter protocol. Since periodical update has to interrupt peers periodically, trigger 
mechanism used to drive information exchange should be better than periodical 
update. As Figure 6 shows, bandwidth cost of trigger mechanism is less than that of 
periodicity mechanism. And if the less times information exchange is triggered, the 
less system’s bandwidth cost. Hence if node’s threshold can be set up reasonably, 
trigger mechanism of information exchange will be better. The exact threshold will be 
considered in other papers. We compare the processing cost of our protocol including 
periodical and burst trigger mechanism with that of hybrid protocol since AS size 
increases, as shown in Fig. 7.  

 

Fig. 7. Comparing protocols about processing cost 

It is clear that our protocol has much less processing cost than traditional hybrid 
P2P routing protocol. Since there are three ICs in our overlay, each IC’s load is lighter 
than the only one super-node in traditional hybrid structure. And each IC has no extra 
load such as distributing tasks or collecting information but only passively receives 
information from NNs. In addition, each NN need not maintain a routing table about 
other nodes in the same AS. Therefore, the processing cost in IPP is lower. And in 
IPP, information exchange triggered by threshold, has less cost than periodical 
information exchange. 

5   Conclusion and Future Works 

In this paper, we propose a new grid architecture named IPBGA based on VO. this is 
actual hybrid P2P grid architecture. We abstract and encapsulate demands into  
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information services, then aggregate them together. These demands may include tasks 
requirements of resources in resource distribution and resources requirements of tasks 
in task schedule. Thus, the complex jobs of resources distribution and tasks schedule 
are transformed to information matching process in pure P2P mode. We separate VO 
into information service layer and cooperation service layer. The functionalities of 
cooperation service are performed in pure P2P mode based on the information 
provided by information service layer. Simulation experiments show our protocol has 
better performances than those of classical P2P hybrid systems. In the future, we will 
give a detailed description about the abstraction and encapsulation of resources and 
tasks based on RSL-like language. A prototype will be expected to present. 
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Abstract. In this paper, we present a game-based model to analyze
nodes’ behaviors and influence of incentive mechanism on nodes in a
peer-to-peer network in which the altruistic and selfish peers coexist. In
this model, a mental cost is attached to a peer to describe the level of
the peer’s altruism and determine the type of the peer. The merit of
our model is the relation between the equilibrium and incentive mech-
anism(i.e. the influence of incentive mechanism on equilibrium) can be
denoted by an analytic formula directly. Therefore, we can evaluate and
compare the efficiency of diversified incentive mechanisms conveniently,
the network operators can choose proper incentive mechanism to achieve
certain optimal objective.

1 Introduction

Peer-to-peer (P2P) networks have gained a great deal of exposure recently as a
way for a distributed group of users to easily share resources(storage,computing,
content etc). However, peer-to-peer systems are self-organizing networks and rely
on the willingness of individual user to provide resources to other users. Con-
suming network resources without providing resources to the network in return
is commonly known as free-riding. By various measure techniques for network
flow, it has been improved that the free-riding is a prevalent phenomenon in
P2P networks regardless of when and where [1] [2]. Our ability to understand
the behavior of peer and free-riding phenomenon is critical for well development
of the P2P community.

In order to reduce the influence of free-riding behaviors on the performance
of network, a plenty of researches are made and methods are advised to re-
strict the free-riding. Payment mechanism [3] [9] and reputation schemes [13]
[14] are two main methods. These incentive or punitive mechanisms follow a
common principle, that is, the quality of services that a peer can enjoy from the
P2P community is determined by its contributions to the community. The stern
penalty for free-rider is to ignore their requests [5] or to charge users for every
download and to reward them for every upload (i.e. payment mechanism) [3]
[9] in order to achieve the purpose of eliminating free-riding. Nevertheless, too
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rigorous punishment may force some peers to leave the community and hurt the
profits of network operator, because to them, the number of on-line customers
in P2P network may be an important index that measures the system’s value
for the purpose of advertisement. The moderate punishment is to reduce the
probability that the requests of free-riders can get response [5] [6] or to decide
whether to limit free-riders according to the load of the network [4].

When various incentive mechanisms are introduced into P2P networks, game
theory naturally becomes an analysis and mechanism design tool for studying the
P2P network [4] [6] [7] [8] [9] [10]. Game theory studies decisions that are made
by players in an attempt to maximize their returns and in an environment where
various players are interdependent and interactional. In other words, game theory
studies choice of optimal behavior when costs and benefits of each option are not
fixed, but depend upon the choices of other individuals. The P2P network is just
a community that is suitable for game theory. In P2P system, there are games
between peer and peer, peer and network. The game between peer and peer is
typical public good provision and the main consideration in current literatures.
However, most of the models are built based on detailed statistic for each peer
contribution and consumption, and the implementation of complete information
game model needs a plenty of information exchange and consumes too much
network resource to practice eventually. This is also the main problem that game
model encounters in P2P network. Therefore, a more practicable model is needed
for game theory becoming a decision-making tool in the P2P community. The
macro-level and incomplete information game model may be more appropriate
selection.

In our paper, by using game theory, we model the behavior of the peer and
seek to understand how and when heterogeneous peers will contribute to P2P
networks, how behaviors of peers will be influenced by diverse incentive mecha-
nisms, Whether it is optimal that each participant contributes to the network,
and if it is uncertain, then how to select proper incentive mechanism and control
the appropriate proportion of contributors for certain optimal objective. Our
work is more macro-level and more suitable for managerial demand in contrast
to those researches paying attention to single peer’s decision. And that, in our
paper, a intrinsical attribute–the level of altruism of a peer is considered as
the type of the peer. In a P2P system without any incentive mechanism and
from high level, we see that the system treats equally every peer and provides
the same utility to every peer. This angle of view make our model be free of
overloading with details and we can only take the number of contributions in
total network as parameter under certain assumption about cost distribution.
By applying the reduced model, we obtain some results that can not be gotten
from micro-level models. The game models with complete and incomplete infor-
mation are respectively built and the equilibria are discussed. The merit of our
model is the relation between the equilibrium and incentive mechanism(i.e. the
influence of incentive mechanism on equilibrium) can be denoted by an analytic
formula directly. Therefore, we can evaluate and compare the efficiency of di-
versified incentive mechanisms conveniently, the network operators can choose
proper incentive mechanism to achieve certain optimal objective.
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1.1 Related Work-The Application of Game Theory in P2P
Network

In this section, we briefly introduce game-theoretic approaches in P2P network
in related literatures. In [7], a benefit matrix is presented to describe how much
the contribution made by every peer is worth to each other, and based on this,
the utility function of each peer is constructed and a game model is presented
to guide peer decision. [4] models the whole resource request and distribution
process as a competition game between the competing nodes who request file
download from a node synchronously. In [6], the authors model nodes’ activities
as a infinitely repeated game in the P2P network where nodes get services based
on their reputation. In [8], a Cournot Oligopoly game model with dynamic payoff
functions is built and a control-theoretic is proposed for solution to the problem.
In [9], authors classify peers into two types: altruistic and non-altruistic nodes.
A game theoretic model is built to analyze the nodes’ strategies under several
payment mechanisms in a centralized P2P system. These models pay attention
to single peer’s strategy at micro-level and are all complete information game
models which need exchange of global information about all peer behaviors.
Obviously, this requirement is non-practicable in P2P networks where peers enter
and exit at any moment.

In [10], the game model is built from a higher level and slips the leash exchang-
ing information of all peers’ activities and only considers the value of content
that a peer holds. The values of contents provided by peers are ranked and be-
come the types of peers. The authors prove that the peers with higher value
should share and those peers with lower value free-ride in equilibrium, and that
all peers that share content provide the same utility to the other peers in the
network. In contrast to the literatures purposing to eliminate free-riding, the
model demonstrates that it is not necessarily socially optimal to eliminate free-
riding and networks can persist in spite of free-riding. In practice, it is difficult
to valuate the value of content provided by a peer, especially, value of a content
could not be uniform for all other peers and it is not a intrinsical attribute of a
peer. Our model is similar to [10], but a more intrinsical attribute is considered
as the type of peer and more results are obtained.

1.2 Organization of the Paper

The reminder of this paper is organized as follows. Section 2 introduces a the-
oretic framework of game model with complete information and incomplete
information, with incentive mechanism and without incentive mechanism re-
spectively. The selection for incentive mechanism is also presented. Experimental
results are given in Section 3. Section 4 concludes the paper.

2 Theoretic Framework of Game Model

In this section, we first present purely theoretic framework of game model with
complete and incomplete information in the P2P network without incentive
mechanism and with incentive mechanism respectively.
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2.1 Complete Information Game Model Without Incentive
Mechanism

In complete information game, the player’s preference and type are common
knowledge, that is, each player’s profits for each profile decided by actions that
each player selects are common knowledge[11]. In this section, we depict the
behaviors of peers in the P2P network without any incentive mechanism by a
complete information game model.

We consider a P2P network in which the altruistic and selfish peers coexist,
each peer i has unique cost Ci incurred from contributing and acts as the player
of this game. The cost can be explained from following two aspects. On the
one hand, contributing consumes the peer’s private resources, such as storage
space, bandwidth etc., and we call it physical cost. On the other, there are
differences of peers’ altruism levels, the some are altruistic and the other some
could be motivated by self-interest. Obviously, peers with different altruism level
suffer from distinctive mental costs for same contribution, the altruists have
smaller mental cost than selfish peers. In this paper, we take the two costs into
account, under the assumption of the same physical costs for all peers, cost can
be considered as a metric of altruism level of peer.

We utilize a static game model of providing public good to describe the de-
cision of peer in the p2p network. Assume that there are N peers acting as
players of this game and the cost and utility function of each peer are common
knowledge; each player has a set of actions {contribute, not contribute} and Si

denotes the pure strategy of player i; players decide simultaneously whether to
contribute to the public good, and contributing is a 0-1 decision. Si = 0 means
“not contribute” and 1 means “contribute”. In this model, we first do not con-
sider the difference of number of players’ contributions and uniform the number
of contribution to one unit if a player decides to contribute, and in later section,
we will explain its extension to more general situations. In addition, under the
above assumption, the physical cost indicates the resource consumption that one
unit contribution induces and is also assumed to be the same for all contributors.

For the utility that the system provides to peer, from high level and global
perspective, we see that the system treats equally every peer and provides the
same utility to every peer in a P2P system without any incentive mechanism.
Specifically, the utility of peer is involved in not only absolute number of contri-
butions but also relative proportion of contributors in total network. Obviously,
the more contributions there are in the network, the more options peers will have
and the better services players can enjoy. At the same time, the high proportion
of contributors can balance the load of the network, improve the transmission
performance of the network and the response time of peer request. In addition,
a weight factor may be needed to balance the influence of the two aspects on
peer utility. We denote the utility function as U(m,N,d), where m is the absolute
number of contributors, N is the size of the network and d is the weight factor.
Following the general assumption in economics, the utility function U(m,N,d)
should be a increasing function with decreasing marginal utility of sum m of
all contributions in the network. The decreasing marginal utility describes that
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with the growth of contributions, the satisfactory sense of peer for increase of
one unit contribution will decrease.

Strictly speaking, there should be a lower bound m∗ of number m of con-
tributors below that the utility U is zero, it is the lowest level of the system
survival. Therefore, m should take value in [m∗, N ]. In existing systems, this
condition should hold naturally, i.e. there always are adequate altruists such that
the system can survive. In our discussion, this condition can be transformed to
estimation for cost distribution of peer.

Based on statement above, we analyze the behavior of peer and equilibria of
this game. If a peer i selects action “not contribute”, then Si = 0, the payoff is

U0
i = U(

∑N
j=1,j�=i Sj , N, d) (1)

and if the choice of player i is “contribute”, then Si = 1 and the payoff is

U1
i = U((

∑N
j=1,j�=i Sj)+1, N, d)−Ci (2)

Obviously, only if U0
i ≤ U1

i is satisfied, the player i will choose to contribute.
This condition can be further translated into

Ci ≤ U((
∑N

j=1,j�=i Sj)+1, N, d)−U(
∑N

j=1,j�=i Sj , N, d) (3)

where
∑N

j=1,j�=i Sj denotes the number of contributions in the network except
for player i. And as we can see from above formula, there exists a upper limit
of cost C∗ with related to sum of contributions in the network, and only for
those peers with less cost than C∗, contributing is optimal strategy in order to
maximize their benefits. When the cost of peer makes the two sides of Eq.3 be
equal, the peer can select two actions discretionarily. For the sake of simplicity,
in later content, we assume that the peer always selects “contribute” at this
situation. For the equilibrium of this game, naturally we can conclude:

Proposition 1. In this game, there is a pure strategy equilibrium, where the
peers with non-larger cost than C∗ contribute and the others free-ride, and C∗

satisfies following equation

C∗ = U(NC≤C∗ +1, N, d)−U(NC≤C∗, N, d) (4)

where NC≤C∗ denotes the number of peers with non-larger cost than C∗.

2.2 Incomplete Information Game Model Without Incentive
Mechanism

Complete information game model may not be easily actualized in practice be-
cause it is difficult to know the cost of every peer. Therefore in this section it
is assumed that individual cost is distributed according to continuous density
function f(C) with cumulative distribution function F(C) and support [C

¯
, C̄].

The preference of players and inference F(C) are common knowledge. However,
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the cost Ci is the player’s type and is known only to that player. We will look
for a symmetric Bayesian equilibrium.

A pure strategy in this game is a function Si(Ci) from [C
¯
, C̄] into {0, 1}. It is

well known that in models of this type, such as Palfrey and Rosenthal (1989),
there exists a upper bound C∗ such that Bayesian equilibrium strategy is S∗

i = 1
if Ci ≤ C∗ and conversely, S∗

i = 0 if Ci > C∗ for all i = 1, 2, . . . , N [12]. In this
game, the expected payoff of peer i is

EC [Ui] = EC [U(
∑N

j=1 Sj(Cj), N, d)−Si(Ci)Ci] (5)

where C = (C1, C2, . . . , Ci−1, Ci+1, . . . , CN ), EC denotes expectation conditional
on C. The equilibrium cutoff level C∗ must satisfy following equation

N−1∑

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−mU(m, N, d)

=
N−1∑

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−mU(m + 1, N, d) − C∗

The LHS of above equation is the expected profits when the peer does not
contribute and the RHS is the expected profits given contributing. This equation
can be further transformed to

C∗ =
∑N−1

m=m∗

(
N − 1

m

)

F (C∗)m(1−F (C∗))N−1−m × [U(m+1, N, d)−U(m, N, d)] (6)

Proposition 2. In this game, there is a pure strategy equilibrium, where the
peers with non-larger cost than C∗ contribute and the others free-ride, and C∗

satisfies Eq.6.

2.3 Incomplete Information Game Model with Incentive Mechanism

In terms of principle of incentive mechanisms restraining free-riding, the con-
tributors should enjoy high priority service in contrast to the non-contributors
(i.e. free-riders) under any incentive mechanisms. At this situation, the system
differentially treat contributors and non-contributors and does not provide the
same utility to every peer in the network. We introduce a penalty parameter
P ∈ [0, 1] into utility function U(m, N, d) and as a differentiator. For free-riders,
the utility that they can get is only PU(m, N, d), at the same time, for contribu-
tors, the utility could be (1+α(1−P ))U(m, N, d), where α ∈ [0, 1] is a parameter
controlling the extent of contributors’ utility growth resulting from the restric-
tions on free-riders. In an overloaded system, the restrictions can bring bigger
improvement of contributor’s utility in contrast to light-loaded system. Thus, to
some degree, the selection of α depends on current performance of the system.
The penalty parameter P could be seen as the probability that free-riders obtain
their desired services from the system. Note that P=1 corresponds to the situ-
ation where there is not any incentive mechanism and P=0 corresponds to the
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incentive mechanism purposing to eliminate free-riders, such as payment mech-
anism. Therefore, the approach here is a natural extension of the model without
incentive mechanism. In addition, we think the more suitable punishment is to
decide whether to limit free-riders according to the load of the network and P
can be taken as a function of the network load.

At this scenario, the Eq.5 and Eq.6 become to

EC [Ui] = EC [r(S(Ci), P )U(
∑N

j=1 Sj(Cj), N, d) − Si(Ci)Ci] (7)

C∗ =
∑N−1

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−m

×[r(1, P )U(m + 1, N, d)− r(0, P )U(m, N, d)] (8)

where r(S(Ci), P ) =
{

r(1, P ) = 1 + α(1 − P ) if S(Ci) = 1
r(0, P ) = P if S(Ci) = 0

Proposition 3. In this game, there is a pure strategy equilibrium, where the
peers with non-larger cost than C∗ contribute and the others free-ride, and C∗

satisfies Eq.8.

2.4 The Selecting of Incentive Mechanism with Certain Optimal
Attribute

The appropriate incentive mechanism can improve performance and efficiency
of the P2P system. For network operators, they can achieve certain optimal
objective by selecting incentive mechanism. In this section, we will discuss the
selecting of incentive mechanism under our model. Let certain objective function
be W (P, C∗, N), this optimal problem is to decide the equilibrium upper-bound
of cost C∗ by selecting appropriate penalty parameter P and further maximize
the objective function W. This problem is formalized as:

{
max

p
W (P, C∗, N)

subject to Eq. (8)
(9)

Note that the reason that we design optimal objective W (P, C∗, N) as the func-
tion of C∗ is the optimal objective must be related to the number of contrib-
utors in the network, and the number of contributors is the function of C∗.
For instance, under incomplete information model, the expected number m̄ of

contributors can be denoted as m̄ =
∑N

m=0 m

(
N
m

)

F (C∗)m(1 − F (C∗))N−m

In addition, for network operators, the number of on-line customers N (i.e. the
size of network) in P2P network could be an important index that measures the
system’s value for the purpose of advertisement.

3 Experimental Results

In this section, we give an intuition for our theoretic model by an instance and
experimental results.
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Firstly, in terms of the requirements for utility function U in Section 2, we
take U as:

U = β log( 1
N (

∑N
j=1 Sj)d +1) (10)

β is a system parameter tuning the units of utility and cost.
The equilibrium condition corresponding to the Eq.4 under complete infor-

mation and lack of incentive mechanism is

C∗ = β log
1
N (NC≤C∗+1)d+1

1
N (NC≤C∗)d+1 (11)

Assume that the distribution of all peers’ cost is uniform in [0,2], we get
equilibrium point shown in Fig.1. As it reveals, there are about 0.1% contributors
and the proportion may be too low to ensure the network survival. This result
also shows our assumption about cost distribution should imply more altruists.
Fig.2 shows the equilibrium point under the assumption that the cost of all
peers follows normal distribution with mean 1/2 and standard variance 1/5.
The probability that the observation from this normal distribution is less than
0.002 is 0.0232, thus at equilibrium point, there are more than 2% contributors
in the system. This result is more coincident with investigation in [1].

In terms of the Eq.6, the equilibrium cutoff level C∗ under incomplete infor-
mation and lack of incentive mechanism must satisfy following equation

C∗ =
∑N−1

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−m

×β log
(
( 1

N (m + 1)d + 1)/( 1
N (m)d + 1)

)
(12)

We take m∗ as 1% × N and assume that inference F(C) is normal distribu-
tion with mean 1/2 and standard variance 100/467. the Fig.3 reveals that there
are approximate 1% contributors at equilibrium point. Due to the absence of
incentive mechanism, the proportion of contributors is low. Therefore, it may be
necessary to offer some incentive mechanisms in P2P network.

Adopting utility function in Eq.10, the Eq.8 becomes to

C∗ =
∑N−1

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−m

×β
[
r(1, P ) log

( 1
N (m + 1)d + 1

)
− r(0, P ) log

( 1
N (m)d + 1

)]
(13)

If we take the inference F(C) is normal distribution like previous section and
other conditions remain unchanged, the Fig.4 reveals the equilibrium points un-
der different penalty P. Unfortunately, there are non-unique equilibria. There-
fore, further analysis is required to determine which equilibrium will be achieved
in practice. The learning theory of game may be a appropriate tool. In addition,
a deeper study for choosing function r(S(Ci), P ) and cost distribution is also
required. These are our future works and beyond this paper.

Similar to [4], whether to penalty free-riders is decided by the performance of
the network, then P can be taken as a function of proportion of contributors. We
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assume that P=1 (so r(0,P)=r(1,P)=1)when the proportion is more than 50%,
and conversely, P ∈ (0, 1). Thus, the Eq.13 becomes to

C∗ =
∑N/2

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−m

×β
[
r(1, P ) log

( 1
N (m + 1)d + 1

)
− r(0, P ) log

( 1
N (m)d + 1

)]

+
∑N−1

m=N/2+1

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−m

×β
[
log

( 1
N (m + 1)d + 1

)
− log

( 1
N (m)d + 1

)]
(14)

The Fig.5 shows the equilibrium points in this situation and we do some
comparison of Fig.4 and Fig.5. Since the incentive mechanism corresponding
to Fig.4 has nothing to do with the performance of the system and is sterner
penalty mechanism than that in the Fig.5, the equilibrium upper bound of cost
in Fig.4 is higher than corresponding equilibrium point in Fig.5. For example,
when P=0.1 or 0.2, the Fig.4 shows almost all peers must contribute because
the inequality (3) always holds. At the same time, the Fig.5 indicates there are
only about 60% contributors at the equilibrium points.

In our model, the selecting of incentive mechanism is equivalent to the selecting
of P. We solve C∗ as the function of P from Eq.13, and subsequently, substitute
this function into W (P, C∗, N) and determine the optimal P maximizing W. For
the incentive mechanism in Fig.4, the Eq.13 can be transformed to

p
∑N−1

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−m × βlog[((m + 1)d/N + 1)(md/N + 1)]

= 2
∑N−1

m=m∗

(
N − 1

m

)

F (C∗)m(1 − F (C∗))N−1−m × βlog((m + 1)d/N + 1) − C∗ (15)

The Fig.6 reveals the function relation between C∗ and P under the assump-
tion that the inference F(C) is uniform distribution in [0,2]. For incentive mech-
anism in Fig.5, the similar expression can be obtained from Eq.14 directly.
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Fig. 1. Nash equilibrium under uniform distribution, complete information and lack of
incentive mechanism
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Fig. 2. Nash equilibrium under normal distribution, complete information and lack of
incentive mechanism
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Fig. 3. Bayesian equilibrium under normal distribution, incomplete information and
lack of incentive mechanism
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Fig. 6. Equilibrium upper-bound of cost against penalty parameter p

4 Conclusion

In this paper, we present a game theoretic model under complete information
and incomplete information respectively in order to analyze and understand
the behaviors of peers in P2P networks. The equilibrium of the system without
incentive mechanism is contrasted with that of the system with incentive mech-
anism. The result shows that incentive mechanism can encourage more peers
to contribute to the p2P network. In contrast to other literatures that attach
full importance to restraining free-riding, the purpose of this paper is to present
a model that could be used to analyze and understand the behaviors of peers
and effect of incentive mechanism in P2P networks. Especially, our model can
help P2P network operators or designers to achieve certain optimal objective by
selecting proper incentive mechanism.

In practice, our model can be easy adapted to a variety of network circum-
stances by tuning the parameters in the model. For the cost distribution of peer,
an empirical distribution may be used. In previous analysis, we assume that all
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peers only contribute one unit to the network. The simplest extension of the
model is to decompose the peer who contributes more units into serval virtual
peers with one unit contribution and the same cost. Considering the stern pun-
ishment could induce some peers to leave the system and alter the size of the
network, we think that it is required to design analytic model based on dynamic
game theory, and it is our future work.
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Abstract. We propose a source peer selection algorithm which efficiently 
chooses peers as sources from a set of peers having the requested file in a 
hybrid P2P file sharing system. Our proposed algorithm considers the energy 
factors as well as the communication issues and the peers’ contribution to the 
file sharing system. The core idea of our algorithm is to minimize the workload 
of the wireless peers, and to leave those jobs to cable connected peers which are 
much stronger than wireless ones. We validate our algorithm through 
comprehensive simulations, which show that the algorithm works correctly and 
effectively.  

Keywords: Energy Efficient, File Sharing System, Hybrid P2P, Source 
Selection. 

1   Introduction 

Peer-to-peer (P2P) file sharing systems are becoming more and more popular 
throughout the world. It is said that about 30 percent of the internet traffic is peer-to-
peer related by the end of the year 2004 [1]. Moreover, Researchers from University 
of California believe that P2P will continue to develop despite the lawsuits against 
music and movie sharing systems in recent years [2]. P2P file sharing systems are 
appealing to many people due to the following reasons [3]. Firstly, by weakening or 
eliminating dependency on centralized point, scalability is improved. P2P techniques 
reduce the risk of system failure as compared to centralized systems. Secondly, 
elimination of the need for a powerful and stable infrastructure on a central point 
greatly reduces the cost of a system. Workload is assigned evenly amount network 
connections. Finally, P2P file sharing systems enable the resource aggregation. On the 
other hand, wireless network techniques, including 3G networks, Wi-Fi, WiMAX and 
Bluetooth, are developing extraordinarily fast in recent years.  

Therefore, it is very attractive to combine cable connected P2P techniques with 
wireless techniques, in a system we name hybrid P2P. (The definition of hybrid P2P 
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in this paper is very different from [3], where a hybrid P2P system is defined as a P2P 
system with some servers.) In fact, the goal of accessing the P2P systems anytime 
anywhere can be achieved only by adding wireless networks to the existing file 
sharing systems. However, there are a number of problems to be solved such as the 
energy problem, the communication problem and the contribution measurement 
problem. The major problem is the energy of the wireless end devices. It is known to 
all that P2P file sharing processes are very energy consuming, and in many cases, 
time consuming as well. This problem may not influence cable connected devices 
very much. However, it indeed bothers wireless devices, which are energy sensitive. 
Limit of communication resources, i.e. relatively narrow and expensive air interface, 
is another factor that limits the use of wireless P2P. The situation will continue for 
many years according to the level of present wireless techniques and the 
governments’ radio policies. 

Trying to solve the above problems, we propose a model that would guarantee 
communication and data sharing between wired and wireless peers considering 
energy, communication and contribution issues to hybrid P2P file sharing systems. 
The main idea of our algorithm is to minimize the workload of the wireless peers in 
hybrid P2P file sharing systems, leaving as much work as possible to cable connected 
peers. We design a marking system in our algorithm, in order to successfully 
implement our core idea. Wired devices have great power in computation abilities and 
storage capacities, while wireless end hosts have the advantages of entering networks 
any time anywhere. The ultimate goal of our model is to take advantage of both wired 
and wireless techniques. 

For example, when a peer p requests file f, it asks to its peers in the group, ‘who 
has f’? Some peers respond, ‘I have’. Traditionally, p checks the energy, 
communication and contribution conditions of these qualified peers, and then chooses 
the best peer or a group of peers from the affirmative peers. However, due to the 
limitation of energy of the wireless devices, special policies should be implemented to 
protect the weak and precious wireless peers from dying early due to heavy load. 

The rest of the paper is organized as follows. Section 2 introduces relevant research 
in P2P and wireless techniques. In section 3 we propose our source peer selection 
algorithm in hybrid P2P file sharing system. Some simulations are shown in section 4, 
and we conclude the paper in the final section. 

2   Related Work 

A lot of research on P2P applications has been published. A review by Milojicic, and 
Kalogeraki et al. suggested that P2P applications can be divided into three 
dimensions: distributed computing, file sharing, and communication and collaboration 
[3]. They further studied that there are three kinds of P2P algorithms that are 
commonly used: centralized directory model, flooded requests model, and document 
routing model. 

On wireless techniques aspect, Wireless Grid is a hot spot, where many groups are 
interested in this topic. Foster et al. believed [4] that Grid is a way of ‘flexible, secure, 
and coordinated resource sharing among dynamic collections of individuals, 
institutions and resources.’ Agarwal, and Gupta et al. defined [5] Wireless Grid to be 
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‘an augmentation of a wired grid that facilitates the exchange of information and the 
interaction between heterogeneous wireless devices.’ 

In wireless networks, great improvement has been made. Ohrtman published a 
detailed introduction to IEEE 802.11 standard on how to transport voice over the 
standard [6]. Dan O’Shea suggested that IEEE 802.16 and its commercial edition 
WiMAX are going to rule the wireless networks in future [7], while Wongthavarawat, 
and Ganz et al. proposed a Quality of Service (or QoS) aware packet scheduling 
mechanism that satisfies the need of different kinds of data flows [8]. Jia implemented 
the 3G-324M protocol stack to transmit real-time video, audio and data between the 
Internet and 3G networks [9]. 

Some research groups are interested in wireless P2P techniques. Leung and Kwok 
proposed a decentralized and dynamic topology control protocol called TCP2P to unify 
the energy efficiency, fairness and incentive factors of the P2P file sharing networks 
[10]. Bordetsky et al. designed two experiments to the problems in wireless P2P 
collaborative learning, and gave a solution for improving them [11]. Kang and Mutka et 
al. proposed an interesting P2P data download structure for 3G networks [12]. 

3   Our Proposed Algorithm 

3.1   Introduction to Hybrid P2P File Sharing Systems and the Position of Our 
Algorithm 

We need to clearly define the terms used in this paper. We define a wired peer as a 
peer in a P2P file sharing system that runs on a wired end device implementing wired 
network techniques, such as Ethernet. Similarly, we define a wireless peer to be a 
peer in a P2P system that sets up on a wireless device implementing wireless network 
techniques, such as 3G and Wi-Fi. A hybrid P2P file sharing system is then defined as 
a P2P application that has both wired peers and wireless peers. 

Generally speaking, a P2P file sharing system operates three main protocols: a 
resource lookup protocol, a source peer selection protocol and a file transport 
protocol. A resource lookup protocol is used when a peer requests a file from the file 
sharing system. Then a peer selection protocol is executed to choose a peer or a set of 
peers from the group of peers that have the requested file. Lastly, the P2P file sharing 
system implements a file transport protocol to transport the file from the chosen 
source peers to the requested peer in time. 

The selection of the source peer selection protocol is critical to the performance of 
a P2P file sharing systems. A good source peer selection protocol can dramatically 
accelerate the speed of file download, and minimize the consumption of networks 
resources. Our proposed algorithm is located at the source peer selection protocol in 
hybrid P2P file sharing systems. 

We all know that P2P file sharing systems are located at the application layer. 
Ideally, we do not need to distinguish between wired peers and wireless peers. 
However, as we have mentioned above, wireless end devices have some intrinsic 
characteristics, such as finite energy compared to wired ones, shortage in both 
computation and storage capabilities, and limitations of air interfaces and so on. 
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Therefore, in a hybrid P2P file sharing system, the peer selection protocol should fully 
consider the advantages and disadvantages of wireless peers so as to get a better 
performance of the file sharing system. 

In our algorithm, we design a special peer structure. Peers in a hybrid P2P file 
sharing system are equally treated except that we add a Classifier attribute to each 
peer. The value of the Classifier attribute is either wired or wireless. Thus, at the 
initialization phase or peer entering phase, each peer is assigned a peer ID and a style 
value based on the network access mechanism of the end host. The model is depicted 
in Fig. 1. The goal of our model is to protect wireless peers from heavy workloads 
and accent the advantages of their mobile characteristics. To achieve the goal, many 
factors should be considered, including energy issues, communication expenses, and 
contributions of peers to the system. 

Wired Networks

P2P Apps

Network Layer

P2P Apps

Network Layer

P2P Apps

Network Layer

Network Layer

P2P Apps

Network Layer

P2P Apps

Network Layer

P2P Apps

(ID = 1 Classifier = wireless) (ID = 2 Classifier = wireless) (ID = 3 Classifier = wired)

(ID =6 Classifier = wired) (ID = 5 Classifier = wired) (ID = 4 Classifier = wireless)

A Hybrid P2P File Sharing System

Wireless Networks

 

Fig. 1. The proposed structure of hybrid P2P file sharing systems 

3.2   Factors to be Considered 

3.2.1   Energy Mark System 
The energy level of the host is a crucial factor. For wired end devices, we suppose 
that their energy is infinite. For wireless end devices, however, the energy policies are 
important. A good source peer selection policy is very likely to postpone the ‘death’ 
of precious and expensive wireless peers. 

For a file doc, we define destination peer to be the peer that requests doc, and 
define source peers to be the peers that have doc. The energy consumption is divided 
into two categories: the process consumption and the transport consumption. 

For a hybrid P2P file sharing system, the process consumption of a peer, i.e. the 
energy spends to process the resource lookup protocol and the source peer selection 
protocol, is trivial compared to the transport consumption, i.e. the energy cost of 
transporting files from the source peers to the destination peer. Therefore, we omit the 
process consumption. 
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For transport consumption, we suppose that the energy cost to send a file doc from 
the source peer pi to the destination peer pj is proportional to the file size of doc. We 
therefore set an array Energy[1..N] to represent current energy level of each peer in 
the file sharing system, where N is the total number of living peers. Let MaxEnergy be 
a constant. Without losing of generality, the energy space is divided into three 
sections from   -∞ to MaxEnergy, named the dead section, the wireless section and 
the wired section respectively. Let Energy[i] be the current energy level of peer pi. If 
Energy[i] = MaxEnergy, then pi is the wired peer; if 0 < Energy[i] < MaxEnergy, 
then pi is a living wireless peer; if Energy[i] ≤ 0, then pi is a dead peer, and we 
eliminate it from the file sharing system instantly. 

Suppose pi transmits the file doc to pj, which reduces the energy value of Energy[i] 
and Energy[j]. Energy[i] subtracts a certain value as follows: 

)(][][ docsizeiEnergyiEnergy ⋅−= α . (1) 

where size(doc) is a function which returns the size of the file doc and α is a scale 
parameter which describes the ratio of the size of the transmitting file to the reduction 
of the energy level in the source peer pi. Energy[j] subtracts a certain value as 
follows: 

)(][][ docsizejEnergyjEnergy ⋅−= β . (2) 

where β is a scale parameter which describes the ratio of the size of the transmitting 
file to the reduction of the energy level in the destination peer pj. 

3.2.2   Communication Mark System 
Communication is very important for both wired and wireless peers, especially 
wireless peers, because of the limitations to wireless bandwidth resources. Peers in a 
hybrid P2P file sharing system are geographically separated, which are connected 
through wired and wireless networks. Therefore the connection qualities may be 
extraordinarily different from each other, which is the reason why we take 
communication issues into consideration. Generally speaking, three factors need to be 
considered: the size of the file to be transported, the bandwidth of the connection and 
the lag between the establishment of connection and the start of the file transportation. 

The larger the bandwidth of the connection, the less the communication time 
would be used. And the size of the file doc is proportional to the communication time. 
We can therefore calculate the time needed to deliver doc from the source peer ps to 
the destination peer pd as follows: 

sd
sdsd bw

docsize
lagtime

)(+= .
 

(3) 

where bwsd is the bandwidth between ps and pd, and lagsd is the expected time lag 
between the connection establishment of ps and pd and the start of the file 
transportation. 

In a hybrid P2P file sharing system, time is the definitive factor that influences the 
performance of a connection. Suppose pd requests doc, and there are M peers ps1, 
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ps2,…, psM which have doc. Define timesdk as the time needed to successfully transmit 
doc from psk to pd, and define larTime as follows: 

)max( sdktimelarTime = . (4) 

where k = 1,2,…,M. We hereby need an array Commundoc[M] to compare the 
transportation capabilities of the M connections: 

larTime

time
dkCommun sdk

doc =][ .
 

(5) 

3.2.3   Contribution Mark System 
‘Why should I help you?’ is frequently asked in P2P applications. If a peer contributes 
to the file sharing system very much but receives nothing in return, it would become 
‘selfish’. In our approach, we define a contribution mark system that objectively 
evaluates the contribution of the peers in a hybrid P2P file sharing system. At the 
beginning, every peer is given an initial score. When the source peer ps transmits a 
file doc to the destination peer pd, ps’s score increases by certain points pt based on 
the size of the file transferred. Meanwhile, pd’s score decreases by pt. 

Considering the special situations in hybrid P2P file sharing systems, we should 
provide some preferential conditions. If pi is a wireless peer, its score goes up more 
than a wired peer does for equal workloads. Let Φ (Φ>1) be a constant, for a file doc, 
if pt is the score earned by a wired peer for transporting doc, then pt⋅Φ is what a 
wireless peer would gain for transmitting doc. Correspondingly, if pj is a wireless 
peer, when it receives doc from other peers, pj’s score decreases by pt/Φ. We define 
an array Contri[N], where N is the total number of peers alive in the file sharing 
system, and Contri[k] is the current contribution score of peer pk, k=1,2,3,…,N. 

3.3   The Decision Function 

The decision function is a combination of the energy mark system, the communication 
mark system and the contribution mark system. Suppose the destination peer pd requests 
a file doc, and there are M peers ps1, ps2,…, psM that have doc. Therefore there are M 
possible connections to transmit doc to pd. Define peerSet as: 

)},(),,(),,{( 21 sMdsdsd pppppppeerSet L= . (6) 

where (pd, psk) represents the connection between pd and psk, k=0,1,…,M. We need an 
array FinalMark[M] as follows: 

][][

][][

kContriMarkkCommunMark

kEnergyMarkkFinalMark

contricommun

energy

⋅+⋅

+⋅=

ηη
η

. 
(7) 

where ηenergy, ηcommun and ηcontri represent the relative importance of the three factors, 
and FinaMarkl[k] is the mark of the connection (pd, psk). EnergyMark[M], 
CommunMark[M] and ContriMark[k] are derived from Energy[N], Commundoc[M], 
Contri[N] respectively, as shown in Fig. 2.  



386 J. Li et al. 

 

Fig. 2. The pseudo code of the decision function (DF) 

We choose the connections from peerSet based on FinalMark[M]. All the 
connections of peerSet whose corresponding FinalMark[M] value are larger than a 
threshold value would be chosen to transport the whole or part of doc. If not a single 
connection meets the requirements of the threshold, then we choose the connection 
with the highest FinalMark [M] value. The pseudo code of the decision function is 
depicted in Fig. 2. 

3.4   Our Proposed Source Peer Selection Algorithm 

Our source peer selection algorithm is executed after the resource lookup procedure and 
before the file transportation procedure. Therefore, we know exactly the destination peer 
pd that starts the lookup function of the file sharing system. We are also fully aware of 
the set of peers that have the requested file doc, which we name sourcePeerSet. 

Decision Function 
Input: 
doc: the requested file of the destination peer. 
peerSet: the set of all the possible connections for file doc. 
Output:  
resultSet: the set of connections chosen to transport the file doc. 

1: i = 1; 
2: M = the number of possible connections for doc; 
3: while i≤M do 
4: con = the ith connection of peerSet; 
5: src = the source peer of con; 
6: EnergyMark[i]=Energy[src]; 
7: CommunMark[i]=Commundoc[i]; 
8: larScore = the largest contribution score of the source peers 

of peerSet; 
9: ContriMark[i]=larScore-Contri[src]; 

10: ][][

][][

iContriMarkiCommunMark

iEnergyMarkiFinalMark

contricommun

energy

⋅+⋅

+⋅=

ηη
η

; 
11:i++; 
12:end while; 
13: j = 1; 
14:while j≤M do 
15:if FinalMark[i]≥threshold 
16:add the ith connection to the resultSet; 
17:end if; 
18:end while; 
19:if no value in the array FinalMark[M] is larger than 

threshold 
20:add the connection with the largest FinalMark[M] value to 

resultSet; 
21:end if; 
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Suppose the size of sourcePeerSet is M. Initially, the algorithm establishes 
connections between pd and the peers in sourcePeerSet. The resulting set of 
connections is named as connectionSet. Within each connection, the algorithm detects 
the connecting time lag and the bandwidth available to transport the file doc. It also 
records the energy level and the score of the contribution system of the destination 
peer pd and the peers in sourcePeerSet. 

 

Fig. 3. The pseudo code for the proposed source peer selection algorithm 

The algorithm then inputs the connectionSet and the requested file doc into the 
decision function. The decision function outputs a resultSet that contains the 
connections chosen to transport doc. After that, algorithm adjusts the energy level of 
both pd and the peers in sourcePeerSet: decreases the energy level of wireless peers 
according to the size of the file it transmits or receives; does not change the energy 
level of wired peers because their power are considered infinitive. Meanwhile, the 
algorithm increases the score of the contribution system of the peers in sourcePeerSet, 
and decreases the destination peer pd’s score based on the size of the file transported. 
Last but not least, the algorithm eliminates the peers whose energy levels are equal to 
or lower than zero. The pseudo code for the algorithm is shown in Fig. 3. 

4   Simulations 

4.1   Simulation Establishment and Parameters Selection 

In this paper, a Java-code simulator was established to evaluate the performance of 
the proposed algorithm. The major goal of our algorithm is to minimize the workload 
of the precious wireless peers. Therefore, the percentage of dead wireless peers by the 
end of the simulations is what we were concerned about. We aimed at investigating 
the impact of the decision function defined in our source peer selection algorithm. 

Input: 
doc: the requested file of the destination peer; 
pd: the destination peer; 
sourcePeerSet: the set of peers which have doc; 
Output: 
resultSet: the set of connections that are chosen to transport doc; 

1: for each peer ps in sourcePeerSet 
2: set up a connection between pd and ps; 
3: detect the bandwidth of this connection and the connecting 

lag; 
4: add this connection to connectionSet. 
5: end for 
6: resultSet = DecisionFunction (doc, connectionSet); 
7: change the energy level and contribution score of all 

the peers taking part in the file transfer procedure 
according to the regulations described in Section 3.2 of 
this paper. 
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In the hybrid P2P file sharing system, the total number of peers in the hybrid P2P 
file sharing system was set to 500, where all the peers were supposed to be one-hop 
connected. The bandwidth of a connection was uniformly selected between 0.1 to 
1.0Mbps, and the connecting lag was from 0.1 to 5 seconds. The size of the file was 
randomly selected between 0 and 10M. After executing the decision function, the 
workload was evenly separated among the source peers that were chosen to transmit 
the requested file. The ratio of the scale parameters α and β for the source peer and 
the destination peer was 1:0.7. 

For the sake of simplicity, the marks of the arrays EnergyMark[i], 
CommunMark[i], ContriMark[i] and FinalMark[i] ranged from 0 to 100, and the sum 
of the three relative importance factors ηenergy, ηcommun and ηcontri was set to 1, where 0 
≤ηenergy, ηcommun, ηcontri ≤ 1. 

4.2   Simulation Results 

Fig. 4 shows the relationship between the number of files transported and the 
percentage of the dead wireless peers. In Fig. 4 (a), (b), (c) and (d), 80/60/40/20 
percent of the peers were wireless peers, and the threshold value was 75. In the four 
charts, ‘80%’ means that the relative importance factors ηenergy, ηcommun and ηcontri are 
0.8, 0.1 and 0.1, respectively; ‘40%’ means that ηenergy, ηcommun and ηcontri are 0.4, 0.3 
and 0.3, respectively; “0%” means that ηenergy, ηcommun and ηcontri are 0.0, 0.5 and 0.5, 
respectively. From Fig. 4, we can see that the precious wireless peers tend to ‘die’ 
much more quickly if we do not consider energy issues as a major factor to the 
performance of the hybrid P2P file sharing system, which proves the ability of our 
proposed source peer selection algorithm to protect wireless peers. 
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(a)   80% of the peers are wireless peers. (b)   40% of the peers are wireless peers. 
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(c)   60% of the peers are wireless peers. (d)   20% of the peers are wireless peers. 

Fig. 4. Percentage of dead wireless peers 
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Moreover, comparing the four charts of Fig. 4, we discover that the decrease of the 
proportion of wireless peers leads to a decrease of the percentage of dead wireless 
peers. This phenomenon is easy to be explained, since the less the number of wireless 
peers in the file sharing systems, the less the decision function would choose them. 
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(a)   80% of the peers are wireless peers. (c)   40% of the peers are wireless peers. 
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(b)   60% of the peers are wireless peers. (d)   20% of the peers are wireless peers. 

Fig. 5. Velocity of file transmission 

Fig. 5 describes the transmission velocity of the hybrid P2P file sharing system. 
We find from the four charts that the average velocity of file transmission is higher if 
the value of ηenergy is larger, i.e. the energy factor are more important than the other 
two factors in hybrid P2P file sharing systems. The reason is that if we do not 
seriously consider the limitations of wireless peers, i.e. minimum their workload, they 
would die out quickly, which in turn tremendously degrades the performance of the 
hybrid P2P file sharing system. 

5   Conclusion 

We have proposed an algorithm in hybrid P2P file sharing systems. The algorithm 
protects wireless peers and prolongs their lives by proposing a decision function 
which takes into consideration energy issues, communication environments and 
contributions of peers to the hybrid P2P file sharing system. By simulation, we have 
proved that the algorithm works correctly and efficiently. The algorithm not only 
protects the precious wireless peers from heavy workload, but also improves the 
average velocity of file transmission. Our current work includes investigating the 
impacts of the differences between P2P overlay networks and the topologies of 
physical networks, especially in the wireless domain. 
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Abstract. While simulating a P2P system with distributed simulator, it 
generally requires that one single large network topology should be pre-divided 
into some small sub-nets, each of which denotes a group of peers in the P2P 
system. Because of interconnectivity of the simulated network, the sub-nets 
running on different simulation node must exchange message with each other to 
complete the simulation task. Based on the knowledge of degree sequence  
and breadth-first search, this paper proposes a novel approximate algorithm of 
k-graph partition. By this optimized algorithm, a large P2P network topology 
can be divided into k sub-nets while not only the traffic among different sub-net 
is minimized, but also the tasks of simulation are balanced. Through the 
analysis of time complexity, load balance and edge-cut experimental results for 
different network topology, it shows our algorithm is a feasible method applied 
for distributed P2P simulation systems. 

Keywords: P2P, Distributed Simulation, Graph Partition, Degree Sequence, 
Breadth-First Search. 

1   Introduction 

In recent years, peer-to-peer (P2P) has become one of the most popular issues in 
computer academia [1]. Since P2P system is a large scale and high dynamic system, it 
is prohibitively expensive and unpractical to test a new algorithm by deploying it in 
an existing P2P network. Therefore, assessing the performance of P2P algorithm and 
the character of P2P network topology needs powerful tool: simulator [2] [3].  

For resolving the problem of P2P simulation scale, adopting distributed technology 
to design P2P network simulator has already become popular. However, before 
simulation, the topology of the simulated P2P network must be partitioned into k sub-
nets and distributed to each simulation node. 

The simulation nodes not only control message exchanges, but also manipulate 
network communication. Because the speed of data communication in network is 
slower than that between CPU and memory, it is necessary to subtly design a partition 
algorithm to reduce the communication between any two sub-nets. Additionally, the 
topology partition algorithm must also satisfy that the number of all sub-nets must be 
equal as possible. 
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The network topology k-partition problem in distributed P2P simulation can be 
defined as: given a complete P2P simulating network topology, and partition it into k 
simulation nodes which are connected mutually in physical and logical, while the 
network topology of every simulation node and the logical connection between them 
should be average, and the sum of logical connection should be minimal. Fig.1 shows 
the principle of graph division in large scale distributed P2P simulation. 

 
 
 
 
 
 
 
 
 

 
From the description above, the network topology k-partition problem can be 

regarded as k-graph partition problem. 
Based on the knowledge of degree sequence and breadth-first search, this paper 

proposes a novel approximate algorithm of k-graph partition. By this optimized 
algorithm, a large P2P network topology can be divided into k sub-nets while the 
traffic among different sub-net is minimized.  

Generally speaking, the main contributions of this paper are summarized as 
followings: 

- A new k-graph partition algorithm based on degree sequence and breadth-first 
search. This new algorithm can divide the whole network topology into k sub-nets 
with the time complexity 2( )O n . 

- A full experimental study of the new division algorithm. We test our algorithm in 
different P2P network topology with various scales. Primary experimental result, 
including load balance, edge-cut balance and time complexity, shows the algorithm 
can be as a feasible method applied in distributed P2P simulation. 

The remainder of this paper is organized as followings. Section 2 briefly introduces 
the related work. Section 3 proposed our novel division algorithm and described its 
detail. Section 4 presents our experimental results by using our algorithm in different 
kinds of P2P network topology. The conclusion and our future research works are 
addressed in the last section. 

2   Related Work 

Currently, the distributed simulation researches mainly include the aspects of time 
synchronization, network communication, load balance and fault tolerance, etc. Due 
to the random and dynamic in P2P network, the recent distributed P2P simulators can 
not simulate large scale P2P system. Therefore, a distributed P2P simulation system 

Fig. 1. Distributed P2P Simulation 
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should be employed to improve the performance and the faithfulness of P2P 
simulation, which leads to the requirement of graph partition in P2P simulation 
system. 

The k-graph partition problem can be defined as: given an undirected connective 
graph ( , )G V E= , V n= , and find a partition of the vertices V into disjoint sets 

1 2,  ,  , kV V VL  with 
1

k

i
i

V V
=

=U , i j∀ ≠ , 1 ,i j k≤ ≤ , i jV V∩ = ∅  and 

/iV n k d= ±⎡ ⎤⎢ ⎥ , while minimizing the sum of edges connecting vertices in different 

sets [4][5]. 
The graph partition problem is an NP-hard problem which is impossible to find a 

best solution in limited time and space. Currently, the main graph partition algorithms 
include geometry-based partition algorithm [6], quadratic-based partition algorithm 
[7], spectral partition algorithm [8] and multilevel partition algorithm [9] [10] [11] 
[12], etc. [13] [14]. 

Geometry-based partition algorithm collapses d dimensions graph into one 
dimension graph according to the coordinate of nodes, but it does not take the adjacency 
of nodes into account. Quadratic-based partition algorithm is trying to aggregate the 
high connective nodes together according to the adjacency. Spectral partition algorithm 
is related to an eigenvector (Fiedler vector) corresponding to the second smallest value 
of the graph’s Laplacian. The main idea of multilevel partition algorithm is to compress 
the original graph smaller, and revert to the initial state after partition. 

3   Algorithm of k-Graph Partition for Distributed P2P Simulation 
System 

3.1   Algorithm Description 

Based on the knowledge of degree sequence and breadth-fires search, this paper 
proposes a new algorithm of k-graph partition, which can be applied in Distributed 
P2P simulation. The algorithm is described as follows: 

Step 1: Generate the degree sequence of graph ( , )G V E= : 

1 2( ,  ,  , )nD d d d= L , 1 i n≤ ≤ , 1 21 nn d d d− ≥ ≥ ≥ ≥L  

Step 2: Choose the first k disjoint nodes’ degree value in sequence D , 
'

1 2 k( ,  ,  , )D d d d= L  

and generate the node sequence: 
'

1 2( ,  ,  ,  )kV v v v= L , 1 i k≤ ≤ ， ( )i id v d=  

Step 3: Partition '
1 2( ,  ,  ,  )kV v v v= L  into disjoint subsets 1 2,  ,  , kV V VL : 

{ }i iV v= ，1 i k≤ ≤  

where iv  is the source node of set iV . 

Step 4: Define 
{  |   1     ,  1 }i iS p p is hop neighbor node of v i k= − ≤ ≤  

and from set 1V  to set kV , each set performs the following actions: 
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IF  ( iq S∃ ∈  AND ' - iq V V∉ )  THEN  

   i iV V q= + ; ' 'V V q= + ; -i iS S q=  

END IF 

Step 5: Find the number of 1-hop neighbor nodes of iv （1 i k≤ ≤ ）existing in iV  as 
'
ic , and generate the degree sequence '

iD  of which the nodes is 1-hop neighbor of 

iv existing in iV , and generated node sequence '
iV : 

'

' ' ' '
1 2( ,  ,  ,  )

i
i c

D d d d= L  

'

' ' ' '
1 2( , , ,  )

i
i c

V v v v= L ，
'1 ij c≤ ≤ ， ( )j jd v d=  

Step 6: From 1V  to kV , each set performs the following functions in turn: 

1) Choose node '
ip V∈ , with '( ) max( )id p D= , 1 i k≤ ≤  

2) Define {  |   1     ,  1 }iS q q is hop neighbor node of p i k= − ≤ ≤  

3) IF  ( a S∃ ∈  AND ' - ia V V∉ )  THEN 

 iV a+ = ；
' 'V V a= + ；

' ' - ( )i iD D d p= ；
' ' -i iV V p= ； 

 END IF   
4) IF  ( '

iD∃ ≠ ∅  AND ' 1iV i k∃ ≠ ∅ ≤ ≤，　 )  THEN 

 GOTO  Step 6 
 ELSE 
        GOTO Step 7 
  END IF 

Step 7: Repeat above processes method for the n-hops neighbor nodes of iv  until all 

nodes have been partitioned into one sub-net. 

3.2   Algorithm Instance 

According to the algorithm proposed in 3.1, we illustrate the whole processed by an 
example shown in Fig. 2.  

4

1 2 3

5 6 7

8 9 10

 
 
 

 
The partitioning steps are as follows: 

Step 1: Generate the degree sequence of graph: 

(4,  3,  2,  2,  2,  1,  1,  1,  1,  1)D =  

Fig. 2. Topology of Graph For Instance
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Step 2: Choose the first 2 disjoint node 5 and node 6, and generate ' (4,  3)D =  and 
' (5,  6)V =  

Step 3: Partition ' (5,  6)V =  into subsets 1V  and 2V : 

1 {5}V = , 2 {6}V =  

node 5 and node 6 are the source nodes. 
Step 4: Partition the 1-hop neighbors of node 5 and node 6, and the results are: 

1 {5,  1,  8,  9}V = , 2 {6,  2,  3,  10}V =  

Step 5: Generate the degree sequence '
1D  and node sequence '

1V  of node 5’s 1-hop 

neighbors existing in set 1V , and generate the degree sequence '
2D  and node sequence 

'
2V  of node 6’s 1-hop neighbors existing in set 2V : 

'
1 (2,  1,  1)D = , '

1 (1,  8,  9)V =  
'
2 (2,  2,  1)D = , '

2 (10,  2,  3)V =  

Step 6: Based on '
1D , '

1V , '
2D , '

2V , partition the 2-hop neighbors of node 5 and node 

6, and the results are: 

1 {5,  1,  8,  9, 4}V = , 2 {6,  2,  3,  10, 7}V =  

Step 7: Finished, and the final result is as following: 

1 {5,  1,  8,  9, 4}V = , 2 {6,  2,  3,  10, 7}V =  

3.3   Algorithm Analysis 

In step 1 of algorithm, generating the degree sequence needs sort the nodes. We adopt 
the quick sort algorithm, and the time complexity is ( log )O n n .  

Compared with the size of topology, the partition value k usually is too small so 
that this time of choosing the first k nodes can be ignored. 

From step 3 to step 7, the main action is actually the process of breadth-first 
search, the time complexity of which depends on the data storage architecture. 
Adopting 2-dimension array as the data storage architecture of graph, the time 
complexity is 2( )O n , while adopting the adjacency list, the time complexity is 

( )O n e+ . Therefore, the worst time complexity of graph partition algorithm is 
2( )O n . 

4   Experiments 

4.1   Measurement Standards 

The usual measurement standards of graph partition include load balance and edge-
cut balance. The ratio of maximal number and average number of the nodes in k sets 

is defined as the load balance. We use λ  denote the load balance, so 
max( )

( )
i

i

V

aver V
λ = , 

1 i k≤ ≤ . In general, a good partition algorithm should guarantee that the size of sets 
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be average as possible. Therefore, the value of load balance λ  is smaller, the partition 
result is better. The best result is that the value of λ  is 1, and the number of nodes in 
every set are same.  

The number of edges connecting vertices in different sets is defined as edge-cut. 
The ratio of maximal number and average number of edge-cut is defined as the edge-
cut balance. We use ijE  denote the set of edges connecting vertices in set i and set j, 

and β  denote the edge-cut balance, so 
max( )

( )

ij

ij

E

aver E
β = , 1 ,i j k≤ ≤ , i j≠ . The edge-

cut balance depicts the intercommunication requirement between sets. The value of 
edge-cut balance is smaller, the connection of nodes in the same set is closer, the 
partition result is better. The best result is that the value of edge-cut β  is 1. 

In addition, the time complexity is also an important measurement parameter. 

4.2   Experiment Environment and Parameters 

In this paper, we use Peersim simulator to run graph partition experiments, and the 
P2P network topology is created by the topology file generated by BRITE topology 
generator. 

Our experiments aim at graph partition which topology is designed according to 
Waxman (random) or Barabasi (power-law) model. The parameters of the two type 
network topology are as table 1 and table 2, and the explanations of parameters are as 
follows:  

 
 
 
 

 

Content Parameter  Content Parameter 
Topology Type ROUTER ONLY  Topology Type ROUTER ONLY 

N 1000—50000  N 1000—50000 
Model Waxman  Model Barabasi 

Node Placement Random  Node Placement Random 
Growth Type Incremental  Growth Type Incremental 

m 2/5  m 2/5 

- Topology Type: BRITE provides 4 type network topologies: AS-Level，Router-
Level, Top–down and Bottom-up.  

- N: Number of nodes in the graph 
- Model: Use one of the models built into BRITE. BRITE provides Waxman for 

random P2P network topology and Barabasi for power-law P2P network topology. 
- Node Placement: Dictates how nodes are placed on the plane. 
- Growth Type: Dictates how edges are created between nodes. 
- m: Number of links added per new node.  

 Table 1. The Parameters of Random P2P 
Network Topology 

Table 2. The Parameters of Power-law P2P 
Network Topology 
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4.3   Experiment Results and Analysis 

4.3.1   Load Balance Experiment and Edge-Cut Balance Experiment 
In this experiment, we generate different scale power-law network topologies and 
random network topologies according to the parameters of table 1 and table 2, and 
define k = 5. The experimental results are as follows: 

Table 3. Experimental results of 5-partition for power-law P2P network topology (m = 2) 

N E  max( iV ) aver( iV ) λ  max( ijE ) aver( ijE ) β  

1000 1997 284.01 200 1.42 137.87 78.81 1.75 
2000 3997 572.15 400 1.43 260.77 151.74 1.72 
3000 5997 898.23 600 1.49 413.2 232.86 1.77 
4000 7997 1207.96 800 1.51 516.87 305.84 1.69 
5000 9997 1305.2 1000 1.31 665.0. 392.94 1.71 
6000 11997 1791.2 1200 1.49 809.61 463..2 1.74 
7000 13997 2054.6 1400 1.47 981.2 549.14 1.79 
8000 15997 2462.4 1600 1.54 1066.75 616.62 1.73 
9000 17997 2561 1800 1.42 1220 706.42 1.73 
10000 19997 2693 2000 1.35 1338 787.2 1.70 
aver 10997 1582.98 1100 1.44 749.36 424.62 1.73 

Table 4. Experimental results of 5-partition for power-law P2P network topology (m = 5) 

N E  max( iV ) aver( iV ) λ  max( ijE ) aver( ijE ) β  

1000 4985 273.2 200 1.37 502 315.96 1.59 
2000 9985 475.2 400 1.19 826.4 640.08 1.29 
3000 14985 820 600 1.37 1508 949.72 1.59 
4000 19985 1039.6 800 1.30 1792.8 1270.64 1.41 
5000 24985 1242.4 1000 1.24 2350.4 1579.66 1.49 
6000 29985 1510 1200 1.26 2557.6 1908.66 1.34 
7000 34985 1818.2 1400 1.30 3251 2222.36 1.46 
8000 39985 2023.4 1600 1.26 3684.6 2536.36 1.45 
9000 44985 2404.4 1800 1.34 4374.6 2848.74 1.54 
10000 49985 2672.6 2000 1.34 4663.6 3171.86 1.47 
aver 27485 1427.9 1100 1.30 2551.1 1744.404 1.46 

From the experimental results above, the value of load balance, λ , and the edge-cut 
balance, β , are both between 1 and 2, which are considered as acceptable results for 

graph partition algorithms. The partition results for random network topology are 
better than that for power-law network topology obviously. And for the same type 
graph (i.e. the same parameters except for the number of nodes), the partition results 
are approximately same as the Fig. 3~Fig. 6. 
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Table 5. Experimental results of 5-partition for random P2P network topology (m = 2) 

N E  max( iV ) aver( iV ) λ  max( ijE ) aver( ijE ) β  

1000 2000 226.8 200 1.13 109.6 79.46 1.38 
2000 4000 466 400 1.17 219.8 159.98 1.37 
3000 6000 740.2 600 1.23 339.6 236.3 1.44 
4000 8000 1008.8 800 1.26 444.6 315.8 1.41 
5000 10000 1209.4 1000 1.21 539.4 398.82 1.35 
6000 12000 1387.2 1200 1.16 631 477.18 1.32 
7000 14000 1666.4 1400 1.19 775.8 555.58 1.40 
8000 16000 1969 1600 1.23 897 633.1 1.42 
9000 18000 2149.8 1800 1.19 974.2 712.32 1.37 
10000 20000 2432.4 2000 1.22 1103.6 796.22 1.39 
aver 11000 1325.6 1100 1.20 603.46 436.476 1.38 

Table 6. Experimental results of 5-partition for random P2P network topology (m = 5) 

N E  max( iV ) aver( iV ) λ  max( ijE ) aver( ijE ) β  

1000 2000 229.6 200 1.15 389.4 315.6 1.23 
2000 4000 431.6 400 1.08 739.4 636.18 1.16 
3000 6000 656 600 1.09 1144.2 955.68 1.20 
4000 8000 869 800 1.09 1528 1274.08 1.20 
5000 10000 1052 1000 1.05 1785 1589.74 1.12 
6000 12000 1259.8 1200 1.05 2130.8 1910.94 1.12 
7000 14000 1500.6 1400 1.07 2545.4 2232.46 1.14 
8000 16000 1703.8 1600 1.06 2922.6 2551.88 1.15 
9000 18000 1962.4 1800 1.09 3285.6 2866.94 1.15 
10000 20000 2091.6 2000 1.05 3465 3194.08 1.08 
aver 11000 1175.64 1100 1.08 1993.54 1752.758 1.15 
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Fig. 3. Experimental results of 5-partition for 
power-law P2P network topology (m = 2) 

Fig. 4. Experimental results of 5-partition for 
power-law P2P network topology (m = 5) 
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Fig. 5. Experimental results of 5-partition for
random P2P network topology (m = 2) 

 

  Fig. 6. Experimental results of 5-partition for
random P2P network topology (m = 5) 

 
4.3.2   Size of Sets Experiment and Size of Edge-Cut Experiment 
We also run some experiments to test the size of sets and the size of edge-cut with the 
random network topology. The size of network topology is defined as 5000, and the 
number of edges is changed. The experimental results are as follows: 

Table 7. Size of sets experimental results of 5-partition for random P2P network topology 

N m E  1V 2V 3V 4V 5V  λ  
5000 2 10000 1067 1075 876 915 1067 1.075 
5000 3 15000 1071 1056 952 1063 858 1.071 
5000 4 20000 1064 1007 976 1034 919 1.064 
5000 5 25000 1014 972 1070 952 992 1.07 
5000 6 30000 1027 950 992 1046 985 1.046 
5000 7 35000 925 1033 957 1027 1058 1.058 
5000 8 40000 1038 925 971 958 1108 1.108 
5000 9 45000 1006 1001 1008 994 991 1.008 
5000 10 50000 1080 1004 934 931 1051 1.08 

Table 8. Size of edge-cut experimental results of 5-partition for random P2P network topology 

N �� E 12E � 13E � 14E 15E 23E 24E 25E 34E 35E � 45E � β �
5000 10000 486 365 415 479 355 403 450 302 369 391 1.21
5000 15000 924 836 929 719 792 915 710 801 642 701 1.17
5000 20000 1305 1119 1424 1135 1077 1334 1181 1265 981 1149 1.19
5000 25000 1596 1649 1450 1625 1681 1415 1648 1631 1731 1503 1.09
5000 30000 1830 2092 2251 1948 1920 1998 1680 2203 1932 2108 1.12
5000 35000 2219 1889 2311 2301 2360 2686 2642 2217 2465 2709 1.13
5000 40000 2633 2839 2573 3044 2513 2203 2858 2697 3245 2989 1.17
5000 45000 3084 3234 3116 3145 3192 3060 3308 3300 3273 3168 1.04
5000 50000 4099 3385 3581 3836 3099 3221 3629 3120 3656 3698 1.16
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And the experimental results are shown in Fig.7 and Fig.8. 
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From the experimental results, we can see that the size of sets and the size of edge-
cut are approximately same, and the value of load balance and edge-cut balance are 
close to 1, which are also regarded as the reasonable metrics for graph partition 
algorithms. 

4.3.3   Time Complexity Experiment 
In addition, we carry out some experiments for time complexity testing with power-
law and random P2P network topology. The experimental results are as follows: 

Table 9. Time complexity testing of graph partition 

N Power-law 
(ms) 

Random 
(ms) N Power-law 

(ms) 
Random 

(ms) 
1000 7.7 18.6  8000 700.4 402.9 

2000 29.6 17.2  9000 1299.9 607.5 

3000 32.9 39.1  10000 1745.2 891.1 

4000 73.5 56.8  20000 17551.9 9334.5 

5000 123.3 79.7  30000 59710.8 33022 

6000 225.8 151.7  40000 144924.8 80334.7 

7000 462.2 241.6  50000 245286 162435 

 
Fig.9 and Fig.10 shows the relationship between time and node scale. It is clear 

that the time increases while the number of nodes is increased. From the experimental 
results, while the scale of network topology increasing, the time of partition changes 
according to ( )kO n , which is a polynomial and can input division results in limited 

time. Apparently, their relationship is polynomial and this accords with our analysis 
of the algorithm as well. Therefore, the experimental results suggest that our new 
graph partition algorithm is optimal for large scale distributed P2P simulation 
applications. 

Fig. 7. Size of sets experiment results Fig. 8. Size of edge-cut experiment results 
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Fig. 13. Complete Bipartite 
Graph 
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4.3.4   Especial Graph Partition Experiment 
We also consider the application of our new division algorithm in some special 
network topology. These topologies include circle, binary tree and completed bipartite 
graph (see Fig.11, Fig.12, and Fig.13). In this paper, we only discuss the 2-grpah 
partition problem for these especial topologies. For the 20-node circle, the load 
balance λ  is 1.1 and the value of edge-cut balance β  is 1. For the 31-node binary 

tree, the value of load balance λ  is 1.032 and the value of edge-cut balance β  is 1. 

For the 10-node complete bipartite graph, the value of load balance λ  is 1 and the 
value of edge-cut balance β  is 1. The results also accords with our experiments for 

random and power-law topologies and thus can be considered as acceptable results. 
Therefore, we can conclude that our new graph division algorithm is effective in 
different kinds of network topology and thus can be used in various distributed P2P 
simulations. 

 

  

  

 

 

 

 

 

 

 
 

 

 

 

5   Conclusion and Future Work 

The proposed k-graph partition algorithm is based on degree sequence and breadth-
first search and achieves the time complexity of 2( )O n . The primary experimental 

results, including load balance, edge-cut balance and time complexity, shows our new 
graph division algorithm is a feasible one for various distributed P2P simulations. 

Fig. 9. Time complexity testing Fig. 10. Time complexity testing (log) 

Fig. 11. Circle Fig. 12. Binary Tree 
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However, we only give a coarsely theoretical analysis for this algorithm. In the future, 
we will improve this algorithm to make it more efficient and more acceptable. 
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Abstract. Incremental computing masks the communication latency by
overlapping computations with communications. However, a sequence of
messages with a large latency variance still makes computations pro-
ceed intermittently. It is known that a dominant input stream from a
data server maximizes the CPU utilization of the networked computa-
tion server [7]. Unfortunately, the problem of finding a dominant input
stream is NP-hard in the strong sense. In this paper, a dominant input
stream for LU decomposition is proposed. It is shown that the dominant
input stream outperforms the input stream sending data in traditional
order. In addition, the nonexistence of dominant input streams is proved
for the case that the compressed format is used for sending input data.

1 Introduction

With the advance in information technology, global network computing systems
such as computation grids [3] have been deployed. A global network computing
system consists of many computation servers and data servers. The data needed
for a compute-intensive application can be stored entirely in a data server before-
hand. The resource broker of the system assigns the application to the compu-
tation server which cooperates with the data server to complete the application.
As the computation server starts to execute the application, the data are repli-
cated from the cooperative data server concurrently. Although the networking
technology has improved in the last decades, unpredictable network latency can
be experienced by the computation server. To hide the network latency, a pos-
sible approach is to overlap computations with communications [12]. It can be
achieved by partitioning input data into several data pieces then pipelining the
data pieces into the network. Thus, the computation server performs the com-
putations using the partial input to produce the partial results. This type of
computation is referred as incremental computing. However, network latency
cannot be effectively hidden without considering the order of sending data [6].

Consider the job of computing d2
f(d0)+d1

at a computation server using data
items d0, d1 and d2 sent from a cooperative data server, wheref(x) = x2+ 1

x +
√

x.
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The basic arithmetic operations for a server to compute f(x) are: one square
operation, one square root operation, one reciprocal operation and two addition
operations. Assume each basic arithmetic operation takes one clock and the
arriving interval of the three data items are g0 clocks and g1 clocks. If the input
stream is d2d1d0 then the time to complete the task is g0 + g1 + 7. If the input
stream is d0d1d2 then the time to complete the task is g0 + max{g1, max{5 −
g0, 0} + 1} + 1. Since g0 + g1 + 7 ≥ g0 + max{g1, max{5 − g0, 0} + 1} + 1, it
is obvious that the first input stream is worse than the second input stream. It
implies that the computation and communication issues are closely inter-wined
in the network-based computing and should be studied together.

LU decomposition (LUD) can be applied to solve systems of linear equations.
A best input stream of an application maximizes the CPU utilization for any
network traffic pattern at any time. This research studies whether it is possible
to find a best input stream for an existing LUD algorithm. The steps to build a
best input stream for LUD in linear time are given in this paper. The compressed
format for sending elements of a sparse matrix is also studied. The nonexistence
of dominant input streams is proved for the sparse case. This paper is organized
as follows. In Sect. 2, background and related works are discussed. General no-
tations used in this paper are defined in Sect. 3. In Sect. 4, the theorems as the
foundation of finding a best input stream are developed and a best input stream
is proposed. In Sect. 5, the comparison of the completion times of performing
LUD using a dominant input stream and another input stream is conducted.
In Sect. 6, the compressed format for sending input data is studied. Finally,
concluding remarks are given in Sect. 7.

2 Background and Related Works

Communication has been recognized as the major overhead of executing an ap-
plication across the network. To minimize the communication overhead, many
software-based mechanisms have been developed by optimizing the communi-
cation modules [10], [11]. Other techniques based on communication scheduling
have also been proposed to improve the efficiency of complicated communica-
tion routines [1], [8], [9], [13], [14]. In [1], effective heuristic algorithms called
fastest edge first and earliest completing edge first were proposed to reduce the
communication time for distributed heterogeneous systems. The authors showed
that their heuristics have achieved significant performance improvement over
previous approaches. In [8], an effective heuristic called fastest nodes first (FNF)
was proposed to reduce the broadcast time for heterogeneous cluster systems.
The author also showed that the FNF heuristic guarantees the total commu-
nication time to be within twice of the time from an optimal schedule. In [9],
[13], a two-phase communication algorithm was proposed to attack the commu-
nication delay occurred by messages with large variance in length. In the first
phase, each processor evenly distributes the data to be moved to the same des-
tination among the processors. In the second phase, each processor sends the
data received from the first phase to their final destinations. In [14], an efficient
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algorithm was proposed to reduce the overall communication time by partition-
ing large messages into multiple small messages and scheduling them by using
the minimum number of steps without communication contention. In [4], [5],
techniques have been proposed for reducing communication cost by minimizing
the number of data movement during data redistribution. The main idea of the
techniques is to develop mapping functions for computing a new rank for each
target processor. Based on the computed ranks, the amount of data need to be
exchanged is minimized.

Most of the previous techniques were developed by assuming that there is
no other work running on the platform at the same time or the communication
of one application will not be disturbed by the communications of the other
applications. However, the independent applications running concurrently on a
non-dedicated network computing platform tend to compete for the communi-
cation channels. The competition leads to the network contention which results
in significant network latency. A best input stream for a given application is the
data-sending sequence which maximizes the CPU utilization of the computation
server for any network traffic pattern at any time. That is, the CPU utilization
attainable using a best input stream is always no worse than those attainable
using the other input streams. Unfortunately, the problem of finding a best se-
quence is NP-Hard [7]. Thus, a best sequence of input data cannot be found
in reasonable time for the applications of medium scale or above. Theoretical
perspective of incremental computing using a well-organized data sequence was
discussed in [6]. In the paper, the completion time of executing application J
was shown to be WJ + Δmax, where WJ is the number of total computations
(measured in CPU cycles) needed to complete the application J and Δmax is
the delay. The delay is due to the wasted CPU cycles. The analyses on the
performance of employing incremental computing using specially tailored data
sequences have also been made in the paper. In [7], dominant sequences have
been found for the three applications: the product of two polynomials, matrix
multiplication and Fast Fourier Transform (FFT). Algorithms have also been
developed for the three applications to build best input streams in linear time.
The authors also demonstrated that no dominant sequences exist for any of the
three applications if a compressed format of sending input is used for the sparse
cases of matrix multiplication, polynomial product and FFT computation.

3 Incremental LUD Decomposition

In this section, the general notations used in this paper and the definition of
incremental LUD is provided. Let Q be the problem that can be solved by in-
cremental computing. In the incremental computing paradigm, the server tries
to do as much work as possible using the incoming data items. Let GT be the
class of algorithms for solving problem Q in time O(T ). A critical step of an
algorithm in GT is a computation step that is executed O(T ) times. There may
be more than one type of critical step in an algorithm. In this paper, two types
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of critical steps are considered for LUD: scalar multiplication/division denoted
by mul/div and scalar addition/subtraction denoted by add/sub.

A recurrence relation of LUD computation which decomposes a matrix A =
[aij ], 0 ≤ i, j < n, into an upper triangular matrix U = [uij ] and a lower
triangular matrix L = [lij ] is given as follows.

Ad = LUD(A) =
(

1 w

v/a00 LUD(A′ − vw/a00)

)
. (1)

where A′
is formed by deleting the first row and first column of A, v is a column

vector (a10, a20, a30 · · ·an−1 0) and w is a row vector (a01, a02, a03 · · · a0 n−1). Let
Ad = [ad

ij ]. The elements of matrices L and U are given as follows: lij = ad
ij

if i > j ; lij = 1 if i = j ; lij = 0 if i < j and uij = ad
ij if i ≤ j ; uij = 0 if

i > j. The recurrence implies that the elements in LUD(A′ −vw/a00) depends on
the values of w and v/a00. The incremental algorithm considered in this paper
for performing LUD implements the recurrence given in (1). Interested readers
should refer to [2] for detail on the topic of solving systems of linear equations.

Define active matrix EA = [eij ] as a (n+1)×(n+1) matrix, where −1 ≤ i, j < n.
In the matrix, eij = 1 or 0. eij = 1 implies that the final value of ad

ij has been
obtained and can be used to derive other elements of Ad. Based on (1), the
value of ad

ij , i ≤ j, depends on the values of ad
i0, a

d
i1 · · ·ad

i i−1 and the values of
ad
0j , a

d
1j · · ·ad

i−1 j as shown in Figure 1(a). The value of ad
ij , i > j, depends on the

values of ad
i0, a

d
i1 · · ·ad

i j−1 and the values of ad
0j , a

d
1j · · · ad

j j as shown in Fig. 1(b).
To give the recurrence for eij , some notations are defined first. ω(E(i, ∗), k, ∧)
and ω(E(∗, j), k, ∧) denote ei−1∧ei0∧ei1 ∧· · ·∧eik and e−1 j ∧e0j ∧e1j ∧· · ·∧ekj ,
respectively. The receipt of data item aij by the computation server is indicated
using the function h̄(aij). h̄(aij) = 1 if aij is received by the computation server;
h̄(aij) = 0, otherwise. Thus, the recurrence for eij is given as follows.

eij =

⎧⎨
⎩

1 if i = −1 or j = −1 .
ω(E(i, ∗), i−1, ∧) ∧ ω(E(∗, j), i−1, ∧) ∧ h̄(aij) if 0 ≤ i ≤ j < n .
ω(E(i, ∗), j−1, ∧) ∧ ω(E(∗, j), j, ∧) ∧ h̄(aij) if 0 ≤ j < i < n .

(2)
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4 A Dominant Input Stream

The scenario considered in this paper is as follows: the elements of matrix A
stored at the cooperative data server are sent to the computation server using
a sequence of matrix elements and matrix Ad are computed incrementally at
the computation server. Denote Am as the set of m data items which have been
received by the computation server. The layout of the m data elements is de-
noted as PAm . It is characterized by a sequence of 2-tuples ((R0, C0), (R1, C1) · · ·
(Rn−1, Cn−1)), where Ri is a subset of SRi = {aii, ai i+1 · · ·ai n−1} for 0 ≤ i ≤
n−1, Ci is a subset of SCi = {ai+1 i, ai+2 i · · · an−1 i} for 0 ≤ i ≤ n−2 and
Cn−1 is a dummy set. PA10 for the matrix A of 5 × 5 is given in Figure 2. In the
figure, R0 = {a00, a02, a04}, R2 = {a23, a24}, C0 = {a10, a20, a40}, C1 = {a41}
and C3 = {a43}. The other sets R1, R3, R4 and C2 are empty sets. aij ∈ Ri or
aij ∈ Cj implies aij is received by the computation server. The 2-tuple (Ri, Ci)
is full if |Ri| = n− i and |Ci| = n− i−1, is empty if |Ri| = |Ci| = 0; other-
wise, is growing. (Ri, Ci) is growing symmetrically if 0 ≤ |Ri| − |Ci| ≤ 1 and
aii ∈ Ri. Based on the above statements, define PAm as a compact layout if
(R0, C0), (R1, C1) · · · (Rk−1, Ck−1) are full, (Rk, Ck) is either growing or empty,
and (Rk+1, Ck+1) · · · (Rn−1, Cn−1) are all empty. PAm is symmetrically compact
layout if (Rk, Ck) is symmetrically growing or empty.

Denote �(PAm , op) as the number of executable operation op based on the
data elements in Am. Layout PAm is optimal for op if �(PAm , op) ≥ �(PA′

m
, op),

where PA′
m

is the layout for any other set of m data items. PA1PA2 · · · PAn2 is a
dominant layout sequence for op if Am ⊂ Am+1 and �(PAm , op) ≥ �(PA′

m
, op)

for 1 ≤ m < n2, where PA′
m

is the layout of any other set of m data items.
Based on the above, define d0d1d2 · · · dn2−1 as a dominant input stream, where
d0d1d2 · · · di ∈ Ai+1 for 0 ≤ i < n2. In this section, a dominant input stream for
incremental LUD computation is proposed.

The following lemma states that the number of executable mul/div operations
using a symmetrically compact layout is no less than that using any compact
layout for the same number of received data items.
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Fig. 2. PA10 , where A is a 5 × 5 matrix
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Lemma 1. Let PAm be symmetrically compact and PA′
m

be compact. Then,
�(PAm ,mul/div) ≥ �(PA′

m
,mul/div)

Proof. Let (R
′

k, C
′

k) be the growing 2-tuple or the empty 2-tuple with the small-
est index k in the compact layout PA′

m
. Assume |R′

k| + |C ′

k| = b < 2(n − k) − 1.

The number of executable mul/div operations using the elements in R
′

k and C
′

k

is |R′

k|(b − |R′

k|) or 0. It is equal to 0 if akk 
∈R
′

k. If b is even and akk ∈ R
′

k then
the maximum value of |R′

k|(b − |R′

k|) is b2

4 when |R′

k|= |C ′

k|= b
2 . If b is odd and

akk ∈ Rk then the maximum value of |R′

k|(b−|R′

k|) is b2−1
4 when |R′

k|= b+1
2 and

|C ′

k| = b−1
2 . In either of the cases, a symmetrically compact layout satisfies the

requirement to maximize |R′

k|(b − |R′

k|). ��

Based on the recurrence in (2), the number of executable mul/div operations
�(PAm , mul/div) can be computed as follows:

�(PAm , mul/div) =
n−2∑
�=0

n−1∑
i=�+1

n−1∑
j=�

(ei� ∧ e�j) . (3)

The equivalence of two 2-tuples (Rk, Ck) and (R
′

k, C
′

k) means Rk = R
′

k and
Ck = C

′

k. The following lemma states that two symmetrically compact layouts
PAm and PA′

m
have the same number of executable mul/div operations even

though the growing tuples (Rk, Ck) 
= (R
′

k, C
′

k).

Lemma 2. Let PAm and PA′
m

be symmetrically compact.Then,�(PAm ,mul/div)
= �(PA′

m
,mul/div).

Proof. PAm and PA′
m

are symmetrically compact. Assume (Ri, Ci) and (R
′

i, C
′

i)
are full for 0 ≤ i < k, and (R

′

k, C
′

k) and (Rk, Ck) are growing symmetrically. We
have |Ri| = |R′

i| and |Ci| = |C ′

i | for 0 ≤ i ≤ k. It implies that
∑k

i=0 |Ri| · |Ci| =∑k
i=0 |R′

i| · |C ′

i |. That is, �(PAm , mul/div) = �(PA′
m

, mul/div). ��

The following theorem shows that a symmetrically compact layout is optimal.

Theorem 1. Let PAm be symmetrically compact. Then, �(PAm ,mul/div) ≥
�(PA∗

m
,mul/div), where PA∗

m
is any other not symmetrically compact layout.

Proof. Let (R∗
k, C∗

k) be the growing or empty 2-tuple with the smallest index k in
PA∗

m
. Assume |R∗

k|+|C∗
k | = b and

∑n−1
i=k+1(|R∗

i |+|C∗
i |) = b

′
. If b+b

′ ≤ 2(n−k)−1,
then the elements in (R∗

i , C
∗
i )’s for k < i < n are removed and b

′
elements are

added symmetrically to (R∗
k, C∗

k). The new layout denoted as PA′
m

is a sym-
metrically compact layout. Based on (2), (3) and Lemma 2, it is obvious that
�(PAm , mul/div) = �(PA′

m
, mul/div) ≥ �(PA∗

m
, mul/div). If b+b

′
> 2(n−k)−1,

then delete 2(n−k)−1− b elements in (R∗
i , C

∗
i )’s starting from the 2-tuple with

the largest index, where k < i < n, and add 2(n−k)−1−b elements to (R∗
k, C∗

k).
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We call the resulting layout PA1
m

in which (R∗
k, C∗

k ) is full. Based on (2) and (3),
it is obvious that �(PA1

m
, mul/div) ≥ �(PA∗

m
, mul/div). This process repeats

until the layout has the following property: (R∗
0, C

∗
0 ) · · · (R∗

x−1, C
∗
x−1) are full,

(R∗
x, C∗

x) is symmetrically growing or empty, and (R∗
x+1, C

∗
x+1) · · · (R∗

n−1, C
∗
n−1)

are empty. The resulting layout PA′
m

becomes a symmetrically compact lay-
out. Based on (2), (3) and Lemma 2, it is obvious that �(PAm , mul/div) =
�(PA′

m
, mul/div) ≥ �(PA∗

m
, mul/div). Thus, the theorem is proved. ��

Denote I = I0I1 · · · In−1 as an input stream, where Ij = ajj aj+1j ajj+1 aj+2 j

ajj+2 · · ·an−2 j aj n−2 an−1j aj n−1 for 0 ≤ j < n. The following theorem shows that
I is a dominant input stream for LUD.

Theorem 2. I is a dominant input stream of LUD regarding mul/div operation.

Proof. Let Am consist of the first m data items of I. Then, PAm is symmetrically
compact and Am ⊆Am+1 for 1 ≤ m < n2. Based on Theorem 1, I is a dominant
input stream. ��

In the LUD computation, one multiplication is followed by one addition if ad
ij

has stored a temporary value. Thus, adding k multiplicative terms (ai�0 × a�0j),
(ai�1 × a�1j), (ai�2 × a�2j) · · · (ai�k−1 × a�k−1j) to an existing value stored at ad

ij

needs k additions. If ai�0 ×a�0j is the first value to be stored at ad
ij , then there is

no addition. Thus, Equation (3) needs to be modified for counting the number
of executable add/sub.

�(PAm , add/sub) =
n−2∑
�=0

n−1∑
i=�+1

n−1∑
j=�+1

(ei� ∧ e�j)) −
n−1∑
i=1

n−1∑
j=1

δij . (4)

The term δij at the righthand side of (4) is used to adjust the number of add/sub
operations which have been performed to generate ad

ij . It is defined as follows:

δij =

⎧⎨
⎩

1 if h̄(aij) = 0 and
∨min{i,j}

�=0 (ei� ∧ e�j) = 1 .

0 otherwise .
(5)

The condition for setting δij to 1 in (5) consists of two terms: h̄(aij) = 0 and∨min{i,j}
�=0 (ei� ∧ e�j) = 1. The first term checks whether aij has been received

by the computation server. The second term checks whether any of the pairs
(ad

i�, a
d
�j) is ready to generate the temporary value of ad

ij . Thus, Equation (5)
states that the number of add/sub operations is one less than the number of
multiplication operations, if aij has not arrived at the computation server and
at least one pair of (ad

i�, e
d
�j)’s can be used to generate the temporary value of

ad
ij .
The following theorem shows that there is no dominant sequence for LUD

regarding add/sub operation. The theorem is proved by given a counterexample.
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Fig. 3. The layouts used in the proof of Theorem 3

Theorem 3. There is no dominant input stream for LUD regarding add/sub
operation.

Proof. Assume A is a 6 × 6 matrix. If the computation server receives 9 data
items, the maximum value of �(PA9 , add/sub) is 5. It occurs when Ri ={aii, ai i+1
· · · ai 2} and Ci = {ai+1,i, ai+2 i · · ·a2 i} for 0 ≤ i ≤ 2; |Ri| = |Ci| = 0 for 3 ≤ i ≤ 5
as shown in Fig. 3(a). If the computation server receives 10 data items, the
maximum value of �(PA10 , add/sub) is 6. It occurs when Ri = {aii, ai i+1 · · ·ai 2}
and Ci = {ai+1,i, ai+2 i · · · a3 i} for 0 ≤ i ≤ 1; |Ri| = |Ci| = 0 for 2 ≤ i ≤
5 as shown in Fig. 3(b). Since A9 
⊆ A10, Thus, there is no dominant input
stream. ��

5 Performance Evaluation

In this section, the performance of a dominant input stream for mul/div is eval-
uated by comparing its execution time with that of another input stream which
sends the matrix elements in a traditional order.

Let I = d0d1d2 · · · dn2−1 be the dominant input stream as given in Theorem 2.
The order of sending matrix elements is expressed by a one-to-one function σ.
It maps a pair of integers (i, j) to an integer σ(i, j), where 0 ≤ i, j < n and
0 ≤ σ(i, j) < n2. That is, dσ(i,j) = aij . The function σ is given as follows:

σ(i, j) =

⎧⎨
⎩

∑i−1
�=0(|R�| + |C�|) if i = j.∑j−1
�=0(|R�| + |C�|) + 2(i − j) − 1 if i > j.∑i−1
�=0(|R�| + |C�|) + 2(j − i) if i < j.

The function alternately assigns the elements in Ri and Ci to consecutive posi-
tions starting at 0 and proceeds to assign the elements in Ri+1 and Ci+1 after all
the elements in Ri and Ci have been assigned. Since the dominant input stream
is a symmetrically compact, the number of executable mul/div operations based
on the elements in Ri and Ci is |Ri| · |Ci|. Denote Fσ(i,j) as the total executable
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Fig. 4. Decomposition of a matrix of 10 × 10 using various input streams

mul/div operations after d0d1 · · · dσ(i,j) have been received by the computation
server. Fσ(i,j) can be calculated using the following formula:

Fσ(i,j) =

⎧⎨
⎩

∑i−1
�=0(|R�| · |C�|) if i = j .∑j−1
�=0(|R�| · |C�|) + (i − j)2 if i > j .∑i−1
�=0(|R�| · |C�|) + (j − i + 1)(j − i) if i < j .

The curve of Fσ(i,j) for incremental LUD computation on a matrix of 10 × 10 is
illustrated in Fig. 4. The number of total executable mul/div operations is 330
after all the data items arrive at the computation server.

Next, the input stream I
′
= d

′

0d
′

1d
′

2 · · ·d′

n2−1 which sends matrix elements in
row-major order is studied. The reason that I

′
is selected for comparing with

the dominant input stream is given as follows. In general, the data items need to
be placed in consecutive memory addresses before they can be delivered using
a sequence of messages. Most of the computers store the matrix elements at
consecutive memory locations using row-major order. The order of sending the
matrix elements can be expressed by a one-to-one function ρ. It maps a pair
of integers (i, j) to an integer ρ(i, j), where 0 ≤ i, j < n and 0 ≤ ρ(i, j) < n2.
That is, d

′

ρ(i,j) = aij . The function ρ is given as follows: d
′

ρ(i,j) = aij , where

ρ(i, j) = i × n + j. Denote F
′

ρ(i,j) as the total executable mul/div operations

after d
′

0d
′

1 · · · d′

ρ(i,j) have been received by the computation server. Define the
topmost row of the matrix as the 0th row and the leftmost element in each row
as the 0th element. It is easy to verify that the executable mul/div operations
triggered by the elements in row i are only based on the first i − 1 elements in
the input stream. The jth element in row i triggers n− j mul/div operations for
0 ≤ j < i. F

′

ρ(i,j) can be calculated using the following formula:

F
′

ρ(i,j) =

{∑i−1
�=0

(2n−�+1)�
2 +

∑j
�=0(n − �) if i > j .∑i

�=0
(2n−�+1)�

2 if i ≤ j .
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The curve of F
′

ρ(i,j) for incremental LUD computation on a matrix of 10 × 10 is
illustrated in Fig. 4. In the figure, the number of executable mul/div operations
triggered by input stream I

′
is always less than that triggered by I for the first

k data items, 0 ≤ k < n2.
The difference in the numbers of executable mul/div operations between a

pair of input sub-streams of length k is defined as their kth gap. That is, the kth
gap is Fk−1 −F

′

k−1. The gaps for the two input streams I and I
′
, for 1 ≤ k ≤ n2,

are also illustrated in Fig. 4. The maximum of the gaps is 121 when the first
50 data items have arrived at the computation server. Let t0 and t1 denote
the time that the first data item arrives at the computation provider and the
time the computation provider complete all the computations, respectively. The
execution time is defined as t1 − t0. In [6], the completion time of executing an
application J was shown to be WJ + Δmax. Note that WJ is the number of
total computations needed to complete the application J . The amount of delay
Δmax is defined as the maximum of ({Gi − Fi|0 ≤ i < n2 − 1} ∪ {0}), where Gi

is the number of CPU cycles available for the computation server to execute the
task before the i+1th data item arrives. Let the completion times of performing
LUD using I and I

′
be T = WJ + Δmax and T

′
= W

′

J + Δ
′

max, respectively.
Since I and I

′
are used to perform LUD of the same problem size, WJ = W

′

J .
It is known that Δ

′

max ≥ Δmax. Thus, T
′ ≥ T . Consider the case: Gi = Fi for

0 ≤ i < n2−1 under the assumption that one mul/div operation takes 1 CPU
cycle and one add/sub operation takes 0 CPU cycle. The difference in their
completion time can be calculated as follows:

T
′ − T = Δ

′

max − Δmax

= max{Fi − F
′

i |0 ≤ i < n2−1} − 0 because Gi = Fi

= 121 cycles .

Thus, performing LUD using the dominant input stream can take up to 121
CPU cycles less than that using the other input stream. The data-sending order
in a dominant stream does not meet the traditional order in storing the matrix
elements in memory, thus, dynamically reorganizing data is necessary. However,
the overhead of reorganizing matrix elements can be eliminated by assigning the
elements to their proper addresses once the elements are going to be stored in
memory.

6 Sparse Incremental LU Decomposition

In this section, performing LUD on a sparse matrix A of n × n is considered,
where only non-zero data items are sent, and all unsent data items are assumed
to be zero and are known to the computation server. The format of sending data
is named as compressed format. The final value of ad

ij , i ≤ j, can be directly
computed if ai0 = ai1 = · · · = ai i−1 = 0 or a0j = a1j = · · · = ai−1 j = 0. The
final value of ad

ij , i > j, can be directly computed if (ai0 = ai1 = · · · = ai j−1 = 0
or a0j = a1j = · · · = aj−1 j = 0) and ejj = 1. Note that in the case of a
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Fig. 5. The layouts used in the proof of Theorem 4

sparse matrix, the number of data items in the columns or rows of a matrix can
be different and there are many zero’s in the columns and rows. The following
theorem shows that there is no dominant input stream if the compressed format
is used to send data. The theorem is proved by giving a counterexample.

Theorem 4. If the compressed format is used to send data, then there is no
dominant input stream for LUD regarding mul/div operation.

Proof. Consider the case as shown in Fig. 5. In the figure, the black dots are
the non-zero data items of A which have not been received by the computation
server yet, the aij ’s are the non-zero data items of A which have been received
by the computation server and the blanks represent zero’s which will not be
sent to the computation server. The elements of R0 do not appear at the same
columns as the elements of R4 and the elements of C0 do not appear at the
same rows as the elements of C4. Thus, the maximum of �(PA6 , mul/div) is 9
as shown in Fig. 5(a) and the maximum of �(PA7 , mul/div) is 10 as shown in
Fig. 5(b). Since the A6 
⊆ A7, Thus, there is no dominant input stream. ��

7 Concluding Remarks

In this paper, a dominant input stream for incremental LUD computation is
proposed. It has been shown that the dominant input stream outperforms the
input stream which sends data in traditional order. In addition, the nonexis-
tence of dominant input streams is proved for the case that the compressed
format is used for sending input data. A dominant input stream maximizes the
CPU utilization of the networked computation server which competes the net-
work bandwidth with the others. The proposed sequence for sending data to
the computation server can be used to develop an efficient library for perform-
ing LUD computation across the network. It is believed that the concept can
also be adopted by a mobile computing platform. In the platform, the network
connection may be disconnected for a while. A well-organized data sequence
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can be applied to keep the computation servers as busy as possible. Thus, the
computations will not be suspended due to a short term of disconnection.
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Abstract. RAID, as a popular technology to improve the performance and reli-
ability of storage system, has been used widely in computer industry. Recently, 
the technique of designing data layout in order to fit the requirements of net-
worked storage is becoming a new challenge in this field. In this paper, we pre-
sent a double-objective Genetic Algorithm for parity declustering optimization 
in networked RAID with a modified NSGA, we also take Distributed recovery 
workload and Distributed parity as two objects to find optimal data layout for 
parity declustering in networked RAID. 

1   Introduction 

Since RAID (Redundant Array of Independent Disks) [1] was invited in 1980s, it is 
becoming the most important technology in storage systems. Especially, RAID 5 has 
been treated as the most reliable storage standard. However, a shortcoming of RAID 5 
is that its performance falls obviously in degrade and reconstruction mode. To solve 
this problem, parity declustering was introduced by Muntz and Lui[2]. Through parity 
stripe distribution and Reconstruction Load Balance, parity declustering can improve 
the performance and reduce the time cost of reconstruction. Holland and Gibson also 
defined six standards to estimate ideal data layout[3]. It includes Single failure cor-
recting, Distributed recovery workload, Distributed parity, Efficient mapping, Large 
write optimization and Maximal parallelism. Following the six standards, Alvarez 
proved that building an ideal data layout was difficult in most cases[4]. So the prob-
lem has been converted to how to find a data layout which is as close to ideal data 
layout as possible. Many data layouts have been studied, such as BIBD, 
PRIME,PDDL and RELPR[2-5]. All of them emphasized only parts of the six stan-
dards for different applications. However, since ideal data layouts are required by the 
six standards, the multiobjective optimization algorithm is obviously a nature selec-
tion to find ideal data layouts. 

One way to solve multiobjective problems is transforming the original problem 
into a single objective problem by weighting the objectives with a weight vector. But 
the solution obtained in this way depends on the weight vector used in the process. 
Genetic algorithm works with a population, so we expect that it can find the Pareto 
optimal front to our problem.  

Many Pareto-based multiobjective GAs are developed in recent years. VEGA(vector 
evaluated genetic algorithm) performs the selection operation for each objective  
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respectively. The pareto-based ranking GA was proposed by Fonseca and Fleming[6]. 
An individual’s rank equals the number of other individuals in the population by which 
it is dominated. NPGA (niched pareto genetic algorithm) uses the concept of pareto 
dominance and tournament selection in solving multiobjective optimization prob-
lems[7].NSGA (Non-dominated Sorting Genetic Algorithm) was first implemented by 
Srinivas and Deb[8]. While it follows the standard genetic algorithm for parent selection 
and offspring generation, it determines the fitness of the individual using the concept of 
parato dominance also. To improve the performance, NSGA-2 was proposed in 
2000[9], and its source codes also can be download. 

In this paper, we use NSGA to find a better data layout for networked RAID sys-
tems. Because Distributed recovery workload and Distributed parity take more 
weights on the networked RAID systems, we set them as the two objects of our algo-
rithm. To compare the performances of the solution, an experiment based simulated 
annealing was done simultaneously. The results show that the double-objective Ge-
netic Algorithm can produce better data layout for networked storage. To our knowl-
edge, this work is firstly applied the multiobjective genetic algorithm to solve parity 
declustering optimization problem.  

2   The Double-Objective Genetic Algorithm  

2.1   The Design of Algorithm 

Among the six standards of ideal data layout, the second, Distributed recovery work-
load, and the third, Distributed parity, take the largest influence on the performance of 
networked storage. So we set these two standards as the objects of NSGA. According 
to the choice of double-objective optimization function，the partial relation on the 
target space can be converted to pareto dominance on the decision space. After enough 
iterations, the partial relation can be converted to pareto dominance on the decision 
space under the control of the double-objective function. At last, we can get a set of 
pareto dominated solutions. The optimum data layout can be selected from this set. 

2.2   The Detail of Algorithm 

2.2.1   Objective Functions 
In this section, the detail of objective functions is presented. 

(1)  Weight 
During initial period, we set the weight under the following rules, 

Rule 1: To all local connected disk, the value of weight, eij, is 1; 

Rule 2: If there is one controller node in the networked storage system, and all storage 
management job run only on the controller (supposing the number of controller is 0), 
then we have, 

⎩
⎨
⎧

≠
=

=
0)mod(,

0)mod(,1

mje

mj
eij  (1) 
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Rule 3: To the distributed storage system, such as petal, the storage management job 
can run on more than one node. If disk i and disk j belong to the same node, then eij is 
1,else eij is e. Here, m is the number of disks. 

⎩
⎨
⎧

≠
=

=
)mod()mod(,

)mod()mod(,1

mimje

mimj
eij  (2) 

(2) The function of Reconstruction Load  

∑ •= 2
ij )(X)( ijWEIGHTED eLH  (3) 

Here, Xij means the number of stripes read from disk j while disk i broke down,  eij 
means the cost of the system which reads a stripe unit from disk j while disk i failed. 
In order to improve the performance, we should minimize the value of function H.   

(3) The function of Parity overhead  

∑= 2
iP)(LPWEIGHTED  (4) 

Here, Pi is the number of parity units on disk i. Obviously, we should also minimize 
function P.  

2.2.2   Parameters of Algorithm  
The data layout is used as the chromosome in the algorithm. Every data layout is 
presented as a vr ×  matrix. Here, r is the number of lines in the data layout, v is the 
number of the disks, k is the length of the stripe. Simply, we only consider the situa-
tion that v can be divided exactly by k in this paper. The absolute value of the ele-
ments in the matrix is the sequence number of the stripes, and the elements which 
value less than zero are parity unites in stripes. An example(r=5, v=6，k=3) is shown 
in figure 1. 

The Pareto dominate relation on decision space can be described as follows, 

)))()((||))()(&((&

)))()(&(&))()((( Dominat BA

BPAPBHAH

BPAPBHAH

<<
≤≤⇔

 (5) 

In order to avoid illegal data layout produced during iterations, we make some re-
strictions on the intercross and mutation regulars. For example, all lines must be inter-
changed between two data layouts in intercross, and mutation only interchanges two 
elements in the same line. 

 

Fig. 1. An example of data layout 
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2.2.3   The Algorithm  
The algorithm can be described as follows, 

a. Initially, N data layouts are given randomly. 
b. The functions of Reconstruction Load (H) and Parity overhead (P) are computed. 
c. According to their pareto relations, all the data layouts are divided into m sets. 
d. According to the regulars in niche, we set all sets with the shared fitness values 

in turn. 
e. N better data layouts are selected from all sets. 
f. The parents are selected by roulette, and N new data layouts are produced after 

intercross and mutation. 
g. The functions of Reconstruction Load (H) and Parity overhead (P) are calculated 

again. If the difference between the actual value and ideal value is less than the 
threshold which is defined initially, then the program ends, else turns to step b. 

Here, the population size in the first iteration is N, and it is 2N in the others. How-
ever, the population, which used for selection, intercross and mutation, is still N in 
each generation. Specially, these N individuals are the better ones in the 2N data  
layouts. 

2.2.4   Simulated Annealing Algorithm  
In order to compare the performance of the double-objective Genetic Algorithm, we 
also implement a simulated annealing algorithm for the same problem. The simulated 
annealing algorithm can be described as follows, 

a. Initialization. The default values of parameter are set. Such as length, the maxi-
mal length of Markov chain, T0, the temperature in initial state, ngel, the maximal 
number of data layouts which have same value, gen, the maximal number of itera-
tion. 

b. If the number of iteration exceeds gen, end the program, else turns to step c. 
c. If the number of same data layouts exceeds ngel, turns to step g. 
d. If the length of Markov chain exceeds length, turns to step g. 
e. Generate new data layout, and calculate its value of reconstruction function. 
f. The length of Markov chain adds 1. If the probability estimation can be accepted, 

then the new data layout is legal and turns to step d. Else, the number of same data 
layouts adds 1 and turns to step c. 

g. According to Distributed parity, if the new data layout is the best solution until 
now, then records it. The number of iteration adds 1 and turns to step b. 

In our experiments, T0 is 0.5, length is 1000, ngel is 10 and gen is 10. 

3   Experimental Results 

There are two groups of test in the experiment. One is the optimum data layout in 
local disk array. The other is the result in distributed storage system. Simultaneously, 
the best results in this experiment are compared with the best results in theory. 
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Table 1. The optimum data layout in local disk array (v = 12,k = 6,N = 50) 

Lines ideal Xij  Actual Xij Difference Ideal Pi Actual 

Pi 

Differ-

ence 

117 53.18 55 3.309% 19.5 20 2.25% 

308 140 142 1.428% 51.333 52 1.346% 

1121 509.54 512 0.482% 186.833 187 0.358% 

4873 2215 2219 0.18% 812.167 813 0.103% 

According to the conclusion in reference 10, any Xij has the same value in local 

disk arrays[10], and the value should be equal to )1()1( −−× vkr . Besides, any Pi  

also has the same value, it equals to r/k. As shown in table 1,  Xij and Pi in actual test 
have nearly reached the best results in theory. 

Table 2. The optimum data layout in distributed storage system(r = 117, k = 10, v = 40) 

Nodes Ha H
b

 Ideal Pi Actual Pi 

 2 5805760 2105600 12 12 

4 8140350 3766204 12 12 

5 8605310 4335244 12 13 

8 9306610 5828024 12 13 
a The value of function H using simulated anneaing. 
b The value of function H using double-Objective Genetic Algorithm.  

Using double-objective Genetic Algorithm, the parity units are distributed more 
even in storage system. As shown in table 2, the value of function H using double-
Objective Genetic Algorithm is much smaller than that using simulated annealing. In 
a word, the double-objective Genetic Algorithm has selected the most two important  
standards from six standards of ideal data layout. It can produce better data layouts for 
networked storage. 

4    Conclusion   

In this paper, we use the double-objective Genetic Algorithm to design the optimum 
data layout for networked storage system. To the objective functions in the algorithm, 
we chose Distributed recovery workload and Distributed parity, which are more  
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important standards to the performance of storage system. The experimental results 
show that the double-objective Genetic Algorithm can produce better data layout for 
networked storage. We can conclude that multi-objective Genetic Algorithm is a 
feasible and effective optimization algorithm for designing ideal data layout. As far as 
we know, our paper is the first to use multi-objective Genetic Algorithm in the design 
of ideal data layout, and this application may become popular to multi-objective Ge-
netic Algorithm in the future. 
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Abstract. Several diffusion schemes have been developed for load bal-
ancing on general networks. But these schemes are not well adapt to the
optical transpose interconnection network (OTIS) because this network
usually has high order Laplace matrix such that computing its spectrum
becomes complicated. Even if its spectrum is obtained simply, diffusion
schemes sometimes are rather difficult to implement because of large
scale of network usually.

Corresponding to traditional X schemes, we propose hybrid diffusion
schemes called DED-X for load balancing on OTIS network. By DED-X
schemes, load flows are scheduled on intragroup and intergroup links on
OTIS network separately. The DED-X schemes only compute the Laplace
spectrum of the factor graph of the OTIS network. The spectral infor-
mation of whole OTIS network is not necessary. We also provide some
theoretical evidences to show that DED-X schemes are better than those
traditional X schemes. Simulation results show that proposed schemes
have significant promotion in efficiency and stability.

1 Introduction

When parallel computer system distributes unevenly work loads on all its nodes
in runtime, it must equilibrate node loads by moving load items between nodes
and their neighbors via communication links, specially, when highly uneven load
distribution emerges and system performance degrades evidently. Load balancing
algorithm supposes that node loads consist of equally sized items. The goal of
load balancing is to design scheduling algorithm to migrate node loads across
edges so that all nodes have equal loads finally. In common, load balancing
process can be completed by two steps. Firstly, calculate the amount of load
that should be migrated between a node and its neighbors for achieving the
balanced status. Secondly, select load items to transfer them. A good balancing
algorithm means that it has a numerically stable iterative procedure with less
steps and a small flow over the edges of the graph for achieving the load balanced
sate.

Some diffusion algorithms have been proposed for load balancing on general
networks, homogeneous or heterogeneous. For homogeneous networks, Cybenko
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[1] presented a local diffusion scheme denoted as first order scheme (FOS) in
[2]. To speed up the iteration process in FOS, Ghosh et al. provided the second
order scheme (SOS) based on FOS, by using over-relaxation iterative method.
R. Diekmann et al. in [3] developed the optimal polynomial scheme (OPS) and
illustrated that OPS is optimal. Elsässer in [5] presented other optimal diffusion
scheme called OPT with a simpler iteration construction than OPS. Once the
Laplace spectrum of the graph become known, OPT balances node loads in
finite iterative steps. In [4], the authors generalized several diffusion schemes
from homogeneous networks to heterogeneous ones. Their generalized schemes
balance node loads to be proportional to their weights. The schemes cited above
all determine the l2-minimal balancing flow. In fact, It has been stated all local
diffusion algorithms lead to a minimal flow, independent of the algorithms and
parameters used.

General diffusion algorithms are not well suit to load balancing on large,
irregular networks, due to their complicated spectrum computation, such as op-
tical transpose interconnection system (OTIS) which was presented recently as
a preferable parallel computer architecture. However, most parallel intercon-
nection networks have scalable architectures derived from other networks by
cross-product composition, recursive substitution and hierarchical composition.
To this class of networks, the general diffusion schemes listed above must be
revised for less computational complexity and a better numerical stability.

Our focus of discussion in this paper is to construct new diffusion algorithms
based on general diffusion algorithms like FOS, SOS and OPT so that they can
complete load balancing issue on OTIS networks in the same level of compu-
tational overhead with in their factor networks. Our schemes are efficient when
they are applied to a wide array of OTIS networks whose factor networks have
regular topologies. After giving some basic definitions about modeling problem
of load balancing in section 2, and reviewing several existing general schemes in
section 3, we introduce our hybrid diffusion algorithms in section 4. In section
5, we analyze the performance of these schemes. Some simulation results in the
last section help to show availability of our work.

2 Definitions

Let G = (V, E) be a connected undirected graph with n nodes and m edges. Node
vi has an initial load w0

i ≥ 0. The goal of the load balancing algorithm is to de-
termine the vector wl of balanced loads such that wl = (1/nΣn

i=1w
0
i )(1, 1, ..., 1)T .

Let B be the node-edge incidence matrix of G having in each column exactly
two non-zero entries 1 and -1 which represent the nodes incident to the corre-
sponding edge. The signs of these non-zero entries decide implicitly directions
of the flows produced in the process of load balancing on corresponding edges
of the G. Denote the adjacency matrix of G with A and the node degree di-
agonal matrix of G with D. The Laplacian L of graph G is usually defined as
L = BBT . Let α ∈ (0, 1) be a constant edge weight.The n×n matrix M defined
by M = I − αL is called diffusion matrix. Let xk and yk are two flow vectors
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whose entries corresponding edge ei represent respectively current flow and total
amount of flows in k-th iteration over ei. The directions of the flows are deter-
mined by the directions of the edges in the incidence matrix B of G. The flow
x is called a balancing flow on G if and only if Bx = w0 − wl. Let λi(1 ≤ i ≤ r)
be r distinct eigenvalues of the Laplacian L of the graph G in increasing order.
Then M has the eigenvalues μi = 1 − αλi and α has to be chosen such that
μ1 > μ2 > ... > μr > −1. Denote the second largest eigenvalue of M according
to absolute values with γ = max(|μ2|, |μm|). For any polynomial based diffusion
scheme, γ decides the convergence speed of this scheme, with ek representing
the error after i-th iteration, which was stated in [3].

The OTIS network OTIS-G, derived from the n-node factor graph G, is de-
fined as following, see [11].

Definition 1. Let G = (VG, EG) be an undirected graph. The OTIS-G = (V, E)
is an undirected graph given by V = {〈g, p〉|g, p ∈ VG} and E={(〈g, p1〉, 〈g, p2〉)|g
∈ VG, (p1, p2) ∈ EG} ∪ {(〈g, p〉, 〈p, g〉)|g, p ∈ VG, g �= p}.

The graph G is called the factor network of OTIS-G. If G has N nodes, then
OTIS-G is composed of N node-disjoint subnetworks Gi(i = 1, 2, ...n), called
groups. Each of these groups is isomorphic to G. Denotes the vertex set of Gi

with Vi = {vij , 0 ≤ j ≤ (n − 1)} and edge set Ei = {(vik, vil)|(vk, vl) ∈ E(G)}.
Now, the vertex set V of OTIS-G satisfies V = ∪n−1

i=0 Vi. The edge set E of OTIS-
G can be partitioned into two subsets Eb called intragroup edge set and Es call
intergroup edges set. Eb represents all edges on Gi, (i = 1, 2, ...n) and Es means
other edges among Gi. Clearly,Eb = ∪n−1

i=0 Ei and Es = {(vij , vji)|i ≤ j}. Let Bb

and B be the node-edge incidence matrices of factor graph G and whole network
OTIS-G respectively; Bs denote the matrix incident the intergroup edges of Es

to nodes of OTIS-G. For short, let symbol Gs denote the OTIS network OTIS-G.
At last, Let ek denote the error vector resulting from diffusion scheme after k-th
iteration.

3 Several Existing Diffusion Schemes for General
Networks

Firstly, it is necessary to state several known algorithms, including FOS in [1],
OPS in [3]and OPT in [5]. They all service as diffusion schemes for load balancing
on general network topology. The FOS scheme can be expressed as local iterative
scheme. It changes the work load vector wk of nodes and schedules the flow vector
x of edges according to following procedure.

for k ≥ 1, wk = Mwk−1, xk = xk−1 − αBT wk−1.

About the error estimation ek, with [3], it holds ‖ek‖2 ≤ γk ·‖e0‖2. To improve
the relatively slow convergence of FOS, another polynomial iterative method
called second order scheme (SOS) was presented in [2]. The SOS is based on the
second order Richardson method in numerical analysis. The scheme SOS takes
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the polynomials p0(t) = 1, p1(t) = t, pk(t) = βtpk−1(t) + (1 − β)pk−2(t), k > 2.
The iterating process of SOS migrates work loads according

w1 = Mw0, wk = βMwk−1 + (1 − β)wk−2, k ≥ 2.

The authors of [10] have shown that wk converges to wl whenever β ∈ (0, 2) and
the fastest convergence occurs for β = 2/(1 +

√
1 − γ2). Denoting this optimal

value of β with βo, as stated in [3], the iterating error ek in k − th fulfills

‖ek‖2 ≤ (βo − 1)k/2(1 + k
√

1 − γ2)‖e0‖2 βo = 2/(1 +
√

1 − γ2). (1)

After these parameters are computed, SOS algorithm can be expressed a form
of algorithm, which appeared in a general frame in [3]. The process of flow
scheduling and load updating can be expressed as y0 = βoB

T w0, x1 = y0; for k >
1, yk−1 = βoB

T wk−1 − (1 − βoy
k−2), xk = xk−1 + yk−1, wk = wk−1 − Byk−1.

The optimal scheme OPT has a more simple iteration process, shown as
for 2 ≤ k ≤ (r − 1), yk−1 = 1

λk+1
BT wk−1, xk = xk−1 + yk−1, wk = (I −

1
λk+1

L)wk−1.

4 Hybrid Diffusion Schemes for OTIS Networks

For OTIS-network, with n vertices on its factor network, all eigenvalues of a
matrix with order n2 have to be computed before load balancing process starts.
We have shown that sometimes it is unpractical. Therefore we will introduce
hybrid schemes of diffusion and dimension exchange called DED-X schemes for
OTIS networks. The common ideal of DED-X schemes is to divide load balancing
process into three stages by a process of diffusion-exchange-diffusion. Now we
construct new algorithm DED-FOS, DED-SOS and DED-OPT as follows. Other
polynomial based schemes can be obtained easily by a similar way. Let L ∈ Rn2

and Lb ∈ Rn be the Laplacian of OTIS network and its factor; M = In2 − αL
and Mb = In −αbLb be the corresponding diffusion matrices of diffusion schemes
based polynomial. Let Aij denote n×n matrix with only ij-th entry being 1 and
other entries being 0. Let As be a matrix with ij-th entry being As(i, j) = Aij .
Then L = In ⊗ (Lb + In) − As, where ⊗ represents the Knonecker product. Let
wi = (wi1, wi2, ..., win)T be the work load on i-th factor of OTIS network and
w = (w1, w2, ..., wn)T be the work load on OTIS network. The work load wk in
step k for polynomial based diffusion schemes can be commonly expressed as a
general form wk = pk(M)w0. In the series of DED-X schemes, In the first stage
we iteratively diffuse node loads until for all i, the initial loads w0

i of i-th factor
network achieves the balanced status wl

i locally on this factor. In this stage, the
work load wk in step k can be decides according to

wk = (In ⊗ pk(Mb))w0. (2)

When second stage starts, we perform a dimension exchange strategy over
all intergroup links. In this stage, factor networks pairwise interchange their
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balanced node load by a way of interchanging load of node (u, v) with one of
node (v, u). After this stage, the total amount of all node loads on each factor
network is common. In succession to the first stage the load of whole network
after second stage is

wl+1 = Asw
l (3)

In the third stage, we proceed diffusion with the same iterative polynomial as
in the first stage but we only compute the amount of load migration on one of
the factors and have common flow on all other factors, based on the fact that
each factor network has same initial load vector. Following theorem show that
any polynomial based scheme must converge wk to the average of node loads on
whole network after such diffusion-exchange-diffusion process passes through.

Theorem 1. For any polynomial based scheme X, if X takes as most l steps to
iteratively balance load w0

i of i-th factor network to the balanced load 1
nJw0

i then
DED-X scheme balances load w0 to the balanced load 1

n2 (J ⊗ J)w0 in at most
2l + 1 steps.

Proof. By the condition of this proposition it holds that pl(Mb) = 1
nJ . For

DED-X we have

w2l+1 = [In ⊗pl(Mb)]As[In ⊗pl(Mb)]w0 =
1
n

(In ⊗J)As(In ⊗J) =
1
n2 J ⊗J (4)

which shows that w0 achieves to 1
n2 (J ⊗ J)w0 within 2l + 1 steps.

We now describe DED-X schemes as iterative algorithms. Its performance will
be discuss in detail in following sections.

Algorithm: DED-X
Input: OTIS-network consists of factors Gi with load vector wi, 0 ≤ i < n.
Output: Balanced load vector wl = 1/n2Σn−1

i=0 Σn−1
j=0 wij and a sequence of flow

xk.
1. for all factors Gi of OTIS-G
2. run the procedure X on Gi, 0 ≤ i < n and input the balanced load vector as

wl
i;

3. end for
4. for all intergroup edges e = ((i, j), (j, i)), i �= j
5. yE

e = (wl
i − wl

j); w
E
ij = wl

ij − ye;
6. end for
7. w0

0 = wE
0 ; y0

1 = αBT
b w0

0 ;
8. run the procedure X on Gi, 0 ≤ i < n and input the balanced load vector as

wl
i;

5 Algorithm Analysis

Let RV be the set of functions from vertex set V of graph G to R, RV = {f :
V → R}. Let e denote the all 1 vector of n dimension and ei denote i-th column
vector of the n × n identity matrix.
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Theorem 2. Let λb
1 and λ1 represent the second smallest Laplace eigenvalue of

factor network G and Gs respectively. Let λb
max and λmax denote their largest

eigenvalue respectively. Then it is true that

λ1 ≤ λb
1. (5)

and
λb

max + 1 ≤ λmax. (6)

Proof. Let f ∈ RVG be a function defined by the eigenvector corresponding λb
1;

then f⊥e, e = (1, 1, ..., 1)T . For any g ∈ Rn it holds (g ⊗ f)T (e ⊗ e) = 0 so
(g ⊗ f)⊥e. Now think of the Rayleigh quotient expression of matrix eigenvalue,
because Lbf = λb

1f , we have

λ1 ≤ 〈Ls(g ⊗ f), g ⊗ f〉
〈g ⊗ f, g ⊗ f〉 =

(g ⊗ f)T (In ⊗ Lb + In2 − As)(g ⊗ f)
(g ⊗ f)T (g ⊗ f)

= λb
1 + 1 − (gT ⊗ fT )As(g ⊗ f)

〈g, g〉〈f, f〉 .

(7)

But we have

(gT ⊗ fT )As(g ⊗ f)
〈g, g〉〈f, f〉 =

1
〈g, g〉, 〈f, f〉

n∑

i=1

gif
T (

n∑

k=1

Akigkf) (8)

together with

n∑

i=1

gif
T (

n∑

k=1

Akigkf) =
n∑

i=1

gifif
T g = 〈g, f〉2. (9)

Synthesizing equation 7,8 and 9 we have

λ1 ≤ λb
1 + 1 − 〈g, f〉2

〈g, g〉〈f, f〉 (10)

By choice of g equal to f , we have 〈g,f〉2
〈g,g〉〈f,f〉 = 1 and λ1 ≤ λb

1. The equation 5
becomes true. Similarly, for any g ∈ RVG , choosing f as an eigenvector of the
maximal eigenvalue λb

max of Lb, since g ⊗ f ∈ RV , so for h ∈ RV the largest
eigenvalue λmax satisfies

λmax = max
h

〈Lsh, h〉
〈h, h〉 . (11)

Let h = g ⊗ f , we have

λmax ≥ max
g

〈Ls(g ⊗ f), g ⊗ f〉
〈g ⊗ f, g ⊗ f〉 . (12)
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With a similar way of proving the equation 6, it holds that

〈Ls(g ⊗ f), g ⊗ f〉
〈g ⊗ f, g ⊗ f〉 = λb

max + 1 − 〈g, f〉2
〈g, g〉〈f, f〉 . (13)

Equation 12 together with equation 13 yield

λmax ≥ max
g

(
λb

max + 1 − 〈g, f〉2
〈g, g〉〈f, f〉

)
. (14)

Equation 6 holds when take g satisfying 〈g, f〉 = 0.

Next theorem shows that DED-FOS always converges more quickly than FOS.

Theorem 3. Let γb and γ denote the diffusion norm of the factor network G
and OTIS-G respectively. Then it holds that γb < γ, which means that when apply
DED-FOS scheme and FOS scheme to OTIS-G, DED-FOS will has a smaller
upper bound of error than FOS in k-th iteration.

Proof. Let ρb and ρ represent the condition number of the Laplace matrix Lb

and L apart, by the use of the theorem 2 it follows that

ρ =
λ1

λmax
≤ λb

1

λb
max + 1

<
λb

1

λb
max

= ρb. (15)

Therefore
γb =

1 − ρb

1 + ρb
<

1 − ρ

1 + ρ
= γ (16)

Equation 16 implies that at k-th step, for OTIS network, the iteration error
||ek

b ||2 ≤ γk
b for DED-FOS but error ||ek||2 ≤ γk for FOS , with γb < γ.

Next theorem states the the performance of DED-SOS scheme, which displays
better convergency property related to the ordinary SOS scheme for OTIS
networks.

Theorem 4. The upper bound of iteration error b(ek
b ) on G and b(ek) on OTIS-

G by the general SOS scheme satisfies

b(ek
b ) = τ2k−1b(ek), (17)

where τ < 1 is a real constant decided by the ratio of diffusion norms γb and γ.

Proof. In equation 1, let
√

1 − γ2
b = θ and

√
1 − γ2 = ε. Then it is known that

0 ≤ ε, θ < 1 and ε < θ such that it holds that

b(ek
b )

b(ek)
=

[
(1 − θ)(1 + ε)
(1 + θ)(1 − ε)

]k/2(1 + kθ

1 + kε

)
. (18)

Let 1+ε
1+θ = δ then δ < 1 and 1−θ

1−ε = δγ2
b

γ2 . Since 1+kθ
1+kε < θ

ε , k > 0 we have

b(ek
b )

b(ek)
< δk−1(γb/γ)k. (19)

Let τ = max(δ, γb/γ). Then τ < 1 and equation 19 becomes the equation 17
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Theorem 4 means that when apply DED-SOS scheme and SOS scheme to OTIS-
G, DED-SOS will have a smaller upper bound of error than SOS in k-th iteration.
About DED-OPT scheme, let d be the diameter of the factor graph. We have
following theorem.

Theorem 5. In the worst case, to achieve balanced status on OTIS network,
DED-OPT has a lower bound d + 1 of the number of iteration required. But
OPT needs at least 2(d + 1) iterations in this case.

Proof. In the worst case, OPT scheme requires a number of iteration equal to
the number of all distinct eigenvalues of Laplace matrix of OTIS topology. But
DED-OPT scheme requires iterations equal to all distinct eigenvalues of factor
graph. A known fact is that the Laplacian of a graph always has the same
number of distinct eigenvalues with its adjacency matrix. The latter has at least
d + 1 distinct eigenvalues [see[16]]. Another known fact is that OTIS network
has diameter 2d + 1 when factor graph has diameter d [see [11]].

6 Experiments

Here some numerical results help to illustrate the properties of DED-X scheme
series and the advantages of these schemes by comparing them with general diffu-
sion schemes. These results are based on some familiar factor network including
Hypercube(Hd), Mesh(Mm×n), Path(Pn), Cycle(Cn) and Complete graph(Kn).
Each OTIS-G network constructing from these factor networks consists of 64
nodes. To emphasize on influence of initial load, we experiment with a highly
unbalanced as well as a randomly distributed initial load, modeling as following.

– PEAK: One node has a super overweight load of 100 × n and the others are
free, with a load 0;

– RAN: 100 × n load items are randomly distributed among n nodes.

We want to compare our new load balancing strategies DED-FOS and DED-
OPT with the traditional FOS and OPT methods with respect to speed, stability
and flow quality. we did experiments on a mesh network with factor of dimension
3, using initial load distribution PEAK and RAN. The balance process stops
when the error ‖wk − wl‖2 is less than 0.01.

6.1 Convergence Speed

Table 1 shows several diffusion parameters used in X schemes and DED-X
schemes, coming from spectral computation of factor network G and corre-
sponding OTIS-G. The symbol Gs is identical with “OTIS-G”. All OTIS net-
works listed have smaller second minimal eigenvalue λ and condition number
ρ of Laplacian, larger diffusion norm γ, than their corresponding factor net-
work, which validates the theorems 2 and 3. These results theoretically show
that DED-FOS and DED-SOS schemes should converge faster than FOS and
SOS because they use the same diffusion parameters with factor network to
implement diffusion on OTIS network.
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Table 1. Comparison of diffusion parameters of factor networks and corresponding
OTIS networks (Gs=OTIS-G)

G λ2(G) λ2(Gs) λm(G) λm(Gs) α(G) α(Gs) ρ(G) ρ(Gs) γ(G) γ(Gs)
H3 2.0000 0.5857 6.0000 7.4142 0.2500 0.2500 0.3333 0.0790 0.5000 0.8535

M2×4 0.5857 0.2508 5.4142 6.9319 0.3333 0.2874 0.1081 0.0362 0.8047 0.9301
P8 0.1522 0.0732 3.8478 5.6542 0.5000 0.3492 0.0396 0.0130 0.9239 0.9744
C8 0.5858 0.2509 4.0000 5.7491 0.4361 0.3333 0.1464 0.0436 0.7445 0.9164
K8 8.0000 0.8769 8.0000 10.0000 0.1250 0.1839 1.0000 0.0877 0.0000 0.8388

In the following Table 2 we present the results of a number of experiments
in order to compare the convergence speed of traditional X schemes and DED-
X schemes, started on the PEAK and RAN initial load distribution. As we
have proven before, practically, DED-FOS has a evidently smaller number of
iterations than traditional FOS scheme. The number of iterations of DED-FOS
in the case of PEAK and RAN are almost same. DED-OPT behaves better which
almost,compared to existing OPT scheme, halves the number of iterations for
both PEAK and RAN, besides in the case of complete graph Kn.

Table 2. Comparison of the number of the iterations of general diffusion schemes X
and the hybrid diffusion schemes DED-X, NX represents the number of iterations

G load NF OS NOPT OTIS-G load NF OS NDED−F OS NOPT NDED−OPT

H3
RAN 14 3

OTIS-H3
RAN 76 37 15 7

PEAK 16 3 PEAK 77 38 15 7

M2×4
RAN 48 6

OTIS-M2×4
RAN 162 112 42 13

PEAK 49 6 PEAK 165 114 42 13

P8
RAN 133 7

OTIS-P8
RAN 460 306 15 15

PEAK 134 7 PEAK 462 309 15 15

C8
RAN 36 4

OTIS-C8
RAN 134 85 22 9

PEAK 37 4 PEAK 138 86 22 9

K8
RAN 1 1

OTIS-K8
RAN 72 3 4 3

PEAK 1 1 PEAK 71 3 3 3

6.2 Solution Quality

A known factor (see [3]) is that polynomial based schemes all compute the same
flow which is l2-minimal. This infers that all DED-X schemes have same flows in
the first and third stage. Since the second stage, dimension exchange, is based
on the initial load of local balanced status, All DED-X schemes product the
same flows. So we can conclude that all DED-X schemes compute the same flow,
although they are possibly not minimal. Based on this, we only give the flows
of DED-OPT on OTIS networks to illustrate the solution quality of DED-X
schemes. Table 3 shows that in most cases, the flow of DED-OPT scheme is
smaller than the flow of OPT. Sometimes it only a smaller fraction large than
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Table 3. Comparison of the flows of general diffusion schemes and the hybrid diffusion
schemes

networks initial load OPT flows DED-OPT flows

OTIS-H3
RAN 3555.3298 3106.9855
PEAK 4598.9345 4636.0903

OTIS-M2×4
RAN 65804.9817 4970.6308
PEAK 47213.1788 6279.2174

OTIS-P8
RAN 263219.98 9064.6780
PEAK 188852.7152 11299.558

OTIS-C8
RAN 5394.6648 5648.7938
PEAK 6127.1514 6437.3907

OTIS-K8
RAN 2726.9987 2487.1934
PEAK 3261.9012 3261.9012

the l2-minimal flow. Specially, the flow of DED-OPT scheme is far smaller than
the flow of OPT in the case of OTIS-M2×4 and OTIS-P8. Therefore, DED-OPT
should preferably be applied to practices.

6.3 Stability

As stated in section 1, the criteria of judging the quality of balancing algorithm
also includes its numerical stability. However, finding a load balancing scheme
with stable iterative procedure and less steps is often not easy. FOS scheme
has a good numerical stability but a slow speed. OPT need relatively smaller
iterative steps but possible numerical trap. Figure 1 and 2 shows that for OTIS
network, DED-FOS schemes are numerically stable and have faster convergence
speed than FOS.

Figure 1 shows that DED-FOS is stable in both diffusion stages, with error
decreasing monotonously, only a suddenly dropping of error arising in the sec-
onde stage (load exchange) after the error decreasing steadily in the first stage.
Due to node loads move over optical links in this stage, this is apparently not

Fig. 1. DED-FOS and FOS on OTIS-M2×4 network, with PEAK and RAN inital load
distribution respectively
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Fig. 2. DED-OPT and OPT on OTIS-M2×4 network, with PEAK and RAN inital load
distribution respectively

a problem. The best behavior of DED-X can be observed from Figure 2 where
DED-OPT has a much better stability than general OPT. Relative to OPT, nu-
merical problems are almost never observed in DED-OPT and it has the largest
error 22294.98367, but OPT with a approximatively error up to 9 × 1013, which
shows that general OPT scheme fails to implement load balancing on OTIS net-
work with large factor network due to numerical problems with the high error
number and DED-OPT should be a very proper substitution manner. From Fig-
ure 1 and 2, one can discover that distinct initial load distribution RAN and
PEAK do not bring forth apparent difference in stability.

7 Conclusion

Although the schemes described in this paper are based on a commonly simple
ideal, they should benefit to load balancing on OTIS networks. This work also
presents some opportunities for future work. A main focus of ongoing work is to
consider if these schemes can be improved to diminish the number of iterations.
It is expected that they can be generalized to globally or locally heterogeneous
networks since these networks often emerge from many applications in the field
of high performance computing.
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5. Elsässer, R., Frommer, A., Monien, B., preis, R.: Optimal and alternating direc-
tion load balancing schemes. In: Amestoy, P.R., Berger, P., Daydé, M., Duff, I.S.,
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Abstract. The problem of efficiently disseminating data from a mobile stimulus 
(source) to multi-ple mobile users (sinks) in a large-scale sensor network has 
been challenging. We address this prob-lem by proposing a minimum-energy 
tree-based data dissemination scheme, Dynamic Localized Minimum-Energy 
Agent Tree-Based Scheme (DLATS). We exploit the fact that sensor nodes are 
stationary and location-aware. In DLATS, each sensor node finds its Relative 
Neighborhood Graph (RNG) neighbors and a RNG is generated over the whole 
network. Then, the source broadcasts its position information to all the other 
nodes using our localized minimum-energy broadcast protocol, Improved RNG  
Broadcast Oriented Protocol (IRBOP).  A dynamic agent tree is generated 
between each source and multiple sinks using our Shortest Direct Parent First 
(SDPF) where the sinks become the agents, e.g., the leaves of the agent tree. 
Finally, each source uses IRBOP for multicast-ing the stimulus data to the users 
over the agent tree. We evaluate the performance of DLATS through 
simulations. Results show DLATS outperforms previously proposed protocols 
for data dis-semination in large-scale sensor networks. 

Keywords: Dynamic Localized, Minimum-Energy, Data Dissemination, Sensor 
Networks.  

1   Introduction and Related Work 

Because of the limited power supplies, there are several research issues in such sen-
sor networks: 1) How to efficiently detect stimulus or users; for example, [1] 
summa-rizes scalable location services and compares their performances. 2) How 
the sinks collect data from the sources. There are several research issues in this 
topic: a) How to locate the sources to the sinks or how to locate the sinks to the 
sources; b) How to report each source’s data to multiple sinks; that is, how to do 
energy-efficient multicast between them; c) How to efficiently reconfigure or 
regenerate the links between each source and the multiple sinks when either the 
source or the sinks are reassigned; that is, how to maintain the energy-efficient 
multicast between them.  In this paper, we focus on these three issues. To the best 
of our knowledge, there has not been any published work that efficiently solves all 
three problems simultaneously. 
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To minimize the total energy consumption in broadcasting but still enable a 
message originating from a source node to reach all the other nodes, the source node 
can adjust its transmission power. This is called the minimum energy broadcasting 
problem [2]. Minimum energy broadcasting problem can be solved by topology 
control protocols which aim to adjust transmission power while preserving strong 
connectivity of the network. Relative neighborhood graph (RNG) has been used in 
topology control pro-tocol [3]. Cartigny et al. [2] propose a localized minimum-
energy broadcasting proto-col, RNG  broadcast oriented protocol (RBOP). RBOP 
broadcasts to one-hop neighbors in a RNG. In this paper, we argue that a less greedy, 
two-hop broadcast approach where each node is less greedy because it considers the 
energy expenditure of its neighbors when deciding its own transmit radius. And, we 
show it save energy.  

Li et al. [4] propose a location system to estimate the target position as well as its 
motion, which takes advantage of the independently calculated time-difference-of-
arrival of successive pulses from the targets. In [5], authors give the directed diffusion 
paradigm to achieve energy saving by selecting paths between the sources and the 
sinks. In [6], authors propose  the two-tier data dissemination (TTDD) scheme where 
each source needs to generate a grid to tell its position to all other sensors. Sensor 
nodes located at the grid points work as agents. Then, each sink communicates with 
the source through the agents. Both of the two algorithms provide multicasting 
between one source and multiple sinks, however, they do not provide efficient multi-
casting and are not efficient when the sources and the sinks are mobile. In [7], authors 
build a dynamic proxy tree-based data dissemination scheme where it realizes mini-
mum-energy multicasting between each source and the sinks based on a centralized 
algorithm. 

Lou et al. [8] perform dominant pruning and partial dominant pruning to reduce 
broadcast redundancy. Cagalj et al. [9] creates a heuristic, Embedded Wireless Multi-
cast Advantage algorithm which realizes a minimum-energy broadcast and takes the 
advantage of relaying nodes. Wu et al. [10] study how to realize efficient broadcasting 
using a small set of forwarding nodes. All of the previous algorithms do not guarantee 
the total consumed energy is within a constant factor of the optimum. Wan et al. [11] 
have proved that minimum-energy broadcasting based on Euclidean Minimum Span-
ning Tree (MST) or MST-based graph consumes energy within a constant factor of 
the optimum.  Since MST cannot be constructed in a localized manner, a localized 
approx-imation structure of MST, RNG, has been suggested for broadcasting.   

The contributions of the paper are: 1) the localized data dissemination scheme from 
each mobile stimulus to multiple mobile users, Dynamic Localized Minimum-Energy 
Agent Tree-Based Scheme, DLATS; 2) efficient broadcasting via two-hop neighbors, 
Improved RBOP; 3) building an agent tree between each mobile stimulus to multiple 
mobile users where the energy paths from the agents to the root are the minimum, 
Shortest Direct Parent First, SDPF; 4) fast and low-cost reconfiguration and 
regenera-tion of the agent tree. The paper is organized as follows: we propose 
DLATS in Sec-tion 2. We present our performance studies in section 3  and conclude 
in section 4.  
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2   Dynamic Localized Minimum-Energy Agent Tree-Based 
Scheme  

2.1   Network Model  

We assume that a sensor network has the following properties:  
1) Nodes are dispersed in a 2-dimensional space and cannot be recharged after 
deploy-ment; 2) Nodes are stationary once deployed. Both the stimuli and the users 
are mobile; 3) Nodes transmit at the same fixed power levels which are dependent on 
the transmission distance; 4)  Nodes base decisions on local information only; 5) 
Nodes are location-aware, which can be defined using GPS, signal strength, or 
direction; 6) The energy consumption among nodes is not constrained to be uniform.  
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Fig. 1. A dynamic agent tree Fig. 2. A RNG  

2.2   Design Objectives  

1) The network connectivity is preserved with the use of minimum possible 
power.This is the most important objective of minimum-energy broadcasting. 
2) DLATS is distributed. This is because the network may be composed of  
thousandsof nodes. It is expensive to know all other node’s information. To run 
DLATS, a nodeonly needs to know its local information. 
3) DLATS is not affected by mobility. When either stimuli or users or both of 
themmove, the minimum-energy broadcasting or multicasting can be guaranteed. 
4) All links are bi-directional. For example, there are two nodes u and v in the 
network.If u can reach v then v can reach u. 
5) DLATS expects a node’s degree to be small but does not require the node’s 
degreeto be minimal. This is because: a) a small node degree may help to mitigate the 
hiddennodes problem; b) a small node degree can not guarantee that the graph 
approximatesthe optimal broadcast structure in terms of the total energy consumption 
[12].  



436 P. Ding and J. Holliday 

2.3   DLATS Framework 

Due to the dynamic characteristics of the sources and the sinks, it is difficult to 
maintain a tree that directly connects a source and multiple sinks that are interested in 
the source, or disseminate data from the source to the sinks. To realize minimum-
energy multicasting, we generate a dynamic agent tree, which is a subset of RNG, 
between a source and the sinks. Figure 1 shows a dynamic agent tree between the 
source and the sinks. The source is the root and the sinks are the leaves in the tree. To 
generate the tree, a source implements our minimum-energy broadcasting protocol, 
IRBOP, over the RNG graph. Sink nodes are agents of the mobile users and join the 
tree to obtain information on behalf of the users. After a sink joins the tree, it becomes 
an agent. Each node that wants to be part of the tree will find an optimal (minimum-
energy) path to the root based on a heuristic algorithm, Shortest Direct Parent First 
(SDPF). After each node finds its optimal path, a dynamic agent tree is generated. The 
source implements minimum-energy broadcasting over the agent tree. Effectively, 
this is akin to multicasting to a set of nodes within the entire network. When the users 
move, the sink nodes change and the agent tree will be efficiently reconfigured based 
on a localized algorithm, Inform Direct Parent Only (IDPO). If the stimulus moves 
and a new source is assigned, the new source runs IRBOP over the same RNG to tell 
its position to other nodes and the dynamic agent tree can be easily regenerated.  

2.4   DLATS  

DLATS consists of five steps.  
1) Finding neighbors: each node finds its RNG neighbors; 2) Minimum-energy broad-
casting: each source node broadcasts its position information to all other nodes using 
a minimum-energy broadcast protocol, Improved RNG broadcast oriented protocol, 
IRBOP(A); 3) Dynamic agent tree generating: each agent finds its minimum-energy 
path to the source using Shortest Direct Parent First, SDPF. Only the nodes on the 
paths are in the agent tree; 4) Minimum-energy Multicasting: each source implements 
minimum-energy multicasting over the agent tree with a more energy-efficient  broad-
cast protocol,  IRBOP(B); 5) Dynamic agent tree reconfiguration: When the users 
move so that the sinks change, the dynamic agent tree can be reconfigured using 
Inform Direct Parent Only, IDPO. Once a stimulus moves, a new dynamic agent tree 
can be efficiently regenerated over the same RNG with a new source.  

Notations 
Energy Path: It is the cumulative energy consumption from the emitter to the receiver 
(calculation is in Section 2.4.3).  

Energy Consumption (EC): The energy consumed by a node considers the energy 
consumption from the root to the node along the energy path. The EC of the receiver 
is equal to the EC of the emitter plus the energy path from the emitter to the receiver. 
The EC of the root is zero. Assume a node is u, then its EC is EC(u).  

Direct Parent: It is a node’s one-hop neighbor in the RNG. When a node looks for its 
direct parent, it treats its one-hop neighbors as the emitters and recalculates its EC. 
The one which makes the node’s EC be the least will be the node’s direct parent.  
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Two-hop Neighbor: Assume a node A has a neighbor B on the RNG, and B has a 
neighbor C on the RNG which is not A’s neighbor. We define C to be A’s two-hop 
neighbor on the RNG if C is inside A’s maximum transmission range, R. 

Minimum Transmission Range (Rtr
r
): This transmission range is the minimum energy 

range large enough to reach a node’s one- or two-hop neighbors in the RNG (Rtr≤ R, 
calculation is in Section 2.4.3).  

2.4.1   Finding RNG Neighbors 
Since sensor nodes are stationary, the RNG neighbor finding can be implemented by 
off-line. Once the RNG neighbors have been chosen, they will never be changed. A 
node can find its RNG neighbors as in [2]. 

In this paper, if a node v is node u’s one-hop RNG neighbor, then the edge uv 
belongs to RNG. We call the induced RNG over the network RNG and the induced 
MST over the network MST. After a RNG is generated, a node finds its one-hop 
neigh-bors in the RNG, exchanges its one-hop neighbor information with its 
neighbors, and records its two-hop neighbors as in Table 1.   After a node records its 
one and two hop neighbor information, these will never be updated. In the rest of the 
paper, a node’s neighbors means the neighbors in the RNG.  

2.4.2   Minimum-Energy Broadcasting Via IRBOP(A) 
In this section, we explain our improved RNG broadcast oriented protocol, 
IRBOP(A), that is used by the sources to broadcast their position information to all 
other nodes in the network. In Section 2.4.5, we will discuss IRBOP(B) for sending 
multicast messages to those nodes (sinks) who are interested in subsequent informa-
tion that the sources provide.  

IRBOP(A) is a minimum-energy broadcasting protocol which is based on the  
algo-rithm RBOP proposed in [2]. We summarize RBOP as follows. A source node 
trans-mits a broadcast message with the minimum-energy to reach all of its one-hop 
neighbors in the RNG. Those neighbors apply neighbor elimination scheme [13] to 
decide whether their one-hop neighbors in the RNG received the message or not. 

Table 1. Node and its Neighbors in a RNG 

node 
name  

one-hop  neighbor  two-hop  neighbor  

S  A, C, B  A, B, C, D, E, F  
A  G, F, S  G, F, E, S, B, C  
B  S  S, A, C  
C  D, E, S  D, E, F, S, B, A  
D  C  C, S, E  
E  C, F  C, D, S, F, A  
F  A, E  A, G, S, C, E  
G  A  A, F  
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Those neighbors respectively forward the message using the minimum-energy to 
reach all their one-hop neighbors which have not received the message previously. In 
this way, the message from the source is broadcast to all other nodes. RBOP saves 
energy using only localized information. However, we have noted that additional 
savings can be realized with the message sent to two-hop neighbors directly without 
relaying. In IRBOP(A), a broadcast node needs to calculate its R

tr 
and decide whether 

to reach its one- or two-hop neighbors. A node which we call the emitter should 
follow the follow ing rules to determine its Minimum Transmission Range, R

tr
: 

A) To guarantee connectivity, the emitter transmits the broadcast message using 
theminimum-energy to reach all its one-hop neighbors which have not received the 
broad-cast message previously as RBOP does, call this transmission range R

1
, and  

Rtr=R1. 
B) To save energy, the emitter considers transmission to its two-hop neighbors 
directly without relaying by its one-hop neighbors. When the emitter finds an one-hop 
neigh-bor has not received the message, the emitter sends a HELLO message to the 
one-hop neighbor, say N, and asks for its R

1
, here, we call it R

2
. N gives both R

2
 and 

the fur-thest node name to the emitter where N calculates R
2 
based on Rule A. If N’s 

furthest one-hop neighbor, say M, is not the emitter’s two-hop neighbor, then the 
emitter gives up considering two-hop broadcasting in M. If M is the emitter’s two-hop 
neighbor, then the emitter considers transmission to M directly. Let the distance from 
the emitter to M be R

3
. If  R

3

2 
< R

1

2 
+ R

2

2 
, then it is more efficient to let  Rtr be R

3
. So, N 

does not need to forward the message to its one-hop neighbors  where the emitter 
transmits to them directly. The emitter checks each of its one-hop neighbors which 
have not received the message previously and chooses the maximum R

3 
to be its Rtr 

which should be equal or larger than R
1
.  

Let us consider a graph shown in Figure 2 (To compare with RBOP [2], Figure 2 is 
from [2]) which consists of RNG edges. Table 1 shows their relations. S is the 
emitter. S’s one-hop neighbors are A, B, and C. S’s two-hop neighbors are A, B, C, 
D, E and F. S calculates its R

1
, ║SA║ based on Rule A. Since C is a neighbor and has 

not received the message (S has not sent it yet), S asks C what is its R
2
. C responds 

with the length of  ║CD║ and D. After S finds D is its two-hop neighbor, S calculates 
║SA║

2
+║CD║

2
 and ║SD║

2 
. Since ║SA║

2
+║CD║

2
>║SD║

2
, D satisfies two-hop 

broadcasting. Thus, S sets R
tr 
to be ║SD║ 

Since B does not have any other neighbors, S skips B. S continues to check with 
node A. Because G is outside transmission range of S, G is not S’s two-hop neighbor. 
S gives up two-hop broadcasting to G. The reason is as follows: We assume C, D, and 
E have already received the message. We also assume ║SF║

2
<║SA║

2
+║AF║

2 
, and 

║AG║>║AF║ . If S applies two-hop broadcasting to F, then S lets Rtr be ║SF║. When A 
receives the message, A still has to forward it to G with ║AG║ and . F, will AGreceive it 
also. Thus, the total energy consumption is ║SF║

2
+║AG║

2 
instead of ║SA║

2
+║AG║

2
 

which is total energy consumption using RBOP (based on the definition of RNG, 
║SF║>║AS║). Finally, S decides its R

tr
 to be ║SD║. 

Let us call the graph induced by R
tr
 on the network to be RNG

′ 
. Then, RNG is the 

subgraph of RNG
′ 
 where RNG

′ 
consists of RNG plus additional edges added by R

tr
. 

Next, we introduce two rules to calculate Energy Path: A) When the broadcast 
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message is from a one-hop neighbor, the energy path is the square of the Euclidean 
distance between them. B) When the broadcast message is from a two-hop neighbor, 
the receiver needs to cal-culate its energy path from all of the possible energy paths 
from the emitter to it inside two-hops. The receiver calculates the energy paths from 
the emitter to the receiver directly which is the square of the Euclidean distance 
between them, and all of the energy paths from the emitter to its one-hop neighbors 
plus from the one-hop neigh-bors to the receiver. The energy path of the receiver is 
equal to the least one.  

For example, in Figure 2, when S is the emitter, the energy path from S to C is 
║SC║

2 
. The EC(C) is equal to EC(S) plus ║SC║

2  
. When F receives broadcast message 

from S, F calculates ║SA║
2
+║AF║

2 
and  ║SF║

2
. Assume ║SA║

2
+║AF║

2
>║SF║

2  
. then the 

energy path from S to F is ║SF║
2 

. Thus, EC(F) is equal to EC(S) plus ║SF║
2
. 

Algorithm:
1. The source node emits the message with Rtr, which is calculated
by Rtr calculation Rule A or B. The source node also includes its EC
in the message,  which is zero.
2. When a node receives a new broadcast message either from its
one-hop or from its two-hop neighbors, the node accepts the mes-
sage:
2.1 The node calculates its energy path and EC.
2.2 The node applies neighbor elimination scheme to eliminate
neighbors to whom it does not need to forward the message. The
message will not be forwarded if the node’s one-hop neighbors have
all received it.
2.3 The node checks its one-hop neighbors:
a)If there are some one-hop neighbors have not received the mes-
sage, then the node calculates its Rtr and forwards the message with
Rtr.
b)If all of its one-hop neighbors have received the message, the node
will not forward it.
3. When a node receives a new broadcast message from its non-
neighbors, the node ignores the message.
4. When a node receives an already received message:
4.1 The node ignores the message if it has already forwarded it.
4.2 The node applies neighbor elimination scheme to eliminate
neighbors to whom it needs to forward the message; the message is
ignored if the node’s one-hop neighbors have all received it.
4.3 Otherwise, the node calculates Rtr and forwards the message with
Rtr.  

Fig. 3. IRBOP(A)  

Next, we explain how IRBOP(A) works. The objective of broadcasting from the 
source is to help the agents find their paths to the source, so, each node can only 
accept broadcast messages from its one or two hop neighbors. Otherwise, they will 
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not be able to find their direct parent in the next step using SDPF. As in [2], we apply 
neigh-bor elimination scheme to one-hop neighbors in the RNG. 

For example, in Figure 2, S is the emitter which broadcasts with R
tr
 equal to ║SD║ 

and includes its EC in the broadcast message (EC(S) is zero). After B receives the 
message, it checks R

tr
 against the position of its one-hop neighbors. Since S is the 

only one and is the emitter, B eliminates S, calculates EC(B), and then it stops. After 
C receives the message, it calculates EC(C) also. Since C deduces that S, E, and D 
have already received the message, C eliminates them and stops. F accepts the 
message because S is its two-hop neighbor via A. Then, it calculates EC(F).  Since all 
of its one-hop neighbors have received the message, F will not forward it. D and E do 
the same as F. A calculates EC(A) and checks its one-hop neighbors. A finds that G is 
the only one left. A forwards the message to G with R

tr 
equal to ║AG║ and includes 

EC(A). After G receives the message, it calculates EC(G), checks its one-hop 
neighbors, elim-inates A for transmission, and stops. The broadcast is received by all 
of the nodes and only two transmissions were needed with a total cost of 
║SD

2
║+║AG

2
║ .  

Figure 3 is IRBOP(A). The cost of the broadcasting is the total energy 
consumption for sending broadcast messages and the HELLO messages. During 
IRBOP(A), the complexity of the HELLO message exchange for each node is O(1). 
Compared with RBOP, IRBOP(A) consumes extra energy in broadcast nodes’ one-
hop neighbors sending HELLO message to their two-hop neighbors. However, 
compared to the energy consumed in sending broadcast message, the energy 
consumed in sending HELLO is little.  

2.4.3   Generating the Dynamic Agent Tree 
After the source broadcasts its information, all other nodes know where it is. The 
nodes nearest the users become the sinks (agents). Those agents need to find their 
paths to the source. We propose a heuristic algorithm, Shortest Direct Parent First 
(SDPF), to find the paths from those agents to the source. When each agent finds its 
path to the source, a dynamic agent tree is generated where the tree is composed of 
RNG edges. 

Shortest Direct Parent First (SDPF): To save energy, each agent should find the 
minimum-energy path to the source. SDPF is a heuristic algorithm which works as 
fol-lows: 1) A node looking for its direct parent broadcasts a HELLO message to its 
one-hop neighbors and asks for their EC. 2) After receiving EC from any of its one-
hop neigh-bors, the node recalculates its EC to the source. The node’s updated EC is 
its neigh-bor’s EC plus the square of Euclidean distance between the one-hop 
neighbor and the node (energy path between them). 3) The node picks a one-hop 
neighbor as its direct parent which makes the EC of the node be the least among all its 
one-hop neighbors. Ties are broken by the  node ID. Then, the node sends a HELLO 
message to inform the neighbor. 4) The direct parent records the node in its children 
list in the tree. If the direct parent does not have a direct parent, then it goes to step 1. 
The process continues until the source is found. 5) When all agents find their paths to 
the source, the dynamic agent tree is completed. The tree consists of all of the agents 
and their paths to the source, and all edges are RNG edges. 
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Once a node’s direct parent is found, the direct parent will not be changed until the 
source moves. The cost of generating the dynamic agent tree is the total energy con-
sumption for finding all agents’ paths to the source.  

2.4.4   Minimum-Energy Multicasting Via IRBOP(B) 
After the dynamic agent tree has been generated, the source will multicast over the 
agent tree using the algorithm IRBOP(B). Note that IRBOP(A) is designed to help 
build the agent tree whereas IRBOP(B) is designed to broadcast efficiently. 
IRBOP(B) is the same as IRBOP(A) except for the following. In IRBOP(B),  a node 
can accept a message sent from a non-neighbor (i.e., not one- or two-hop neighbor) in 
the RNG. A node does not need to calculate its EC, and its R

tr
 is calculated as 

IRBOP(A). When a node receives a broadcast message from a non-neighbor in RNG, 
as in [2], the node will not forward the message immediately; it will wait until the 
next time frame (depending on the MAC protocol in use) to decide its R

tr
 and forward 

the message with R
tr
. In this way, the source multicasts over the agent tree using 

IRBOP(B) within the RNG.  

2.4.5   Dynamic Agent Tree Reconfiguration 
There are two cases in which the agent tree needs to be reconfigured, that is, the users 
move and the stimulus moves. In the first case, when the users move, some nodes are 
no longer sinks so they need to leave and be taken off the dynamic agent tree and 
other nodes become sinks and need to join the tree. We propose an algorithm, Inform 
Direct Parent Only (IDPO), to manage the sinks joining and leaving.  In the second 
case, since the sensor nodes are stationary, the RNG does not need to be regenerated. 
After a stimulus moves, it broadcasts its position over the same RNG. Thus, a new 
agent tree can be efficiently regenerated.  

Joining (IDPO): When a new user comes, the node nearest to it becomes an agent 
(sink).  The agent does the following to join the existing dynamic agent tree: 1) The 
sink node looks for its direct parent among its one-hop neighbors in the RNG using 
SDPF. After finding its direct parent, the node sends a HELLO message to inform it. 
2) The direct parent writes down the node in its children list in the tree and looks for 
its direct parent if it does not have one. 3) The process continues until some direct 
parent is in the agent tree or the source is reached. Thus, the new path from the new 
agent to the agent tree is added. 

The cost of adding the new sink is the total energy consumption from the time of 
the new sink sending HELLO messages to find its direct parent to the time of the sink 
being added to the tree. If a node had been added to the tree, then it can send a 
HELLO message to its old direct parent directly and inform it of its joining.  

Leaving (IDPO): When an user leaves, the sink should be removed from the tree. It 
does the following: 1) The node sends a HELLO message to its direct parent and 
informs its leaving; 2) The direct parent (not the root) checks its children list in the 
tree. If the node is the only one in the children list, the direct parent removes the node 
from its children list in the agent tree and sends a HELLO message to inform its direct 
parent. And then, this step is repeated. If the children list is not empty, the direct 
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parent removes the node from its children list but will not inform its direct parent any 
more. 

The cost of deleting an agent (sink) is the energy consumed by nodes sending 
HELLO messages along the path to be removed from the tree. The complexity of 
HELLO message exchange for each node is O(1) both in joining and leaving.  

3   Performance Evaluation  

In this section, we present several simulation results to demonstrate the performance 
of the minimum-energy tree-based data dissemination scheme, Dynamic Localized 
Minimum-Energy Agent Tree-Based Scheme (DLATS). And, we focus on energy con-
sumption. Our simulations will evaluate three parts: 1) the effectiveness of 
IRBOP(B); 2) the effectiveness of tree generation with IRBOP(A) and shortest direct 
parent first (SDPF); 3) the effectiveness of inform direct parent only (IDPO). The 
simulations are conducted in the following settings: 300 nodes are randomly 
distributed in a 1000 × 1000m

2 
. Each value shown in the following figures is 

averaged over 50 simula-tions. In our calculations, if the energy consumption includes 
both broadcast message (data packet) and HELLO message (control packet), we 
consider both of them.  

4 105

4.5 105

5 105

5.5 105

6 105

6.5 105

7 105

100 120 140 160 180 200

The energy consumed for broadcasting

IRBOP(B)
RBOP
BIP
IMRG(RBOP)
IMRG(IRBOP(B))

Transmission range

6 105

7 105

8 105

9 105

1 106

1.1 106

1.2 106

1.3 106

1.4 106

100 120 140 160 180 200

The energy consumed for broadcasting the root position

IRBOP(A)
TTDD

Transmission range  
Fig. 4. Energy consumption for broadcasting     Fig. 5. Energy for broadcasting root position  

3.1   The Effectiveness of IRBOP(B) 

We randomly pick a node as a source node and let it broadcast to all other nodes once 
every second for 20 seconds.  We vary a node’s transmission range from 100 to 
200m. Figure 4 shows energy consumed by different broadcast algorithms. To 
evaluate the effectiveness of IRBOP(B), we compare the energy consumption in 
IRBOP(B) with RBOP[2], BIP[14], IMRG(RBOP), and IMRG(IRBOP(B)). With 
IRBOP(B), a node can accept message from non-neighbors in the RNG. RBOP 
broadcasts to only one-hop neighbors. IMRG(RBOP) means the graph is generated by 
IMRG [12] and broadcast algorithm is RBOP. IMRG is a topology control algorithm 
which is used to generate low-weight approximate MST [12]. IMRG(IRBOP(B)) 
means the graph is generated by IMRG and broadcast algorithm is IRBOP(B). Since 
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BIP is a centralized algorithm, it consumes the least energy and is not affected by the 
change of node’s transmission range. IRBOP(B) consumes less energy than RBOP. 
This is because IRBOP(B) broadcasts to two-hop neighbors directly when doing so 
will save more energy than relaying. IMRG(IRBOP(B)) consumes more energy than 
IRBOP(B). This is because the low-weight approximate MST graph can not guarantee 
the total energy consumption in the broadcasting is less than RNG. IMRG(IRBOP(B)) 
consumes less energy than IMRG(RBOP). This is because IRBOP(B) considers its 
two-hop neigh-bors in calculation its minimum broadcasting energy.  

3.2   The Effectiveness of IRBOP(A) and SDPF 

To evaluate the effectiveness of IRBOP(A) and shortest direct parent first (SDPF), we 
compare the energy consumption for: 1) broadcasting a source position  using 
IRBOP(A) with generating grid using TTDD [6]; 2) looking for the paths from the 
sinks to the root using SDPF with using TTDD; and 3) multicasting over the agent 
tree using IRBOP(B) where each agent has the optimal path to the root (IRBOP(B, 
with O)), multicasting over the agent tree using IRBOP(B) where each agent doesnot 
have the optimal path to the root (IRBOP(B, without O)), with multicasting using 
TTDD.  

Figure 5 compares the energy consumed for broadcasting the source position using 
IRBOP(A) with building the grid using TTDD. In the figure, TTDD consumes much 
more energy than IRBOP(A) to inform other nodes the source position. This is 
because IRBOP(A) broadcasts over a RNG. Figure 6 shows the energy consumed for 
looking for the paths. We change the number of the sinks (agents) from 1, 5, 10 to 15 
in the net work. As shown in Figure 6, SDPF saves a lot of energy compared with 
using TTDD. This is because SDPF is processed in a RNG. 
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Figure 7 shows the energy consumed for multicasting over the agent tree using 
IRBOP(B) with optimal path to the root, IRBOP(B) without optimal path to the root, 
and with TTDD.  The number of the sinks is 1, 5, 10, and 15. TTDD consumed much 
more energy than the two others in multicasting over the sinks. In IRBOP(B, without 
O), during the building of the agent tree, each agent treats the one-hop neighbor 
which sends it the broadcast message as its direct parent; if the broadcast message is 
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sent from a two-hop neighbor, then an one-hop neighbor between them will be the 
node’s direct parent. IRBOP(B, with O) consumes less energy than IRBOP(B, 
without O). When the number of sinks is 1 or 5, the IRBOP(B, with O) consumes 
around 5% less energy than IRBOP(B, without O).  
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3.3   The Effectiveness of Inform Direct Parent Only 

To evaluate the effectiveness of IDPO, we compare the energy consumption of IDPO 
with TTDD in : 1)leaving; 2) joining. Figure 8 compares the energy consumed for 
leaving using IDPO with TTDD. The x-axis is the time interval, which is 0.5, 1, 1.5, 
2, and 2.5 m.  The number of total sinks in the network is 15 and there is one mobile 
sink which is moving at speed of 2.5m/s. As shown in the figure, IDPO con-sumed 
much less energy than TTDD for leaving. Figure 9 compares the energy con-sumed 
for joining using IDPO with TTDD. The x-axis is the time interval which is 0.5, 1, 
1.5, 2, and 2.5 m. The total number of sinks in the network is 15 and there is one 
mobile sink which is moving with 2.5m/s.   

4   Conclusion 

In this paper, we propose DLATS which can efficiently multicast data from a mobile 
source to multiple mobile sinks. We also propose IRBOP to solve minimum-energy 
broadcasting over the RNG, SDPF to let a sink find its minimum energy path to the 
source, and IDPO to energy efficiently reconfigurate the agent tree. Simulations dem-
onstrate DLATS outperforms the previous localized solutions for mobile node data 
dissemination for large-scale sensor networks.  
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Abstract. On-chip communication architectures can have a great influence on 
the speed and area of System-on-Chip (SOC) designs. A new chip design para-
digm called Network-on-Chip (NOC) offers a promising architectural choice 
for future SOC. Focusing on decreasing node degree, reducing links and short-
ening diameter, a new NOC, named Triple-based Hierarchical Interconnection 
Network (THIN), is presented in this paper. The topology of THIN is very sim-
ple and it has obviously hierarchical, symmetric and scalable characteristic. The 
network properties and zero-load latency were studied and compared with 2-D 
mesh and Hypercube. The results show THIN is superior to 2-D mesh and Hy-
percube to construct interconnection network for SOC, when the network size is 
not very large. A new tree-based multicast routing algorithm in THIN is pro-
posed. Thorough analyses and experiments based on different multicast imple-
mentation schemes are conducted. The results do confirm the advantage of our 
scheme over unicast-based and path-based multicast schemes. 

Keywords: System-on-Chip, Network-on-Chip, network topology, multicast. 

1   Introduction 

Continued progress in silicon technology now allows future System-on-Chip (SOC) 
to integrate from several dozens to hundreds of cores in a single billion-transistor chip 
[1], [2]. With the trend towards highly integrated SOC designs with many on-chip 
processing resources, the on-chip communication is soon becoming the bottleneck. 
Classical on-chip communication architecture uses a traditional Time-Division Multi-
plexed (TDM) bus, such as IBM Core Connect [3] and ARM AMBA [4]. Bus-based 
architecture suffers from the clear bottleneck of the share media used for the transmis-
sion. The bus allows only one communication at a time, all the cores in the system 
share its bandwidth, and its operating frequency decreases with the system growth. 

Network on Chip (NOC), a new chip design paradigm concurrently proposed by 
many research groups [2], [5], [6] is expected to be an important architectural choice 
for future SOC. Using a network to replace global wiring has advantages of structure, 
performance and modularity [7]. Different network topologies were thoroughly studied 
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by Daniel Wiklund and Dake Liu from a theoretical perspective resulting in the con-
clusion that the 2-D mesh is most suitable for on-chip networks [8]. 

In this paper, we propose a new on-chip interconnection architecture: Triple-based 
Hierarchical Interconnection Network (THIN). THIN is a particular case of the WK-
recursive topology [9][10]. The topology of THIN is very simple and it has obviously 
hierarchical, symmetric and scalable characteristic. The network properties and zero-
load latency of THIN are studied and compared with 2-D mesh and Hypercube. The 
results show that THIN is generally preferable to 2-D mesh and Hypercube to con-
struct interconnection network for SOC, when there are not too many cores. Further-
more, THIN retains the ease of multicast routing for its hierarchy. 

The remainder of this paper is organized as follows. Section 2 describes the topol-
ogy of THIN and nodes addressing scheme. The network properties of THIN are stud-
ied and compared with 2-D mesh and Hypercube in section 3. Section 4 compares the 
zero-load latency of THIN and 2-D mesh. In section 5, we present a new tree-based 
multicast algorithm in THIN, TRMA (Triple-tree Restricted Multicast Algorithm). 
Section 6 summarizes the results and concludes the directions for future research. 

2   Triple-Based Hierarchical Interconnection Network 

2.1   Topology and Construction of THIN 

Focus on decreasing node degree, reducing links and shortening diameter, this paper 
presents a new on-chip network, called Triple-based Hierarchical Interconnection 
Network, which is a hierarchical, symmetric and scalable interconnection architecture. 
Figure 1 shows the topology of THIN. As shown in Fig. 1(a), we define a single node 
as a level 0 THIN. A level 1 THIN can be constructed by connecting three nodes with 
three communication channels and then forming a triangle, as shown in Fig. 1(b). The 
level 1 THIN is the base component to form any level THIN. 

(a) (c)(b) (d)  

Fig. 1. The topology of THIN: (a) level 0 THIN; (b) level 1 THIN; (c) level 2 THIN; (d) level 3 
THIN 

THIN is easily scalable and the constructing process is: replacing the node of level 
1 THIN with lower level THIN to structure a higher one, reiterating this process, we 
can get any higher level THIN, illustrated in Fig. 2.  
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Fig. 2. The construction of level k THIN 

The topology of THIN is very simple and the node degree is low. THIN has obvi-
ously hierarchical, symmetric and scalable characteristic. The nodes in the lowest hi-
erarchy are fully connected, while other hierarchies have relatively less links and thus 
the complexity of network is reduced and the silicon cost is decreased. 

2.2   Hierarchical Address-Encoding Scheme 

In order to quickly and accurately locate a node in THIN, the hierarchical address-
encoding scheme is proposed which fully applies the hierarchical characteristic of 
THIN. The scheme not only describes how to address single node, but also defines the 
rule to group some nodes in THIN. 

Definition 1. The basic addressing set of nodes in THIN is BC, BC = {01, 10, 11}. 
Since the construction of THIN is an iterated process, the node addressing of THIN 

is also an iterated process. The scheme is: 

(i) when k = 1, there are only three nodes in N(k) and everyone can be marked with 
2 bits symbol b1b0, b1b0∈BC. 00 can be used as a group-code to denote all nodes of 
the network, as shown in Fig. 3(a). 

(ii) Suppose N(k-1) has been addressed. Then N(k) can be constituted by three N(k-
1). Every node of N(k) can be addressed as 2k bits by appending the node code of 
N(k-1) behind the nodes code of N(1) whose nodes are taken place by N(k-1), as illus-
trated in Fig. 2. Figure 3(b) illustrates a level 3 THIN, which contains 27 nodes. 

(iii) Let the code of nodes in N(k) be labeled as b2k-1b2k-2…b2i-1b2i-2…b1b0. If there 
exists i (1≤i≤k), where b2i-1b2i-2=00, then the code is a group-code. This group-code 
represents a set of nodes composed of whose address can be obtained from b2k-1b2k-

2…b2i-1b2i-2…b1b0 by replacing b2i-1b2i-2 with 01, 10 and 11. 

Rule (i) and (ii) designate the single node addressing scheme of THIN, and (iii) ac-
counts for how to distinguish between single node and group nodes and how to con-
struct individual code from a group-code. 
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Fig. 3. The address encoding scheme of THIN: (a) level 1 THIN; (b) level 3 THIN 

3   Network Properties of THIN 

An interconnection network can be mainly characterized by three factors: network 
degree, number of links and diameter. This section addresses these principle proper-
ties of THIN and compares it with 2-D mesh and Hypercube. In the following, we 
first introduce the definitions and notations of these properties.  

Definition 2. An on-chip interconnection network I is a strongly connected directed 
multigraph, I = G(V, C). The vertices of the multigraph V represent the set of cores. 
The arcs of the multigraph C represent the set of communication channels. We use 
n(i) to represent the node whose address is i. Pi, j is used to represent the path from 
n(i) to n(j), and M(i) denotes a message which destination address is i. 

Let Vk denotes the node set of a level k THIN and N denotes the number of   nodes of 
the network such that 

k
kN=|V |=3 . (1) 

Definition 3. Given a vertex i of a graph G, the number of channels connecting that 
node to its neighbors is called the degree of i, denoted  by di. The maximum over the 
degrees of all nodes of G is called the network degree and is denoted by d. By defini-
tion, 

id max(d )= . (2) 

Let dTHIN denotes the network degree of a level k THIN,  

THINd 3= . (3) 

Definition 4. Lk is used to denote the number of links in a level k THIN. 
According to the constructing process of THIN, the number of links in a level k 

THIN can be represented by (4): 
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{ 1

k k-1

L 3
L 3L 3

=
= + . (4) 

From (4) we can know: 

k
kL 3 (3 1) / 2 3 (N 1) / 2= × − = × − , (5) 

where N represents the number of nodes in THIN. 

Definition 5. A path (Pi,j) between two vertices i and j of a graph G is a sequence i1, 
i2, …, ik of vertices such that pairs of consecutive vertices are adjacent while i1=i and 
ik =j. 

Definition 6. Given two vertices i and j of a graph G, we call the distance between i 
and j the length of a shortest Pi,j and we denote it by Di,j. 

Definition 7. The diameter of a graph G, denoted by DG, is the maximum of the dis-
tance Di,j over all pairs of vertices of G. By the definition,  

G i, jD max(D )=  . (6) 

Let DTHIN(k) denotes the diameter of a level k THIN. Following the constructing 
process of THIN, DTHIN(k) can be represented as equation (7) 

THIN(1)

THIN(k) THIN(k 1)

D 1
D 2D 1−

=⎧
⎨ = +⎩

. (7) 

From (7), we can know that: 

N
3logk

THIN(k)D 2 1 2 1= − = − . (8) 

Table 1 compares the network properties of the proposed THIN with 2-D mesh and 
Hypercube, where N denotes the number of nodes in network. It can be seen that the 
network degrees of THIN and 2-D mesh are constant and furthermore the degree of 
THIN is lower. Fixed node degree cannot increase the network interface overhead 
with the network growth and can facilitate the VLSI implementations and network 
growth. The lower node degree can achieve wider bandwidth than do higher one 
when the channel is limited by wire density. 

Table 1. Comparison of topology properties of three interconnection networks 

Type of net-
work  

Network 
degree 

Number of 
links 

Diameter 

THIN 3 3×(N-1)/2 12
N
3log −  

2-D mesh 4 )(2 NN −  )1(2 −N  

Hypercube N
2log

 

N
2N l o g

2
 N

2log  
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The number of links is used to represent the cost and complexity of a network. 
When the nodes of a network increase, the links should increase in the linear model in 
order to minimize the connect cost. Fig. 4 shows the links of THIN, 2-D mesh and 
Hypercube in different scale. The links of THIN are the fewest when they have the 
same network size. This is very important for constructing NOC, because the fewer 
the number of links is, the less the chip resource will be cost. 

   

  Fig. 4. Comparison of network links             Fig. 5. Comparison of network diameter 

The diameter is one of important parameters for interconnection network, and it 
impacts the communication delay between nodes. In a packet switching network, the 
diameter is always required to be as short as possible. The diameters of THIN, 2-D 
mesh and Hypercube in different scale are shown in Fig. 5. The diameter of Hyper-
cube is shortest and the diameter of THIN is shorter than 2-D mesh when the network 
size is not very large. Though the diameter of Hypercube is the most optimal, the 
node degree is not fixed, the links is more and the structure is too complex. So Hyper-
cube is seldom used to construct interconnection network for SOC.  

The comparison results show that when there are not too many cores, THIN is a 
better candidate for constructing the interconnection network for SOC, taking into ac-
count the node degree, number of links and diameter. 

4   Latency of THIN 

To evaluate an interconnection network, the network latency must be taken into ac-
count. This section mainly compares the zero-load latency between THIN and 2-D 
mesh. 

In [11], a zero-load latency model is presented for wormhole switching networks. 
Suppose the message contains L-bit data. The phit size and flit size are assumed to be 
equivalent and equal to the physical data channel width of W bits. The routing header 
is assumed to be 1 flit; thus the message size is L+W bits. The latency to transfer the 
message in the network is: 
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avg r s w s w

L
T = D (t + t + t ) + max(t , t )

W
, (9) 

where tr is the time spent by the router to make a routing decision; ts is the intra-router 
or switching delay; and tw is the inter-router delay (the propagation delay across the 
wires of an external channel). L/W is the packet payload and when addresses and data 
must be transmitted.  

The first expression in (9) computes the latency to transfer the packet header, while 
the second one determines the time spent by the packet payload to reach the destina-
tion node following the header in a pipelined fashion. In this paper, Davg is taken as 
the average distance of the interconnection network. 

Definition 8. The average distance of a interconnection network is the result of the 
sum of all the minimal path length between any two nodes in the network dividing by 
the total number of paths [12] and we denote it by Davg. Davg can be calculated as the 
following equation: 

GD

avg
i 0

D i (i)ρ
=

= ×∑ , (10) 

where DG represents the diameter, and (i)ρ  denotes the probability of the message 

which transmission distance is i over all the messages in the network. 
The average distance of a level k THIN, denoted by Davg_THIN, is given by: 

k 1

avg_THIN k-1 k

1 16 (6 1) 1
D

3 5 3 3

−× −= + −
×

. (11) 

In [12], the equation to calculate the average distance of 2-D mesh is given. 

2-D Mesh

2(N 1)
D

3 N

−=  (12) 

Increasing network degree can reduce the average distance of an interconnection  
network. So it is very difficult to accurately evaluate the latency of interconnection 
networks with different degree, if only using the average distance without taking into 
account the network degree. In this paper, we use the normalized average distance 
[13] when analyzing the latency. 

Definition 9. The normalized average distance of an interconnection network, de-
noted by μ , is the result of the average distance Davg multiplied by the degree d: 

avgd D .
 

(13) 

In this paper, when comparing the zero-load latency of different interconnection net-
works, we use μ  to take place Davg. Based on equation (9), (11) and (13), the zero-

load latency of level k THIN, denoted by TTHIN, is given by 
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N
3

k 1

THIN r s w s wk-1 k

log 1

r s w s w

1 16 (6 1) 1 L
T  = 3 ( ) (t + t + t ) + max(t , t )

W3 5 3 3
3 16 (6 1) 1 L

       3 ( ) (t + t + t ) + max(t , t )
N 5 N W3

−

−

× −× + − ×
×

× −= × + − ×
×

, (14) 

where N represents the number of nodes in the THIN. 
The zero-load latency of a 2-D mesh is given by 

2-D Mesh r s w s w

8(N-1) L
T  = (t + t + t )  + max(t , t )

W3 N
. (15) 

Fig. 6 compares the zero-load latency generated by THIN and 2-D mesh, respec-
tively. The same routing decision, network switching and communication bandwidth 
are used by both interconnection networks.  Suppose the routing decision time (tr), 
switching delay (ts) and channel delay (tw) all are fixed constant, and we use the nor-
malized average distance to measure the zero-load latency. Fig. 6 indicates that the 
zero-load latency of THIN is lower than 2-D mesh when the scale of network is not 
very large. 

 

Fig. 6. Comparison of zero-load latency between THIN and 2-D mesh 

5   The Restricted Multicast Routing Algorithm 

Multicast communication, which delivers the same message from one source node to 
arbitrary number of destination nodes, is a key issue in almost all applications that run 
on any parallel architecture. Multicast has many applications, such as barrier synchro-
nization [14], memory update and invalidation, and cache coherence [15]. 

Three main schemes to implement multicast routing are unicast-based, path-based 
and tree-based. In this section, we present a new tree-based multicast routing algo-
rithm for THIN. Since the degree of THIN equals 3, the multicast tree is a triple tree, 
and because the algorithm does not support arbitrary destination nodes but just when 
the destination is a group-code. So we call the algorithm TRMA (Triple-tree Re-
stricted Multicast Algorithm). 
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5.1   Triple-Tree Restricted Multicast Algorithm 

In TRMA, a multidestination message is delivered along a common path as far as 
possible, and then replicate the message and forward each copy on a different channel 
bound for a unique set of destination nodes. The path followed by each copy may fur-
ther branch in this manner until the message is delivered to every destination node. 
TRMA has the advantage that no ordering of the destination is required before the 
message is injected into the network. The shortest path between the source node and 
all destination nodes can be always taken so the algorithm transmits the message to 
each destination node using as little time and as few channels as possible. The TRMA 
which is a distributed multicast algorithm is described as follows. 

    Note:  
        b2k-1b2k-2…b1b0, the destination of a message.  
        b’2k-1b’2k-2…b’1b’0, the address of the current node.  
    Procedure:  
    if (a message arrived) then 
    { extract the destination address, b2k-1b2k-2…b1b0,  
       from the head of the message; 

      for ( i = k; i >= 1; i --) 
          if (b2i-1b2i-2 ≠ b’2i-1b’2i-2) then break;  
      if ( i <= 0) then /*the message arrive at destination*/ 
          accept the message;  
      else /*  not arrive destination, route the message  */ 
          if (b2i-1b2i-2 ≠ 00) then 
             use unicast routing algorithm to select a 
             output port for the message, transmit it  
             to the neighbor node;  
          else   /*  the message should be branched  */ 
          {  replicate the message to get 3 messages,  
             each with a new destination:  
             b2k-1b2k-2…b2i+1b2i 01b2i-3b2i-4…b1b0,  
             b2k-1b2k-2…b2i+1b2i 10b2i-3b2i-4…b1b0 and  
             b2k-1b2k-2…b2i+1b2i 11b2i-3b2i-4…b1b0. 
             route these 3 messages to the next node;  
          } 
    } 

 
In TRMA, the routing decision is fully dependent on the hierarchical characteristic 

of the destination and the current nodes address. The routing algorithm is simple 
enough to achieve a low overall message transmission time. 

5.2   Performance Comparisons 

Two major routing design parameters are time and traffic [16]. For a given multicast 
communication, the parameter time is the message transmission time or the network 
latency. The parameter time is measured in time steps, where a time step is the actual 
time needed to send a message from a node to one of its neighboring nodes. This time 
is assumed to be constant for all pairs of neighboring nodes. Parameter traffic is quan-
tified in the number of communication links that are used to deliver the source mes-
sage to all its destinations.  
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Table 2. Comparison of traffic and time steps in different algorithms 

Algorithms Traffic Time steps 

Unicast-based 54 7 

Path-based 12 12 

TRMA 14 7 

 
Table 2 compared the traffic and time when n(111111) multicast M(010000) in 

N(3), using different multicast schemes. 

    

      Fig. 7. Comparison of average traffic Fig. 8. Comparison of average time steps 

In order to study the performance of the proposed multicast routing algorithm, a 
simulation program to model restricted multicast communication in different level 
THIN was written in C. In the simulation, the message queuing model presented in 
[17] is applied and each full-duplex link is replaced by two half-duplex links, each of 
which is modeled as a message queuing center. The program measures the average 
number of channels (i.e. traffic) and average maximum distance between the source 
and destination nodes (i.e. time steps). 

Figure 7 shows the average traffic of these restricted multicast algorithms in differ-
ent level THIN and Fig. 8 depicts the average time steps. The level of THIN is varied 
from 1 to 4. 

The multicast supported by THIN is restricted multicast and the number of destina-
tion nodes in a multicast is not random, it is just determined by the group-code. Figure 
9 and 10 compare the average traffic and time steps of 3, 9 and 27 destination nodes 
in level 4 THIN. 

From Fig. 7 and 9, it is observed that the traffic generated by path-based multicast 
algorithm and TRMA is lower than by unicast-based. However, the conclusion from 
Fig. 8 and 10 is that the time steps resulting from path-based algorithm is much more 
than other algorithms. Furthermore the time steps of path-based increase very quickly 
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Fig. 9. Average traffic for different number of 
destination in level 4 THIN 

   Fig. 10. Average time steps for different num-
ber of destination in level 4 THIN 

 
with the increase of the level of THIN. Because the message is delivered along a 
Hamilton path in path-based restricted multicast algorithm, and the transmission is a 
serial pattern. 

The performance compare results show that TRMA is superior to the unicast-based 
and path-based routing schemes to implement the restricted multicast in THIN. 

6   Conclusion 

In this paper, we have proposed a new on-chip interconnection architecture THIN for 
SOC. Compared the network properties and communication latency with 2-D mesh 
and hypercube, THIN is preferable to construct interconnection network for SOC 
when the network size is not very large. A new tree-based multicast routing algorithm 
in THIN, which named TRMA, is presented. It is observed that TRMA is more suit-
able for multicast routing in THIN than unicast-based and path-based, taking into ac-
count the traffic and time. 

In future research, we will base on simulating the routing algorithm in different 
network load, comparing the performance with other routing algorithms in other in-
terconnection networks, and designing the multicast algorithm that can support arbi-
trary destination nodes. 
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Abstract. Spam is commonly defined as unsolicited email messages and the 
goal of spam filtering is to distinguish between spam and legitimate email mes-
sages. Much work has been done to filter spam from legitimate emails using 
machine learning algorithm and substantial performance has been achieved with 
some amount of false positive (FP) tradeoffs. In the case of spam detection FP 
problem is unacceptable sometimes. In this paper, an adaptive spam filtering 
model has been proposed based on Machine learning (ML) algorithms which 
will get better accuracy by reducing FP problems. This model consists of indi-
vidual and combined filtering approach from existing well known ML algo-
rithms. The proposed model considers both individual and collective output and 
analyzes them by an analyzer. A dynamic feature selection (DFS) technique 
also proposed in this paper for getting better accuracy.   

Keywords: Machine learning, spam, SVM, NB, FP.  

1   Introduction 

The Internet is gradually becoming an integral part of everyday life. Internet usage is 
expected to continue growing and e-mail has become a powerful tool intended for 
idea and information exchange, as well as for users’ commercial and social lives.  
Along with the growth of the Internet and e-mail, there has been a dramatic growth in 
spam in recent years. Spam can originate from any location across the globe where 
Internet access is available.  However, it is amazing that despite the increasing devel-
opment of anti-spam services and technologies, the number of spam messages contin-
ues to increase rapidly.  

To address the growing problem, each organization must analyze the tools avail-
able to determine how best to counter spam in its environment. Tools, such as the 
corporate e-mail system, e-mail filtering gateways, contracted anti-spam services, and 
end-user training, provide an important arsenal for any organization.  

Spam filtering technique is able to control the problem in a variety of ways. Identi-
fication and spam removal from the e-mail delivery system allows end-users to regain 
a useful means of communication. Many researches on spam filtering have been cen-
tered on the more sophisticated classifier-related issues. Currently, ML algorithms for 
spam filtering are an important research issue. The success of machine learning tech-
niques in text categorization has led researchers to explore learning algorithms in 
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spam filtering. In particular Bayesian techniques and Support Vector Machine 
(SVM), effectively used for text categorization (TC)  which influences researchers to 
classify the email, are based on a special case of TC, with the categories being spam 
and non-spam [1],[2],[4],[6],[8]. Recently boosting algorithm (AdaBoost) is also be-
ing used for spam filtering and found to have substantial performance [5]. In this pa-
per we proposed an effective and efficient spam filtering technique by adopting a grey 
list (GL) analyzer through a multiple classification systems. SVM, Naïve Bayes (NB) 
and Boosting Algorithm (AdaBoost) have been considered as classifiers in this adap-
tive model. The main focus of our paper is to analyze the GL emails which are gener-
ated by the classifier/(s) and stored in a specific mailbox.  The GL is the list of the 
emails which are not TP or TN. The term GL is related to black-list (BL) and white-
list (WL) and considered as the middle of them. In our paper we have also designed a 
DFS technique which will dynamically collect the features of GL emails and send 
them to the classifier. This approach reduces the FP problems substantially as well as 
increasing the overall efficiency of the architecture.   

The organization of this paper is as follows: Section 2 will describe the overview 
of ML algorithms and section 3 will describe the proposed adaptive model and its de-
tail description.  Section 4 describes the analysis of the model. Section 5 gives ex-
perimental results. Finally, the paper ends with conclusion and references in section 6 
and 7 respectively. 

2   Overview of ML Algorithms  

This section describes the overview of three ML algorithms such as SVM, NB and 
Boosting, which are used in our proposed model. Each algorithm can be viewed as 
searching for the most appropriate classifier in a search space that contains all the 
classifiers it can learn. All machine learning algorithms require the same instance rep-
resentation. The instances are messages and each message is transformed into a vector 
(x1, . . . , xm), where x1, . . . , xm are the values of the attributes X1, . . . ,Xm, much as in 
the vector space model in information retrieval [3]. In the simplest case, each attribute 
represents a single token (e.g., “money”), of Boolean variables:  

Xi =∑ −

−

TokensContains

Otherwise

_1

0
 (1) 

Instead of Boolean attributes, another two attribute vector representations are con-
sidered here [5].   

1. Frequency attributes- frequency attributes are more informative than Boolean 
ones. With frequency attributes, the value of Xi in each message d is- xi = ti(d)/l(d) , 
where ti(d) is the number of occurrences in d of the token represented by Xi, and  
l(d) is the length of d measured in token occurrences. 

2. N-gram attributes- instead of single tokens the n-grams of tokens with n {1, 2,..,n}, 
that is sequences of tokens of length 1, 2, or 3, are examined. In that case, ti(d) is 
the number of occurrences in message d of the n-gram represented by Xi, while l(d) 
remains the number of token occurrences in d.  

SVM is a new learning algorithm which has some attractive features, such as elimi-
nating the need for feature selections, which makes for easier spam classification. 
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SVMs are a range of classification and regression algorithms that have been based on 
the Structural Risk Minimization (SRM) principle from statistical learning theory 
formulated by Vapnik [2],[6]. The SRM is to find an optimal hyperplane that can 
guarantee the lowest true error. The key concepts of SVMs are the following: there 
are two classes, yi∈{-1,1}, and there are N labelled training examples : {x1, y1),…,(xn, 
yn), x∈Rd

 ,   where d is the dimensionality of the vector.   
SVM is based on the idea that every solvable classification problem can be trans-

formed into a linearly separable one by mapping the original vector space into a new 
one, using non-linear mapping functions. More formally, SVMs learn generalized lin-
ear discriminant functions of the following form: 

0
1

)(.)( wxhwxf i

m

i
i += ∑

′

=

rr
 (2) 

where m′ is the dimensionality of the new vector space, and hi( x
r

) are the non-linear 
functions that map the original attributes to the new ones. The higher the order of the 
hi( x
r

) functions, the less linear the resulting discriminant. The type of hi( x
r

)functions 
that can be used is limited indirectly by the algorithm’s search method, but the exact 
choice is made by the person who configures the learner for a particular application. 
The function f( x

r
)  is not linear in the original vector space, but it is linear in the 

transformed one. 
The Naive Bayes (NB) learner is the simplest and most widely used algorithm that 

derives from Bayesian Decision Theory [4],[7]. A Bayesian classifier is simply a 
Bayesian network applied to a classification task. It contains a node C representing 
the class variable and a node Xi for each of the features.  From Bayes’ theorem and 
the theorem of total probability P(C = ck | X = x) for each possible class ck, the prob-

ability that a message with vector 
−
x  = (x1, . . . , xm) belongs in category c is: 

.
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The boosting algorithms, like SVMs, learn generalized linear discriminates of the 
form of equation   

∑
′

=
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m
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In boosting algorithms, however, the mapping functions hi( x
r

)are themselves 
learnt from data by another learning algorithm, known as weak learner. A common 
weak learner is decision stump induction [5], which constructs a one-level decision 
tree that uses a single attribute from the original attribute set to classify the instance 
x
r

 to one of the two categories. In the case of continuous attributes, the decision tree 
is a threshold function on one of the original attributes.   

Furthermore, the mapping functions hi( x
r

) are learnt by applying iteratively (for i 
= 1, . . . ,m′) the weak learner, in our case regression stump induction, to an enhanced 
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form of the training set, where each training instance x
r

j carries a weight vi( x
r

j). At 
each iteration, the weights of the training instances are updated, and, hence, applying 
the weak learner leads to a different mapping function hi( x

r
). This iterative process is 

common to all boosting methods, where each hi( x
r

) can be thought of as a weak clas-
sifier that specializes in classifying correctly training instances that the combination 
of the previous weak classifiers hi( x

r
k)(k = 1, . . . , i−1} either misclassifies or places 

close to the classification boundary. This is similar to the behavior of SVMs, which 
focus on instances that are misclassified or support the tangential hyper planes [5].  

3   Proposed Adaptive Model 

In this section, the architecture of the adaptive spam filtering model has been pro-
posed, based on ML algorithms. Graphically this architecture is illustrated in Fig.1.  

 

Fig. 1. The block diagram of our proposed architecture of adaptive spam filtering  

3.1   Descriptions of the Model 

The architecture of our adaptive spam filtering model is shown in Fig. 1. Firstly, the 
model will collect individual user emails that are considered as both spam and legiti-
mate. Then the email corpus is transformed or indexed using learning algorithms, 
which is considered as an initial transformation. This model also includes the user in-
terface, feature extraction & selection, email data classification, adaptive section and 
analyzer section. Finally the evaluation section which will evaluate the classification 
result. The detail of this model follows the following basic sections 

Initial Transformation of an Incoming Email. The email corpus is initially trans-
formed or indexed using learning algorithms, which is considered as an initial trans-
formation. The initial transformation is often a null step that has the output text as just 
the input text. Sometimes character-set-folding, case-folding and MIME normalization 
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are used for initial transformation. It should be noted that some systems work perfectly 
without using any initial transformation.  

User Interface. In this section, a GUI is used to give options to the user for choosing 
an individual or combined classifier.  The user interface (UI) will give the flexibility 
and feedback to the user and the system for getting better accuracy and reducing FP 
tradeoffs. Basically the user interface provides two things; allowing the users to 
manipulate a system and allowing the system to produce the effects of the users' 
manipulation. The design of a user interface affects the amount of effort the user must 
expend to provide input for the system and to interpret the output of the system, and 
how much effort it takes to learn how to do this. We have designed our user interface 
as a power interface so that both technical and non-technical user(s) can select the 
appropriate option for their email classification.  

Email Feature Extraction & Selection. Feature extraction is also an important part 
for spam classification. Feature selection is a process that selects a subset of the 
original features. It reduces the number of features and removes irrelevant, redundant 
or noisy data. It also improves the performance of data classification as well as 
speeding up the processing algorithm. General procedures for feature selection are 
explained in Fig. 2 which follows four key steps as shown in the block diagram 
[1],[9]. 

The original data set goes to the subset generation process, where each state in the 
search space specifies a candidate subset for evaluation. After generating the subset, 
each newly generated subset needs to be evaluated by an evaluation criterion. Evalua-
tion criteria can be broadly categorized into two groups, one is independent criteria 
and other is dependent criteria, based on their dependency on mining algorithms that 
will finally be applied on the selected feature subset. A stopping criterion determines 
when the feature selection process should stop.  

 

Fig. 2. Basic feature selection algorithm 

The Feature selection (FS) and feature extraction (FE) are other domains of our UI. 
In our UI, there is a option for the user to choose appropriate kernel functions for 
some classification algorithms like SVM. Here we have used the following four types 
of kernel functions, which are frequently used in learning algorithms like SVM 
[1],[5]: 
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Linear:
j

T
iji xxxxk =),(  (5) 

Polynomial: 0,)(),( >+= γγ d
j

T
iji rxxxxK  (6) 

RBF: 0),||||exp(),( 2 >−−= γγ jiji xxxxK  (7) 

Sigmoid: )tanh(),( rxxxxK j
T

iji += γ               (8) 

Here, γ ,r, and d are kernel parameters.  

Email Data Classification. In this model, SVM, NB and AdaBoost are considered in 
the classification algorithm. The basic algorithm of classification is shown in the 
following Fig. 3. The classifier algorithm /(s) is/are trained using training data sets. 
The training data set can be spam data or legitimate data.  Based on the information of 
the training data set, the test data will be classified accordingly.  

 

Fig. 3. The block diagram of basic email classification algorithm  

Adaptive Section. The output of classifier comes into the adaptive section according 
to the user selection through UI. In this architecture we have chosen three most popu-
lar spam filtering algorithms such as SVM (A), NB (B) and Boosting (C). The main 
activity of this adaptive section is shown in Fig. 4.  As we have described in our 
model, the user has the option to select an individual algorithm or combined algo-
rithms in the input section of UI.  In the case of an individual selection, the adaptive 
section will send the individual output of the classifier to the analyzer section. But in 
the case of a multiple classifier selection, the outputs of the classifiers can be repre-
sents as follows: 

   Ο(A,B,C) =∑ ∩∩

∩∩∩

CBA

ACCBBA )(),(),(     (9) 
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Fig. 4. The adaptive section, where outputs are categories in three different categories   

So, it is obvious that the output of the adaptive section will be considered in the 
following three different categories.  

Category 1: output of A, B & C. This category will be considered as an individual 
output of each classifier. This is a simplest one to analyze because there is no option 
to compare with other classifier outputs. The output will be sent to the spam or le-
gitimate database based on the identification of the classifier.  

Category 2:  outputs of A∧B, B∧C & A∧C. This category of outputs is considered as 
GL of our model and will be stored in a different database to analyze by the analyzer. 
This output comes from multiple algorithm selection.  

Category 3: output of A∧B∧C. This category of output is very effective because all 
classifiers have given the same result. This category of output will be considered ei-
ther TP (True positive) or TN (True negative).   
 

 

Fig. 5. The flow diagram of analyzer section for analyzing GL emails 

Analyzer Section. This section describes the analysis of the GL emails generated by 
adaptive section. The GL is the list of the emails which are not TP or TN. The term 
GL is related to blacklist and white list and considered as the middle of them. This is 
not exactly the white-list or black-list because the unique result has not came from the 
classifiers. So, the analyzer can not make a final conclusion whether it is spam or le-
gitimate. Fig. 5 shows the main flow diagram of the analyzer section of our proposed 
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architecture. For analyzing GL, we have adopted two techniques in our proposed 
model. One is user selection technique and the other is sender verification technique.  

User Feedback. In the first option, the analyzer will send this output to the user for 
getting feedback from the user. The user will identify the email and make decision 
whether it is spam or legitimate. After user feedback it will be sent to the spam or le-
gitimate database. The classifier will also consider the feature of this output which 
will be considered for further classification. This process is quite simple but more ef-
fective in terms of accuracy.  

Sender Verification. The second option is quite complicated. This process is based on 
what we call a C/R technique. In this technique, the analyser will automatically send a 
message to the sender for verification; until the sender responds with the correct an-
swer within a certain timeframe the e-mail will be remain as GL. If the sender re-
sponds with correct answer then the email is considers as TP, otherwise TN. The sys-
tem will wait for a predefined time and, if the time expires, it is also considered as 
TN.   

Evaluation. The last stage of this adaptive model is evaluating the classification 
effectiveness, a function of how many correct classification decisions the classifier 
made. To do this we will consider here the total cost in terms of time, overhead and 
algorithmic complexity and well as the accuracy of the output in terms of reducing FP 
problems.  

3.2   DFS Algorithm 

DFS is an important focus of our proposed adaptive model of spam filtering.. This tech-
nique is more effective for getting more accuracy in terms of reducing FP. In this tech-
nique, the feature will collect from the analyzer by analyzing the GL emails after making a  
final conclusion whether it is true positive (TP) or true negative (TN). The email contents 
send to the input of a classifier and train the classifier in a dynamic fashion.  

The technique of DFS is to train the classifier periodically for a certain time inter-
val. To train the classifier at time t with messages Mt received at time t, contributes 
more to classifying email received at t-1; and same happens for message received at 
t+1 compared to t.  For example, let Mt={mt1,mt2,….., mtn} be a set of training sets 
available at time t, in which mtk is an additional message supplied for training at time 

k, for k=1,….,t.  In a conventional approach, every message in U
t

k tkm
1−

 will be 

used to build a classification model for user at t+1. The framework of our DFS tech-
nique is shown in Fig. 6.  

However, in the case of changing some feature, earlier messages could pose a 
negative impact on the reliability of the classification model [9]. In that case, our ap-
proach is to generate a term frequency map table (TF-MT) to rank values of training 
messages. If the new messages come after time t then the rank of the TF-MT will be 
increased every time. For example, if a message Mt ∈ mtk (k<t) is selected for training 
time t, we use its rank value computed at time k.   

 



466 M.R. Islam and W. Zhou 

 

Fig. 6. The framework of DFS Algorithm 

However, there is a drawback of memory consumption for incorporating all the 
ranking values of feature sets.  To overcome this limitation we have used priority TF-
MT (PTF-MT). The PTF-MT maintains a threshold rank value δτη and limits the fea-
ture set based on the lower range of threshold value from the PTF-MT.  Every time 
the rank value is updating in the PTF-MT, which influence the changing of the feature 
dynamically.   

4   Analysis of the Model 

In our proposed adaptive model, emphasis has been given on the following basic research 
challenges, based on different aspects of anti-spam filtering, especially the learning-based 
anti-spam filter.  

Reduction of FP Problems. Many machine learning techniques for spam filtering can 
achieve very high accuracy with some amount of FP tradeoffs which are generally 
expensive in the real world. One misclassified legitimate email can cause a huge 
problem for the user. Keeping this in mind, the analyzer section of our architecture is 
producing the GL from outputs of the classifiers.  It takes the output of  “Out-A∧B, 
Out-A∧C, Out-B∧C” and analyze them using user selection and sender verification 
techniques to find out the exact TP and TN. In that case every single output of GL 
will be analyzed and given the final decision by analyzer, which will increase the re-
duction of FP problems.  Our preliminary experimental result shows that the percent-
age of FP is minimum compared to individual classification techniques [Table 1]. The 
emails considered as GL’s are sent to the different database for analyzing. After ana-
lyzing it would be considered either TP or TN and the feature will be generated from 
these sorts of emails using DFS technique.  

Achieving Greater Accuracy. Accuracy is very important for spam filtering. It has 
been shown that, sometimes the individual algorithms show better performance for 
particular data sets and do not show in other data sets and vice versa. This is because 
the spam data is dynamic. The spammers are always changing their strategy for send-
ing email. So, the combined output will give better accuracy in that case, because in 
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our architecture, the analyzer section will analyze both individual, combined and the 
grey list. In the existing techniques, there is no option to consider the grey list after 
classification, which is an innovation of our architecture.   

5   Experimental Results 

In this section some experimental results have been presented. We are now simulating the 
proposed architecture, therefore the initial result so far we found is convincing. In our ini-
tial result, we have used two of the classifier, SVM and AdaBoost. We are now develop-
ing the analyzer section for analyzing the GL. In our experiment, we have used the public 
data sets PUA [5] for our experiments and converted the data sets based on our experimen-
tal design and environment.  Firstly we have encoded the whole data sets (both train and 
test sets), then indexed every email for test data sets and finally recorded the output indi-
vidually based on the index value.  

Table 1. The comparison of FP and FN with A, B and proposed A+B  
 

FP  & FN 

A B Proposed (A+B) 

Data 

FP FN FP FN FP FN 
PUD1  0.0 0.09091 0.0 0.091 0.0 0.091 
PUD2 0.091 0.0 0.091 0.0 0.0 0.0 
PUD3 0.181 0.0 0.091 0.272 0.091 0.091 
PUD4 0.181 0.091 0.0 0.0 0.0 0.0 
PUD5 0.181 0.181 0.091 0.0 0.091 0.0 
PUD6 0.181 0.181 0.091 0.0 0.091 0.0 
AVG 0.136 0.09065 0.061 0.061 0.046 0.03 

 

[Terminology:  FP=False Positive; FN=False Negative; TP=True Positive; TN=True 
Negative; MC=Misclassification; A=SVM; B=AdaBoost; GL=Grey List] 

 
Table 1 shows the comparative result of FP and FN for A, B and both A+B. It has 

been shown that the average output of FP for our proposed technique is much lower 
for any individual output and the same thing happened for FN as well. It has also been 
shown that the FP is zero for some data sets in our proposed system and the average 
FP is close to zero.   

Table 2 shows the percentage of misclassification cost and the classification accu-
racy of A, B and the proposed A+B.  It has been shown that the combined misclassifi-
cation cost is much lower (almost zero except PUD3) than the individual one.   In the 
case of classification accuracy, the combined output is much higher (93%) compared 
to any individual one, which is more significant for getting better performance in 
email classification.  The table also shows the GL which are somehow misclassified 
by any of the classifier. So the analyzer will further analyze it, which will increase the 
performance of our whole spam filtering architecture.  
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Table 2. The comparison of MC cost and classification accuracy 

 
 

Fig. 7 shows the final accuracy of our experiment. The accuracy of our proposed 
technique is higher than any individual one. For some data sets like PUD2 and PUD4 
the accuracy is 100%. From the graph it is shown that the average accuracy is almost 
96%, which is higher than any individual existing spam filtering technique.  
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Fig. 7. The comparison of accuracy of proposed technique with individual techniques  

6   Concluding Remarks 

In this paper, the architecture of an adaptive spam filtering model, based on machine 
learning algorithms has been proposed. Emphasis has been given to this model based 
on different aspects of learning based anti-spam filtering for reducing FP problems 
and getting better performance compared to any of the existing techniques [5],[7].  
The simulation of this model has being developed; therefore only preliminary results 
have been given, not the final result of our architecture.  It has been shown from the 
result that the efficiency of this architecture is higher than any individual classifier 
technique. Our preliminary result also shows that the adaptive output reduces the FP 
problems substantially and increases the accuracy.  Furthermore, the total cost of this 
architecture is higher than the individual classifier due to the analyzer section and 

MC Cost Classification Accuracy Data 

A B Proposed 
(A+B) 

GL 

A B Proposed 
(A+B) 

PUD1  0.091 0.09 0 0 0.91 0.901 0.91 
PUD2 0.090 0.091 0 0.182 0.91 0.91 1.0 
PUD3 0.181 0.363 0.091 0.182 0.82 0.636 0.82 
PUD4 0.272 0 0 0.273 0.727 1.0 1.0 
PUD5 0.363 0.091 0 0.273 0.64 0.91 0.91 
PUD6 0.364 0.09 0 0.273 0.636 0.90 0.91 
AVG 0.227 0.121 0.015 0.197 0.774 0.876 0.93 
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there is no added algorithmic complexity in adaptive part of this architecture except 
the DFS algorithm.  However, in the case of whole system we have given emphasis 
on accuracy rather than the added cost and complexity because in the case of spam fil-
tering, getting better accuracy with reduced FP tradeoffs is more important. In our fu-
ture research we will give more emphasis to reduce the cost as well as the complexity.  
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Abstract. Border Gateway Protocol (BGP) is the de facto inter-domain routing 
protocol. With the rapid development of the Internet, the convergence problem 
of BGP attracts more attention. This paper analyzes the relationship between 
BGP convergence and the characteristics of the Internet. The Internet is 
classified into three hierarchies based on the power-law and commercial 
relations of autonomous systems. The relation of network topology and BGP 
convergence performance is presented for all sorts of convergence events in 
different layers. The result shows that the power-law nature of network 
influences the BGP convergence greatly. So we present a new proposal to 
improve BGP convergence based on power-law, called “best up”, which 
behaves better than normal convergence mode in the experiments. 

Keywords: Inter-domain Routing, BGP, power-law, hierarchy, convergence.  

1   Introduction 

BGP is the de facto inter-domain routing protocol; it is a path vector routing 
algorithm. Although the adoption of the AS_PATH eliminates the count-to-infinity, 
the slow convergence has not been worked out drastically yet. The path vector 
algorithm needs the information of whole path to destination in update packets, so it 
has to select another path in all backups until the route rebuild when the topology is 
failed. 

This paper tries to improving BGP convergence from the characteristics of the 
Internet. In our work, we analyze the relationship between BGP convergence and the 
characteristics of hierarchy and power-law of inter-domain system. The Internet is 
classified into three hierarchies—core layer, forwarding layer and stub layer based on 
the power-law and commercial relations of autonomous systems (ASs). Based on this, 
a BGP convergence model, named PH_SPVP[21], is presented. Three convergence 
parameters—convergence time T, affected ASs set Nc and affected paths factor µ, are 
analyzed for all sorts of convergence events in different layers. The result shows that 
the convergence time of core layer is smaller than forwarding layer, but the affected 
ASs set Nc and affected paths factorµ are larger. And because the power-law nature 
of network influences the BGP convergence greatly, we present a new proposal to 
improve BGP convergence, called “best up”, which behaves better than normal 
convergence mode in the experiments. 
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The remainder of this paper is organized as follows: The section 2 presents an 
algorithm for hierarchy model of the Internet based on the power-law and 
relationships between ASs. Based on section 2, section 3 builds a BGP convergence 
model named PH_SPVP. We analyze all the convergence parameters in ten kinds of 
convergence events happened in different layers and conclude the maximum and 
minimum values of the convergence time, the boundaries of affected ASs and the 
affected paths factor are given. Based on the analysis, a mechanism, named “best up”, 
is present to improve BGP slow convergence problem. After these analyses, the 
simulations on the real topology of the Internet by SSFNet are taken in section 4.The 
last section concludes the whole paper. 

2   Power Law-Hierarchy Model of the Internet 

The main consideration of the power law-hierarchy model is to distinguish the 
performance of different layer nodes in the BGP convergence process. We build our 
model according to the hierarchy of the inter-domain system, and then, we testify it 
with the power-law rules. If the result is right, then the hierarchical model is also a 
power law-hierarchy model. 

Core
Layer

Forwarding
Layer

Marginal
Layer

 

Fig. 1. Three-Hierarchy Model of the Internet 

Paper[5] presents a hierarchical formalization method for Internet. In [8], a five-
hierarchy model of the Internet is presented based on the commercial relation between 
ASs. These models are too complex to analyze for BGP convergence. In [4], we build 
a three-hierarchy model of the Internet and give an efficient algorism for it. The 
model is organized as follows:  

a) The set of nodes who have no providers forms a clique (interconnection 
structure), which is the core layer. 

b) If the nodes don’t forward data for others, then it belongs to the marginal layer. 
c) The node that does not belong to the core layer or the marginal layer is classified 

into the forwarding layer. And the forwarding layer has several sub-layers. 
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In this way, we build the power law-hierarchy model of the inter-domain system 
based on the commercial relations between ASs, which also obey the heavy-tailed rule 
of power-law. In the next section, we analyze the BGP convergence on this model. 

3   BGP Convergence Model—PH_SPVP 

3.1   Model Establishment 

Based on the power law-hierarchy model of the inter-domain system, we present a 
BGP convergence model named PH_SPVP (Power Law - Hierarchy Simple Path 
Vector Protocol), which is a simple path vector protocol. That is to say, the source AS 
only selects one path to the destination, and announces the path to its neighbors. The 
selected path must be valley-free and have no loops. 

We model the Internet as a directed graph G= (V, E), nodes V represent the set of 
ASs in the Internet, links E are connections between them; a link e= (u, v) exists if 
node u will send update packets to v (but not vice versa). r = { v1,…,vk }is a simple 

path in G, for ∀ 1≦i, j≦k and if i≠j, then vi ≠vj  and e=( vi, vj) ∈E, the length of r is  
|r|=k. G is classified into three hierarchies according to the power law-hierarchy 
model in section 3, the core  layer C, forwarding layer T and the marginal layer S. 

Definition 1. Function h (vi) presents the layer level of vi, 1≤h(vi)≤3(1≤ i ≤n), n is the 
number of nodes. 
a) vi belongs to the core layer,  
iff  
b) vi belongs to the marginal layer, 
iff  
c) vi belongs to the forwarding layer, 
iff  

Definition 2. Function l(ej )presents the layer level of ej=( uk,um), 1≤l(ej )≤6 (1≤ j ≤m), 
m is the number of edges. 
a)   l(ej)=1, iff uk∈C,且um∈C.        b)  l(ej)=2, iff uk∈C,且um∈T. 
c)   l(ej)=3, iff uk∈C,且um∈S.         d)  l(ej)=4, iff uk∈T,且um∈T. 
e)   l(ej)=5, iff uk∈T,且um∈S.         f)  l(ej)=6, iff uk∈S,且um∈S. 

Definition 3. Convergence Time T: If the convergence Event X happens at t0 and 
network converges at t1, then the convergence time T = t1- t0. 

Definition 4. Set of the affected nodes Nc: The set of nodes whose convergence states 
are changing because of the happening convergence event X.  

Definition 5. Affected paths factorµ: The percentage of the paths changed because of 
the happening convergence event X.  

For analysis and description, the convergence events are classified into two kinds, the 
event of edges Te and the event of nodes Tn, both including the down type and up 
type. Suppose the sum of the transition delay through an edge and the processing time 
in a node is D.  

i i i{h(v )=2|v C, v S,1 i n}∉ ∉ ≤ ≤且

i j i{h(v ) 3 | v custom(v ),  1 i,j n}= ∀ ∉ ≤ ≤

i j i{h(v ) 1| v provider(v ),  1 i,j n}= ∀ ∉ ≤ ≤
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3.2   Analysis of BGP Convergence 

Now, we can analyze the BGP convergence in different layers and convergence 
events. 
1.      e=1, convergence event happens in core layer 

a) the type of convergence event is Tn 

Analysis: If node a downs, all the nodes in the core layer would get this change. They 
will delete the corresponding routes containing a in their route table and send 
withdrawals to their customers. When the customers receiving the messages, they will 
update their route table and send withdrawals to their customers and so on, until the 
bottom nodes of the network who has the routes containing a. 

Parameters:  
Nc={vi∪customer(vi)∪customer (…customer (vi))∪customer(a)∪ customer(…customer
(a))| vi∈peer(a) and h(vi)=1} ={Ti∪Tj|Root(Ti)∈ peer(a) and Root(Tj)=a}.  Nc composes

 of two trees, one is the tree rooted at peer(a),  the  other has  the root a. Then maximum
 number of elements in set Nc is max|Nc|=N, N is the number of the nodes in G.  

Suppose the longest convergence path is Rmax={v1,…,vk | v1∈ peer(a)}, then
|Rmax|≦H, H is depth of G. Then the upper bound of the convergence time T is H×D 
and the lower bound is 2×D.  

The affected paths factorµ can be presented by an important parameter in graph 
theory, the betweenness centrality (BC) of a node. 

Definition 6. The BC of node v in the network is defined as: 
( )

( ) st

s t st

v
g v

σ
σ≠

=∑ . 

Where stσ  is the number of shortest paths going from s to t and stσ (v) is the 

number of shortest paths going from s to t and passing through v. BC gives in 
transport networks an estimate of the traffic handled by the vertices.  

In the power-law network, the average BC for nodes of the same degree is defined 
as: 

,

1
( ) ( )

vv k kk

g k g v
N =

= ∑
 

Where Nk denotes the number of nodes with degree k, For power-law networks it 

has been shown that the centrality scales with k as ( )g k k , where φ  depends on 

the network. 

So the affected paths factor 
1

( )
( ( )) ( ( ))st

s t st

a
g Degree a Degree a φσμ

σ≠
= ≈ =∑ . The 

up case is the same to the down case, so we don’t discuss it further more. 
b) the type of convergence event is Te 

Analysis: Suppose the link between nodes a and b is broken, then a and b will delete 
the routes to each other, and select another reachable route, as a->c->b or b->c  ->a. 
Whereafter,  a and b will announce the new route to their peers and customers. 
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Because the topology of the core layer is a complete-graph, the peers of a and b 
would not change their routes and send updates to their customers.  

Parameters:  
Nc = {a∪b∪customer (a) ∪customer (…customer (a) )∪ customer (b) ∪ customer

(…customer(b))}= {Ta∪Tb|Root(Ta)=a, Root(Tb)=b}. 
Suppose the longest convergence path is Rmax={v1,…,vk | v1=a or v1=b}, then  

|Rmax|≦H. Then the upper bound of the convergence time T is H×D and the lower 
bound is 2×D.  

The affected paths factorµ is the BC of edge (a,b). 

Definition 7. The BC of edge e in the network is defined as: ( )
( ) st

s t st

e
g e

σ
σ≠

=∑ . 

Where stσ (e) is the number of shortest paths going from s to t and passing through e. 

In the power-law network, g (e) is decreasing with the increasing of the level.  

So the affected paths factor
2

(ab)st

s t st

σμ
σ≠

=∑ , edge (a,b) is in the core layer, so µ2 is 

lager than other edge’s.  

2.  e=2, convergence event happens between core layer and forwarding layer 

Because node a is a core layer node, the degree(a) is high, 1μ is lager.  

Analysis: The convergence event must be Te. Suppose the link between nodes a and b 
is broken, then a and b will delete the routes to each other, and select another 
reachable route. Node b will send updates to its customers and node a will send to its 
peers and customers. The nodes received updates would announce to their customers 
sequentially. 

Parameters:  
Nc={Ta|Root(Ta)=a}∪{Ti|Root(Ti)∈peer(a)}∪{Tb| Root(Tb)=b},Then the maximum 
number of elements in set Nc is max|Nc|=N. 

Rmax =max (H(Ti) +1, H(Tb))≦H+1, so the upper bound of the convergence time T 
is (H+1)×D, the lower bound is 2×D. 

The affected paths factor
3

(ab)st

s t st

σ
μ

σ≠
= ∑ ∈[µ10, µ2] . 

3.   e=3, convergence event happens between core layer and marginal layer 

Analysis: The convergence event must be Te. Suppose the link between nodes a and b 
is broken, then a and b will delete the routes to each other, and select another 
reachable route. Node b needn’t notify to any nodes, and node a would send updates 
to its peers and customers. The nodes received updates would announce to their 
customers sequentially. 

Parameter:  
Nc={Ta∪Tb|Root(Ta)=a, Root(Tb)=peer(a)},Then the maximum number of elements 
in set Nc is max|Nc|=N.  
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Rmax={v1,…,vk | v1 ∈  C}, then  |Rmax|≦H. Then the upper bound of the 
convergence time T is H×D and the lower bound is 2×D.  

The affected paths factor
4

(ab)st

sts t

σμ
σ≠

=∑ ∈[µ3, µ2]. 

4.      e=4, convergence event happens in forwarding layer 
a)   the type of convergence event is Tn 

Analysis: If node a downs, its peers, providers and customers will all feel this change. 
They will update their route table and announce it to their customers and customers’ 
customers. Furthermore, the providers will also announce it to their peers and 
providers.  

Parameter:  
n ni i

m m

0...n 0...n

provider...(a) provider...(a)

Nc={T | Root(T ) customer(a)} {T | Root(T )

} {T | Root(T ) peer( )}

∈ ∪ ∈

∪ ∈14243 14243
 

Rmax=max(|H(Ti)|, |H(Tj)|, |H(Tm)|, |H(Tn)|)≦2H-1. Then the upper bound of the 
convergence time T is (2H-1)×D, the lower bound is 2×D. 

The affected paths factor
5

(a)st

s t st

σμ
σ≠

=∑ ∈[µ9, µ1]. 

5.   e=5, convergence event happens between forwarding layer and marginal layer 

Analysis: The convergence event must be Te. Suppose the link between nodes a and b 
is broken, then a and b will delete the routes to each other, and select another 
reachable route. Node b needn’t send updates to other nodes and node a will send to 
its providers, peers and customers. The providers will also send messages to their 
providers and peers. And the nodes received updates would announce to their 
customers sequentially.  

Parameter:  

m mi i j j

n n

0 n 0 n

Nc={T |Root(T ) peer(a)} {T |Root(T ) customer(a)} {T |Root(T )

provider(a)} {T |Root(T ) peer (provider(a))}

   
| Rmax |=max(H(Ti), H(Tj), H(Tm), H(Tn)) ≤2H-1. Then the upper bound of the 
convergence time T is (2H-1)×D and the lower bound is 3×D.  

The affected paths factor 8

(ab)st

s t st

σ
μ

σ≠
=∑ ∈[µ10, µ6]. 

6.      e=6, convergence event happens in the marginal layer 
a)   the type of convergence event is Tn 

Analysis: If node a downs, its peers will delete their routes to a. Because the 
connected information in marginal layers would not be spread to the upper layers, the 
peers of a  need not send updates to others. 

Parameters:  
Nc={peer(a)}. 

The convergence Time T=D. 
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The affected paths factor
9

(a)
0st

s t st

σμ
σ≠

= ≈∑ . 

b)   the type of convergence event is Te 

Analysis: Suppose the link between nodes a and b is broken, then they will only 
delete the routes to each other. 

Parameters:  
Nc={a, b}. 
The convergence Time T=D. 

The affected paths factor 10

(ab)
0st

s t st

σ
μ

σ≠
= ≈∑ . 

Through the analysis above, we can see that the convergence time T has no severe 
relation of the hierarchy, but the convergence event happening in the forwarding layer 
has longer delay than in core layer. The set of affected nodes Nc is smaller with the 
increasing hierarchy, that is, it’s largest in the core layer and tiniest in the marginal 
layer. But this rule is not obeyed firmly in the forwarding layer. The affected paths 
factorµ  is the influence of the convergence event to the network flow, which has 
severe relation with the hierarchy. It is ensured by the characteristics of the power-law 
network. Table 1 compares the maximum and minimum values of these three 
parameters. 

Table 1. Maximum and Minimum of Parameters 

• parameters • value • hierarchy • type 
• Max (Nc) N C Tn 
• Min (Nc) 2 S Te 
• Max (T) (2H-1)×D T or T- S Tn or Te 
• Min (T) D S Tn or Te 

• Max (µ ) 1μ  C Tn 

• Min (µ ) 10μ  S Te 

3.3   “Best Up” Mechanism 

According to the analysis to the PH_SPVP model, we can see that the “hub nodes” 
has rich connections and high BC value. So they are very important in the BGP 
convergence process. Through them, the update messages can spread more quickly 
and the convergence time can be reduced. In this section, we present a new 
mechanism named “best up”, which uses the special ability of the “hub nodes” to 
improve the BGP convergence. 

The “best up” mechanism is very simple to implement. When ASs receiving 
updates from themselves or their customers, they send the updates to their providers 
as fast as they can. So the “hub nodes” in the core layer would notice the convergence 
events and diffuse updates to the network through their rich connections sooner. 
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In “best up” mechanism, we let the ASs forward BGP updates to their providers as 
soon as possible, without the effect of MRAI. The algorithm of the mechanism is 
introduced as follows. 

Algorithm “Best Up” 
/* Function: Node a deals with update packet U which 
received from neighbor b */ 
Begin 
/*Update its own route table for the corresponding 
routes in U*/ 
UpdateList* p_update; 
p_update = Update (RouteTable* p_routetable, U) 
/*Create the update packets to its neighbor except b*/ 
UpdatePacket[] list_updatepack; 
updatepack = CreateUpdate (NeighborList* p_neighbor); 
    forecach u∈ updatepack do 
{ 
Node D= GetDestination(u); 
/*If u will be sent to one of a’ providers, then send 
it immediately */ 
If (D ∈ provider(a)) then 
        send (u); 
   else 
       /*To justify whether the MRAI Timer of 
destination of u is expired. */ 
{ 
Check: Bool b_time = Check(MRAIList* p_MRAI,D); 
      /*If MRAI=0, send u to D immediately, else wait 
for 1s and check again*/   
 If (b_time = 0) then 
{       
send (u); 
              break;      
}  
 else 
           { 
  wait(); 
    goto Check; 
             } 
           } 
} 
End 

4   Simulation 

In this section, we will verify the results drawn in the previous section. 
For the authenticity of the test, the real BGP data is samples for the topology of 

inter-domain system. According to the sampling rules in [20], a network with 110 
ASs is built, and the commercial relations are reserved. The network is also be 
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Fig. 2. Topology Graph of Simulation 

classified into layers by the hierarchizing algorithm in section 3. Fig. 2 is the topology 
graph of the network. The distribution of node degree obeys the heavy-tailed rule of 
power-law. Few nodes have degree above 20, and the degrees of most of the nodes 
are smaller than 5, the average degree of the network is about 3.3. The total period is 
200 seconds. At 100s, the selected AS and link have stopped for 1s and restart.  

4.1   General Description of the Simulation 

The simulation is completed by SSFNet[14]. We select a random AS or link in the 
specific layer to stop its BGP process in one second and restart again, and observe the 
values of the three parameters mentioned above in the down and up convergence 
processes. 

4.2   Analysis and Results 

1. Simulation Setup 
All MinRouteAdver timers (MRAI) are configured with 30 seconds, and the link 
delays to be 0.01 second. The CPU processing time of each message was randomly 
generated during simulation to be between 0.01 and 0.05 second. The withdrawal 
packets aren’t restricted by MRAI timers. After simulation beginning, the BGP 
sessions set up by 70s, and the network is stability. At 100s, the selected ASs and 
links are down (down event), and restart (up event) at 101s. 

2. Down Event 
Because the withdrawal packets need not be sent after MRAI timers, the convergence 
process of down events can end in 0.01 second. There are still some distinguish 
between the 10 cases of different layers. In the marginal layer, changes of connections 
shouldn’t spread to outer layer, so the convergence time T can be limited in e-5. The 
value T of the forwarding layer is larger than the core layer about 10%. 

The set of affected nodes Nc can be used to evaluate the influence of convergence 
events. Form Fig.3 b), we can see Tn is much lager than Te, i.e., the effect of events 
on ASs is much more serious than on links. But Nc has no linear relation with the 
level of layers. The affected ASs are abundant in the core layer, but in the forwarding 
layer, the number can also be large. 

In the simulation network, the depth of topology is 5. But the longest withdrawal 
path length is 7, happening in forwarding layer or between forwarding layer and 
marginal layer, which can be seen in Fig.3 c). 
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Fig. 3. Parameters of Ten Cases in Down Event 

 

The statistics of withdrawal number and announcement number are printed in  
Fig.3 d), the left part is the statistics of the withdrawal number of 10 cases and the 
right part is the statistics of the announcement numbers. In the case e=1,Tn, the 
number of withdrawal packets is264, the largest one in all cases. Because AS3257 is a 
hub node in network, there are lots of the paths through it.  And the number of the 
announcements is 892 in the case of e=4,Tn, it is because that there are lots of backup 
paths to AS7018 in other ASs. So the number of backup paths is also an important 
factor for BGP convergence. 

3. Up Event 
At 101s, the selected AS or links restart, and an up event is produced. The statistics of 
the parameters in up event is shown in Fig.4. The convergence time T of up event is 
much longer than down event because of the MRAI timers. The other parameters are 
much similar with them in down event. 

 

 

Fig. 4. Parameters of Ten Cases in Up Event 

4. “Best Up” Mechanism 
Fig.5 and 6 show the convergence time of the two mechanisms with different node 
number N in both up and down events, N is from 100 to 500. We can see that the 
convergence time of the “best up” method is smaller than the normal one’s and this 
phenomenon is more obvious with the increase of N. And we also testified that in the 
route damping environments, the MRAI mechanism can still be efficient and not be 
interrupted by “best up” mechanism.  
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Fig. 5. The Comparison of Convergence Time between Normal Mechanism and “Best Up” 
Mechanism in Up Events 

 
Fig. 6. The Comparison of Convergence Time between Normal Mechanism and “Best Up” 
Mechanism in Down Events 

5. Discussion 
The result shows that the convergence time T of core layer is smaller than forwarding 
layer, but the affected ASs set Nc and affected paths factorµ are larger. The events in 
marginal layer have little effect on the network. So ASs in the core layer, which can 
also be called as “hub nodes”, are very important to the convergence process. The 
rules of power-law influence the BGP convergence greatly. So the “best up” 
mechanism that uses these rules to improve BGP convergence problem gets very 
good results in the simulation especially in the large scale network environment.  

5   Conclusion 

We analyze the power-law and hierarchy of the inter-domain system and find that 
they are consistent with each other. Based on a three-hierarchy model of Internet, 
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routing convergence model PH_SPVP is presented. The relations of network 
characteristics and three convergence parameters are analyzed for all sorts of 
convergence events in different layers. In the end, we present a new proposal based 
on the self-organization nature of the Internet to improve BGP convergence.  
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Abstract. In this paper, several diffusion schemes, designed for load
balancing on optical transpose interconnection system (OTIS), have been
generalized to heterogeneous OTIS-networks,based on an ideal of divide
and conquer. These generalized schemes are called GDED-X and they
schedule the load flow on intragroup links and intergroup links separately.
Contrasted with other existing schemes available to heterogeneous net-
works, GDED-X schemes have a prominent promotion in efficiency and
stability of iteration. Some theoretical evidences and experimental results
are also be given to show that GDED-X schemes are better than those
traditional X schemes for heterogeneous OTIS-networks, which shows
the usability of our proposed schemes.

1 Introduction

Load balancing must be implemented on parallel computer network during run-
time to prevent system from low performance due to highly uneven load distribu-
tion. Load balancing algorithms suppose that node loads consist of equally sized
items. The goal of load balancing is to design scheduling algorithm to migrate
loads across edges so that all nodes achieve the balanced state after load mi-
gration is completed. For homogeneous networks, the balanced state is achieved
when all nodes of network have an equal load; but for heterogeneous networks,
with different processing capability on nodes, the balanced state of whole network
means that each of nodes takes a load proportional to its capability described by
a weight. Some significant diffusion algorithms, like the first order scheme (FOS),
second order scheme (SOS), optimal polynomial scheme (OPS) and OPT, had
been developed for generally homogeneous networks. These traditional diffusion
schemes for homogeneous networks have also been generalized to heterogeneous
ones for load balancing, by Elsässer et al. in [6]. The kernel of generalization is to
replace the Laplacian matrix in diffusion matrix with a generalized Laplacian.
The generalized Laplacian is the product of ordinary Laplacian and a diago-
nal matrix whose diagonal entries are node’s weights. Before the beginning of
load balancing,all eigenvalues of the generalized Laplacian are required which
is rather uneasy to some irregular, large scale networks.Thinking of this, the

H. Jin et al. (Eds.): ICA3PP 2007, LNCS 4494, pp. 482–492, 2007.
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authors of the paper [1] provided other generalization of listed above, which has
a simple spectral computing and better numerical stability. Details of this work
are included in latter section. All schemes listed before determine l2-minimal
balancing flow. In fact, It has been stated that all local diffusion algorithms lead
to a minimal flow, independent of the algorithms and parameters used.

General diffusion algorithms cited are not well suit to load balancing on large
scale and irregular networks due to their complicated spectrum computation,
such as the optical transpose interconnection system (OTIS) which has been
proposed recently as a preferable parallel computer architecture. OTIS network
has been presented as swapped interconnection networks by Parhami in [10].
Different from other scalable network of large scale like product graph on which
the spectrum of network can be obtained directly from its factor graph, OTIS-
network is irregular and it often need a rather complicated spectral computing.
So load balancing schemes for regular networks including product graph are not
available to OTIS- networks.

The authors in [2] have developed several DED-X schemes for load balancing
on homogeneous OTIS-network. DED-X schemes combine diffusion and dimen-
sion exchange so they are hybrid diffusion schemes. The kernel of these new
schemes is to divide load balancing process into three stages by a process of
diffusion-exchange-diffusion. In the first stage DED-X schemes iteratively dif-
fuse node loads on all factor network simultaneously until the initial loads on
each of them achieve balanced status of this factor locally. In the second stage,
they perform a dimension exchange strategy over all intergroup links. In this
stage, factor networks pairwise interchange their balanced node load by a way
of interchanging load of node (u, v) with one of node (v, u). After this stage,
the total amount of node loads on each factor network is common. In the third
stage, continue a process of diffusion with the same iterative polynomial as in the
first stage but only compute the amount of load migration on one of the factors
and have common flow on all other factors, based on the fact that each factor
network has same initial load vector. theoretical results show that their schemes
must converge work load to the average of node loads on whole network after
diffusion-exchange-diffusion process passes through. However, to heterogeneous
networks, these DED-X schemes are not possible to achieve to the balanced state
by only local balancing on factors after load transposition is implemented in the
seconde stage. To generalize DED-X schemes to adapt for heterogeneous OTIS
networks, it is necessary to revise the strategy of load exchange and flow schedule
of DED-X schemes.

In this paper, we plan to generalize several DED-X schemes for homogeneous
OTIS networks as some corresponding schemes, called GDED-X schemes, such
that they can complete load balancing task on heterogeneous OTIS-networks.
We have theoretical results to show that these generalized GDED-X schemes
also have a apparent improvement in efficiency and stability of iteration than
general schemes for heterogeneous networks, same as the case of homogeneous
networks.
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2 Definitions

The OTIS network OTIS-G which is also denoted with Gs in this paper, derived
from the n-node factor graph G, is defined as following, see [9].

Definition 1. Let G = (VG, EG) be an undirected graph. The OTIS-G = (V, E)
is an undirected graph given by V = {〈g, p〉|g, p ∈ VG} and E={(〈g, p1〉, 〈g, p2〉)|g
∈ VG, (p1, p2) ∈ EG} ∪ {(〈g, p〉, 〈p, g〉)|g, p ∈ VG, g �= p}.

The graph G is called the factor network of OTIS-G or base graph. If G has
N nodes, then OTIS-G is composed of N node-disjoint subnetworks Gi(i =
0, 2, ...(n − 1)), called groups. Each of these groups is isomorphic to G. Denotes
the vertex set of Gi with Vi = {vij , 0 ≤ j ≤ (n − 1)} and edge set Ei =
{(vik, vil)|(vk, vl) ∈ E(G)}. Now, the vertex set V of OTIS-G satisfies V =
∪n−1

i=0 Vi. The edge set E of OTIS-G can be partitioned into two subsets Eb

called intragroup edge set and Es call intergroup edges set. Eb represents all
edges on Gi and Es means other edges among Gi. Clearly,Eb = ∪n−1

i=0 Ei and
Es = {(vij , vji)|i < j}.

Let vector wi = (wi1, wi2, ..., win)T and ci = (ci1, ci2, ..., cin)T represent the
load and weight on i-th group of OTIS-G. The j-th node vij of i-th group has
an initial load w0

ij ≥ 0 and a weight cij > 0. Let vector w and c denote the
load and weight of OTIS-G. Then the i-th subvector of w and c are wi and ci.
Notation C and Ci be the diagonal matrix with c and ci as their diagonal entries
respectively.

Let Bb and B be the node-edge incidence matrices of factor graph G and
whole network OTIS-G respectively; Bs denotes the matrix incident the in-
tergroup edges of Es to nodes of OTIS-G. Bb, Bs and B have in each col-
umn exactly two non-zero entries 1 and -1 which represent the nodes incident
to the corresponding edge. The signs of these non-zero entries decide implic-
itly directions of the flows produced in the process of load balancing on cor-
responding edges. The Laplacian L of graph is usually defined as L = BBT .
Let L and Lb the the Laplacian of OTIS-G and its factor network G respec-
tively. Denote m distinct eigenvalues of L and mb distinct eigenvalues of Lb

with λi, (0 ≤ i ≤ m) and λb
i , (0 ≤ i ≤ mb) in increasing order. Let α ∈

(0, 1) be a constant edge weight for OTIS-G and αb for G. The matrix M de-
fined by M = I − αL is called diffusion matrix. M = In2 − αL and Mb =
In − αbLb be the corresponding diffusion matrices of polynomial based diffu-
sion schemes. Then M and Mb have the eigenvalues μi = 1 − αλi and μb

i =
1 − αbλ

b
i . Denote the second largest eigenvalue of M and Mb according to ab-

solute values with γ = max(|μ2|, |μm|), γb = max(|μb
2|, |μb

m|). The work load
wk in step k for polynomial based diffusion schemes can be commonly ex-
pressed as a general iteration form wk = pk(M)w0. The convergence of a poly-
nomial based scheme depends on whether error ek = wk − wl after itera-
tion k, where wl is the node load vector when the network achieves the bal-
anced status, tends to zero. For any polynomial based diffusion scheme it holds
that [5]
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‖ek‖2 ≤ max{|pk(μi)| · ‖e0‖2, i = 2...m}. (1)

Especially, the first order scheme (FOS) satisfies wk = Mwk−1 and with 1 results
in ‖ek‖2 ≤ γk · ‖e0‖2. Since γ(M) = max(|1 − αλ2(L)|, |1 − αλm(L)|), the mini-
mum of γ is achieved for 1 − αλ2(L) = −1 + αλm(L). By this the optimal value
of α is α = 2/(λ2+λm). Then we have γ = (1−ρ)/(1+ρ) with ρ = λ2(L)/λm(L)
being called the condition number of L.

For OTIS-G, let yk and xk are two flow vectors whose entry corresponding
edge e represents respectively the amount of load migrated along e in step k and
the total amount of load until step k. For G, let yk

b and xk
b represent correspond-

ing concepts.The directions of the flows are determined by the directions of the
edges in the incidence matrix. The flow x is called a balancing flow if and only
if Bx = w0 − wl.

3 Diffusion Schemes for General Heterogeneous Networks

Elsässer in [6] generalized several existing diffusion schemes for homogeneous
networks, include FOS, SOS, CHEBY and OPT, to heterogeneous ones. In gen-
eral, by previous schemes, for FOS and SOS, the work load wk in step k can
be expressed as form wk = pk(M)w0, where pk(t) is a polynomial with degree
less or equal to k and satisfying p(1) = 1. The FOS takes pk(t) = tk; SOS takes
p0(t) = 1, p1(t) = t, pk(t) = βtpk−1(t) + (1 − β)pk−2(t), k > 2. The fastest con-
vergence occurs when β = 2/(1 +

√
1 − γ2), γ = (λ2 − λm)/(λ2 + λm). CHEBY

has a similar iteration polynomial to SOS. By OPT, the work load wk in step
k can be described as wk = (I − 1

λk+1
L)wk−1. For applying FOS and SOS to

heterogeneous networks, the diffusion matrix M = I −αL is replaced in [6] with
M = I − αLC−1 and all original eigenvalues of L are replaced with ones of
LC−1. if let zi be the eigenvectors of M with eigenvalues μi and with ek rep-
resenting the error after i-th iteration, which was stated in [5], the error ek of
their generalized scheme satisfies ‖ek‖2 ≤ ‖C1/2‖2‖C−1/2‖2pk(γ)‖e0‖2.

Zhao et al. in [1] presented another generation of these diffusion schemes to
heterogeneous networks in which the diffusion matrix is M = I−αLR, where R =
(I + 1/n(I − C∗)J) with C∗ = n/(

∑n
i=1 ci)C. The parameter α is independent

of the matrix R and only decided by L,which leads to a lower iterative times
and better numerical stability because α will not change with different node
weight distribution. Following theorem shows that schemes generalized in [1] do
not increase iteration error to original those schemes of homogeneous network
for the heterogeneity of network.

Theorem 1. For fixed network and initial load distribution, any polynomial it-
erative method using diffusion matrix M = I −αLR produces an error ek at step
k equal to one produced by iteration diffusion matrix M = I − αL.

For more details about the theorem 1 please see [1].
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4 Hybrid Diffusion Schemes for Heterogeneous OTIS
Networks

In common, all diffusion schemes, in [1] or in [6], for heterogeneous networks
require the knowledge of eigenvalues of the matrix LC−1 or ones of L. For an
OTIS-network, with n vertices on its factor network, all eigenvalues of a ma-
trix with order n2 have to be computed before load balancing process starts,
which is unpractical to those large OTIS-networks. Therefore we will develop
the work in [2] and generalize its DED-X schemes as GDED-X for load bal-
ancing on heterogenous OTIS networks. Being the same with original DED-X,
GDED-X schemes combine diffusion and dimension exchange so they are hybrid
diffusion schemes. GDED-X still divides load balancing process into three stages
by a process of diffusion-exchange-diffusion. In the first stage GDED-X scheme
diffuses node loads iteratively until for all i, the initial load vector w0

i of i-th
group achieves balanced status wl

i locally on this group. In this stage, the work
load wk

i in step k of nodes on i-th factor can be decided according to

wk
i = pk(M i

b)w
0, with M i

b = (In − αbLbRi), Ri = (I + 1/n(I − n/(
n∑

j=1

cij)Ci)J).

(2)
In the following, we perform a dimension exchange strategy over all intergroup

links. In this stage, loads are migrated only via the links between groups. Let
Ls = L − Lb = BsB

T
s . Denoting by f = (l01, . . . , lij(i < j), . . . , l(n−2)(n−1)) the

vector of edge weights and by F = diag(f) the diagonal matrix containing the
edge weights on its diagonal, where lij represents the edge weight on the edge
linking the group i and j. Now, assign a value to lij according to

lij =
(
∑n−1

k=1 cik)(
∑n−1

k=1 cjk)
∑n−1

i=1
∑n−1

j=1 cij

. (3)

It assumes that GDED-X takes k1 steps to achieve the local balanced status
wk1 . The process of dimension exchange here can be expressed as following.

wk1+1 = Msw
l, Ms = In2 − BsFBT

s C−1 (4)

In the third stage, we proceed diffusion on each of groups with the same iter-
ative polynomial as in the first stage, by flow scheduling on intragroup edges
of each group. Following theorem shows that any polynomial based scheme
must converge wk to the balanced status of whole network after such diffusion-
exchange-diffusion process passes through.

Theorem 2. For any polynomial based scheme X, if X takes as most k1 and
k2 steps to iterate the initial load w0

i and wl
i of each of groups to achieve corre-

sponding balanced status respectively, then GDED-X scheme iterates load w0 to
the balanced status in at most k1 + k2 + 1 steps.
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Proof. For any polynomial based scheme X , for any 0 ≤ i ≤ (n − 1), scheme X
leads group i to the local balanced status after first stage, by the use of 2 which
follows

wk1
ij =

cij
∑n−1

k=1 cik

n−1∑

k=1

w0
ik (5)

After second stage, exchanging loads on intergroup links, by equation 3 and
5 it follows

wk1+1
ij = wk1

ij − (
∑n−1

k=1 cik)(
∑n−1

k=1 cjk)
∑n−1

i=1
∑n−1

j=1 cij

(
wk1

ij

cij
−

wk1
ji

cji

)

=
(

cij
∑n−1

k=1 cik

−
∑n−1

k=1 cjk
∑n−1

i=1
∑n−1

j=1 cij

) n−1∑

k=1

w0
ik −

∑n−1
k=1 cik

∑n−1
i=1

∑n−1
j=1 cij

n−1∑

k=1

w0
jk

After the third stage, because of the same iterative polynomial only different
initial load on nodes, it holds that

wk1+k2+1
ij =

cij
∑n−1

k=1 cik

n−1∑

j=1

wk1+1
ij

=
cij

∑n−1
k=1 cik

n−1∑

j=1

[ ∑n−1
k=1 cik

∑n−1
i=1

∑n−1
j=1 cij

n−1∑

k=1

w0
jk

]

=
cij

∑n−1
i=1

∑n−1
j=1 cij

n−1∑

j=1

n−1∑

k=1

w0
jk

= wl
ij

which shows that w0 achieves to wl within k1 + k2 + 1 steps.

We now describe GDED-X scheme as local iterative algorithm. One can select a
practical scheme, for example, FOS or SOS or OPT, to replace X. The perfor-
mance of GDED-X will be discuss in detail in following sections.

Algorithm: GDED-X
Input: OTIS-network consists of groups Gi with load vector wi and node weights

vector ci, 0 ≤ i < n.
Output: Balanced load vector wl and a sequence of flow xk.
1. for all groups Gi of OTIS-G
2. run the procedure X on Gi, 0 ≤ i < n and input the balanced load vector as

wl
i;

3. end for
4. for all intergroup edges e = (i, j), (j, i), i �= j

5. yE
e = (

∑ n−1
k=1 cik)(

∑ n−1
k=1 cjk)

∑ n−1
i=1

∑ n−1
j=1 cij

(
w

k1
ij

cij
− w

k1
ji

cji

)
;

6. wE
ij = wl

ij − yE
e ;
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7. end for
8. for all factors Gi of OTIS-G
9. w0

i = wE
i ;

10. run the procedure X on Gi, 0 ≤ i < n and input the balanced load vector
as wg

i

11. end for

5 Algorithm Analysis

Firstly,by theorem 1 we know, in the case of X being FOS, SOS and CHEBY, the
convergence speed of GDED-X is decided by the diffusion norm of corresponding
factor network, not depended on the distribution of node weights. By theorem
2, it is clear that if scheme X takes O(n) complexity to balance node loads on
factor network then GDED-X has the same complexity on the OTIS network of
this factor. Following theorem [2] shows that general scheme X has a significant
promotion in the number of iteration on OTIS network than on its factor network
which displays that GDED-X behaves better in the iterative efficiency than X.
When GDED-X begins, each of groups implements load balancing algorithm in
parallel. The speed of convergence only depends on the maximal iterative error
of groups.It assumes that the maximal number of iterations are required to i-th
group.

Theorem 3. Let λb
1 and λ1 represent the second smallest Laplace eigenvalue

of factor network G and OTIS-G respectively. Let λb
max and λmax denote their

largest eigenvalue respectively. Then it is true that

λ1 ≤ λb
1. (6)

and
λb

max + 1 ≤ λmax (7)

Theorem 4. Let γb and γ denote the diffusion norm of the factor network G
and OTIS-G respectively. Then it holds that γb < γ, which means that when
apply GDED-FOS scheme and FOS scheme to OTIS-G, GDED-FOS will has a
smaller upper bound of error than FOS in k-th iteration.

Theorem 3 and 4 can be applied to the known SOS scheme and the Cheby-
shev scheme (CHEBY)(see [5]). In both cases, better convergence speed can be
expected when using the GDED-FOS or GDED-CHEBY. In fact, experiments
validate that the largest improvement is obtain for large scale networks with
regular factor networks. In the case of arbitrary factor networks, significant im-
provements have also be observed in numerical simulation. Denote the diameter
of the factor graph with d. Following theorem shows that GDED-OPT scheme
often exhibits better performance than the OPT scheme.

Theorem 5. In the worst case, to achieve balanced status on OTIS network,
GDED-OPT has a lower bound d + 1 of the number of iteration required. But
OPT needs as least 2(d + 1) iterations in this case.
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6 Experiments

Here some numerical results help to illustrate the properties of GDED-X scheme
and the advantages of these schemes. All results here are completed on two fa-
miliar factor networks, including Hypercube(H3) and Mesh(M2×4). In order to
test the stability of GDED-X schemes, node initial load are set as highly unbal-
anced PEAK and random RAN. We also distribute node weights as homogeneous
HOMO, semi-heterogeneous SEMI and sharply heterogenous CS to both OTIS
networks constructed from H3 and M2×4.

Node initial load distribution:
PEAK:One node has a super overweight load of 100×n and the others are free,

with a load 0;
RAN: 100 × n load items are randomly distributed among n nodes.

Node weight assignment:
HOMO: All nodes have the identical capability, indicated by C = I. This

simulates a homogeneous network.
SEMI:The half nodes have a weight of 1 and others 2. This simulates a heteroge-

neous network with relatively regular weight distribution, like some networks
consisting of two subnetworks.

CS:This simulates a heterogeneous network according to the traditional client-
server model in which the sever node has a high weight of n + 1 and others
1.

We want to compare our new load balancing strategies GDED-FOS and
GDED-OPT with the traditional FOS and OPT methods with respect to speed,
stability and flow quality. we did experiments on both networks, using every
possible combination of initial load and weight distribution listed above. The
balance process stops when the error ‖ wk − wl ‖2 is less than 0.01.

6.1 Flow Analysis

Firsly, we perform GDED-OPT and OPT schemes on both OTIS-H3 and OTIS-
M2×4 networks to compare the quality of resulted flows. Thinking of the known
fact that polynomial based schemes all compute the same flow which is l2-
minimal (see [5]), we only experiment with GDED-OPT and OPT scheme, ig-
noring other schemes. Table 1 shows that in most cases, GDED-OPT scheme
produces a flow smaller than one of the OPT. Specially, the flow of GDED-OPT
scheme is far smaller than the flow of OPT in the case of OTIS-M2×4. There-
fore, GDED-OPT should preferably be applied to practices. Though the flow
calculated by GDED-OPT scheme is not minimal in the l2 norm, it can seen
from table 1 that there is only little difference between the flow resulting from
GDED-OPT and the l2-minimal flow produced by general OPT.
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Table 1. Comparison of the flows produced by OPT and the GDED-OPT

networks initial load node weight OPT flows GDED-OPT flows

OTIS-H3

PEAK
HOMO 4598.9345 4636.0903

SEMIHOMO 4517.0283 4947.1279
CS 2299.4718 2103.6124

RAN
HOMO 2884.8685 3106.9855

SEMIHOMO 2760.2311 3497.4927
CS 2104.6756 1546.6774

OTIS-M2×4

PEAK
HOMO 47213.1788 6279.2174

SEMIHOMO 53661.5383 6608.8925
CS 37794.3732 2984.7939

RAN
HOMO 70986.4104 4970.6308

SEMIHOMO 134686.730 5311.5263
CS 85719.2920 2075.4244

6.2 Convergence Speed and Stability

We also list some results in the following Table 2 in order to compare the conver-
gence speed of traditional FOS, OPT schemes and our GDED-FOS and GDED-
OPT schemes, with each of possibly initial conditions. As we have proven before,
practically, GDED-FOS has a evidently smaller number of iterations than tra-
ditional FOS scheme. GDED-OPT behaves better which almost,compared to
existing OPT scheme, halves the number of iterations for each of combination of
node load and weight. Noticeably, no matter GDED-X or X, the number of itera-
tion does not vary with different load and weight distribution. In the following we
want to compare new GDED-FOS and GDED-OPT schemes with original FOS
and OPT schemes more intensively. We did experiments on OTIS-H3 and OTIS-
M2×4, using GDED-FOS and FOS (Figure 1), GDED-OPT and OPT (Figure 2)

Table 2. Comparison of the number of the iterations using general diffusion schemes
X and GDED-X, NX represents the number of iterations

networks load node weight NF OS NGDED−F OS NOPT NGDED−OPT

OTIS-H3

PEAK
HOMO 77 38 15 7

SEMIHOMO 77 38 15 7
CS 73 35 15 7

RAN
HOMO 76 37 15 7

SEMIHOMO 76 37 15 7
CS 71 38 15 7

OTIS-M2∗4

PEAK
HOMO 165 114 42 13

SEMIHOMO 165 114 42 13
CS 155 105 42 13

RAN
HOMO 157 112 42 13

SEMIHOMO 157 112 42 13
CS 144 112 42 13
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Fig. 1. GDED-FOS and FOS on OTIS-H3 (left) and OTIS-M2×4 (right) networks

Fig. 2. GDED-OPT and OPT on OTIS-H3 (left) and OTIS-M2×4 (right) networks

The results show that both GDED-FOS and GDED-OPT behave better numer-
ically stability and faster convergence speed. Figure 1 shows that GDED-FOS
is stable in both diffusion stages, with error decreasing steadily, only a suddenly
drop down to 0 arising after the seconde stage (load exchange). But this is appar-
ently not a problem because in this stage loads only migrate along optical links
which are capable of standing under large scale of load movement. From Figure 1,
one can observe that GDED-FOS behaves better on OTIS-Hypercube than
OTIS-Mesh because it displays more apparent advantage related to FOS scheme.
The best behavior of GDED-X schemes can be observed from Figure 2 where
GDED-OPT has a much better stability than general OPT. Related to OPT,
numerical problems are almost never observed in GDED-OPT. It can be seen
from Figure 2 that OPT scheme leads to high error of iteration which will fail
to implement load balancing on large OTIS network due to numerical problem.
In this case, GDED-OPT should be a proper substitution manner. Furthermore,
Figure 1 and 2 show that distinct node initial load and weight distributions do
not bring forth apparent difference in stability.

7 Conclusion

The diffusion schemes described in this paper are closely related to corresponding
those in paper [2] and both are based on a common ideal of hybrid diffusion-
exchange-diffusion. However, the schemes in this paper still have particular de-
tails development based on paper [2]. In essence, GDED-X schemes are several
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generalizations of DED-X. This work should benefit to load balancing on hetero-
geneous OTIS networks and it also presents some opportunities for future work.
We are going to try to generalize this ideal to general networks, not limited to
OTIS networks, for a larger scope of applications.
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Abstract.  The problem of scheduling a weighted directed acyclic graph (DAG) 
representing an application to a set of heterogeneous processors to minimize the 
completion time has been recently studied.  The NP-completeness of the problem 
has instigated researchers to propose different heuristic algorithms.  In this paper, 
we present a Generalized Critical-task Anticipation (GCA) algorithm for DAG 
scheduling in heterogeneous computing environment.  The GCA scheduling 
algorithm employs task prioritizing technique based on CA algorithm and 
introduces a new processor selection scheme by considering heterogeneous 
communication costs among processors for adapting grid and scalable 
computing.  To evaluate the performance of the proposed technique, we have 
developed a simulator that contains a parametric graph generator for generating 
weighted directed acyclic graphs with various characteristics.  We have 
implemented the GCA algorithm along with the CA and HEFT scheduling 
algorithms on the simulator.  The GCA algorithm is shown to be effective in 
terms of speedup and low scheduling costs. 

1   Introduction 

The purpose of heterogeneous computing system is to drive processors cooperation to 
get the application done quickly.  Because of diverse quality among processors or some 
special requirements, like exclusive function, memory access speed, or the customize 
I/O devices, etc.; tasks might have distinct execution time on different resources.  
Therefore, efficient task scheduling is important for achieving good performance in 
heterogeneous systems.  

The primary scheduling methods can be classified into three categories, dynamic 
scheduling, static scheduling and hybrid scheduling according to the time at which the 
scheduling decision is made.  In dynamic approach, the system performs redistribution 
of tasks between processors during run-time, expect to balance computational load, and 
reduce processor’s idle time. On the contrary, in static approach, information of 
applications, such as tasks execution time, message size of communications among 
tasks, and tasks dependences are known a priori at compile-time; tasks are assigned to 
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processors accordingly in order to minimize the entire application completion time and 
satisfy the precedence of tasks.  Hybrid scheduling techniques are mix of dynamic and 
static methods, where some preprocessing is done statically to guide the dynamic 
scheduler [8]. 

A Direct Acyclic Graph (DAG) [2] is usually used for modeling parallel applications 
that consists a number of tasks.  The nodes of DAG correspond to tasks and the edges of 
which indicate the precedence constraints between tasks.  In addition, the weight of an 
edge represents communication cost between tasks.  Each node is given a computation 
cost to be performed on a processor and is represented by a computation costs matrix.  
Fig. 1 shows an example of the model of DAG scheduling.  In Fig. 1(a), it is assumed that 
task nj is a successor (predecessor) of task ni if there exists an edge from ni to nj (from nj to 
ni) in the graph.  Upon task precedence constraint, only if the predecessor ni completes its 
execution and then its successor nj receives the messages from ni, the successor nj can 
start its execution.  Fig. 1(b) demonstrates different computation costs of task that 
performed on heterogeneous processors.  It is also assumed that tasks can be executed 
only on single processor with non-preemptable style.  A simple fully connected processor 
network with asymmetrical data transfer rate is shown in Fig. 1(c) and 1(d). 

            

 P1 P2 P3 iw  

n1 14 19 9 14 

n2 13 19 18 16.7 

n3 11 17 15 14.3 

n4 13 8 18 13 

n5 12 13 10 11.7 

n6 12 19 13 14.7 

n7 7 16 11 11 

n8 5 11 14 10 

n9 18 12 20 16.7 

n10 17 20 11 16 
 

        (a)                                                              (b) 

                                                  
           (c)                                                           (d) 

Fig. 1. An example of DAG scheduling problem (a) Directed Acyclic Graph (DAG-1) (b) 
computation cost matrix (W) (c) processor topology (d) communication weight 

The scheduling problem has been widely studied in heterogeneous systems where 
the computational ability of processors is different and the processors communicate 
over an underlying network.  Many researches have been proposed in the literature.  
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The scheduling problem has been shown to be NP-complete [3] in general cases as well 
as in several restricted cases; so the desire of optimal scheduling shall lead to higher 
scheduling overhead.  The negative result motivates the requirement for heuristic 
approaches to solve the scheduling problem.  A comprehensive survey about static 
scheduling algorithms is given in [9].  The authors of have shown that the 
heuristic-based algorithms can be classified into a variety of categories, such as 
clustering algorithms, duplication-based algorithms, and list-scheduling algorithms.  
Due to page limitation, we omit the description for related works.   

In this paper, we present a Generalized Critical task Anticipation (GCA) algorithm, 
which is an approach of list scheduling for DAG task scheduling problem.  The main 
contribution of this paper is proposing a novel heuristic for DAG scheduling on 
heterogeneous machines and networks.  A significant improvement is that 
inter-processor communication costs are considered into processor selection phase 
such that tasks can be mapped to more suitable processors.  The GCA heuristic is 
compared favorable with previous CA [5] and HEFT heuristics in terms of schedule 
length and speedup under different parameters.  

The rest of this paper is organized as follows: Section 2 provides some background, 
describes preliminaries regarding heterogeneous scheduling system in DAG model and 
formalizes the research problem.  Section 3 defines notations and terminologies used in 
this paper.  Section 4 forms the main body of the paper, presents the Generalized 
Critical task Anticipation (GCA) scheduling algorithm and illustrating it with an 
example.  Section 5 discusses performance of the proposed heuristic and its simulation 
results.  Finally, Section 6 briefly concludes this paper. 

2   DAG Scheduling on Heterogeneous Systems 

The DAG scheduling problem studied in this paper is formalized as follows.  Given a 
parallel application represented by a DAG, in which nodes represent tasks and edges 
represent dependence between these tasks.  The target computing architecture of DAG 
scheduling problem is a set of heterogeneous processors, M = {Pk: k = 1: P} and P = 
|M|, communicate over an underlying network which is assumed fully connected.  We 
have the following assumptions: 

 Inter-processor communications are performed without network contention 
between arbitrary processors.  

 Computation of tasks is in non-preemptive style.  Namely, once a task is assigned 
to a processor and starts its execution, it will not be interrupted until its 
completion. 

 Computation and communication can be worked simultaneously because of the 
separated I/0. 

 If two tasks are assigned to the same processor, the communication cost between 
the two tasks can be discarded. 

 A processor is assumed to send the computational results of tasks to their 
immediate successor as soon as it completes the computation. 

Given a DAG scheduling system, W is an n × P matrix in which wi,j indicates 
estimated computation time of processor Pj to execute task ni.  The mean execution 
time of task ni can be calculated by the following equation: 
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Example of the mean execution time can be referred to Fig. 1(b).   
For communication part, a P × P matrix T is structured to represent different data 

transfer rate among processors (Fig. 1(d) demonstrates the example).  The 
communication cost of transferring data from task ni (execute on processor px) to task nj 
(execute on processor py) is denoted by ci,j and can be calculated by the following 
equation, 

                                             yxjimji tMsgVc ,,, ×+= ,                                                (2) 

Where: 
Vm is the communication latency of processor Pm, 
Msgi,j is the size of message from task ni to task nj, 
tx,y is data transfer rate from processor px to processor py, 1≤ x, y ≤P. 
 
In static DAG scheduling problem, it was usually to consider processors’ latency 

together with its data transfer rate.  Therefore, equation (2) can be simplified as follows, 

                                                  yxjiji tMsgc ,,, ×= ,                                                   (3) 

Given an application represented by Directed Acyclic Graph (DAG), G = (V, E), 
where V = {nj: j = 1: v} is the set of nodes and v = |V|; E = {ei,j = <ni, nj>} is the set of 
communication edges and e =|E|.  In this model, each node indicates least indivisible 
task.  Namely, each node must be executed on a processor from the start to its 
completion.  Edge <ni, nj> denotes precedence of tasks ni and nj.  In other words, task ni 
is the immediate predecessor of task nj and task nj is the immediate successor of task ni.  
Such precedence represents that task nj can be start for execution only upon the 
completion of task ni.  Meanwhile, task nj should receive essential message from ni for 
its execution.  Weight of edge <ni, nj > indicates the average communication cost 
between ni and nj. 

Node without any inward edge is called entry node, denoted by nentry; while node 
without any outward edge is called exit node, denoted by nexit.  In general, it is supposed 
that the application has only one entry node and one exit node.  If the actual application 
claims more than one entry (exit) node, we can insert a dummy entry (exit) node with 
zero-cost edge. 

3   Preliminaries 

This study concentrates on list scheduling approaches in DAG model.  List scheduling 
was usually distinguished into list phase and processor selection phase.  Therefore, 
priori to discuss the main content, we first define some notations and terminologies 
used in both phases in this section. 

3.1   Parameters for List Phase 

Definition 1: Given a DAG scheduling system on G = (V, E), the Critical Score of task 
ni denoted by CS(ni) is an accumulative value that are computed recursively traverses 
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along the graph upward, starting from the exit node.  CS(ni) is computed by the 
following equations,  
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where exitw  is the average computation cost of task nexit, iw  is the average computation 

cost of task ni, suc(ni) is the set of immediate successors of task ni, 

jic ,  is the average communication cost of edge <ni, nj> which is defined as follows, 
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3.2   Parameters for Processor Selection Phase 

Most algorithms in processor selection phase employ a partial schedule scheme to 
minimize overall schedule length of an application.  To achieve the partial 
optimization, an intuitional method is to evaluate the finish time (FT) of task ni 
executed on different processors.  According to the calculated results, one can select the 
processor who has minimum finish time as target processor to execute the task ni.  In 
such approach, each processor Pk will maintain a list of tasks, task-list(Pk), keeps the 
latest status of tasks correspond to the EFT(ni, Pk), the earliest finish time of task ni that 
is assigned on processor Pk. 

Recall having been mentioned above that the application represented by DAG must 
satisfy the precedence relationship.  Taking into account the precedence of tasks in 
DAG, a task nj can start to execute on a processor Pk only if its all immediate 
predecessors send the essential messages to nj and nj successful receives all these 
messages.  Thus, the latest message arrive time of node nj on processor Pk, denoted by 
LMAT(nj, Pk), is calculated by the following equation, 

       ( ) ( ) ( ) )processoron  executedfor task,(, , uikui
npredn

kj PncnEFTMaxPnLMAT
ji

+=
∈

               (6) 

where pred(nj) is the set of immediate predecessors of task nj.  Note that if tasks ni and 
nj are assigned to the same processor, kuc ,  is assumed to be zero because it is 

negligible. 
Because the entry task nentry has no inward edge, thus we have 

                                                                                 ( ) 0, =kentry PnLMAT                                                       (7) 

for all k = 1 to P. 

Definition 2: Given a DAG scheduling system on G = (V, E), the Start Time of task nj 
executed on processor Pk is denoted as ST(nj, Pk). 

Estimating task’s start time (for example, task nj) will facilitate search of available 
time slot on target processors that is large enough to execute that task (i.e., length of 
time slot > wj,k).  Note that the search of available time slot is started from ( )kj PnLMAT , . 
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Definition 3: Given a DAG scheduling system on G = (V, E), the finish time of task nj 
denoted by ),( kj PnFT , represents the completion time of task nj executed on processor 

Pk.  ),( kj PnFT  is defined as follows, 

                                                   
kjkjkj wPnSTPnFT ,),(),( +=                                         (8) 

Definition 4: Given a DAG scheduling system on G = (V, E), the earliest finish time of 
task nj denoted by )( jnEFT , is formulated as follows,  

                                                     )},({)( kj
Pp

j PnFTMinnEFT
k ∈

=                                                   (9) 

Definition 5: Based on the determination of )( jnEFT  in equation (9), if the earliest finish 

time of task nj is obtained upon task nj executed on processor pt, then the target 
processor of task nj is denoted by TP(nj), and TP(nj) = pt. 

4   The Generalized Critical-Task Anticipation Scheduling 
Algorithm 

Our approach takes advantages of list scheduling in lower algorithmic complexity and 
superior scheduling performance and furthermore came up with a novel heuristic 
algorithm, the generalized critical task anticipation (GCA) scheduling algorithm to 
improve the schedule length as well as speedup of applications.  The proposed 
scheduling algorithm will be verified beneficial for the readers while we delineate a 
sequence of the algorithm and show some example scenarios in three phases, 
prioritizing phase, listing phase and processor selection phase.  

In prioritizing phase, the CS(ni) is known as the maximal summation of scores 
including the average computation cost and communication cost from task ni to the exit 
task.  Therefore, the magnitude of the task’s critical score is regarded as the decisive 
factor when determining the priority of a task.  In listing phase, an ordered list of tasks 
should be determined for the subsequent phase of processor selection. The proposed 
GCA scheduling technique arranges tasks into a list L, not only according to critical 
scores but also considers tasks’ importance.  

Several observations bring the idea of GCA scheduling method.  Because of 
processor heterogeneity, there exist variations in execution cost from processor to 
processor for same task.  In such circumstance, tasks with larger computational cost 
should be assigned higher priority.  This observation aids some critical tasks to be 
executed earlier and enhances probability of tasks reduce its finish time.  Furthermore, 
each task has to receive the essential messages from its immediate predecessors.  In 
other words, a task will be in waiting state when it does not collect complete message 
yet.  For this reason, we emphasize the importance of the last arrival message such that 
the succeeding task can start its execution earlier.  Therefore, it is imperative to give the 
predecessor who sends the last arrival message higher priority.  This can aid the 
succeeding task to get chance to advance the start time.  On the other hand, if a task ni is 
inserted into the front of a scheduling list, it occupies vantage position.  Namely, ni has 
higher probability to accelerate its execution and consequently the start time of suc(ni) 
can be advanced as well.   
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In most list scheduling approaches, it was usually to demonstrate the algorithms in 
two phases, the list phase and the processor selection phase.  The list phase of proposed 
GCA scheduling algorithm consists of two steps, the CS (critical score) calculation step 
and task prioritization step. 

Let’s take examples for the demonstration of CS calculation, which is performed in 
level order and started from the deepest level, i.e., the level of exit task.  For example, 

according to equation (4), we have CS(n10)= 10w = 16.  For the upper level tasks, n7, n8 

and n9, CS(n7) = ))(( 1010,77 nCScw ++  = 47.12, CS(n8) = 

))(( 1010,88 nCScw ++ =37.83, CS(n9) = ))(( 1010,99 nCScw ++ =49.23.  The other 

tasks can be calculated by the same methods.  Table 1 shows complete calculated 
critical scores of all tasks for DAG-1. 

Table 1. Critical Scores of tasks in DAG-1 using GCA algorithm 

 
Critical Scores of tasks in GCA  algorithm  

n1 n2 n  3 n  4 n  5 n  6 n  7 n  8 n  9 n  10 

120.13 84.83 88.67  89.45 76.28 70.25 47.12 37.83 49.23 16.00    

Follows the critical score calculation, the GCA scheduling method considers both 
tasks’ importance (i.e., critical score) and its relative urgency for prioritizing tasks.  
Based on the results obtained previously, we use the same example to demonstrate task 
prioritization in GCA.  Let’s start at the exit task n10, which has the lowest critical score.  
Assume that tasks will be arranged into an ordered list L, therefore, we have L = {n10} 
initially.  Because task n10 has three immediate predecessors, with the order CS(n9) > 
CS(n7) > CS(n8), the list L will be updated to L={n9, n7, n8, n10}.  Applying the same 
prioritizing method by taking the front element of L, task n9; because task n9 has three 
immediate predecessors, with the order CS(n4) > CS(n2) > CS(n5), we have the updated 
list L = { n4, n2, n5, n9, n7, n8, n10}.  Taking the same operations, insert task n1 in front of 
task n4, insert task n3 in front of task n7, insert tasks n4, n2, n6 (because CS(n4) > CS(n2) 
> CS(n6)) in front of task n8; we have the list L = { n1, n4, n2, n5, n9, n3, n7, n6, n4, n2, n6, 
n8, n10}.  The final list L = {n1, n4, n2, n5, n9, n3, n7, n6, n8, n10} can be derived by 
removing duplicated tasks. 

In listing phases, the GCA scheduling algorithm proposes two enhancements from 
the majority of literatures.  First, GCA scheduling technique considers various 
transmission costs of messages among processors into the calculation of critical scores.  
Second, the GCA algorithm prioritizes tasks according to the influence on its 
successors and devotes to lead an accelerated chain while other techniques simply 
schedule high critical score tasks with higher priority.  In other words, the GCA 
algorithm is not only prioritizing tasks by its importance but also by the urgency among 
task.   The prioritizing scheme of GCA scheduling technique can be accomplished by 
using simple stack operations, push and pop, which are outlined in GCA_List_Phase 
procedure as follows. 
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Begin_GCA_List_Phase 
1. Initially, construct an array of Boolean QV and a stack S. 
2. QV[nj] = false,∀ nj∈V. 
3. Push nexit on top of S. 
4. While S is not empty do 
5.   Peek task nj on the top of S; 
6.   If( all QV[ni] are true, for all ni∈pred(nj) or task nj is nentry)  { 
7.     Pop task nj from top of S and put nj into scheduling list L; 
8.     QV[ nj] = true; } 
9.   Else   /* search the CT(nj) */ 
10.     For each task ni, where ni∈pred(nj) do 
11.       If(QV[ni] = false) 
12.         Put CS(ni) into container C; 
13.       Endif 
14.     Push tasks pred(nj) from C into S by non-decreasing order according to 

their critical scores; 
15.     Reset C to empty; 
16.     /* if there are 2+ tasks with same CS(ni), task ni is randomly pushed into S. 
17. EndWhile 
End_GCA_List_Phase 

Table 2. Earliest Finish Time of tasks in DAG-1 using GCA algorithm 

 
Earliest Finish Time of tasks in GCA algorithm 

n1 n2 n 3 n 4 n 5 n 6 n 7 n 8 n 9 n 10 

9 27 42 19.7 32.7 47.6 53 65.7 54.7 84.7 
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Fig. 2. Schedule results of three algorithms on DAG-1 (a) GCA (makespan = 84.7) (b) CA 
(makespan = 92.4) (c) HEFT (makespan = 108.2) 
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In processor-selection phase, tasks will be deployed from list L that obtained in 
listing phase to suitable processor in FIFO manner.  According to the ordered list L = 
{n1, n4, n2, n5, n9, n3, n7, n6, n8, n10}, we have the complete calculated EFTs of tasks in 
DAG-1 and the schedule results of GCA algorithm are listed in Table 2 and Fig. 2(a), 
respectively.   

In order to profile significance of the GCA scheduling technique, the schedule 
results of other algorithms, CA and HEFT are depicted in Fig. 2(b) and 2(c), 
respectively. The GCA scheduling techniques incorporates the consideration of 
heterogeneous communication costs among processors in processor selection phase.  
Such enhancement facilitates the selection of best candidate of processors to execute 
specific tasks.   

5   Performance Evaluation 

5.1   Random Graph Generator 

We implemented a Random Graph Generator (RGG) to simulate application graphs 
with various characteristics.  RGG uses the following input parameters to produce 
diverse graphs. 

 Weight of graph (weight), which is a constant = {32, 128, 512, 1024}. 
 Number of tasks in the graph (n), where n = {20, 40, 60, 80, 100}. 
 Graph parallelism (p), the graph parallelism determines shape of a graph.  p is 

assigned for 0.5, 1.0 and 2.0.  The level of graph is defined as ⎣ ⎦pv / .  For 

example, graph with p = 2.0 has higher parallelism than graph with p = 1.0.  
 Out degree of a task (d), where d = {1, 2, 3, 4, 5}.  The out degree of a task 

indicates relationship with other tasks, the larger degree of a task the higher task 
dependence. 

 Heterogeneity (h), determines computational cost of task ni executed on 
processor Pk, i.e., wi,k, which is randomly generated by the following formula. 
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RGG randomizes wi from the interval [1, weight].  Note that larger value of weight 
represents the estimation is with higher precision.  In our simulation, h was assigned by 
0.1, 0.25, 0.5, 0.75 and 1.0. 

 Communication to Computation Ratio (CCR), where CCR = {0.1, 0.5, 1, 2, 10}.  

5.2   Comparison Metrics 

As mentioned earlier, the objective of DAG scheduling problem is to minimize the 
completion time of an application.  To verify the performance of a scheduling 
algorithm, several comparative metrics are given below for comparison: 

 Makespan, also known as schedule length, which is defined as follows, 

                                                      ))(max( exitnEFTMakespan =                                  (11) 
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 Speedup, defined as following equation, 

                
makespan

w
Speedup Vn jiMP

ij
}{min ,∑ ∈∈

= , where M is the set of processors            (12) 

The numerator is the minimal accumulated sum of computation cost of tasks which 
are assigned on one processor.  Equation (12) represents the ratio of sequential 
execution time to parallel execution time.   

 Percentage of Quality of Schedules (PQS) 

The percentage of the GCA algorithm produces better, equal and worse quality of 
schedules compared to other algorithms. 

5.3   Simulation Results 

The first evaluation aims to demonstrate the merit of the GCA algorithm by showing 
quality of schedules using RGG.  Simulation results were obtained upon different 
parameters with totally 1875 DAGs.  Fig. 3 reports the comparison by setting different 
weight = {32, 128, 512, 1024}.  The term “Better” represents percentage of testing 
samples the GCA algorithm outperforms the CA algorithm.  The term “Equal” 
represents both algorithm have same makespan in a given DAG.  The tem “Worse” 
represents opposite results to the “Better” cases.  Fig. 4 gives the PQS results by setting 
different number of processors.  Overall, the GCA scheduling algorithm presents 
superior performance for 65% test samples.  

Speedup of the GCA, CA and HEFT algorithms to execute 1875 DAGs with fix 
processor number (P=16) under different number of task (n) are shown in Fig. 5.  The 
speedup of these algorithms show placid when number of task is small and increased 
significantly when number of tasks becomes large.  In general, the GCA algorithm 
has better speedup than the other two algorithms.  Improvement rate of the GCA 
algorithm in terms of average speedup is about 7% to the CA algorithm and 34% to 
the HEFT algorithm.  The improvement rate (IRGCA) is estimated by the following 
equation: 

                           IRGCA = 
∑

∑∑ −
)(

)()(

CAorHEFTSpeedup

CAorHEFTSpeedupGCASpeedup                              (13) 

   

Fig. 3. PQS: GCA compared with CA (3 
processors) 

Fig. 4. PQS: GCA compared with CA (weight 
= 128) 
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Fig. 5. Speedup of GCA, CA and HEFT with 
different number of tasks (n) 

Fig. 6. Speedup of GCA, CA and HEFT with 
different out-degree of tasks (d) 

Speedup of the GCA, CA and HEFT algorithms to execute different DAGs with fix 
processor number (P=16) and task number (n=60) under different out-degree of tasks 
(d) are shown in Fig. 6.  The results of Fig. 6 demonstrate the speedup influence by task 
dependence.  We observe that speedups of scheduling algorithms are less dependent on 
tasks’ dependence.  Although the speedups of three algorithms are stable, the GCA 
algorithm outperforms the other two algorithms in most cases.  Improvement rate of the 
GCA algorithm in terms of average speedup is about 5% to the CA algorithm and 80% 
to the HEFT algorithm. 

Fig. 7 shows simulation results of three algorithms upon different processor number 
and degree of parallelization.  It is noticed that, graphs with larger value of p tends to 
with higher parallelism.  As shown in Fig. 7(a) and (b), the GCA algorithm performs 
well in linear graphs (p=0.5) and general graphs (p=1.0).  On the contrary, Fig. 7(c) 
shows that the HEFT scheduling algorithm has superior performance when degree of 
parallelism is high.  In general, for graphs with low parallelism (e.g., p = 0.5), the GCA 
algorithm has 33% improvement rate in terms of average speedup compare to the 
HEFT algorithm; for graphs with normal parallelism (e.g., p = 1), the GCA algorithm 
has 20% improvement rate.  For graphs with high parallelism (e.g., p = 2), the GCA 
algorithm performs worse than the HEFT by 3% performance. 

Speedup of the GCA, CA and HEFT algorithms to execute different DAGs with fix 
processor number (P=16) and task number (n=60) under different out-degree of tasks 
(d) are shown in Fig. 6.  The results of Fig. 6 demonstrate the speedup influence by task 
dependence.  We observe that speedups of scheduling algorithms are less dependent on 
tasks’ dependence.  Although the speedups of three algorithms are stable, the GCA 
algorithm outperforms the other two algorithms in most cases.  Improvement rate of the 
GCA algorithm in terms of average speedup is about 5% to the CA algorithm and 80% 
to the HEFT algorithm. 

The impact of communication overheads on speedup are plotted in Fig. 8 by setting 
different value of CCR.  It is noticed that increase of CCR will downgrade the speedup 
we can obtained.  For example, speedup offered by CCR = 0.1 has maximal value 8.3 in 
GCA with 12 processors; for CCR = 1.0, the GCA algorithm has maximal speedup 6.1 
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when processor number is 12; and the same algorithm, GCA, has maximal speedup 3.1 
for CCR = 5 with 12 processors.  This is due to the fact that when communication 
overheads higher than computational overheads, costs for tasks migration will offset 
the benefit of moving tasks to faster processors.   

 

   
(a)                                          (b)                                              (c) 

Fig. 7. Speedup with different degree of parallelism (p) (a) p = 0.5 (b) p = 1 (c) p = 2 

 

(a)                                           (b)                                            (c) 

Fig. 8. Speedup results with different CCR (a) CCR=0.5 (b) CCR = 1 (c) CCR = 5 

6   Conclusion 

The problem of scheduling a weighted directed acyclic graph (DAG) to a set of 
heterogeneous processors to minimize the completion time has been recently studied.  
Several techniques have been presented in the literature to improve performance.  This 
paper presented a general Critical-task Anticipation (GCA) algorithm for DAG 
scheduling system.  The GCA scheduling algorithm employs task prioritizing technique 
based on CA algorithm and introduces a new processor selection scheme by 
considering heterogeneous communication costs among processors.  GCA scheduling 
algorithm is a list scheduling approach with simple data structure and profitable for grid 
and scalable computing.  Experimental results show that GCA has superior 
performance compare to the well known HEFT scheduling heuristic algorithm and our 
previous proposed CA algorithm which did not incorporate the consideration of 
heterogeneous communication costs into processor selection phase.  Experimental 
results show that GCA is equal or superior to HEFT and CA scheduling algorithms in 
most cases and it enhances to fit more real grid system. 
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