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Preface

IICS 2004, the fourth workshop on Innovative Internet Community Systems, suc-
cessfully dealt with several timely topics of distributed systems, the Internet and
virtual communities. The workshop series commenced with IICS 2001 held at the
Technical University of Ilmenau. After two more workshops, in Kühlungsborn
and Leipzig, this year was the first time that the workshop was held abroad
(Guadalajara, Mexico). Due to a broader international environment, the work-
shop this year was organized by the IEEE in cooperation with the Universidad
de Guadalajara.

The papers from the conference were mainly focused on three aspects: system-
oriented problems, text processing, and theoretical foundation of distributed and
Internet systems. The organizers tried to cover the main issues appearing today
with the steady growth of the Internet and the Internet communities. Conse-
quently, the speed and quality-of-service problems of today’s Internet protocols,
aspects of cooperation and collaboration in Internet systems, as well as agent-
and textprocessing-based methods used to compute the large amounts of infor-
mation in the Internet more or less automatically were all emphasized in most
papers and discussions during the conference.

There were two mini-workshops in the workshop because some topics may in-
fluence communities and the Internet, and the other way around. Armin
Mikler from the University of North Texas at Denton organized the workshop
on Computational Epidemiology, considering several aspects of this brand new
research area which requires fast exchanges of information from large areas.
Helena Unger organized a mini-workshop on the Optimization of Urban Traffic
Systems (OUTS), showing the strong connection between social communities
and technical systems, and many requirements to use distributed systems and
the Net to collect and process current information in the right manner.

We would like to thank all those who contributed to the success of the work-
shop: all the authors who submitted their papers which demonstrated their ex-
cellent research work, and the Program Committee for its selection of the invited
talks and the regular papers. In addition, Tomas Herrera and his Department of
Information Systems from the CUCEA campus of the Universidad de Guadala-
jara deserve special gratitude for their great efforts and perfect work concerning
all administrative and organizational matters of the workshop.

Finally, we hope all participants enjoyed this workshop, made a lot of con-
tacts, had fruitful discussions which helped to solve their research problems, and
had a pleasant stay with our friendly Mexican hosts.



VI Preface

Last but not least, we look forward to meeting you and many new participants
at the 5th IICS conference to be held in the attractive city of Paris in France.

April 2005 Thomas Böhme
Victor Larios-Rosillo (Local Chair)

Herwig Unger
Helena Unger
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Random Walks in Distributed Computing: A Survey

Marc Bui2,�, Thibault Bernard1, Devan Sohier1,2, and Alain Bui1

1 Département de Mathématiques et Informatique
Université de Reims Champagne Ardennes,

BP1039 F-51687 Reims cedex, France
{alain.bui,thibault.bernard,devan.sohier}@univ-reims.fr

2 LRIA – EPHE rue G. Lussac,
F-75005 Paris, France

marc.bui@univ-paris8.fr

Abstract. In this survey, we give an overview of the use of random walks as
a traversal scheme to derive distributed control algorithms over a network of
computers. It is shown that this paradigm for information exchange can be an
attractive technique by using electric network theory as a mathematical tool for
performance evaluation.

Keywords: Distributed System, Random Walks, Electrical Network, Distributed
Algorithms

1 Introduction

We propose to use random walks in distributed computing to provide uniform and effi-
cient solutions to distributed control of dynamic networks. Random walks have already
been successfully exploited to design basic network control algorithms: self-stabilizing
mutual exclusion by single token circulation [IJ90], gathering and dissemination of in-
formation over a network [AKL+79], random structure over a network [BIZ89].

Indeed, we show that using accidental meetings of circulating tokens1 that merges
partial information of the network at each node independently gives an efficient tra-
versal scheme for distributed control. Accidental meetings of several tokens have been
ingeniously used in [IJ90] (by merging all tokens to one), in order to insure a single
token circulation. It has been shown in [TW91] that all tokens should merge to one in
polynomial time.

Random walks are interesting by providing a scalable mechanism to insert infor-
mation into the distributed computation, for example when node insertion occurs in the
distributed system or to update topology modification (edge or node deletion). Ad-hoc
networks or pervasive distributed systems, because of their very limited communication
bandwidth for network control, can also benefit of this approach.

Because of their inherent complexity, deterministic solutions to control large distrib-
uted systems are often unsatisfactory. One solution is to design randomized algorithms
which can be simpler, especially for their correctness proof. Precise statement about their
performance are, on the other hand, an interesting challenge: by introducing electrical
networks, we present an original and elegant manner to compare solutions.

� Corresponding author
1 A data structure moving following a random walk scheme in the network

T. Böhme et al. (Eds.): IICS 2004, LNCS 3473, pp. 1–14, 2006.
c© Springer-Verlag Berlin Heidelberg



2 Marc Bui et al.

2 Preliminaries

In this section we present the motivation for using random walk in distributed computing,
and a formal description of a random walk.

2.1 Distributed Systems

We define a distributed system to be a set of autonomous computing resources, exchang-
ing messages via communication links. The system is modeled as a graph, the nodes of
which represent the computers and the edges the communication channels.

We adopt the classical asynchronous message passing model, i.e. computers com-
municate by sending messages to their neighbors, and there is no bound on the time it
takes to a message to reach its goal.

2.2 Random Walks Characteristics

A random walk is a sequence of vertices visited by a token that starts at i and visits
other vertices according to the following transition rules: if the token is at i at time t
then at time t + 1 it will be at one of the neighbors of i, this neighbor having been
chosen according to some time-constant law. Various papers deal with random walks
e.g. [Lov93,AKL+79]. More formally, a random walk is a finite homogeneous Markov
Chain with state set V and with transition probability matrix P = (pij)(i,j)∈V 2 given
by

pij =
{ 1

deg(i) if (i, j) ∈ E

0 if (i, j) �∈ E

where deg(i) is the degree of node i (i.e. the number of its neighbors).
Let P t the tth power of P , whose entries are pt(i, j), (i, j) ∈ V 2.
Since G is connected, if it is not bipartite, the Markov Chain has only one acyclic

ergodic class of states, then limt→∞ P t exists and is a matrix Q with identical rows
π = (πi, i ∈ V ), i.e. ∀(i, j) ∈ V × V, limt→∞ pt(i, j) = πi. π is the stationary
distribution and can be computed such that π = π.P . Note that, in the particular case of
random walks, the stationary distribution satisfies

πi =
deg(i)
2|E| (1)

Some characteristic values are useful in the context of distributed computing. The mean
time to reach vertex j (state j), starting from the vertex i (state i) which may be regarded
as the conditional expectation of the random number of transitions before entering j for
the first time when starting at i, is called hitting time and denoted hij . In particular, we
have hii = 1/πi. We often use the quantity max{hij/j ∈ V }, which is an upper bound
for a random walk starting at i to hit a fixed, but unknown vertex, for example, when the
average time to look for an information owned by a unknown vertex is required. hij +hji

called the commute time, is the expected number of steps for a random walks starting
at vertex i to reach vertex j for the first time and reach i again. It can be viewed as the
average time to fetch back to i an information owned by the vertex j. The expected time
for a random walk starting at i to visit all the vertices of the graph is called the cover
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time Ci. Let C = max{Ci/i ∈ V }. Ci will be the average time needed by i to build
a spanning tree thanks to the algorithm described above. C will be an upper bound of
the average time for an unknown vertex to build a spanning tree thanks to the algorithm
described above. Results on bounds on cover time can be found in [Lov93].

3 Random Walks and Network Structuration

In [Bro89], the author computes a random spanning tree by using a random walk in a
graph. [BIZ89], applies this method to compute a spanning tree over a network. As they
mention, a random spanning tree is more resilient to link failures: “the probability that
a bad channel will disconnect some nodes from the random tree is relatively small”.

In [IJ90], random walks have been used as the design of a self-stabilizing algorithm
for the mutual exclusion problem. In their system, a token typifies the privilege to execute
critical section code. This token moves with a random walk policy. If several tokens are
present in the network, they eventually meet on a site and the protocol will make them
merge. [TW91] shows that the protocol developed in [IJ90] stabilizes in polynomial time
(this is an average complexity).

In our works, we use random walks to structure a network. Many applications can
use this structuration: data transfer in peer-to-peer network, job dispatching in GRID
computing. . . We give here the main idea of the algorithms except in Section 3.3 where
we give full specifications of the algorithm.

3.1 Routing with Mobile Agents

In [BDDN01], mobile agents are used to update the shortest path routing table in each
site. Two protocols are presented. In the first protocol, there is no interaction between
agent. Each site dispatches a mobile agent for a random walk. Each agent carries (and
possibly updates) link state of its creator and updates routing tables of visited sites
through the network. In the second protocol (the cooperative one), agent caries not only
the links states of its creator but the routing table (updated each time the agent returns at
home). This protocol increases the convergence of routing table, but increases the size
of all agents. The aim of using random walk is to easily manage topological changes. If
a channel becomes unavailable, the agent when returning home, is updated. If a new site
get connected, it launches an agent with its links state (routing table) and thus updates
other routing tables.

3.2 Random Spanning Tree Construction
for Shortest Path Routing Computation

In [Fla01], the author presents how to collect topological informations by the use of a
random walk, and more precisely a random circulating word, and a method to deduce a
spanning tree of the network from the collected topological informations. That deduced
spanning tree is not applied to the entire network, but locally stored in each node of the
network. Then he gives original algorithms to reduce the size of the collected information
without loss of the needed information for the spanning tree construction. At last, he
gives a possible application of that “local” tree construction : the creation of shortest
paths routing tables.



4 Marc Bui et al.

3.3 Network Design with Distributed Random Walks

In [BFG+03], we address the problem of constructing such a structure with a protocol that
tolerates faults and adapts itself to dynamic topology changes that often occur in mobile
ad hoc networks. Tolerating faults is crucial in such networks where mobile devices get
frequently out of range or powered off by users. Therefore, we introduce distributed
random walk (DRW) as a collection of random walks (RWs) that cooperate in order to
establish a computation. The technique uses a collection of RWs that are coalescing into
a final one that maintains the control structure. We apply this technique to compute a
spanning tree (ST), which is selected uniformly at random among all possible ones for
a network. To gather informations, we use a wave scheme. We can informally describe
the whole procedure as follows: several mobile devices initiate a RW, with an explorer
agent. Every mobile device, upon receiving an explorer token, marks itself visited with
the identity of the token, except if it has already been visited by another token. It then
forwards at random to one of its neighbors the received explorer token. The network is
thus, explored in parallel and decomposed into sub-regions, one per token. Each token
constructs a sub-tree of the network. When a token meets another one, or an already
visited mobile device, a wave is initiated. This wave is a backward propagation wave
that merges the two sub-trees. This process is conducted in parallel and, eventually, the
waves will cover the network, resulting in the ST definition. The protocol is ready for
termination when a single explorer token remains and all mobile devices of the network
have been visited.

Description of the self-stabilizing algorithm for spanning tree construction. We briefly
present here the specifications of the algorithm.

Each node maintains:

– color, the identity of an agent
– master, the (sub)tree root to which the node belongs
– parent, the node parent within the (sub)tree
– sons, the set of sons of the node

An agent is composed of two fields: a color and a root. When two agents are merging on
a site, the site have to decide values affected to the fields. So we need a rule to compare
agents:

– T1 > T2 if (T1.color > T2.color) ∨ (T1.color = T2.color ∧ T1.root > T2.root)
– T1 = T2 if (T1.color = T2.color) ∧ (T1.root > T2.root)

On timeout, a site flips a coin, generate an agent by a color and the node iden-
tity, sends, local state to all neighbors. Once all neighbors’ local state received, if
test validity state is not correct reset(node).

We specify the algorithm behavior by means of overall actions driven by agents and
waves. Some sites randomly generate an agent identified by a color that is characterized
by the initiators of the agent.

Agent Annexing Mode. Whenever an agent ai(colori, raci) issued from a node q
is annexing (or generated at) node p, which belongs to a (sub)tree (i.e. an agent
aj(colorj , racj)).
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AA1 if colori < colorj , the annexing is stopped and the agent is destroyed.
AA2 else (if colori > colorj), one of the 2 conditions holds:

i One (or more) agent(s) are present on node p
– if agent is the unique biggest, it continues its traversal and all others are

destroyed. Node p marked himself with color←−colori, master←−
raci, parent ←− q

– if agent ai is the biggest but not unique (others agents aj1, . . . ,
ajd that have respectly colorj1, . . . , colorjd equal to colori, agents
ai, aj1, . . . , ajd are merged to form the unique agent of identity i + 1
rooted in p (i.e. agent a(i + 1, p) is generated).

– if agent ai is not the biggest, it is destroyed.
ii No other agent on node p. Agent continues its traversal scheme. p marks

himself with color ←− colori, master ←− raci, parent ←− q
Wave Update Mode. Whenever an agent ai(colori, raci) reaches a node p with its

variable color such that color < colori a wave is generated.
WU1 The wave is propagated applying a path reversal scheme over the domain

identified by color (the domain which p belongs to)
WU2 The wave stops itself when it reaches the p limit.

Termination of the algorithm is realized with a derivation from the Dijkstra-Scholten
scheme known as diffusing computation. This termination detection is periodically ini-
tiated by nodes that have initiated an annexing agent.

For proof of correctness and stabilization, refer to [BFG+03]

3.4 Random Self-stabilizing Structures

In [BBF04], we use a random walk for the self-stabilizing construction of a collection
of spanning tree rooted in each site. As in [Fla01] this computation is achieved using a
circulating word which collects the identity of visited site. Each time a site gets the token,
it updates its local spanning tree with the one contained in the word. To stabilize the
computation, we need to insure the stabilization of the content of the word (for stabilizing
tree construction) and the presence of only one circulating word. We correct the word
step by step in each site by processing to an internal test that detects local inconsistencies
thanks to the neighborhood of the current visited site. A site at the reception of the token,
checks the neighborhood relation declared in the word correspond to the neighborhood
of the site. The presence of a token is insured by a timeout process on each site that
eventually creates new tokens. The merger of the tokens insures the decrease of the
number of tokens to one (by the same process as described in [IJ90]). If several tokens
hold on a site at the moment, the site would merge them into one, merging topological
information. This algorithm is well adapted for unsafe dynamic networks.

3.5 Conclusion on Structuration

We have a way to construct routing tables ([BDDN01,Fla01]) and adaptative structures
([BBF04] for small scale networks. In [BFG+03], we propose another approach for
network structuration : distributed random walks. Our future intend to join the two
approaches in order to construct control structures for large scale networks.
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4 Random Walks and Electrical Networks
for the Complexity of Distributed Algorithms

Random walks offer a pleasant framework to design distributed algorithms in a dynamic
context or with self-stabilization. However, evaluating the complexity of those algorithms
requires the use of many probabilistic tools. It is important to note that, except in very
particular case, there is no hope to give hard bound to the complexity of a random walk
based distributed algorithm. Indeed, due to their probabilistic nature, there is no way to
guarantee that a walk reaches a given site in a given number of steps.

Some quantities are very useful in the evaluation of the complexity of random walk
based distributed algorithms. The hitting time hij is the average number of steps it takes
to a random walk starting at i to first reach j. The commute time is the average time for
a round-trip from i to j: κij = hij + hji. The cover time Ci is the average number of
steps for a random walk starting at i to visit all the sites in the network. The cover time
C = max{Ci/i ∈ V }.

Random walks and electrical current have in common two properties: the amount of
them that enters a node must leave it; it leaves a node through a channel, proportionally
to a time-constant quantity attached to this channel (weight or probability for random
walks; conductance for the current). This similarity entails a tight link between random
walks and resistive networks, detailed in [DS00,CRR+97], for example. In the sequel,
we focus on resistive networks.

The conductance is the inverse of the resistance. The effective conductance Cij of a
network, between two of its nodes i and j is the conductance of the resistor to be placed
between i and j to ensure the same electrical properties. In other words, it is the current
that flows from i to j when a potential difference of 1V is imposed between i and j.

In [BBS03,BBBS03], we propose a method based on resistances to automatically
compute hitting times, which provides with an evaluation of the complexity of some
random walks based distributed algorithms. Our method use the relationship between
electrical resistance and random walks established in [DS00,CRR+97]. We provide an
automatic way to compute resistances on graphs modeling distributed networks.

A network topology may be viewed as an electrical network (both may be viewed
as an undirected graph). Each link (edge) (i, j) is assigned a real value: the resistance
r(i, j). Interesting results can be deduced by application of the two Kirchhoff’s law and
Ohm’s law. In particular, through the notion of effective resistance (explained below),
we present an innovative method to automatically compute bounds on cover time, exact
values of commute time and hitting times, exact values of cyclic cover time and total
hitting time for any arbitrary graph.

4.1 Review of Basic Ideas on Electricity

Relation between the potential difference between two nodes, the electrical resistance
and the electrical current are given by Ohm’s law: U = R × I . Kirchhoff’s law states
that the sum of currents entering and exiting a node must equal zero. For two resistors
(or resistive networks) R1 and R2 connected in series, we have: Rglobal = R1 + R2.
For two resistors (or resistive networks) R1 and R2 connected in parallel, we have:

1
Rglobal

= 1
R1

+ 1
R2

.
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4.2 Effective Resistance

R(i, j) is the effective resistance (resistance of the electrical network) between i and j,
if we replace each edge in the graph by a 1Ω resistor. R denotes the maximal effective
resistance between two nodes of the network i.e. R = max(i,j)∈V 2 R(i, j).

4.3 Previous Results

A tight relationship between resistances in electric networks and random walks character-
istic values such as commute times and cover time, has been established in
[CRR+97]. In particular, it has been shown that:

κij = hij + hji = 2mR(i, j) (2)

where i and j denote two distinct vertices and m, the number of vertices.
From this equation, we have:

mR < C < O(mR log n) (3)

In [Tet91], hitting time are expressed only in terms of resistances:

h(i, j) = mR(i, j) +
1
2

∑
k∈V

deg(k)[R(j, k) − R(i, k)] (4)

4.4 Millman’s Theorem

Our method uses the Millman’s theorem to compute automatically effective resistance.
As shown above, we can compute, thanks to resistances, bounds on cover time, exact
values of cyclic cover time, exact values of commute time and total hitting time for any
arbitrary graphs.

Theorem 1 (Millman’s theorem). Consider an electrical network, on any node i, we
have the following relation:

Vi =

∑k
j=0,

Vj

r(i,j)∑k
j=1

1
r(i,j)

that is
Vi − V0

r(i, 0)
+

Vi − V1

r(i, 1)
+

Vi − V2

r(i, 2)
+ · · · + Vi − Vk

r(i, k)
= 0

where 1, · · · , k are the neighbors of i, V1, · · · , Vk are the voltages on each of these
nodes.

By giving the potentials on the two nodes i and j connected to the generator, say
Vi = 0 and Vj = 1, we obtain a single solution. The matrix of the system is obtained from
the matrix of the walk by replacing the line i and j by the null line and Mii = Mjj = 1.
Then, we can compute the potential on all the nodes, and the intensity I going out of i.
The effective resistance Rij is then 1/I .

This method is not efficient, since we have to inverse n2 matrices to obtain all the
resistances and hitting times.
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Fig. 1. Example

Example. Let apply Millman theorem to the graph on fig. 1, to compute R17.
Then V1 = 1, V7 = 0.

V1 − V2 + V4 − V2 + V5 − V2 + V7 − V2 = 0
V1 − V3 + V4 − V3 + V6 − V3 = 0
V2 − V4 + V3 − V4 + V5 − V4 = 0
V2 − V5 + V4 − V5 + V7 − V5 = 0

V3 − V6 + V7 − V6 = 0

(5)

From (5), we obtain V6 = 2
7 , V4 = 3

7 , V5 = 2
7 , V3 = 4

7 and V2 = 3
7 . The intensity

going out of 1 is V2
1Ω + V3

1Ω = 1, and R17 = 1. Thus, h17 + h71 = 10 × 1 = 10.
We can design a more efficient method by noting that we inverse very similar ma-

trices.
Let Vk be the potential on the node k in the graph G. According to the Kirchoff’s

current law, when a 1A current flows from i to j:



∀k ∈ V \{i, j},
∑

l∈N(k) ckl(Vk − Vl) = 0∑
l∈N(i) cil(Vi − Vl) = 1∑
l∈N(j) cjl(Vj − Vl) = −1

This can be written:
∆V = v

with ∆ the matrix built from the conductance matrix by letting the entry (k; k) be
−

∑
l∈N(k) ckl, and v the vector with all entry 0 except the i-th one 1 and the j-th one -1.

However, ∆ is not inversible, since the vector (1, . . . , 1) is in its kernel: the potential
is defined up to a constant. The kernel is (1, . . . , 1)×R, for if there were other vectors,
there would be several steady states in this circuit with one given generator connected to
two given nodes, which is false according to electricity laws. Thus, the matrix ∆2 built by
replacing the first line in ∆ by (1, 0, . . . , 0) is inversible, for its electrical interpretation
is that the potential on node 1 is given and the Millman’s theorem applies on each other
node (and the network is connected). Thus, ∆−1

2 v is a solution to ∆V = v.
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Fig. 2. Example

Knowing the potential on each
node, we can compute the effec-
tive resistance of the network be-
tween i and j: Vj − Vi. The ef-
fective resistance between i and
j is ∆−1

2 (i, j) − ∆−1
2 (j, j) −

∆−1
2 (i, i) + ∆−1

2 (j, i). The hitting
times can then be computed thanks
to the above formula (4).

Thus, this method works with
only one matrix inversion, and
with no matrices multiplication,
which is much better than the
previous results we published
([BBS03]). We improved the speed of those computations with a factor of about one
hundred, making it possible to apply this on large graphs.

For the graph on figure 2, the matrix ∆2 is:



1 0 0 0 0 0 0 0
0 -14 4 7 1 2 0 0
2 4 -20 5 0 0 0 9
1 7 5 -23 10 0 0 0
3 1 0 10 -14 0 0 0
6 2 0 0 0 -8 0 0
5 0 0 0 0 0 -13 8
0 0 9 0 0 0 8 -17




∆−1
2 is:




1 0 0 0 0 0 0 0

1 − 102091
627268

− 56049
627268

− 67339
627268

− 110783
1254536

− 102091
2509072

− 6426
156817

− 41769
627268

1 − 56049
627268

− 84309
627268

− 53851
627268

− 84937
1254536

− 56049
2509072

− 9666
156817

− 62829
627268

1 − 67339
627268

− 53851
627268

− 89297
627268

− 137187
1254536

− 67339
2509072

− 6174
156817

− 40131
627268

1 − 110783
1254536

− 84937
1254536

− 137187
1254536

− 391027
2509072

− 110783
5018144

− 4869
156817

− 63297
1254536

1 − 102091
2509072

− 56049
2509072

− 67339
2509072

− 110783
5018144

− 1356627
10036288

− 3213
313634

− 41769
2509072

1 − 6426
156817

− 9666
156817

− 6174
156817

− 4869
156817

− 3213
313634

− 21413
156817

− 15194
156817

1 − 41769
627268

− 62829
627268

− 40131
627268

− 63297
1254536

− 41769
2509072

− 15194
156817

− 98761
627268




The resistance matrix is:



0 102091
627268

84309
627268

89297
627268

391027
2509072

1356627
10036288

21413
156817

98761
627268

102091
627268

0 37151
313634

28355
313634

356259
2509072

2173355
10036288

136335
627268

58657
313634

84309
627268

37151
313634

0 16476
156817

388515
2509072

2257179
10036288

92633
627268

14353
156817

89297
627268

28355
313634

16476
156817

0 199467
2509072

2246667
10036288

125557
627268

26949
156817

391027
2509072

356259
2509072

388515
2509072

199467
2509072

0 2477603
10036288

577827
2509072

532883
2509072

1356627
10036288

2173355
10036288

2257179
10036288

2246667
10036288

2477603
10036288

0 2521427
10036288

2602651
10036288

21413
156817

136335
627268

92633
627268

125557
627268

577827
2509072

2521427
10036288

0 62861
627268

98761
627268

58657
313634

14353
156817

26949
156817

532883
2509072

2602651
10036288

62861
627268

0



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and the hitting times matrix is:


0 6740527
627268

4636113
627268

5079563
627268

6844259
627268

68203479
5018144

1655067
156817

6683885
627268

6122939
627268 0 1848439

313634
679447
156817

5987869
627268

91460059
5018144

9504503
627268

3771965
313634

5986821
627268

2832587
313634 0 2140579

313634
7480049
627268

101973699
5018144

7735425
627268

1188563
156817

6171859
627268

1106918
156817

2011373
313634 0 4373337

627268
100608923
5018144

9680431
627268

3899619
313634

10946183
1254536

10468579
1254536

9516347
1254536

3819747
1254536 0 98029553

5018144
19278767
1254536

16338531
1254536

8632011
2509072

22730653
2509072

20114289
2509072

20465549
2509072

14514859
1254536 0 31874379

2509072
30104657
2509072

1042971
156817

7673707
627268

3936333
627268

6139751
627268

8562167
627268

95101143
5018144 0 3197993

627268
5760001
627268

3618817
313634

619915
156817

2891529
313634

8616549
627268

103757699
5018144

4722493
627268 0




The cover time can be expressed in terms of hitting times. To compute the cover time,
we need a criterion to determine whether every vertex has been visited by the token. So,
a state of the system will be the site the token is currently visiting, but also the set of
sites it has visited.

Consider G = (V, E, ω) the undirected connected weighted graph modeling a dis-
tributed system. To formalize the idea above, we build from G an associated graph G
such that the cover time of G may be expressed in terms of hitting times in G.

First let define G = (V , E , ω2) where V is a set of nodes and E a set of directed
edges.

– x ∈ V is defined by x = (P, i) with P ∈ P(V ) (i.e. P is a subset of nodes of G,
representing the nodes in G already visited), and i ∈ V is a node.

– any edge (x, y) ∈ E is of the form (x, y) = ((P, i), (Q, j)) with (x, y) ∈ V × V
and (i, j) ∈ E (is an edge).

Suppose that, initially, the token is at node i in G, and next the token moves to
j neighbor of i, and next moves back to i. For the associated graph G , we have the
following path (({i}, i); ({i, j}, j); ({i, j}, i)).

Note that E is a set of directed edges ((P, i), (Q, j)). Edges in E are defined by:

– ((P, i), (P, j)), where i and j are neighbors ; this case corresponds to a token trans-
mission to the node j that has already been visited by the token.

– ((P, i), (P
⋃
{j}, j)) where i and j are neighbors ; this case corresponds to a token

transmission to the node j that is holding the token for the first time.

If x = (P, i) and y = (Q, j) in G are neighbours, ω2(x, y) = ω(i, j).
The probability to obtain a given path in G is equal to the probability to obtain the

associated path in G. Indeed, for i ∈ P ⊂ V and j ∈ V , there exists some Q ⊂ V such
that the transition probability from (P, i) to (Q, j) and the transition probability from i
to j are the same: Q = P if j ∈ P , else, Q = P

⋃
{j}.

A token in G has visited every node iff the associated token in G has reached a node
(P, i) such that P = V . Then, we deduce that the cover time in G is the average time it
takes to a random walk token in G starting from a node i to reach any arbitrary node k
while having visited all vertices that is

Ci(G) = h({i},i),{(V,k)/k∈V }(G)
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The token has covered G when the associated token in G has hit any vertex in
F = {(V, k)/k ∈ V }. We do not care at which node (V, k) the token reaches in G, then
we lump all nodes F into a single one called f (in fact we obtain an absorbing Markov
Chain). Now, the cover time in G is obtained by the average number of steps needed
before entering f starting in node ({i}, i).

Indeed, let No(x) be the set of vertices that have an incoming edge from x: {y ∈
V/(x, y) ∈ E}.

Now, in any graph (even directed), since f can be reached from any vertex (if not,
some of the hxf would be undefined), with pxy = ω(x,y)∑

n∈N(x) ω(x,n) :

{
∀x ∈ V, hxf = 1 +

∑
y∈No(x) pxyhyf

hff = 0
(6)

6 is a square linear system that has a single solution (since it is square and has at least
one solution: the vector h.f , which we know to exist!): one can compute the hitting time
between all vertices and a given vertex by inverting one matrix.

Thus, we can compute the cover time of any graph G by building G and computing
h(i,{i}),f (G), which requires the inversion of an approximatively 2n × 2n matrix.

Let G be the graph on figure 3. Then G is the graph on figure 4.

Fig. 3. G Fig. 4. G

In figure 4 we named sites by giving the set of known vertices, the last mentionned
being the current one. We only built the part of G that corresponds to situations where
the token started on vertex 1. We did no write the states in which all vertices are visited:
for the sake of legibility, we circled the sites that lead to such a state. Thus, in state 134,
the token will reach 2 and finish to cover the graph with probability 1

3 , reach 3 (the state
being 143) or 1 (341) also with probability 1

3 .
Since we merge all the states in which the token has covered the graph, every circled

state leads to the new site f with an unweighted directed vertex.
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The matrix of G is then:




1 12 14 13 21 124 41 142 143 31 134 123 132 241 341 231 f

1 0 1 2 3 0 0 0 0 0 0 0 0 0 0 0 0 0

12 0 0 0 0 1 4 0 0 0 0 0 0 0 0 0 0 0

14 0 0 0 0 0 0 2 4 5 0 0 0 0 0 0 0 0

13 0 0 0 0 0 0 0 0 0 3 5 0 0 0 0 0 0

21 0 1 0 0 0 2 0 0 0 0 0 3 0 0 0 0 0

124 0 0 0 0 0 0 0 4 0 0 0 0 0 2 0 0 5

41 0 0 2 0 0 0 0 1 3 0 0 0 0 0 0 0 0

142 0 0 0 0 0 4 0 0 0 0 0 0 0 1 0 0 0

143 0 0 0 0 0 0 0 0 0 0 5 0 0 0 3 0 0

31 0 0 0 3 0 0 0 0 0 0 2 0 1 0 0 0 0

134 0 0 0 0 0 0 0 0 5 0 0 0 0 0 2 0 4

123 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 3 5

132 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 1 4

241 0 0 0 0 0 2 0 1 0 0 0 0 0 0 0 0 3

341 0 0 0 0 0 0 0 0 3 0 2 0 0 0 0 0 1

231 0 0 0 0 0 0 0 0 0 0 0 3 1 0 0 0 2

f 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0




To obtain the cover time, we have to multiply the inverse of the below matrix by
(1, 1, 1, 1, 1, 1, 1, 1, 1, 1, 1, 1, 1, 1, 1, 1, 0):




1 − 1
6
− 1

3
− 1

2
0 0 0 0 0 0 0 0 0 0 0 0 0

0 1 0 0 − 1
5
− 4

5
0 0 0 0 0 0 0 0 0 0 0

0 0 1 0 0 0 − 2
11

− 4
11

− 5
11

0 0 0 0 0 0 0 0

0 0 0 1 0 0 0 0 0 − 3
8
− 5

8
0 0 0 0 0 0

0 − 1
6

0 0 1 − 1
3

0 0 0 0 0 − 1
2

0 0 0 0 0

0 0 0 0 0 1 0 − 4
11

0 0 0 0 0 − 2
11

0 0 − 5
11

0 0 − 1
3

0 0 0 1 − 1
6

− 1
2

0 0 0 0 0 0 0 0

0 0 0 0 0 − 4
5

0 1 0 0 0 0 0 − 1
5

0 0 0

0 0 0 0 0 0 0 0 1 0 − 5
8

0 0 0 − 3
8

0 0

0 0 0 − 1
2

0 0 0 0 0 1 − 1
3

0 − 1
6

0 0 0 0

0 0 0 0 0 0 0 0 − 5
11

0 1 0 0 0 − 2
11

0 − 4
11

0 0 0 0 0 0 0 0 0 0 0 1 0 0 0 − 3
8

− 5
8

0 0 0 0 0 0 0 0 0 0 0 0 1 0 0 − 1
5

− 4
5

0 0 0 0 0 − 1
3

0 − 1
6

0 0 0 0 0 1 0 0 − 1
2

0 0 0 0 0 0 0 0 − 1
2

0 − 1
3

0 0 0 1 0 − 1
6

0 0 0 0 0 0 0 0 0 0 0 − 1
2
− 1

6
0 0 1 − 1

3

0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 1



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By solving this system, we obtain that:

h.f(G) =
(

15154068
2185469

,
21601
5423

,
37223
5797

,
15217
2431

,
19062
5423

,
533
187

,
39698
5797

,

710
187

,
1150
187

,
1321
221

,
903
187

,
337
187

,
267
187

,
483
187

,
1063
187

,
400
187

, 0
)

Since the first entry is the average time it takes to the token to first reach any state in
which all vertices are known, starting from the state in which no site is known and the
token is on vertex 1, the cover time is

C1 = h1f (G) =
15154068
2185469

that is to say about 7.

5 Conclusion

Peer-to-peer protocols and wireless connections are two important and widespread ex-
amples of dynamic distributed systems. In such systems, the lack of knowledge of the
topology of the system is the main problem. Current solutions are based on a control
layer, that oversees the connections and disconnections, and updates the the routing tables
and all the required topological information accordingly. Such a control layer consumes
an important amount of bandwidth, which is problem in systems the bandwidth of which
is limited.

Random walks offer an interesting alternative to deterministic control layers. Ran-
dom walks based deterministic algorithms can provide a completely distributed frame-
work to handle the dynamicity of networks, with a lesser consumption of bandwidth.
However, the complexity of those solutions, being based on randomized procedures, is
difficult to estimate. The main quantities can now be computed, which allows to compare
random walk based algorithms to deterministic ones.
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Abstract. As many Web services have become very popular over the past few 
years, users are facing the problem of the perceived QoS. Practical approaches 
to address this issue are based on service replication at multiple locations and 
on allocation mechanisms to dispatch requests in such a way that the QoS per-
ceived by the user is improved. In this paper we compare user perceived QoS 
performance of three Dynamic Request Placement techniques. One technique 
randomly allocates Web requests while the other two techniques implements a 
market-based mechanism for QoS negotiation and request allocation. The 
analysis is conducted via simulation with SIDE using a Behavioral Model of 
Web traffic to simulate accurate traffic conditions and determine the limitations 
or validity of these techniques. 

1   Introduction 

The fast growth of the World Wide Web has led to a wider appreciation of the po-
tential of Internet-based global services and applications. Nowadays services are 
provided in an ad hoc fashion at fixed locations, which users locate and access 
manually. The first service selection approaches proposed to allocate clients request 
to the nearest replica are based on some static metric such as the geographical dis-
tance in miles [1] and the topological distance in number of hops [2]. However, as 
several experimental results [3] show, the static metrics are not good predictors for 
the expected response time of client requests. The main drawback of both geo-
graphical and topological network metrics is that they ignore the network's path 
dynamic conditions. Dynamic replica selection strategies [3, 4, 5] have emerged in 
order to improve the estimation of the expected user response time, based on active 
or passive measurements of network parameters, such as: Run Trip Time, bottle-
neck bandwidth, available bandwidth, and server request latency. As mentioned in 
[5], the accuracy of response time estimation is still limited in these works, as they 
don’t consider service load.  

M. Rabinovich et all. propose a selection strategy [6] that combines both the net-
work proximity and the server load metric in order to select the suitable service for 
the client. The AQuA framework [7, 8] implements a service selection strategy which 
uses replica performance measurements in order to determine the subset of services 
that can satisfy the client timing requirements with the required probability. As their 
work targets LAN environments, the quality of network connections is neglected. 
Finally, the anycasting service described in [3] proposes a flexible replica selection 
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strategy. The objectives of this system are closed to ours. Similar to our Agent’s 
knowledge model, this service proposes the concept of filters. Filters specify the rele-
vant metrics to be used by the anycast resolver when searching for a suitable service. 
However, they place at the same level both the basic and the derived metrics con-
tained in the filters. That is, the metrics mentioned in filters (in particular, the re-
sponse time) are uniformly estimated for all clients and applications. The main contri-
butions of our Multi-agent Dynamic Request Placement approach, compared to 
previous related work are:  
− The ability of agents to adapt to the dynamic behavior of Internet and user prefer-

ences; this allows agents to adapt the response time estimation to the QoS re-
quirement of user’s requests  

− The experimentation in a realistic scenario where actual Internet conditions are 
considered as high variability, self similarity, hourly effects and servers load.  

1.1   Quality of Service 

The International Organization for Standards (ISO) [23] defines QoS as a concept for 
specifying how good the offered networking services are [9]. Generally, QoS parame-
ters are performance measures and the set of parameters for a chosen service deter-
mines what will be measured as QoS. We concentrate on the QoS perceived by users 
specified in terms of:  
− Network Performance, describing the requirements that the network services must 

guarantee, it might be expressed as end-to-end delay, 
− Service Performance: Characterized for the requirements that the Web service 

must guarantee expressed as the Web service response time.  

2   Multiagent-Based Dynamic Request Placement Techniques 

In this section we briefly illustrate the system architecture, the agent structure, its 
knowledge model and the request placement techniques under examination.  

2.1   System Architecture 

We assume a Web Service as a set of servers, each with his own identity and whose 
service is replicated through common redundancy mechanisms as mirroring or cach-
ing. Figure 1 depicts the basic architecture proposed [10] showing how a set of Ser-
vice Agents provides a number of services with a defined QoS. The following are 
tasks performed by Service Agents:  
− Monitor services load,  
− Control access to services,  
− Implement QoS negotiation techniques with clients,  
− Collect Client information,  
− Poll Service offers to Clients.  
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Fig. 1. System Architecture 

In the proposed architecture, Counselor Agents are associated with every border 
node in networks and they are responsible for the assignment of individual request to 
servers comprising a Web service. The following are tasks performed by Counselor 
Agents:  
− Seek and classify services with a Discovery mechanism,  
− Implement a Knowledge mechanism to learn about Service Agents,  
− Intercept requests generated by the user,  
− Make Dynamic Server Selection decisions based on a negotiation mechanism,  
− Collect dynamic QoS service proposals from Service Agents.  

2.2   Agents Structure 

Each agent in the system is an independent self-contained, concurrently executing 
thread of control encapsulating a perceived system state. Agents communicate with its 
environment and with other agents via a common communication protocol. The Inter-
net is the environment where agents inter-operate to improve QoS by reducing re-
sponse times perceived by users and load balancing at Web services.  

Counselor Agent. A Counselor Agent is considered to be a service requestor and a 
service resolver. Figure 2 depicts the Counselor Agent Structure, each counselor 
Agent implements a Service Discovery mechanism and a communication manager to 
be able to communicate with every other agent using common models and communi-
cation protocols. The most basic implementation of a counselor Agent uses a MPI 
(Message Passing Interface), a user interface to intercept requests from users and 
deliver received responses, a Service Directory to resolve service requests, a Knowl-
edge Model to update the QoS service repository. Finally at the core of the counselor 
agent it's the Request Placement Strategy to make dynamic placement decisions to a 
selected server depending on the selected technique.  
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Fig. 2. Counselor Agent and Service Agent Structures 

Service Agent. A Service Agent is located on each Web Server and is responsible for 
controlling access client requests and service load levels by means of monitoring 
QoS. It's also responsible for appropriately market QoS negotiation protocols avoid-
ing a suboptimal load balance due to the Counselor Agents behavior trying to opti-
mize its individual QoS obtained from popular Web services. Figure 2 also illustrates 
the Service Agent component structure where we appreciate the QoS information 
Scheduler who is responsible for the dissemination of QoS information to Counselor 
Agents in order to enforce load balancing. As part of the Service Agent component 
structure there's also a QoS passive monitor. Finally, the main component of the ser-
vice Agent is the Service Manager who incorporates all the necessary components to 
control access to services, load balancing and forwarding of responses to Counselor 
Agents.  

2.3   Service Discovery Mechanism 

When users request a service, the Counselor Agent checks its knowledge base (i.e. 
service directory) to determine whether or not it is aware of the existence of the re-
quested service. If, based on the information of its knowledge base, the Counselor 
Agent knows about the requested service then it will contact the corresponding Ser-
vice Agent directly. But if the Counselor agent can’t determine the existence of the 
requested service, it will start a Service Discovery mechanism to obtain the currently 
available services and update its knowledge base. The Service Discovery mechanism 
was originally implemented based on two popular [11] spanning tree techniques: 

MST. Multiple Spanning Tree method, this allows Counselor Agents to directly con-
tact each Service Agent available on the system thus identifying the services it offers 
by constructing a spanning tree rooted at each Counselor Agent., although this tech-
niques has proven to be rather than effective it needs a complex consistency mecha-
nism to keep up to date the service directory.  

NPR. Non Predetermined Root, this method builds in parallel a service directory 
organized in a hierarchical fashion. Each time a Counselor Agent looks for a ser-
vice, it contacts its Authority Agent to resolve the service request and direct the 
request to the Service Agent meeting the requirements. This method provides an 
efficient way to keep the service directory updated, it reduces the complexity of 
information at each Agent and provides a flexible way to maintain service directory 
consistency.  
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2.4   Knowledge Model 

The principal responsibility of the Knowledge Model is to maintain and accurate 
estimate of services QoS in the Service Directory. The Knowledge Model is based on 
statistical information of the use of Web services. For each service it stores, as a time 
series, the identity of the Service Agent, the QoS, and time validity for the perceived 
QoS. This last parameter enables Counselor Agents to consider old information when 
it becomes obsolete. An example of the knowledge of a Counselor is displayed in 
figure 4.  

Table 1. Parameters considered in the process of knowledge acquisition and evolution 

 

The background to store QoS as a time series is bounded to the well known daily 
effect on Web services [11], bandwidth and latencies depends on time of day and day 
of week, therefore, each Counselor Agent stores its QoS parameters as a time series, 
which is sampled at different hours, and deduces a function representing the QoS by 
interpolation dealing with large skew, long tails and high variability. Figure 3 shows 
such QoS as a function of day and time of the day. Whenever a new response is re-
ceived for an allocated request, the QoS is stored at specific time H of day D, this new 
value is used to update the Counselor Agent knowledge as follows:  

 (1) 
Where µ is comprised between 0 and 1, and represents the Agent capability to keep a 
reference of past measured QoS. Additionally when service information has not been 
updated before some delay V, it is considered obsolete. In that case, a Counselor 
Agent must start a new learning phase based on relevant knowledge.  

 
Fig. 3. Web Services QoS as a time series function 

2.5   Dynamic Server Selection Algorithms 

The problem of finding a request placement technique that improves system QoS 
perceived by the system users has been extensively investigated analytically, empiri-
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cal, and via simulation [5, 13, 14] leading to a classification of the request placement 
techniques into static, statistical and dynamic. Static techniques select a service on the 
basis of QoS capacity, such as hop count, connection bandwidth, server architecture, 
etc. Statistical algorithms, instead, reflect typical levels of QoS availability as they 
consider past QoS data, such as latencies and bandwidths, to choose a service. Finally 
dynamic or runtime algorithms use small probes in the service negotiation process to 
detect the current network and service conditions in order to make a decision based on 
the current QoS perceived.  

We have focused our efforts on statistical and dynamic techniques because besides 
of adapting automatically to changes in the network and service conditions, previous 
studies [13] show that this technique is easy to implement and adds little traffic or 
delay overhead. The contribution of this study is the comparison in performance of 
three algorithms concurrently getting different services from different servers hosting 
a Web page instead of getting all the required services from a Web Page in the same 
server. The three algorithms use different knowledge levels and negotiation mecha-
nisms ranging from random passing trough market negotiations concluding with a 
novel dynamic algorithm.  

Random Technique. The first algorithm, hereafter referred as RND, lies under the 
basic idea that Counselor Agents take advantage of the Service Discovery mechanism 
and the resulting Service Directory uniformly dispatching the requests without pro-
ceeding to any local computation. Though, in some cases this technique may lead to 
reliability problems because a selection of the same Service Agent leads to an over-
whelmed service.  

Market-Based Technique. The second algorithm, hereafter referred to as MKT 
(stands for free market), for every Web service request Counselor Agents starts a QoS 
negotiation process [15]. Three steps distinguish such process: first a request-for-
bidding is launched to all Service Agents proposing the service. Second, Service 
Agent replies are evaluated; these replies are also used by the Counselor Agent to 
refresh its knowledge on the QoS of the service requested. Finally, the contract is 
awarded to the Service Agent comprising the best QoS.  

While this negotiation mechanism is general and simple, it still suffers from a high 
communication cost derived from the request-for-bidding when the set of Service 
Agents is large and thus the market-based technique can be prohibitive. Therefore this 
technique is modified to consider only a subset of N Service Agents whose historical 
information does not reflect a poor QoS. Consequently the modified version of MTK 
reduces the communication cost for large number of candidate Service Agents.  

Although MKT technique uses accurate information about network conditions, it 
does not offer accurate information about service load. Therefore a novel technique 
namely Bilateral was proposed, to make use either of the historical knowledge learned 
by Counselor Agents and a low-cost mechanism implemented by Service Agents to 
post current service load information to Counselor Agents.  

Bilateral Technique. The third technique, hereafter referred to as BIL, technique 
(stands for Bilateral) is an adaptive one in which Counselor Agents as well as Service 
Agents make use of their knowledge and learning skills to allocate requests. On the 
reception of a service request from users, if the Counselor Agent has no actual infor-
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mation about the QoS of Service Agents, it sends a request-for-bidding to select the 
Service Agent that has the best QoS. At the same time, the Counselor agent takes 
advantage of such bidding to learn about the QoS of responsive Service Agents. Oth-
erwise, the Counselor Agent uses its knowledge and allocates the request on the Ser-
vice agent with the best QoS.  

On the service side, the reactive agents behave as follows, when a Counselor Agent 
receives a request-for-bidding; it makes its offer and stores the sender identity. From 
that moment on it will send QoS offers to register Counselor Agents according to 
three criteria: the date of the last request for bid, the date of its last request allocation 
and the number of requests that the Counselor Agent has awarded to it. With this 
policy, a Service Agent will offer its service to frequent clients, while the others will 
be less often addressed. This adaptive strategy issued by Service Agents should pro-
vide Counselor Agents with accurate knowledge of the QoS of services it frequently 
request, and this, without perturbing the whole system with useless offers.  

3   System and Workload Model 

In order to carry out our analysis we have implemented a detailed simulation and a 
workload model designed to compare the Request Placement Techniques under a 
realistic Internet scenario. The simulation model for the three Dynamic Request 
Placement techniques introduced in section 2 has been implemented through an ex-
tension we have made to the SIDE [16] package, designed for describe network con-
figurations and specifying distributed programs organized into event-driven threads.  

3.1   Web Traffic Model 

Web traffic continues to increase and is now estimated to be more than 70 percent of 
the total traffic on the Internet [17]. Consequently, it is important to have an accurate 
model to produce a simulated network that closely resembles the pattern of traffic on 
a real network to be able to determine accurate QoS measures. Web traffic has more 
structures than most types of Internet traffic. Further the characteristics of traffic 
change as browsers and services evolve, as the behavior of users change, as the speed 
of network increases and as protocols change.  

Our simulation analysis has devoted special attention to the workload model and 
we have implemented a Behavioral Model of Web traffic [18] to incorporate the most 
recent results on Web workload characterization. The high variability and selfsimilar-
ity nature of Web service load is modeled through ON/FF processes with heavy-tailed 
distributions such as Pareto and Log-normal. Figure 4 describes the traffic generation 
process where the ON state represents the activity of a Web-request and OFF state 
represents a silent period after all objects in a Web-request has been retrieved.  

This model has adopted as basic unit a Web-request instead of a Web page which 
has been the basic unit of most past models [19]. A Web-request is a page or a set of 
pages that result from an action of a user, resulting in a model that closely imitates 
user behavior. The implementation of this new traffic pattern is one of the most im-
portant extensions we have made to the SIDE framework in order to support the simu-
lation of actual network conditions.  
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Fig. 4. State transition diagram for Web traffic generation 

3.2   System Model 

Typically, a program in SIDE consists of a number of source files. The basic unit of 
execution is called a process and it looks like a specification of a finite state machine. 
A process always runs in the context of some station, which conceptually represents a 
logical component of the controlled/modeled system. In our simulation each Client is 
modeled as a process at some station owing a copy of the presented Web Traffic 
Model to generate Web requests, such requests are forwarded by an interface to the 
Counselor Agent process and waits for the Web-request to be retrieved. Counselor 
Agents process implements one of the three techniques to decide where to send the 
received requests, allocated requests are sent to Service Agents through the network 
interface. The network connections have different structures to represent available 
network bandwidths present in the Internet links and also have different distribution 
of transmission delays, finally the network topology is defined by a connectivity func-
tion. Service Agent process run in the context of Web server stations and receive 
requests that accept or reject them depending on service load and in the case of Bilat-
eral implementation it sends its QoS offers to clients accordingly to the mechanism 
presented in section 2. Likewise the process model of Web servers is an abstraction of 
actions that occur at the session level layer of the HTTP protocol. We model a Web 
server as a set of resource queues. Service times are based upon two types of re-
quested objects: static and dynamic objects. Service time for static objects is propor-
tional to its size, and dynamic objects require extra time drawn from a Hyper Geomet-
ric Distribution representing objects that requires to be processed at Web server 
before the response is sent to the client.  

4   Experimental Setup 

The specification of the three dynamic Request Placement Strategies illustrated in the 
previous section has been analyzed through simulation in the SIDE framework. In this 
section we describe the scenario within which these experiments have been carried 
out. Every simulation experiment for a given configuration has consisted of 20 runs, 
each considering at least 5,000 Web-requests issued from 1,900 users per Autono-
mous System in the network. The values for the Web traffic model that drives client 
Web-request generation are shown in Table 2.  
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Table 2. Web traffic model parameter statistics 

 

There are two kinds of objects. The file containing an HTML document is referred 
to as main object and the objects linked from the Hypertext Document are referred to 
as In-line objects. Parsing time is the time spent parsing the HTML code in order to 
determine the layout of a page after fetching the main object. Viewing time is the 
inactive interval between Web-requests. Temporal locality is the number of sequential 
Web-requests addressed to the same server. Finally to address the issue of popular 
Web services and client preferences a Zipf distribution is implemented as an exten-
sion to the original Work load model.  

In the scenario of Fig 5, five Web services has been considered with a replication 
level of 3 giving 15 available services distributed randomly, Table 3 shows the values 
for the hyper-exponential distribution parameters defining service time at Web servers 
for dynamic objects requested by clients. Five services were chosen because it is a 
large enough number to make the task of correct service selection hard enough for the 
Agents to learn service values within the time frame of the experiment.  

Table 3. List of parameters considered in the work load model 

 

Because the structure on the Internet is not fully understood we use the Inet[20] 
tool to generate simulated Internet topologies. We have conducted experiments with 
10, 30, 50, 70 and 100 Autonomous Systems to evaluate effects of light and heavy 
traffic load on Dynamic Request Placement Strategies. Network delays at interdomain 
links model OC-48 speeds with a mean of 2488 Mbps and delays at transit domains 
with a mean of 10 sec.  

5   Results 
In order to evaluate the effectiveness of the proposed techniques to Dynamic Request 
Allocation, the performance of the market-based techniques: BIL and MKT were 
benchmarked against a Random service selection technique. We consider four metics 
to evaluate the effectiveness for each technique we measure: 
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Fig. 5. Case study network topology 

− The median of user response times experienced by users to complete a Web-
request with 5, 10, 50, 100 (samall Web-request), 250, 500 and 1000K sizes (large 
Web-requests).  

− The median of user response time in presence of the hourly effects, when service 
load increases at peek hours.  

− The numer of sucessfully allocated request.  
− Te overhead of each technique given by its communication costs derived from 

QoS information collection and disemination.  
We found positive learning effects and statistical and cognitive benefits for the 

Multiagent market-based proposed techniques. In Fig. 6, we report the reponsiveness 
of the three tecniques, for 5..1000K Web-requests, we see that BIL outperform MKT 
and RND for bigger Web-request, due to the feedback mechanism of BIL technique 
and the ammortizacion request-bidding over biggers requested Web pages.  

 
Fig. 6. Median response time and Hourly effects of the server selection algorithms 

Differences between request placement techniques are far pronounced during busy 
daytime hours than for quieter periods (see Fig. 6), reflecting the network load on the 
techniques, and the periodicity of hourly effects. MKT technique always perform 
worse than BIL and better than RND, with minor exceptions curves do not cross, 
implying that as QoS perceived changes clients need not to use a different technique 
to achieve optimal performance.  
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Fig. 7. Performance and Overhead for BIL, MKT and RND techniques 

We compare in Fig. 7, the performance of the three techniques using the total 
number of request allocated and the overhead induced by negotiation techniques im-
plemented by such techniques; we can see that selecting with RND technique has the 
lowest performance although it does not produce any overhead as compared with 
MKT whose performance is higher because its QoS actualization mechanism, but it 
incurs in high overhead too, then the most cost-effective strategy is BIL whose per-
formance is high and overhead remains relative low in comparison with RND and 
MKT.  

We conclude by mentioning the fact that the obtained results have been compared 
with corresponding figures in [21], which describe the results obtained by conducting 
some experiments wtih a different configuration of workload model and network 
topology. The result of the comparission in a total qualitative agrement goes in the 
sense that the relationship among the improvement of QoS perceived by users of the 
contrasted curves are preserved. In the quantitative side, the figures presented in this 
paper show slower response times that those conducted before, the reason being the 
workload model described in [21] on which experiments where conducted are based 
on a Non-Homogenous-Poisson Process, showing low variability and uniform re-
sponse times.  

6   Conclusions and Future Work 

In this paper we have analyzed three Dynamic request Placement techniques. These 
techniques are implemented in a Multi-agent based architecture where Autonomous 
Agents learn about user preferences, network performance and QoS of services to 
improve QoS perceived by users, assuming a geographical distribution of Web ser-
vices in the Internet, and taking into account actual conditions as high variability and 
self-similarity. Such techniques rely on a market-based mechanism to negotiate re-
quired QoS by user and applications, and a Service Directory to classify and locate 
available services on the network. We also have discussed the behavior of our strate-
gies over several configurations as illustrated by our simulation analysis.  

This architecture will be adapted to the GEDA-3D[22] project in order to accom-
modate diverse application requirements by implementing them as techniques tailored 
to different application-specific requirements. The framework will allow GEDA-3D 
midleware to assign replicated servers to clients adaptively based on the QoS re-
quirements of the clients and the current responsiveness and state of the services. The 
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experimental results that we have obtained demonstrate the role of feedback from 
service load and for adaptively sharing the available services among the users in a 
range of different scenarios. While a random selection technique would be sufficient 
when the primary goal is load balancing and when the clients do not have QoS con-
straints, we believe that a dynamic technique, like the Bilateral Technique we have 
developed, would be useful in an environment in which QoS-aware clients that have 
different requirements accessing servers that display significant variability in their 
response times. Although our Bilateral technique was mainly developed to improve 
QoS perceived by Web service's users, given the diversity of the QoS requirements of 
client requests when accessing distributed services, such adaptive technique that rely 
on feedback based control are likely to play an increasing role in solving a range of 
problems related to building distributed systems. 

References 
1. J. Guyton and M. Schwartz. Locating nearby copies of replicated internet servers. In Pro-

ceeding of ACM SIGCOMM’ 95, 1995. 
2. Cisco Distributed Director, http://www.cisco.com/warp/public/cc/pd/cxsr/dd/index.shtml 
3. E. Zegura, M. Ammar, Z. Fei, and S. Bhattacharjee, Application-layer anycasting: a server 

selection architecture and use in a replicated web service, IEEE/ACM Transactions on 
Networking, vol. 8, no. 4, pp. 455–466, Aug. 2000. 

4. M. Crovella and R. Carter. Dynamic server selection in the internet. In Proceeding of IEEE 
Workshop on the Architecture and Implementation of High Performance Communication 
Subsyste, 1995. 

5. M. Crovella and R. Carter, Dynamic Server Selection Using Bandwidth Probing inWide- 
Area Networks, In Proceedings of IEEE INFOCOM, 1997. 

6. M. Rabinovich, I. Rabinovich, R. Rajaraman, and A. Aggarwal. A Dynamic Object Repli-
cation and Migration Protocol for an Internet Hosting Service. In Proc. 19th Int’l Conf. on 
Distributed Computing Systems, pp. 101–113, Austin, TX, June 1999. 18 IEEE. 

7. S. Krishnamurthy, W.H. Sanders, M. Cukier, Performance Evaluation of a QoS-Aware 
Framework for Providing Tunable Consistency and Timeliness, Proc. of The 10th IEEE In-
ternational Workshop on Quality of Service (IWQoS 2002), May 2002. 

8. S. Krishnamurthy, W.H. Sanders, M. Cukier, Performance Evaluation of a Probabilistic 
Replica Selection Algorithm, Proc. of The Seventh IEEE International Workshop on Ob-
ject-Oriented Real-Time Dependable Systems (WORDS 2002), Jan. 2002. 

9. R. Steinmetz and K. Nahrstedt, Multimedia: Computing Communications & Applications, 
Prentice Hall., 1995, pp. 420–45. 

10. F.Ramos, “Placement dynamique de requêtes multi-agents dans les systèmes d’information 
globaux”, PhD thesis, Université de Technologie de Compiègne, juin 1997. 

11. Bui M., Butelle F., Lavault C. (2003). A Distributed Algorithm for Constructing a Mini-
mum Diameter Spanning Tree. Journal of Parallel and Distributed Computing. In Press. 

12. Binzhang Liu, "Characterizing Web Response Time" MSc. Thesis, Virginia Polytechnic In-
stitute and State University, Apr. 1998. 

13. S.G. Dykes, K.A. Robbins, C.L. Jeffery, “An Empirical Evaluation of Client-Side Server 
Selection Algorithms'', in IEEE INFOCOM 3:1361-1370, 2000. 

14. M. Harchol-Balter, M.E. Crovella, C.D. Murta, “On Choosing a Task Assignment Policy 
for a Distributed Server System”, in Parallel and Distributed Computing 59:204-228, 1999. 

15. G. R. Smith, "The contract net protocol: high-level communication and control in a distrib-
uted problem solver", IEEE Trans. on Computer, 12(29), Dec. 1981, pp.1104-1113 

16. Pawel G. Burzynsky, Protocol Design for Local and Metropolitan Area Networks, Prentice 
Hall, 1996 



A Simulation Analysis of Multiagent-Based Dynamic Request Placement Techniques      27 

17. K. Thompson, G. J. Miller, and R. Wilder. Wide-Area Internet Traffic Patterns and Charac-
teristics (Extended Version). IEEE Network Magazine, Nov 1997. 

18. Hyoung-Kee Choi, John O. Limb, "A Behavioral Model of Web Traffic", Proceedings of 
the Seventh Annual International Conference on Network Protocols, 1999. 

19. B. Mah. “An empirical model of HTTP network traffic”. In Proceeding of INFOCOM '97 
20. K. Calvert, M. Doar, and E. W. Zegura, "Modeling internet topology, " IEEE Communica-

tions Magazine, June 1997. [10] C. Jin, Q.Chen, S.Jamin, "Inet: Internet Topology Genera-
tor," University of Michigan Technical Report, CSE-TR-433-00, September 2000. 

21. Ramos F., Chen L., Bui M. (1999). A comparison of two dynamic request placement 
strategies in large distributed information systems, in Proceedings of the 12th International 
Conference on Parallel and Distributed Computing Systems (ISCA PDCS), Radisson Bahia 
Mar Beach Resort, USA, August 1999. 

22. Fabiel Zúñiga, H. Iván Piza, Félix F. Ramos. "A 3D-Space Platform for Distributed Appli-
cations Management". International Symposium on Advanced Distributed Systems 2002 
(ISADS). Guadalajara, Jal., México. 2002.  

23. ISO, “Quality of Service Framework”, ISO/IEC JTC1/SC21/WG1 N9680, International 
Standards Organization, UK, 1995. 



 

T. Böhme et al. (Eds.): IICS 2004, LNCS 3473, pp. 28–37, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

IP Networks Quality of Service: 
Overview and Open Issues 

Marlenne Angulo1,2, Deni Torres-Roman1, 
David Muñoz-Rodriguez3, and Marco Turrubiartes1,2 

1 CINVESTAV Research Center, Guadalajara México 
{mangulo,dtorres,mturrubi}@gdl.cinvestav.mx 

2 Universidad Autónoma de Baja California, Mexicali México  
3 ITESM, Monterrey México 

dmunoz@cet.mty.itesm.mx 

Abstract. Mechanisms to provide Quality of Service (QoS) into Internet have a 
collection of aspects to consider improving network performance. However, 
this work focuses only on four of these aspects, as follows: Traffic Models, 
Queue scheduling, Congestion control and QoS routing. Considering any of the 
three above mentioned approaches, it is necessary the use of traffic models 
which capture the real network traffic behavior. This paper introduces some 
QoS concepts, as well as open-issues in the mentioned areas.  

1   Introduction 

Most of Internet user applications require superior network performance; some appli-
cations even require guaranteed service. This makes Quality of Service (QoS) an area 
that fulfills users’ requirements. The QoS areas research, develop and implement 
mechanisms to meet users’ needs. However, QoS is not a new concept in some tele-
communications fields such as telephony. 

The QoS development involves mechanisms of network performance evaluation. 
This allows the provider (e.g. the Internet Service Provider) to verify the QoS degree 
at the end-user level.  

There is a group of suggested mechanisms to provide QoS into Internet, and a col-
lection of aspects to consider. However, this work focuses only on four of these as-
pects, as follows:  

• Traffic Models (current models). Besides well implemented algorithms, it is nec-
essary the use of real traffic models in order to obtain valid simulation results. 

• Queue scheduling. Queue and traffic behavior affect the packet delay variation. It 
leads to network performance variability in terms of delay, affecting real time ap-
plications.    

• Congestion control. It presents an introduction to TCP-friendly congestion control 
protocol. The use of this class of transport protocol should be increased in order to 
avoid the unfair bandwidth competition of UDP versus TCP data.  

• QoS routing. This subject is important in order to achieve a real guaranteed Qual-
ity of Service, instead of attempting a differentiation in service or <Class of Ser-
vice>. 
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This paper introduces some QoS concepts, as well as open-issues in the sub-areas: 
Traffic models, Queue scheduling, Congestion control and QoS routing. The remain-
ing of this article is organized as follows: section two introduces concepts and current 
models in the above mentioned sub-areas. Section three discusses open issues, fol-
lowed by section four in which the conclusions of this paper are presented. Finally, 
references are presented. 

2   Literature Review 

2.1   Traffic Models 

Historically, distributions such as Poisson and Exponential have been used to model 
telecommunication traffic. However, those models do not suit with some kinds of 
traffic, specifically data networks. In articles [1][2], the failure of Poisson model to 
capture variability in time scales of Ethernet traffic is presented. Using traffic models 
close to reality discards the possibility of overestimating performance in analysis or 
simulation results due to ideal traffic conditions. 

Self-similar Processes 
Mathematical analysis shows that the Internet traffic has self-similar properties at the 
packet level [1]. Moreover, an article published by Feldman shows empirical evidence 
of fractal characteristics on traffic at the application level [3]. The self-similar term 
was defined by Mandelbrot to characterize those processes that are scaled in time and 
do not lose their statistical properties. 

Definition: A process X(t) is self-similar if it satisfies the following equation: 

{ } }),({),( ℜ∈=ℜ∈ ttXa
d

tatX H   ℜ∈>∀ 0, Ha  (1) 

Where X(at) and )(tXa H  have identical distributions(
d
=  ), H is the Hurst parameter 

denoting the self-similarity index [4]. For Internet traffic H takes values into the in-
terval (0.5, 1). 

Long Range Dependence Phenomenon (LRD) 
The self similar property of Internet traffic manifests itself in the autocorrelation func-
tion )(kρ . The sum of all autocorrelations from any given time instant is always sig-

nificant, even if individual correlations are small.  
The Internet traffic holds an LRD phenomenon. It means that Internet traffic char-

acteristics, at time t, will influence itself in the long term [5]. 
LRD is defined as the property of some processes in which the sum of the autocor-

relation values approaches infinity (see Eq. 2). 
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Where its autocorrelation function is  

100)(~)( 1 <<→− βρ β kkkLk  (3) 

k is the lag and 1L is a slow-varying function. 

Or equivalently as the power-law divergence at the origin of its power spectrum: 
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100)(~)( 2 <<→− DLf D λλλλ  (4) 

λ is the frequency and 2L is a slow-varying function 

The Hurst parameter describes self-similarity of cumulative traffic, while β , from 

Eq. 3, describes the LRD rate process. β  is the most important parameter since it 

characterizes the LRD phenomenon. Research about 1L , and its relationship with LRD 

is presented in [6]. The LRD processes expression of the variance of the sample mean 
with sample size n is defined in [6], denoted by equation 5. 

Var{ X(t) }= )/1)](1)(2/(2[ 1
1 nL βββ −−−  (5) 

Heavy Tailed Distributions 
It is accepted that current Internet traffic exhibits heavy tail characteristics [2], leading 
to the development of some designs and analysis tools that consider the tailed nature 
of traffic [8] 

Definition: A random variable X has a heavy-tailed distribution if [7] 

[ ] α−> xxXP ~       as ∞→x              20 <<α  (6) 

That is, regardless of the behavior of the distribution for small values of the random 
variable, if the asymptotic shape of the distribution is hyperbolic, it is heavy-tailed. 
The simplest heavy-tailed distribution is the Pareto distribution. The Pareto distribu-
tion is hyperbolic over its entire range. Heavy-tailed distributions have the following 
properties: 

1) If 2≤α , then the distribution has infinite variance. 
2) If 1≤α , then the distribution has infinite mean.  

Thus, as alpha decreases, an arbitrarily large portion of probability mass may be 
present in the tail of the distribution.  

Alpha Stable Distributions 

Definition: A random variable X is said to have a stable distribution if for 1X , 2X in-
dependent copies of X and any positive numbers A and B, there is a positive number 
C and a real number D such that [4] 

DCXBXAX
d

+=+ 21        (7) 

Theorem 1: For any stable random variable X, there is a number ( ]2,0∈α  such that 
the number C (in Eq. 7) satisfies: 

ααα BAC +=        (8) 

A stable random variable X with index α  is called Alfa stable. 
The generalized theorem of Central Limit proposes the alpha-stable distributions to 

model the aggregated contribution of many random variables, without restricting them 
to have a finite variance (as central limit theorem does).  

Alpha-stable distributions are defined by their characteristic function [4]: 
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Where α is a stability index ( 20 ≤≤α ), σ  is the scaling parameter ( 0≥σ ), µ  is the 

shift parameter, and β is the skewness parameter ( 11 ≤≤− β ). 

2.2   QoS Queue Scheduling 

There are different mechanisms to provide QoS, mechanisms such as scheduling and 
policing. The technique where packets in a waiting queue are selected to be transmit-
ted is known as scheduling discipline. Queue scheduling permits to manage the 
queues as a network resource, becoming a bandwidth allocation scheme. Moreover, 
lately different scheduling disciplines have been developed in order to manage multi-
ple queues, which permit the categorization of packets. 

The impact of traffic in queuing buffers is a dominant problem in traffic engineer-
ing, giving remarkable importance to traffic models. In [9] the demand, capacity and 
performance of priority access and non-priority access flows (in term of QoS re-
quirements) are reviewed. 

Priority Queuing 
Under priority queuing discipline packets are classified in two or more priority 
classes depicted in figure 1 [10]. The classification of packets will be according to the 
priority mark in the IP packet header (Type of Service field might be used to assign 
priority). In order to transmit the packet, the scheduling discipline will service the 
highest priority packets until their queue is empty, after that it will continue offering 
the service to the lower priority packet. 

 

Fig. 1. Priority Queuing Scheduling 

Round-Robin Scheduling / Weighted Scheduling 
Under Round-Robin scheduling discipline packets are classified and sent to one of the 
queues according to their class. However, it does not have a strict priority service, 
transmitting one packet of queue 1, another from queue 2, until the last queue, repeat-
ing this pattern forever. 

Weighted scheduling uses the same classification method as Round-Robin; how-
ever, it differs from that method in the way of servicing the queues, differentiating the 
time intervals to which the packets of class i will be sent. A fraction of bandwidth of 
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wi/Swi will be assured to Class i, where wi is the weight of the class and Swi is the sum 
of all classes weights. In the worst case, when all queues have packets to transmit, 
class i will continue having a fraction of bandwidth wi/Swi [10]. 

 

Fig. 2. Weighted Fair Queuing 

It is easy to notice that the service method is independent from the classification 
scheme, where this scheme has many options to be implemented, such as modified 
Leaky Bucket, where the packets are differentiated according to the traffic contract 
agreement (if there is one). The differentiation could be implemented in two or three 
levels, in the case of two levels (commonly called colors) the packets violating the 
accorded bandwidth to their connection or flow are marked as red, and the complain-
ing packets are marked as green.   

Traditional drop tail queue management can not effectively prevent the occurrence 
of serious congestion and often suffers from large queuing delays. Furthermore, the 
global synchronization may occur during the period of congestion resulting in under-
utilization and large oscillation for queuing delay. RED (Random Early Detection) 
has been proposed to address these problems. In [11] is presented an algorithm that 
adjust dynamically the RED parameters to improve the network performance, even if 
exist some little variations on the network.  

2.3   Congestion Control Protocols 

In order to satisfy QoS requirements have being proposed different congestion meth-
ods, such as filters with Leaky Bucket and the jumping window [12]. 

The jumping window mechanism limits the maximum number of packets (N) ac-
cepted from a source in a time interval (window). A new interval begins immediately 
as the preceding ends. Thus, the associated counter is restarted.  

The implementation of this mechanism requires counters to measure the interval T 
and to count the number of arrivals; and variables are needed for the counter limit and 
the interval length T. 

Exponentially Weighted Moving Average 
This mechanism utilizes consecutive windows of fixed time, such as jumping window 
does. The difference between these two mechanisms is the maximum number of 
packets accepted in the i-th window Ni. Where Ni is function of the average of the 
packets allowed by interval N, and Si-1 is the exponentially weighted sum of the pre-
ceding intervals (Xi-1) according to the following equation [13]: 
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The γ  factor controls the algorithm flexibility, regarding the burstiness of traffic. 

If 0=γ   and Ni is constant, the algorithm is the same as the sliding window. 

Congestion Control Based on Delay 
In [14] the performance of DCA algorithms (Delay Based Congestion) in high speed 
networks is analyzed. Those algorithms are based on round trip time (RTT) as a con-
gestion indicator. That paper refuses the premise of high level of correlation between 
RTT increment and packet loss. 

TCP-Friendly Congestion Control 
TCP-Friendly is a transport protocol which implements congestion control mecha-
nisms that interact well with TCP. To provide such fairness, one solution is to satisfy 
TCP-friendliness, which means the ( pTC , ) relationship )/(1~ pRT C  should hold, where 

CT is the throughput of a flow, p is the packet loss rate, and R is RTT. 

TCP-Friendly algorithms are developed because of the increase of UDP applica-
tions where congestion control algorithms are not applied. That leads to an unfair 
bandwidth competition with TCP data [15] 

TCP-friendly protocols are classified in: 
Rate-based: 

• Rate adaptation protocol (RAP) besides short-term RTT average, it utilizes the 
long-term RTT average to modify the inter-packet gap between consecutive data 
packets. 

• Loss-delay based adaptation (LDA+) uses RTCP feedback messages. 
• TCP-friendly rate control (TFRC) adjust rate based on losses by RTT parameter. 
• TCP emulation at receivers (TEAR) hybrid protocol utilizes RTT average. 

Windows Based: 

• Random listening algorithm (RLA) identifies the packet loss by discontinuous 
acknowledge messages (ACK). 

• Multicast TCP (MTCP), in which the participants are grouped in a tree structure. 
• Nominee-based congestion avoidance (NCA) The worst receptor uses TCP. 

In [16] is presented the study of congestion control mechanism of the TCP-friendly 
type, compatible with TCP under queuing manage of RED scheme. These authors 
proposed an SIMD (square-increase/multiplicative-decrease) scheme, where the win-
dow size increases proportionally to the square of the elapsed time since the last de-
tection of a loss event. Compared with memory-less schemes based on windows, the 
SIMD scheme improves the transient behavior using memory. On the other hand, 
compared with equation-based schemes, the controller presents simple modifications 
of the TCP scheme. 
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2.4   QoS Routing Techniques 

Routing consists of two basic functions: distribution of the network state, and look for 
information to find out a route. 

Routing with QoS implies the necessity of including optimization techniques. It 
could be done by a primary cost function (administrative load, hope counting), in 
order to select optimal paths. In general, the selection of a multi-constrained path with 
or without optimization is a not yet solved problem in real time. 

To get a multi-constrained routing and a viable solution (complexity and time), 
some researchers [17] proposed a non-linear cost-function, where minimization pro-
vides a wide spectrum of solutions from a linear approximation to an exact asymptotic 
solution. 

There are diverse routing algorithms to find a route that satisfies QoS require-
ments. In [18] an algorithm to find a route is proposed and it shows less computa-
tional complexity compared with Tunable Accuracy Multiple Constrain Routing Al-
gorithm (TAMCRA) and Jaffe algorithms, finding less computational complexity in 
the proposed algorithm. 

In [19] a routing algorithm which adapts to any traffic’s stochastic model is pro-
posed. This algorithm does not require knowledge of future demands; authors give a 
direct application of this algorithm in Multi-protocol Label switching (MPLS) path 
setup. 

3   Open Issues 

The parameters of most impact in Quality of Service of IP networks are: 

• Bandwidth 
• Packet loss rate  
• Packet delay  
• Packet delay variation  

Diverse approaches improve the network performance. In this work the following 
subjects are considered, and open problems of each subject are presented. The analy-
sis and development of solutions for some of them are left for future work.  

a. Traffic Models  
b. Queuing scheduling algorithms 
c. Congestion Control Protocols  
d. QoS routing techniques 

a) Traffic Models 
Self-Similarity is an important characteristic of current Internet Traffic. Equation 1 
shows the definition of a self-similar process X(t), where H is the self-similarity index 
and its estimation is necessary in order to characterize the self-similarity property. 

In the case of self-similar traffic with self-similarity index ½ <H< 1 the LRD phe-
nomenon is captured. The power spectrum of an LRD processes is characterized by: 

2L  and β (Eq. 4).  
From Eq. 5 the variance of the LRD processes is proportional to 1L . Crovella in [7] 

describes that the variance of the mean of n samples decreases proportionally to 1L . 
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In that way the authors of [6] conclude that the value of the function 1L  is therefore 

critical even for the simplest practical estimation issues for LRD processes.  
It is also important to notice that the Internet traffic distributions show heavy tailed 

characteristics. For so, it is necessary to estimate the α  parameter from equation 6 in 
order to characterize the heavy-tailed traffic distributions. 

Moreover, there is still the necessity of increasing the speed of the estimation algo-
rithms (some of them based on wavelets and maximum likelihood techniques). 

It is also important to develop a deep analysis on the empirical proposal of 
Feldmann [3], where the self-similar model could be applied in the application layer. 
Additionally, it is significant to mention that the traffic is changing constantly and no 
matter how perfect it fits a model today, it does not have to capture tomorrow’s net-
works traffic behavior. 

b) Queuing Scheduling Algorithms 
It is important to retake the work done by information theory researchers. In that way 
queuing scheduling is improved by managing different strategies such as: packets 
preventive discard, the use of more than one queue, and the manipulation of the ser-
vice rate (in weighted queuing). However, the utilization of techniques developed in 
the Information Theory area might improve the scheduling algorithms performance, 
in terms of: bandwidth utilization, jitter, and packet loss among others. 

c) Congestion Control Protocol 
TCP-friendly protocols have successful applications in a controlled environment 
(Intranet rather than Internet). However, under that limitation, there is a huge field of 
research in order to achieve a congestion control protocol friendly in bandwidth com-
petition with TCP protocols, and at the same time it is able to tune a “friendly pa-
rameter” considering the application priority. 

d) QoS Routing Techniques 
A trade-off problem between scalability and granularity is present in QoS routing. 
The problem is that each application has requirements to be fulfilled, and at the same 
time architectures that treat traffic as per-flow have scalability problem. From the 
network point of view, it is also important the methodology of metrics measurement, 
(metrics such as bandwidth, packet delay, etc.), that leads the QoS routing to estimate 
some metrics from other metric with less complexity and higher speed in the meas-
urement method in order to provide a real-time QoS routing.  

Currently, some tendencies are decreasing the complexity of the QoS routing algo-
rithms, improving this characteristic compared with algorithms such as TAMCRA. 
There is also an important proposal to adapt any stochastic model traffic’s without 
requirement of future demands. Besides, the mathematical model and simulation of 
these algorithms, it is necessary to prove their convergence and stability. 

4   Conclusions 

It is not recommendable the use of traditional traffic models such as Gaussian or Pois-
son to model Internet traffic behavior, because overestimated simulation results might 
be a consequence of ideal traffic simulated.  
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As long as Internet Traffic shows self-similar characteristics, it is important to de-
velop estimation techniques of the Hurst parameter in order to characterize the real 
traffic behavior. 

There are different approaches mentioned in section three, where Quality of Ser-
vice in Internet could be improved, depending on which QoS architecture is imple-
mented. Currently there are three network architectures (defined by IETF) pursuing 
QoS: Differentiated Services, Integrated Services and Multi-protocol Label Switch-
ing. The characterization of QoS mechanisms performance over some network archi-
tectures is left for future work.  

From a global point of view, working with QoS routing, and/or congestion control 
consider a significant advance in IP networks. However, it is still not enough to fulfill 
bandwidth applications requirements. In that way scheduling schemes could be used 
inside a router, combining different policing mechanisms as the resource management 
mechanism. 
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Abstract. Wireless communication structures based on the IEEE 802.11 Stan-
dard became an important research area within science and economy during the 
last years. It forms a basis for an area-wide use of mobile services and personal-
ized information within so called hotspots. However, the common usage is a 
public available stationary installation like at an airport, office building or uni-
versity. Besides other wireless technologies like DECT or HiperLAN this paper 
shows, that Wireless LAN is capable for use in clients moving at high speed. To 
prove the theory a couple of measurements have been made using components 
of the IEEE 802.11b standard and clients moving at speeds up to 200 km/h. Be-
side measuring characteristic parameters like signal- and noise level as well as 
data throughput for different speeds, measurements on the quality of voice 
transmission have been made for the first time. In addition to a detailed analysis 
this article covers perspectives for applications using wireless hotspots. 

1   Introduction 

Wireless LAN relies on the IEEE 802.11 standard [3] which became one of the big-
gest economy areas for communication technologies in the last few years. In addition 
to a usage within desktop computers and notebooks as connection to wireless net-
works nowadays a majority of devices like PDAs and Tablet PCs supports such net-
works directly.  

Most installed wireless networks use the IEEE 802.11b standard as supplement of 
the original IEEE 802.11 which was standardised in 1999 with a maximum transfer 
rate of 11 MBit/s and transmitting in the license-free 2.4 GHz ISM Band (Industrial, 
Science and Medical Band). The up-and-coming supplements IEEE 802.11g inside 
the 2.4 GHz Band as well as the IEEE 802.11a in the 5 GHz Band support higher 
transfer rates up to 54 MBit/s and will replace the IEEE 802.11b more or less fast in 
the future.  

Within this paper some terms concerning wireless communication are used of 
which a definition is mandatory. Therefore, a short explanation of the most important 
will be given:  

Client, Server and User. The term Client or User in relation to wireless communica-
tion is often a synonym for the service-consuming end-device. The server provides 
this services used by a client. Both, the client as well as the server are using the wire-
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less communication network, but no statement about mobility is associated with one 
of them.  

Ad-Hoc-Mode, Infrastructure-Mode, Hotspot and Access Point. Within the stan-
dard IEEE 802.11 two network topologies can be distinguished. In an ad-hoc mode 
network clients build point-to-point connections between each other. Disadvantages 
of this kind of topology are the small amount of clients that can communicate and the 
low scalability. Furthermore a communication between two clients is impossible in 
case their distance to each other is to small even in the case a third station resides in 
between and could work as router.  

The noted disadvantages do not arise in the infrastructure network. It uses a special 
device, the Access Point, placed in the centre of a starlike topology to manage all the 
communication. This means there is no direct connection present between the clients 
as mentioned for the ad-hoc-network. Each Access Point controls a Wireless LAN 
cell defined by the physical range of its emitted radiation. Different cells can be com-
bined to cover greater areas. An advantage of this combination is the possibility to 
hand-over connections between proximate cells. All communication data is send from 
the actual Access Point to the next using a hand-over protocol (e.g. the Inter Access 
Point Protocol – IAPP).  

Additionally, to achieve a connection between two fixed networks in greater dis-
tance, the IEEE 802.11 standard contains bridge-mode functionality.  

The availability of wireless networks in public areas lead to the definition of such 
an accumulation of wireless cells as hotspot. A hotspot is a not necessarily contiguous 
area providing the same wireless network using the IEEE 802.11 infrastructure mode 
topology. The amount of Access Points within a hotspot is insignificant.  

Mobility. As already noted, the definition of a client or server does not associate the 
mobility as property. In case it is included into the functionality, this leads to some 
categorization shown in figure 1:  

 
Fig. 1. Mobility as new Characteristic for Client and Hotspot 

While in category a) both hotspot and client are stationary, e.g. when providing 
wireless access to workstations without the need of wires, the categories b) and c) can 
be found in the area of ad-hoc networks mostly.  

This paper covers the evaluation of application fields for mobile clients in station-
ary hotspots (referred to as category d). Many public hotspots belong to this category, 
however their mobility is widely restricted. Our evaluation will cover clients moving 
at high speeds starting at 100 km/h. For this, a comparison with other technologies 
like GSM, DECT or HiperLAN is useful. Table 1 shows this technologies together 
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with WLAN. Particularly interesting is the maximum speed by user which is high 
with 250 km/h and GSM but rather low for HiperLAN at 10 m/s.  

Table 1. Comparison between wireless communication technologies [10] 

 

This paper sets up on measurements with speeds up to 90 km/h in [7]. An impor-
tant result of that paper is, that no significant interference for speeds up to 90 km/h 
could be evidenced. Therefore, section 2 covers the description of the testing range 
and specifies the used equipment for the measurements starting at 100 km/h in detail. 
Afterwards the test scenarios as well as the measurements will be described in sec-
tion 3. Finally, section 4 summarizes all measured data and shows perspectives for 
applications.  

2   Test Area and Test Scenarios 

2.1   The Test Area 

In the planned measurements, speeds up to 200 km/h should be achievable. Therefore, 
a part of a public highway as graphically shown in figure 2 is used. For the measure-
ments, seven access points have been distributed along the highway part. The access 
points AP1 to AP3 are responsible for building the local hotspot for the moving client. 
AP4 and AP5 as well as AP6 and AP7 build a directed radio link to integrate the ac-
cess points AP1 and AP3 into the communication network. The access point AP2 is 
connected to the network using a 100 meter wired connection. The stationary server is 
connected by wire too. Topologically a hotspot with three WLAN cells has been 
build, where the inner distance between the access points is 700 meters.  

Technical Characteristics. For the measurements components from Enterasys Net-
works are used. The outer access points AP1 and AP2 as well as AP6 and AP7 are 
R2- Access Points using two wireless interfaces. While the first interface (AP1 and 
AP6) builds the wireless cell for the local hotspot using a 7dBi omnidirectional an-
tenna, the second wireless interface (AP2 and AP7) is used to create the radio link to 
the centre station using a 14 dBi Yagi-Antenna.  
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Fig. 2. Testing range at the highway 

Because of the high antenna gain and thus too high emitted radiation above 100 
mW E.I.R.P (Effective Isotropic Radiated Power) an adapted interface card with re-
duced power is used for the directed radio links. Besides the Access Points AP3 and 
AP4 as end points of the radio links at the centre station, AP5 builds the third infra-
structure mode WLAN cell for the hotspot.  

The wiring of the network itself has been done using a 100 MBit/s switch that con-
nects the end points of the bridges as well as the centre Access Point and the server. 
For the server a notebook with 100 MBit/s LAN and Windows 2000 is used. The 
Client inside the car uses Windows 2000 as well as a wireless device with a 5 dBi 
omnidirectional antenna for in-car-use.  

2.2   Measurements at Different Speeds 

To evaluate network characteristics during a test run, measurements of parameters of 
the wireless connection as well as the possible data throughput are made starting at 
speeds from 100 km/h. Therefore, the mobile client moves along the testing range 
with constant speed.  

The Connection-Quality. To get exact measurements of the connection quality, the 
software Network Stumbler (Version v0.3.30) [9] is used. An advantage compared to 
the Roamabout Client Utility used in [7] is a more exact logging of important parame-
ters like signal and noise level as well as the resulting signal-to-noise ratio (SNR).  

The Data-Throughput. The measurement of characteristic parameters of a wireless 
connection is no indication for the characteristic of the build data connection. There-
fore [7] uses a software based on a round-trip-algorithm that collects characteristic 
information using a TCP-connection. This information is logged and evaluated.  

As this tool does not allow an evaluation on site, our measurements uses the soft-
ware NetIQ Chariot (Version v4.3) [9]. It allows to control the measurements by 
scripts and allows to measure TCP and UDP data. The used version of NetIQ Chariot 
contains standard scripts, whereas for measurements of the maximum available data-
throughput the script Throughput.scr can be used. It creates random data with 
an exact size of 100,000 Byte and transmits them to the client while it moves along 
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the testing range. The data packet size is limited to 32,767 Byte for TCP and 8,183 
Bytes for UDP (induced by the used standard script).  

All measurements for different speeds are repeated several times to discard meas-
uring errors. In parallel to the evaluated data-throughput, the quality of the connection 
is logged.  

The Behaviour During the Roaming. The behaviour of a wireless connection during 
the roaming process is measured using the RoamAbout Client Utility (Version v2.69) 
as well as the network analyse software NetIQ Chariot. Major disadvantages of the 
client utility is the low precision for the measured values and the measurement time 
with approximately four values per second. More detailed measurements are possible 
with NetIQ Chariot. Therefore a new script is created that measures the needed time 
to transfer 20 packets of exactly 100 Byte using TCP or UDP. This allows conclu-
sions about the latency during the roaming process. A reduction of the amount of 
packets during the transmission is not possible due to the used software.  

2.3   Measurements of Voice-over-IP 

Positive results in [7] up to 90 km/h for TCP-connections suggest a possible use of 
Wireless LAN as media for Voice-over-IP connections. Therefore, two different sce-
narios are implemented.  

In the first scenario, the analyse software NetIQ Chariot is used with a special 
Voice-over-IP packet that simulates typical voice transmissions to analyse influences 
of higher speeds on the transmitted voice. Therefore, the client inside the car is de-
fined as a performance end-point to measure a single voice communication channel. 
To account for high traffic, three different speed ranges GB1 to GB3 are used, 
whereas the ranges are defined as follows:  
• GB1 – 70 km/h to 100 km/h,  
• GB2 – 100 km/h to 140 km/h, as well as  
• GB3 – 140 km/h to 170 km/h.  

To analyse the quality of a Voice-over-IP-Transmission mainly network- and 
speechchannel parameters are responsible. The used transmission rate is adapted by 
the Access Points. This allows rates from 1 MBit/s to 11 MBit/s. The Voice-over-IP 
Add On of NetIQ Chariot is initialized with the following parameter:  
• Used Codec: ITU G.711 A-Law (G.711a)  
• Framesize per packet: 30 ms  
• Multimedia Transmission Protocol: RTP over UDP  
• No Support for Quality of Service (QoS)  
• Di-Jitter Buffer (ITU-Recommendation): 60 ms  
• Initial Delay-Value: 0 ms  
• No Transcoding  
• Total Codec-based Delay by ITU G.114: 91 ms (includes Di-Jitter Buffer, Frame 

Size and Execution-Delay)  
To analyse the quality three different methods are used, and can be classified into 

three phases:  
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• Phase 1 – without Silence Suppression and Packet Loss Concealment (PLC)  
• Phase 2 – with Silence Suppression and PLC, as well as Voice Activity Detection 

(VAD) Rate of 50% (default value)  
• Phase 3 – with Silence Suppression and PLC as well as additional UDP-traffic, the 

VAD rate is 50% again. To simulate additional UDP-traffic exactly 100.000 Byte 
of Data has been transmitted between Server and Client, while moving along the 
testing range.  

In the second scenario a subjective reflection of the voice quality is achieved by us-
ing Microsoft Netmeeting. Therefore a real voice-channel is created between the 
server and the client inside the car. In opposite to the first scenario, the speed varies 
between 90 km/h and 150 km/h. The Netmeeting tool uses the CCITT A-Low Codec 
with 8000 Hz and an 8-bit mono-recording connection. This relies to the Codec 
G.711a. Further configurations are not tested here, but measurements show, that Net-
meeting uses a framesize of 32 ms per packet.  

3   Evaluation of the Measurements 
The described scenarios in section 2 are used in practical measurements to evaluate 
the characteristics of WLAN in high speed vehicles. To evaluate the results, co-
relations between the measured values and outer influences must be considered. This 
influences can be high traffic which prevents a constant speed in some cases, as well 
as numerous vehicles that become obstacles and lead to significant signal reduction 
(named as Shadow fading in [10]).  

3.1   Evaluation of the Connection Quality 

During the measurements between 100 km/h and 170 km/h no direct dependence is 
recognized between the speed as well as the signal- and noise level. The noise level is 
measured with minimal deviations at -100 dBi. The signal-to-noise ration (SNR) 
equals to about 45 dBi in direct line of sight to the access point. An overlap of the 
three WLAN cells is noted at about 20 dBi. Figure 3 shows the connection quality at a 
speed of 100 km/h. Figures of other speeds do not show significant differences and 
are omitted.  

3.2   Evaluation of the Data Transfer-Rate 

All measurements of the data transfer-rate are done using the network analyse soft-
ware NetIQ Chariot and start at 100 km/h. Consecutively, measurements of 130 km/h, 
150 km/h and 170 km/h are done. Because of high traffic measurements with higher 
speeds up to 200 km/h can be evaluated temporarily only. Therefore, they are not 
covered by this paper. Corresponding to section 3.1 no significant influences of the 
speed are recognized. Table 2 shows the average data transfer-rate for the mentioned 
speeds.  

During all measurements no complete loss of connection happens even at a speed 
of 170 km/h. Therefore, a wireless connection is even possible that this speed. As 
mentioned in table 2, the deviation of the average data transfer rate is subject to 
minimal variations only. This leads to no conclusion regarding influences of the speed 
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at the data transfer-rate. In fact it is interesting that the data transfer rate measured 
while moving is about 25% lower than for fixed measurements. Variations can by 
means be described with environmental influences.  

 
Fig. 3. Connection Quality at 100 km/h, Network Stumbler 

Table 2. Average Data throughput for UDP and TCP at different speeds 

 

3.3   Evaluation of the Roaming Process 

The measurements to determine the time of a roaming process are done by sending 
and receiving 20 packets á 100 byte size. By means of the differences between the 
measured times while moving along the testing range and during the roaming process 
an average roaming time can be derived. A transmission of data is impossible during 
the cell change. Table 3 shows the measured average roaming time for TCP and UDP-
connections at different speeds.  

The fluctuation of this values leads to a very common conclusion only. While for 
TCP the roaming time in average is significant lower for higher than for lower speeds, 
it increased at 190 km/h to its triple value. The measurements of UDP are not subject 
of this kind of fluctuations. Measurements of other speeds show analogical results. 
This leads to a necessity of a higher granularity within the measurements to gain more 
exact conclusions. A direct influence of the speed on the roaming cannot be proven by 
this measurements.  

In consequence of the small size of the packets and its frequency of occurrences, 
table 4 shows a significantly lower data transfer-rate than measured previously. Nev-
ertheless, the deviation of the average is lower. Clearly visible is the approximately 
25% lower data rate of the outer Access Points due to their connection via wireless 
bridge.  
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Table 3. Differences of times during the roaming 

 

 
Fig. 4. Roaming at 170 km/h for TCP (top) and UDP (bottom) 

3.4   Evaluation of Voice-over-IP 

The measurements for Voice-over-IP are divided into two separate scenarios. The 
results of these scenarios are presented here.  

3.4.1   Voice-over-IP Simulation Using NetIQ Chariot 
All tests results are shown in table 4. Because of the asymmetric character of the 
speech channel, the average of the parameters are computed separately from the cor-
responding single values for both directions. It must be pointed out, that there are 
excellent results in test case B. All in all the measured values are similar as those 
gained from static network connections. Although the packet loss exceeds the limit of 
1% as specified by the ITU. Therefore an use of PLC at the receiver must be taken 
into account[12][13]. The resulting speech quality is very good with a MOS-Score 
above 4.0 with and without additional data transfer (test case D). Our measurements 
show, that additional data transfer influences the delay significantly but does not have 
a bearing on the quality of speech and packet loss.  
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Table 4. Evaluation of Voice-over-IP Measurements 

 

A direct influence of the speed on any Voice-over-IP communication cannot be 
proven, even with the worse results in test case C comparing to test case B. Reasons 
for this worse case can be put down to the dynamically change in the traffic on the 
highway. In difference the roaming process significantly influences the speech quality 
in case of additional data communication (test case D).  

Below the different measured values shown in table 4 are described in more detail.  

Delays. All measurements do not show any influences between speed and measured 
delay values. In test case D the delay is higher in consequence of the additional UDP 
data transfer, because of a higher delay in queues and during the serialisation [15]. 
However, the end-to-end-delay continuously stays between 150 ms as recommended 
by the ITU [17]. Any influences of the roaming could not be proven, but the measured 
delays below one millisecond in the test cases A and B are rather interesting.  

Jitter. The jitter of incoming packets as shown in table 4 in the case without any 
VAD is higher, because of the higher amount of speech data to transmit. [13][14]. 
Nevertheless, 94% of all jitter is lower than 11 ms (in test cases B and C actually 
96%). Influences of the speed cannot be proven. Any data transmission raises the 
runtime deviation because of higher delays within queues. Therefore test case D 
shows a jitter between 9 ms and 135 ms, which is twice the Jitter-Buffer and corre-
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sponds to an End-to-End- Delay up to 181 ms. Consequently this leads to frequent 
interrupts during a conversation as well as losses of connection [13][17]. Influences of 
the roaming is noticeable too, but very low. In test case D the runtime jitter lies be-
tween 9 and 30 ms, but subsides instantly after the roaming. Other test cases do not 
show any influences at all.  

Data Throughput of Speech Data. For analysing speech data, row data without any 
protocol overhead is taken into account. The measurements show, that a consequent 
use of Silence Suppression leads to a significant reduction of used bandwidth. There-
fore, test case C shows an about 70% lower amount of data as test case A. No influ-
ences of speed and roaming are visible. A variation of the data throughput over all test 
cases cannot be recognized in the graphical representation.  

Packet Loss. By recommendation of the ITU packet los shall not exceed a limit of 
one percent [13]. All measurements results in higher values. This is mirrored directly 
in the MOS-Value for the speech quality in test case A which is about 3.7. The use of 
PLC within the G.711a Codec leads to significant better results in face of a packet 
loss of 1.8% in test case C. The result was a quality of speech of about 4.1 (MOS). 
Influences of the roaming are very light. Test case D shows interesting results with no 
packet loss during the roaming when moving from the eastern access point to the 
central but a significant higher value of 3% when moving between the central access 
point and the western access point. This leads to a reduction of the speech quality of 
4.37 to 4.1. The packet loss is recognized in bursts, where half of all sent packets are 
single packets.  

Speech Quality. An important factor while evaluating Voice-over-IP is the speech 
quality. Recommendations of the ITU for G.114 and G.131 demand a minimal quality 
of 3,6 in the MOS-Score for speech communication systems [17][18]. All test cases 
achieve this value in average, however high variations can be recognized. For the test 
case A the MOS-Score varies between 2,2 and 4,37, while test case B has excellent 
results between 4,1 and 4,37.  

3.4.2   Subjective Evaluation of the Speech Quality Using Microsoft Netmeeting 
A subjective evaluation using Microsoft Netmeeting leads to a very positive result. 
Even at a speed of 200 km/h a communication is possible without any complications. 
Not until high distances (partly over 500 m) to an Access Point and with a SNR-Value 
clearly below 10 dBi a communication interrupt appears.  

Any short timed interrupts during the roaming cannot be recognized subjectively. 
Refer to the simulated communication how far the influence on the transmission is.  

4   Summary and Perspectives 

The provided measurements for evaluating the efficiency of mobile clients in wireless 
networks based on IEEE 802.11b clearly show, that even at speeds up to 200 km/h a 
data transmission and therefore a use of different services is possible. This is essential 
for connections using UDP as well as TCP. All measurements take place in an envi-
ronment with real-time conditions at a public highway and thus high traffic. To gain 
meaningful results and to eliminate errors multiple measurements are done. A direct 
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influence of speed on the wireless network, physically founded by the arising Dop-
pler-Effect cannot be proven. A consequence leads to the assumption of a very good 
adjustment of the used wireless hardware to this kind of frequency variations.  

However, the results show, that outer influences, like obstacles in direct line of 
sight between the Access Point and Client (e.g. trucks) have significant impact on the 
signal level and commonly lead to a loss of the communication stream. Further meas-
urements for more detailed results in this so called shadow fading, are planed.  

In case of measurements to evaluate the quality of speech transmissions (Voice-
over- IP) within WLAN systems again no direct influence of the speed can be found 
up to 200 km/h. However, the used codec should support PLC and VAD to improve 
the quality.  

Comprising, the results can be categorised as encouraging for the realization of 
new architectures based on mobile clients for data as well as for speech transmission.  
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Abstract. This conceptual paper presents the Ant-based Data Traf-
fic Splitting (ADTS) that uses self-organizing nodes with peer-to-peer
properties. ADTS is an addition to the conventional ant-based routing,
which belongs to the new defined application-based routing class, whose
prime importance is showed by this paper, too. The publication trans-
forms latest biological test results by Dirk Helbing et al. [1] into the
field of computer science: If a main path of walking ants is narrowed,
natural ants will chose a second path on a given fork. Therefore, if no
transmission capacity is available, ADTS nodes will split the data traffic
autonomously. Local algorithms realize an interaction of a node only with
its direct neighbors inside an ADTS system; this new approach facilitates
the organization of large distributed networks. ADTS offers an opportu-
nity to increase the data throughput in nets by automatic path splitting,
too. ADTS is divided into two variants, which this paper shortly de-
scribes: the Preventive ADTS (PADTS) and the Stream-oriented ADTS
(SADTS).

Keywords: application-based routing, ants, data traffic splitting

1 Introduction

Increasingly, large distributed networks like the Internet influence our life. The
growing net complexity and new applications often overextend traditional search
and routing mechanisms, but users ask for an efficient and comfortable way to
find and transmit information. Consequently, special search and routing systems
which work in the application network layer are more and more applied inside of
peer-to-peer solutions, for instance. Hence, the volume of data traffic of peer-to-
peer services in a ratio of the over-all capacity reached a rate of approximately
50 % and 75 % in peak times [2]; another publication reported up to 85 % in case
of a typical Internet service provider in Sweden [3]. The ant-based routing [4,5]
which is shortly explained in subsection 2.2 belongs to the new defined abstract
class of the application-based routing.

So the here introduced Ant-based Data Traffic Splitting (ADTS) represents a
novel contribution to the application-based routing. ADTS applies peer-to-peer
and self-organizing principles. This innovative paper transmutes recent results
of insect experiments by Dirk Helbing et al. [1] into the computer science:
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c© Springer-Verlag Berlin Heidelberg 2006



50 Jörg Schulz

When you narrow the main path of walking ants, real ants will chose an alter-
native path on a given parting of the ways. Hence, if there is no available band-
width, autonomic Preventive ADTS nodes will divide the data traffic without a
knowledge of the bandwidth values. Biological ants obviate traffic congestions by
pushing oncoming conspecific insects into an alternative path. Therefore, when
a data packet collision happens, a Preventive ADTS node redirects the packet
over another route. Inside an ADTS system nodes interact only with their direct
neighbors by local algorithms. Such an approach makes the organization of large
distributed networks easier. The automatic path splitting of ADTS could allow
higher data throughput values for future technological net products which will
work in large distributed environments. The concept of the Stream-oriented Ant-
based Data Traffic Splitting (SADTS) offers a full new quality to divide data
streams in large distributed networks. In opposite to PADTS, SADTS nodes
measure bandwidth values and establish splitted connections for any length of
time, why a less traffic jam prevention is available in comparison to PADTS.

This paper is structured as follow. Section 2 briefly describes the related
work and the background of this paper. Section 3 presents new approaches –
the class of the application-based routing and a concept for an ant-based data
traffic splitting. This paper concludes with a short summary and thoughts about
future tasks in section 4.

2 Related Work and Background

This section discusses shortly related systems and background facts.

2.1 Peer-to-Peer Routing

Only some information about peer-to-peer routing stands in the foreground in
this paper – detailed descriptions of peer-to-peer (P2P) networks are to be found
in other publications which also serve as sources for these lines: [2,6,7].

The equal peers of a decentralized P2P-network have often a variable con-
nectivity [2]. Thus peers are only reachable under changing addresses or with
a limited uptime. Solutions for this problem represent own P2P address spaces
whose identifiers are generated with hash functions by taking into account the
contents. Consequently, data are identifiable not by the location but by the con-
tents. This fact fulfills an essential condition for a Content-based Routing there-
with. If there are equal contents on different nodes, then these nodes represent
multiple potential routing destinations.

Distributed Hash Tables – DHT. A Distributed Hash Table improves the scala-
bility of P2P networks [8]. DHT uses a distributed indexing of the stored data
inside a P2P network. Such a strategy intends to reach a better reliability, fault
tolerance and performance, too. If you locate data via DHT, a complexity of
O(log N) will be attained in general. This well value outperforms the mostly
linear complexity of representatives of the first P2P network generation. If you
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insert new contents or new peers, DHT offers complexities of O(log N) and
O(log2 N) respectively. Distributed Hash Tables differ in the search methods
and the administration: so rings which resemble binary or B∗ trees are applied;
examples represent Pastry [9,10], Tapestry [11] as well as Chord [12] (known
predecessor publication: [13]) – the Content Addressable Network (CAN) pur-
sues a geometrical approach [14]. Every DHT node gets a part of the search
space – replications to neighbor nodes purpose to create redundancy. Distrib-
uted Hash Tables are similar to data bases regarding the indexing, but moreover,
a DHT owns a distributed administration of the data structure, mechanisms for
redundancy, and the ability to locate better reachable data instances which are
searched for.

2.2 Ant-Based Routing

Former papers described the utilization of the behavior of ants for solving
scientific tasks and for the information management in peer-to-peer-networks
[4,5,15,16]: The information transmission between wandering ants is realized by
pheromone paths. A wandering ant loses a special amount of pheromone per
trail, whereby each of such a pheromone marking dissolves with time. Ants fol-
low the path with the highest concentration of pheromones, unless no pheromone
trail is found, then ants go randomly. That makes finding of new paths possible,
but existing ways will be also strengthened.

The movement of an ant along a path has an analogy in the message chains
of peer-to-peer-networks. Such chains are comparable with ways built by links
to the neighborhood of every node. When the setting of the hop-counter of a
message has a value of ∞ (symbolized by a negative number), this message
can wander forever through the peer-to-peer-network, wherefore optionally a
stochastic or cyclic comeback to the origin of the chain may be chosen.

Each entry stored in the neighboring peer-to-peer-warehouse (in relation to a
certain node) gets additive parameters as counterparts of ant pheromone paths.
A variable symbolizing pheromones will be changed, when a message chain ar-
rives and is forwarded or the pheromone concentration decreases with time.
These changes of variables of single nodes do not disturb the whole peer-to-
peer-community significantly.

An unsolved problem of ant-based routing is an optimal consideration of
communicative performance aspects as an additional criterion for a more ef-
fective data routing. Hence, the new ant-based data traffic splitting makes a
contribution to a solution for this task.

2.3 Data Traffic Splitting

A splitting of a data traffic stream1 into partial streams generally allows a higher
data throughput for routing purposes. As an example, the WOSForward Service
stands for an application-based solution for such a splitting strategy.
1 In spite of the known discretization effects of a packet oriented data transfer, this

subsection uses the allegory of streams because of a better concise verbal presentabil-
ity.
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A characteristic of the WOSForward Service represents the usage of the com-
munication along disjunct paths [17]. The splitting process takes place inside a
region A where the bandwidth Bnear1 is obtained and the source node S of
the stream stands. A target node T with an available bandwidth Bnear2 is lo-
cated in the region B. The Internet with a wide area network bandwidth Bfar

connects both regions A and B. A fulfillment of the formulas Bnear1 >> Bfar

and Bnear2 >> Bfar forwards an effective application of a communication along
disjunct paths. So, in normal cases, local area networks have more bandwidth
than wide area networks in practice. With the exception of the standard path,
all streams are directed to so-called WOS-Repeaters which redirect the partial
streams to the target node T. The node T joins the standard path and the par-
tial streams; T reconstructs the origin data stream which is sent by the source
node S, too. Experimental tests with the WOSForward Service nearly resulted
a bisection of the transmission time by using of two disjunct paths in compar-
ison with only one path of a conventional point-to-point data transfer – the
bandwidth proportion thereby was Bnear ≈ 15 Bfar [17].

3 New Approaches

The first aim of this section is the motivation for the initiation of the new defined
abstract class of the application-based routing. Secondly, this section explains
some facts about the ant-based data traffic splitting: its background, causes,
features, and variants PADTS as well as SADTS.

3.1 Application-Based Routing

Definition: The Application-based Routing Class unifies all routing methods
which work in the application network layer.

Why You Need an Application-Based Routing? As mentioned in section 1, the
increasing net complexity and new requirements of users for finding and trans-
mitting information often overstrain conventional search and routing systems.
Hence, an intelligent searching and routing are more and more implemented in-
side the application layer. Thus users can evade the limitations of the underlying
network levels. The prevalence of peer-to-peer systems is an example for this gen-
eral development in the last years – as alluded in section 1, the quantity of data
traffic of peer-to-peer services in proportion to the over-all capacity amounted
to 85 % in the case of a typic Internet service provider in Sweden [3].

Details of network layers and standards often differ from protocol to protocol.
These particulars of the underlying network levels are not of interest for the
application-based routing. This high level of abstraction represents an advantage
in the development and usage of an application-based routing.

The following paragraph shows new routing possibilities using an application-
based concept by means of a thought experiment.
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A Constellation when the Application-Based Routing Transmit Data, Although
the Underlying Network Levels Refuse It. A thought experiment: two nodes n1

and n3 are situated in a network N1; the nodes n3 and n2 belong to the net
N2. If you want to transmit data from n1 to n2 without any routes between N1

and N2 on node n3, n3 will not forward this data to n2. If an application-based
routing software runs on n3, a data transfer from n1 to n2 can happen.

The next subsection describes the biological background for a new ant-based
data traffic splitting.

3.2 Optimal Traffic Organization in Ants

Dirk Helbing et al. provided an experimental evidence, how ants behave on
overcrowded paths [1]. These new facts even met with a wide response from the
public in the form of popular scientific publications [18,19].

Two alternative ways for the black garden ants Lasius niger (Hymenoptera,
Formicidae) were created inside the test environment. The test series utilized five
queenless ant colonies each with a population of 500 workers to record the traffic
behavior of these ants – the figure 1 sketched the experimental setup. If low traffic
occurs, these insects will prefer paths which smelt strongly. Existing modelings
and simulations also used before this preference of strong-smelling paths as a
common rule for the ant-based routing in computer networks as described in
subsection 2.2.

Fig. 1. Experiment setup illustration by Dirk Helbing

A significant discovery by Dirk Helbing et al. is that the ants entered the
second path during times of heavy traffic, which was generated via an artificial
reduction of the width of the first path [1]. Insects which tried to take the well-
known route were pushed and redirected by oncoming ants into another branch
– figure 2 shows this fact. There is a remarkable feature of ants’ behavior as a
paradigm for other fields of research: before a too heavy ant traffic and a con-
gestion could occur, the ants chose the alternative path. Thus these insects used
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Fig. 2. An ant is pushing and redirecting an oncoming member of the same species

into another branch. Illustration by Dirk Helbing

the alternative route preemptively. Consequently, the ants are able to transport
enough fodder into the nest.

In a press release, Dirk Helbing suggested to use ant-algorithms for data
routing purposes on the Internet [20]. The next text makes an innovative con-
tribution to a transformation of the recent results of ants experiments by Dirk

Helbing et al. into the field of computer science. Consequently, the new ap-
proach of this paper distinguishes from former works by other researchers who
could not yet use such novel test results by Dirk Helbing et al.

3.3 Transformation of Test Results into Computer Science

As mentioned before, the Ant-based Data Traffic Splitting (ADTS) is an inno-
vative contribution to the new defined abstract class of the application-based
routing. ADTS applies a peer-to-peer paradigm because of a decentralized con-
cept using equal peer nodes. Each peer organizes it-self and adapts the routing
behavior in dependence on the local node conditions which are influenced by
neighbor nodes, too. ADTS enhances former data traffic splitting approaches as
mentioned in subsection 2.3 with ant-based features.

Figure 3 as well as the below-mentioned remarks explain the ADTS method.
A set of k + 1 routes, which direct from a source node n1 to a destination node
nl+1, are given. The sets

E0 = {e1, e2, ... , el}
E1 = {e∗1, e∗2, ... , e∗m}

...
Ek = {ek∗

1 , ek∗
2 , ... , ek∗

n }

(1)

form a set system for the set of all edges E . Another set system

N0 = {n1, n2, ... , nl+1}
N1 = {n∗

1, n
∗
2, ... , n∗

m+1}
...

Nk = {nk∗
1 , nk∗

2 , ... , nk∗
n+1}

(2)

is used for the set of all nodes N . The identical nodes nl+1, n∗
m+1, ... , nk∗

n+1 rep-
resent the destination node. Therefore, the sets N0,N1, ... ,Nk are not disjointed
because of a common element in the form of this destination node.
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Fig. 3. Data transport by the Ant-based Data Traffic Splitting – ADTS

The bandwidth of computer networks is alike the width of real ant paths –
yet another analogy to the ants world.

If there is no necessity for the usage of an alternative path, real ants will pre-
fer a main path [1,20]. As mentioned before in section 2.2, pheromone markings
dissolve with time. These two facts promote ant-based algorithms in computer
science: The complexity of a distributed path system will be autonomously con-
trolled and reduced. So, ADTS uses only alternative paths as much as needful.
Thus, if there is no redundancy for the data transmission, less parallel paths will
increase the reliability of ADTS.

There are some differences between previous experiments with biological ants
and the ADTS analogy: Dirk Helbing et al. limited to two routes for test
purposes with living ants; the ADTS concept tends to split into several new
paths per node. Thus, the ADTS model has set systems for edges and nodes –
this makes an abstract explanation of the routing and splitting of data traffic
possible. A further difference: A natural ant represents a physical existing and
moving information processing unit using paths and nodes. The intelligence is
located inside a real mobile ant but not in a fixed fork. However, only localized
ADTS nodes make decisions for laying new routes because computer nets use
other places for the information processing: nodes but not data packets.

The Ant-based Data Traffic Splitting is categorized into two areas: PADTS
and SADTS; the following paragraphs shortly present both.

The Preventive Ant-Based Data Traffic Splitting (PADTS) applies data pack-
ets instead of data streams. The size of the PADTS data packets should be larger
than in other network layers because of the PADTS administration overhead.
If it is not possible for a PADTS node to send a data packet over a connection
with the strongest pheromone concentration, this PADTS node will take the
path with the nearest best pheromone concentration.
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PADTS reacts very fast to connection quality changes. The reason for this
behavior: A routing decision of a PADTS node depends on the last single data
packet which has passed the node. Without a knowledge of concrete bandwidth
values, PADTS nodes act. Real ants prevent a traffic jam by pushing oncoming
members of the same species into an alternative path (cf. section 3.2). Hence,
if a packet collision occurs, a PADTS node sends the data packet over another
route; consequently, PADTS deserves the adjective preventive. There are two
types of packet collision situations: Firstly, a system is not able to send and
receive at the same time (a practical example: wireless data networks which use
the same frequency for sending and receiving); if a data receiving process takes
place and a sending is planned, this situation will be interpreted as a collision
with the oncoming data traffic. Such a rule fits more to the mentioned analogy
of an encounter of natural ants than the other case: A lot of computer networks
realize a sending and receiving at the same time. So, if a data sending process
runs and another sending is planned, it will be taken as a data collision.

PADTS has a less reliability of the data transmission in comparison to
SADTS because PADTS comes with no connection-orientation.

The Stream-Oriented Ant-Based Data Traffic Splitting (SADTS) concept al-
lows the splitting of data streams in large distributed networks. The main goal of
SADTS should be a better data transmission reliability in comparison to PADTS
by an establishing of SADTS connections; thus SADTS is connection-oriented.
If no reliable connection is desired, SADTS will not be necessary. SADTS differs
from PADTS and hence from the pure ant-based principle: A single real ant
must not absolutely reach its target; this ant does not compromise the over-all
goal of an ant group to get fodder for the whole ant state.

If SADTS reacts to changes of the connection quality, SADTS will have a
higher inertia than PADTS because of three reasons: Firstly, the establishing of
a spreaded SADTS connection occurs for any length of time. Secondly, SADTS
considers no single data packets but streams. Thirdly, a SADTS node measures
the bandwidth of connections to neighbor nodes for routing decision purposes; a
measurement analysis will always take a couple of time. Consequently, in com-
parison to PADTS, the SADTS concept has a less traffic jam prevention.

The publication [16] mentioned in table 1 that the ant-based routing has
no link failure notification; hence, a task represents the creation of a SADTS-
enhancement for solving this problem.

If a branch of a spreaded SADTS connection was interrupted or a change
of the bandwidth appeared significantly, the whole connection would be newly
established. Thus, SADTS tries to arrange all the sub paths and their interde-
pendencies for a guaranteed connection between a source and a destination node
again; such a behavior differs from the paradigm of local algorithms. This man-
agement activity happens parallel to the ongoing impaired data transmission.

4 Conclusion and Outlook

This publication presented and motivated the new class of the application-based
routing. The paper also transfered recent biology test results by Dirk Helbing
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et al. [1] into the field of computer science: natural ants prevent a traffic conges-
tion by a special behavior which was shortly described. Such real ants react to
narrowing of a path by the parallel usage of another route. Thus, these investi-
gations have provided a basis for the conception of a novel data traffic splitting,
which uses ant-based principles, self-organizing nodes, and peer-to-peer proper-
ties. The paper pointed two new ways for such a method out: the Preventive
Ant-based Data Traffic Splitting and a stream-oriented variant; both represent
additions to the conventional ant-based routing that belongs to the mentioned
application-based routing class.

Local algorithms permit to interact only with direct neighbor nodes; this
decentralized approach simplifies the organization of large distributed networks.
The Ant-based Data Traffic Splitting could be applied for a data throughput
increasing of connected nodes, in particular in large distributed nets. ADTS offers
a chance for balanced connection capacities inside complex network topologies,
too.

Simulations with at least 102 nodes are planned for validation and optimiza-
tion purposes – a following paper will contain the results. As noted before, ADTS
routes by pheromones; if you use other local forms of memory or intelligence for
nodes, you can combine the introduced data traffic splitting principles with other
kinds of routing than the ant-based routing.
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Abstract. The peer-to-peer (P2P) file sharing applications have gained
a tremendous popularity and now they have millions of users worldwide,
since they were introduced in 1999. Due to chaotic structure, achieved
scale and network dynamics, they mostly employ a flooding-based search
to locate required files and therefore they are the main source of Internet
traffic. Thus, the study and development of P2P systems is an important
research challenge.
This article presents a survey of existing approaches to organize opera-
tions of P2P file sharing systems. It gives a classification of existing pro-
tocols and discusses the advantages and disadvantages of each technique.
It shows that both network structure and search algorithm influence the
operations of P2P applications.

1 Introduction

The peer-to-peer (P2P) file sharing systems are the large scale distributed ap-
plications devoted to file exchange among a large number of Internet users.

In contrast to popular client-server applications, end user machines in P2P
systems are involved in network operations by providing their resources (e. g.,
storage space, bandwidth and computer power) and acting as both clients and
servers. At the same time, they are not required to have permanent IP addresses
as it is necessary for servers in client-server Internet applications. Therefore,
they have significant autonomy, i. e., they can join and leave a network [1]. Uti-
lizing user machines in P2P systems helps to distribute the costs of file sharing
among the huge number of individual participants [2]. Any centralized server
that provides both content and directory service is extremely expensive to run.

Built at the application level, P2P systems consist of the peers connected
by a number of point-to-point connections (typically TCP). Due to the chaotic
unstructured nature and transient peer population, P2P systems mostly employ
flooding-based search mechanisms when many peers are probed whether they
have a requested file or not. Such a flooding is the main source of the Internet
traffic [3,4], which limits further system growth.

In this paper, it is intended to analyze existing approaches used to search files
in P2P systems. More particularly, it is intended to discuss the influence of the
methods on the search and network structure as well as methods applicability
to real P2P applications. The presented methods are categorized depending on
how search is realized and how the network structure is managed.

T. Böhme et al. (Eds.): IICS 2004, LNCS 3473, pp. 59–68, 2006.
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Accordingly, the article is organized as following. Section 2 presents a classifi-
cation of the existing search methods in P2P systems. It discusses the advantages
and limitation of these techniques. Section 3 presents a detailed description of
P2P protocols. The paper ends with a conclusion.

2 A Classification

The P2P protocols can be classified depending on how the search is realized and
how the network structure is organized and maintained (Fig. 1).

Fig. 1. A classification of P2P protocols

Existing search methods can be split into two main categories depending on
how search query forwarding decisions are made:

– Blind Search.
In a blind search, peers has no information related to file location. Therefore,
other peers are randomly probed whether they have a requested file or not.
Blind search protocols are simple and require peers to maintain a minimum
amount of knowledge about network organization.

– Informed Search.
In these systems, peers maintain additional information about file locations
which can be useful for the search. For example, a peer may have an in-
dex of files offered by other peers connected to it. Based on this additional
information, a peer decides which peers should be contacted.

A structure of P2P network is organized by point-to-point connections each
peer has. Depending on the criteria used to form these connections between
peers, the existing protocol are categorized as follows:
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– Structure is not organized.
Connections between peers are made mainly chaotically. They do not repre-
sent any dedicated network structure.

– Structure is organized.
Protocols build a dedicated network structure which is an important part of
the network operations. Therefore, the connections between peers are set in a
special manner to achieve required network organization. Currently, there are
two main kinds of protocols which build network structure. In the first one,
all the peers are divided into powerful peers which are mainly responsible
for network operations and weak peers connected to them. Accordingly, the
resulting structure is a two-level hierarchy.
The second one builds a network structure in accordance to data placement.
In this way, connections between peers are related to the data shared by
those peers (e. g., to connect peers which offer the similar content).

3 The Main P2P Protocols

The main P2P protocols can be divided into three main groups based on the
classification presented above. The protocols of the first group employ blind
search with/without network structure building. The majority of existing P2P
file sharing applications use protocols of the first group. The second group of P2P
protocols uses informed search without structure organization. The last group of
protocols employs informed search techniques in addition to network structure
organization.

The P2P applications and their protocols are presented in the following sec-
tions in groups.

3.1 Blind Search With/Without Structure Building

Gnutella [5] is decentralized both in the terms of file storage and file search.
Therefore, it belongs to pure P2P systems. As far as the connections between
peers are formed mainly chaotically, Gnutella belongs to unstructured systems
in short of complete knowledge. Searching in such networks is mainly done by
random search, in which various peers are randomly asked and probed if they
have a target file. In Gnutella, a peer initiates a controlled flood of the network
by sending a query message to all of the peers connected to it. When receiving a
query, a peer checks if it has a requested file. If so, it forwards a special message
back toward the search initiator [6]. No matter whether a file is found or not, the
peer continues to flood the query. To limit generated traffic, each message can be
forwarded only time to live (TTL) times. The advantage of such unstructured
system is that they easily react to the high dynamics of P2P networks, peers
can join and leave network without any notification. The obvious disadvantage
is that it is difficult to find desired files without flooding queries which influence
the scalability of such systems and significantly increase traffic.

FastTrack [7] protocol is a second generation of P2P protocols. It utilizes
the heterogeneity between peers (computer power, bandwidth and availability)



62 German Sakaryan, Markus Wulff, and Herwig Unger

to form the two-level organization of a P2P network. FastTrack is based on the
Gnutella protocol and extends it with the addition of supernodes to improve
scalability.

It is used in KaZaa P2P application [8] where a small number of powerful
peers (supernodes) handle traffic and routing on behalf of weak peers connected
to them. KaZaa peers dynamically elect supernodes which form an unstructured
network and use query flooding to locate content. Regular peers connect to one
or more supernodes to initiate query and actually act as clients to supernodes [9].

Even though FastTrack utilizes heterogeneity between peers, it still relies
on random search which is characterized by big volume of generated traffic. In
addition, a limited number of peers responsible for traffic handling and message
routing makes P2P networks more vulnerable to planned attacks.

Random Walks [10,11] is a range of blind search methods which benefit
from using the properties of overlay topologies. To search for an object using
a random walk, a peer chooses a neighbor randomly and sends the query to it.
Each neighbor peer repeats this process until the data are found. In addition
to random walks, the proactive replication algorithms [10] can be used. It was
proposed to replicate files in proportion to the square-root of their query rate;
this replication scheme can be implemented in a distributed fashion by replicat-
ing objects for a number of times proportional to the length of the search. The
proactive replication may take place on the peer even though the peer has not
requested the replicated data.

In the case of power-law random graphs [12], it was observed that high degree
nodes experienced correspondingly high query loads. Even though the proposed
approach helps to decrease generated traffic, it realizes the idea that, due to
massive replication, data can be found in the nearness (limited number of hops)
from the search initiator and if message will be broadcasted only to part of
all the neighbors, the data still can be found almost of the same probability.
The disadvantage of this approach is a random choice of a neighbor. The peers
available for a long time could be chosen more often.

The Logical Clustering [13] approach tries to improve the information
management in P2P networks by building dynamic cluster structures. The actual
network topology is not changed. The logical clusters are built by circulating
messages (wanderers). This provides the basis for a QoS (quality of service)
for this high dynamic distributed system, i. e., each peer can be visited by a
wanderer within a given time frame.

As mentioned above, the P2P networks can become very huge. The clustering
supports a division of the network in such small groups (clusters) that a QoS
regarding information management which fulfills certain time requirements can
be provided. The time in which a peer wants to be supplied with information is
the basis for the creation of the clusters Furthermore, the basic infrastructure
for a cooperation between the peers is provided by applying the clustering tech-
niques. Therefore, the clusters described here are defined as a subset of peers
in a P2P network which can be covered by a wanderer. This wanderer must be
able to visit all peers in that sub-network within a given time-frame.
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The algorithm running locally on every peer is able to build the clusters by
using just the knowledge about the network which is kept in the local warehouse.
The communication between the disjoint clusters is organized by wanderers as
well. For this purpose, every cluster has a dedicated peer. These peers are used
to build higher-level clusters based on the same mechanisms. The clusters of
these peers are connected by wanderers of the next higher level and so on. This
results in a tree like structure, which can be used to spread messages (e. g., search
requests) in the network.

The advantage is that the number of messages in the system is limited by
using wanderers as tokens. The logical tree of clusters is used for search purposes.

3.2 Informed Search Without Network Structure Organization

Query Routing Protocol (QRP) [16] proposes to make informed search in-
stead of network flooding. Peers are responsible for creating their own routing
tables which include hashed keywords and regularly exchange them with their
neighbors. These keywords are used to describe locally offered files. A Bloom
filter [17] is usually used to code a set of keywords in a binary array which is
suitable for transmission.

The computed routing tables are propagated up to several hops away from
the peer it belongs to. If a peer receives routing tables from its neighbors, it can
merge the tables and propagate the merged table further. In this scheme, the
peer may decide to which of the neighbors it is worth routing a search query be-
cause merged routing tables of its neighbors are available. To decrease a number
of hops required to find required data, routing table should be propagated as
far as possible. At the same time, the limitations of bandwidth and increasing
(with bigger number of propagating steps) ratio of false positives (mistakes with
membership checking [17]) limit this idea. In addition, far propagations decrease
actuality of information due to network dynamics.

Routing Indices (RI) [18] is an approach which employs ideas similar to
QRP. In contrast to QRP, RI does not use Bloom filters to summarize content
of neighbors. Instead, they use categorization of documents, which is a compli-
cated task for real applications. Each peer maintains routing indices for each of
the neighbors, indicating how many documents of which groups could be found
through that neighbor. If a new connection is installed, a peer aggregates all
routing indices of its neighbors, adds information about documents shared lo-
cally and sends an aggregated RI to a new neighbor. To keep data actuality,
peers should inform neighbors of the changes in RI caused by addition or re-
moval of documents or arrival/leaving of other neighbors. For practical purpose,
this might cause frequent retransmission of data since network is constantly
changing. Routing is done by the evaluation of ”goodness” of neighbors against
a query. If more documents could be found through particular neighbor, that
neighbor is chosen.

Adaptive Probabilistic Search (APS) [19,20] uses the additional infor-
mation about neighbors to make routing decisions. APS utilizes the feedback
from previous searches to make future search more focused. More particularly,
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each peer keeps a local index describing which objects (files) were requested by
each neighbor. The probability of choosing a neighbor to find a particular docu-
ment depends on previous search results. The update takes a reverse path back
to the peer search initiator and can take place after success or failure, adjust-
ing probability accordingly. In this way, a network demonstrates a self-learning
property which is supported by the discovered fact that many of the requested
files are close to the requesters [4]. In contrast to RI or QRP, no additional
overhead is required to obtain additional information about neighbors. There-
fore, it could be better adapted to the changing topologies. The used approach
leads to the situations when popular files could be located very fast, while other
files could be hardly located. Other limitations are caused by the fact that first
discovered peer (which has a requested object) might be more used for future
routing and might experience more load. At the same time, other peers which
are closer (from time or path length) could be ignored.

3.3 Informed Search with Network Structure Organization

Systems with Distributed Hash Tables (DHT). All the systems described
above were unstructured so that the connections between peers are made chaot-
ically, and data placement is completely unrelated to the structure formed by
connections between peers.

To overcome the scalability limitations of flooding-based unstructured sys-
tems, the recently introduced systems like CAN [21], Chord [22], Pastry [23] and
Tapestry [24] use another approach to the routing and topology organization of
P2P networks. This approach employs the idea of distributed hash tables (DHT)
functionality—mapping “keys” onto “values”—on Internet-like scale.

In DHT systems, files are associated with a key which is produced by hashing,
for example, the file name or the file content. The range of the output values
of the hash function forms an ID space. Every peer in the system is responsible
for storing a certain range of keys (or partition of ID space). The structure is
formed by routing tables locally stored on individual peers. A table includes a
list of other peers with addresses and range of keys they are responsible for. Such
systems are highly structured. The topology is tightly controlled and files (or
information about files) are placed at the precisely specified locations defined
by their keys. Depending on the application, the network structure and routing
may be different (for details see [25]). Due to careful data placement and tightly
controlled topology, DHTs have a scalable routing (O(log n) steps), where n is
the size of a network (number of peers).

The important disadvantages of DHTs concern to the resilience of the sys-
tem [26]. Since tightly maintained structure is important for correctness of op-
erations, the structured design is likely to be less reliable in the face of a very
transient user population.

Another important key problem of DHTs is load balancing. Due to significant
file popularity skewness [9,27], peers responsible for storing pointers to the most
popular files (or keywords) may become overloaded, since the majority of requests
for the most popular content come to those peers.
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In addition, retrieving content requires the knowledge of the exact file identi-
fier, which is problematic in real P2P file sharing applications. All these require
additional functionality which is missing in the original design of DHT systems.

A Content-oriented Approach to Network Structure Building and
Search [28] does not require tightly controlled network structure and therefore
copes with network dynamics better than DHTs. It includes two main concepts:
content-oriented search and content-oriented structure building.

Content-Oriented Search

To avoid flooding, each peer stores content summaries of its neighbors. The sum-
maries of peers can be represented as Bloom filters to code the set of keywords
used in file names offered by those peers. If a network is devoted to sharing ana-
lyzable documents (e. g., text), the text processing techniques can be applied to
create peers summaries. In this case, offered files and accordingly peers content
can be represented in vector form (e. g., [29]).

Every time a query is forwarded, a forwarding algorithm will consult these
summaries to select the neighbor to be contacted. If Bloom filter is used, the
query keywords are hashed by using the same hash functions which were used
to calculate Bloom filter. The obtained values are used to check keywords mem-
bership in a Bloom filter. In case analyzable documents are used, a query is
matched with vector representation of peers content as it was suggested in [29].

In both cases, a neighbor which is supposed to store required content is
contacted.

Content-Oriented Structure Building

In contrast to chaotically formed network structure, it is proposed to build con-
nections between peers based on relations between respective users. Those rela-
tions in P2P file sharing applications are described and determined by shared
(offered) and requested files. For example, if users offer similar content then
there is a relation between them. The locally offered content as well as requested
content is analyzed to create respective summaries.

Each peer analyzes summaries of its neighbors and restructures its neighbor-
hood.

The experiments have demonstrated [28] that the best system performance
was achieved when neighborhood includes two types of neighbors: those which of-
fer the most similar content to the one shared locally (so-called social neighbors)
and those which offer the most similar content to the one a user is interested
in (so-called egoistic neighbors). In this case, the resulting global structure is
content-oriented which represents grouping of peers based on not only similar
offered content, but also users’ interests.

Each peer has a possibility to collect information about other peers in a
network which are not direct neighbors. To avoid additional messages for net-
work structuring purposes, it was proposed to combine network discovery with
a search process. In this way, a search message includes additional data-Log
which contains a list of visited peers and summaries of their content. When a
search message comes back to the peer-search initiator, it brings a list of visited
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peers1. A peer analyzes a message Log and current neighbors and selects the
most appropriate peers for the new neighborhood.

The content-oriented structure building requires neither global control nor
complete knowledge for its operations. All algorithms are locally executed. The
global structure emerges as a result of individual activities of peers even under
the highly dynamic conditions.

The resulting structure improves search operations, since at the beginning,
egoistic neighbors are used to forward a query to the peers which might offer
required content and then social neighbors are used to forward a message within
a group offering similar content.

One can build an analogy with WWW. To search a page, a user can use its
bookmarks to go as close as possible to the required content and then it can use
the links provided on that page to other pages offering content about the similar
topic.

4 Conclusion

The article presented a survey of existing P2P protocols. It was proposed to
categorize the protocols depending on how they search data and organize the
network structure.

The presented survey has demonstrated that the network structure and the
respective forwarding algorithms significantly influence the properties of P2P
applications. The existing systems are mainly unstructured so that P2P protocols
mostly employ flooding which results to the traffic problem. On the other hand,
the application of highly structured systems is limited due to high dynamics of
network population.
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Abstract. In this paper we present a method that, given a communi-
cating system, allows us to reduce on average the number of messages
sent. The basic idea is to shortcut the most frequent dialogs appearing
in the communications. By doing so, some large dialogs can be reduced
to only two messages. In addition, not only the number of messages, but
also the size of them, can be minimized, on average, by considering the
probabilities of sending each message in each state.

1 Introduction

Compression algorithms are useful to reduce the size of huge amounts of data.
In this paper we are only interested in those compression algorithms that are
reversible, that is, it is possible to recover the original data from the compressed
version. This is the case of algorithms as Huffman codes, LZ, and LZW (see e.g.
[4,7,6]) which are used in most data compression tools. Even though compres-
sion/decompression is usually a computationally costly process, it is often worth
to sacrifice this computing capacity because of the limited storing capacity of
computing systems. Let us remark that compression algorithms are not only
useful to enlarge storing capacity. In fact, and this is the use of compression that
we consider in this paper, compressed data is getting nowadays very popular to
overcome transmission limitations through the Internet.

In this paper we consider communications between distant partners where
computational power is cheaper than transmission power. Examples of these sys-
tems are partners communicating through the Internet or located in a network.
A first approach consists in compressing isolated messages, that is, compression
at the message level (to the best of our knowledge, this is the only method stud-
ied in the literature). In this situation, each separate message is independently
compressed. We propose a more elaborated reversible method where compres-
sion is applied in such a way that not only isolated messages are taken into
account but whole dialogs. Obviously, in order to compress a dialog we should
know it before the transmission starts. This requires that each partner knows in
advance what the corresponding communicating partner is going to answer to
a given message, and again for the answer to the answer of the first message,
� Work supported in part by the projects TIC2003-07848-C02-01 and PAC-03-001
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and so on. Unfortunately, all this information can be known with certainty only
when the whole dialog has finished. But it is completely useless to worry about
compressing information that has been already transmitted!

Even though we cannot know beforehand a future dialog, we may try to
guess, with a certain probability, that dialog. For example, let us suppose that
P1 is going to send the message a to P2. In addition, P1 could decide that if P2

replies b then the message c will be sent to P2. Moreover, it could have already
decided (even before the first message is sent) that if P2 replies with d then e
will be sent. Thus, P1 knows that the complete dialog will be abcde assuming
that P2 will reply b to a and d to c. Let us also suppose that we can deduce
that the dialog abcde, between P1 and P2, has a high probability1. In this case,
it is obvious that it will be profitable to code the whole dialog in such a way
that it is not necessary to deliver five messages. In this case, the number of
transmitted messages is reduced in a high number of situations (because of the
high probability of the corresponding dialog).

Thus, assuming the previous conditions, how does one anticipate dialogs? Let
us consider again the previous simple example. Let us suppose that P1 observes
that the previous conditions hold, that is, that P1 decides to send a to P2, that if
afterwards b is received then c will be sent, etcetera. So, P1 will ask P2 whether
it is willing to perform the whole dialog σ, where both partners know in advance
that σ = abcde. If the dialog σ is compatible with its situation then P2 will reply
yes. Otherwise, it will reply with a different message (e.g. b′) and the dialog will
be continued from that moment on. Let us remark that in the first case we have
sensibly reduced the number of messages while in the second case we have not
incurred in any lost. Moreover, our approach does not only reduce the size of
dialogs by reducing the number of transmitted messages. In fact, it also reduces
the size in bits of the most common messages. Thus, the average size of dialogs
is reduced, although some low-probability dialogs can be increased.

Following these intuitions, we propose a formal method that, given a com-
municating system, allows us to compress the most frequent dialogs. In order to
know which are the most frequent dialogs, log files recording the past communi-
cations can be used. However, they can also be computed by using specifications
including the probabilities of sending each message in each state of the machines.
We will use this probabilistic information to find out which dialogs should be
compressed to decrease the average length of communications in a system. Be-
sides, we will provide a method to compress them by introducing shortcuts. Let
us remark that our notion of minimizing protocols communication is completely
different to the idea of minimizing the number of states of a given protocol, issue
that has been extensively studied in the literature (see e.g. [3]).

The rest of the paper is structured as follows. In Section 2 we introduce the
basic definitions related to our notion of dialog finite state machines. Then, in
Section 3 we define how to reduce their communications by introducing shortcuts.
Finally, in Section 4 we present our conclusions and some lines of future work.

1 This high probability can be deduced either from the historic record of dialogs or
from the specification of the possible communications between the partners
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2 Dialog Finite State Machines

In order to apply our method, we need to use a formalism to specify the cor-
responding systems. Finite state machines have already been considered in the
literature for specifying protocols and communicating systems (see e.g. [2,1,5]).
Following this idea, in this paper we suppose that the partners of the studied
system are formally defined as finite state machines2. Thus, by composing them
we can get a whole view of the system. This composite view of the system will
be formally defined by means of dialog finite state machines.

Intuitively, a dialog finite state machine, in short DFSM, represents all the
possible communications among the components. In every DFSM, states can be
classified into two classes, depending on the partner that has to send a message.
In this sense, we assume a strict alternation between the partners while sending
messages. Thus, in any DFSM there are only transitions from states associated
with a partner to states associated with another partner. Let us remark that
a transition represents that a given message has been sent. For example, if the
origin of the transition is a state associated to partner P1 then the destination
must be a state associated to P2. In addition, each transition of the DFSM has
attached a probability p. Its meaning is that the probability of sending the
message attached to that transition is p.

In our notion of DFSM we will consider some special messages representing
compound messages. A message (m1 · · ·mn?) represents that one of the partners
is proposing to perform a predefined dialog containing n atomic messages. A
message (m1 · · ·mn!) represents that the other partner accepts to perform such
a dialog. When this is the case, the whole n-steps dialog is communicated by
using only two messages (the proposal and the acceptance). In case the dialog is
not to be completely accepted, a message (m1 · · ·mi!b) is sent, where m1 · · ·mi

is the accepted prefix of the dialog, and b is the first message sent after rejecting
the rest of the dialog. Finally, if the first partner desires to send m1 but not to
perform the whole dialog m1 · · ·mn, it can send the message (m1 · · ·mn#). This
message allows a partner to distinguish between communicating m1 · · ·mn and
communicating any other message beginning by m1 when the compound message
(m1 · · ·mn?) is available. Let us remark that if (m1 · · ·mn#) is communicated
then we do not send only m1. In fact, we also know that the partner cannot
perform the whole dialog. Thus, we can recompute the probabilities of each
transition. In order to ease the presentation, we consider systems composed of
two partners. From the technical point of view, the extension of our formalism
to deal with n-partner systems is trivial (but cumbersome).

In the next definition we introduce the notion of dialog finite state machine.
In this definition, and during the rest of the paper, we use the trick of indexing
some related sets by i and 3−i. Let us note that if i = 1 then 3−i = 2, and i = 2
implies 3− i = 1. Since our communicating partners will be denoted by indexes
1 and 2, this trick will be used to relate each partner with its counterpart.

2 Actually, we only require that formalizations concern the portion of the behavior of
each partner where we want to apply our methodology
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Definition 1. A Dialog Finite State Machine, in short DFSM, is a tuple D =
(S1, S2, M1, M2, T1, T2) where Si, Mi, and Ti are the sets of states, messages,
and transitions of the partner i.

Each message set Mi is defined as a disjoint union Mi = αi ∪ βi, where
αi is the set of atomic messages and βi is a set of compound messages. Each
compound message m ∈ βi is a sequence of atomic messages of either the form
(m1 · · ·mn−1!mn) or (m1 · · ·mn$), where for any 1 ≤ j ≤ n, if odd(j) then
mj ∈ αi, while if even(j) then mj ∈ α3−i. The symbol $ ∈ {?, !, #} indicates
that the sequence is a proposal, a (partial or full) acceptation, or a not-proposal.

Each transition t ∈ Ti is a tuple (s, m, p, s′) where s ∈ Si, s′ ∈ S3−i are the
initial and final states, m ∈ Mi is the message communicated in the transition,
and 0 < p ≤ 1 is the probability of taking the transition t at state s. Each
transition t = (s, m, p, s′) will also be denoted by s m−−→p s′.

Let Tran(s) denote the set of transitions (s, m, p, s′) departing from state
s. Then, for any state s ∈ Si we have

∑
{p | (s, m, p, s′) ∈ Tran(s)} ∈ {0, 1},

where this value is 0 only when the set is empty. Besides, for any state s ∈ Si

and message m ∈ Mi there exists at most one transition t ∈ Ti such that
t = (s, m, p, s′). ��

Let us comment on the previous definition. First, let us remark that any
state belonging to Si represents that the next partner communicating in the
system is partner i. In that state, the communications that i can perform are
given by the transitions in Ti departing from that state. Transitions are labelled
by both the message transmitted in the communication and the probability of
performing such a transition. Let us note that probabilities of all transitions
departing from the same state must add 1 (unless there is no transition leaving
that state). Simple and compound messages are dealt equally, and they are both
transmitted by single transitions. Let us note that any transition performed
by partner i leads a DFSM to a state in S3−i, that is, a state where the next
communication will be performed by partner 3− i. It is worth to point out that
this restriction does not decrease the expressivity of the system. For instance, if
we want a partner to be able to transmit the sequence of messages ab, then we
can consider a single message c representing ab.

Example 1. Let us consider a communication protocol that describes the commu-
nications that take place in a peer to peer environment. Specifically, the protocol
denotes the negotiation process that takes place when a peer asks another peer
to share and transfer some file. The DFSM associated to this protocol is depicted
in Figure 1. We suppose that the sharing negotiation process is performed by
autonomous agents, where each of them behaves on behalf of its respective user
and its preferences. Sharing is a voluntary act, but agents remember previous
negotiations, so their behavior with other agents can change depending on their
previous decisions (e.g., if an agent A refuses to share files with other agent B,
then agent B will punish agent A by refusing to share files with A in the future).
Moreover, after a refusal an agent can complain to communicate the other agent
that if the request is not accepted then the future sharing with this agent will
suffer. Our peer to peer environment includes also some non-standard features.
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Fig. 1. Example of peer to peer system

For instance, after agents agree to transmit a file, the sender can ask the other
agent whether it wants the file to be compressed with a zip compressor before
sending it. Moreover, it can ask the receiver whether it wants the sender to check
the integrity of the file before sending it (i.e., whether it can be correctly open
with its respective reader application). In both cases, the sender will ask the
receiver only if it has the suitable applications to perform them.

Let us comment the details of the protocol. As no dialog has been compressed
yet, all represented messages are atomic. States of the requester and of the
provider are marked by letters A and B, respectively. Firstly, the requester asks
the provider for sharing and sending the file. Then, the provider can accept to
send it with high priority, accept to send it with low priority, refuse the sharing,
or ask the requester for waiting for a while and ask again. In the first two cases,
the requester can accept. In the last case, the requester can wait for a while and
ask again. In the last three cases, the requester can complain and ask for a better
deal. Finally, in all cases the requester can abort the operation. Let us suppose
that both partners accept to share and send the file. Then, if the provider has
a zip compression application, it asks the requester whether it wants the file to
be compressed. After, if the provider has the corresponding application to check
the integrity of the file, it asks the requester whether it wants that application
to be used before the sending. After this operation (or in a previous point if the
needed application was not available) the provider begins the sending of the file,
and finally the requester acknowledges the reception of it. Later on we will recall
this example to present how dialogs are compressed. ��
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Let us note that any communication a partner i can perform from a state s ∈
Si must be distinguishable from any other communication it can perform from s;
otherwise, the receiver of the message would be unable to properly interpret it.
Without loss of generality, let us assume that we use the simplest signature
to code our messages, that is, the binary signature. The binary code used to
denote a message in each state should be different to any other binary code
representing a different message in that state. Moreover, we must require that
the binary code associated to a transition is not a prefix of another binary code
associated to another transition of the same state. Let us suppose that c and c′

are codifications of the messages m and m′ respectively, and let us also suppose
that c is a prefix of c′. Then, when a partner receives the codification c it cannot
know whether the message m has been completely sent, or whether the message
m′ is still being sent. Let us include explicitly the binary codes associated to
transitions in our formalization. Given a DFSM we construct a derived codified
DFSM by assigning binary codes to each message/transition.

Definition 2. We say that a pair C = (D, η) is a Codified Dialog Finite State
Machine, in short CDFSM, if D = (S1, S2, M1, M2, T1, T2) is a DFSM and the func-
tion η : T1 ∪ T2 −→ {0, 1}∗ assigns a binary code to every transition in D such
that for any state s ∈ Si there do not exist two transitions t1, t2 ∈ Tran(s)
fulfilling that η(t1) is a prefix of η(t2). ��

Let us note that any code is a prefix of itself. Hence, equal codes in different
transitions of the same state are forbidden according to the previous definition.

In order to reduce the length of communications, it is desirable that codes as-
sociated to messages are as shorter as possible, while keeping their distinguishing
power. In any codification, binary codes associated to different transitions from
the same state might have different lengths. Obviously, it is preferable that most
frequent messages are associated to shorter codes. Next we introduce a notion
to denote a CDFSM where the codification of transitions in all states is optimal.
A locally minimal codification is a CDFSM where the weighted average length of
the messages is minimal. That is, when the length of each message is multiplied
by its probability, the average of these products is minimal.

Definition 3. Let D = (S1, S2, M1, M2, T1, T2) be a DFSM. A locally minimal
codification of D is a function η : T1 ∪ T2 −→ {0, 1}∗ such that (D, η) is a CDFSM
and there does not exist another function θ such that (D, θ) is also a CDFSM and
there is a state s ∈ S1 ∪ S2 with

∑
{length(θ(t)) · p | t = (s, m, p, s′) ∈ Tran(s)}

<
∑

{length(η(t)) · p | t = (s, m, p, s′) ∈ Tran(s)}
If η is a locally minimal codification of D then we say that C = (D, η) is a locally
minimal CDFSM. ��

A locally minimal CDFSM represents an optimal codification when we deal
with compression at the message level, that is, when compression is applied only
to atomic messages. Let us suppose that we construct a DFSM where all messages
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are atomic, and we obtain its locally minimal CDFSM. If we constrain ourselves
to perform a compression at the message level, then such a CDFSM provides a
codification where the average length of any dialog between partners is minimal.
However, as we will show later, our compression strategy will go one step further
by introducing compound messages and compressing whole dialogs. Let us note
that after the suitable compound messages are found and inserted into our DFSM,
the best codification for our compression at the dialog level is provided by the
corresponding locally minimal CDFSM as well.

The codification of the available messages in a state is independent from any
other codification in other state. Thus, the problem of finding the locally minimal
codification in a DFSM can be decomposed into the simpler problem of finding
the optimal codification for each state. Let us define how to codify a set of pairs
(message,probability) representing the messages of a state. This codification will
be applied to each state of a DFSM to create its corresponding CDFSM.

Definition 4. Let R = {r1, . . . , rn} be a set of pairs ri = (mi, pi) where mi is
a message and 0 < pi ≤ 1 is a probability. A codification function for R is a
function C which returns for every message mi a binary codification α ∈ {0, 1}∗
such that there do not exist (mj , pj), (mk, pk) ∈ R such that C(mj) is a prefix of
C(mk). We say that C is a minimal codification function if there does not exist
another codification function B for S with

∑
{length(B(mi)) · pi | (mi, pi) ∈

S} <
∑

{length(C(mi)) · pi | (mi, pi) ∈ S}. ��

As it is well known, the Huffman algorithm [4] computes the minimal cod-
ification function associated to a set of symbols (in our context, messages) and
frequencies (in our context, probabilities). Thus, if we apply it to each state, we
trivially obtain the locally minimal codification of a DFSM.

Lemma 1. Let D = (S1, S2, M1, M2, T1, T2) be a DFSM. Let η be a function
η : T1 ∪ T2 −→ {0, 1}∗ such that for every transition t = (s, m, p, s′) ∈ T1 ∪
T2 we have η(t) = Cs(m), where Cs is a minimal codification function of
{(m, p) | (s, m, p, s′) ∈ Tran(s)}. Then, η is a locally minimal codification of
dialog D. ��

Let us remind that atomic messages transmit a single message while com-
pound messages can represent proposals, refusals or acceptance of dialogs. Thus,
to identify the actual messages communicated in a sequence of transitions, each
message must be analyzed. Let us define the real meaning of a concatenation
of messages (either atomic or compounds). For the sake of clarity, in the next
definition we represent the sequences of messages as lists.

Definition 5. We define the effective messages belonging to a given list of mes-
sages by the following recursive expression:

effec([ ]) = ε
effec([(m1 · · ·mn?) | S]) = effec(S)
effec([(m1 · · ·mn!) | S]) = [m1 · · ·mn | effec(S)]

effec([(m1 · · ·mk!m′) | S]) = [m1 · · ·mkm′ | effec(S)]
effec([(m1 · · ·mn#) | S]) = [m1 | effec(S)]

effec([m | S]) = [m|effec(S)] ��
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Let us remark that a compound message as m1 · · ·mn? does not represent
any effective message, as it is necessary to wait until the other partner decides
whether to accept the proposal or not. Hence, such messages do not add any
effective message to the list.

Let us now consider how the current state of a DFSM evolves after a given
sequence of transitions. Sequences of messages will be denoted by evolutions.
Evolutions will be labelled by the sequence of messages labelling each transition
and the probability of performing the whole sequence. That probability will
be computed by multiplying the probabilities of each transition involved in the
evolution. Let us remark that loops of states may appear in evolutions. However,
it is not possible to have loops of length 1 since this would mean that a partner
can send two messages before the other one sends anything.

Definition 6. Let D = (S1, S2, M1, M2, T1, T2) be a DFSM. Besides, let t1 =
(s1, m1, p1, s2), . . . , tn−1 = (sn−1, mn−1, pn−1, sn) be transitions such that for
any 1 ≤ i ≤ n − 1, if odd(i) then ti ∈ Tj and otherwise ti ∈ T3−j for some

j ∈ {1, 2}. Then, we write σ = s1

effec([m1···mn−1])
==============⇒π sn, where π =

∏
pi, we

say that σ is an evolution of D. We denote the set of evolutions of D by Evol(D).
Let C = (D, η) be a CDFSM. Then, the code length of the evolution σ, denoted

by clength(C, σ), is defined as
∑

1≤i≤n length(η(ti)). ��

3 Introducing Shortcuts

A shortcut is a sequence of states and transitions that are added to the original
machine to reduce the codification length of a frequent evolution3. The aim of
a shortcut is to allow communicating partners to perform a given sequence of
messages with only a pair of messages (a proposal and an acceptance). In order
to do it, new compound messages are inserted to represent the whole sequence.
Obviously, reducing the codification length of a single evolution may produce a
penalty in the codification lengths of other evolutions. Actually, the addition of
available messages in some state requires, in general, to enlarge the codes of the
messages to properly distinguish them. Nevertheless, if shortcuts are carefully
introduced, the overall weighted average length of the evolutions will be reduced.

Next we explain the basic ideas underlying the construction of a shortcut, ant
then we present them more formally in Algorithm 1. Let us suppose that there is
an evolution from a state s1 to a state sn labelled by messages a1, a2, . . . , an−1

in a DFSM, and we wish to shortcut it. This evolution will also appear in the
modified DFSM. In addition, two new types of evolutions are added:

– First, a new evolution of two-steps is introduced. In s1, the first partner
proposes the whole compound evolution and then the second partner can
accept it, reaching the state sn in only two steps. These two new transitions

3 The length of this evolution must be even. The reason is that the second partner is
the one finishing the shortcut. Thus, the next message after the shortcut sequence
should be sent by the first partner
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Fig. 3. First approach for including refusals in a shortcut

are labelled by a1a2 · · · an−1? and a1a2 · · · an−1!, respectively (see Figure 2).
Alternatively, after the initial compound proposal, the second partner can
decide not to accept it. In such a case, we must indicate both the accepted
part of the proposal and the first message b sent after that part. Let us sup-
pose that the first i messages of the shortcut are accepted, but the (i + 1)-th
is not. The final state after the refusal will not be the (i + 1)-th state of the
original evolution. In fact, the final state must be the state reached after the
(i + 1)-th state when a message b is produced (see Figure 3). However, some
information is missing: When the first partner does not want to perform
the whole dialog, we must recompute the rest of probabilities of the original
path, as these probabilities are conditioned to that fact.

– The second step of the construction comes from that case, that is, the case
when the first partner is interested in sending the first message of the consid-
ered compound message but not the whole compound message. For dealing
with such a case, we need to clone all the intermediate transitions and states
of the original evolution (see Figure 4). This new cloned evolution will be
as the original regarding actions, but the probabilities will be updated with
the new extra information: We know that the first partner does not desire to
perform the shortcut dialog. Moreover, the last transition of the evolution,
denoting the willingness to perform the whole dialog, is not cloned.
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Fig. 4. A shortcut for a1a2 . . . an−1 from state s1 to state sn

Algorithm 1. Let D = (S1, S2, M1, M2, T1, T2) be a DFSM and let us consider
a sequence of transitions s1

m1−−−−→ p1 s2
m2−−−−→ p2 . . .

mn−1−−−−−→ pn−1 sn. Let σ =

s1
ρ

==⇒ π sn with π =
∏n−1

i=1 pi and ρ = effec(m1 · · ·mn−1). Let s1 ∈ Sk and
let l = 3 − k. A shortcut for σ in D is a new DFSM D′ = (S′

1, S
′
2, M

′
1, M

′
2, T

′
1, T

′
2)

constructed as follows:

– S′
k = Sk ∪ Ak, where Ak = {s′i | 1 ≤ i ≤ n − 1 ∧ odd(i)} is a set of fresh

states. Intuitively, this step represents the inclusion of the odd states of the
cloned evolution.

– S′
l = Sl∪Al, where Al = {s′i |1 ≤ i ≤ n−1 ∧ even(i)}∪{s′} is a set of fresh

states. Intuitively, this step represents the inclusion of the even states of the
cloned evolution plus the accepting/rejecting state s′ of the whole dialog.

– M ′
k = Mk ∪ {(ρ?), (ρ#)}. Intuitively, we add a proposal to perform the

shortcut as well as a message to perform the first step of the shortcut but
not the whole one (i.e., going to the cloned evolution, see Figure 4).

– M ′
l = Ml{(ρ!)}∪

⋃
1≤i≤n−1,even(i){(effec(m1 · · ·mi−1!m))|∃p, t : si

m−−→p t}.
Here we add the acceptance and rejections (that is, acceptances up to a
certain point) of the proposal.

Besides, transitions sets T ′
k and T ′

l are constructed as follows, where π′
0 = 1,

πi =
∏
{pk | odd(k) ∧ i ≤ k ≤ n − 1} and π′

i =
∏
{pk | even(k) ∧ 1 ≤ k ≤ i}:

– T ′
k = (Tk \ {s1

m1−−−−→p1 s2})
∪{s′i

mi−−→p−πi s′i+1 | si
mi−−→p si+1 ∧ odd(i) ∧ 3 ≤ i ≤ n − 2}

∪{s1
(ρ?)−−−−→π1 s′} ∪ {s1

(ρ#)−−−−→p−π1 s′2}
∪{s′i

m−−→p+p·πi u | si
m−−→p u ∧ u 
= sn+1 ∧ odd(i) ∧ 1 ≤ i ≤ n − 1}

After removing the first transition of the original evolution, we have to add
the odd steps of the cloned evolution. The probabilities change because we
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Fig. 5. Example of shortcut in the peer to peer system

know that the whole shortcut was not proposed. Additionally, we add the
shortcut proposal, the first step of the cloned evolution, and the transitions
to leave the cloned evolution.

– T ′
l = Tl ∪ {s′i

mi−−→p s′i+1 | si
mi−−→p si+1 ∧ even(i) ∧ 2 ≤ i ≤ n − 2}

∪{s′i
m−−→p u | si

m−−→p u ∧ u 
= sn+1 ∧ even(i) ∧ 1 ≤ i ≤ n − 1}
∪{s′ (ρ!)−−−−→π′

r
sn | r = max{i | 1 ≤ i ≤ n − 1 ∧ even(i)}}

∪{s′ (effec(m1···mi−1!m))−−−−−−−−−−−−−−−−−−→p·π′
i−2

u | si
m−−→p u ∧ u 
= sn+1 ∧ even(i)

∧ 1 ≤ i ≤ n − 1}
First we add the even steps of the cloned evolution. Note that in this case
probabilities do not change because the second partner is not the one reject-
ing the shortcut. Then, we also add the corresponding transitions to leave
the cloned evolution. Finally, we add both the acceptance of the shortcut
proposal and the set of rejections to it. For the rejections, we specify which
part was accepted and the probabilities are changed accordingly. �

Example 2. Let us consider that a shortcut is introduced in the system described
in Example 1. Let us suppose that two agents A and B use to share with each
other every file they have, always with high priority. Besides, most of the times
they want the file to be compressed, but they do not want the integrity of the
file to be checked. Let us suppose that this sequence of acts is performed in
95 per cent of times they negotiate. Then, it is clear that the whole trace of
transitions performing all of this acts (from the initial request up to the sending
of the file) is a good candidate to perform a shortcut. Let σ denote this whole
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shortcut from the first state. Let us note that, in spite that the first message (the
simple request to download) will have to be denoted with a larger code of bits,
the average length of symbols will decrease, because symbol σ will be performed
most of the times, while the original first transition will be so rare (actually, the
original request transition will be performed only if the requester does not want
to perform σ). As a result, a lot of communications will be saved. Obviously,
after the requester proposes σ, the provider can refuse it (though it will also
be rare). In this case, depending on the part of σ the provider accepts, it will
be conducted to a different state. Besides, if the requester wants to download a
file but it does not want to perform σ, the DFSM is conducted to the sequence
of cloned states. Each cloned state is related to the corresponding state of the
original path. The resulting DFSM after the inclusion of the shortcut is depicted
in Figure 5. For the sake of clarity, only those transitions directly related to the
new states are included. Besides, messages are referred by their initials. ��

4 Conclusions and Future Work

In this paper we have presented a method to reduce the communications in com-
municating systems and network protocols. By shortcutting frequent dialogs, the
number of messages needed for performing them is notably reduced. Moreover,
not only the number of messages, but also the size of them can be reduced (on
average) by applying our strategy.

We think that this methodology can be applied to the design of new proto-
cols. However, further research must be done to make our framework completely
practical. Besides, the reciprocal influence of shortcuts must be studied. We have
provided a method to decide whether we should introduce a single shortcut in a
DFSM, but our framework allows to introduce several shortcuts consecutively in
the same DFSM.
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Abstract. Virtual Reality applications for tele-operation are the base
for nowadays development of virtual laboratories where researchers can
share work at distance. Such systems must support a distributed frame-
work to scale and a good Quality of Service (QoS) support to be effective.
This paper proposes such a system, where the aim is the teleoperation of
robots for complex cooperation tasks between peers. The system has mul-
timedia components and virtual reality interfaces to control and monitor
the real robots state. To ensure the QoS, good politics must be defined
to manage the resources of the system to reduce bandwidth consump-
tion over the internet. To apply the QoS policies, an online algorithm is
adapted and compared against a greedy version. The online algorithm is
taken from a financial set of algorithms used to invest in stock markets.
The analogy between stock markets and the QoS control is shown as
promising for further applications with QoS support over the internet.

1 Introduction

Multimedia and Virtual Reality applications [8] running over the Internet re-
quires a high demand of connectivity among users communities. These applica-
tions are helping to increase the interaction necessary to share work at distance.
Therefore, communities can work on complex team tasks for example, to manipu-
late and to teleoperate physical devices from remote environments with precision
and effectiveness. However, one problem to overcome is when using the inter-
net related in how to avoid the possible perturbations of the network produced
by latency, jitters and data loss. Hence, the aim is to implement the adequate
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Quality of Service (QoS) management policies, resulting in good communication
helping to users to coordinate complex tasks at distance. Moreover, if the users
are seen like peers on the internet network, then some works in optimization can
be done from the side of each peer to support the QoS.

This paper presents a strategy to dynamically support the QoS of a distrib-
uted peer to peer system with the goal to control robots tele-operation over
the internet. Such strategy is related and built in from the software level. The
organization of the paper is as follows: on section two we give the context of
our specific application and the requirements to keep satisfactory conditions for
robots tele-operation, on section three we describe the proposed architecture,
the communication strategy and the QoS politics to implement; on section four
we advance a distributed solution on QoS based in a financial on line-algorithm;
on section five, we introduce the obtained results for this work and finally, on
section six conclusions are shown as well as the perspectives where we propose
future alternatives for QoS development.

2 The Problem Context

Universities and research centers in Mexico are joining efforts to support tech-
nologies helping to share resources from physical devices and computers. These
resources can be integrated into the concept of Virtual Laboratories, where stu-
dents and professors can tele-operate interconnected devices through networked
virtual reality user interfaces. The University of Guadalajara (UdeG), the Cen-
tro de Investigación y de Estudios Avanzados IPN (CINVESTAV) and the Uni-
versidad Nacional Autonoma de Mexico (UNAM) are working together, in a
collaborative project to support the development of virtual laboratories over the
Internet. A first step, was to set up an environment allowing the tele-operation
of real robots by means of virtual reality and multimedia applications over the
internet.

To drive solutions to increase the coordination and communication among
the peers teleoperating the robots, the system is aimed with a virtual reality
interface and a video/audio channel on each peer. This configuration, result in
an important bandwidth consumption because each peer on the network receives
simultaneously the audio/video signals from all other peers and because the
virtual reality interface acts like a shared memory where coherence must be kept.
Furthermore, the virtual reality interface have one communication line for the
robots control and other to feedback force information from robots sensors to be
reflected in haptic interfaces. As a case of study, the system intents to control a
pair of robots performing a simple writing task on a blackboard (each robot with
tree degrees of freedom). While controlling the robots, the main constraint for
the communication system is to prevent latency behaviors between peers. The
communication bandwidth is used by separate channels related to the robot
control data stream, the video/audio inputs and outputs, and the messages for
peers management. The control of the system bandwidth consumption is done
by deciding the granularity of information packages to send on each channel by
means of the QoS online algorithms.
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The QoS can be defined as the capacity to provide better network services for
application users requirements, providing satisfaction and understandability of
all subjective or objective parameter values [5]. The QoS goal is to provide a re-
source management strategy by priority including policies considering issues like
bandwidth, jitter, loss, and latency [4]. This paper is related with the solutions
that optimize the use of resources on each peer to deal with the QoS.

One of the main tasks for the virtual laboratory system, is to monitor and
to supervise the communication lines over the internet. Thus, the aim is to
get a stable communication among peers depending on available information
such as bandwidth, latency, jitter, and data loss. To get the best control over
these parameters and to ensure the safe tele-operation of robots, is necessary to
establish the adequate QoS policies.

Our contribution is to offer an scalable architecture that preserves the QoS
and to provide security (by means of stable signals) for the interconnected devices
that must be controlled in real time. The system implements the QoS resource
control based in policies. Policies are divided in tasks, actions and rules to provide
the security and QoS issues.

3 The Architecture of the System

The architecture of the system is shown in figure 1 illustrating collaborative
peers tele-operating the robots. Each peer is supported in different communica-
tion ports and protocols like the RTP (Real Time Protocol) for video, audio and
Virtual Reality updates and like the TCP/IP protocol for the system adminis-
tration messages. There are different kinds of peers states that can be settled
as: device tele-operation state, device master control state and observer state.
Tele-operation state is only possible when a haptic device is present to control
at distance one robot through the Virtual Reality interface. Video and audio
are available to look other peers participating in the tele-operation session. The
device master state is the peer where the real robots are interconnected and con-
trolled. This master peer, get control instructions from the tele-operation peers
and has a virtual reality interface also with audio-video channels. The video
channels are implemented for security to check that the real state of robots is
coherent against the virtual reality interface. The robots sensors send force feed-
back information to the haptic devices. Finally, the observer state belongs to
each additional peer that is not going to tele-operate any device and just only
wants to observe via the virtual reality interface the cooperation tasks.

The system is OS independent via the Java Virtual Machine with a depen-
dency only from the C++ programs to support the data acquisition cards for
sensors and the interconnected haptic devices. Such program interfaces are sup-
ported by the Java Native Interface. However, for these devices the most frequent
OS systems are linux and windows for the available drivers and libraries in C++
or C, on the external hardware devices used.

Video confering is supported by the java media framework library and an
implementaton of the RTP protocol that is used both for video and virtual reality
updates. The virtual reality interface is built in the top of the Java 3D library
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with support for sterographic devices. An administration module is implemented
to manage the security on the system, validate the users and have a general
overview of the other peers via the TCP/IP protocol. Finally, there is a QoS
module that implements the QoS policies and that is able to connect/disconnect
or reduce the bandwith consumption of all the networked peers in order to
preserve the QoS. This module can load different kinds of algorithms to improve
the performance of the QoS policies decisions to take. In this paper, we are
presenting two algorithms, one online and another determinist called greedy.

Next section will shown the policies to apply on the system before start
explaining the QoS algortihms implementation.

Fig. 1. The VE is partitioned in regions managed by a cluster

3.1 QoS Adaptation Policy

To manipulate efficiently the system resources for the QoS application support;
in general terms we have defined the following policies on each pear:

– A robots control stream always has a higher priority to use network band-
width, CPU and other related resources than a video stream.

– An Audio stream always has higher priority to use network bandwidth, com-
pared with the video stream.

– To avoid the QoS oscillation, the QoS system self-adaptation only performs
quality-degrading activity.

– The system may perform quality-upgrading adaptation under receivers re-
quests. The receiver request will be made using the administration channel.

The correct selection of the required QoS policy will depend on the latency
of the system and also on the current system state. A system state involves the
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state variables of each one of the peer to peer connections of the application.
In our case these state variables are Video (V) and Audio (A), the associated
values of these states variables are the following:

Normal Video NV

Degraded Video DV

Without Video WV

Normal Audio NA

Degraded Video DA

Without Audio WA

Notice that these states variables describe the performance of each one of
the peer to peer connections of the application, for instance we are considering
three peer to peer connections: 1) UNAM-CINVESTAV, 2) UNAM-UdeG and
3) UdeG-CINVESTAV, if we are monitoring the UNAM-UdeG connection then
it is possible that the latency reaches high values, in this case the state variable
V takes the DV value. However, the situation in another peer to peer connection
could be different and the state variable V in this connection could take another
value.

Given the architecture of the application, the QoS policies will be imple-
mented by peer to peer connection considering its latency in the video-conference
channel and its state variables. This is illustrated on figure 2.

Fig. 2. QoS policies process

Following are described each one of the QoS policies.

a) QoS policies when the latency value is less than 15 ms.

1. NV Continuing in same state;
2. DV Upgrade video under receiver request;
3. WV Open video session under receiver request;
4. NA Continuing in the same state;
5. WA Open audio session under receiver request;
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b) QoS policies when the latency value is in the interval 15 ≤ L ≺ 17ms.
6. NV Degrading video;
7. DV Continuing in same state;
8. WV Open video session under receiver request in a degrading mode;
9. NA Continuing in the same state;

10. WA Open audio session under receiver request;

c) QoS policies when the latency value is in the interval 17 ≤ L ≺ 19ms.
11. NV Close video session;
12. DV Close video session;
13. WV Continuing in the same state;
14. NA Close audio session;
15. WA Continuing in the same state;

d) QoS Policies when the latency value is in the interval 19 ≤ L ≺ 20ms
Send warning messages over the administration channel

e) QoS policies when the latency value is greater or equal than 20 ms.
16. NV Close video session;
17. DV Close video session;
18. WV Continuing in the same state;
19. NA Close audio session;
20. WA Continuing in the same state;

The automatas representing the change of values of the states variables video
and audio given a latency value are depicted on figures 3 and 4 respectively.

Fig. 3. Automata representing the values

taken by state variable video (V) given any

latency value

Fig. 4. Automata representing the val-

ues taken by state variable audio (A)

given any latency value

4 The Distributed Solution in QoS

An important component to control the QoS is the network monitor which pro-
vides as a return value the latency between peers. Latency is estimated as the
time for one package to travel from one peer to another. To avoid transients
on the latency lectures, the monitor also implements statistical functions to get
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some form of average latency providing a final value to be used by an online
algorithm which is the responsible of taking the optimal decisions to apply the
QoS policies.

An online algorithm is defined as one that must produce a sequence of de-
cisions on incoming inputs based only in past with out knowledge about the
future [6]. Controlling the QoS of an application is an intrinsically online prob-
lem. The study of online algorithms include concepts of scheduling, optimization,
data structures, game theory, combinatorial problems and other computational
topics. The framework of online algorithms includes the approach of competitive
analysis where the quality of an online algorithm is measured against an optimal
offline algorithm which is an unrealizable algorithm that has the knowledge of all
the future. Competitive analysis falls in the framework of worst case complexity.

One way to analyze the algorithm is to view the online problem as a game
between an online player and a malicious adversary. The online player runs the
online algorithm over an input created by the adversary. The adversary, based
on the knowledge of the algorithm used by the online player tries to put the
worst input to make the decision task costly for the online algorithm and to
minimize its competitive ratio.

Our original idea is to relate the problem of QoS to an online financial prob-
lem where the online player seek to invest its wealth among a number of invest-
ment opportunities in the most profitable way [3]. In our problem, the online
player look for the network state and must decide which QoS policy to apply
based on the online network latency measure. The network can be seen as a mar-
ket of s securities that can be stocks, bonds, currencies or commodities. Each
security has a price that fluctuates with the time and depending on the price
(related for us as the online latency measure), the online player must decide to
buy or sell a QoS policy in order to get a trading strategy that keeps a wealth
in our system or in other words, that keeps the QoS. If the latency start to in-
crease its value, the system must sell its services applying a policy that means to
decrease the use of bandwidth in communications. Moreover, if the latency goes
down on its value means that the price is good to buy and is related to apply
again a QoS policy to connect or increase the use of communication components
to increase the QoS to the optimal level. If the algorithm have not an optimal
performance on decisions, the system may operate with a negative profit called
loss but in the contrary keep a good QoS means a profit.

The adapted algorithm for the QoS control is based on a Money Making on-
line trading strategy from [2]. On such strategy, we must define market sequences
by relative prices as X = x1, x2, ..., xn−1. This market sequence is related in the
system to a set of lectures from the network monitor. Fixing n ≥ 2, assume that
each feasible sequence is of length n and impose the restriction that the optimal
offline return associated with an online sequence is at least φ where φ ≥ 1. Is
not difficult to see that φ can be obtained as φ =

∏
1≤i≤n−1 max{1, xi} Consider

the following algorithm wich is defined recursively in terms of (n, φ). Use Rn(φ)
to denote the return of the algorithm for a n period sequence. The algorithm is
decribed as follows:
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Algorithm: if n = 2, invest the entire wealth and otherwise invest b units in QoS
policies where

R2(φ) = φ

Rn = max
0≤b≤1

inf
x≤φ

{(bx + 1 − b)Rn−1(φn−1)}

The b units is a probability number meaning the trustability on a market
and in the case of our QoS application, is related to the network stability. If b is
higher, it means that the network is in bad state and that is necessary to invest
in more QoS policies to optimize the use of communication lines. Depending on
the value of Rn we have a set of ranges meaning the policy by priority to invest.
So, to lower values of Rn the policy is less aggressive in terms of resources to
reduce in use.

On next section we will compare this algorithm with a Greedy one, which
structure is very simple taking also its input online. Then, Greedy gets an average
from a set of lectures (equivalent to the market sequence for the Money Making
algorithm) and directly maps to a QoS policy.

5 Experimental Results

To test the proposed algorithm a set of 50000 inputs taken from the internet
and representing time of data traveling in milliseconds between two peers. The
market sequences were organized in packages of 10 inputs where both Greedy
and Money Making algorithms started. The Greedy makes an average of the
10 lectures and then maps the value to a table pointing to the QoS policy to
apply. In the case of the Money Making algorithm the result from Rn is scaled
and adapted to map it to the QoS policy table. Also, for Money Making the
value b = 0.4 was set to have a conservative output. All the algorithms and
programs where implemented in Java using the UDP protocol to manage the
data packages. The obtained result in cost (added and accumulated value when
a policy must be applied) is shown in figure 5.

It can be seen that the cost of the Money Making algorithm is over 2000
compared against Greedy that grows faster with the time.

6 Concluding Remarks and Perspectives

This paper presented a strategy to control the QoS of a peer to peer applica-
tion with the aim to tele-operate robots. One of the main problems is related to
preserve the stability of the communication lines by priority where the proposed
solution deals with resource management and optimization by reducing band-
width consumption of the peers in the system. This issue drives to identify and
build the QoS policies for the system and then to find an algorithm to have an
optimal use of policies to get the QoS. The optimal algorithm is taken from a
financial online algorithm where the paper shows how it was related and applied
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Fig. 5. Accumulated cost between a Greedy and a Money Making for the QoS system

where horizontal axis represents the inputs of network latency and vertical axis the

accumulated cost per choosing a policy

to the QoS system. The use of the financial recursive algorithm Money Making
in QoS open a framework for future works to improve the QoS under different
conditions of the network where some parameters can be better adapted as the
b factor for the reliability of the network that was fixed as a constant. Other
algorithm can detect the network state and adapt a better value for b. Another
work to continue is to compare not only greedy but different families of online
algorithms (deterministic and random) to improve the system and study how
can help the optimization of resources among communities of hundred of users.
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Abstract. From the recent past and current state of the Internet, it is possible to
forecast a wide growing of Multi Organizational Web–based Systems (MOWS).
Therefore, the reduction of both costs and time–to–market is desirable. On the
other hand, the success of building software in Product Lines (PL) is being demon-
strated in different contexts reducing both time–to–market and costs. However,
research on PL topics has not been oriented to include web–based assets. In this
article, we propose a first approach to use PL methodologies to build MOWS. We
identify quality aspects as a key point when building Product Lines of MOWS and
we give a way to specify quality aspects in PL.

1 Introduction

The term “Product Line" (PL) was first introduced in 1976 by David Parnas [13] and it
has been widely studied in Universities and in the industry since then [12,16]. The PL
concept means that similar products share a common set of components and functionality
(called core assets) and still, each individual product have some functionality specific to
it (variable part). For the software industry, it is a good approach since similar parts (e.g.
those belonging to the core assets) are developed only once and reused since then. The
goal for organizations that follow a PL development approach is to be able to develop
their products, by developing the variable parts only, and not developing the whole
product.

MOWS have been described in [14] as a particular case of federated systems [1]
or work–flows with multiple organizations [7]. The main difference between federated
systems and MOWS is that in federated systems providers are often reduced in number,
known beforehand and do not change along the system life–cycle. In MOWS, providers
are numerous, they are not necessarily known a priori and they can change along the
system life–cycle.
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Until now, PL engineering has not taken into account web–based assets. At the
same time, a process to build MOWS reducing both time–to–market and costs is not
well defined. In this paper, we propose a first approach that uses PL engineering when
building MOWS. The products in the PL are composed by web–based assets offered
by providers on the Internet. In this article, we focus on giving a step ahead to use
PL methodologies to build MOWS pointing out the importance of quality aspects. In
addition, we propose an approach to specify quality aspects in product lines.

The paper is organized as follows. In section 2, we give an introduction to MOWS.
In Section 3, we briefly explain the PL concept and we mention some of the benefits of
this approach. In Section 4, we present our approach to build PL of MOWS. Finally, in
section 5, we present conclusions and related work.

2 MOWS in a Nutshell

The incredible success of the Internet has paved the way for an industry devoted to
developing and running web services, which some authors tend to describe as the core
of the next–generation Internet. Web services bring programmers a new way to develop
advanced applications that are able to integrate a group of services available on the
Internet into a single solution. These systems have been defined as Multi–Organizational
Web–based System (MOWS) [5,14].

The reason why many experts forecast such a change from site-centric applications
to web-service-based applications is the recent bankrupt of dotcoms. They have failed,
not because of a lack of customers, but because of a lack of plans to make profit on
them. In the near future, profit will be as important as ever, but the model will change
from one based on competition to one based on collaboration. The success of the overall
collaboration will lead the way to the success of each of the individual units.

We provide an example to illustrate MOWS. Consider that someone is interested in
setting up a web portal specialized in providing movies. The portal offers a potentially
infinite catalog of films and the same functionality as a domestic video player. The
portal has three kinds of web services: a service for streaming videos over the Internet, a
service for managing catalogs and keeping them up-to-date, and a service for managing
virtual shops. Consequently, the portal becomes a service that integrates other more basic
services that are provided by other organizations.

3 Product Lines in a NutShell

PL engineering has been widely used in several industries such as hardware or telecom-
munications. For instance, there are PL of processors that share some commonalities but
still each processor has some specific characteristics. However, the PL approach has not
been widely adopted in the software industry [4].

The PL concept means that in an industry there are a set of products sharing a common
part, called core assets, and each of those products adds a set of specific characteristics,
called variable parts. PL is a promising approach to achieve one of the main goals of
software engineering which is software reuse.
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It has been said that PL engineering is a good approach for product–oriented orga-
nizations [2], which have a well known market domain. PL engineering might not be
suitable for organizations that are project-oriented because each project might have a
different domain.

A PL includes an application domain, where PL engineering is applied, and assets
that cover the derivation of products of such domain. An asset is a partial solution such
as a component, a design document, or knowledge that engineers use to build or modify
software products in PL [18]. The term ’domain’ may have different meanings for the
customers and the software engineers. We refer to domain in the same way that Bosch
does [2]. He makes difference between application domain and software domain.

– Application domain is the definition from the customer’s point of view where they
refer to the product as a whole as being part of a particular domain. For instance,
a word processor can be considered as part of the domain of building office suits
software.

– Software domain is the definition from the software engineers’ point of view where
they refer to the product that may belong to different domains. For instance, the
word processor may contain functions from different domains such as graphical
user interfaces, text parsing, spell checking, etc.

3.1 Activities

There are three main activities in product line engineering: core assets development
(also found in the literature as domain engineering), product development from core
assets (also found in the literature as application engineering), and management tasks
(the interaction between the first two activities). Core asset development is the part of
the process where the analysis, design, and management of the assets of the application
domain is done. Product development deals with the derivation or construction of new
products from the different assets in the application domain. If there is a part of a product
that is needed and it does not exist in the application domain, it may be developed, bought,
rented or even shared from other domain. An optimal state for organizations would be
to put most of the effort on core asset development activities and to put minimal effort
on product development. Unfortunately, this situation does not happen often.

3.2 Example: A PL of Web Videos

We use the example of a web video provider mentioned in section 2 to illustrate a PL.
The set of core assets are those that give the functionality of streaming videos on the
Internet, manage catalogs and keep them up-to-date, and manage virtual shops. There
could be a product line in this application domain. One product could offer access trough
mobile phones, another could offer access trough digital TVs or other similar devices
with different format. Both products share the same core and each of them has a variable
part. The organization offering this service would be clearly product-oriented since it is
specialized in a specific application domain. Once the set of core assets are developed,
the main activities will be addressed to integrate a short amount of assets covering the
variable part of each different product.
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3.3 Benefits

PL approach has several benefits:

– Cost reduction because of assets reuse.
– A reduction of time–to–market because once the core assets are developed it takes

less time to produce a new product.
– Many activities of the product life-cycle are shared among the products in the PL.
– There are common requirements, architecture, models, planning and so on.
– It is predictable that a quality improvement will appear due to the reduction of

rework.

The main weakness we have identified in this approach is that if an organization
wants to follow a PL approach, a large amount of work has to be carried out beforehand
(e.g., defining the set of core assets, processes, architecture, common requirements).

4 Our Approach

Up to now, there have not been efforts to create a methodology to develop PL of MOWS.
We propose a first approach to build MOWS in PL that follows three steps:

1. Include web–based assets in PL.
2. Study the impact of including web-based assets in the PL methodology.
3. Identify and specify quality aspects in the PL.

Our approach brings together two separates worlds of software engineering: MOWS
and PL. We use PL to improve the techniques to produce MOWS and to profit from
benefits of the PL approach such as cost and time-to-market reduction and quality im-
provement.

Our approach offers two important benefits:

– Reuse of components when developing MOWS.
– Reduction of work in core asset development because some of the core assets could

be rented or outsourced.

Following with the example of a web video provider, it is possible to identify an
application domain in this context and some parts that appear in all the products of this
PL. Three kinds of web services, at least, will shape the set of core assets: a

service for streaming video on the Internet, a service for managing catalogs and
keeping them up–to–date and a service for selling videos. From this base, it is possible
to define different products in the PL. Movies could be visualized through mobile phones
or through digital TVs. They are two different products addressed to different customers.
Moreover, they share a set of common core assets and they have variable parts (e.g., a
web video server or a mobile video server).

Features diagrams are used in the literature and industry to specify PL [6,8,11,9,17].
This type of diagram specifies a PL differentiating the common and variable parts.
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WebVideo

Login

VideoStore

VideoStreaming

Simple Encryption MobilePhone DigitalTV

Mandatory Feature
Optional Feature

Alternative Feature

Or Feature

CatalogControl VideoConverter

PCBrowser

Payment

Fig. 1. Feature Model of a PL of Web Videos

In figure 1, we use the notation proposed in [6, pag. 86] to clarify our example. In
this notation, there are four types of relations between features:

– Or-features: an or-feature of a set of or-features may be present in a feature model
instance if its parent feature is included. Then, one or more features of the set may be
present. It has the same meaning of an OR logical relation.

– Mandatory features: a mandatory feature is present in a feature model instance
when its parent feature is present.

– Optional Feature: an optional feature may or may not be present in a feature model
instance when its parent feature appears.

– Alternative Features: an alternative feature of a set of alternative features may be
present in a feature model instance if its parent feature is included. Then, exactly
one feature of the set is present. It has the same meaning of a XOR logical relation.

– Or–features: an or–feature of a set of or–features may be present in a feature model
instance if its parent feature is included. Then, one or more features of the set may
be present. (It has the same meaning of an OR logical relation).

In this example of a Product Line of Multi–Organizational Web–Based System
(MOWS-PL), it is possible to define different products. In figure 1, there are five parts
where different decisions define the set of possible products:

– First decision refers to whether to include a login service (optional feature) or not.
– Second decision implies to have a product in the video server with an image converter

service or without it (optional feature).
– Third decision: if the login service has been including in the product, it will be a

simple login service or an encrypted login service. In this case it is possible to decide
only one option (alternative features).

– Forth decision represents the possibility of having visualization through a mobile
phone, or a web browser or a PC Internet browser. However, it is possible to decide
on having one or more services at the same time (or-features).
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– Last decision represents the possibility of including a payment functionality (notice
the possible dependency between this feature and the login feature. If a virtual
payment is needed, an encrypted login service might be needed. This complex
problem about dependencies is out of the scope of this paper).

With the present technologies and web services provided over the Internet, every
feature of the feature diagram can be implemented by a web service. Several services
interacting at the same time conform a MOWS, therefore it is possible to define a MOWS
Product Line (MOWS–PL). As discussed in section 2, a particularity of MOWS is that
providers are not necessary known beforehand and may change along the system life
cycle. Thus, the key point that differentiate product lines using MOWS from those using
local components, is that quality aspects of the features become more important. The
functionality represented by a feature may be provided by more than one service, the
decision of which service will provide the specific functionality is going to be based on
quality aspects.

Up to now, we have not found any proposal in which quality aspects have been taken
into account when specifying PL. With the inclusion of web–assets, the quality aspects
become fundamental. Therefore, quality aspects need a specific way to describe them.

We propose to augment the feature diagram of figure 1 with quality features. In
figure 2 only a fragment (Video Streaming) of the diagram is presented because of space
constraints.

To be understandable, a feature diagram that includes quality information, must be
accompanied with a catalogue of attributes describing the quality features. In figure
2, the catalogue is defined using the QRL (Quality Requirement Language notation
[14]. Furthermore, we use discontinuous lines in quality features to distinguish between
functional and quality features.

A quality feature is directly related to a quality attribute. Nevertheless, the values of
these attributes should not appear in the feature model because different instances of the
PL can have different values for each quality feature.

5 Conclusions and Related Work

There is a significant amount of research done about PL issues. The European research
project, called CAFE [16] [16] whose main research area is on PL, has the collaboration
of some of the most important organizations with representation in Europe. However,
they have not addressed the introduction of web-based assets in PL.

There are some works in the literature suggesting the need of dealing with quality
features. Kang et. al [9, pag. 38] suggested the need of taking into account quality features
since 1990, when they described a classification of features. Later in 1998 Kang et. al
[10] made an explicit reference to what they called ’non-functional’ features (i.e., quality
features or extra–functional features). However the authors proposed to include in the
same model both functional and non-functional features without making any distinction
in the model between them. Later in 2001 Kang et. al [3], proposed some guidelines for
feature modeling. The authors made a distinction between functional and quality features
and pointed out the need of an specific method to include quality features. However, they
did not provide an specific way to do it.
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catalogue info.tdg-seville.His{
attributes{

Latency{
description :Time to Response of an specific service;
domain : int [0..60] sec;}
Availability{
description :a measure of a service’s readiness for usage;
domain : real [0..100] %}
Bandwidth{
description : number of Kilobits per second in an Internet connection;
domain : enum {128,256,512,2024}
Reliability{
description : A set of attributes that bear on the capability of a feature  to maintain its
level of performance under stated conditions;
relies: TTF, TTR}

}

availability

reliability

cost

Mandatory Feature
Optional Feature

Alternative Feature

Or Feature

Extra-functional feature

VideoStreaming

MobilePhone DigitalTV PCBrowser

Fig. 2. Fragment of a feature model including quality features

In [15], the authors made a distinction between functional and what they called
“parameters". The authors marginally introduced a way to deal with this kind of features.
There is a drawback in this proposal: the authors proposed to include the values of the
parameters in the feature model. With this proposal, the possible instances of the PL are
limited to the values specified in the feature model. In this paper we introduced a way to
specify quality features separating the definition of this kind of features at feature level
and the range of values at instance level.

Any of the previous works was not focused on the inclusion of web-based assets.
They only marginally describe the need of coping with quality features without giving
an specific way to do so. In this paper, we identified that quality might become a major
research topic when building Product Lines of MOWS (MOWS–PL). We have given
a brief description of our approach to deal with quality features in MOWS-PL. We
are currently working on implementing automated support tools for the derivations of
products in MOWS–PL. This automates support will take into account quality issues.
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Abstract. Nowadays, execution environments of applications are more and 
more heterogeneous: from powerful servers to smart cards. In order to assume 
the heterogeneity and the portability of applications, the component–based 
model has emerged as a model to develop new distributed applications. Thus, 
these applications are built as an assembly of interchangeable software blocks. 
Nevertheless, the gain of adaptability that comes from the use of component 
does not stretch to non-functional services (such as transaction management, 
security, etc). So, we suggest complementing the existing solution by facilitat-
ing the adaptability of non-functional services to their environment. Therefore, 
we propose to design a non-functional service as composition of small compo-
nents. Besides, it is possible to supply the most appropriate version of a non-
functional service to an application. So, in our approach, the application is 
composed by assembling both business components and non-functional compo-
nents. 

1   Introduction 

Today, computers in distributed systems are more and more heterogeneous. These 
computers may be very powerful servers, but also personal computers, personal digi-
tal assistants, mobile phones, smart cards and so on. In such environments, the pro-
grammers of new distributed applications have to manage the heterogeneity, and to 
assume the portability of their applications. A good solution to achieve this is to use 
the programming component model. An application is then realised by assembling 
business components. In addition, a component may be replaced by another, to fit 
with the terminal requirement. 

However, current component based platforms do not take into account the adapta-
bility to the environment for non-functional services. These services (for example: 
transaction management, security, services localisation, etc…) facilitate to users the 
management of some specifics tasks and the application development. These services 
are essential to assume an easy application deployment on distributed terminals. 

The aim of this paper is to propose a solution to adapt non-functional services to 
their environment. In section 2, we present the new needs for distributed applications 
deployed on heterogeneous environments. Then, section 3 presents the component 
model, which allows to develop an application, by assembling existing components. 
This model provides more flexibility in the conception of distributed application. In 
section 4, we present non-functional services, and explain how these services facili-
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tate the task of the programmer in distributed application. At the end of this section, 
we highlight the major drawbacks of classical non-functional services in applications 
based on the component model. In this section, we illustrate our purpose with the 
example of lookup services, which can be very different depending to the protocol 
used and the terminals capacities. Finally, in section 5, we propose to use the compo-
nent model itself, to realise new non-functional services, based on the assembly of 
small components, to facilitate the adaptation of a non-functional services for a spe-
cific environment. Then, a complete distributed application will be an assembly of 
business components and non-functional components. 

2   New Needs for Applications 

The emergence of both handheld devices and wireless networks has implied an expo-
nential increase of terminals users [1]. Today, users can be connected to distributed 
applications by using: 
• Personal computers at home or/and at their office. These users may also share data 

between their computer at home and the computer at their office which are usually 
more powerful (storage capacity, CPU power, etc) and are connected to the Inter-
net using a permanent connection (LAN or ADSL).  

• Handled devices: thanks to such devices, users can retrieve their information any-
where and anytime. Basically, handheld devices characterise small terminals such 
as Personal Digital Assistants (PDA), pocket PC or cellular phones. These devices 
offer communication functionalities, storage capacity, I/O unit and display facili-
ties. 

• Many other computers at home, such as a SetTopBox used for the digital and in-
teractive television, digital cameras, game consoles, MP3 readers, etc, which share 
a lot of characteristics with handled devices. 

The use of many computers by a same user is known as the ubiquitous computing 
[2,3]. However, to develop scalable applications in ubiquitous environments, it is 
necessary to consider several drawbacks, notably due to the heterogeneity of this 
environment. Moreover, Thanks to the evolutions of mobile and wireless networks, 
new proximity services can be proposed to handheld devices users [4], which are 
deployed in highly distributed environments, to offer new devices use perspectives to 
users. In this case, application development has to become more generic and flexible. 

An example of application is proposed in figure 1. This application is based on a 
classical auction service. However, the user executes this application by using several 
kinds of terminals. Each one of these terminals has specific characteristics (the mobile 
phone uses a Wireless LAN and has a confined execution environment, the SetTop-
Box uses specific connection to the network, with a high rate download link, and a 
low rate upload link, and so on). 

The ubiquitous computing is also used in the health context since it can help health 
professionals to consult important data when they are at home, at the hospital or any-
where else. Mobile devices can be used either by health professionals or by patients. 
Homecare represents a very interesting field of application and evaluation of wireless 
technologies [5]. First, let us consider that the patient’s health information is stored on 
the patient HAN (the remarks of patient close relatives) and doctor, fitted with a 
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handheld device such as a PDA, making his/her house calls. When he/she goes to a 
patient, he/she recovers the health information about this patient. Then, based on all 
the information, the doctor can make a diagnostic more easily. Finally, he/she updates 
the patient electronic health record stored on a patient’s smart card.  

In this kind of applications, due to the heterogeneous context, the programmer has 
to adapt its application to each terminal. Moreover, these clients do not use the same 
non-functional services. For example, you can not use the same security protocol on a 
personal computer and on a mobile phone or a PDA. So, today, a lot of non-functional 
services have to be adapted to the application participants. 

3   An Overview of the Component Model 
Today, platforms based on the component model facilitate the development of dis-
tributed applications in heterogeneous environments. These platforms allow to better 
distribute the different tasks necessary to develop an application. The business logic 
of the application (that will run on the application server) and presentation layers are 
notably separated in three tier architectures. In this part, we begin with a general de-
scription of the component-based programming model. Then, we describe existing 
component-based platforms. 

3.1   Component-Based Models 

A component is an autonomous and intelligent software module. It can be run on 
different networks, using different operating systems [6]. A component is described 
by one or more interface(s), by configurable properties (to personalize the compo-
nent) and technical constraints (for example, security or transactional needs). To be 
used, a component provides interfaces, which describe its features, and uses the inter-
faces of one or more components. This process is called assembly of components.  
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•100
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•100
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Fig. 1. Auction services in heterogeneous environment 
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In component-based applications, each business activities defines its own  set of 
components. For instance, the developer of the bank application will create specific 
components for the payment. This solution assures a better tasks distribution. Indeed, 
developers of each "community" propose the piece of software that they know per-
fectly. Then, operational applications are simply obtained by assembling existing 
components. 

To be used, a component must be deployed on an application server, which may 
contain several containers and proposes non-functional services, as the transactional 
service, the persistency service or the security service. These services are configured 
and parameterised during the deployment of the component. The code of a component 
only contains the business logic. The deployment of the application consists in con-
figuring data sources, the distribution of tasks on a given execution platform, the 
policy of security, and so on, for a given assembly of components. Once deployed, the 
component is managed by a container. This container provides to the component all 
the services necessary for a correct execution.  

A customer accesses a component using its interface. A component can also use 
one or more other components through their interfaces. These components can be 
managed either by the same container or by distinct ones.  

3.2   Existing Platforms 

Today, there are four main component-based platforms:  
• Microsoft .NET: The .NET platform [7] is the last evolution of component-based 

platforms proposed by Microsoft© and started with COM (Component Object 
Model [8]) in Windows environment. This platform is very influenced by Web 
Services [7] and uses Web technologies to assure interoperability (SOAP [9] for 
the transport of requests, UDDI/WSDL [10, 11] for service location and XML for 
data management). 

• CORBA Component Model (CCM [12]) is a very recent specification promoted 
by OMG. This specification provides the richest component model. However, 
there is no complete implementation of the CCM specification available on the 
market for the moment. The CCM platform relies on CORBA technology, both for 
transport protocols (IIOP/GIOP) and “non-functional” services (Naming, Transac-
tion, Security, etc.). 

• Enterprise Java Beans (EJB[13]): Numerous implementations of Sun’s EJB  speci-
fication have been proposed such as IBM WebSphere [14] or JONAS [15] pro-
moted by the ObjectWeb consortium. The EJB model essentially relies on Sun’s 
technologies (RMI/GIOP for the transport of requests). Nevertheless, some of the 
services proposed are inspired from the CORBA world. 

• Frameworks for the assembly of components: FRACTAL [16, 17] and AVALON 
[18] are frameworks of composition of components: a Fractal component allows a 
dynamic composability i.e. a composition of components is seen as a component 
itself. Moreover, thanks to different controllers, it is possible to monitor the 
constitution and the bindings of composite components, which are explicit and ex-
posed. Thus, the system has a representation of itself. It also allows one compo-
nent to be shared by two compositions of components. An implementation of the 
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FRACTAL model, called Julia, is proposed by the Objectweb consortium. 
AVALON is a service-oriented component model. The provided implementation 
of AVALON is Excalibur proposed by Apache. 

With all these platforms, the programming of business services is largely facili-
tated. 

Moreover, these applications can use non-functional services to facilitate the appli-
cation management (localisation services, such as Naming or Trading, Transaction 
services to assume data coherence and fault tolerance, security services, and so on). 
However, currently, existing non-functional services are not adapted to new heteroge-
neous environments such as those described in section 2. In the following section, we 
present the non-functional services used in component platforms, as well as their 
major drawbacks. 

4   Non-functional Services and the Component Model 

Non-functional services (also called technical services) are used to assume specific 
tasks in distributed applications. A non-functional service is a service that does not 
add new functionality to the infrastructure but a better quality of service (QoS). They 
can be used by all the components of the service implementation. Non-functional 
services are provided by the middleware and the component container. Each one of 
the quoted component models provides its own implementation of non-functional 
services. In this section, we present the different classes of non-functional services in 
the component-based platforms presented in the previous section. Then, we study the 
major drawbacks of current implementations of these technical services. 

4.1   Non-functional Services in Component-Based Model 

We can classify non-functional services defined in the component model in four dis-
tinct categories: 
• Interactions between components: In this category, we find the services which 

allow components to interact and/or to collaborate (distribution management, syn-
chronous transport requests, asynchronous transport requests, …) 

• Life cycle management: These services allow to manage the component life cycle 
(deployment, activation, execution, destruction). In this category, we also find lo-
calisation services, such as Naming or Trading Services. 

• Information system management: These high level non-functional services  allow 
data persistence, transaction management, security, …  

• Quality of service: These services include load balancing, synchronisation, and so 
on. They guarantee a minimal level of quality for services execution. 

To use these non-functional services, the application assembler indicates in the de-
ployment file the technical services he/she wants to use. For example, in the Enter-
prise Java Bean platform, the application assembler uses a transactional attribute to 
select if he/she wants to use (or not) the transaction management. This transactional 
attribute (for example: NEW_TRANSACTION_REQUIRED to create a new transac-
tion) is specified in an XML deployment file. 
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Technical services also facilitate the programmers’ task, by managing distributed 
constraints (such as naming or trading services, load balancing, …). However, when 
the programmer wants to use one of the technical services, this service is used on his 
terminal (cf. figure 2).  

conteneur

transactions

Terminal A (Client)

conteneur

transactions

Terminal B (Server)

Common protocol

 
Fig. 2. Transactional mechanism in component oriented application 

For example, in figure 2, the distributed application is running on two terminals 
(terminal A, which can be a PDA, and Terminal B, which can be an application 
server). On terminal A, there is an application formed by one or several components. 
This application also uses localisation services to retrieve remote services and transac-
tion services to secure actions performed by the user. On terminal B, there is the mer-
chant application. 

Technical services on both terminals must be compliant with each others (for ex-
ample, in figure 2, Transaction services on Terminal A must be compliant with trans-
action services on terminal B, to perform a correct transaction management). Cur-
rently, the only solution in existing component based platforms is to use the same 
service on each terminal. 

4.2   Major Drawbacks 

Currently, non-functional services do not allow to adapt their functionalities to the 
environment. In the following, we will illustrate our purpose with the example of 
lookup services. Many lookup services have been proposed these last years. In dis-
tributed environments, these services are required for users to retrieve data or services 
in a transparent way. Several kinds of lookup services may be distinguished. First, 
naming services (like the Internet DNS Protocol1 or the CORBA Naming Service2) 
are used to retrieve an object according to its name. Naming services provide location 
transparency of objects to users. Using a naming service, a user can bind a name to an 

                                                           
1  Domain Name Service Protocol: http://www.ietf.org 
2  CORBA Naming Service:   

http://www.omg.org/technology/documents/formal/naming_service.htm 
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object and then, later on, he/she can query the naming service to localize his/her ob-
jects. Then, trading services (such as the CORBA Trader3) are used to retrieve infor-
mation according to its properties. These services propose a yellow pages service and 
so facilitate the offering and the discovery of services instances of particular types. A 
trader can be viewed as an object through which other objects can advertise (or ex-
port) their capabilities and match their needs against advertised capabilities (called 
import). Export and import facilitate dynamic discovery of (and late binding to) ser-
vices. To export, an object gives the trader a description of a service and the location 
of an interface where that service is available. Directory services (like LDAP [19] or 
UDDI4) provide both white pages and yellow pages services. They propose to retrieve 
an information using either its name or/and its properties. A network directory service 
is a highly distributed information system in which directory entries are organized 
into a hierarchical namespace and can be accessed by names or by using declarative 
queries.  

These systems provide means for managing security, scale and heterogeneity, as 
well as allowing conceptual unity and autonomy across multiple directory servers in 
the network. Compared to directory services, naming services are of course very lim-
ited since only services administered in remote servers can be named in such services. 
No property (i.e. attribute) can be added or stored in naming services to characterize 
the association realized between a name and a service. These properties are usually 
exported in a trader.  

According to the environment where the applications are deployed, very different 
lookup solutions are required. So today, we have to face to an important need of 
adaptability for lookup services. For instance, a traditional CORBA application where 
objects are created dynamically will only require a naming service so that created 
objects may be named and then easily retrieved by client applications. On the other 
hand, other applications have much more complex requirements as it is the case for 
M-Commerce applications for example. In such an application, a potential client, 
fitted with a handheld device such as a cell phone, enters in a virtual Commerce Zone. 
Thus, the potential client can receive several merchants offer broadcasted on the 
LAN’s commerce zone and then select the most interesting offers in function of 
his/her preferences. If the client is interested in specific offers, he/she goes to the 
merchant who is close to him/her and finally buys the products. Lookup services de-
ployed in such environments for clients to easily retrieve an offer, a vendor and so on 
have to face numerous constraints compared to our first example. In particular, they 
generally have to support a very important number of clients. These lookup services 
also have to manage many updates since the vendors have to maintain up-to-date the 
information about the products available in their stores. Besides, these services have 
to provide advanced querying capabilities. Indeed, in our example, clients will not 
retrieve information using a logical name but will execute complex queries to get for 
example the list of vendors who sell red shoes at the first stage of the shopping mall.  

Today, the solution adopted to answer the needs of such applications consists in us-
ing several lookup services, a naming and a trading service for example. Nevertheless, 

                                                           
3  CORBA Trading Service:   

http://www.omg.org/technology/documents/formal/trading_object_service.htm 
4  Universal Description, Discovery and Integration: http://www.uddi.org 
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the coherence of information stored in these different services is not maintained what 
can cause severe inconstancy problems. In the following, we discuss the interests of 
the component model in this context. 

5   Non-functional Services Using the Component Model 

In this section, we describe how to use the component model to implement new non-
functional services. These services will be designed as a composition of components, 
to allow the modularity and the adaptation to all applications specificities. In the first 
part of this section we propose a definition of non-functional services as a composi-
tion of components. Then, we will focus on the assembly of an application using such 
non-functional services. Finally, we will illustrate our purpose with the example of a 
lookup service based on the component model. 

5.1   Definition of Non-functional Services as Components 

The best way to easily create adapted non-functional services is to use the component 
model. With this model, non-functional services can be decomposed in many sub-
tasks. Each one of these tasks is programmed as a component. To propose a specific 
version of a given non-functional service, the programmer has to assembly all the 
components he/she needs (cf. figure 3). 

NFS1
P1P1

P2P2
 

Fig. 3. An example of non-functional service seen as a composition of components 

When the programmer wants to use another implementation of a non-functional 
service, he/she has to define a new assembly to generate a well-adapted non-
functional service. Therefore, it is naturally important to use a component model that 
allows to create a component as a composition of existing components. So, a non-
functional service will be itself a component, that is an assembly of elementary com-
ponents. With the FRACTAL model, you can easily assemble several components to 
generate a new bigger one. Moreover, you can easily take over a component, by using 
a component, which presents the same interface. So, with the FRACTAL model, we 
can easily change the non-functional services version for a specified environment. 
Moreover, thanks to different controllers, it is possible to monitor the constitution and 
the bindings of composite components, which are explicit and exposed. Thus the 
system has a representation of itself. It also allows one component to be shared by 
two compositions of components. 

Since a non-functional service is considered as a component, it has the same char-
acteristics: separation of meta-data, expression of required and supplied API (facets 
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and receptacles), automatization of sending and receiving messages (event sources 
and sinks), reusability. Moreover, with the Fractal model, a composition of compo-
nents is a component itself. Then, a non-functional service can be seen as a composi-
tion of all the components which implement its models. 

5.2   An Application as a Assembling of Functional  
and Non-functional Components 

The composition of a business component plus its non-functional services is also a 
component. In this part, we describe in depth the composition and the binding that 
should be constituted of such a composite component. Then we focus on the advan-
tages of this concept by shortly explaining how two components can use the same 
non-functional service. 

S
S

C

AS

CB

NFS2

NFS1
P2

P1

I

 
Fig. 4. An application gifted of non-functional services 

An application (A), gifted of non-functional service (NFS1, NFS2) is an assembly 
of its functional components (seen as one big composition A) and its non-functional 
services (see figure 4). As long as non-functional services are components, they are 
invoked through one of their interfaces (ex: P1 or P2 for NFS1) thanks to bindings. 
The application is thus reachable through an “interceptor component” (IC) that ex-
poses the same client interface as the application (S). When a method call is invoked 
on the application, it is intercepted by the “interceptor component”, which executes 
this method call but also the non-functional services. As this “interceptor” is based on 
AOP (Aspect Oriented Programming), it is possible to define for each NFS a policy of 
execution, e.g. if it has to be executed before or after the method call. 

Note that we define a “call-back component” (CB) that represents the functionality 
that a component must provide to some non-functional services (for example NFS2). 

For example, methods defined in the javax.ejb.SessionBean interface or in the 
javax.ejb.EJBContext are call-back methods. They are used by the container to man-
age the non-functional services of life cycle, transaction and security.  

In order to write those call-back methods, the developer has to know both about the 
non-functional service and the application. Then, the application has to provide the 
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“call-back component”, which was written separately. If the application does not use 
the non functional service which needs the callback component, there is no need to 
add it to the composition. 

When two components use the same non-functional service (NFS in figure 6), it is 
possible for them to use the same instance of it through different facets. Thus they can 
access the appropriate version of the non-functional service. Each service of the ap-
plication is accessed through its “interceptor component” and if the non-functional 
service needs “call-back methods” then for each component it uses the corresponding 
“call-back component” (e.g. CB1 for A1 and CB2 for A2) thanks to appropriate bind-
ings. 

5.3   Application to Lookup Services 

To propose an adaptable lookup service solving the problems mentioned in section 4, 
our purpose is to design an adaptable lookup service based on the component model. 
This service may provide either naming or trading features to users according to users 
needs. For instance, querying capabilities proposed by the adaptable lookup service 
vary from the simple resolve operation proposed by naming services to retrieve an 
object using its name to evolved query languages for users to better specify their re-
quirements. 

The main interest of the component model in this context is the possibility to de-
sign a service as the association of several different components (storage manager, 
query manager schema manager and security manager). Using the component model, 
these components can be dynamically assembled according to the requirements of the 
user at the deployment time. Different components will be implemented for each 
feature proposed by the service. For instance, a component will implement the resolve 
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Fig. 5. Two applications gifted with a unique non-functional service 
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operation traditionally proposed by naming services and another one will propose an 
operation to evaluate queries in a particular language. This dynamic composition 
approach makes the service completely extensible since components can be added 
according to the users needs. Then, when the lookup service is deployed, the compo-
nents the most adapted for the application are selected to propose users a convenient 
solution and to avoid them the delicate management of several interdependent ser-
vices. 

6   Conclusion 
The increasing development of heterogeneous terminals in distributed environments 
requires a high level of adaptation for distributed applications. Today, these applica-
tions are built by assembling business components (with EJB, CCM, or FRACTAL 
models) and non-functional services. The component model allows to easily substitute 
a component by another one to adapt the application to a given context. However, 
currently, the developer of a distributed application cannot adapt the non-functional 
services. 

In this paper, we have proposed to consider non-functional services as an assembly 
of components. This allows to reconfigure, at the application deployment time, the 
non-functional services to take into account all the terminals need. At the end of the 
application building, business and non-functional components are assembled to gen-
erate the complete application.  

We have presented the example of a lookup service, which needs a high level of 
adaptability. Indeed, according to the environment where the applications are de-
ployed, lookup protocols are very different (based on a broadcast protocol, or in the 
opposite with Peer to Peer (P2P) protocols). We have shown how different lookup 
services could be designed, by assembling several different components (storage 
manager, query manager schema manager, security manager and distributed protocol 
manager). 

Currently, a prototype of a transactional manager in a component way is under im-
plementation, based on the FRACTAL model. Our goal is to allow to manage many 
transactions model (flat transaction, nested transaction) dependent from the applica-
tion needs. 
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Abstract. The current paper proposes a platform for learning objects manage-
ment, based on the paradigm of intelligent agents. Such platform offers a per-
sonalization of the information based on user’s behavior, an intelligent search 
capability for seeking some information between the objects and their ramifica-
tions, as well as the current state of the resources that compose to a certain ob-
ject. This will allow the identification of the right objects to create suitable edu-
cative courses. The main contributions of the paper are: in first place, the 
proposal of integrating the technology of intelligent agents to a platform of 
learning objects, which makes more easy and precise the search of objects in 
several repositories located, mainly, in geographically distributed places; Sec-
ond of all, the improvement of a technological tool which supports the process 
of education, through a scheme of distance education, utilized by the University 
of Colima; Finally, we intend to promote the adaptation of these educative 
schemes to the new technological advances, brought by Computer Science and 
Telecommunications in last years.  

1   Introduction 
In last years, Internet has changed the form in which people communicate trade and 
learn. In the educative context this change is reflected on the form that materials are 
designed, developed and distributed. Nowadays, the demand of education has in-
creased by diverse social and demographic factors. Before this situation, new educa-
tive schemes have arisen in the academic world. One of them is distance education, 
which intends to satisfy such demand and to apply new technological paradigms to 
the daily task of teacher and student. Within this scheme, a new technology called 
learning objects is being increasingly outlined as a technological innovation in in-
structional design due, primarily, to his generative, adaptive and scalable potential. 

A learning object, according to [1], is defined as a digital entity with instructional 
design features that can be used, reusable or referenced during the computer-enabled 
learning process. 

The characteristics of an object are: 
• Interoperability: The Capability of integration. 
• Reusability: The capability of being combined within new courses. 
• Scalability: Allows integrating to more complex structures. 
• Self-generation: The capability of new objects generation based on it.  
• Management: Concrete and correct information about offered content ad possibili-

ties. 
• Interactive: The capacity to activity and communication generation between in-

volved users. 



112      Nicandro Farias Mendoza et al. 

 

• Accessibility: Access facility to appropriate content in appropriate time.  
• Durability: An Expiration Time of object’s information in order to avoid to be-

come obsolete.  
• Adaptability: Characteristic to fulfill the needs of learning of each individual. 
• Conceptual Self Contention: The capability of being self explained and to allow 

integral learning experiences  
The most important characteristics in this case of study are: scalability and self-

generation, which allow the creation of knowledge networks that can become too 
complex for searching objects in order to fulfill a specific criteria. 

The University of Colima, aware of the relevance of this sort of educational re-
sources, has developed a platform to manage learning objects which gives to the aca-
demic community the opportunity of knowing and using the objects that have been 
implemented on the different centers which generate educational resources within the 
University itself (CEUPROMED, CIAMs Network, CEUVIDITE, CENEDIC, etc). 

Along with the creation of this platform, new problems have emerged. For in-
stance, every time a new resource is attached to an existing object, it is mandatory that 
this resource could be considered by the search engine, because it could happen that 
neither the original object fulfill the specified criteria nor the resource match the pro-
file of the user that request it. In addition, there is the case that these criteria could be 
either fulfilled within an attached resource, by combining two related objects or, yet, 
by combining an internal object with an external one.  

Our proposal is strongly based on the framework of a technological platform pre-
viously developed by the University of Colima which allows managing the set of 
learning objects that have been implemented on the different centers of this house of 
studies. Some related works to this field of study have been accomplished. It is the 
case of M.Chan that in [3] is proposing a Mexican Repository of Learning Objects. 
L.Iriarte and others in [4] propose a mechanism to create repositories of learning ob-
jects automatically. A.Saad in [5] introduces a model to interconnect Learning Ob-
jects in specific learning paths via a spreading activation mechanism. On the other 
hand F.A.DorÇa and others in [6] propose a multiagents architecture to distance edu-
cation where they contribute with the idea of a pedagogic agent able to conforming 
courses according to the user's capacities.  

In this paper we deal with an improvement for such platform which uses a multi-
tier architecture, based on intelligent agents, that is divided as follows: 
• Presentation Layer: It allows to the user to interact with the platform. 
• Agent Layer: It gives the required functionality for creating, transferring and using 

one or several intelligent agents that will easier the search of learning objects. It 
will also allow content personalization according to the preferences showed by the 
user and based on his behavior. 

• Management Layer: It gives the required business logic to retrieve information 
both, from this platform and from external ones  

• Communication Layer: It offers a set of physical protocols and standards that 
allow interacting to different devices and agents over a communication network.  
We consider that, by using a schema like the above to manage learning objects, 

will bring the next advantages to the current platform: 



Toward an Agent-Based Platform for Learning Objects Management      113 

 

• User Notification of any object which has been recently created in the platform 
and that matches user’s behavior.  

• Intelligent object search for composed or core objects that fulfill thoroughly user’s 
criteria and his objectives. 

• State notification of each resource that compounds the object.  
The rest of the paper is divided as follows: section 2 broadly explains the proposed 

platform and its details. Section 3 explains the presentation layer of the platform. 
Section 4 shows the parts in which the agent layer is divided into as well as introduc-
ing the basic concepts for agent-s usage. Section 5 gives an outline of the proposed 
management and communication layers. Finally, in section 6, it is mentioned the 
obtained conclusions and future work.  

2   The Architecture 
As it was previously mentioned, the University of Colima, pursuing to improve its 
distance education solution (EDUC), has implemented a learning objects set from the 
different research and study centers of the same institution [1]. These learning objects 
comprise a diversity of fields of study and they range from medicine to engineering, 
etc. However, the raising number of objects implemented by this institution has 
brought the necessity of having a technological solution that may their manipulation 
easily and suitably. To satisfy such necessity, the University of Colima implemented 
an XML-based ASP-built technological tool that allows managing the objects previ-
ously indicated.  

Such tool is supported on a platform of two layers, constituted, mainly, by a pres-
entation layer and a data management layer which, in turn, are in charge of providing 
the required functionality to the user. In spite of having a tool like the previous one, 
the University of Colima platform has met some problems. Firstly, the problem, due 
to the constant increment of the object’s resources of finding the appropriate object 
that can satisfy the designed of a desired course. Another problem founded is repre-
sented by instructor’s exhaustive work to control and managing his distance course 
groups. The architecture for this platform is shown in the following figure: 

 
Fig. 1. Current platform’s architecture for learning objects management 

Based on the exposed necessities, we propose an improvement to the platform pre-
viously developed through an integration of intelligent agents that can make easier the 
search of objects or resources that match a certain profile. This integration is focused 
on the insertion of two additional layers to the previous model, achieving, in this way, 
a high level modularity and interoperability. 
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Fig. 2. Proposed platform’s architecture 

The architecture of the new platform is shown in figure 2. As it can be appreciated, 
the proposed architecture is a multi-tier one where each one communicates through a 
physical interface based on the communication protocols that are defined on its last 
layer. It is worthy to point out that, even though the model suggests a communication 
in a top-down way, it is possible to access to any layer in an independent way.  

Once the user has decided to access to the platform, the presentation layer is in 
charge of authenticating the user's identity and of presenting the information to the 
user. This layer carries out a double work. On one hand it authenticates the user and 
on the other hand it formats the retrieved information in each interaction with the tool. 
Next, the agent’s layer organizes the information according to the preferences and 
necessities of the user. This situation causes that the management layer carries out the 
work of recovering the information from the different repositories that are managed 
by the platform. Once the information has been retrieved, the communication layer is 
in charge of transferring it, based on the protocols that are defined inside this layer, to 
the end user.  

As for the security part, the proposed model has two main security mechanisms 
that assure a reliable access to the resources of the platform. The first one is the au-
thentication method given by the presentation layer that allows the user to use the 
complete features of the solution through a customized username and password. 
However, to assure the interoperability of the platform, it is proposed that this access 
could be based on XML by using the standard of IEEE for XML digital signatures on 
the future. The second mechanism is based on an intelligent agent that assures the 
invocation of other agents or objects in a reliable way.  

While respecting the modular design of the solution, not only is it achieved to re-
use the technology already developed, but also a solution that could be used in similar 
platforms for learning objects management. 

3   Presentation Layer 
The presentation layer of the platform is divided into three main areas: a public area, a 
private area and a XML Interface. Each one offers different types of access to the 
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users of the platform, allowing them to use different features or, in the case of the 
XML Interface through a standard interface to other users and even to connect exter-
nal platforms. The presentation layer also has the peculiarity of formatting the recov-
ered information through XSL to offer the user a more appropriate approach of the 
information. Figure 3 sample in detail the areas that compose to the presentation 
layer.  

 
Fig. 3. Presentation layer 

The first area, allows the user to be authenticated, it shows the objects recently at-
tached to a repository to the user, the most visited objects and the disciplines in which 
are classified. Also, it allows carrying out searching and provides a summary of the 
content of the objects that are returned as a result; besides, the user can create an ac-
count that allows him to enter and to obtain more information or the complete content 
of the objects. The purpose that the user could be identified is to create a profile that 
allows observing his behavior and that will be useful to offer suggestions.  

In the second area, the user's authentication is required through a customized user-
name and password. Once authenticated, the platform offers the possibility to carry 
out queries that show the complete profile and location of the object, as well as add-
ing to each one: comments, resources and calendars. In this section it is possible to 
define the preferences and profile of the user, what allows an easy access on the fu-
ture. Although all users can also add objects to the platform in this section, those will 
be revised by a committee observer of the same institution before doing it. This revi-
sion will only be carried out regarding the structure and form; this is done with the 
purpose of assuring that the given information corresponds to the topic of the object.  

The third area allows that any application could carry out queries to the platform 
by using XML. Only if the query is requested in a private area, it will be necessary the 
user identification since, otherwise, an error message will be returned. This feature 
allows the integration of the platform to external platforms, either compatibles or 
incompatibles. As XML is a broadly utilized standard, we believe that by offering this 
characteristic will cause an extensive collaboration, among private and academic 
institutions, to share the different repositories of learning objects from all over the 
world.  

4   Agent’s Layer 

Once the user has access to the platform through some of the three areas of the pres-
entation layer, the logic of the platform uses the layer of intelligent agents. This layer 
is in charge of providing the necessary functionality for the manipulation of the intel-
ligent agents that will guide the searching process of learning objects on the different 
repositories. The main purpose of these agents resides in offering the contents of the 
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objects according to the preferences shown by the user, based on his behavior. It is 
important to mention that intelligent agents try to solve the problem of finding the 
appropriate object for the desired course. These agents help us to identify learning 
objects that have been recently modified and that, by ignorance of the user or insuffi-
cient descriptions of the object, are not in the right classification.  

 
Fig. 4. Agent’s layer 

The agent’s layer is conformed by an agent's system that, in turn, is based on 
agent's architecture and a formal model. In figure 4 these elements are shown.  

An agent's system is a platform that can create, to interpret, to execute, to transfer 
and to eliminate agents. An agent's system can only be identified by its name and by 
its address; a host can have one or more systems of agents.  

It is defined three common types of relative interactions to the interoperability of 
agents:  
1. Agents' remote creation (AC)  
2. Agents' transfer (AT)  
3. Agents' invocation method (AS and AD)  

Agents' remote creation: In the remote creation of agents, a program of the client 
has an interaction with the agent's target system to request an agent, of a particular 
class, to be created. The client authenticates the agent's target system, establishing the 
authority that the new agent possesses. The client provides the initialization argu-
ments and, when necessary, the class to create an instance and to execute the agent.  

Agents' transfer: When an agent is transferred to another agent's system, the agent's 
system creates a request providing a name and location that identifies the target place. 
If the agent's source system links the agent's target system, the agent's target system 
must fulfill the request or to return a failure indication to the agent. If the agent's tar-
get system is unreachable, a failure indication must be returned to the agent's source 
system.  

Agents' invocation: An agent’s invocation takes place when methods from another 
agent references to the source agent objects, if it is authorized. The communication 
infrastructure should invoke the suitable method and return the result of the invoca-
tion or return failure identification. When an agent invokes to a method, the security 
of the information that is given to the communications infrastructure that performs the 
invocation of the method, must correspond to the agent's authority.  

To this end, the agent's system is based on an agent's architecture BI (Belief-
Intentions), which can be considered as a subset of the BDI architecture [7] that, in 
turn, is included as a special case in the ICE architecture (abbreviation of I2C2E2: 
Information, Intention, Communication, Cooperation, Evaluation, Empowerment). 
The proposed Architecture is used to specify the functionality of the agents within the 
system. This architecture contains the needed data and storage structures to define the 
agent's capabilities.  
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Fig. 5. Agent’s architecture 

In Fig. 5 the key data structures and their organization to describe the functionality 
of the agents are shown. Below it is given an outline of the concepts that are associ-
ated to the agent's architecture.  

This architecture has its foundation on the philosophical tradition of the practical 
reasoning understanding witch is the process of deciding time after time which action 
must be execute in the attainment of the proposed goals. The practical reasoning in-
volves two important processes: first, to decide which goals are pursued, which is 
called deliberation process and second, to decide how to achieve such goals, this 
process is called “means-end” reasoning.  

Plans’ library: Set of plans stored as procedures, this plans’ library can be seen as a 
subset of the beliefs that an agent has about the plans and under which circumstances 
they are required to perform a task. The Intentions structured as plans, are the plans 
that the agent is performing in the current time. Additionally, the agent's architecture 
contains a reasoner that allows him to decide about the world. The “means-end” rea-
soner is invoked once that an intention has been created, for each of the existing par-
tial plans, with the purpose of proposing sub-plans to determine which plans could be 
used to reach the agent's intentions, an opportunity analyzer that senses the environ-
ment with the purpose of determining subsequent options for the agent.  

A filtering process and deliberative process, the filtering process is the responsible 
one of summing up the subset of the courses of the potential agent's actions, that have 
property of being consistent with the current agent's intentions, the selection among 
the options that compete is made by the deliberative process which receives the re-
maining options after being filtered and it ponders the options some against other and 
it updates the structured intentions as plans. 

The beliefs repository contains a representation of what the agent knows from itself 
and from its environment, as shown in Fig. 5.  
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The Agent's system is also based on a formal model that contains two main parts: 
an Agents Meta language (AML) and an object language (LCIASA). These two lan-
guages are proposed by N. Farias in [2] as verification and specification languages for 
agent-based system. The Agent's system uses this model to describe functions and 
operations of the system in a precise way.  

5   Management and Communication Layers 

The management layer has as purpose to retrieve all the information from one or sev-
eral repositories. On other hand the communication layer, includes all the standards 
and protocols that are required for the information transfer, as well as its correspond-
ing retrieval. Because of this reason, the management and communication layers work 
as closed to achieve these goals that, sometimes, they get overlapped offering, one to 
another, the requested or required features. 

Following the process of information retrieval, which is performed by the man-
agement layer, is explained. Every time that any user sends a query to the platform, 
this carries out a request to the database servers, which generates a XHTML docu-
ment that is returned as the answer. If the query is sent through the XML interface, 
then the returned document is XML.  

To conclude, a brief mention of the protocols and standards that conform to the 
communication layer and the parts in that they are used is made. The platform is de-
signed to work on the WEB; also by having XML interface, it allows the integration 
of mobile devices through WAP (Wireless Application Protocol) or any other applica-
tion that wishes to obtain information from the platform itself. As the communication 
protocol, the platform uses TCP/IP.  

 
Fig. 6. A schematic view of management and communication layers 

The database is designed in MS-SQL Server, which allows a large storage, security 
and stability capacity. It is based on the recommendation AMS v3.2, which provides a 
technological infrastructure that supports the indexation, management and storage of 
educational objects that work under LOM and KPS standards (Knowledge Pool Sys-
tem). LOM (Learning Object Metadata) it is a standard that specifies syntax and se-
mantics of educational objects metadata. LOM is defined by the IEEE P1484.12 
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(Learning Objects and Metadata Working Group that is part of the IEEE Learning 
Technology Standards Committee), at the moment this initiative is denominated 
LTSC.  

The proposed programming language is ASP (Server Activates Pages) that allows 
an express development besides other benefits that are beyond the context of this 
article.  

6   Conclusion 

The platform for learning objects management proposed in this article intent to pro-
vide a better option to the user so he could find the right learning objects, within one 
or more geographically distributed repositories.  

It is important to point out that in the case of the selected platform; the objects im-
plemented by the University of Colima are attached to the IEEE LOM standard. This 
could give the idea that the platform can only be used with platforms that use the 
same standard. This is a mistake. Since the platform offers an XML interface, it en-
ables to the external user to integrate it to his daily use. In future work we propose to 
build web services that allow to the platform to use learning objects repositories that 
are based on different standards.  

We suggest continuing this work in future, incorporating coordination, and coop-
eration and negotiation protocols in order to generate a tool useful for distance teach-
ing instructor. 
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Abstract. The work on Agent Based Systems lead us to gather different com-
ponents in order to provide our agents the necessary tools to deal with their en-
vironment and tasks. But there is a gap when we want to provide agents indi-
vidual database capabilities, developers do not have a reliable KDBMS 
(Knowledge Database Management System)that could be attached to a single 
agent and design agents with their own Agent-Oriented KDBMS designed spe-
cifically for agent based technology needs. This paper exposes the needs of an 
Agent Oriented Knowledge DBMS, and how this would be useful on Knowl-
edge DB Systems, crucial for agent learning, evolution capabilities and Agent 
Community Knowledge.  

Background 

Our research team has been working on a MAS (Multi-Agent Systems) test bed that is 
designed to be a useful tool for developing MAS and testing them without wasting 
valuable time making everything from scratch. This way we have achieve good re-
sults on different areas of MAS design [ISSADS] (Agent Communication, graphic 
representation of agents, script processing and Agent Interaction).  

While working on this test bed we realize that there is not a set of tools to provide 
agents knowledge-base capabilities as they are for Communication and Interaction. 
When we look for communication tools, we can find several libraries and technolo-
gies that help developer to add easily communication capabilities to an agent (TCP/IP, 
sockets, etc.) and even if you want to provide agents an upper level of communica-
tions using ACL (Agent communication languages) such as FIPA’s ACL, or transport 
protocols as KQML you can find lexical analyzers and parsers (flex, bison, etc.) that 
could be attached to the agent without spending a lot of time implementing it. 

But the problem opens up when we want to provide a KB to a single agent. When 
we design an agent, we design it to be autonomous and proactive, we do not want it to 
depend on a central KDBMS to make its own decisions, we conceive it as an autono-
mous piece of software capable to work individually.  

When we read “Enabling technology for knowledge sharing” [KNWSHARE] years 
ago from now, and we analyze the four impediments mentioned there, we realize that 
we are now capable to provide agents Knowledge capabilities as described on their 
paper, and enabling our agents to have more robust reasoning tools. 

There are certainly new approaches on this area but we would like to start from a 
particular quote on that paper that inspired us to develop new technologies on this 
area: “One mode of reuse is through the exchange of techniques”. We trim it to be: 
“One mode of reuse is through the exchange”.  
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Against a centralized DB, a community of agents could share knowledge between 
them and have Agent Community Knowledge. Each agent would be expert on spe-
cific areas, but will be able to share and learn from other agents. Agents would be 
even capable to work with their own knowledge and create new knowledge to share to 
the community.  

Project Overview 

Jennings talks us about how Complex Software Systems could be easily designed 
using Agent-Oriented paradigm [JENN01], and before he also talked to us about the 
possibilities of this technology [JENN98]. Therefore, there is a need to fulfill all technology 
gaps. Providing developers and researchers robust and easy to use tools will let us create 
smarter Agents that could perform more complex and important tasks. In other words, take 
advantage of this technology. 

This paper it is an initiative to create KB( Knowledge-Base) systems designed to 
be part of Software Agents. This KB would have characteristics that could help agents 
to improve their performance and perform complex tasks autonomously. 

We want to provide an easy-to-use tool for developers on their different applica-
tions. That would enable them to create agents capable to understand their knowledge, 
use it when they perform their tasks, use it when they are doing planning. Even 
knowledge could be a weighted argument for decision on Plan-Merging algorithms.  

The initial focus of this research is for investigation on AI area and information 
technologies. But the focus is not limited to research. 

Design Considerations 

We start from the earlier design of an agent a scratch without having the model even 
on a standard format such as UML or AUML. We get a simple diagram which shows 
the different components that our agent would need. This is an initial scratch: 

 
Fig. 1. Agent Scratch, first design approach 
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After we have this model we could start gathering the tools required for each mod-
ule, for instance the network libraries, flex and bison for the protocol analyzers, and 
so for. But when we want to provide the agent Knowledge Base capabilities we found 
a gap were specific tools are not available. At this point we need to take a decision: 
Make a KB from scratch for this agent, or adapt some existing technology. 

We believe that the better answer is to create a new tool that could be useful for 
different kinds of agent implementations, that could be attached to our agents without 
wasting developer’s time on this specific module and move on to higher level pro-
gramming. 

For this AOKB (Agent-Oriented Knowledge Base) we start from a basic scratch, 
defining some of the suggested modules that it should have to provide the agent KB 
capabilities. This is a first approach on this technology: 

 
Fig. 2. AOKB: First approach scratch 

Now we explain each module: 

DBMS 

This module will work almost the same way that conventional DBMS works, it will 
perform maintenance tasks such as indexing, backup, archiving, etc.  

Knowledge Storage Manager 

The responsibility of this module is to know how and where is stored the different 
Knowledge. All new data structures added to the knowledge base will have to update 
this module in order to use correctly the new knowledge added. The scripts or algo-
rithms to use specific kind of data will be stored on this module. This will allow to 
process different kind of knowledge, handle different information that could be stored 
or retrieved from the DB. 

Knowledge Interface Engine 

The agent must handle knowledge in a format that he could compute and make use of 
it. There could be different formats to share knowledge (XML [XML], KIF, etc) and 
the agent must be able to understand them.  
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This Module gives the agent the information in a format he can use and makes the 
link to the Knowledge Storage Manager which stores and retrieves the information 
from the Database.  

This interface engine should be able to support different kind of formats allowing 
the agent to understand many different agent knowledge architectures. 

Advantages and Possibilities 
Flexible MAS Design and Implementation 

When designing software agents, developer could be able to consider a KB to help the 
agent in decision process, agent could be able to find a better solution based on the 
knowledge he owns. 

What we want to provide is a easy-to-use API that could be added and configured 
to the agent in a short time. This KB would run embedded to the agent, linked exclu-
sively to it. 

The main difference between this kind of KB and normal DBMS linked to a KB or 
Expert System it is that many Agent-Bases KBs could be running on a single system. 
As many AOKBs (Agent-Oriented Knowledge Base) as agents are in the system. In 
this way we give agents full independence that can only be simulated on centralized, 
conventional DBMS and KBs. 

This AOKB could be added to different kind of agent, is an independent compo-
nent that has its own inputs and outputs, therefore different application or specific 
characteristics of the agent should not be an obstacle to add this AOKB. 

Agent Dynamically Add New Data Structures to Their Knowledge 

Agents are not sharing only Data and Communication Messages, they are interchang-
ing Knowledge, therefore it is needed to share as well different ways to store knowl-
edge. For instance, if an agent it is training another agent about some business hierar-
chy, it might be easier to represent this on a tree graph. And this knowledge will be 
complemented with a script that could let agent know how to read and use this kind of 
new data structure. The data structure and the procedure to use are both the knowl-
edge that enables this agent to learn new ways to store, use and share knowledge. 

In other words, agents can learn to learn. They could start sharing KIF format 
knowledge but they could learn to use more knowledge interchange formats according 
to the task needs.  

If some agent is learning business information an agent could add it to his own DB 
the information and at the same time the KB will be updated to add the necessary 
procedures (scripts) to allow agent to use correctly this new data. 

For instance an agent that uses KIF could learn how to parse XML objects in order 
to share information to another systems or agents. 

Complex Hierarchical System Requirements 

Jennings [JENN01] talks us about the benefits of agent-based paradigm and how this 
could be a good approach on many complex systems. But in order to provide agents 
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the strength needed to work by their self and cooperate with each other, tools are 
needed to cover all gaps on this technology.  

This initiative on AOKB wants to help agent developers to have more tools when 
they are implementing software agents. 

Share Workload of DBMS and Agent Autonomy 
If we are considering the use of a single DBMS to share knowledge to an Agent 
community we are having a single server providing information to many agents. Even 
more, if we want smarter agents we would like them to take decisions based on their 
available knowledge. Were is all that knowledge? Shared on a single DBMS, were all 
agents are trying to find the desired information and they could reach a certain an-
swer. Meanwhile they may not be able do any other activity than waiting a response 
to continue with their other activities. This is not a desired behavior for an agent 
which should be far more autonomous, at least ideally. 

If each agent has his own knowledge, each agent could make his own decisions 
without depending on the environment or busy servers. The next obvious answer to 
this problem is to attach a DBMS to each agent. But this is not necessary right, since 
an agent has different needs than a ordinary application with Database capabilities. 

AOKB must be lighter enough to be attached to the agent and been robust enough 
to provide the agent quick and reliable response. Agents may run on different plat-
forms, could be distributed and this would make the workload to be shared along the 
agent community. If an agent is requesting too much information from the KB he and 
just he will be slowed down. If some query to the KB will take much time the agent 
could decide if he request help to another agent that has equivalent knowledge. This 
can spread the workload between more than one agent and the resources could be 
used in a more efficient way. 

Even more, while an agent is doing an specific task there is the possibility to per-
form “meditation queries” where he could browse the KB or even query other agents 
about his current task, asking if there is a way to do his task more efficiently. 

Data and Knowledge Store 
There is a difference between data and knowledge when we talk about data, we talk 
about tables or data structures without any particular meaning. They could be used to 
generate statistics, predictions, or reports. But when we talk about knowledge we talk 
about behaviors, procedures, etc. Information that give agent a complex pattern of 
behavior, information that is used to achieve decisions based on previous experience, 
logical rules, and even new algorithms learnt to process the information. 

As a matter of fact Knowledge and Data are stored the same way (Bits), but the 
way data is used makes the big difference. That is important to remark, an AOKB is 
designed to allow the agent to decide based on previously stored knowledge. Knowl-
edge is not only the information stored, it is also the way to store and use it. 

Agent Cross-Training 
When agents are able to share knowledge, also they are capable to share behaviors, 
procedures and information. Agents could teach other agents to handle different situa-
tions that they may face. 
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This opens up the possibility for leader agent that recruit generic agents, and train 
them in specialized tasks. Agents could cooperate without previous experience once 
they are fully trained.  

The KB therefore adds the agents the possibility to grow in capabilities and been 
more flexible to the environment. This is also useful on risky task were an agent could 
share his knowledge to the others and backup this experience to the community. If for 
any circumstance this agent is lost (Mine detector robot, space rover), there are other 
agents who learnt from him and can share the knowledge for future agent generations. 

Less Resources than Standard DBMS 

This KB should not consume more resources than the agent it self. Against conven-
tional DBMS use on industry, the AOKB is designed to share resources with other 
agents and their KBs, therefore this AOKB must be compact and have just the neces-
sary elements. There are many components on standard DBMS that are simply not 
adequate to fit agent oriented requirements. 

When we talk about resources we have three main focal points: CPU, Memory and 
Human resources (developer). The use of CPU and Memory per agent and his KB is 
not an static requirement (or limitation), depends on the application. But agent need a 
KB that provides them the necessary knowledge capabilities, consuming only the 
necessary resources. 

A standard DBMS, installs several components that are oriented to Human-user in-
teractions, and the lack of features that could make easier the access for the informa-
tion to the agent. That is why we suggest adding XML (or KIF or other format, also 
new ones that could be learnt from other agents) processing engine, which makes 
knowledge easier to understand for the agent and easier to store in the KB. 

The developer should concentrate on agent’s intelligence programming, giving it 
reasoning, interaction, communication and behavior capabilities. Developer will be 
able to design agents that query their own KB and make decisions with this knowl-
edge. It is much easier to design software this way than trying to predict all possible 
situations. Agents will take their own decisions. Providing this kind of tools the de-
veloper resource will be better used, he will use his time for more advanced activities 
than starting over and design from scratch a KB or trying to adapt some existing 
DBMS. 

Disadvantages 
We are aware that this technology it is not a silver bullet, but might be very useful for 
many applications, here there are some disadvantages we see at this time. 

Robust Existing DBMS 

There are in the market and development several Database Technologies, for instance 
it is possible to find something as simpler as MS Access [MS] and as complex as 
Oracle [ORCLE] or ESS Base[ESS]. The problem with this technologies is that they 
are not designed for agent systems. And even when they could be adequate to agent 
systems, they are not supposed to run inside the agent, but on a system. 
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What is really needed is to gather all the experience on Database Technologies that 
has been maturing for several years and merge this best practices with agent technol-
ogy. Create a new wave of tools capable to make our agents smarter each time. 

Existing technologies, allows developers to simulate agent’s knowledge, but the 
agents needs to be really independent. And this tools need to be fully designed for this 
purpose. 

Knowledge Duplication and Inconsistency 

Different agents with individual AOKB will generate duplicated information, and 
some of the information will not be updated within the community, at least for the 
moments where the agents are not capable to share and receive knowledge updates. 

Data may be inconsistent and duplicated. But there is an interesting workaround 
here, agents are able to keep working even if they are totally insolated. They do not 
depend on a centralized base of knowledge to work. They can work on their tasks 
while the others can work on their own. Of course it would be needed to define prior-
ity criteria for the tasks, some tasks will require to confirm specific knowledge with 
the community in order to avoid working with not updated information. But this is a 
problem that could be treated and could be a topic of future work. 

Existing Working Solutions 
This are just a few examples of available technologies: 
JESS: This tool allows agents to access Expert Systems. Can be used along JADE, but 

this is still a centralized Expert System. The next step needed here is to make the 
Expert system to be attached to the agent, and not depending on other layers. The 
agent should include the expert system and the necessary capabilities to query it. 
And of course the capability to understand and use this Knowledge. 

Protégé [PROTEG]: This is an interesting approach, from here the distance to reach 
AOKB needs seems to be quite short. This tool allows developer to create and 
model KB easily. And also provides the necessary java API to query this KB. 
From here we only need that this KB could have the dynamic features here de-
scribed and the possibility to run stand-alone on each agent.  

Possible Applications 
It is necessary to analyze what are the possible applications for this technology, and 
some of them could be found here: 

In-Communicated Mobile Robots 
Real world situations can not guarantee that agents will be communicated between 
them nor with a centralized Base of Knowledge. We can imagine infinite reasons why 
agents are not communicated at some moment. But they must be able to continue their 
task with the own knowledge and been able to share and receive knowledge when 
communication is available.  

Also agents will be able to backup their learnt knowledge to the other agents as 
soon as they can establish communication again.  
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For instance a platoon of Agent-Based planet explorer robots with AOKB capabili-
ties could share and distribute the information obtained.  

Embedded Systems 
Compact devices such as cell phones, PDAs, etc. could have agents with KB capabili-
ties that could improve their performance updating their software, or adding new 
functionalities and so on. 

It is not practical to add a big robust DBMS, it could be more adequate to add just 
the Agent-oriented needs to make devices smarter and more flexible. 

Research Purposes 
Researchers could use this tool for testing purposes, they could really simulate dis-
tributed environment, where each agent has his own knowledge and it has to interact 
with the others. 

Current Status 
This is a first approach on this technology from our team, we are on design phase 
gathering all the possible needs and ideas. We are also working on the test bed, where 
we can test different kind of agents. But we would like to add our agents more capa-
bilities and make them more complete and useful. 

Future Work 
Our first goal, is to gather a team interested on this research line and work together to 
define all the needs and features that this AOKB should have. Then we could do the 
necessary planning for it’s implementation and follow up. 

We believe that this technology will be growing on possibilities and the project 
could stay for long time creating new tools for MAS developers. 

Conclusions 
This initiative is open for further discussion, and will be very interesting see what will 
result of this discussion. This technology pretends to improve the Agent Systems, 
allowing them to be easier to develop and make agents smarter than they are now. 

We would also like to invite research teams from different locations to gather and 
work together on this project or new projects that might created around this investiga-
tion field.  

AOKB could be a useful addition to agent technology, that could lead us to create 
more complex systems in a shorter time.  

I2CS 2004 Guadalajara, Mexico Discussion and Observations 
After conferences we had some observations regarding our work, it´s use and existing 
resources. 

Some new applications that we did not considered before were epidemic disease 
simulations, network routers with special capabilities to understand contents and im-
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prove Peer-to-Peer services. Smarter routers could be able to understand the requests 
and route connection to a server he believes (Knowledge Based query) has the re-
quested information. 

We also found at ObjectWeb [OWeb] several existing tools that could be used for 
many Agent based applications. There does not exist a tool with the exact characteris-
tics of a AOKB, but there are many working solutions that could be used as work-
around.  
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Abstract. This paper describes how a group of agents can anticipate the possi-
ble changes within a virtual environment, than this concept the actors explore 
and adapts to the environment, thanks to mechanisms of evolution and adapta-
tion, that provide the genetic algorithms and the classifier systems, with this ca-
pacity to learning and take one action by resolve a problem or change his objec-
tifies. The main idea of the anticipation is based on the acquisition of 
knowledge of events happened in the environment of the past, later to compare 
them with the actions that appear in the present, in a time specify. The events of 
the past to like learning and make the calculus and the interpolating with the ac-
tions that happen in the present, this way to be able to make all the calculations 
necessary to be able to anticipate the possible changes in the environment 
[Hoffmann, J (1993)].  
 

Keywords: Adaptation, Agents, Anticipation, Classifier System, Intelligence 
Artificiel. 

1   Introduction 
The main idea of the anticipation is base on the capacity to predict changes in the 
environment, that allow developed one new condition many favorable. One approach 
to designing intelligent agents systems is to look to the different studies in the bio-
logical systems for clues and design principles. The result is a system that builds an 
environmental model that applies reinforcement learning techniques. The main learn-
ing mechanism of the agents is a classifieur (CS) that introduce a genetic algorithm 
(GA). However, recently the concept of anticipations need more techniques in artifi-
cial learning systems, because is necessaries implementer the aspects the learning 
cognitive. Inside the world of artificial and evolutionary learning systems to allow 
incorporate techniques based to fitness to the eXtended Classifier System (XCS), or 
Learning Classifier System (LCS) [Wilson, 1995] the accuracy-based approach in 
XCS over comes the previously encountered problems in LCSs where especially 
deferred reward lead to over-generalization and unequal distribution of classifiers in 
the problem space [Wilson, 1989]. Moreover, XCS solves the problem of speciation 
and what mating restriction schemes should be used implicitly by the accuracy meas-
ure combined with genetic algorithm (GA). 

2   The Anticipatory Classifier System (ACS) 

The ACS [Stolzmann, 1998] has its origins in LCSs and cognitive psychology. The 
framework of the ACS shows many similarities with LCSs. Differences can be de-



130      Marco A. Ramos, Alain Berro, and Yves Duthen 

tected in the enhanced classifier structure as well as the application of the learning 
process. For explain with work this type of system; we start with the environment 
interaction. The ACS interacts autonomously with an environment. In the behavioral 
act at certain time t, it perceives a situation σ(t) ∈ I = {t1, t 2, ..., t m}L where m is the 
number of possible values of each attribute and L is the string length, is not necessar-
ily coded binary but can only take discrete values. The system can act upon the envi-
ronment with an action α(t) ∈ A = {α1, α2, ..., αn} where n specifies the number of 
different possible actions in the environment and α1,..., αn are the different possible 
actions. Note, after the execution of an action, the environment provides a scalar re-
ward ρ(t) ∈ R.   

2.1   Knowledge Representation 

The knowledge in the ACS is represented by a population [P] of classifiers. Each 
classifier represents a condition action anticipation rule having the following compo-
nents: 
• The condition part (C) specifies the set of input situations in which the classifier 

can be applied. 
• The action part (A) proposes the classifier’s action. 
• The effect part (E) anticipates the effects that the classifier believes to be caused 

by the specified action. 
• The mark (M) records all values in each attribute of the classifier that do not an-

ticipate correctly sometimes. 
• The quality (q) measures the accuracy of the anticipations; 
• The reward prediction (r) predicts the reward expected the execution of action A. 

The condition and effect part consist of the values perceived from the environment 
and ‘#’symbols (i.e. C, E ∈ {t1,t2,…,tm, #}L). A # symbol in the condition called don’t 
care symbol means that the classifier matches any value in this attribute. However, a # 
symbol in the effect part called pass through symbol means that the classifier antici-
pates that the value of this attribute won’t change after the execution of specified 
action A. An action can be any action possible in the environment. The mark has the 
structure M = (m1,…,mL) with { }mi ttm ,...,1⊆ . The measures q and r are two scalar 
values where q ∈ [0, 1] and r ∈ R. A classifier with quality greater than the threshold 
θr is called reliable and becomes part of the internal environmental model. A classifier 
with a quality g lower that the threshold θi is considered as inadequate and is conse-
quently deleted. All these parts are modified according to de reinforcement learning 
mechanism. 

2.2   Reinforcement Learning 

In XCS, the reinforcement learning approach adapts the Q-learning idea in reinforce-
ment learning [Watkins, Dayan, 1992]. A first mathematical analysis of Q-learning in 
generalizing systems such as LCSs can be found in [Lanzi, 2002] In order to learn an 
optimal policy en the ACS, the reward prediction r of each classifier in an action set is 
updated. For the reliability of the maximal Q-value in the successive state, we con-
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sider the quality of the classifier assuming that the reward converges in common with 
the accuracy of the anticipation. Once an accurate, reward sufficient model of the 
environment is evolved, the update method converges to the Q-learning theory and 
the formation of an optimal policy is assured. 

))*max(*))((* rrqtbrr clclr −++= γρ  
)1]([ +∈ tMcl  

The parameter br ∈ [0, 1] denotes the reward learning rate and γ ∈ [0, 1] the dis-
count factor similar to Q-learning. 

2.3   The Anticipatory Learning Process (ALP) 

The ALP is derived from the psychological learning theory of anticipatory behavioral 
control [Hoffmann, 1993]. While the similarity with the learning theory is discussed 
elsewhere [Stolzmann, Butz, Hoffmann & Goldberg, 2000]. The ALP compares the 
anticipation of each classifier in an action set with the real next situation. According 
to this comparison and the current structure of the classifier, the classifier is modified 
and new classifier may be generated.  

3   Prototype Model 

This prototype simulates an environment in which two different agents that both ex-
hibit realistic natural behaviors can be placed. The entire agent will have rules that 
will apply to them as individuals (i.e. local rules), [Reynolds, 1987], and each of the 
agent will change their objectives with regard to environment. 

The objective of this prototype system is to show emergent and anticipated the ac-
tions complex global behavior this complex global behavior will emerge from the 
interactions of moderately simple local rules. 

Emergence is an essential aspect of Artificial Life, as was stated by [Langton, 
1989]. “Artificial Life is concerned with tuning the behaviors of such low-level ma-
chines that the behavior that emerges at the global level is essentially the same as 
some behavior exhibited by a natural living system. Artificial Life is concerned with 
generating lifelike behavior.” Emergence can lead to self-organizing behavior, which 
means the spontaneous formation of well-organized structures, patterns, or behaviors, 

 

Fig. 1. Decision by predictions about the future 
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from random initial conditions. The behavior of interest is often found in the area 
between order and chaos, which could be described as organized complexity. 

These ideas are based on natural living systems, where dynamical structures are 
not devised to exhibit this behavior, but they develop it spontaneously from random 
initial conditions. The theory is that in nature there is a tendency for spontaneous self-
organization, which is universal, [Kauffman, 1993]. This process of self-organization 
can also be interpreted as the evolution of order from chaos. 
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Fig. 2. Virtual behavior Framework 

3.1   The Environment 

A formal abstraction exists between the agent and the world. The world model’s pri-
mary function maintains the list of agents and objects and to act as an event black-
board for the posting and distribution of the world events. It also coordinates network 
synchronization and manages rendering. 

World events take the form of data records, perceptual nuggets than can be proc-
essed by an agents sensory and perception systems. 

3.2   Sensory System 

The sensory system is a filter though which all world events must pass. Unlike its 
physical equivalent, where any data that passes through is fair game, the sensory sys-
tem plays an active role in keeping the virtual agents. In a simulated world, there is 
potentially much more accessible information that the agent, limited by its sensory 
module, should be able to sense. For example inside in world of species carnivores, 
herbivores, the carnivores can locate the herbivores that are behind him, he shouldn’t 
be given it. While often the role of the sensory system is to filter out data that cannot 
be sensed [Sanchez, E. 2003], other times its role is to transform it. It converts visual 
location information in to local space of the sensing an object or identify other agent 
in the environment. The agent receives all local information from the world. 
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Fig. 3. Map of perception of agent Fig. 4. Agent in environment virtual 

3.3   Perception System 

Once the stimulus from the world has been sensed it can then perceived. The distinc-
tion between sensing and perceiving is important. An agent may sense an event but it 
is up to the perception system to recognize a process the event as something that has 
meaning to the agent. Thus, it is within the perception system that meaning is as-
signed to events in the world. The perception system takes the form of a percept tree. 
A percept tree is an atomic classification and data extraction unit models some aspect 
of the sensory it returns both a match probability, the probability represents the ex-
perience. 

3.4   Memory 

Memory is a repository for the events that pass in the environment. The memory is 
itself a useful structure by caching together the various perceptual impressions made 
by a world event, to the decision making, the agents status system monitor and stores 
internal states of the virtual actor in order to simulate its knowledge of its actual situa-
tions. The memory provides of the world can be informed by more just direct percep-
tion. Much like our own perception where unobserved data is subconsciously by low-
level prediction an assumption, agents implemented under the framework can be de-
signed to act upon events that are like to have. We believe that the ability to recognize 
temporal patterns and act on them is an essential component of common sense intelli-
gence. Sometimes prediction is used not to predict the future but simply to maintain a 
coherent view of the present. The stream of sensory data coming from object is out of 
the agent’s visual field, or because it is occluded by another object. In theses cases, 
prediction can allow in agent to maintain a reasonable estimate of where the object is 
even though it is not being observed. The actual mechanisms of prediction can take 
many forms. Whit objects contain histories of percept data are vector or scalar, to use 
function approximation techniques to extrapolate values. These mechanisms of pre-
diction could conceivably extend to common sense knowledge about the world if an 
object is suspended with no visible support, it light be predicted to fall. The occa-
sional deviation of predictions from the actual state of the world and the magnitude of 
that deviation also provide a basis for anticipate or surprise, a surprising is an excel-
lent method for focusing perception. 
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4   Anticipation 

Consider that for each agent, for each state, and at each time, there is a computable 
values for the probability that active agent could successfully collaborate with passive 
agent. As the world constantly changing, the values for the probability of collabora-
tion are computed as a function of the dynamic world. Assuming that the transition 
between states for each agent take time or other type cost, then anticipation consists of 
the selection of a new state that maximizes the probability of future collaboration. 
Anticipation therefore allows for a flexible adjustment of team agent towards the 
increase of the probability of being useful for team. 

  
Fig. 5. Anticipation of collision of the agents 

  
Fig. 6. Agents in the environment virtual 

5   Conclusion 
In this paper, we described several LCSs, each of the then casting a new light on the 
concept of generalization in the LCS framework. In particular, we enlighten how most 
LCS like XCS consider generalization with respect to an expect payoff, while other 
LCS like ACS consider it with respect to anticipated effects in terms of situations. We 
also enlighten some limitation of the formalism of ACS. A lot of future research is 
needed to understand exactly when and which anticipation is useful or sometimes 
even mandatory in an environment to yield competent adaptive behavior. Although 
psychological research proves that anticipations take place in at least higher animals, 
a clear understanding of the how, the when, and which is not available. Any system of 
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agents system requires some coordination of action. Thus, one essential direction of 
future research is to identify environmental characteristics in which distinct anticipa-
tory mechanism are helpful or necessary. 
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Abstract. Facing the retrieval problem according to the overwhelming
set of documents online the adaptation of text categorization to web units
has recently been pushed. The aim is to utilize categories of web sites
and pages as an additional retrieval criterion. In this context, the bag-
of-words model has been utilized just as HTML tags and link structures.
In spite of promising results this adaptation stays in the framework of IR
specific models since it neglects the content-based structuring inherent
to hypertext units. This paper approaches hypertext modelling from the
perspective of graph-theory. It presents an XML-based format for rep-
resenting websites as hypergraphs. These hypergraphs are used to shed
light on the relation of hypertext structure types and their web-based
instances. We place emphasis on two characteristics of this relation: In
terms of realizational ambiguity we speak of functional equivalents to the
manifestation of the same structure type. In terms of polymorphism we
speak of a single web unit which manifests different structure types. It
is shown that polymorphism is a prevalent characteristic of web-based
units. This is done by means of a categorization experiment which analy-
ses a corpus of hypergraphs representing the structure and content of
pages of conference websites. On this background we plead for a revi-
sion of text representation models by means of hypergraphs which are
sensitive to the manifold structuring of web documents.

1 Introduction

Text representation is a preliminary task of any approach to automatic text
analysis. Among other things, this relates to the summarization, categorization,
and mining of textual units. Analogously, hypertext representation is fundamen-
tal to automatic hypertext analysis [31]. This comprises, for example, the iden-
tification of patterns (e.g. compound documents [10], or small worlds in WWW
graphs [1]), the categorization of links [3,27] or the retrieval of information from
large hypertext bases [2]. In this context, the bag of words model of IR has been
utilized as a starting point for hypertext representation just as HTML metadata,
tags and link structures. That is, hypertexts are represented as vectors of fea-
tures reflecting wording or markup as found in the hypertexts to be analyzed.
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In spite of promising results this approach stays in the framework of text rep-
resentation as elaborated in IR. Particularly with regard to categorization the
predominance of traditional representation models is evident: Categorization is
designed as an assignment of predefined category labels to feature vectors with-
out the preceding exploration of hypertext structures (e.g. compound nodes or
paths).

In this paper we plead for an integrative view of graph-theoretical analy-
sis and categorization. Our starting point is a system of hypertext structure
types and their nondeterministic manifestation by web-based units. We propose
a four-layer model of hypertext structure types and focus on the many-to-many
relation to its instances as units of Internet-based communication. We place em-
phasis on two characteristics of this relation: In terms of realizational ambiguity
we speak of functional equivalents to the manifestation of the same structure
type. Conversely, in terms of polymorphism the phenomenon is addressed that
the same hypertext unit may manifest different structure types. Polymorphism
occurs when, for example, the same page provides information about different
topics (e.g. a page as part of an academic’s homepage lists courses beneath her
biographical information) or serves different functions (e.g. a page offers the
registration form of a research group beneath its brief description).

Our central hypothesis is that (comparable to natural language texts) real-
izational ambiguity and polymorphism are prevalent characteristics of web-based
units. This has fundamental implications for hypertext categorization which nor-
mally presupposes to result in a non-overlapping separation of the object space,
i.e. into an assignment of at most one category per object. If polymorphism is
prevalent in this area, it does not make sense to view hypertext categorization as
a process of disambiguating category assignments. As a consequence, two impli-
cations have to be balanced: Either the category system has to be revised, or –
and this is our central thesis – the object space has to undergo a structural analy-
sis as the result of which categorization and segmentation of the focal objects
occurs. Since we view polymorphism to be a characteristic of web-based hyper-
texts, we expect multiple, interdependent categorizations to occur regularly. In
other words: Proper hypertext categorization is bound to a preliminary struc-
ture analysis in which the regular realizational ambiguity and polymorphism of
hypertext units is resolved. In order to support this line of argumentation we
present a categorization of web pages of an area which is supposed to follow more
stable authoring patterns and thus to be a profitable field of categorization: con-
ference websites. This analysis operates on an XML-based representation format
of hypertexts whose presentation is the second central focus of this paper. It
is based on the idea to represent web-based units, their content and links as
attributed typed directed nested hypergraphs [5].

The paper is organized as follows: After an outline of related work, our con-
ceptual framework is presented in section (3): a four-layer model of hypertext
structure types. This framework is used as the background of an XML-based
format for representing web-based hypertexts as hypergraphs. The basic idea is
to combine data-oriented representations of link structure, wording and markup
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in a uniform model. In other words: The format integrates information relevant
to structural analysis and categorization. It is proposed as a data-oriented al-
ternative to the document-oriented representation of web pages as DOM trees
based on their HTML tags [7]. Section (5) describes the automatic mapping of a
corpus of conference websites onto a set of categories. The uniqueness of category
assignment is measured in order to shed light on the range of polymorphism in
the area under consideration. The practical relevance of our study is outlined in
section (6). The paper closes with some conclusions.

2 Related Work

Structural analysis is a much considered topic in hypertext research. Beginning
with the seminal article of Botafogo et al. [6], graph theory was utilized as a
generic format of hypertext representation. This relates, for example, to the
identification of spanning trees in hypertexts [6]. The idea is to markup hyper-
textual aggregates in order to enhance retrieval and browsing [22]. More recently,
candidates of web-based hypertext types (e.g. web hierarchies, directories, cor-
porate and web sites) have been identified by exploring the link structure of their
pages [4]. Moreover, plenty of approaches deal with the structuring of single such
types [24], their constitutive paths [20] and intentionally defined structural units
as, for example, compound documents and their leaders [10], logical domains and
their entry pages [19] or logical documents [28]. Whereas these approaches oper-
ate on the level of websites and their constituents, another group of approaches
focuses on macrostructures. This relates to the distribution of links per node
and web-topologies based on these distributions (e.g. the small-world problem
[1]) as well as clusters of interrelated web pages and their hubs [9,16,21,22].

This paper also explores aggregates in web-based hypertexts which it con-
ceives as informationally uncertain instances of latent authoring patterns. Ac-
cording to this view, structural analysis is always concerned with two aspects of
markup: it includes (i) the exploration and annotation of patterns in concrete
hypertexts whose frequent observation allows (ii) their abstraction as hypertext
structure types which in turn serve as a precondition of pattern identification.
In other words: We view structural analysis always to aim at a model of the un-
derlying authoring patterns, and not only at a segmentation and annotation of
their instances. As a preliminary step towards such a grammar of authoring pat-
terns, the paper integrates three domains of research: graph theoretic modelling,
structural analysis and explorative data analysis.

3 Logical Hypertext Structure

Our starting point is a four-level hypertext model which relies on the distinction
of abstract structure types and their concrete instances as observable parts of the
web (see figure 1). According to this view, compound hypertext document types
are representations of stable authoring patterns on the level of homepages (e.g.
academics’ personal homepages). They are defined as systems of more elementary
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Level of structure types Level of concrete instances

contains

contains

contains

1..*

1..*

1..*

Compound Hypertext Document

Compound Document Network

Hypertext Building Block

elementary : boolean

Hypertext Document

website A:Compound Document Network

homepage B:Compound Hypertext Document

page C:Hypertext Document

building block X:Hypertext Building Block

elementary  = false

Fig. 1. A class and object diagram of hypertext structure types and their instances

hypertext document types and their regular dependency relations, whereby these
document types are defined on their own as regular compositions of types of
either complex or elementary building blocks. This multilevel type system is
instantiated on four levels (see fig. 1):

1. On the lowest level types of hypertext building blocks are manifested by para-
graph tags, horizontal rules, lists, tables, etc. Since these building blocks exist
only as dependent parts of pages as elementary self-contained units of web-
based communication, diagram (1) associates them with document types by
composition which in UML is symbolized by a filled rhombus.

2. Hypertext document types and their dependency relations are instantiated
by one or more web pages and their links, respectively. In the literature on
web-based documents, these dependency relations have predominantly been
classified with the help of rhetorical structure theory [17,26,29]. In terms of
the Dexter Hypertext Reference Model [13] this means that the rhetorical
relation (e.g. elaboration, exemplification, contrast) served by the target of a
link l with respect to its source determines the type of l.

3. Compound hypertext document types are instantiated by compound documents
in the sense of [10], i.e. by networks of pragmatically homogeneous web pages
as instances of document types whose coherence is provided by the uniform
intention of one or more hypertext authors. Document types are distinguished
from compound document types by not only being pragmatically, but also
functionally homogeneous in the sense of serving the same content function.

4. Finally, compound document network types are instantiated by websites and
thus are characterized by pragmatic and content-based heterogeneity.

This multilevel type-instance model is illustrated by conference websites
whose regular composition supports their expectation-driven processing: They
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Fig. 2. Schematic drawings of functionally equivalent presentations of the same infor-

mation as (A) a list and (B) a compound document of three pages

typically consist of pages on calls for participation, the conference program, ad-
ditional workshops and tutorials etc. as instances of compound hypertext docu-
ment types. The regular composition of conference websites can be observed on
the level of their constitutive compound documents, too: A call for participation
typically includes units about submission categories, topics, chairs and the sub-
mission procedure, whether they occur on the same page or not. Last but not
least, the regular manifestation of building blocks is illustrated by HTML lists
as the preferred means of enumerating conference topics.

The distinction of building blocks, document types and their recursive com-
position to networks of such types follows the linguistic differentiation of ele-
mentary text patterns and text (network) types. Evidently, this analogy does
not stop with the alignment of both type systems. Rather, it is continued by
what is called realizational ambiguity: Just as the same text pattern may be
realized by different, but functionally equivalent text structures [23], the same
kind of realizational ambiguity is observed in web-based communication. In other
words: The realization of hypertext document types by websites, web pages, and
(X)HTML building blocks is nondeterministic – their exist functional equivalents
to the realization of the same hypertext structure type. This is once more il-
lustrated by conference websites: In order to inform about a conference’s calls
for participation, the hypertext author may list all submission categories and
conference themes as well as information about the submission procedure on
one single page, possibly structured by horizontal rules and section headings
(see figure 2.A). Functionally equivalent to this alternative is an instance of a
document type leaded by a web page which enumerates the headers ‘submission
categories’, ‘conference topics’, etc. as anchors of links to pages listing the corre-
sponding subsets of categories (see figure 2.B). Obviously, these two alternatives
do not exhaust the range of functional equivalents existing in this area. More-
over, realizational ambiguity is accompanied by what is called polymorphism.
That is, the same web page may realize different hypertext document types. In
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terms of conference websites polymorphism occurs when for example tutorials
are listed on the same page as submission categories. The upper bound of this
polymorphism is given by a conference website which manifests all constitutive
document types (e.g. calls for participation, program, workshops, etc.) on a sin-
gle page. Polymorphism and realizational ambiguity constitute the n:m-relation
of hypertext structure types and their instances as distinguished in figure 1.
Obviously, the range of this relation has not been explored so far.

In order to grasp this type-instance relation, we utilize the document struc-
ture model of [23] which has recently been proposed to account for the divergence
of rhetorical, logical, and layout structure in written texts. Power et al. system-
atically report on examples where the same document structure is manifested
by different but functionally equivalent texts. The added value of this approach
is that it proposes a document grammar which supposes hierarchical text struc-
tures. This is in accordance with the linguistic tradition to represent structures
as hierarchies as reflected by the OHCO-model, which describes texts as Ordered
Hierarchies of Content Objects [25]. There is a long debate on the adequacy of the
OHCO-model, which for the time being resulted in the proclamation of a poly-
hierarchical text structure model [25]. It is well-known that even poly-hierarchies
do not adequately model the network structures of hypertexts. This also holds
for instances of (compound) hypertext document types: Although they prove to
have a kernel hierarchical structure they also contain page internal links as well
as outside links [4,10] which link pages of different sites and thus transcend the
kernel hierarchy.

On this background, we view an extension of the model of Power et al., which
also accounts for non-hierarchical links transcending the kernel (poly-)hierarchy,
to be the favourite candidate for modelling the relation of hypertext structure
types and their instances as shown in figure 1. This model is referred to by the
term LOGical hypertext dOcument Structure (LOGOS). Its assumptions are:

• Observable web-structures are instances of usage-based and hence probabilis-
tic hypertext structure types on at least four levels (see figure 1).

• The relation of these types to their instances is characterized by realizational
ambiguity and polymorphism.

• Compound document types impose a kernel hierarchical structure on their
instances on the basis of hierarchy constitutive links.

• An adequate model of hypertext structure types and their dependency rela-
tions is a probabilistic grammar which represents prototypical web structures
on the level of compound document types.

A probabilistic grammar of compound hypertext documents is a formal repre-
sentation of the yet unknown range of realizational ambiguity and polymorphism
in this area. The goal of this paper is to shed light on this range as a preliminary
study to such a grammar. It is approached by a quantitative analysis of the
structure of conference websites as described in the subsequent sections.
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4 Hypertext Representation

In order to approach a grammar of compound hypertext documents, a format
is needed which allows to represent web-based hypertexts in a uniform and
standardized as well as flexible and extensible way. That is, we do not only
need a format expressive enough to represent the range and structural variety of
functional equivalents of hypertext structure types. We also need a format which
proves to be conceptually clear and computationally processable as regards the
divergent tasks of automatic hypertext analysis. In order to approach this task
of adequate hypertext representation, three requirements have to be met:

1. Page-internal and external, outside, inside, up, down and across links have
to be mapped as well as the graph structures they induce (e.g. sequences,
hierarchies and networks of interlinked pages).

2. User and system perspective (i.e what is seen on the screen vs. its underlying
markup) have to be kept apart without ignoring their reciprocal mapping.

3. Link and node classification are two more use cases of machine learning. They
demand a hypertext model which includes representations even of the wording
of single pages – comparable to the bag-of-words model of IR, but with the
difference that now graphs of such representations have to be managed since
web pages are embedded into hypertext graphs.

The subsequent section presents an XML-based format for representing hy-
pertexts as graphs. It is based on the Graph eXchange Language (GXL) [30],
which has been developed as an XML-based format for data interchange between
information systems. We utilize this format for hypertext representation:

4.1 XML-Based Hypertext Representation

Hypertext representation serves to map hypertexts onto instances of a format
which supports the different tasks of hypertext analysis. The idea of our approach
is that hypertexts are adequately modelled as graphs. This is in accordance with
hypertext modelling [6,12]. We continue this tradition by using the GXL DTD
against which automatically generated hypertext graphs are validated. The graph
model of the GXL distinguishes six graph classes which we utilize as follows:
Graphs are ordered pairs (V, E) of a vertex set V and an edge set E. In the

GXL, vertices are referred to as XML-elements named node. In the LOGOS
framework, instances of this element are commonly used to represent single
web pages identified by an ID and an GXL-attribute named URI (see table 1).
Accordingly, instances of the elements edge and rel(ation) are commonly
used to represent links of these nodes (see below).

Typed graphs are graphs with typed vertices and edges. We use typing to
distinguish anchor nodes and page nodes as well as standard links and frame
source links. Typing is manifested by the type element and its xlink:href
attribute. Since we need several type systems to independently classify the
same set of hypertext constituents, we also construct attributed graphs:
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Table 1. A hypertext graph of a conference website (dots indicate omitted content)

<gxl xmlns:xlink="http://www.w3.org/1999/xlink">

<graph hypergraph="true" edgemode="directed" id="HyperGraph0">

<attr name="Title"><string>Hypertext 2004</string></attr>

<node id="Page1">

<attr name="URI"><locator xlink:href="http://www.ht04.org"/></attr>

<attr name="Title">

<string>Hypertext 2004 - Fifteenth Annual Conference on

Hypertext and Hypermedia</string>

</attr>

<graph hypergraph="false" edgemode="directed" id="EmbeddedGraph2">

<node id="Anchor5"> ... </node> ...

</graph>

</node> ...

<node id="Page843">

<attr name="URI">

<locator xlink:href="http://www.ht04.org/cfpPapers.php"/>

</attr>

<attr name="Title">

<string>Hypertext 2004 - Papers Call for Participation</string>

</attr> ...

</node> ...

<rel id="HyperLink875">

<attr name="LinkStructureType"><enum>kernellink</enum></attr>

<relend direction="in" target="Page1" role="sourcepage"/>

<relend direction="in" target="Anchor5" role="sourceanchor"/>

<relend direction="out" target="Page843" role="targetpage"/>

</rel> ...

</graph>

</gxl>

Attributed graphs are graphs whose nodes and edges are assigned possibly
nested bags, sets, tuples or sequences of boolean, integer, real or string valued
attributes. In hypertext representation they are inter alia used to model the
URL of a web page and its metatags as an attribute-value pair and a bag
of such pairs enclosed by an GXL-attribute named MetaTags, respectively.
Analogously, the content of a page (i.e. the wording and HTML tags enclosed
by its body element) is modelled by a TokenVector element. This vector
serves as a representation model in automatic hypertext categorization (see
section 5). Furthermore, links are assigned a GXL-attribute named LinkType
whose values distinguish between up, down, inside, outside and across links
(see below). Finally, the GXL attribute model may also be used to represent
HTML lists, tables and embedded objects as attributes of nodes.

Directed graphs are graphs whose edges are ordered pairs of nodes, adjacent
from their source and adjacent to their target node. They are the default
means of representing HTML links whose source and target anchors belong to
the same web page, i.e. page internal links (see link C in figure 3). This is done
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page A page B
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anchor B1
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C

Fig. 3. Internal (C) and external links with (B) and without (A) target anchor

with the help of two attributes assigned to the edge element (see table 1):
from and to take as values the ID of the corresponding source and target node
anchor, respectively. Thus, they behave as IDREF attributes in XML. In spite
of this preferred usage, edge elements, their attributes and content model are
not restricted to map only HTML links. As the GXL model of hypergraphs
(see below) shows, even sophisticated links following the XLink standard can
be modelled in GXL – it is this expressive power of the GXL which underlies
our decision to use it as the primary format for representing web-structures.

Ordered graphs are directed graphs whose arcs are assigned ordinal numbers
reflecting any order dependent on their respective source node. In linguistics,
such assignments can be used to model the syntagmatic order of immedi-
ate constituents of superordinate nodes. In hypertext representation they are
analogously used to model the order of links (dependent on the textual or-
der of their anchors) which are adjacent from the same node. This order is
manifested by a GXL-attribute named order and assigned to the respective
rel(ation) element.

Stratified graphs are graphs whose nodes (may) embed graphs on their own.
In hypertext representation they are used to model page-internal structures
composed of links whose source and target anchors belong to the same page
(see link C in figure 3). In order to map this membership, the graph spanned
by the links internal to a page is included by the content model of the node
modelling this page. Following this approach, the GXL realizes a kind of
document-oriented modelling – complementing its predominant data-oriented
character. Since page-internal links simply consist of a (possibly attributed)
association of two anchors belonging to the same page, the edge element suf-
fices as the GXL analogon of graph theoretic edges to model this kind of links.
In case of all other links, so called hyperedges of hypergraphs are used:

Hypergraphs are graphs whose hyperedges are subsets of the vertex set V .
Hyperedges may also be ordered and directed. This qualifies them for mod-
elling HTML links whose anchors belong to different web pages (see link B
in figure 3). Table (1) illustrates an instance of the element rel(ation) which
models a link of two pages (identified by Page1 and Page843). The content
model of the hyperedge in question comprises a relend element targeting at
Page1 as its sourcepage, a rel(ation)end targeting at Page843 as its tar-
getpage, and a relend element targeting at the link’s source page anchor.
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Fig. 4. The kernel hierarchy with additional up, down, across and outside links

Links with a target anchor specification in the URL value of their href at-
tribute (see link B in figure 3) are modelled as rel elements with a relend
element of role targetanchor. Since relation ends can be extended by any
GXL-attribute and since hyperedges of this kind are not restricted regarding
the number of their targets, they allow to model any relation of any valency.
In other words, hyperedges are the preferred means to represent complex
links of the XLink standard using the same representation format as in case
of HTML links.
With the help of the GXL, web-based hypertexts on the level of compound

documents, their constitutive pages and the internal link structure of these pages
are mapped onto XML documents – henceforth called hypertext graphs – as
instances of the GXL DTD. As claimed by the LOGOS model in section (3), these
hypertext graphs have a kernel hierarchical structure whose constitutive links
are tagged as rel(ation) elements of LinkType kernellink (see for example
HyperLink875 in table 1). This kernel hierarchy is illustrated by a conference
website leaded by a title page and continued by a page on the corresponding call
for papers which in turn is continued by a page on style sheets, etc. The root
of the kernel hierarchy of a hypertext graph is identified by the GXL-attribute
RootID of the global graph element. The web page corresponding to that root
has to be explored in advance as the leader (or home page) in the sense of [10].
The compound document leaded by that page is for the time being identified by
a breadth first search starting with the leader and identifying the spanning tree
rooted by it.

Kernel links are distinguished from up, down, inside, outside and across links
[4,10,26], which in the following are defined on the basis of the kernel hierarchy
spanned by the kernel links of the respective hypertext graph (see figure 4):
Kernel links associate dominating nodes with their immediately dominated

successor nodes.
Down links associate nodes of the kernel hierarchy with one of their (domi-

nated) successor nodes in terms of that kernel hierarchy.
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Up links associate analogously nodes of the kernel hierarchy with one of their
(dominating) predecessor nodes.

Across links associate nodes of the kernel hierarchy none of which is an (im-
)mediate predecessor of the other in terms of the kernel hierarchy.

Inside links are node (i.e. page) internal links.
Outside links associate nodes of the kernel hierarchy with nodes of other web-

sites.
These types of links are tagged by means of the GXL-attribute named Link-

Type whose string-value belongs to the set {uplink, downlink, insidelink,
outsidelink, acrosslink}. Table (3) lists the frequencies of these types as
found in our test corpus of 13,481 pages of 1,000 conference/workshop websites
from computer science and mathematics.

According to our LOGOS model, web-based hypertexts are represented as
typed attributed directed ordered hypergraphs supplemented by graph stratifi-
cation and markup of a kernel hierarchy. This is done with the help of the GXL as
a uniform format for representing hypertexts, their nodes, links and other build-
ing blocks. These hypertext representations serve as a uniform input/output
format of any subsequent qualitative/quantitative hypertext analysis. It is this
general requirement hypertext graphs are generated to meet.

5 Hypertext Categorization

Hypertext categorization is the task of automatically assigning category labels
to hypertext units [8]. It utilizes HTML markup, metatags and link structure be-
yond representations of the units’ wording as input of feature selection [11,31].
In our categorization experiment pages of conference websites are categorized
(see table 2). The aim is to shed light on the range of polymorphism which we
expect to be accompanied by a regular multiple-categorization. If polymorphism
is a characteristic of web-based units, their pages cannot serve as the elemen-
tary unit of hypertext categorization, since polymorphic pages simultaneously
instantiate several categories. In order to verify this we use Support Vector Ma-
chine (SVM) classification which proves to be successful in text categorization
especially in cases of high dimensional, sparse and noisy feature vectors [15].
Handling noisy data is of outmost importance in hypertext categorization since
we cannot expect to observe instances of well established authoring practices
comparable to well established text types.

To implement this we use the LibSVM implementation of SVMs [14]. We use
C-SVM and an RBF-kernel function of type K(u, v) := e−γ‖u−v‖2

. In order to
derive optimal parameter vectors (C, γ) for our training sets we perform a search
in the parameter space P := {(C, γ)|C = 2g, γ = 2s, g ∈ {−4, 0, 4, . . . , 20}, s ∈
{−16,−12,−8, . . . , 8}} in combination with a 5-fold cross validation. For each
category we choose those parameter vector which minimizes the error of cross
validation with respect to the training set. As features all tokens and HTML
tags enclosed by the body and head element of the respective page are used.
The training set of category Ci was designed as follows: starting from the overall
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Table 2. The set of categories and their uniqueness coefficient Ui

category label prec. recall acc. #matchings Ui

submission and author instructions C1 29,1% 99,0% 70,8% 2107 0,10

call for papers C2 41,6% 99,0% 82,5% 2661 0,05

important dates C3 41,2% 99,0% 90,4% 1992 0,05

committees C4 50,0% 99,2% 88,2% 1546 0,24

accepted papers C5 66,6% 99,0% 72,1% 3846 0,02

topics and general information C6 35,0% 99,1% 90,4% 3616 0,02

program C7 25,5% 66,0% 68,4% 2716 0,14

travel and accommodation C8 50,0% 99,2% 80,3% 2245 0,03

venue C9 32,0% 99,0% 66,3% 3045 0,02

invited speakers C10 25,0% 99,0% 80,1% 2206 0,01

registration C11 46,1% 99,0% 71,3% 3339 0,03

sponsors C12 41,6% 99,0% 82,9% 4627 0,03

workshops C13 52,1% 99,2% 94,1% 1141 0,02

training set (of about 800 pages) all positive examples of Ci were selected and a
random sample of negative examples was chosen whose cardinality equaled the
set of positive examples of Ci in the overall set, whereby the negative examples
were uniformly distributed over the set of remaining categories. The evaluation
of performance on the basis of our corpus (see table 3) is shown in table 2. It
demonstrates very high recall, but low precision values; with the exception of cat-
egory C7, the categories are in many cases wrongly applied. In other words: the
categorization is highly error-prone. This result is confirmed by the uniqueness
coefficient Ui ∈ [0, 1] which relates the number of test cases assigned solely to cat-
egory Ci to the total number of assignments to this category, where [|Ci(u)|] = 1
iff the page u belongs to category Ci; |C| = 13 is the cardinality of the set of
categories:

Ui :=
|{u ∈ U |Ci(u) ∧ ¬(C1(u) ∨ . . . ∨ Ci−1(u) ∨ Ci+1(u) ∨ . . . ∨ C|C|(u))}|

|{u ∈ U |Ci(u)}| .

Table (2) demonstrates the extremely low discriminatory power of our cate-
gory set. There are at least four possible reasons for this deficiency: Either, the
category set is erroneous in the sense of not being fine-grained enough, for ex-
ample, or the training corpora have to be redesigned, or SVM categorization has
to be replaced by another method, or – and this is our preferred reading – the
pages in question are systematically polymorphic: they simultaneously manifest
– as a sample of the websites has shown – more than one function in conference
announcement. That is we do not directly cast doubt on the category set, but
rather argue for a preceding exploration of patterns of page internal structures
in order to disentangle functional equivalents and polymorphic units as a pre-
liminary step to any categorization. In this sense, hypertext categorization is
bound to an integration of vector space and structure oriented models.
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Table 3. The corpus of conference web sites used in the categorization experiment

Attribute Value Attribute Value

Number of web sites 1,000 Number of up links 10,535

Number of web pages 13,481 Number of down links 13,012

Number of frame set links 1,236 Number of across links 43,145

Number of kernel links 12,382 Number of internal links 6,323

6 Applications

In hypertext analysis various graph theoretic measures are investigated [6]. These
measures generally ignore syntactic, semantic and pragmatic types of nodes and
links as well as the sub-structures they induce. We plan to develop measures
which focus on that deficit. We especially focus on measures that are based
on node sequences and sequence alignments. Measures and spectral algorithms
to describe maximal subgraphs in the sense of semantic similar regions will be
defined on the Matrix (sij)ij , 1 ≤ i ≤ n, 1 ≤ j ≤ n, i, j ∈ IN, where sij is the
similarity between the text sequences representing the nodes vi and vj computed
by the metric explained in [18]. The application area of these measures is the
exploration of WWW patterns, i.e. the classification of web-units based on fine-
grained representations of their structuring.

A further application area of structural hypertext analysis is the enhance-
ment of browsing and information retrieval from large hypertext bases. The idea
is to gain an additional guideline for browsing and retrieval from the markup of
hypertext aggregates above the level of elementary nodes and links. We also fol-
low this line of argumentation, but propose a further field of application, namely
large-scale hypertext authoring and maintenance. This proposal follows Power et
al. [23] who describe a text authoring tool which allows a text designer to chose
among a set of parameters which control the manifestation of the same logical
document structure by different texts. Analogously, we plan an authoring tool
which automatically produces and maintains web pages on the basis of their
GXL hypertext graphs and the designers choice of functional equivalents to the
manifestation of hypertext structure types. The application scenario of this tool
is a large scale intranet or website with a tremendous number of heterogeneously
designed web pages. The first task is to map these pages onto a set of GXL hyper-
text graphs. The next step would be a redesign by standardizing, for example,
the functional equivalents to the manifestation of the same structure type (e.g.
presentation of project descriptions). That is, we plan to use hypertext repre-
sentation not only for the analysis of existing, but also for the synthesis of new
web documents.

7 Conclusions

Starting from a four-level hypertext structure model we introduced the concepts
of realizational ambiguity and polymorphism. That is, we view web-based units
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to be informationally uncertain manifestations of latent authoring patterns. We
argued that in order to derive an adequate hypertext model this informational
uncertainty has to be explored first. In order to show this we performed a catego-
rization experiment according to which even higher performing categories do not
prove to be stable predictors of hypertext units – due to multiple and fuzzy cat-
egorizations. Our conclusions are twofold: First, we argue for structure analysis
which tries to identify functional equivalents to the manifestation of hypertext
structure types and to resolve the pages’ inherent polymorphism as a prelimi-
nary step of any hypertext categorization. We are convinced that without such
an analysis it does not make sense to compare different websites since there may
exist hypertext graphs which manifest the same structure types by means of rad-
ically divergent surface structures and at the same time there may exist graphs
which manifest divergent structure types by means of similar surface structures.
Second, we plead for a reconstruction of (hyper-)text representation models used
in content analysis, which depart form the vector space model in the sense that
they map both, the structure and content of units to be represented.
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Abstract. Collocation analysis finds semantic associations of concepts using 
large text corpora. If the same procedure is applied to sets of outgoing links of 
web pages, we can find semantically related web domains to a large extent. The 
structure of the semantic clusters shows all properties of small worlds. The al-
gorithm is known to work for large parts of the web like the German internet. 
As a sample application we present a surf guide for the German web. 

Introduction 
When analyzing the internet, the term „community“ generally refers to a collection of 
web pages that offer content to one and the same topic and contain links of each other. 
It is well known that within internet communities there exists a characteristic link 
structure that can be measured and described by graph theoretical means [Gibson 
1998], [Barabasi 2000]. Among the key aspects that need to be taken into account by 
an algorithmic description of communities, we briefly rehearse the following (cf. 
[Brinkmann 2003]):  
• Structure: Prototypical structures comprise centralistic structures, generally 

known as authorities and hubs, and so-called webrings [Deo 2001]. In reality, 
however, an internet community will contain a variety of link structures. 

• Non-exclusiveness: Participants in a community can be members in another 
community, too. Membership to a community must not be exclusive. 

• Hierarchy: Communities can themselves be part of larger communities. In gen-
eral, a community that is contained by a larger community can be considered a 
specialisation of the more general one. 

• Communication: Communities can be related, i.e. there may be communication 
links between communities.  

It is also generally accepeted, that an algorithm for detecting communities must 
fulfill the following requirements:  
• Stability: The algorithm should yield nearly the same results when fed with the 

slightly disturbed data. In particular, the choice of a starting point for calculating 
the community should have no effect on the result. 

• Performance: In order to efficiently calculate community structures, the perform-
ance of the algorithm should have a complexity between linear and quadratic 
complexity. Otherwise communities could be computed by means of clustering 
algorithms known to have cubic complexity. 

In what follows, we present an approach to calculating internet communities based 
on a natural language processing technology for calculating semantic networks of 
words. The basic idea is that if we are interested in the characteristic concepts of a 
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certain subject area, we can take some known concepts of this subject area and look 
for concepts co-occurring significantly often with those starting concepts. This co-
occurrence can be measured for texts using a window size of one sentence at a time. 
Here we want to apply the same procedure to URLs: Assuming that URLs often men-
tioned on the same web page belong to the same subject area, we want to generate a 
cluster of semantically related URLs.  

It turns out that the algorithms developed for the semantic analysis of natural lan-
guage yield promising results for the semantic analysis of the internet. 

Background: Collocations 
Some words co-occur with certain other words with a significantly higher probability 
and this co-occurrence is semantically indicative. We call the occurrence of two or 
more words within a well-defined unit of information (sentence, document) a colloca-
tion. For the selection of meaningful and significant collocations, the following collo-
cation measure has been defined (cf. [Quasthoff 2002]). 

Let a , b  be the number of sentences containing A  and B , k  be the number of 
sentences containing both A  and B , and n  be the total number of sentences. 

Our significance measure calculates the probability of joint occurrence of rare 
events. The results of this measure are similar to the log-likelihood-measure: 
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In general, this measure yields semantically acceptable collocation sets for values 
above an empirically determined positive threshold. Hence, we can use this measure 
to select the relevant words in a sentence and to determine the context of a word in a 
collection of texts. 

Example: Detroit 

Fig. 1 shows the collocations of the word Detroit. Two words are connected if they 
are collocations of each other. The graph is drawn useing simulated annealing (see 
[Davidson 1996]). Line thickness represents the significance of the collocation. In 
Fig. 1 we find three different aspects of Detroit: Mainly other cities related to Detroit 
and Names of Organizations based in Detroit. 

Link Analysis 
The following link analysis was performed for a significant part of the German web, 
i.e. for “.de”-domains. 
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Fig. 1. Collocation Graph for Detroit 

The analysis of URLs follows the collocation analysis described above as close as 
possible. Analyzing sentence collocations, we analyse a large corpus of monolingual 
text and look for words (or concepts) occurring significantly often together within 
sentences. Both, the number of sentences and the number of different words are usu-
ally in the range of 106. A typical sentence contains about 10 words.  

In the case of link analysis we will get numbers in the same range if we consider 
the following units for our analysis:  
1. URLs found in link targets replace words. Web pages replace sentences. For a 

given web page, the corresponding ‘sentence’ just contains sets of link targets 
found on this page. Their order is irrelevant.  

2. Two URLs co-occur in such a sentence if there are links to both of them on the 
original web page generating the sentence. 

3. We only consider top-level-domains. Hence, both www.xyz.de/index.html and 
www.xyz.de/programm/2004.html are mapped to the same URL www.xyz.de. 
Dubletts are removed from the sentences.  

The number of sentences generated this way again is in the range of 106. The num-
ber of different words also has the desired size of 106. The reason for these numbers, 
relatively small compared to the actual number of web pages, is as follows. First, only 
part of the German web was crawled. Second, many web pages do not contain links to 
other URLs. This reduces the number of sentences about a factor of 10. And for many 
URLs we did not crawl incoming links which reduces the number of words. Let us 
consider the individual steps of the analysis in detail. 

Step 1: Sets of Links as Sentences 

The following box gives two sample sentences as stored in the database. For inspec-
tion reasons the fist entry is the URL of the page containing the links given in the 
second part: 
http://www.jazzdimensions.de/interviews/portraits/craig_schoedler.html  
 www.craigschoedler.com   www.atomz.com   www.phonoclub.de 
http://www.google.de/appliance/index.html   www.reuters.com  
 www.infoworld.com   www.ecommercetimes.com   services.google.com 
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Step2: Collocations of Links 

In the analysis of natural language text, collocations have proved to be useful to dis-
cover pairs of words connected by a semantic relation. The software available for 
calculating collocations between words works for large texts of 109 running words 
(tokens) containing 107 different words (types). 

Now, the same procedure is applied on sets of URLs instead of sentences of words.  
To calculate the similarity of two URLs A and B using the formula given above, 

now let a , b  be the number of incoming links for A  and B , k  be the number of 
pages containing both links to A  and B , and n  be the total number of pages. 

Due to the data structure we can apply exactly the same algorithms. Sample results 
are given in the next section. 

Comparison of URLs and Words 

Figure 2 shows the most similar URLs for www.heidelberg.de both in a list ordered 
by similarity and drawn using simulated annealing as described above.  

 
Fig. 2. 

The graph of the URL www.heidelberg.de shows strong similiarities to the graph of 
the word Detroit: Both the word and the URL of the cities are connected to the same 
type of objects. On one hand, they are connected to other cities nearby and/or of the 
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same size, on the other hand, they are connected to organisations of the city. Hence, 
the identical ananalysis of both text and links represent the underlying semantics in 
the same way. This might lead to the conclusion that human authors use links the 
same way as they use words: In the typical case, both words and links are choosen 
carefully according to their semantic content. In the case of proper names, both the 
word and the URL are used to denote the same object. What the algorithms find out 
mihgt be the relations between those objects, regardless of their representation 

Application: NextLinks 

In order to test the results for user acceptence, we implemented a surf guide called 
NextLinks which displays the top-10 similar URLs for the URL found in the browser 
window, see figure 3 for www.heidelberg.de. 

 
Fig. 3. 

At the moment, the following data are used: 

Table 1. Amount of data for domain similarity 

Number of URLs crawled 980.751 
Number of different domains found 886.107 
Number of domains with similar domains found 351.033 

NextLinks is available from http://wortschatz.informatik.uni-leipzig.de/nextlinks/ 

Further Steps 

To get deeper insights into the link structure of the web we need more data. The data 
used here were crawled with nedlib [NEDLIB], but this crawler does not scale very 
well. The next dataset will be crawled by a distributed system having many clients for 
crawling and link extraction. 
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The similarity between links and words shown for cities can be carried further if 
one analyses the strings used to name domains and subdomains. Here we can find 
even more relations between URLs and words. 
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Abstract. The automated creation and the visualization of concept structures 
become more important as the number of relevant information continues to 
grow dramatically. Especially information and knowledge intensive tasks are 
relying heavily on accessing the relevant information or knowledge at the right 
time. Moreover the capturing of relevant facts and good ideas should be focused 
on as early as possible in the knowledge creation process.   
In this paper we introduce a technology to support knowledge structuring proc-
esses already at the time of their creation by building up concept structures in 
real time. Our focus was set on the design of a minimal invasive system, which 
ideally requires no human interaction and thus gives the maximum freedom to 
the participants of a knowledge creation or exchange processes. The initial pro-
totype concentrates on the capturing of spoken language to support meetings of 
human experts, but can be easily adapted for the use in Internet communities 
that have to rely on knowledge exchange using electronic communication chan-
nels. 

1   Introduction 

With a growing number of communities in the Internet, tools are needed that provide 
aid in communication within and between them. People with different backgrounds 
might use the same term for different concepts or call one concept with different 
names – often without even noticing. The result is an inherent misunderstanding be-
tween people who want and need to cooperate, leading to communication problems, 
frustrations and finally to financial losses. 

Our goal is to support the communication and mutual understanding in two ways: 
On one hand we provide a visualisation tool for spoken language, having its applica-
tion in informal creative and usually highly innovative meetings like brainstorming 
sessions or open space workshops (cf. [Owen, 1998]. In these scenarios the tool does 
not only serve as an automatic documentation method by arranging the keywords in a 
meaningful way, but also provides corpus-based associations in order to enrich the 
conversation with concepts that are related but might have been forgotten by the par-
ticipants.  

On the other hand we use the same visualization engine for displaying single 
documents as trails on a so-called semantic map. The idea of a semantic map is heav-
ily relying on the well known concept of geographical maps, in which visual structur-
ing of interesting locations and the emphasizing of relevant paths between them are 
the key concepts to provide an orientation for the user. Other important properties of 
geographical maps that deal with an appropriate information filtering are the different 
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levels of scale and thematic scopes (e.g. political maps vs. hiking maps). The seman-
tic maps introduces in this paper will reflect this properties too. Since the location of 
the concepts on the map is fixed, users can grasp the contents of a document rapidly 
and compare documents in a visual way.  

The description of these features and the discussion of possible applications will be 
the topic of this paper. Both features are part of a prototype implementation called 
“SemanticTalk” which has been presented to the public in at the worlds largest IT-
Exhibition CeBit in Hanover, Germany, in spring 2004.  

The remaining paper is organized as follows: In the following section we will in-
troduce the underlying technologies for our approach. Section 3 describes the current 
implementations in the prototype. Current applications are shown in section 4. The 
concluding section 5 shows some issues for further research.  

2   Base Technologies 
After introducing the notion of statistically significant co-occurrences, we describe 
how the results of this calculation method – the global contexts – give rise to the con-
struction of semantic maps and the automatic associations provided by the system in 
brainstorming mode. 

2.1   Statistically Significant Co-occurrences 

The occurrence of two or more words within a well-defined unit of information (sen-
tence, document) is called a co-occurrence. For the selection of meaningful and sig-
nificant collocations, an adequate co-occurrence measure has to be defined: Our sig-
nificance measure is based on a function comparable to the well-known statistical G-
Test for Poisson distributions: Given two words A, B, each occurring a, b times in 
sentences, and k times together, we calculate the significance sig(A, B) of their occur-
rence in a sentence as follows:  

( , ) log log !
with number of sentences,

.

sig A B x k x k
n

abx
n

= − +
=

=
 

Two different types of co-occurrences are generated: based on occurrence within 
the same sentence as well as immediate left and right neighbors of each word. For 
further discussion on co-occurrences, see [Biemann et al. 2004].  

In short, the co-occurrence statistics result in connection strengths between words, 
which tend to appear in the same contexts. In the following, connections below a 
significance threshold are dropped, leading to the notion of the global context of 
words: Whereas words occurring with a reference word in a single sentence are called 
local contexts, the global context of the reference consists of the most significant co-
occurrences.  

2.2   Visualization with TouchGraph 

TouchGraph (see also www.touchgraph.com) is a freely available 2D visualization 
tool for dynamically developing complex graphs. It is written in Java and provided 
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under the conditions of the apache-style software1. Within our solution the software is 
used as a framework for the visualization of semantic maps. 

The layout mechanisms of TouchGraph provide methods to add, change/delete 
both nodes and edges to a graph already being visualized, causing it to jiggle and find 
a new stable state. The principle can be captured if you consider the nodes to be posi-
tive electrical charges, dispersed due to the electrical force but some of them bounded 
by a constraint force imposed by the edges. This is exactly the effect we want to visu-
alize: unbounded objects (which can be whole clusters or single word forms) are drift-
ing away until they find a stable position, because semantically they do not have any-
thing in common. Different nodes representing semantic objects can be connected 
with one or more semantic relations while the network grows. As a result the distance 
between them decreases, nodes related to each other are automatically repositioned. 
Aside from the automatic layout mechanism, TouchGraph provides generic zoom- 
and other scrollbars and a context menu for user interface that can be used to param-
eterize the shape of the displayed network. 

The following enhancements were added to the basic functionality, mostly moti-
vated by our application of visualizing word semantics: 
• various zoom scrollbars (see section 2.3) 
• colored nodes and edges depending on semantic categories (see section 3.1)  
• a possibility to disable the convergence towards total equilibrium, thus “freezing” 

the graph in its current layout 
Furthermore, the necessity arose to add new edges without changing the position-

ing of the graph (see section 3.2), which could be obtained by freezing it.  
As the main panel only represents a detail of the whole graph, a function dynami-

cally scrolling and zooming has been implemented to keep track of the red thread. 

2.3   From Co-occurrences to Semantic Maps 

Based on methods described in [Faulstich et al. 2002], it is possible to extract key-
words that reflect important concepts of a document collection describing a domain 
automatically and language-independently. For this analysis, based on differences in 
relative corpus frequency, a large reference corpus, such as the Wortschatz Corpora, 
containing the result of an analysis of a large, representative document collection in 
German language (see http://www.wortschatz.uni-leipzig.de) is needed. 

These keywords serve as a basis for generating a semantic map of the domain: by 
analyzing the co-occurrence of words within the same sentence statistically (see 
[Quasthoff et al. 2003]), and techniques of visualization (see [Schmidt 2000]), it is 
possible to display the keywords on a two-dimensional plane in a way that relatedness 
between keywords is reflected by short distances on the map. 

By use of this method the keywords arrange themselves in clusters. All keywords 
of one cluster are related to a single event. Keywords can be part of several clusters, 
but are painted only once during the visualization process. As a consequence they will 
be located between the clusters they belong to. Figure 1 shows a cluster for “Tastatur” 
(keyboard), and the two clusters of “Monitor” (monitor), being part of the cluster 
related to computer hardware and a TV magazine called “Monitor”. 
                                                           
1 The software can be obtained at http://prdownloads.sourceforge.net/touchgraph. 
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Fig. 1. One cluster for “Tastatur” (keyboard) and two clusters for “Monitor” (monitor) 

Note, that the graphs in the figure above are centered on the reference words (“Tas-
tatur”, “Monitor”). This causes the effect that the cluster from the left graph in fig-
ure 1 is being reproduced in the right graph of the figure in a somewhat distorted way. 
As opposed to this, when visualizing the semantic map of the whole domain, the rela-
tive position between the keywords remains the same. 

The automated creation of the semantic map for a specific domain consists of the 
following processing steps: 
1. Extracting keywords using a relative corpus frequency comparison 
2. Adding global context sets from the domain 
3. Adding connections between words that are members of each other’s global con-

text 
The size of the resulting map can be parameterized by the number of extracted key-

words and the size of the global context sets. 
Naturally, the number of important keywords is varying with the size of the text 

collection that has been used to define a domain. Especially when thinking of large 
domains, like newspaper archives or document collections of companies, a single 
screen for displaying the whole map will clearly not suffice for showing all the key-
words in lexicalized form. As a practical solution, we introduced two windows for 
visualizing the same semantic map at two different zoom factors: the “topic survey 
window” serves as an overview of the whole domain, the “local context window” 
displays highly granular relations between specific content units. For a screenshot, see 
figure 2. 

To adjust the granularity of the display according to the user’s needs, three rulers 
have been implemented: 
• Conceptional zoom: display of nodes as dots (see topic survey window) vs. lexi-

calized display i.e. as words in the local context window, larger words are key-
words with higher rankings 

• Granularity: the total number of nodes displayed 
• Scale: ratio of the size of the local context compared to the whole semantic map 

The visualization of the semantic map is pre-calculated for a specific domain and 
serves as constant background knowledge to visualize the content-path of each spoken 
sentence in the semantic net. When extending the domain, the map has to be re-
calculated. An initialization of the visualization software with positional information 
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of the previous domain map ensures resemblance to the previous map on order to 
facilitate re-orientation: When e.g. visualizing newspaper content, politics will stay in 
the lower right corner while sports is always in the upper middle part. 

3   SemanticTalk – A Tool for Innovation Acceleration 
As mentioned in the introduction, the SemanticTalk tool supports two operation 
modes: a brainstorming mode in which a semantic map will be constructed dynami-
cally from the input and a red-thread mode that visualizes a communication trail in a 
pre-calculated map. Both modes will be described in detail in this section. The input 
for the system can be obtained from different sources: it may be loaded from text 
files, directly typed in using a provided input field or spoken text recorded from a 
headset. For the conversion of spoken text, we use Linguatec’s VoicePro 102, which is 
speaker-dependent general-purpose dictation software for German language. 

The SemanticTalk user-interface that represents the different views of the semantic 
map as well as the controls that modify the behaviour of the tool is show in the figure 
below.  

 
Fig. 2. The SemanticTalk user interface. The local context window is a zoomed variant of the 
topic survey window and can be changed with the three zoom rulers. Other controls: New, 
Load, Save, Exit, Microphone on/off, Freeze graph, Brainstorming / Red thread Switch, Input 
text bar and scrolling 

3.1   Visualization of Associations in Brainstorming Mode 

Project planning and realization usually starts and is further accompanied by brain-
storming sessions where several people simply talk about possibilities of what to do. 
In the beginning, every participant has an isolated view on the issue, whereas the goal 
                                                           
2  For more information, visit: http://www.linguatec.de 

zoom rulers local context window 

topic survey window 
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of the brainstorming session is the exchange of the views in order to share the same 
view afterwards. In brainstorming mode, the software acts as a common brain that 
contains the views of all participants and proactively gives associations itself. 

For preparation, a text collection of the domain has to be processed as described in 
[Biemann et al. 2004] to provide the terminology and the global contexts to the sys-
tem. If existent, ontology or some typological system can be loaded in order to assign 
types to concepts and relations.  

The brainstorming session starts with a blank screen. Words of the conversation 
that are considered to be important (an easy strategy is to use only nouns of a substan-
tial frequency in the domain corpus) are thrown into the visualization. These words 
are in the following referred to as core words. If two words stand in the global context 
relation they are connected, which leads to an arrangement of concepts that reflects 
semantic relatedness by smaller distance. Each word is painted in a single frame with 
white background, indicating the human source. 

The global contexts of words serve as candidate sets for associations. These global 
contexts are over-generating, first of all because the sets are usually too large, second 
because of the lexical ambiguity of words that leads to mixed semantics in the global 
contexts: i.e. when speaking about bank transactions, one would not want a system to 
associate river (bank) or park-bench related words. The strategy for associations is as 
follows: only words that appear in two ore more global contexts of core words are 
displayed and connected to their related core words.  

When choosing associations, preference is given to typed relations, assuming that 
relations from the ontology are of higher interest to the brainstormers than other, un-
typed relations. The number of associations as well as the number of necessary core 
words for displaying an association can be parameterized, making the system tuneable 
with respect to associative productivity. The frames of associated words are painted in 
grey background colour, indicating machine source. 

 
Fig. 3. Brainstorming Mode: core words and associations 
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Figure 3 shows an example for some semiconductor companies: AMD, Halbleiter-
industrie (semiconductor industry) and Siemens are core words and Motorola, In-
fineon, Intel and Chip-Hersteller (chip manufacturer) have been associated by the 
system. All company names are coloured in pink, reflecting organisations, the typed 
connections between the companies reflect co-hyponomy, between Chip-Hersteller 
and two companies the IS-A-relation holds. The connection between Halbleiterindus-
trie and Intel is not typed. Typization of words and relations can either be loaded from 
an existing domain-specific ontology or annotated manually or semi-automatically. 

The resulting graph can be exported via a template engine into XML-like descrip-
tion languages for example RDF to be used and further refined in domain specific 
applications. Depending on the target structures an export into other graph and con-
cept-oriented knowledge structures, such as Topic-Maps or ontologies are possible. 

An important aspect of the export functions will be the domain- or role specific fil-
tering, using typed nodes an edges which can be used to build contextualized knowl-
edge structures. Possible applications are the knowledge management applications 
that rely on a contextual information provision that could be gained from a business 
process, for example (see [Hoof et al. 2003]).  

3.2   Visualization of Concept Trails on Semantic Maps in Red Thread Mode 

Semantic maps (see section 2.3) provide a good overview of a domain by visualizing 
keywords and their relatedness. While they are extracted from a document collection 
and serve as model for the whole domain, it is possible to display single documents as 
paths through them. 

We visualize the content of the broadcast as trajectory in the pre-calculated seman-
tic map. Words of interest from the document are marked in red and are connected in 
sequence of their occurrence by directed edges. Here we distinguish between two 
kinds of connections (see figure 4): 
1. A connection between two concepts has already been present in the semantic map: 

the two keywords are semantically related and therefore connected by a red col-
ored line. 

2. The connection has not been present in the semantic map: this indicates a shift of 
topic, just like the introduction of a new piece of information. These kinds of con-
nections are drawn in orange. 

When using spoken input, the colored connections are visualized in real time; the 
local context window is moving in a way that the most recent keyword always is 
located in the middle of the plane. For text file input, the resulting train is pre-
calculated and visualized after processing the whole text file. 

Words that are contained in the semantic map are marked in red in the input. The 
input document gets connected to the semantic map, which gives rise to bidirectional 
retrieval: the semantic map’s local context window adjusts to (clickable) red words in 
the input, and document contexts from the single document and from the underlying 
collection can be retrieved by selecting a word from the semantic map. 

By using a fixed semantic map and dynamically representing input as indicated, it 
is possible to examine 
• coverage of domain: the more clusters are visited, the more the document covers 

the domain 
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Fig. 4. Red thread visualization: topic shift to and from Georgian politics (left part of the win-
dow). Other clusters visited: Afghanistan (right upper corner) and Iraq politics (right lower 
corner), not visited by red thread: Trinidad and Columbia politics (lower middle). Data basis: 
Tagesschau broadcast news in red on one-day newspaper corpus in grey 

• coverage within topics: the more words in a cluster are marked in red, the more 
extensively the document treats the topic of the cluster 

• relatedness of document to domain: few red words in the input indicate non-
relatedness 

• contiguity of document: many successive long range orange connections indicate 
semantic incoherence 

• comparison of different documents: either in a visual way by displaying several 
documents in different colors or by using semantic map concepts as features for 
classification or clustering 

The great advantage of this representation lies in displaying what is described in 
the document, and the same time, what is not being dealt with. By using a fixed repre-
sentation for the domain, the practiced user can grasp the document’s content in a few 
seconds and then decide whether to read it or not. 

4   Applications 

To some extent this model captures important aspects of our cognitive processing of 
language. One natural application will therefore be in the area of natural language 
dialogue systems, in particular in Question-Answering systems: When evaluating a 
path in a semantic net for certain key concepts alternative continuations to the path 
actually followed become apparent. This indicates possible questions that the system 
might ask back to the user. We might also evaluate the actual path with respect to its 
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information value (with reference to the domain specific conceptual expectations), 
and better structure the dialogue accordingly. 

A further application may be found in the area of content and knowledge manage-
ment. By mapping a document onto the semantic background net (instead of spoken 
natural language input), we get an indication of the topics that it treats, and of the 
topics that it does not cover as well. This may be used to evaluate, for example, the 
coverage of technical descriptions (e.g. instructions for the use of technical de-
vices/user manuals). Also, by evaluating the conceptual path, documents may be 
compared with respect to the way they verbalize conceptual relations. Thus the Se-
manticTalk can be seen as a tool supporting the digestion of electronic documents, 
which in turn will help to find the relevant information within a large document col-
lection faster and more easily.  

With respect to Internet Communities we are currently evaluating another promis-
ing area: the analysis of high volume discussion forums in its various forms (Mailing 
lists, newsgroups, Wikis and blogging systems). Many of these community-centric 
systems propose a significant entry barrier to a newcomer in the community, since the 
sheer amount of information and its dynamic change makes it difficult to find the 
relevant information or follow the communications threads within an established 
community. In order to apply the SemanticTalk we will carry out a background analy-
sis of a complete high volume Mailing list (to be used as a semantic map) and use 
single positing or communication threads as inputs for the red thread functionality to 
highlight the mentioned topics and concepts and draw relevant association from the 
background knowledge. 

The full paper will present some result of the experiments currently carried out 
with some high volume mailing lists and newsgroups. 

5   Related Research 

The general issues of supporting group meetings with IT-systems are dealt with in 
[Krcmar et al. 2001] at a general level, whereas the extraction of theme structures 
from spoken language relates to different research areas and can be seen as the task of 
information or topic extraction (see [Cowie & Lehnert 1996]) and [Grishman 1997]). 
Information extraction from spoken language was discussed in [Palmer et al. 1999] 
but focuses on the template-based extraction of named entities. Another interesting 
approach in which the computer plays the role as a mediator within a session is illus-
trated in [Jebara et al. 2000], although the scope of this approach is limited to a re-
stricted set of trained topics using a machine learning approach. The proposed solu-
tion is not limited to a set of topics and therefore only dependent on the analysis of an 
appropriate document collection in the background. 

To our knowledge there is no related work of visualizing concepts in semantic 
maps automatically. While [Bergmann & Dachs 2003] visualize documents on maps 
due to relatedness of extracted keywords, the content description of the documents is 
inserted manually and rather high conceptual. Other approaches for visualization of 
semantics, like [Mertins et al. 2003] or [Paier 2003] who both display organisational 
structures, assume a well-defined database or ontology, whereas this work finds its 
data basis by statistical analysis. 
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6   Future Work 

For the future, we plan to extend the tool in different ways. We identified another 
necessary zoom method: A simple hierarchical clustering algorithm could group the 
concepts into sensible clusters using their closeness on the map. When using the clus-
ter-zoom, several close concepts are collapsed into a multi-node with a circular label. 
This multi-node is positioned at the center of gravitation to preserve the topology of 
the map. Lexical labels for multi-nodes can be chosen by heuristics from the labels of 
the collapsed nodes; when in red thread mode, the grade of redness indicates the frac-
tion of red nodes in a multi-node. Multi-nodes should be expandable and collapsible 
by automatic means, but also by the user who defines a personalized view on a fixed, 
underlying map.  

For improving usability, we will implement a variety of import formats, in as well 
as provide means to export the resulting graphs into machine-readable markup-files 
(e.g. in RDF Format) and printable graphics formats. 
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Abstract. In this article is proposed a distributed middleware useful to handle 
the evolution of deterministic virtual scenes in a 3D world. The proposed mid-
dleware allows interaction necessitated among virtual humans [1] and the envi-
ronment. This interaction allows virtual humans to get user defined goals. As 
stated in the behavioral animation [3,4] paradigm, the user only tells characters 
“what to do” (goals) instead of “how to do it” (actions). Every virtual human 
computes dynamically by means of an intelligent algorithm, the actions to 
achieve its goal based on: a) its actual state; b) the stimuli perceived from the 
environment, and c) the personality of the virtual human. Main components of 
the proposed middleware is part of a more complex system we call GeDA-3D 
[5,6], this system includes a Declarative Virtual Editor useful to create the vir-
tual world, an Context Descriptor used to define the physic laws ruling the envi-
ronment, increment the language declarative language with definitions, con-
cepts etc. A Rendering Tool useful to display the evolution of the scene, an 
Agent’s Control module to control the agents managing the different virtual life 
creatures and all this is around a Geda-3D’s kernel that provides all the stuff 
necessary to all these modules interact. Briefly the behavior of these middle-
ware is: The scene controller receives the actions, validates them, handles the 
effect of the actions according to the natural laws of the world, resolves a set of 
graphic primitives to render and launches an event for every goal achieved. The 
cycle of sending local states and receiving actions loops until no goal is left to 
fulfill. 

1   Introduction 
The development of distributed systems is well adapted to human behavior; however 
it is necessitated at same time to offer better interfaces to humans. With this aim, we 
propose a middleware useful to develop distributed application where a 3D interface 
is useful. More of these distributed applications recreate a virtual environment o vir-
tual world. When we say a virtual world we mean all programs necessitated to repre-
sent a world with all things objects creatures interactions etc. For instance it a world 
can be all the stuff necessitated in a manufacture plant or in a thermoelectric station. 
The term virtual creature is typically defined as a representation of a real or fiction 
creature generated and managed by a computer. Virtual creatures have gained great 
popularity in the recent years, especially on the entertainment industry – to develop 
animated movies and video games- and on the academic field, to recreate prehistoric 
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environments. When dealing with real-time applications, for instance video-games, it 
is not so simple to handle the behavior of the virtual humans to make them look real-
istic.  

As a consequence, several researchers from around the world have led their works 
toward the behavioral animation [3,4]  of virtual humans in order to create virtual 
scenes less predictable, where virtual humans take autonomous decisions in real-time. 
The spirit of behavioral animation techniques lays in the concept of telling characters 
“what to do” instead of “how to do it”. In behavioral animation, a virtual human de-
termines its own actions, at least to a certain degree. This gives the virtual human an 
ability to improvise, and frees the animator from the need to specify each details of 
every human’s motion. Unfortunately, it is not clear how the current works provide 
means for users to: a) develop behaviors and assign them to virtual humans, b) specify 
the natural laws ruling the interactions in a virtual world, and c) take advantage of 
existing rendering tools in order to avoid low-level implementations. 

We propose an agent-oriented middleware useful to handle the evolution of virtual 
scenes based on behavioral animation. This middleware is the core of a complex sys-
tem called GeDA-3D, and introduced in [5,6]. The main goal of this first stage of 
GeDA-3D concerns allowing inexpert users –scenarists, hereafter– to provide a hu-
man-like description of any scene and, as a result, a 3D-graphical representation of 
such scene is rendered. This overall operation is depicted in Figure 1. During the 
evolution of the scene, virtual humans [1,2], or characters, interact with each other in 
order to achieve a number of goals specified formerly by the scenarist. 

 
Fig. 1. Context-DFD of GeDA-3D 

This article is organized as follows. Section 2 introduces the architecture of the 
system together with a brief explanation of the components’ competencies. Section 3 
depicts the internal operation of an agent in GeDA-3D. Section 4 shows the informa-
tion flow between the components of the middleware. Section 5 summarizes the con-
clusions and future work. 

2   Architecture 
The middleware proposed in this paper follows an agent-oriented architecture which 
allows management of distributed applications and assists the development of virtual 
environments. It represents the core of GeDA-3D. The behaviors of the characters are 
actually distributed applications treated as agents attached to the platform. An agent 
can control the behavior of more than one character. The platform provides templates 
allowing the programmer to easily develop simple or complex behaviors. 
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The core of GeDA-3D is primarily in charge of: a) sending the agents the next set 
of goals their characters have to fulfill and the current local state of the world, b) 
managing the interaction of the virtual entities according to the natural laws of the 
world being modeled, and c) sends a set of lower-level commands to a 3D-tool to 
render the scene. Every agent sends back to the core an action sequence to encourage 
the fulfillment of the current goal. Figure 2 depicts a data-flow diagram of GeDA-3D 
considering some components required to accomplish the main goal of the project.  

 
Fig. 2. Level 0-DFD of GeDA-3D 

The overall operation of GeDA-3D is as follows. The scenarist provides a declara-
tive [7] description of the scene using geometric constraints [8]. Such description 
includes: a) creation of virtual entities, b) assignment of behavior for characters, c) 
arrangement of entities in the world, and d) description of the goals to be fulfilled by 
the characters. The Virtual Scene (VS) Editor translates the declarative description in 
a geometric one, only if the description is errors-free and valid according to a number 
of rules. The world (or context) defines a set of natural laws that rules the interaction 
between the virtual entities, and includes descriptions of the actions and entities ad-
missible.  

The core manages the evolution of the scene: it validates and executes actions, and 
handles the effect of interactions between entities. Every agent receives the state of 
the world and sends back actions to achieve the goal-specification. Finally, the ren-
derer receives low-level commands useful to display continuously the scene.  

The architecture of the core is constituted primarily by two modules called scene 
and agents control. The scene control addresses all the issues related to the evolution 
of the scene as a result of the interaction of characters, while the agents control man-
ages the distributed issues of the platform. Figure 3 shows a more detailed data-flow 
diagram depicting the architecture of the middleware proposed. 
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Fig. 3. Middleware architecture 

2.1   Scene Control 

The scene control is in charge of control the interactions and evolution of the virtual 
scene. It receives high-level commands to, initially, create and arrange virtual entities 
in the scene and, iteratively, to request the execution of actions. As a result, the scene 
control produces low-level commands to be sent to a specific renderer who translates 
each command in a set of graphical primitives. A low-level command indicates either 
the creation/placement of a virtual entity, or the animation of one or more entities. A 
high-level command can produce zero or more low-level ones. The tasks performed 
by the scene control include the following: 
• Receive a sequence of high-level commands for the display of the virtual objects 

in a certain position 
• Receive periodically – coming from the agents – sequences of actions for the char-

acters to perform  
• Validate the execution of all the actions received; it has the ability to delay or can-

cel the execution of a single action or an action succession 
• Resolve a sequence of animations to execute as a result of an interaction, and send 

it to the renderer; the natural laws have much influence in this task 
• Whenever an action succession is finished, successfully or prematurely, the scene 

control determines and sends updated local world-states to the agents through the 
agents’ control. A premature finalization is usually due to unexpected contacts 
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with other moving entities or by gravity effects: the ground was not enough for all 
the actions. In either case, the agents are notified right away with the new local 
world-state. 

• It holds a World database containing fundamental information about all the virtual 
entities involved in the scene 

2.2   Agents Control 

The agents controlling the behavior of characters are actually distributed applications. 
The agents’ control manages the connection and disconnection of the agents and all 
the issues related to the transference of data between the community of agents and the 
middleware. Such data include the following: 
• Control assignment. Every agent controls the behavior of one or more characters 

and enforces them to accomplish a goal-specification defined by the scenarist. A 
character is said to be linked to an agent during the scene. More details about the 
agent operation can be found in Section 3. 

• Goals required. The operation of an agent is oriented to achieve one or more goals 
not yet fulfilled and already enabled. A goal is enabled as soon as some precondi-
tions are given, including external events or previously-assigned goals fulfilled. 
Such conditions are defined during the scene description. 

• Local state of the world. Every character has a particular perception of the world 
around. This perception depends on the location and orientation of the character, 
and is represented as a set of entities reachable from the character’s field of view. 
The information of an entity seen can be full or partial depending on how far it is 
from the eyes of the character. 

• Action sequences. An agent computes an action sequence as a result of the current 
goal required, the personality definition and the local perception. The agents con-
trol continuously receives action sequences from all the agents and sends them to 
the scene control for validation and execution. 

• Messages between agents. Very often, characters work as a team and hence need 
cooperation from each other, for instance, to increase the local perception of the 
environment. In such cases, agents are capable to exchange messages in order to 
provide information about the scene. 

3   Agent Architecture 
This section introduces a generic architecture useful to develop the behaviors of the 
characters. These behaviors are attached to the platform as distributed agents. The 
scenarist specifies what characters must do, instead of how they have to do it. The 
behavior is in charge of solving the second part. Therefore, two similar specifications 
might produce different simulations. The agent relies on a Beliefs, Desires and Inten-
tions architecture, as described by Georgeff [9], so that each agent makes decisions by 
itself. In general terms, the agent operation consists on iteratively receiving goals and 
current states of the environment, and sending back action sequences. The local per-
ceptions received from the environment represent agent’s beliefs. Before introducing 
the agent architecture, some background concepts must be defined. 
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A skill symbolizes a non-trivial action or complex action [10,11], that a character 
knows how to carry out, and involves the execution of an appropriate sequence of 
primitive (trivial) actions. In order to start working on a skill, some initial conditions 
about the current status (location, visual state, orientation) of the virtual entities in-
volved have to be fulfilled. Likewise, there are similar final conditions indicating a 
skill was successfully carried out.  

The goals symbolize the author’s requirements and an agent’s desires. All the in-
teractions occurring in a scene lead to the fulfillment of the goals submitted by the 
scenarist. A simulation is finished as soon as all the goals have been achieved suc-
cessfully. A goal specification includes a character, a skill and a target. The target is 
optional and represents either a zone in the environment, or a virtual entity. Some-
times, the scenarist structures the goal-description in such a way that sets of goals 
enable other sets of goals. That is, goals gj1, gj2, … gjn, have to be achieved (concur-
rently, sequentially, or optionally) necessarily before start working with goals gk1, gk2, 
… gkm. In this context, we call j and k goal-cycles. Whenever a goal-cycle is started, 
an agent is told to fulfill a new set of goals.  

Often, the fulfillment of a goal is not a straightforward process of just selecting a 
series of actions and that’s all. Since we are dealing with dynamic environments, the 
actions selected at a specific time may not lead us to the goal, because of unexpected 
presence of new obstacles or adversary entities. Therefore, characters frequently di-
vide their current goals in tasks or subgoals, where every task lists a sequence of 
actions required to solve the current trouble. The tasks are also useful to achieve the 
initial conditions of the skill involved in the current goal. The tasks represent the 
intentions of an agent. 

A personality is defined as everything that makes a difference between the behav-
ior of two different characters sharing the same set of goals, skills and actions. The 
personality resolves the best sequence of actions (within tasks) in order to achieve the 
current goal of the character, according to the current state of the character inside the 
environment. 

Figure 4 depicts the architecture of an agent. Msgs stores all the messages received 
by an agent; the purpose for the message-passing is to allow cooperation between 
agents, in the cases where an agent has information useful for any other. GNF (Goals 
Not Fulfilled) stores the goals left to fulfill, while GF (Goals Fulfilled) stores the 
goals successfully achieved. Let A, N be, respectively, the set of all the actions and 
entities valid in the current context where the scene carries out, and G be the set all 
the goals specified by the scenarist. 

The task-tree depends on the current skill selected and it is built up from a Process 
Algebras [12] expression. The following operators are considered: 
• t1 >> t2 : Prefix operator: The agent will have to perform first task t1, then task t2 
• t1 [] t2 : Choice operator: The agent perform either task t1 or t2. 
• t1 ||| t2 : Parallel composition operator: The agent must perform goals t1 and t2 

without concerning the order of execution. 
GA is a Genetic Algorithm embedded in every agent, which computes the best se-

quence of actions to perform. The objective function (OF) in GA is based on: a) the 
coordinates of the target place the character is leading to through the execution of the 
current task, and b) the state of the world, i.e. the presence of moving entities avoid-
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ing straight trajectories toward the target. A chromosome represents a sequence of 
actions to carry out. Two chromosomes may have different length. An allele is a pair 
<orientation, action> where orientation denotes the amount of degrees to turn about 
the 3-axes before carrying out the action. Two genetic operators are employed to get 
the offspring: crossover and mutation. The former combines two chromosomes using 
random crossover points. The mutation involves slight random changes in the orienta-
tion and action values, and the size of the chromosome. OF is in terms of: a) the dis-
tance between the character and the target, b) the trajectory length, and c) the pres-
ence of obstacles during the trajectory computed. The evaluation function computes 
large fitness values if the OF is minimized. 

The agent operation is as follows:  
1) At goal-cycle n, the sensor receives the next set of goals G to fulfill, and they be-

come GNF; a goal g is selected from GNF. If GNF was not empty at cycle n, then 
the previous goals in GNF are discarded. 

2) The underlying skill k from g is found in Skills, and a set of actions available for k 
is obtained 

3) A task-tree structure is created according to the current state of the world and the 
current skill k. 

4) The personality ρ chooses a task sequence from the tree. 
5) Having as input data: a) the current local state of the world, b) a set of actions 

available, c) the current task and d) a list of messages, GA computes a sequence of 
actions and sends it to the effector; additionally, the GA may send messages to 
other agents through the effector. 

 

Fig. 4. Agent architecture 
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6) Whenever the sensor receives a new local state of the scene, the agent checks if 
the current goal was successfully achieved; if positive, then a new goal g is ob-
tained from GNF. 

4   Information Flow 
This section introduces the information flow between the VS-Editor, the core and the 
community of agents. Figure 5 depicts a zoom-in of the architecture in Figure 3, and 
shows a more detailed interaction between the agents control, the scene control and 
the community of agents. Such interaction involves sending and processing the com-
ponents in a goal-description. 

In addition, we introduce two modules, a goals manager and an event launcher, 
which belong to the agents control and the scene control, respectively. The former is 
in charge of: a) retaining the goals that are not enabled yet because of the lack of 
events, and b) sending back to the agents control those goals required to be fulfilled at 
the current time. Then, the agents control sends every agent the goals assigned to the 
characters it controls. The event launcher is given the state of the world every time it 
is changed, as a consequence of actions, and then it determines whether an event can 
be launched or not. This decision is taken using first-order logics. The behavior of all 
the components of the middleware is specified using process algebras notation, where 
they are treated as agents. First of all, let’s define some functions and sets useful to 
resolve the set of goals an agent has to fulfill in a specific time, and hence, tu under-
stand the information flow. 

Let C be the set of characters (intelligent virtual entities) existing in the current 
scene, G be the set of goals assigned to characters, A be a set of agents available 
within a specific context, Σ is an indexing set of goal-cycles, and E be a set of events 
occurred in the scene. An event has one of two possible values: true or false. P stands 
for the power function. 

Let δσ : C → P (2E × G)  be a function that assigns goals to a character, to be ful-
filled during goal-cycle σ. Each goal will be enabled as soon as all the events associ-
ated are set to true. Let ϕσ be a logical expression that, if true, indicates the fulfillment 
of the required goals, and so, the finalization of a goal-cycle. This expression is built 
up with events. The logic operators employed are: ∧, ∨, ⇒. ∆, Φ denote, respectively, 
sets of δ and ϕ. More details about computing (Σ, E, G, Φ, ∆) from the goal-
specification will be included in a further paper. 

Let λ: A → 2C be a mapping from agents to characters, and having the following 
constraint: two different agents are not allowed to control the same character. For-
mally, ∀c ∈ C, if c ∈ λ(a1), then c ∉ λ(a2), having a1, a2 ∈ A and a1 ≠ a2. 

Let FIL: P (2E × G) → 2G be a filtering function that resolves a set of goals enabled 
and not fulfilled yet, according to the events associated to each goal. Formally: 

    Let D stand for the domain of the FIL function, e1,…,en ∈ E, gk ∈ G 
   ∀<{e1, …, en}, gk> ∈ D, if v(e1 ∧ … ∧ en) = true and v(ek) = false   
                                       then gk ∈ FIL(D). 
Finally, let δ’: A → P (C × 2G) be a goal-assignment relation for agents ∋ ∀a ∈ A, if 

c = λ(a), then <c, FIL(δσ(c))> ∈ δ’(a), having c ∈ C, σ ∈ Σ. This relation tells an 
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agent which goals are currently enabled and required to be fulfilled by the different 
characters the agent controls. 

AC def in1(Σ, Φ, ∆,G, E).out1(Σ, Φ, ∆).out2(G)  +  
  in2(δ’).outi(δ’(ai))…outk(δ’(ak))    
                   + ini(actionsi).out3(actions)   +  in3(e).out4(e) 
GM def (in4(Σ, Φ, ∆) + in5(e)).getδ’().out5(δ’) 
getδ’() def if v(ϕσ) is true then σ = next_σ() 
  if σ is not null then compute δ’ as follows: 
  ∀a ∈ A, ∀c ∈ λ(a):  δ’(a) = <c, FIL(δσ(c))> 
SC def in6(actions).perform(actions).out6(world) 
EL def (in7(G, E) +in8(world)).event() 
event() def if a new event e is launched then out7(e) 
AGi def in9(δ’(ai)).action().out8(actionsi) 
action() def run the underlying intelligent algorithm to compute the next set of  
  actions for every character controlled 
Notice that the agent control has a pair of ports <in1, outi> (input and output) for 

every different agenti available in the current context. A further work will introduce 
the formal description of the actions assigned to characters, the virtual world and the 
event handling. The last one involves declaring a number of logic-based rules allow-
ing an event to be launched. 

 
Fig. 5. Information-flow across the middleware 

5   Conclusions and Future Work 
In this paper we present our work regarding the development of a middleware useful 
to develop distributed applications where a 3D interface is useful. The design of this 
middleware is based on agents. Main characteristic of our middleware is that it hides 
from final user. Till now our middleware allows interactions completely specified. 
This is useful for applications where user specify all interactions goals to be achieved. 
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For instance, in entertainment industry this is useful to in the development of a theater 
scene or a chapter of a film. In industry, the construction of a product must be com-
pletely specified. We have work with some very simple examples for instance the 
simulation of a soccer game, a small piece of theater.  

Our future work is addressed in two directions first to provide formal specification 
of our middleware and second more applicative: to improve our middleware to sup-
port interactions not specified; to allow user interact with applications, for instance 
allowing the control of objects;  to evolve our character agent architecture to support 
in case of virtual human some characteristics like mood, and personality. Also we are 
developing infrastructure to support several real time engines for rendering the 3D 
results. In parallel we are developing some applications for final users.  
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Abstract. The knowledge of internal structures of the cache-memory
hierarchy and its performance is very important in modern computer
systems. Therefor, this paper introduces a mathematical model that
describes the transition between Level 1 and Level 2 cache of current
processors. The theoretical predictions are proved by measurements for
two Intel CPUs and an UltraSparc II system.

1 Introduction

As the performance gap between CPU and I/O devices increases rapidly in mod-
ern computer systems the understanding of I/O systems is of great interest. In
the context of the IPACS project that develops benchmarks for distributed sys-
tems a mathematical model was introduced that characterizes some performance
issues within the memory subsystem.

Modern computer systems have a hierarchical architecture of storage called
the memory hierarchy. Each level of the hierarchy is slower and of larger size than
higher levels. Typically the memory hierarchy consists of CPU registers, Level 1
cache, Level 2 cache, main memory and disk storage. Often referenced memory
can be stored in the fastest possible hierarchy level to increase the performance
of memory access, especially in cache and main memory. This technique can
strongly improve the application performance. However it complicates the ex-
act understanding of the processes that influence the performance of memory
accesses.

This paper describes a mathematical model that helps to understand the
performance within the cache hierarchy levels. It focuses on the performance
description of the Level 1 and Level 2 cache. Especially, it describes the perfor-
mance of accesses to the transitional region between that two cache hierarchy
levels. While Section 2 presents some former work Section 3 discusses the measur-
ing method and the mathematical model for the memory performance. Section
4 presents some measured results of three chosen example architectures before
Section 5 concludes the paper.
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2 Related Work

Most of the related works that try to characterise the performance of cache
memories, describe methods for implementing memory benchmarks and present
measurements for different architectures. Mathematical models that establish a
theoretical background for the effects are rare. Saavedra describes in [1] and [2]
the characteristics of cache systems. Cache parameters are measured by varying
the stride size of memory accesses. As the papers focus on the performance in
dependency of the stride size of memory accesses, conclusions about the effective
memory bandwidth in different operating ranges are missing. In addition both
papers do not give any conclusions about the performance in transition regions
between memory hierarchy levels.

Hockney discovers in [3] the phenomenon of a very low bandwidth in the
transitional region between cache and main memory. He does not explain it in
detail and refers to [4] where the cache memory effect is explained by means
of a mathematical model. The model is based on Hockneys linear timing model
(r∞, n1/2) described in [5]. The mathematical model described in [4] uses a very
abstract model that does not take cache specifics like associativity into account.
As modern computer systems widely use set-associative caches with least recently
used as replacement strategy, our approach for characterising the cache memory
effect will adhere to that. It will introduce a model that can easily be used
in most modern computers to predict the performance of consecutive memory
accesses for a better optimisation of program behaviour.

Hristea [6] describes some benchmark kernels written in C that measure
different performance parameters of the memory hierarchy. The advantage of
the suggested benchmarks is that they are completely hardware-independent.
To prove the introduced mathematical model a benchmark was written that is
based on a benchmark kernel from [6]. Based on that kernel we measured cache
memory characteristics on some example architectures to compare it with the
expected values acquired by the introduces mathematical model. The comparison
between theoretical and measured results gives us the potentials of the suggested
theoretical model.

3 Measuring Method and Mathematical Model

This section describes with priority the mathematical model and its theoretical
fundamentals.

3.1 Measuring Method

The mathematical model characterizes the performance of reading different block
sizes of consecutive memory. Additionally, it allows to calculate the associativity
of caches from bandwidths in the several hierarchy levels. A program measures
the time for reading memory blocks with an increasing size. The acquired times
for the different vector sizes are used to determine the different bandwidths. The
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main part of the program is a slightly modified back-to-back memory latency
benchmark kernel, as described in [6].

To minimize disturbing effects, like task switching or memory swapping
within the benchmark kernel, and to make sure that all cacheable memory is
located inside the caches, the code for traversing the pointer-list is performed
100 times. The program only reports the best time. This guarantees reliable and
reproducible values.

In the measured values some straight lines can be identified. Each line repre-
sents a memory hierarchy level or a transition between two levels. As described
in [3] the asymptotic bandwidth for the sections can be calculated as:

Bi =
1
ti

(1)

Bi − Bandwidth in region of line i

ti − slope of straight line i

For memory vectors that fit into one cache hierarchy level, the time for read-
ing the memory-block increases linear with its length. By increasing the vector
size over the size of a cache, the reading time rises faster than in the last level.
This is caused by the inevitable cache misses when reading the linear memory
area. The change from one hierarchy level to the next is not a simply degradation
of the reading time. Because of the cache organization, there is a short transition
area between two levels where the reading time per byte rises faster than in both
– the faster and in the slower hierarchy level. These effects and their reasons are
described in the next section.

3.2 Set Associative Caches

In order to understand the arising effects within the transitions between two
memory hierarchy levels, it is important to understand the function and organi-
zation of cache memory. There are three forms of cache organization:

– direct mapped (1-way set associative),
– n-way set associative, and
– fully associative caches.

The fact that the cache memory is divided into lines with a specific length of e.g.
16 bytes is applicable to all three forms. These cache lines are organized in sets.
For n-way set associative caches a set is containing n lines. In the case of a fully
associative cache there is only one set containing all cache lines. Each memory
block can only be stored in one cache set. Least recently used is a commonly
used replacement strategy for loading a further memory block if all cache lines
in a set are engaged (see [7] for explanation of LRU).

The functionality of the three cache types is explained in [8].
An example for a 2-way set associative cache will be discussed in order to

understand the transition effects between two hierarchy levels. Figure 1 shows
such a cache. In order to make this example simpler, the block size is exactly the
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Fig. 1. 2-way set associative cache example

size of a vector element. Additionally Figure 1 shows the contents of the cache
memory after reading a vector with a size of eight. As this is the size of the
cache, no cache misses occur under the condition that a read is performed more
than once. If the size is increased to nine, more cache misses will occur and it
will be necessary to replace blocks inside the cache. For this purpose the LRU
algorithm is used.

When reading a vector with nine elements, cache misses arise only in the
first cache set. For a pointer-list with ten elements, misses appear in the first
and second set, and so on. Figure 2 shows the cache content after reading areas
with a size of nine to thirteen elements (every range was read twice). The more
interesting part in the figure is the number of occurred cache misses. The misses
only arose in the gray colored cache sets.
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Fig. 2. Occurred number of cache misses for rising vector sizes

The transition effects can be explained with these values. For vector sizes
between nine and twelve elements the number of cache misses rises by three
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with every step, against the rising by one for greater vector sizes. The generic
equation for the number of cache misses in the transition area is:

m(n) =
n − c

cL
· (a + 1) if n > c (2)

m(n) − number of cache misses

n − number of read bytes

c − cache size of faster memory[bytes]

cL − cache line size of faster memory[bytes]

a − associativity of faster memory

The first part is the number of cache lines of the vector that exceeded the
size of the cache. This number of lines must be reloaded a + 1 times when
reading the vector. Increasing the associativity by one is necessary because the
first cache line has to be loaded twice. The size of the transition area depends
on the associativity of the cache:

sizet =
c

cL

a
· cL =

c

a
(3)

sizet − size of the transition area

Summary: For vectors that fit into the maximum number of cache lines of the
faster hierarchy level, the number of cache misses is zero (the vector size is less
or equal to the cache size). Vectors that are greater than the cache, need a reload
of memory blocks from the slower level into the assigned cache lines. For vector
lengths that do not require reloads in all cache sets, the number of misses, and
therefore the reading time rises faster than for vectors that need reloads in all
sets. In the first case the vector size is between c and c + sizet.

3.3 Mathematical Model

The following section explains the mathematical model that describes the mem-
ory access performance in the L1 and L2 cache of uniprocessor systems with
multiple cache hierarchy levels. Additionally we present a method to calculate
the cache associativity from the bandwidths for n-way set associative caches.

The time of every memory access to n consecutive bytes consists of the time
that is necessary to read m(n) bytes from the slower memory hierarchy level and
the time that is needed to read n − m(n) bytes from the faster level:

t(n) = ts · m(n) + tf · (n − m(n)) (4)
tf − access time per byte in faster memory hierarchy level

ts − access time per byte in slower memory hierarchy level

The Fast Hierarchy Level (n ≤ c): In case the number of read bytes is
smaller than the size of the faster memory no cache misses (m(n) = 0) will
occur. Applying this in conjunction with Equation (4) results in:
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t(n) = tf · n if n ≤ c

t1 = tf (5)

Thus the measurable slope of the straight line in the fast hierarchy level is equal
to the access time per byte in that level.

The Slow Hierarchy Level (n > c + c
a
): Consecutive memory accesses in

the slower memory level are more complicated, as the number of cache misses
in the slower level depends on the number of read bytes and the cache line size
in the faster level. As stated in Section 3 an access to a new memory block with
the size of one cache line causes exactly one cache miss in the slower hierarchy
level. Other accesses to this memory block can be served by the faster memory.
Therefor, the number of cache misses m(n) is the quotient of the number of
accesses and the cache line size. Referring to Equation (4) this leads to:

m(n) =
n

cL
if n > c +

c

a

t(n) = ts ·
n

cL
+ tf ·

(
n − n

cL

)

=
(

ts − tf
cL

+ tf

)
· n

= t3 · n

Thus one can see there also is a linear interrelation between the read time and
the number of read bytes in the slower memory hierarchy level. The slope of that
function is the measurable slope t3. It is possible to calculate the real access time
to the slower memory ts using this value:

t3 =
ts − tf

cL
+ tf

ts =
(

t3 +
tf
cL

− tf

)
· cL

= t3 · cL − tf · (cL − 1)

Hence, the access time ts can be seen as a complex dependency between the
measurable slopes in the memory hierarchy levels and the cache line size in the
faster hierarchy level.

The Transitional Region (c < n ≤ c + c
a
): The former acquired equations

are used to determine the interrelations in the transition area. Therefor, the
calculated number of cache misses in the transitional region from Equation (2)
can be used in Equation (4):

t(n) =
(

t3 +
tf
cL

− tf

)
· cL · n − c

cL
· (a + 1)
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+tf ·
(

n − n − c

cL
(a + 1)

)

= ((t3 − tf ) · a + t3) · n + (tf − t3) · (ac + c)

if c < n ≤ c +
c

a

Thus a linear dependency between n and the time t(n) is shown. The slope t2
of this straight line is of great interest because it can easily be measured and
depends on the associativity of the faster memory hierarchy:

t2 = (t3 − tf ) · a + t3

a =
t2 − t3
t3 − tf

=
t2 − t3
t3 − t1

because tf = t1 from (5)

The associativity of the faster memory hierarchy level can now be calculated from
the measurable slopes of the three regions. The following bandwidth equation is
equivalent to the last one:

a =
(B3 − B2) · B1

(B1 − B3) · B2
(6)

=⇒ B1 > B3 > B2 for a > 0

As one can see in this equation, the bandwidth in the transition area must be
smaller than the bandwidths in both memory hierarchy levels to get a positive
result for the associativity.

Comprising the following equation describes the reading time for consecutive
bytes from the two cache hierarchy levels and their transitional region:

t(n) =




t1 · n if n ≤ c
((t3 − t1) · a + t3) · n + (t1 − t3) · (ac + c) if c < n ≤ c + c

a
t3 · n if n > c + c

a

(7)

4 Experimental Results

To verify the model described in Section 3, some measurements were done on
three different example architectures.

The first example architecture is an Intel Xeon 2.4 GHz with a L1 cache
size of 8 kB. The 1st level cache on this architecture is organized 4-way set
associative.

The used Pentium III system has a clock frequency of 1.4 GHz and cache
sizes of 16 kB for the 1st level data cache and 512 kB for the 2nd level cache. The
1st level cache of this CPU is organized 4-way set associative and the 2nd level
cache 8-way set associative. More detailed information about the architecture
can be found in [9].

The third architecture used for these measurements was a Sun UltraSPARC-
II with 300 MHz clock frequency. This CPU has a direct mapped 1st level cache
of size 16 kB. Some more information can be found in [10].
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In all cases the time for reading a number of n consecutive bytes is measured.
Figures 3 and 4 show the reproducible results for the Xeon and SPARC CPU.
The results for the Pentium III CPU are only given below in Table 1 since the
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Table 1. Asymptotic bandwidths on example architectures and associativities calcu-

lated by means of mathematical model

region straight line [µs] bandwidth [MB/s]

Intel Xeon

1st level cache t(n) = 5.44 · 10−4 · n − 3.18 · 10−3 4561.28
transition zone t(n) = 1.07 · 10−3 · n − 3.81 1387.94
2nd level cache t(n) = 6.52 · 10−4 · n − 2.89 · 10−3 3095.04

associativity calculated: 3.83 expected: 4

Pentium III

1st level cache t(n) = 2.09 · 10−4 · n + 7.22 · 10−3 1752.74
transition zone t(n) = 6.87 · 10−4 · n − 8.62 888.88
2nd level cache t(n) = 3.08 · 10−4 · n + 1.00 · 10−2 1463.15

associativity calculated: 3.91 expected: 4

SPARC

1st level cache t(n) = 1.82 · 10−3 · n + 6.39 · 10−2 521.28
transition zone t(n) = 4.92 · 10−3 · n − 50.77 193.73
2nd level cache t(n) = 3.38 · 10−3 · n + 5.37 · 10−2 282.22

associativity calculated: 0.996 expected: 1

results look much like the ones obtained from the Xeon system. One can see
that every curve consists of three straight lines. The first line is equivalent to
the region of the 1st level cache. The 2nd line is the transition zone between the
first and the 2nd level cache and the 3rd line is equivalent to the 2nd level cache.
It can be seen that the slope of the curve in the transition region is greater than
in the other regions. Since the reciprocal value of the slope is the asymptotic
bandwidth Bi in that region, it is even less than in the 2nd level cache. It should
be a design goal to minimize this bandwidth breaking in the transitional region.

Table 1 shows the cache bandwidths on the example architectures. They were
calculated from the slopes of the three curves that are determined by means of
least-square fits. The shown figures also demonstrate that the transition region
on the Xeon architecture is smaller than on the SPARC architecture. Equation
(3) points out that this length is reciprocally proportional to the associativity
of the first level cache. The smaller the associativity of the cache, the larger the
transition region. Since the SPARC architecture has a direct mapped 1st level
cache, the transition region is as large as the 1st level cache itself.

Table 1 also shows the associativities of the first level caches calculated by
means of Equation (6). It is shown that the calculated values for the associativity
are approximately the expected values described in the architectural manuals of
the three CPUs. Xeon and Pentium III have a 4-way set associative 1st level cache
and SPARC a direct mapped 1st level cache. The bandwidths in the transition
regions on the architectures are interesting. On the Pentium III the bandwidth
in the transition area between the 1st and 2nd level cache is about 50 percent
smaller than in the 1st level cache and about 40 percent smaller as in the 2nd level
cache. On SPARC the bandwidth in that area is about 62 percent smaller than
in the 1st level cache but only 30 percent smaller as in the 2nd level cache. On
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Xeon systems the difference is even larger than on SPARC. There the bandwidth
in the transitional region is about 70 percent smaller than the bandwidth in the
1st level cache and about 55 percent smaller than in the 2nd level cache.

The calculation of the axis intercepts of the lines that describe the transitional
regions by means of the mathematical model also resulted in the measured values.
As shown in Equation (7) the axis intercepts of the lines in the 1st and 2nd
level caches are zero. Approximately this applies to the measured lines. Only
the straight line of the transitional region has a negative axis intercept as the
mathematical model predicts.

5 Conclusion and Further Work

This paper introduced a mathematical model that describes the transition be-
tween two cache hierarchy levels in widespread memory architectures that use
set-associative caches and LRU or FIFO as replacement algorithms within the
sets. The model allows the calculation of the associativity of the L1 cache and the
performance prediction of consecutive memory accesses within the transitional
region between two cache level hierarchies in case that the bandwidths in the
hierarchy levels are known. The model was proved by means of measurements
on three hardware architectures with different memory system designs. It was
possible to show that the presented model creates reasonable results.

The sample measurements of Section 4 were acquired on UNIX like operating
systems (Solaris 5.8 for the SPARC system and Linux 2.4.x on the Intel systems).
One problem of these operating systems is that it is impossible to get large
blocks of consecutive memory in user space. Hence, at the moment it is only
possible to prove that the introduced model describes the performance behaviour
of the first and second level cache. Further work will include the extension of
the model to other memory hierarchy levels since it should also be applicable to
the transitional region between cache and main memory. Besides performance
measurements will be done on more than the current three architectures.
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From Medical Geography to Computational 
Epidemiology – Dynamics of Tuberculosis Transmission 

in Enclosed Spaces 

Joseph R. Oppong, Armin R. Mikler, Patrick Moonan, and Stephen Weis 

Introduction 

Medical geographers study the geographic distribution of health and health-related 
phenomena such as diseases, and health care facilities. Seeking to understand who is 
getting what diseases or health services where and why, they examine spatial dispari-
ties in access to health care services, and the geographic distribution of health risks. 
Medical geographers apply tools of geographic enquiry such as disease mapping and 
geographical correlation studies to health-related issues (Elliot et al., 2000; Pickle, 
2002). Some have called this research endeavor spatial epidemiology (Cromley, 2003; 
Rushton, 2003a).  

Disease mapping is an important tool for medical geographers. Such maps help to 
identify associations between disease and related factors such as environmental pollu-
tion. Inevitably, disease maps stimulate the formation of causal hypothesis. By ena-
bling the simultaneous examination of multiple factors associated with disease linked 
by location, Geographic Information Systems (GIS) facilitate medical geography 
research. In fact, recent developments in GIS and proliferation of spatially referenced 
health data sets are spawning new ways to examine health-related issues. Projects 
such as the Atlas of United States Mortality (Pickle et al., 1996) have prompted re-
searchers to explore various measures of morbidity and mortality (Goldman and 
Brender, 2000; Pickle et al., 1999), their visual representation in geographic contexts 
(James et al., 2004), and the application of spatial statistics to morbidity and mortality 
data (James et al., 2004; Pickle, 2002; Rushton 2003). 

GIS has revolutionized the way researchers explore the geography of health (Ga-
trell, 2002; Gatrell and Senior, 1999; Melnick, 2002; Ricketts, 2003), and their utility 
for the study of health issues is widely documented (de Lepper et al., 1995; de Savi-
gny and Wijeyaratne, 1995; Scholten and de Lepper, 1990). GIS and health research 
focuses on the quantitative analysis of health-related phenomena in spatial settings 
(Gatrell and Senior 1999:925) and, thus, isolates locations of health-related phenom-
ena for analysis and interpretation.  

While GIS has enabled Medical Geographers to address previously inconceivable 
complex health-related phenomena, their ability to deal with the dynamic processes of 
disease transmission among population groups, which usually requires complex inter-
actions among numerous variables, is quite limited. High Performance Computing 
provides the requisite tools for breaking this barrier and is the focus of a new field of 
endeavor that we have called computational Epidemiology. 



190      Joseph R. Oppong et al. 

Epidemiology, Medical Geography and High Performance  
Computing 

Although the role of Epidemiologists and Medical Geographers has become more 
pronounced in light of public health threats, computational tools that would enhance 
quality of information, facilitate prediction, and accelerate the generation of answers 
to specific questions are still lacking. In fact, at a time when global health threats 
make precise epidemiological information a critical necessity, epidemiologists con-
tinue to draw conclusions and make predictions using sparse, widely dispersed, in-
complete or compromised data. Meanwhile, the complexity surrounding disease dif-
fusion continues to escalate. Diverse populations traveling extremely long distances in 
unprecedented short times due to increased globalization mean that disease causing 
organisms circulate freely in a rapidly shrinking global village. An imperative re-
sponse is to develop new tools that leverage today's cyber infrastructures for disease 
tracking, analysis, surveillance, and control. 

The ability to predict how a disease might manifest in the general population is es-
sential for disease monitoring and control strategies. Traditionally data collected dur-
ing previous outbreaks are used. However, for newly emerging or re-emerging infec-
tious diseases, such data is often unavailable or outdated. Changes in population 
composition and dynamics require the design of models that bring together knowl-
edge of the specific infectious diseases with the demographics and geography of the 
region under investigation. New scientific methods that enhance understanding of the 
intricate interplay of disease and population are needed.  

In a world of bioterrorism, where new and reemerging local disease outbreaks 
threaten all mankind, disease monitoring cannot continue to be fragmentary and in-
adequate focusing on small spatial domains (CDC 1994). As the recent outbreak of 
Severe Acute Respiratory Syndrome (SARS) showed, effective surveillance is critical 
to an effective defense against global disease threats, and requires consideration of 
huge volumes of data from other parts of the world. Developing tools that will accel-
erate epidemiological research, disease tracking and surveillance is thus, imperative. 
Computational models for the simulation of global disease dynamics are required to 
facilitate adequate what-if analyses.  

What is needed is a novel interdisciplinary research program that facilitates epide-
miology and Medical Geography research through high performance computing 
(HPC). Specifically, we envision the collaboration of Biologists, Medical Geogra-
phers, Epidemiologists, Computer Scientists, Biostatisticians, and Environmental 
Scientists to develop and implement computational tools in support of epidemiologi-
cal research. These tools include simulation, visualization, and analysis tools that 
require HPC infrastructure.  

Researchers in computational biology and medical informatics have relied on the 
availability of HPC infrastructures consisting of parallel computing architectures, 
cluster computing, and high performance visualization. Computational biologists have 
concentrated primarily on computational models at the molecular level, addressing 
specific computational problems in genomics, proteomics (protein folding), drug 
design etc. Most notable is the use of HPC in the design of drugs to cure or prevent 
specific diseases such as HIV. The field of medical informatics, particularly in 
Europe, has utilized HPC to manage the vast volumes of patient data. Further, HPC 
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and high performance visualization tools have been used to design medical devices 
and test their functions in a simulated environment. To the best of our knowledge, 
there exists no single comprehensive program that aims at utilizing HPC in the field 
of Epidemiology or Medical Geography to build and analyze computational models of 
how a given disease manifests in the general population. This may include models of 
Tuberculosis (TB) outbreaks in different environments (homeless shelters, factories 
etc.), a West Nile Virus outbreak in a specific geographic region, or the progression of 
infectious diseases such as measles in the United States.  

For these models to yield adequately precise information, many different factors 
must be considered. These factors may include socio-economic status of geographic 
regions, travel behavior of people, or airflow in a factory building. This clearly re-
quires the use of a computing infrastructure that is capable of yielding computational 
results in a reasonable amount of time. To interpret the data, visual metaphors or data 
visualization that permits the epidemiologist to interact with the data are needed. For 
example, we envision an investigator immersed into a simulated model of a factory in 
which a TB outbreak is being investigated. The scientist is thus able to interact with 
the model, change functional parameters and thus engage in a what-if-analysis that 
currently is not available.  

One computational challenge is to combine the spatially and temporally disparate 
datasets. This necessitates a fundamental knowledge of database systems, data man-
agement, and data retrieval. Even if a comprehensive dataset, containing individual 
health data for a large section of the population could be constructed, the extraction of 
relationships among the data constitutes a second computational challenge. For exam-
ple, the domain of Artificial Intelligence and Machine Learning has been successfully 
used in Bio-informatics and is likely to be a valuable tool for discovering relation-
ships among epidemiological data. Geographical Information Systems (GIS) help 
visualize spatial relationships of epidemiological data.  

Whereas the collection of epidemiological data is essential for research, the need 
for Homeland Security, Disease Tracking and Surveillance requires sharing data 
among different federal, state, and local agencies. Healthcare providers in hospitals 
and private practice may be required to provide information to respond quickly and 
decisively to possible community health threats. A corresponding communication 
infrastructure can dramatically improve the precision with which health threats are 
analyzed, predicted, or traced. Such a system requires the combined effort of epide-
miologists and computer scientists, each with a detailed understanding of each other’s 
domain. For instance, issues that are central to the analysis of health-related data may 
dominate the requirements for a network infrastructure to interconnect healthcare 
providers. Examples of such issues include the type of information to be shared, for-
mat of information, and possible privacy and security issues. 

Recent breakthroughs in sensor technology and wireless communication have led 
to the concept of Sensor Networks. Sensors of different types (biological, chemical, 
physical) have been deployed to monitor conditions in a variety of diverse environ-
ments. Ecologists, meteorologists, soil scientists, and others rely on such sensors to 
collect information about the environment. Connected via wireless networks, sensors 
can cover extended geographic areas, generating information instantaneously. The 
National Science Foundation (NSF) has announced special interdisciplinary programs 
to advance the field of Sensor Networks at a fast pace. This technology facilitates the 
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monitoring for biological and/or chemical agents, and is expected to play a major role 
in Homeland Security. Environmental surveillance is essential in the field of public 
health, as it leads to early detection of adverse conditions and hence the ability to alert 
the population. However, to optimize this technology, scientists need to understand 
the technical (computational) as well as the epidemiological domains. New algorithms 
that autonomously extract data from sensors and auto-correlate sensor events must be 
developed. This leads to the design of intelligent systems, capable of learning from 
sensor data, and being able to classify events expediently. 

Another example of convergence of epidemiology and computer science is the 
modeling and simulation of infectious disease outbreaks. Such an endeavor requires 
modeling demographics of the geographic domain within which a simulated outbreak 
is to take place. It further requires a high-fidelity representation of the disease pathol-
ogy. Although very small models may be executed on a single computer, the simula-
tion of a geographic region of moderate size will require computational resources 
beyond those of a single workstation. This leads to the use of a high performance 
computing infrastructure or computing clusters with tens or even hundreds of proces-
sors. Similar to computational biology and bio-informatics, computational epidemiol-
ogy can utilize modern communication and computation infrastructures to solve com-
putationally complex problems. The next generation of national (and international) 
cyber-infrastructure to provide access to high-bandwidth networks and high perform-
ance computing is about to be developed. The field of Epidemiology must develop 
tools that will enable scientists to effectively use such an infrastructure. To illustrate 
the need for computational epidemiology, two case studies are presented below. 

Tuberculosis Transmission in Enclosed Spaces –  
A Homeless Shelter and a Factory 

The dynamics of localized TB transmission within enclosed facilities such as home-
less shelters or factories is little understood. Traditional Medical Geography, involv-
ing disease diffusion mapping precludes detailed analysis of the dynamics of TB 
transmission in enclosed spaces. For example, the spatial patterns of individual 
movement, pathogen characteristics, airflow and other specifics of the facility that 
trigger transmission are not easily modeled in a GIS. 

The case studies cover tuberculosis transmission in a factory and a homeless shel-
ter. Results of initial analysis suggest that proximity of workspace to infected person 
is a major determinant of infection. After showing the shortcomings of traditional 
medical geography and disease mapping for modeling dynamics of disease transmis-
sion, preliminary results of a simulation model using advanced computational tools, 
are presented. The new tool of computational epidemiology allows the spatial distri-
bution of risk to be defined not in terms of large regions but in micro-space, literally 
feet and inches. The potential of such computational tools for disease transmission in 
enclosed spaces is demonstrated.  

The number of tuberculosis cases in the United States is at its lowest point in his-
tory, with 15,075 cases reported in 2002 and a TB case rate of 5.2 per 100,000 [17]. 
Consequently recent research suggests that molecular based studies focusing on dy-
namics of TB transmission in specific locations, such as homeless shelters, and social 
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settings such as bars [15, 18, 19] is a much-needed final push to TB control. For ex-
ample, the homeless and those living in marginal housing and overcrowded areas [22] 
constitute reservoirs of TB infection. Recent research conducted in Los Angeles and 
Houston suggest that locations at which the homeless congregate are hot spots of 
tuberculosis transmission, and measures that reduce tuberculosis transmission should 
be based on locations rather than on personal contacts [23, 24]. Yet, little research 
exists on the dynamics of localized TB transmission within a homeless shelter or 
other enclosed facility.  

While much emphasis has been placed on homeless shelters, little attention has 
been paid to other enclosed facilities such as factories, warehouses and classrooms 
where long-term exposure usually in close contact situations that may facilitate 
transmission of pathogens, is usually the norm. For example, tuberculosis transmis-
sion is a recognized risk to patients and workers in health-care facilities (CDC 1994). 
Factories and warehouses, where people usually work in close proximity for long 
periods, may also be areas of concern.  

Methodology 
Data for these case studies were based on data collected prospectively on all persons 
newly diagnosed with culture positive tuberculosis at the Tarrant County Health De-
partment (TCHD) between January 1, 1993 and December 31, 2000. Each eligible 
patient was prospectively enrolled and participated in a structured interview as part of 
their routine initial medical evaluation. As part of an on-going Center for Disease 
Control and Prevention (CDC) study of the molecular epidemiology of tuberculosis, 
all positive isolates obtained from persons residing in Tarrant County are sent to the 
Texas Department of Health (TDH) for DNA fingerprinting. All patients are inter-
viewed at the time of the initial evaluation, using a data collection instrument de-
signed to obtain demographic information and medical history. The results of the 
DNA fingerprinting were incorporated into the database using patient identification 
numbers. Epidemiological factors included in this study were age, country of birth, 
date of entry, race/ethnicity, onset of symptoms, date of diagnosis and physical ad-
dress. Any patient who did not have both PCR-based spoligotyping and RFLP-based 
IS6110 analysis performed on their corresponding MTB isolate, and/or did not live 
within Tarrant County at the time of collection were excluded from the geographical 
analysis. 

M. tuberculosis culture isolation, identification, and drug susceptibility was con-
ducted at the Texas Department of Health Bureau of Laboratories. Clinical isolate 
IS6110-based RFLP and PCR-based spoligotyping methods were utilized to identify 
patients infected with the same M. tuberculosis strain using published methods (van 
Embden JD, et al., 1993; Kamerbeek, et al., 1997). Since the discriminatory power of 
the IS6110 probe is poor for strain differentiation among specimens with five or fewer 
of the insertion elements, additional genotyping using the PCR-based spoligotyping 
was utilized (Kamerbeek, et al., 1997). We consider isolates representing a cluster 
when two or more patients had identical number of band copies, IS6110-RFLP, and 
spoligotyping patterns.  

The first case study describes the dynamics of tuberculosis transmission within a 
homeless shelter with 800 beds providing both long and short-term occupancy for 
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homeless people in Tarrant County, Texas. We seek to understand how location 
within a homeless shelter influences risk of tuberculosis infection. The data set com-
prises screening records for each case including age, race, date tested, status of tuber-
culosis, location in the facility, length of time spent in the facility, and other variables. 
Within the Shelter the 800 beds can be assigned to major areas – Men’s Mats, Men’s 
Beds, Men Over 50, Female Mats and Females Over 50 Beds. Each of these areas 
varied in bed density, floor space and occupants (Figure 1). The Mats area, (both male 
and female), is occupied by transients with no regular source of food, shelter, or 
shower. The Beds and Over 50 areas (male and female) are less dense overall, with 
more permanent residents. Results of initial analysis suggest that TB risk is not uni-
formly distributed but depends on the location of the sleeping bed and duration and 
frequency of stay at the night shelter. For example, 12 of the 17 active cases (63.2%) 
had been visiting the shelter for more than 5 years.  

Table 1. Who Sleeps Where and TB 

Category Total People Active TB 
Men’s Mats 1220 1.0% 
Men’s Beds 51 3.9% 
Men’s Over 50 87 3.4% 
Female Mats 265 0.0% 
Female Over 50 63 0.0 

 

Fig. 1. 
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We need to examine certain dynamics of the Homeless Shelter that promotes or in-
hibit TB transmission such as the air circulation system. For example, while the men's 
and women's areas had different airflow systems, it appeared that air flow in the 
women’s section was more effective than in the men’s section. Is this a factor in TB 
transmission? The movement patterns of residents also need to be addressed. How 
much time do they spend in common areas such as the dining area, the smoking area, 
the TV area and rest rooms? Another factor to consider is the lighting in different 
parts of the Homeless Shelter. Does the heat put off by the lighting affect dispersion 
of the bacilli?  

Addressing all of these is clearly beyond the capacity of any GIS or simple disease 
mapping. HPC is required to simulate the movement pattern of residents, TB bacilli, 
lighting, the air circulation system and other variables.  

Case Study 2 – Factory TB Outbreak 

The second case study covers TB outbreak in a factory that produces airplane bridges. 
Out of a total of 64 workers, 32 were ultimately infected with the same strain of TB 
presumably from one Index case (Table 2).  

Table 2. Workspace and Tuberculosis Risk 

TB Test 
Result 

Assembly Maintenance Office Painting Welding 

Positive 8 0 2 10 12 
Negative 18 2 2 2 2 
Total 26 2 4 12 14 

In the factory, Figure 2, in addition to basic screening records as collected for the 
homeless shelter, other available data include measures of duration and proximity to 
infected person such as hours per week in the factory, hours per week in the same 
workspace, hours per week within 3 feet of infected person, and usual work area. 
Results of initial analysis suggest that proximity of workspace to infected person was 
a major determinant of infection. In fact almost 100% of those who worked directly in 
the same space with one infected person were infected with the same strain of TB.  

Hours spent each week in the factory was not a statistically significant determinant 
of TB risk. Rather, hours spent in the same work space and hours spent within 3 feet 
of Index case were the significant determinants of risk. In short active TB risk in the 
factory depends not so much on time spent in the factory but on time spent where in 
the factory. Simple mapping of TB occurrence in the factory does not go far enough. 
We need to simulate actual transmission considering factors such as the dynamic 
movements of individuals in the factory, shared common areas and amount of time 
spent there, the air circulation system, and related variables. Clearly more sophisti-
cated tools are required to handle multiple variables in a dynamic system.  

This rich data set provides the opportunity to implement a model to calibrate the 
dynamics of TB transmission in enclosed facilities using computational epidemiol-
ogy.  
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Fig. 2. 

Conclusion 
This study examined tuberculosis transmission in a homeless shelter and a factory 
with ongoing TB transmission. To understand the dynamics and determinants of 
transmission in enclosed spaces, traditional medical geographic approaches such as 
GIS are not suitable for modeling dynamics of disease transmission. Computational 
epidemiology allows the spatial distribution of risk to be defined not in terms of large 
regions but in micro-space, literally feet and inches. The potential of such computa-
tional tools for simulating and explaining disease transmission in enclosed spaces is 
high. 
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Abstract. In this paper, we propose the use of Cellular Automata para-
digm to simulate an infectious disease outbreak. The simulator facilitates
the study of dynamics of epidemics of different infectious diseases, and
has been applied to study the effects of spread vaccination and ring vac-
cination strategies. Fundamentally the simulator loosely simulates SIR
(Susceptible Infected Removed) and SEIR (Susceptible Exposed Infected
Removed). The Geo-spatial model with global interaction and our ap-
proach of global stochastic cellular automata are also discussed. The
global stochastic cellular automata takes into account the demography,
culture of a region. The simulator can be used to study the dynamics of
disease epidemics over large geographic regions. We analyze the effects
of distances and interaction on the spread of various diseases.

1 Introduction

Nowadays, the problem of emergent diseases and re-emergent diseases like in-
fluenza and SARS, have caused increased attention towards public health in gen-
eral and epidemiology specifically. With the ever-increasing population and abil-
ity to travel longer distances in short time, the spread of communicable diseases
in a society has been accelerated [16,17]. Growing diversity of the population,
and globalization are leading towards increasing interaction among individuals.
Constant exposure to public health threats is raising people’s concern and neces-
sitates pro-active action towards preventing disease outbreaks. Further, greater
emphasis on infections and epidemics is rooted in the imminent threat arising
from bioterrorism. As a result, Public Health professionals have been focusing on
identifying the factors in the social, physical and epidemiological environment
which aid to faster spread of diseases.

As the significance of Public Health is being recognized, the role of epidemiol-
ogists has become more prominent. Epidemiology deals with the study of cause,
spread, and control of diseases. The goal of epidemiologists is to implement mech-
anisms for surveillance, monitoring, prevention and control of different diseases.
To accomplish the above mentioned, epidemiologists need to deal with large data
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sets of disease outbreaks. These data sets are often spatially and/or temporally
distributed. It is in fact ironic that, for epidemiologists to study the dynamics of
different diseases, it is vital for an outbreak to occur. Epidemiologists have been
studying and analyzing the data sets using primarily statistical tools. In the vast
variety of infectious diseases, expertise is needed in terms of epidemiologists for
every disease. Statistical tools, prove to be inadequate and fragmentary, when
focusing on large spatial domains. These tools have been deemed limited, partic-
ularly in view of an emerging global computational infrastructure that facilitates
high performance computing. Hence, it is imperative to develop new tools that
take advantage of today’s computational power, and help epidemiologists to ana-
lyze and understand the spatial spread of diseases. The computational tools also
enhance the quality of information, accelerate the generation of answers to spe-
cific questions and facilitate in prediction. Such tools will take on an important
role in surveillance, monitoring, prevention and control of different diseases.

1.1 Cellular Automata

In the domain of computational tools, the Cellular Automata paradigm has been
in use for several decades [14]. Nevertheless, in the field of modeling epidemics,
this paradigm has rarely been utilized to its full potential [1,10,14,8]. A cellu-
lar automata as defined by Lyman Hurd is a discrete dynamical system, where
space, time, and the states of the system are distinct [15]. CA has been exem-
plified as an array of similar processing units called cells. The cells arranged in
a regular manner constitute a regular spatial lattice. Figure 1 shows a regular
lattice of cells. The fundamental property of each cell is a state, where the states
of cells change based on a update rule, either local or global. The update rule
is applied synchronously throughout the lattice and the state transitions of the
cells are based on few of the close by cells, known as the neighborhood. For a
two-dimensional lattice the most common neighborhoods defined are von Neu-
mann and Moore neighborhood as shown in figure 1 [15]. In the von Neumann
neighborhood, the state of cell Ci,j depends on the states of the four neighbor-
hood cells namely Ci+1,j , Ci−1,j , Ci,j+1, Ci,j−1. In the Moore neighborhood, the
state of cell Ci,j depends on the states of the eight neighborhood cells namely
Ci+1,j , Ci−1,j , Ci,j+1, Ci,j−1,Ci+1,j+1, Ci−1,j−1, Ci−1,j+1, Ci+1,j−1.

As mentioned before, the CA’s evolution is based on a global update rule
applied uniformly to all the cells. The signature of this rule can be thought
of as a state transition from time t-1 to t. As shown in the figure 2 the state
of the center cell changes to a state, which is in majority among the cells in
the neighborhood. The update rule determines the deterministic or stochastic
behavior of a CA. Stochastic behavior is seen by probabilistic update rules in
non-deterministic state transitions.

Our efforts to design and implement a Cellular Automata based simulator
has been necessitated by the need to study the dynamic of spread of a vast
number of infectious diseases. Towards this goal, this paper proposes the use of
CA paradigm to simulate an infectious disease outbreak. Specifically, this paper
focuses on the design and evaluation of EPI-SIM, a global disease outbreak sim-



200 Sangeeta Venkatachalam and Armin R. Mikler

��
��
��
��
��

��
��
��
��
��

��
��
��
��

��
��
��
��

Fig. 1. von Neumann and Moore Neighborhood

Fig. 2. Cellular Automata Update from time step t-1 to t

ulator. The following section summarizes some of the research effort in modeling
disease epidemic and highlights principle approaches. The design of EPI-SIM is
discussed in Section 3. Section 4 presents the experimental analysis and results
of the simulator. Section 5 discusses the Geo-Spatial model and the approach
towards the global model to account for different demographics. Section 6 con-
cludes the paper with a summary and direction for future work in the area of
modeling infectious diseases outbreaks.

2 Related Work

Most of the work in modeling infectious disease epidemics is mathematically
inspired and based on differential equations and SIR/SEIR model [3]. Differ-
ential equation, SIR modeling rely on the assumption of constant population
and neglect the spatial effects [5,6]. They often fail to consider individual con-
tact/interaction process and assume populations are homogeneously mixed and
do not include variable susceptibility. Considerable research has been conducted
in SIR(Susceptible, Infectious, Recovered) modeling of infectious diseases using
a set of differential equations. Both partial and ordinary differential equation
models are so deterministic in nature that they neglect the stochastic or prob-
abilistic behavior [8]. Nevertheless, these approaches/models have been shown
to be effective in regions of small population [8]. Other approaches for modeling
disease epidemics have been using mean field type approximations [12]. Even
though the MFT models are similar to the differential equations, they add a
probabilistic nature by adding different probabilities for the mixing among indi-
viduals. Although, according to Boccara [5] mean field approximations tend to
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neglect spatial dependencies and correlations and assume that the probability of
the state of cell being susceptible or infective is proportional to the density of the
corresponding population. This approach relies on the quantitative measures to
predict local interaction. Boccara and Cheong [5] study the SIS model of spread
of infectious disease in a population of moving individuals, thereby introducing
non-uniform population density. In every update the cells take up a state of being
either susceptible or infectious and randomly choose a cell location to move to.

Ahmed et al [2] model variations in population density by allowing cyclic host
movement. Other approaches in modeling variable susceptibility of the popula-
tion, have been done by inducing immunity in the population. Ahmed et al [1]
introduce incubation and latency time, and suggest that the parameters have an
accelerating impact on the spread of a disease epidemic. Nevertheless, the under-
lying assumption is spontaneous infection of individuals. Boccara and Cheong [6]
concentrate on SIR epidemic models and take into consideration the fluctuation
in the population by births and deaths, exhibiting a cyclic behavior with pri-
mary emphasis on moving individuals. Di Stefano et al [8] have developed a
lattice gas cellular automata model to analyze the spread of epidemics of infec-
tious diseases. The model is based on individuals, where individuals can change
their state independent of others and can move from one cell to other. However,
this approach does not consider the infection time-line of latency, incubation
period, and recovery which have been shown to be important to model a disease
epidemic.

3 EPI-SIM Disease Outbreak Simulator

In our model the basic unit of cellular automata is a cell, which may represent
an individual or a small sub-population. For each cell we use the Moore (8)
neighborhood definition. Each cell can be characterized with its own probability
for risk of exposure, probability of contracting the disease and state. Unlike the
SIR model, every cell comes in contact with the cells in its defined neighbor-
hood. The time-line for infection that we consider is shown in figure 3. However,
the moore neighborhood is restricted in modeling population demographics and
travel patterns. The limitation is eliminated in the next version of the simulator
with a global neighborhood which will be proposed in future publications. The
following sections discuss the definitions, features and rules of the model and
simulator.
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3.1 Definitions

In order to understand the functioning of the simulator, we define definite num-
ber of states a can exists in, and define the infectious time-line. The following
section describes the different states and definitions considered in the model.

States of a Cell
State ‘S’ for Susceptible is defined as the state where, the cell is capable of
contracting a disease from its neighbors. In the infectious state, ‘I’ the cell is
capable of passing on the infection to its neighbors. In the recovery state, ‘R’
the cell is neither capable of passing on the infection, nor is capable of contracting
the infection.

Parameters for the Simulator
Infectivity ψ, at any given time is defined as the probability of an susceptible
individual to become infectious, if it has an infectious cell as a neighbor. Latency
λ, is defined as the time period between, the cell becoming infected and it be-
coming infectious. Infectious period θ , is the period of time, when the infected
cell is capable of spreading the disease to other cells. Recovery period ρ is de-
fined as the time period, the cell takes to recover, wherein it is neither capable
of passing on the infection, nor is capable of catching the infection.

3.2 Rules for Spread of Disease

The following rules are applied to the CA for simulating the spread of the disease.
The rules describe the state transitions of individual cells.

1. A cell’s state changes from susceptible S to Latent L when it comes in contact
with an infected cell in its defined neighborhood. The cell acquires the disease
from the infected neighbor based on the probability of given by the parameter
of infectivity ψ. The cell remains in the latent state for the number of time
steps (updates) as defined by the parameter latency λ.

2. The state of the cell changes from latent L to infectious I after being in state
L for the given λ. In this model we assume for simplicity, that every cell
exposed to the pathogen, will become infectious. In the state I, the cells are
capable of passing on the infection to neighborhood cells. For example if for
a disease D, λ= 2 units, then after two time steps the cell will enter the
infectious state I.

3. After a time period, defined by the infectious period θ, the state of the cell
changes from infectious I to recovered or removed R. Once the cells enter
the state R, the cell is no more capable of passing on the infection.

4. From the state R, the cell’s state changes back to either susceptible S or it
remain in state R, signifying complete immunity. The ‘healing mode’ turned
on determines the transition from state R to state S and vice versa.
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3.3 Features

While modeling a disease epidemic, few parameters that are considered impor-
tant are neighborhood radius, contact between individuals, infection probability
(variable susceptibility), immunity, latency, infectious period and recovery pe-
riod. The simulator is highly parameterized to let the user change and modify
the above parameters. The neighborhood of every cell can be changed from a 8
neighborhood to 4 neighborhood depending on the region being simulated and
the contacts among the individuals of the region. As mentioned, the infection
probability represented as infectivity ψ is a significant parameter for the spread
of a disease. In the case of our model, ψ is based on the virulence of the disease
and contact rate among individuals. For some diseases individuals attain lifetime
immunity, after being infected, while for disease like common cold, individuals at-
tain temporary immunity. Thus, to take this fact into consideration, the simula-
tor has a feature of healing mode. With the healing mode enabled the simulation
is executed in a mode that forces cells to turn into susceptible after the recovery
state and with healing turned off, the cell attains complete lifetime immunity.

As mentioned above, the infection time-line is also an important factor in
modeling a disease epidemic. Thus the time periods of latency λ, infectious θ,
and recovery ρ are all expressed as time units, for example, latency of two days,
can be represented as λ=2 units. The simulator allows the user step through the
simulation at each time step, or execute it continuously. We will see in the next
section, how changing these parameters, can change the dynamics of spread of
diseases.

4 Experiments and Results

An epidemic is a severe outbreak of an infectious disease which spreads rapidly to
many people. For example, the occurrence of Influenza in a region is considered as
an epidemic. When a disease spreads to larger geographic regions or throughout
the world it is known as pandemic.

Moving along the same direction an endemic is defined as a disease that is
always present in certain group of the population. Using our model we show
both an epidemic and endemic. An epidemic is characterized by an exponential
growth of the infected individuals in a population. In the case of an endemic the
number of infected individuals fluctuates around a mean, there is no exponential
growth.

Experiments were conducted on a 140 by 140 grid cellular automata with
different values of ψ, λ and θ. The results in this section represent the mean over
multiple random experiments and different random graphs of the same type.
The analysis of results in this section have been conducted with reference to the
above definitions.

4.1 Analysis of Variation in Infectivity ψ

As mentioned earlier, ψ is an important factor in the analysis of spread of a
disease. Figure 4(a) and 4(b) show the results of executing the simulation of a
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Fig. 4. Variation in spread for different ψ’s

disease D with ψ of 7 and 15 respectively. Figure 4(a) depicts that the number
of infected reached around 500 in 300 time steps, whereas in figure 4(b) with ψ
of 15 the number of infected reached around 10000 in 300 updates. Thus, this
depicts that the growth is rapid with ψ of 15 as compared to ψ of 7. Figure
5(a), shows the comparison of the different values ψ

′
s, which are 7,10,12,15.

The curves represent the growth rate. The curve is much steeper for ψ of 15 as
compared to others. The experiment was conducted with the λ= 2 units, θ= 3
units and ρ= 2 units. Healing option was turned off. This shows the sensitivity
of the parameter ψ.

4.2 Effects of Vaccination

Vaccination has contributed significantly towards the eradication and reduction
of effect of many infectious diseases [7]. The following experiments were con-
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Fig. 5. Comparison of ψ
′
s and Comparison of Random Vaccination and no Vaccination

ducted on the simulator by vaccinating about 5% of the population at random
and infecting few cells. Figure 5(b), shows the growth of infected individuals
in a vaccinated and non vaccinated population. Figure 5(b) depicts that the
growth of infected individuals in a population with only 5% of the population
vaccinated, is considerably less as compared to the growth in a non-vaccinated
population.

We study the effects of spatial distribution of population, by vaccinating a
part of the population using the random vaccination and ring vaccination. Every
time a new vaccine is discovered, the question arises as to how should the vaccine
be distributed to minimize the spread of a disease and maximize the effect of
vaccination. Thus, in this experiment we compare the random vaccination, which
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available for both strategies

is also known as uniform strategy [9], and ring vaccination. The doses of vaccine
available at our disposal is often limited, thus for the purpose of experiment we
consider N doses of vaccine to be available to vaccinate the population, where
N is about 5% of the population. In random vaccination, the N vaccines, are
randomly distributed to individuals in a population, independent of the other.
In the ring vaccination, individuals are vaccinated in a ring surrounding an area.
The thickness and circumference of the ring depends on N. As Figure 6 shows,
using random vaccination many more individuals are infected as compared to
the ring vaccination. This experiment validates the result shown by Fukś and
Lawniczak in [9].

4.3 Conclusion from Experiments
The previous model described poses a limitation of neighborhood. The model
considers a neighborhood of 8 cells, because of which after a time period the
number of susceptibles reduce and saturate the neighborhood . In such a situation
the variance of infectivity parameter plays no role and has the same effect on
the spread of the disease. Also, the need to simulate a disease, where an infective
can spread the disease to twelve other individuals in one time step, will not be
possible to simulate. Another important issue to note is the movement of people,
migration, or travel is not considered. Some models, we saw in the previous
section deal with movement of individuals from one cell to another in the defined
neighborhood, where again the neighborhood is restricted. The saturation of
neighborhood occurs due to overlapping of neighborhood, when more than one
cell is infected in a neighborhood. Cells in a neighborhood may get infected more
than once in one time unit.

5 Geo-spatial Model

The Geo-spatial model is designed for simulating global outbreak of a disease in
a environment with global interaction. Even for this model the basic unit of CA
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is a cell, which represents an individual. The neighborhood as defined for this
model is global, where in a region of n cells every cell has n-1 neighbors.

For the functioning of this model, the definitions for the states of cell, pa-
rameters for simulation are same as the ones for SIR model discussed earlier.
This model has an additional parameter of contact rate and the definition is as
follows.

Contact rate parameter defines the number of contacts made by an individ-
ual per time unit. Instead of having the same contact rate parameter for every
cell in the lattice, for simulation purposes this parameter has a Poisson distrib-
ution over the cells. The simulation of spread of disease is discussed further.

1. In a time step a cell chooses k cells at random from the pool of n-1 neighbors,
where k is the contact rate defined for that cell. Thus the cell has now
established contacts with k cells.

2. Once a contact has been established between cell ‘a’ and cell ‘b’, depending
on the virulence of the disease defined by the infectivity parameter, cell ‘a’
can pass the infection to cell ‘b’ if cell ‘b’ is in a susceptible state S. If cell
‘a’ is not infected currently and cell ‘b’ is infected then cell ‘a’ can acquire
the infection from ‘b’. Thus the infection can pass on in both directions.

5.1 Experiments on Geo-spatial Model

The Geo-spatial model is different from the SIR type model in terms of the
neighborhood. The neighborhood saturation problem posed by SIR type model is
overcome by this model. However, this model is restricted in modeling population
demographics and travel patterns. The choice of cells for contact, is random and
is not based on distance from the cell or any other parameter.

To study the effects of position of index case on spread of a disease, the
simulation was run with different initial positions. After a certain time unit it
is seen that locations of new infected cases are not very different for the two
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Fig. 8. Analysis of contact rate and infectivity

simulations. This shows that the position of index case does not matter. In the
SIR type model the same experiment was done and the locations of new infected
cases were different for different positions of index cases. The new cases were
closer to the index case. In the Geo-spatial model because of global neighborhood
and global interaction the positioning of index case does not matter.

To analyse the contact rate the experiment was done with three different
contact rates for cells. The result shows that as average contact rate increases,
the number of infected individuals also grows. For this model the contact rate is
directly proportional to number of infected individuals. It is important to note
that the contacts made by cells are random. Figure 8(a) shows the comparison.

As seen before in the other model, as infectivity parameter ψ increases
the number of infected individuals increases. The average contact rate was fixed
for this experiment. Figure 8(b) shows the comparison.
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5.2 Accounting for Different Demographics

The models described above may be used for simulating diseases over small re-
gions with local interaction and global interaction respectively. As mentioned
before, these models do not take into account the demographics of the region
and may not be accurate for simulating disease spread over large geographic re-
gions because of the neighborhood constriction posed by them. Thus the global
stochastic cellular automata with demographics will facilitate to understand the
effects of different demographics, the population density, socio-economics of a
region and culture. It can also be used effectively for investigating different vac-
cination strategies and understanding the effects of travel.

5.3 Global Outbreak Simulator

In the following section we discuss the design of a global outbreak simulator
with a global interaction and demography. Even for this model the basic unit
of CA is a cell, which represents an individual or a small sub-population. The
neighborhood as defined for this model is global, where in a region of n cells
every cell has n-1 neighbors.
The neighborhood for a global SCA is defined using a fuzzy set neighborhood.
The definition of Fuzzy set neighborhood is as follows.

The set F ⊂ S where S is a set of all the cells
F : {〈s, p〉|s ∈ S, 0 ≤ p ≤ 1}

〈 s,1 〉 : Total/Complete membership
〈 s,0 〉 : No membership

The variable p maintains the state of infection, 1 if infected else 0.

5.4 Characteristics of a Cell

State of infection δ is defined as any number between 0 and 1, indicating the
level of infection present in the cell. 0 indicates not infected, 1 indicates fully
infected.

Interaction Coefficient i for a particular cell is defined as the interaction
between that cell and every other cell in the lattice space. It is calculated as
the reciprocal of the euclidean distance between the cells. Euclidean distance as
derived from the GIS gravity model.

iCi,j,Ck,l
= 1√〈i−k〉2+〈j−l〉2

Global interaction coefficient Γ of cell Ci,j is the summation of all the
individual (n-1) interaction coefficients of the cell. Every cell has one global
interaction coefficient and n-1 interaction coefficients.

The infection factor I is calculated as a fraction of the interaction coefficient
to the global interaction coefficient Γ , for every cell to cell interaction. It is also
based on the virulence of the disease and the state of infection of the infecting
agent.

ICi,j =
∑

∀Ck,l �=Ci,j

iCi,j ,Ck,l

ΓCi,j×δCk,l
×ψ
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5.5 Simulation Based on Population

The global interaction coefficient and the interaction coefficients are calculated
based on the distance. As the distance in between the cells reduce, the interaction
coefficients increase which indicates more chances of interaction between them.

ΓCi,j =
∑

∀Ck,l �=Ci,j

1√〈i−k〉2+〈j−l〉2

5.6 Simulation Based on Population and Distance

The global interaction coefficient and the interaction coefficients are calculated
based on the distance and population. The distance between the cells and the
populations of the cells are considered. For better understanding, the cells are
considered to be small regions having certain populations. The product of the
populations of the two cells, acts as a factor for the interaction coefficients.
The population factor is directly proportional to the interaction coefficient and
the distance between them is inversely proportional to the interaction coeffi-
cient.Thus two cells with high populations are assumed to interact more than
two cells with low populations, when the distance between them is same.

ΓCi,j =
∑

∀Ck,l �=Ci,j

1√〈i−k〉2+〈j−l〉2 × PCi,j × PCi,j

6 Conclusion and Future Work

This paper describes a disease outbreak simulator using the cellular automata
paradigm. The results show the variation in the spread of the disease for differ-
ent parameters of infectivity ψ. The simulator has also facilitated the study of
different vaccination strategies. Geo-spatial model helps us in simulating disease
spread in an environment with global interaction including travel and migration.
In the same direction the global model can be used to simulate disease spread
over large geographic regions. It deals with global interaction and the demo-
graphics of the region. While still working on the development of computational
tools to facilitate surveillance, monitoring, prevention and control of dynamics
of different diseases, the current simulators prove as valuable tools to study the
dynamics of different diseases. Global stochastic versions of the CA are currently
being developed.

References

1. Ahmed E., Agiza H.N. On Modeling epidemics. Including latency, incubation and
variable susceptibilityPhysica A 253 (1998), pp. 347-352

2. Ahmed E., Elgazzar A.S. On some applications of cellular automataPhysica A 296
(2002), pp.529-538

3. Bagni, R., Berchi, R., and Cariello, P. A comparison of simulation models applied
to epidemics. Journal of Artificial Societies and Social Simulation 5 (2002),3



An Infectious Disease Outbreak Simulator 211

4. Barfoot, T. D. and D’Eleuterio, G. M. T. Multiagent Coordination by Stochastic
Cellular Automata Presented at the International Joint Conference on Artificial
Intelligence (2001)

5. Boccara N. Cheong K. Critical behavior of a probabilistic automata network SIS
model for the spread of an infectious disease in a population of moving individu-
als.Journal of Physics A :Mathematical and General 26:5 (1993), pp. 3707-3717

6. Boccara N. Cheong K., Oram M. A probabilistic automata network epidemic model
with births and deaths exhibiting cyclic behavior.Journal of Physics A :Mathemat-
ical and General 27 (1994), pp. 1585-1597

7. Del Giudice G., Vaccine. 21 Suppl 2:S83-8. (2003)
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Abstract. An agent-based approach is evaluated for its applicability as
a new modeling technology in the emerging area of Computational Epi-
demiology, a research domain that attempts to synergistically unite the
fields of Computer Science and Epidemiology. A primary concern of epi-
demiologists is investigating the spread of infectious diseases. Computer
Scientists can provide powerful tools for epidemiologists to study such
diseases. The existing simulation approaches available to epidemiologists
are fast becoming obsolete, with data being stored in newer formats
like GIS formats. There is an urgent need for developing computation-
ally powerful, user-friendly tools that can be used by epidemiologists to
study the dynamics of disease spread. We present a survey of the state-
of-the-art in agent-based modeling and discuss the unique features of
our chosen technique. Our agent-based approach effectively models the
dynamics of the spread of infectious diseases in spatially-delineated en-
vironments by using agents to model the interaction between people and
pathogens. We present preliminary results of modeling an actual tuber-
culosis disease outbreak in a local shelter. This model is an important
step in the development of user-friendly tools for epidemiologists.

1 Introduction

Computational epidemiology is a developing research domain that attempts to
unite the disparate fields of computer science and epidemiology. Epidemiologists
are primarily concerned with investigating disease outbreaks and risk assessment
in spatially delineated environments, investigating vaccination strategies to con-
trol the spread. Thorough understanding of the dynamics of disease transmission
is key to predicting the spread of a disease and controlling it. Epidemiologists
employ various statistical methods to analyze the data relating to a disease, but
there are no specific tools that they can use to study a disease, its spread, the
spread of the infective agent and other factors. With the emergence of new in-
fectious diseases like Lyme disease, Hepatitis-C, West Nile Virus, and HIV, the
need to develop tools that epidemiologists need to study these diseases becomes
apparent. As more strains of diseases like tuberculosis and pneumonia become
resistant to antibiotics, it becomes imperative to track the progression/mutation
of these strains. The method of field trials, currently available to epidemiologists,
is either prohibitively expensive or unethical. Applying mathematical models and
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using computers to process the copious amounts of data related to a particular
disease outbreak can aid in understanding the dynamics of the disease spread to
a certain extent. But, even today, in spite of the availability of computational re-
sources to process the huge data involved, epidemiologists face tough challenges
in trying to understand the results obtained by applying the mathematical mod-
els and computer programs. Epidemiologists are not trained to understand the
intricacies of mathematical theories or the subtleties of computer programs. This
is where computer scientists can step in, by harnessing the power of powerful
computing resources now available and developing user-friendly tools that epi-
demiologists can use.

Epidemiologists are often faced with the challenge of dealing with data that
are sparse, widely distributed, and incomplete (often due to confidentiality and
other constraints). This may result in conflicting information that confound or
disguise the evidence, leading to wrong conclusions. Today, the role of epidemi-
ologists has become even more pronounced as the significance of Public Health
has been recognized. To meet the increasing demands, the field of Epidemiology
is in need of specific computational tools that would enable the professionals
to respond promptly and accurately to control and contain disease outbreaks.
Increased globalization, highly mobile populations, and possible exposure to in-
fectious diseases pose new public health threats. It is vital to develop new tools
that take advantage of today’s communication and computing infrastructures.
Computational models for the simulation of global disease dynamics are required
to facilitate adequate what-if analyses. This necessitates adapting fundamental
Computer Science concepts to the specific problems in Epidemiology.

One of the primary challenges that Computational Epidemiologists face to-
day is trying to understand the spread of a disease globally. The results obtained
from the processing of the available data are difficult to analyze because of the
sheer size of the population involved. In such scenarios, providing visualization
tools would allow the scientists to process available data and draw relevant con-
clusions. For example, consider the critical issue of limiting the spread of an
infectious disease in a particular area (city or town, for example). The data
immediately available to epidemiologists may include information about the ex-
tent of disease spread, the areas the epidemic has spread to and the number
of vaccine doses available for immunization. If the number of doses is limited,
a decision must be made about vaccination strategies, i.e. what is the optimal
way to vaccinate in order to effectively limit the spread of the disease. The goal
is to provide epidemiologists simulation tools that will allow them to analyze
the effect of various immunization strategies to derive an optimal strategy for
immunization with the available resources. For example, they may arrive at the
conclusion that ring vaccination, i.e. vaccinating in the area of 1 mile radius
around the infected area, will contain the spread of the disease.

In 2003, an outbreak of SARS in a province of China spread quickly to
geographically-remote parts of the world like Toronto. When such a disease out-
break occurs, epidemiologists must study the outbreak to predict its spread. At
this time, there are no general-purpose computational tools available to epidemi-
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ologists to model disease outbreaks. Outbreaks like SARS in 2003 illustrate the
need for developing tools that epidemiologists can use to model an outbreak
quickly and predict its spread successfully. These include mathematical or com-
putational modeling tools to effectively monitor the spread of a disease, track
mutations of different strains, and implement effective vaccination strategies,
and investigate the spread of diseases.

Computational Epidemiology addresses the broader aspects of epidemiology,
primarily disease tracking, analysis and surveillance. An example of the synergis-
tic collaboration of computing power and biology is the genome research project,
which involved mapping the human genome. Similarly, we can use high perfor-
mance computing and data visualization techniques to develop tools to simulate
disease outbreaks and aid in the investigative process allowing them to respond
promptly and effectively contain the spread of diseases. The availability of data
from geographic information systems (GIS), new visualization techniques (like
virtual reality) and high-performance computing paradigms, such as cluster and
grid computing, will greatly contribute to the development of tools that facilitate
the work of today’s epidemiologists.

2 Outbreak Models

Mathematical models are important tools that can be combined with analytical
tools to model disease outbreaks, study mutations of viruses, help in developing
effective immunization and vaccination strategies. When combined with other
analytical methods, they can become powerful tools for epidemiologists. Math-
ematical models can predict future outbreaks, present risk analysis, compare
alternatives and methods, and even help prepare effective response strategies for
bioterrorism attacks. In order to provide epidemiologists with user-friendly tool,
a synergy is required between computer scientists and epidemiologists to help
in the utilization of currently available tools and development of new ones. It is
imperative that both computer scientists and epidemiologists cooperate in order
to develop effective tools.

Dynamical modeling and statistical methods have been used in epidemiol-
ogy for many years, but their role is changing now due to increasing size of the
associated data. There has been little effort until now to harness the power of
computational resources and apply them to existing approaches. Other modeling
paradigms, such as agent-based modeling and stochastic cellular automata, can
now be applied to epidemiology since we can use available data sets in the form
of GIS data and large computer databases. The SARS outbreak was a global
outbreak, whereby the disease that originated in a remote part of China spread
rapidly to other parts of the world like Toronto. Global outbreaks of diseases are
dependent on a number of factors like demography, geography and culture of a
region, socioeconomic factors, and travel patterns. Local disease outbreaks, on
the other hand, are outbreaks of diseases in spatially delineated areas like fac-
tories, homeless shelters. The spread of the disease is thus dependent on airflow
rates, heating and cooling, the architectural properties of the delineated space,
and social and spatial interactions.
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3 Computing Paradigms

Different computational paradigms have been used to model the behavior of
biological phenomena like disease outbreaks. Depending on the nature of the
outbreak, different paradigms are required. For example, the same computing
paradigm cannot be used to model both global and local outbreaks. Stochastic
Cellular Automata is a novel paradigm that can successfully model global disease
outbreaks, taking into account the factors responsible for the outbreak. Modeling
global outbreaks is a particularly challenging task for which stochastic cellular
automata are a useful modeling tool. Each region consists of cells, where each
cell is influenced by its neighbors. The state of each cell is dependent on the state
of its neighbors. This paradigm is useful for modeling vaccination strategies such
as ring vanninations. It can also be used to model other vaccination strategies.

Whether it is global or local, modeling a disease outbreak is particularly chal-
lenging. The sheer complexity of the problem overwhelms traditional analytical
tools. A particularly promising paradigm for modeling local outbreaks is that of
agent-based modeling, which involves assigning an agent to each object in the
environment that we want to model. We can exploit the features of agent-based
modeling to address problems that can be intractable using traditional models.
We discuss agent-based modeling in the following section.

3.1 Agent-Based Modeling

Agent-based models are simple but allow modeling of complex phenomena. An
agent can be defined simply as an entity that acts on behalf of others, while
displaying some form of autonomous behavior in choosing its actions. Using this
simple definition of an agent, we can build very complex systems. By assigning
agents to the entities in a system, we can run controlled experiments that allow
us to change some parameters of the system while keeping the others constant.
In this manner, an entire history of the system can be developed. Agent-based
modeling is particularly useful for modeling local disease outbreaks and can be
combined with other techniques and, by harnessing computational resources,
used to effectively simulate local disease outbreaks.

The functionality in an agent-based system is implemented through the inter-
action of agents. Assigning agents to different interacting entities in the outbreak
will allow is to model the spatial and social interactions in spatially delineated
environments. The infected people as well as the infectious bacilli or viruses can
be agents and purposeful movement can be incorporated to simulate the disease
in a realistic manner. Purposeful movement implies that the agents can move of
their own volition, simulating the movement of the objects (people and bacilli)
in the actual disease.

Incorporating purposeful movement is not a simple task. We need first to
investigate the type of environment and the nature of the entities we want to
model, study their desires and model them as a function of some parameters.
When the desire function reaches a threshold, agents tend to change their be-
havior, such as move in a different direction or perform a certain action. For
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example, if we are trying to model humans with desires to smoke and to drink,
we associate with each an agent, with variables representing their present level
of desire to smoke or drink. When its desire level hits a threshold, an agent will
perform an action, such as moving toward the smoking or toward the drinking
fountain.

Figure 1 shows the desire levels as a function of time and threshold values.

Desire Functions
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Fig. 1. Desire Function

Now when the desire level reaches the threshold, the agent, which is in the
area A in Figure 1 tries to move towards the area D, here it can quench its thirst.
In order to move toward the destination D from the source A, we can design
a Source/Destination routing table which will help the agent move in the right
direction and reach the destination with least effort.
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Fig. 2. Grid Environment
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S/D A B C D …

A - B C B …
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C A B - D …

D C C C - …

… … … … … …

Fig. 3. Source/Destination Routing Table

3.2 State-of-the-Art in Agent-Based Modeling

Agent-based modeling has been used in the biological domain extensively, and
various modeling tools are available. The following section presents a brief
overview of the current state-of-the-art in agent-based modeling. This section
outlines some of the agent-based computational tools that are currently avail-
able.

Swarm. Developed at the Santa Fe institute, Swarm [13] provides a set of li-
braries that can be used to model complex systems. As the name suggests, the
basic component of agent organization is a “swarm”, a collection of agents with
a schedule of events over the collection. The swarm represents the entire model,
i.e, the agents as well as the evolution of these agents over a time period. Swarm
is a very powerful and flexible agent platform. However, it is very domain-specific
in that extensive knowledge of the Java programming language is required. Con-
sequently, this tool cannot be used directly by many epidemiologists.

Ascape [14], which is modeled on Swarm, is a platform that allows users to
develop complex models. It has been used to develop the well-known Sugarscape
simulation. Easier to learn and use than Swarm and providing many user-friendly
tools. it is also implemented using Java. Some knowledge of the language is
required to be able to use it effectively.

RePast [15] is a framework for creating agent-based simulations. Developed by
the University of Chicago’s Social Science Research Group, it requires knowledge
of Java. It has built-in GIS, Excel import/export facility, and support to produce
charts and graphs and allows objects to be moved by the mouse. It aims to model
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the agents using recursive social constructions and to replay the simulations with
altered assumptions.

StarLogo [12] is a multi-agent simulation tool developed at the MIT Media lab-
oratory. It is specifically aimed toward providing support to build decentralised
multi-agent simulations. Starlogo is an extension of the programming language
Logo, which allows us to define the movement of an agent called turtle on the
computer screen by giving it commands. Starlogo extends this idea and provides
support to create and control thousands of turtles in parallel, allowing them to
move around a world defined by the user. Starlogo provides support to program
thousands of patches that make up the turtles world. This allows a purposeful
movement for the turtles in which they can sense their surroundings and move
by choice. Starlogo is very easy to learn and provides a graphical user interface
that allows epidemiologists with no prior programming experience to use it eas-
ily. It provides support for plotting graphs, allows the user to define slide bars,
buttons and monitors allowing the user to control the simulation, monitoring
the various parameters of the simulation and observing how they change with
time.

3.3 What’s New

Even though agent-based modeling tools useful to epidemiologists exist today,
the unique features of epidemiology require the development of new tools. Data
from various sources and in different formats need to be input into these models,
highlighting the need for developing tools to convert existing data into uniform
formats. Also, data are most commonly available in GIS format, but agent-
based tools are not able to directly read data from these sources. Therefore,
either existing tools need to be modified to read GIS data or new tools must be
designed that read the data in GIS format and output the simulation results.

4 TB Outbreak in a Homeless Shelter

Tuberculosis (TB), an extremely infectious disease, is of particular concern when
people interact in spatially-delineated environments like factories and homeless
shelters. It was a leading cause of death in the 19th century. It spreads through
the air, with the bacilli having a settling rate of 3 feet/hour. The tuberculo-
sis bacilli reside in the lungs, so the immune system responds quickly to the
infection. Most infected individuals never develop TB, i.e. they never become
infectious. Most exposed individuals remain “latent-for-life,” but around 10 per-
cent of those exposed become infectious. The reasons that TB persists in the
United States are co-infection with HIV/AIDS, lack of public knowledge about
transmission and treatment, and immigration, which accounts for a large number
of new cases. We propose to model the dynamics of an outbreak that occurred in
2000 to model the spread of infection from patient zero to other infected individ-
uals. Using agent-based modeling, we can simulate the outbreak and study the
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transmission patterns unique to this setting. We model the layout of the homeless
shelter and the interacting entities. The bacilli and the individuals are modeled
as agents. Each individual is given a color indicating its level of infection.

4.1 Data Collection

Data was collected through interviews during targeted surveillance screenings
of homeless people who use the shelter. The facility opens daily at 4 p.m. and
people line-up outside the shelter, waiting to enter it. These individuals are
tested at least once a week, with non-regular people being tested more often
than the people who sleep at the shelter regularly. The data has been sanitized
in compliance with HIPAA regulations, whereby all identifying information has
been removed. This data has been provided to us by local health authorities in
GIS format and is incorporated into the agent-based model. For the homeless
shelter, the data used in the model includes the following information in each
case:

– Date tested (relative to t0)
– Status of tuberculosis
– Location in the facility
– Length of time spent in the facility

4.2 Agent-Based Simulation of the Outbreak

We have modeled this disease outbreak using StarLogo, an agent-based modeling
tool that uses “turtles” and “patches” to model the interaction in the environ-
ment. Figure 4 shows a screen shot from the simulator giving the layout of the
homeless shelter.

The shelter contains mats and beds, with the mats shown in light-grey and
the beds shown in dark-grey (see Figure 4). The occupants of the beds are
regular inhabitants of the homeless shelter who pay a nominal rent in return
for being guaranteed a bed. The people who sleep on mats are usually short-
term occupants who sleep in the shelter sporadically. There are separate sleeping
areas for men and women, with different sleeping areas for people over 50. The
simulation shows the placement of the beds and mats in the different sleeping
areas. The upper left-side section shows the beds occupied by men that sleep
at the shelter regularly. The lower left-side shows the placement of the mats
occupied by men who sporadically sleep at the shelter. The upper right corner
shows the beds used by the men that are over fifty years of age. Finally, the
lower right area shows the women’s sleeping area that has both beds and mats.

The model shows that the beds are spaced further apart from each other
than the mats, which illustrates the difference in the infection rate in these areas.
The small compartments that are between the men’s and the women’s area are
the restrooms and the lower area without mats and beds is the smoking area.
People ocassionally wake up during the night to smoke, congregating in that
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Fig. 4. StarLogo Screen Shot

area. Incidentally, people enter the shelter through the smoking area. The figure
shows the queues near the smoking area from which people enter the shelter.

We use different colors (not shown in Figure 4) to represent people in various
stages of infection and resistance to tuberculosis. For example, green dots are
used to denote healthy people, people who are immune (already immunized) are
represented using black, and red is used to represent the infected people. The
people, represented as agents, move about randomly in the homeless shelter.
Whenever they approach a bed or mat, they may choose to sleep on it for a
random amount of time. The amount of time an agent rests on a bed or a mat
can be varied in order to simulate the different behaviors of the people. For
example, there is more interaction among people during the daytime hours than
in the nighttime hours. Accordingly, the agents linger on the beds or mats for
a longer time when we want to simulate the nighttime behavior. In our model,
the days and nights continue in a cycle until we stop the simulation.

We also simulate the behavior of smokers by allowing the agents to randomly
move about the smoking area. The risk of infection among smokers is different
from that of non-smokers due to the complexities of the transmission of the
tuberculosis infection. Since smoke lingers in the air for a while, the bacilli may
survive in the smoke-filled air for a longer time than in recirculated air, so we
use different settling rates for the tuberculosis bacilli in recirculated air than
for smoke-filled air. In a future paper, we plan to take on the difficult task of
modeling the air-flow in the homeless shelter, in order to predict the spread of
the infection.

The model shows the spread of infection from the infected people to the
healthy people who are not immune. Whenever a healthy person encounters an
infected person, he may get infected with probability p. Infected people can take
medication, recovering to become immune to future infections. The infected peo-
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ple can also die in which case they disappear from the population. The functional
parameters of the simulation can be controlled using the slider bars shown in
Figure 4. In this model we have one slider to indicate the total number of people
in the homeless shelter before we start to run the simulation, the number of
initially infected people, number of initially immune people, the death rate and
the recovery rate. The model allows us to drag on the sliders, increasing and
decreasing the functional parameters to engage in a what-if analysis and arrive
at useful conclusions about the transmission of infection among the population.

The movement of the people, the spread of infection among individuals, and
the rate with which they recover or die, can be examined visually from the model.
At any time, the precise number of people that fall into the infected, recovered
(immune), healthy, and dead classes can be seen from the graph plot at the lower
left side of the screen shot. Also at any time, the percentage of infected (sick)
people is displayed in a small monitor box.

The simulation can be controlled using control buttons that can be switched
on or off during the simulation. We have one button each to control the spread of
infection, process of recovery, and process of death. We can at any time switch
these off or on as needed to analyze the effect of a factor on the spread of
infection.

The infection can spread through direct contact between agents while they
are moving around in the homeless shelter or by exposure to bacilli that are in
the air. The simulation can model these aspects to show that the smoking areas
and the restrooms are the areas with high risk of TB infection. The model can
be extended to include the other architectural details of the shelter such as the
elevation. Ventilation which was better on the women’s side than the men’s side,
may prove to be the reason why the men’s side shows high risk of infection.

4.3 Analysis

Primary results show that we are able to model the outbreak in a spatially delin-
eated environment successfully by incorporating “purposeful movement” in the
agent entities. This simulation can be extended to incorporate other parameters
such as the effect of smoking in the spread of this infection.

The dynamics of the spread were studied using the graphical output gener-
ated by the simulation and the behavior of the spread is exactly that explained
by the classical SIR model. Also, the threshold levels of the SIR model could be
related and observed by using the graphical outputs. There were certain points
where the infection rapidly spread, and other points where it slowed. These were
related to the threshold levels calculated using the SIR model. Also, we could
see that few areas in the shelter had high risks of TB infection. This was due to
the differences in air flow, the distance of separation between the beds, and the
proximity to the smoking area and restrooms where people usually gather.

5 Conclusion

We have presented a survey of the state-of-the-art in modeling tools for com-
putational epidemiology. We looked at different computational paradigms and
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how they can be used to model disease outbreaks. We proposed simulating the
outbreak of TB in a local homeless shelter and presented preliminary results.

In order for effective tools to be developed for epidemiologists by computer
scientists, a synergistic union of the disparate fields as well as existing computa-
tional paradigms is required. Every year millions of dollars are invested by US
in research towards finding ways to improve public health and lower the risk
of epidemics and disease spread. Recently, attention has also shifted towards
bio-terrorist attacks. In such cases, it becomes imperative to understand the so-
cial network and its behavior in order to understand the spread of the disease.
Once sufficient knowledge about the social groups of the network is established,
multi-agent simulations help in modeling and analyzing the risk of disease spread
through socially connected groups. In order to do so, we first have to understand
the characteristics of the social group, the disease, and the environmental factors
that affect the spread of the disease.

The tools discussed above can successfully model social behavior, the inter-
actions, the air flow, the air suspensions, the atmospheric conditions favorable or
unfavorable for spread of any disease, the characteristics of the infection spread-
ing agents and their behavior and responses to different prevailing conditions.
This helps in analyzing the risk of propagation, the spread of propagation, and
the medium of propagation, and helps in mitigating the risk of such spreads or,
in some cases, totally eradicating the disease through immunization strategies
or other measures. Being able to do so would take the epidemiologists a step
further in the way of analyzing disease outbreaks and the spread of epidemics.
The results of the simulations and the associated graphs can help to improve
understanding of the dynamics of transmission and to take better steps towards
the prevention and control of disease spread.
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Abstract. It is well-known that big cities suffer from traffic congestion and all
consequences that come with it. This is an especial problem in cities in developing
countries where the public transportation system is not reliable and where the fleet
of vehicles tend to be old thus increasing air pollution. There is no turnkey solution
for this problem, but several improvements have been suggested in the field of
urban and traffic management, provided an information system is built which can
provide information to both the traffic experts and the user of the system. Such
an information system has to incorporate features of an ITS and an ATIS. An
underline assumption is that there is a simulation model to provide certain kinds
of information in forecast. This paper discusses the model and implementation of
such an information system which is based on a microscopic model of simulation
and on cellular automata and is implemented using agent technologies and with
a bottom-up philosophy in mind. We give here an overview of the project, the
details of the modules (data, simulation, driver and information/visualization), as
well as discuss an application of the simulation tool.

1 Introduction

The increasing urban mobility poses challenges to traffic engineers, urban planning
experts, and researchers involved with optimization and information technology. One
way – certainly not the only one, but one to be used in conjunction with others – to cope
with this problem is to approach it from the information point of view. Our assumption
is that urban mobility both produces information and increases the demand for it, a loop
which has been the motivation for previous works [1,2].

One way to deal with this information loop is to collect data, produce a forecast
and broadcast it to the traffic system users. It is well-known that the same information
when provided to all users can be harmful. This is certainly a point but will not be
directly tackled in this paper, although the simulation infrastructure provided here can
deal with such situations and in fact we have already been doing case studies [3]. In
order to produce the information to be broadcasted, a fast simulation model is necessary.
We use the Nagel–Schreckenberg approach [4] which is a microscopic model for traffic
simulation originally based on cellular–automata (CA), as detailled in Section 2.

The motivation for the development of the simulation module is twofold. First the
fact that although several similar tools exist, they are built normally with the objective
to tackle isolated problems. Currently traffic engineers only have a collection of isolated
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tools to i) track and log flow and density of vehicles (induced loop detectors, cameras,
etc.); ii) perform off-line simulations (e.g. to evaluate the impact of building a shopping
mall); iii) adjust timing of traffic lights. None of these tools is really suitable for forecast.
The new generation of traffic simulators are usually too slow for the faster-than-real-time
simulations which are needed for traffic forecast, or are too expensive for budgets of
cities in developing countries.

Second, both commercial and academic tools are black-box systems in the sense that
generally one has no access to the source code. This is no big problem to users like traffic
engineers working in control centers of municipal traffic authorities with a reasonable
budget. But that poses a problem for i) anyone working in research; ii) anyone who wants
minimal changes in output reports or, more important, to those who want to finetune the
simulation model; iii) those aiming at integrating the simulator to other tools.

Therefore, driven by the incentives given by Brazilian funding agencies regarding
free software, the project SISCOT (Integrated System for Simulation, Control and Opti-
mization) was developed [2]. The aim of this project was to build a traffic simulator based
on free software and on a CA model, to be used freely for academic and operational
purposes.

We are now developing an extension of the SISCOT project, called ITSUMO – In-
telligent Transportation System for Urban Mobility1. One of the aims of the project is to
create an information system for urban mobility capable of integrating different function-
alities, such as a simple traffic control (mostly based on control of traffic lights), traffic
management and real-time information providing via internet and/or mobile phone. The
idea is to distribute the system under free-software license.

The development of the project involves people with different backgrounds: physi-
cists (microscopic traffic simulation model), computer scientists (modeling the driver
and integration of it to the anticipatory traffic forecast tool), and traffic engineers (as
users and evaluators of the approach). Once this infrastructure is ready, it can be used
both for academic purposes (e.g. testing new approaches for synchronization of traffic
lights, simulating drivers decision-making, etc.) or for operational purposes.

To address these objectives, a novel feature added to the basic simulation model is the
possibility to easily define other modules such as drivers as intelligent agents, in contrast
to the current models that are pure reactive and ignore the mental state (informational
and motivational) from the drivers.

The kernel of the simulator is ready and was programmed using the object-oriented
paradigm in order to facilitate the portability and increase the quality of documentation.
The idea is that anyone can aggregate further code when necessary. Also a database and
a visualization module are at final development stages, as well as the basic information
module which is closely tied to the visualization, in case of information via internet.

To illustrate the benefits of our approach, consider this fact which has been taken
from the daily newspaper “Folha de São Paulo" (online edition of April 21, 2005): “São
Paulo (city) reaches traffic jam record: 178 Km. of jam were recorded at 7 p.m.". In
Feb. of 2002, that amount was 130 kilometers. Since then, such level of traffic jam was
reported many times due to the lack of timely information to users of the traffic system
(public transportation, trucks and vehicle drivers).

1 http://www.inf.ufrgs.br/˜mas/traffic
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The benefits for users is clear: once a forecast is provided or at least some information
is given to them, they are able to better plan their trips. This has an impact on travel
times, fuel consumption and acceptance of public transportation.

The remaining of this text is organized as follows: the next section details the mi-
croscopic simulation model. Section 3 presents the overview of the project and the
main modules: data model, simulation kernel, infrastructure / module to model drivers
decision-making, visualization and information to the users. Section 4 presents and dis-
cusses the use of ITSUMO project in a a traffic simulation of a region of the city of Porto
Alegre, Brazil. The last section concludes and outlines the future research directions.

2 Microscopic Simulation: Nagel–Schreckenberg Model
and Extensions

Basically, there are two approaches to model traffic movement, namely the macroscopic
and the microscopic. The former is mainly concerned with the movement of platoons
of vehicles, focusing on the aggregate level. At this level, the system as a whole be-
haves as if all traffic agents (drivers) make decisions in a deterministic and rational way.
It considers only averaged vehicle densities but not individual traffic participants. On
the other hand, in the microscopic model of simulation, one may go to the individual
level. Each road can be described as detailed as desired, given the computational restric-
tions, thus permitting a more realistic modeling of drivers’ behavior. In the microscopic
approach both travel and/or route choices may be considered, which is a key issue in
simulating traffic since those choices are becoming increasingly more complex. Also,
individual traffic lights can be modelled according to several approaches, from classical
off-line coordination to recently proposed ones (negotiation, communication-free, via
game theory, reinforcement learning, swarm intelligence, etc).

2.1 Nagel–Schreckenberg Model

In this project, in order to achieve the necessary simplicity and performance, we use
the Nagel–Schreckenberg model [4] which is a microscopic model for traffic simulation
originally based on cellular–automata (CA).

In short, each road is divided in cells with a fixed length. This allows the repre-
sentation of a road as an array where vehicles occupy discrete positions. Each vehicle
travels with a speed based on the number of cells it currently may advance without hit-
ting another vehicle. The vehicle behavior is expressed by rules that represent a special
form of car–following behavior. This simple, yet valid microscopic traffic model, can be
implemented in such an efficient way that is good enough for real-time simulation and
control of traffic.

Given that every vehicle has a nonnegative integer speed (v, limited to vmax), the
following four rules are verified simultaneously for all vehicles in a CA way:

1. Movement: each vehicle advances v cells at each time step;
2. Acceleration: each vehicle’s speed is increased by one unit, up to vmax (the maxi-

mum speed) or the gap (the number of empty cells in front of a vehicle);
3. Interaction: if the vehicle ahead is too close, v is decreased by one unit;
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4. Randomization: vehicles decelerate with probability p in order to simulate the non-
deterministic dynamics of vehicle movement, which occurs mainly because of the
different driving behaviors.

These CA rules imply that certain conditions must be met. First, the simulation
must be discrete both in time and space. Second, all network cells must be updated
simultaneously. This condition implies that the vehicles’ movement must occur in two
steps: a) all drivers must take their decisions of movement and b) all vehicles’ status must
be updated by taking into account the driver decision and the restrictions and limitations
of the vehicle and the scenario being simulated.

Although these rules might seem too simplistic, investigations reported in the liter-
ature showed that the cellular automaton model is capable of reproducing macroscopic
traffic flow features including realistic lane changing behavior (for an overview see [5]).
Later on, this basic model was extended to deal with enhanced scenarios [6,7,8]. In the
urban traffic scenario, there was the need to add more elements such as traffic lights and
more complex intersections.

The first concept of the Nagel–Schreckenberg model was a very simple CA that only
intend to mimic a single-lane circular circuit on a highway. Improvements have been
made on that basic model to make it possible to simulate other scenarios. There are two
major extensions to the model to make it suitable for more complex simulations:

– Multi-lane extension: several different extensions had been made to achieve this
characteristic, such as [5] and [9]. These improvements allow to perform realistic
simulations with more than one lane, since vehicles can change lanes. Therefore it is
possible for the vehicles to perform a take-over maneuver and avoid slowing down
by changing to a faster lane.

– Density inversion: This characteristic observed in real traffic is important to make
simulations more realistic. Density inversion is a phenomenon that occurs when
the flow of vehicles reaches a certain threshold. Then the lane on the left side gets
a higher density than the lane on the right side. This empirical phenomenon is
reproduced to some extensions of the original model (see [9] and [10]).

2.2 The Traffic Network Representation

As for the network representation, each road is described as a composition of nodes and
edges representing intersections and roads, respectively. Each edge is composed by a
set of connected sections. A section represents a portion of the road that is delimited
by two nodes. Each section is formed by a set of lanesets, which represent groups of
lanes with the same orientation. The lowest-level structure in the network representation
is the lane itself. Lanes are subdivided into cells of fixed length, which can be either
empty or occupied by a vehicle. The cell size is chosen so to represent the average space
a vehicle occupies in a traffic jam, but this value can be adjusted. It is important to do
this adjustment so that each time step in the simulation corresponds to the desired time
frame, that is, the simulator must be adjusted in order to use discrete values that faithfully
represent real-life measurements.

As said before, a node is an important component of a road. It represents the con-
nection between two sections and is an abstraction of a real-life crossing. A node may
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contain four different objects: sources, sinks, sensors and traffic lights2. Sources and
sinks are objects used to adjust the simulation parameters to known values of traffic
flow (e.g. collected by loop induced detectors). This way, the traffic manager or the user
responsable for the simulation may configure a node in a way that vehicles are inserted
into the network according to fixed rules. Currently, nodes equipped with a Source ob-
ject can generate vehicles according to a constant flow, a constant probability, a variable
probability or a variable flow. The Sink object is just the opposite of the Source. It is
responsible for removing vehicles of the simulation. Note that dead-end streets must
obligatorily be linked to a Sink object. Currently the simulator can automatically handle
this kind of requirement preventing the user from facing the tedious task of adapting the
real-life traffic network to the simulator standards.

Moreover, the simulator supports two other objects: Sensors and Traffic Lights. The
purpose of a Sensor object is to collect all sorts of information about the scenario being
simulated, such as the lane occupation rate, the average vehicle speed in a street, in/out
flow of vehicles in a specific laneset, etc. Traffic Lights control a set of signal plans
which reflects the movement constraints of the real traffic network.

3 Description of the System

3.1 Overview of the Project

The ITSUMO project uses data from several sources, which can be both off-line infor-
mation (maintained by different providers), and on-line information (e.g. traffic flow).
The network topology data, for instance, is provided by traffic authorities. Currently,
given that there is a lack of on-line data, which is not collected in the city of Porto
Alegre so far, we work basically with off-line data. However, the system is designed to
use real-time information.

Most of the information is stored in a database, described in the next section. There
is also a module for definition of drivers decision-making, which is optional. If the user
does not define particular classes of drivers, then the simulation is performed using the
standard driver model described in Section 2. In any case, the simulator kernel retrieves
the necessary information from the database, performs the computation of the vehicles’
movement, updates the network state and stores this in flat files. If special drivers are
defined, then the simulator also loads such models in a way described in Section 3.4.

A visualization module retrieves data originated from the microscopic simulation
and exhibits a graphical representation of the traffic simulation. The ITSUMO system
is thus composed by four distinct modules: the data module, the simulation kernel,
the driver definition module, and the visualization module. These modules are further
detailed next.

3.2 Data Module

This module manages the traffic information data that serves as the basis to the micro-
scopic simulation. This information is stored in a relational database, which means that
the data is represented in the form of tables. Queries to these tables are made by means
of the SQL language.

2 Sources and Sinks are inspired in the proposals discussed in [7,8,11].
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The data module uses the PostgreSQL relational database system3. Since perfor-
mance is a key issue in real-time simulation, a database with simple interface and quick
response is required. PostgresSQL is a free implementation of SQL/92 standard with
a fair time response to the database queries. Another important issue is the possibility
to work with spatial data in order to make use of geographically referenced data. This
capability is provided by PostGIS, an extention of PostgreSQL to support spatial data
and geographic objects. Note that the topological data existing in the database is not yet
geographically referenced, although we plan to use these capabilities in the future. Ac-
tually, spatial positions are implemented by means of a series of attributes on each node,
such as its spatial cartesian coordinates. Besides that, the database makes use of several
foreign-key constrains in order to guarantee the consistence of the spatial relationship
between objects.

The database structure reflects the way the simulation occurs. Thus, the data module
is in charge of providing the necessary means to specify several topology details and
network constrains. The database entities and the attributes they model are described
below:

– General Settings: topology name, traffic system orientation (right-handed, left-
handed), cell size, real-life correspondence of each iteration, frequency of sensor
measurements, starting hour of the simulation and default deceleration probability

– Network: network name and its settings
– Node: cartesian coordinates of the node and the associated network
– Street: street name and the associated network
– Section: section name, whether it is preferential, delimiting nodes and the associated

street
– Laneset: length, associated section
– Lane: maximum speed, width, associated laneset
– Laneset Probability: set of probabilities of moving a vehicle to a specific laneset

upon passing through a node and the associated lane where these probabilities are
valid

– Turning Probability: set of allowed vehicle movements according to its current
lane

– Traffic Light: set of signal plans, associated with a node
– Signal Plan: set of lane-to-laneset allowed movements in a specific order, cycle

time and offset
– Sink: probability of removal of a vehicle and the associated node
– Source: source behavior (insertion of vehicles according to fixed values per iteration,

insertion of vehicles according to constant/variable probabilities, etc), laneset where
the vehicles should be inserted and the node which contains this Source.

The above entities also describe the relationship between the several traffic network
components. For instance, each lane is associated with exactly one laneset, and each
section is composed by exactly two nodes. The data module was designed in a way to
ease the task of specifying the traffic network topology.

3 Actually all technologies used in this project are free software, such as PHP, Apache Web
Server, Java, JVM and Debian servers.
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3.3 Simulation Module

This module was developed using C++/PostgreSQL platform and is responsible for sim-
ulating the traffic flow in a given traffic network. The simulation kernel was implemented
over the ideas of a previous version of the simulator [2]. The simulator implemented in
[2] imposed serious restrictions to the feature-adding process, making it hard to add new
functionalities and delaying the process of implementing the necessary extensions.

The current version of the simulator solves an issue inherent to the basic microscopic
model described in Section 2, namely the difficulty to represent urban scenarios. Thus,
the simulation tool we developed supports different kinds of elements, such as lanes,
lanesets, streets, sections, vehicles, sources and sinks (of vehicles), sensors and detectors,
traffic lights, etc. Some special functions are still under development, which will be
briefly explained in Section 5.

The simulation occurs in discrete steps and is implemented as a series of updates in
the drivers’ decisions of movement, followed by simultaneous updates in the vehicles’
positions in the network and finally updates in the status of objects such as nodes,
sources, sinks and traffic lights. Each update in a node or traffic light may modify its
current behavior depending on its internal state and on the current traffic flow. Sources
and sinks are also activated whenever a vehicle passes over a crossing. This is the moment
in the simulation when vehicles might be inserted or removed from the network. Note
that special drivers (such as floating cars) are not removed from the simulation. Also,
they do follow specific routes, in opposition to standard drivers which move through the
network in a non-deterministic way. The last action to be performed in each iteration is
to fire the sensors and detectors, updating their internal status and eventually displaying
partial simulation results.

The simulation results can be formatted according to the user needs. The most usual
formats are the “cell map” and the “laneset occupation map”. The former is a represen-
tation of a set of cells associated with each lane in the network. This set of cells indicates
which portions of the lane are occupied by which vehicle, providing the most detailed
output possible. On the other hand, the “laneset occupation map” is a high-level output
which specifies the rate of occupation (density) for each laneset in the network. This
output is generally more useful since it hides the individual status of the vehicles and
focus on the overall stochastic behavior of the simulation.

3.4 Driver Model

Modeling a driver can be approached in different ways, depending on the purpose of
the simulation. In most cases, the objective is to simulate the collective or macroscopic
behavior. However, this behavior emerges out of individual ones. Simple algorithms, like
the Nagel–Schreckenberg model, can be used to describe vehicles movement without
loosing significant simulation fidelity with reality.

A driver model can be splitted into two different components: decision about move-
ment and planning. These two parts together can guide a vehicle in the network. The
movement decision is responsible for a vehicle’s short-time movement. On the other
hand, the planning decision is related to a more sophisticated decision-making, e.g.
which direction to turn and what to do in case a jam exists.
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The movement decision-making is in charge of local optimization, i. e., to decide
whether it is better to take-over the headway vehicle, to change lane and to avoid colli-
sions with other vehicles. More complex than the former, the planning decision-making
component is in charge of deciding which path to follow from one point to other in the
traffic network. To make such decisions it is necessary to observe the traffic forecast (if
available), the path restrictions, etc. Moreover, it is necessary to implement some kind
of learning skills in the driver module so that it improves future decisions. Most of the
optimization performed intends to reduce the amount of time to travel from an origin to a
destination. The planning component can use several heuristics and methods to perform
those tasks.

3.5 Visualization Module

This is the module that allows the graphical visualization of the simulation results. The
visualization can be either in a macroscopic or microscopic level. At a macroscopic level,
the visualization considers only data which reflect the overall behavior of the network,
abstracting details and providing an useful tool to capture the big picture of what is
happening in a specific scenario. It is useful to provide this kind of information via the
internet, as it has been the case in [12].

On the other hand, the microscopic level visualization provides an interface through
which one can see, both in 2D and 3D manner, individual vehicles movement. In order
to obtain a more realistic and detailed visualization, this module is being developed
using the OpenGL graphic library, enabling features such as walk-through navigation
and detail-focused interfaces. An example of the visualization is depicted in Figure 1.

Fig. 1. Example of the visualization module interface
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The visualization of data at microscopic level is the kernel of the information system
for the traffic engineer and/or the urban planning experts. At this level, the whole system
can be used to perform simulations in order to check what happens if a shopping mall
is built in a specific place, or a new arterial is added to the network (as it was the case
recently in Porto Alegre), or traffic lights are synchronized in a given way. In the next
section we discuss a scenario from Porto Alegre in which the ITSUMO system was used:
a simulation of an arterial with different rates of vehicles insertion in given nodes of the
network.

4 Experiment: A Scenario from Porto Alegre

The ITSUMO system is capable of simulating traffic flow considering several simulation
parameters. These parameters, such as the probability of inserting new vehicles in a given
street and the deceleration probability reflect the overall behavior of the network being
simulated as well as the drivers’ behavior.

The probability of inserting vehicles in the simulation reflects the inflow of vehicles in
a given location. The deceleration probability, on the other hand, represents the tendency
of drivers to slow down occasionally, which is a known cause for quick and sporadic
traffic jams.

The ITSUMO system was applied in a scenario which models an important part of an
arterial street located in Porto Alegre. This street, called Independencia, is composed by
several sections and traffic lights. There are six points of insertion of vehicles (sources):
five of them are located in the transversals and insert vehicles with a constant rate of 0.1
per iteration. The insertion probability of the other source, located in the beginning of
the Independencia street, will be one of the varying parameters of the simulation. Note
that since we measure the vehicle density only in the Independencia street itself, we
chose to keep the insertion probability in transversal streets as small as possible in order
to minimize their influence on the main traffic.

The scenario also contains four traffic lights, as shown in figure 2, each one operating
with two phases. The first phase gives green time to the flow in the main street (75%
of the cycle time); the other phase gives green time to the flow in streets that cross the
Independencia avenue (25% of the cycle). The traffic lights are not synchronized in any
way. All vehicles leave the network in the last node of Independencia, depicted as the
rightmost node in Figure 2.

The goal of this test scenario is to show that this type of simulation can be done with
the ITSUMO system, and how the results can be used in order to re-plan and optimize
the already existing traffic infrastructure.

In order to depict the effect of two important simulation parameters, namely the
deceleration probability and the inflow of vehicles in the Independencia street, we present
a table containing the average vehicle density in the street according to the variation of
these parameters.

Table 1 shows how the traffic flow varies according to the parameters. Note that an
increase in the probability of deceleration leads to a proportional increase in the street
density, since the average speed decreases and the effect of a deceleration is cumulative
in the street. In a similar manner, an increase in the probability of insertion of vehicles
leads to a proportional increase in the density, since there are more vehicles using a
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Fig. 2. 3D visualization of the Independencia avenue

Table 1. Density on Main Street after 20000 time steps

Deceleration probability
Main Source Probability 0.1 0.3 0.5 0.75

0.1 0.10 0.10 0.11 0.12
0.25 0.13 0.14 0.15 0.21
0.5 0.19 0.21 0.25 0.46

0.75 0.27 0.29 0.36 0.51
1.0 0.34 0.39 0.45 0.52

limited street area. Moreover, the density values depicted in Table 1 depend on the
relation between the street length and the duration of the traffic light phase. This relation
is important due to the fact that longer traffic light phases tend to create cycles of density
with great amplitudes. This effect, which causes the density of vehicles in the street to
vary between zero and something close to the maximum possible value (1), can be seen
in Figure 3.

In order to optimize network parameters such as the traffic light cycle time and the
phase time, one can estimate parameters like sources probabilities according to data
generated by induced loop detectors, cameras, etc. These data is thus used to calibrate
the simulation parameters and allows the usage of the ITSUMO system to control and
optimize the existing traffic infrastructure.

5 Conclusion and Outlook

The ITSUMO system is capable of dealing with several aspects of the simulation of
a traffic scenario, such as the driver behavior, traffic lights coordination, traffic jam
prediction, among others. The driver module makes the simulation more realistic since
it allows the modeling and use of several and arbitrary drivers behavior simultaneously.
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Fig. 3. Variation of density over time

Currently, the ITSUMO system provides an useful tool to simulate and predict traffic
conditions, as well as to support urban planning tasks. The system itself is independent
of driver model and supports the adjustment of several parameters that can be used to
reflect the characteristics of the traffic network. The use of the ITSUMO simulation
module facilitates the implementation of concrete actions that can lead to a better traffic
flow control, reducing the average commuting time thus promoting a better life quality
in cities with complex urbanization.

We plan to extend ITSUMO to consider other kinds of information such as those
related to weather forecast. Our future goal is to focus on the developmentof ITSUMO as
an information system for urban mobility, making it capable of integrating functionalities
that will vary from simple traffic control to information providing via internet and/or
mobile phone.
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Abstract. This paper refers to the problematic that the phenomenon of traffic 
hysteresis induces from a macroscopic overview. Firstly, the document presents 
a topological analysis of traffic hysteresis in two levels of variation: density and 
flow. The referred analysis takes into account temporal and spatial components 
of the phenomena and is based on empirical data obtained from a freeway bot-
tleneck configuration. Secondly, a mathematical model supported on the basic 
traffic equation is formalized in order to describe the phenomenon of hysteresis. 
The econometric adjustment of the model follows this stage with a discussion 
about the possible extensions of this model. Finally, the proposed model is ap-
plied to the A-14 highway and presented later on. Thereafter, some implications 
of the hysteresis phenomenon are discussed on the basis of economical planning 
and evaluation of transport systems. 

1   Introduction 

Several mathematical models and techniques have been proposed with the purpose of 
formalizing the relation between different macroscopic variables of traffic, such as 
speed, flow and concentration. This formalization related to the empirical studies and 
the inclusion of external factors that impact traffic stream has lead us into a paradigm 
renewal about the relation that those variables maintain over the years (e.g. see [1]). 

The restating of paradigms merges from different circumstances that have an im-
pact on the relationship vehicle-infrastructure-driver. (a) The technological advance 
that implies infrastructure improvements as well as vehicle performance inducing less 
wheel friction, and enhancing high speed stream. (b) The adaptability nature of driv-
ers that guide them to take more risks, particularly, in the reduction of vehicle-to-
vehicle safety margin. The process of constant renewal is important due to the fact 
that most of the planning, socioeconomic, and infrastructure management studies lie 
on such paradigms. Following this renewal process, this document not only revises 
the previous overview about hysteresis, but also includes spatial and temporal factors. 
The first ones are related to the configuration of the infrastructure while the second 
ones relate to the variation of the demand. Is precisely bottleneck infrastructure that 
induces queue formation as well as the traffic phenomenon known as traffic hysteresis 
(see [2]). The proposed approach is empirical and consists generally, in analyzing 
such phenomenon by using macroscopic traffic data and the relations of their basic 
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equation. A theoretical treatment of hysteresis based on a microscopic approach can 
be revised in [3] or [4]. 

Diagram flow-concentration is particularly used in model building that embodies 
different stages of hysteresis. The development of such models is supported firstly, in 
the analysis of the flow-time (q-t) diagram characteristics as well as the speed-time 
(u-t), flow-speed (q-u) and flow-concentration (q-k) diagrams applied to an urban 
bottleneck road configuration in the Parisian A-14 Highway. Secondly, the model is 
based on the characterization of hysteresis phenomenon stages through the flow-speed 
and flow-concentration diagrams. These two model components, retaken on section 2, 
were described in [5] and are essential to characterize the four phases of hysteresis 
(section 3) in which the assumption is, a linear behavior tendency in each of them by 
simplicity. On the knowledge of these considerations, the analytical solution to the 
model is simple. However, its complexity lies on the identification of break points 
tendencies between two consecutive phases. In order to solve this difficulty two 
econometric techniques are proposed. The first one is a hypothesis trial based on 
Chow's test that allows the identification of tendency rupture (section 4). The second 
one is a structural econometric model often applied in time series estimation. Due to 
the fact that the amount of processing information required to adjust the model is 
elevated, an algorithm, for the first approach, is proposed (section 5) to find break 
points of each hysteresis stage. This last tool is considerable to identify or surveying 
conflictive road sections (black points) in dense congested or highly demanded net-
works. This conflictive section identification allows to detail studies to reduce or 
eliminate external effects of congestion heading the transport system to a more effi-
cient performance level. 

2   Traffic Hysteresis 
In this section an empirical and inductive procedure is followed in order to introduce 
the hysteresis concept. Pursuing this goal, in first place, the theory of traffic stream 
based on a macroscopic approach for describing different traffic regimes is pointed 
out. In second place, and based on empirical data, the temporal variation of macro-
scopic traffic variables, such as flow and speed, presented in a bottleneck configura-
tion structure are analyzed. Finally, the theoretical and empirical elements are put 
together to prove hysteresis phenomenon presence in diagrams q-u and u-k. 

2.1   Relating Macroscopic Variables, Traffic Regimes and Hysteresis 

The macroscopic relation of traffic was first introduced by Wardrop in 1952 [6] and 
after reformulated by Gerlough and Huber in 1975 [7]. The relation could be valid 
when variables of traffic are treated as a continuous or discrete variable (see respec-
tively [8] and [9]). In the discrete variable case: 

.iii kuq =  (1) 

In which q represents vehicular flow measured in the i point of a transversal sec-
tion. Variables iu  and ik represent, average speed and concentration respectively 
(see [10] or [11]). Several studies have tried to determine the relation between two out 
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of the three variables of this equation. Empirical studies (e.g. [9]) show that the dia-
gram flow-speed indicates four regimes to measure traffic congestion (see [8]), which 
are shown in diagrams q-u and k-q on figure 1. 
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Fig. 1. Saturation regimes for flow-speed (a) and flow-stream (b) 

2.1.1   Uncongested Regime 
This regime known also as not congested [9], is formed by two stages: (a) free flow. It 
occurs when demand is relatively low. The number of vehicles in the infrastructure is 
reduced and motorists drive at a desired speed; (b) Car following: during this stage, 
infrastructure endures a crescent vehicular volume without reaching its full capacity. 
Drivers are restricted by front vehicles and cannot drive at the desired speed. During 
first stage (segment A-B on figure 1a), average speed varies around top speed limits. 
This tendency prolongs for an important interval of stream. During the second stage 
(segment B-C on figure 1a), speed begins to decrease and the transition regime is 
reached. slope line in q-u and k-q diagrams identifies uncongested regime.  

2.1.2   Transition Regime 
It is also known as discharged queue stages. At this stage infrastructure receives 
maximum traffic and discharges it according to its capacity. When this level is 
reached, an additional incorporation of vehicles leads into the formation of queues 
(peak hour). Once the demand begins to diminish (after peak hours), infrastructure 
begins to discharge queues (segment C-D on figure 1.a). The phenomenon of hystere-
sis takes place in this regime. This phenomena means that the trajectory followed by 
the traffic variables (i.e. q-u or q-k relationship) during the loading phase of the infra-
structure is not the same as in the unloading one. Diagram k-q on figure 1.b shows 
this phenomena. In the limits of car-following regime (point C on figure 1.b) a ten-
dency rupture between the represented segments B-C and C-D appears. Indeed, while 
the B-C segments reflects that flow and concentration level increase, the C-D segment 
shows an increasing on the concentration (induced by an increasing demand) along 
with a diminishing on flow levels. In the limit of D a new tendency rupture appears. 
This is due to the absence of more traffic (the hyper saturated regime will be reached 
if more traffic arrives to the infrastructure). The infrastructure begins to unload in a 
different trajectory this time. The last situation is indicated in figure 1b by segment D-C 
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(whenever there is more traffic, the supersaturated system will be shown). Theoreti-
cally and empirically ([5] and [12] respectively) it had been shown that traffic hys-
teresis is not only motivated by the increasing or decreasing of demand. But also 
because of the recurrent congestion in peak hours (i.e. that induced by vehicle interac-
tion) as well as the not recurrent one (e.g. blocking, accidents, bad weather, temporary 
reduction of infrastructure capacity). 

2.1.3   Hypercongested Regime 
In this regime, flow and speed decrease, but concentration continues to grow. This 
tendency prevails until all vehicles remain immobile during a certain time interval 
(segment D-E figure 1a). At his moment, average speed is null, concentration is the 
highest and the flow null. This system is completely unstable; it is also called "within 
a queue" and should be treated carefully in planning studies (see discussion on this 
topic in [5]). 

2.2   From Empirical Studies to Hysteresis Morphology 
The goals in this case study are multiple. (a) Validate and select the obtained data on 
the field about recurrent and not recurrent congestion. (b) Analyze the repercussion of 
demand variation over the basic equation relations through a dynamic perspective 
(adding time variable to the whole analysis). (c) Study each and all different stages of 
the blocking phenomenon (i.e. beginning, propagation and disappearing), the forma-
tion and propagation of waiting lines in relation to time (demand variation), and space 
(corridor configuration). 

2.2.1   The Case Study 
The case study corresponds to a section of the urban highway A-14 tunnel located in 
the La Défense sector (Northwest Paris). Such two lane section is 1.4 kilometers long 
(segment 1-5 in figure 2) and channels traffic which runs towards either Porte de 
Paris-La Défense or to the Boulevard (Boulevard Périphérique) coming from the 
Norwest suburbs. Two ramps inside the tunnel allow vehicles in and out towards Paris 
and Puteaux respectively. At the tunnel exit (section 5 in figure 2) a pair of kilometers 
ahead, a traffic light system regulates the entering of traffic towards Paris. This road 
section is equipped with five loops that automatically register (measurement section) 
traffic flow and speed (transversal section 1-5 in figure 2) every five minutes. The 
analyzed information takes into consideration include 5-days from 6 to 23 hours of 
registering during the months of January and March 1998. 

MS-1 : A-14.  W1.450 km
MS-5 : A-14.  W0.050 km

2

París

1

3 4 5

París París
Puteaux

PuteauxParís
París

 
Fig. 2. Location and configuration of observation points (MS) in A-14 French Highway (La 
Défense sector) 
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2.2.2   Impact of the Temporal and Spatial Factors   
over Flow-Speed Relationship 

The configuration of the studied section shows, a priori, that traffic conditions in the 
Measurements Sections (MS) are not equal. Therefore, the resultant macroscopic 
relations will reflect different traffic phenomenon (see [9]). In section 3-5, for exam-
ple there is shown vehicles transference, and the stream continuity previous to section 
3 is disturbed. Similarly happens in section 5. Indeed when we observe flow and 
speed variation along the day at MS-5, we will notice recursive reduction of the aver-
age speed during peak hours (from 8:00 a.m. to 9:12 a.m. in the morning and from 
19:00 to 20:12 in the afternoon (see figure 3). Moreover, a slight diminishing on 
stream can also be seen (the variation tending to decrease is more important in the 
morning than in the afternoon). If macroscopic traffic stream theory states that in a 
hypercongested regime flow decreases with speed: why does the flow remain constant 
when speed decreases? Not recurrent congestion and vehicle interaction are the cause 
of speed reduction. As mentioned before, at the latest part of section 3 (section 3-5) 
there is a stream transfer zone due to ramps. Anytime the traffic is higher, the trans-
ference is more intense: downward vehicles in section 5 stay blocked longer time 
intervals and their average speed reduces. After passing the transfer section, vehicles 
running into Paris could be stopped: the regulation system imposed by the red light on 
the traffic lights. This kind of delay is more likely to appear in peak hours due to the 
fact that the quantity of vehicles waiting for the green light increases; thereafter, a 
queue is formed and propagated downward section 5-3 inducing new blocking zone. 
In order to verify this hypothesis, a look on average speed and flow variation should 
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Fig. 3. Stream variation and average speed along the day (P0 5, 2 lanes) 
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be taken to a section beforeMS-5. In the MS-1, for example, we have on the one hand, 
at the beginning of the day, the flow is not high (2500 v/h, see figure 4). However, the 
same speed reduction phenomena appear even in infrastructures of constant capacity 
(2 lanes road as in section 5). Consequently, one may conclude that vehicle interac-
tion hardly contributes to speed reduction. On the other hand, the beginning of speed 
reduction in section 1 and 5 is out of step (about 30´ minutes in the morning). This out 
of step time corresponds to the queue propagation time generated by access infra-
structures (ramps), which work as bottleneck; as well as by the traffic lights.  

It is also noticeable that the reduction in average speed has, above all, an exoge-
nous and not recurrent nature due to the fact that it is not presented neither systemati-
cally nor in frequency (i.e. no speed variation on March16, 17 and 18 in the after-
noon) or in magnitude (i.e. speed variation on March 17, 19 and 20 in the afternoon). 
Let us see how this situation is reflected in the case of the basic diagram. 

2.3   Basic Diagrams and Hysteresis 

Few studies have analyzed in a detailed way the implication of traffic hysteresis in 
terms of stream conditions. In [12], all macroscopic traffic relations in the previously 
mentioned A-14 section Highway are analyzed (see section 1.2). Figure 5, extracted 
from the herein analysis, shows the way in which traffic conditions evolve along the 
morning in MS-5. Diagram flow-speed values display a great dispersion in the transi-
tion regime. Between 7:00-7:54 the flow decreases same as speed. Between 8:00-8:54 
flow tends to decrease but speed starts increasing. This effect is reflected in the basic 
diagram k-q due to the loop alike trajectory described by the data. All this leading us 
to the phenomenon of traffic hysteresis: concentration values (obtained through equa-
tion 1) during the loading phase of the infrastructure (the flow between 7:00-7.54 h) 
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Fig. 4. Speed-flow diagrams and traffic hysteresis (PO 1, 2 lanes) 
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do not correspond to the ones from the unloading phase (the flow between 10:00 -
12:54). The variation on traffic concentration is explained by the formation of queues 
as well as by demand variation (number of cars arriving to highway). Let us have in 
mind that transfer zone and traffic light systems eliminate continuum flow causing 
queues at peak hours. When peak hour start (after 7:00), a few vehicles are delayed 
(low concentration 40-60upc/km). As time goes by demand increases to its top limit, 
the number of blocked vehicles grows and the lines grow too (between 7:00 -7:30) 
Demand starts diminishing as well as blocked vehicles in the line (unload phase be-
tween 9:00-12:54). At this moment concentration levels are the lowest respect to 
loading phase. Once queue formation in MS-5 has been displayed, what effect pro-
vokes its propagation? Figure 6, a very illustrative view of macroscopic relations in 
section 1 brings some answers to this question. Firstly, we confirm that loading and 
unloading phases of transition regime are more evident, which at the time indicates 
that queue from section 1 is more important. Vehicles remain blocked for a longer 
time interval; therefore their average speed is much more reduced. Secondly, notice 
that the quantity of vehicles passing trough section 2 is inferior to those passing 
through section 5. Basic diagram also reflects the dichotomy of the transition regime 
so hysteresis is much more marked. Indeed, the propagation of waiting lines has a 
notable influence on hysteresis appearing, which at the time marks the so mentioned 
dichotomy. Bottleneck starts queue formation, that is a fact, but it is also a fact that 
those lines are propagated downward inducing vehicles to be blocked during a longer 
time period, therefrom their average speed is much more reduced. As a consequence 
of such phenomenon, vehicle stream in downward sections would be inferior to the 
stream in next to bottleneck sections. 

The previous analysis states that intrinsic factors on the phenomenon of congestion 
have an impact on hysteresis intensity. However, there are external factors that lead 
into its formation such as: adverse weather conditions, not recurrent congestion pres-
ence (infrastructure maintaining or accidents), infrastructure configuration, road signs, 
traffic regulation devices, infrastructure location, etc. The evaluation of these factors 
influence on hysteresis goes beyond the scope of this analysis and will be matter of 
new studies. As for now, we will only limit this document to propose a model to char-
acterize the different phases of the already described phenomenon. 
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Fig. 5. Traffic hysteresis in q-u and k-q  relations in MS 5 of study studied section 
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Fig. 6. Traffic hysteresis in q-u and k-q diagrams in MS1 

3   The Proposed Models 
The proposed model does not correspond directly to the macroscopic relations shown 
in section 2 due to the fact that congestion process is considered to be formed both by 
the uncongested regime and the transition regime. (cf. Section2) Actually, supersatu-
rated or hyper-congested regime [13] represents in anyway a second level of hystere-
sis, which may be linked to not recurrent congestion presence (accidents, maintaining 
or infrastructure building) and that will be matter of future investigations. So far, the 
present model limits itself to the study of recurrent congestion effects parting from the 
flow-concentration relation. The following paragraphs make a description about the 
way in which the already mentioned traffic regimes (see section 2.1) have been char-
acterized.  

3.1   Modeling Traffic Regimes 

Consider the basic diagram shown in figure 7. In this diagram hysteresis has been 
represented by two regimes: uncongested regime(segment O-F-S) and transition re-
gime(segment S-H-F), as well as the tendency break points F, S and H. 
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Fig. 7. Modeling Traffic hysteresis characterization in basic diagram (k-q) 
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3.1.1   Uncongested Regime 
As indicated in section 2.1, the flowing regime takes two phases: steady stream or 
free flow and strained stream or car following. Steady stream corresponds to segment 
O-F and can be characterized by slope line αF. During that phase there is a propor-
tional increment in both concentration and stream that ends up in F point associated to 
stream qF and concentration kF. Such point means a frontier (break point) that marks 
the tendency rupture that starts the new strained stream stage (segment F-S). In this 
stage, there still is a proportional stream and concentration increasing though in a 
slower ratio (in relation to steady stream), which is defined by the slope αC. In a 
strained stream condition, infrastructure continues receiving traffic until it reaches its 
capacity limit (critical point S defined by qS and kS). This occurs when a new tendency 
rupture takes place and the free flow regime becomes transition regime. 

3.1.2   Transition Regime 
Starting from S point, infrastructure capacity is exceeded and the quantity of vehicles 
running continues to grow (saturation phase). Queue is considerable now and starts 
propagating themselves downwards. At this moment, total of vehicles running out of 
the analyzed section diminish. However, concentration continues growing with a 
slope αS. Concentration reaches its limit (H point, defined by kH and qH) marking the 
beginning of the phase nominated as hysteresis in which traffic diminishes (indicated 
by the decreasing of concentration), as well as flow a αS ratio. Provided additional 
cars do not enter to the section, infrastructure will continue unloading until reaching 
its critical point F representing the frontier between steady and strained stream. Due 
to the intensity of hysteresis phenomenon observed in diagram q-k on the empirical 
studies, it had been considered that the transition process among regimes might be 
estimated by using a straight line. Nevertheless even though intensity is more impor-
tant, the described principles would be valid as long as not lineal curves are em-
ployed. 

3.2   Identifying Break Points 

In the proposed model, the identification of initial/terminal points of each hysteresis 
phase is characterized by a regular increasing of flow and concentration. In first stage, 
the congestion first stage is represented by a regular increment of these variables until 
the arrival of their limits, point in which a difference in growing tendencies between 
steady and strained stream phases (F point in figure 7) can be distinguished. After-
wards, in the saturation phase, concentration may continue increasing, but infrastruc-
ture is not able to unload the quantity of vehicles that run into it anymore. Subse-
quently, queue formed and flow decreases (section S-H, figure 7). Finally, in the 
hysteresis phase, when demand levels decrease, the intensity of vehicles running into 
is lower in relation to the preceding phase. The vehicles remaining blocked in waiting 
lines start abandoning infrastructure, action that reduces both stream and concentra-
tion, but at more inferior rates than in the preceding stage. This way, the characteriza-
tion of the described model could be outlined by identifying the infrastructure's initial 
points of the demand state: loading and unloading vehicles. 
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3.2.1   Traffic Stream Loading State 
It is characterized by positive variation in concentration between two consecutive 
intervals of time t, and is conformed by the steady stream and strained stream phases 
of the non-congested regime as well as by the saturation phase of the transition re-
gime. Taking into account the linear hypothesis which links break points with the 
geometrical relation from figure 1, it is possible to determine in an analytical way the 
slope variables and resultant stream for each of those phases. Table 1 summarizes the 
result from that operation. It is important to mention that in free flow regime, regime 
uF represents the maximum circulation speed observed. 

3.2.2   Traffic Stream Unloading State 
The characteristic of this state is the negative variation of the concentration along two 
consecutive instants. The hysteresis phase within the transition regime and the steady 
stream within the flowing regime form it. As in the previous state, results are shown 
in table 2 and were obtained by considering geometrical relations in figure 7. 

Table 1. Analytical values of the loading stream state 
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Table 2. Analytical values of the unloading stream state 
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4   Model Econometrics 
Two models that could be implemented to adjust the proposed hysteresis model have 
been developed. 

4.1   Identifying Breaks Points Based on Chow's Test 

In the previous section some expressions to calculate each of the proposed model 
parameters have been derived, but by using empirical data it is necessary to verify that 
indeed every break point is presented so that the model strength is guaranteed. In this 
sense Chow's contrast (see [14] or [15]), applied to a hypothesis test procedure, allows 
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the determination of the behavior homogeneity for the observed group T respect to the 
two sub samples T1 y T2 where T =T1 + T2. For linear cases, formally: 
• Hypothesis  

Null Hypothesis  
Ho:  y = Xb+ u, (2) 

Alternative Hypothesis  
HA:  y1 = X1b1+ u1, 
 y2 = X2b2+ u2, 

(3) 

• Decision Rule 

Ho rejected if *
αff > , 

 { } ααα =>−
*

)2,(
* Pr: fFf kTk  

(4) 

Where *
αf represents the critical reliance value α according to Fisher Law, while f 

equals Chow's contrast (see. Equation 4): 
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In the equation 5, SRC1 y SRC2 respectively represent, the error sum of squares 
from the separate regressions to group 1 and 2, – SCRc represent the error sum of 
squares from the pooled regression, k variable represents the estimated parameters 
and T1 and T2 are the number of observations in the two groups  

4.2   A Structural Econometric Model 

In order to estimate the four regimes of traffic flow over a given day, a structural 
econometric model is used. This kind of model often applied in times series estima-
tion. In the case of one traffic flow regime, the relation between average speed, u(q), 
and average flow, q, can be formulate as: 

baqqu +=)(  (6) 

Where a and b represent parameters to estimate. As shown in the theoretical part, 
the parameters a  and b correspond respectively to the traffic density and to an addi-
tive constant.  

Consider U a column vector which represents average speed data observed over the 
day. The exogenous data are represented with de matrix X and which include also the 
flow observed over the same day. As shown in the theoretical part, each value of 
average flow q is associated to a value of average speed u. Parameters to estimate are 
grouped in a vector column denoted B. 

The simple linear model given above can be written in a matrix form as: 
















+
























=
















⇔Ε+=

nnn e

e

b
a

q

q

u

u
XBU

111

1

1
'  (7) 



Automatic Bottleneck Detection Based on Traffic Hysteresis Phenomena      247 

The vector column E represents the unobserved estimation errors. 
In order to show the matrix form for the structural model, we consider an example 

with two regimes: 

11)( bqaqu +=  
22)( bqaqu +=  

(8) 

Parameters a1 and b1 describe the relation between flow and speed in the first re-
gime and parameters a2 and b2 describe the same relation for the second regime. 

To estimate these regimes, we consider that we have a set of observed data com-
posed of n speed-flow couple. The first p couples describe the observed first regime 
and 2<p<n<2. In this case the relation (6) became: 
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The problem of this model is to define to optimal regime sub-sets. The approach 
used for that is based on a grid over variation of speed and flow as describe in the 
theoretical part.  

In this model, we describe the variation of speed and flow over each four regimes 
and between two successive regimes (Figure 8). The first regime represents the free-
flow regime. This case starts when the flow is null and the speed is higher. Over this 
regime, when flow start to increase, speed increase but it is still less sensible to the 
flow’s variations. When speed became sensible to the flow’s variations, the transition 
regime start. The grid to define the end of the free-flow regime is made around of the 
value of the couple of speed and flow which represents the end of this regime and 
observed data that describes this first regime are grouped. 

The second regime, named transition regime, is characterized by a sensible varia-
tion of both speed and flow in other words, speed continue to decrease and flow con-
tinue to increase. When the flow starts to decrease but speed continue to decrease the 
end of the second regime is reach and the third regime start.  

The third regime, named congested regime, is characterized the decrease of both 
speed and flow. This situation persists over the third regime until the speed starts to 
increase in order to return to free-flow regime or transition regime. 

The fourth regime named hysteresis regime and last one is characterized by an in-
creasing variation of speed and a decreasing variation of flow. 

5   Application and Model Estimation 
5.1   Test Chow Example 

The empirical data on stream, speed and concentration obtained from the broadcasting 
station in the previously described and studied zone (cf. section 2) at MS-5 point (PK 
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A14+0500 in direction to Paris) were used to apply hypothesis test described above. 
The variable values correspond to the 6-minutes aggregated data from 6:00- 13h on 
21/01/98. The results are summarized in table 3 in which Chow test was apply to 
flow-concentration relationship in order to identify consecutive phases of the pro-
posed model (see section 2, table 1,2): Free Flow (F) vs. transition (T), transition (T) 
vs. Saturation (S) and saturation (S) vs. hysteresis (H). These phases were noted down 
in tables F+T, T+S and S+H, respectively. 

There were a total of 60 observations analyzed. In the table 2 and 3, the number of 
data take into account in each phase tested is indicated by the n. It may be observed 
that while in the three comparisons, null hypothesis is rejected, so that sample does 
not present homogeneity so tendency rupture points between the two compared 
phases do exist; Chow's contrast values (f) are less marked between steady stream and 
strained stream, as well as much higher for the other contexts. This stating agrees with 
the macroscopic variable diagrams described in section 2. 

Table 3. Results of Chow test example 

Restricted Not  
restrict. n *

αff >  Restricted Not 
restrict. N *

αff >  

F+T F 21 S+H S 15 12735>19.5 
 T 5 

440.34>19.5 
 F 40  

T+S T 5 5630>19.5     
 S 15      

5.2   Structural Model Example 

The data used in estimation represent flow and speed variations over the five days of 
the week (from Monday to Friday). These data are represented in figure 8. However, 
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Fig. 8. Provided ending zone regimes 
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no reasonable estimation can be produced specially for the hysteresis regime. Two 
solutions can be used. The first one consists in considering only data that describe a 
typical day. The second solution consists in using average speed and flow value. For 
each time of the day, we calculate an average speed and flow over the five days. In 
this paper, we apply the second one. Results of this manipulation are illustrated in the 
figure 9 and table 4. 

In table 4, the values in brackets represent the standard variation. All parameters 
are significant at 5% except for the value of a in the first regime. The adjusted R-
square is equal to 0.98. The sign of each parameter is in the correct sense. Representa-
tion of the fitted models is represented in the Figure 9. 
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Fig. 9. Linear estimation by the structural econometric model proposed 

The table 5 shows the value of the speed-flow couple. They are calculated by inter-
section between each two successive regimes. As long as speed is less than 19,15 
km/h, the free-flow regime persist and the increase of the flow does not influence the 
speed. When flow is close 2624 veh/h, the second regime begins and speed starts to 
decrease. The congested regime starts when flow reach 4072,61 veh/km and speed 
decreases quickly and in the same time flow also decreases. The hysteresis regime is 
reached when flow is equal to 3346,30 veh/km and speed equal to 32,03 veh/km. In 
this case and in order to return to transition regime or free-flow regime, flow contin-
ues to decrease but speed starts to increase. The last column in the table 5 represents 
the density in each breaking point between two successive regimes. These values are 
calculated using the fundamental low. For example, the transition regime begins when 
the density is around 24 veh/km. 

6   Final Comments 

Three important contributions have been pointed out, firstly, an alternative to charac-
terize traffic hysteresis phenomenon in an effective way through macroscopic data. 
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That characterization is based on the empirical analysis of the macroscopic traffic 
variables where a bottleneck urban road section and continuum is presented. Sec-
ondly, two econometric techniques have been proposed in order to identify the break 
points of each traffic regime, which at the time demonstrates the proposed model real 
efficacy. Finally, with the purpose of solving frontier points finding problematic, an 
algorithm for locating them through tendency rupture points has been developed; 
moreover, model adjustments can be done. This tool is necessary to analyze dense 
road networks containing a number of traffic broadcasting stations. As an example, in 
the case of Paris urban highway net, there are about 500 permanent stations register-
ing traffic variables every 6 minutes. Despite this advance, improvements on process 
rapidity in real time usage should be worked on. Project which may be left out in 
future works. 

Table 4. Estimation results for structural econometrics model 

Regime Model parameters 
 A b 

Uncongested  -0.00437 
(0.0022) 

120.62 
(2.8808) 

Transition  -0.03926 
(0.0078) 

212.19 
(25.819) 

Congested  0.02792 
(0.0072) 

-61.41 
(25.205) 

Hysteresis  -0.25302 
(0.0395) 

878.70 
(128.43) 

Table 5. Breaking point regimes for structural econometric model 

PHASES Flow 
[veh/h] 

Speed 
[km/h] 

Density 
[veh/km] 

Uncongested – transition 2624.55 109.15 24.04 
Transition – congested 4072.61 52.31 77.85 
Congested – hysteresis 3346.30 32.03 104.47 

Implications about integrating this phenomenon in the planning of infrastructure 
are important. Any applications concern instant travel time predictions as well for 
socio-economical evaluation. For instance, for the studied section MS-5 point (section 
2.1), the proposed approach allows travel time prediction with a relative average error 
margin of -3%. On the contrary, a traditional approach, based in a delayed function 
(i.e. [16]), BPR travel time function adjusted to minimize quadratic errors among 
empirical values and function forecasting values by the function, show a relative av-
erage error margin of 40%.  

Another field of potential application of the model is referred to planning dynamic 
models (i.e. [17]), in which users decisions (time, schedule, departure times) are 
strongly affected by travel times in a certain instant of time. The integration of hys-
teresis phenomenon implications to that type of processes will be matter of new stud-
ies. 
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Abstract. We determine the relevance of the displacement management meas-
ures in an urban road network. The main contribution, limitations and the bal-
ance among the static and dynamic planning approach are evaluated. In order to 
compare results from these approaches, four criteria to evaluate effects induced 
by simple and combined travel demand measures are established: configuration 
of the road network, efficiency rates, additivity of effects and multicriteria 
analysis. These criteria are quantified in two prototype networks which allow 
choosing between a series of flexible measures these ones which improved cur-
rent circulation conditions. The obtained conclusion contribute to the decision 
making process because the managing authorities of urban transportation could 
know the effects induced by these measures, their spatial distribution and ad-
vantages or disadvantages from each modelling approach. 

1   Introduction 
Traditionally, urban transportation systems’ analysis is based on a static modelling 
point of view. This approach admits all journeys and infrastructure service level as 
constants, during a determined time interval (usually an hour or a peak period), taking 
into account that this hypothesis, methods, algorithms (e.g. [1] or [2]) and commercial 
software (emme 2, TransCad, Estraus, Davisum, etc.) have been developed to find a 
network’s equilibrium state (e.g. [3]). Based on this approach, alternative solutions to 
the urban transport essential problem are proposed: given a limited capacity transport 
network (supply) and some population’s mobility characteristics (demand) to find the 
journeys’ optimum assignations where transportation costs would be the most effi-
cient (minimum) supposing that the assignment is implicitly linked to infrastructure’s 
performance level. 

Based on urban centres’ developing stage and financial resources availability, the 
solutions to urban congestion were oriented to increase infrastructure capacity. Simu-
lation tools, based on static approach, were sufficient in this way for transport net-
work’s planning (network design, infrastructure’s capacity etc.) mostly because travel 
pattern and travellers’ behaviour were more or less constant. Correspondence between 
model’s hypothesis and simulated reality were consequently coherent. Actually, this 
paradigm has lost robustness due to societal changes [4], congestion levels induced in 
mobility decisions and more flexible and unstable day after day travel patterns. The 
fact is that the static approach is not enough to deal with this reality [5]. 
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Nowadays, relentless growing in motorized mobility, perverse or negative effects 
(Myrdall circle) induced by an increment in infrastructure’s capacity policy (see for 
example [6]), the over-offering automotive industry, the limited financial resources 
for new infrastructures, and high urban population density, have turned the possibility 
to continue with the same not feasible treatment of transport problems.  

An alternative treatment is viable, in which management of demand must be in-
cluded: the travel demand management (TDM). In the 90 a series of transport policies 
based in this new paradigm emerged [7]. Nevertheless, even such planning approach’s 
theory was founded in the 70 [8]; few operational tools lived up to be feasible. The 
evaluation of such policies couldn’t be more coherent. As a matter of fact, congestion 
phenomenon is characterized by its variability: firstly, traffic conditions are not the 
same throughout the day, neither days of the week or months of the year. This is due 
to infrastructure performance variation with demand’s level (non-linear relation). 
Secondly, user’s behaviour is not fixed, too. Travellers change mobility decisions 
(e.g. selection of start time to travel, itinerary, transportation modes, etc.). to adapt to 
current traffic conditions. Considering these components in the phenomenon treat-
ment have caused an alternative approach called dynamic ([8], [9]), it is theoretically 
appropriate to analyse the effects of TDM [10]. 

Although the mentioned approaches are different (philosophy, modelling approach, 
algorithms, etc.), they are used to help transportation planning decision, but which 
one is more pertinent? And under which circumstances? Under which parameters are 
they reliable? These are only some of the questions that transport authorities can set. 
The objective of this article is to give answer elements in this way. That is the reason 
to analyse the implications of defining a journey’s policy based on static and dynamic 
simulation approaches. Such analysis has been oriented into four directions: net-
work’s configuration, spatial distribution effects, additional flexible measures and 
alternatives’ selection. 

Following the traditional transport planning procedure (e.g. [11]), firstly, supply 
and demand characteristics for two prototype networks are introduced (sections 2 and 
3, respectively); then, supply and demand equilibrium criteria is described for each 
one of the approaches mentioned (section 4); afterwards, stages oriented towards 
TDM’s flexible measures are described (section 5); and finally, obtained results are 
analysed (section 6) and final comments are presented. 

2   Modelling Supply 

To show the representation of a generic transport system, two prototype networks of 
transport were modelled, they have been called reticular and circular configurations. 
The components of each network are as usual: centroids, arcs, nodes, and links, while 
centroids were located in the geometrical centre of each area, limited by streets 
(blocks). Nodes were located in each intersection of the network and were considered 
as self-regulated which means that no penalisation coefficients were used for turns. 
The road sections between two intersections were characterised by arcs and their 
physical properties such as: maximum permitted speed, number and capacity of lanes. 
Performance of such arcs was represented by means of BPR delay functions (e.g. 
[12]). Prototype networks’ characteristics are detailed below. 
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2.1   Zones 

To have comparison elements among the networks, simulation approaches and data 
comprehension, two spatial addition levels were set. The first is formed by each one 
of the 100 zones resulting from the criterion previously mentioned. The second, very 
much more added, sums the last 100 zones in six macro zones and its names depend 
on their orientation: Central Business District (CBD) A and B on the city centre, 
northeast, southeast, southwest and northwest (see fig. 1). 

2.2   Radial Network 

This configuration represents European and some Latin American cities. The network 
was constructed from two basic perpendicular axes North-South and East – West 
which drive the vehicle flow to city centre and also to three concentric peripheral 
rings, which drive the flow to secondary roads. The basic structure of this network is 
formed by concentric rings, separated by 500-metres each. These rings are linked with 
road segments, which do not follow a geometric pattern, for their aim is to provide a 
number of nodes similar to the reticular network. Thus, for a five-kilometre diameter 
outer ring, the radial network has: 120 nodes, 852 arcs in an over 342-kilometres 
length. Note that radial net is smaller in dimension than the reticular one. This situa-
tion is due to the configuration. In fact, arcs’ average length compares this last thing: 
0.4-km. of radial net against 0.42-km. of reticular net. This particularity will have 
implications comparing efficiency in journeys that we will show it in section 6. 

2.3   Reticular Network 

This prototype network represents American cities’ drawing and is illustrated in fig-
ure 1B. Analogically to radial network, it is made up by two axes that divide the city. 
These axes do not cross the city centre (CBD) but feed two avenues that drive around 
the first and second city squares. The aim of these two avenues is to distribute the 
vehicular flow into the secondary roads. Secondary two-way roads, every 500 metres 
with north-south and east-west direction, complement the former basic structure. A 
node represents every intersection. Under this configuration and considering a net-
work extension of 25 km2, 121 nodes and 824 arcs were obtained in a 354 kilometres 
net’s length. 

3   Modelling Demand 

Travels’ spatial distribution was made considering the existence of an attractive geo-
metrical centre (historical centre or CBD). Attraction and / or emission of travels were 
fading as the edge was reached. The travel’s pattern previously described represents 
cities typically centralised, in which diversity, quality and quantity of goods and ser-
vices are more concentrated in downtown area while the periphery is used as residen-
tial area. 
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Fig. 1. The macro zones and the prototype networks: (A) Circular Network, (B) Grid network 

3.1   Users 

A homogeneous population was assumed with respect to its socio-economic charac-
teristics and all the evaluations were done in travel time terms to use them as a com-
parative measure. Consequently, in the static model approach (see section 4.1), it was 
not necessary to define a value of time (VOT). Even though, due to dynamic model’s 
considerations (see section 4.1) it was necessary to define the following parameters: 
VOT α = 1USD / hour; the unit cost parameter for late arrival γ = 2.5 USD / hour; the 
unit cost parameter for early arrival β = 0.8 USD / hour; and the flexible arrival period 
(not penalised arrival time) ∆ = 10 minutes. All these parameters are medium values 
of normal distribution (see details in [13]). Additionally, a uniform distribution of 
desired arrivals was considered. Unitary cost parameters was described considering 
wages and time in absolute terms to emergent countries and in relative terms to obtain 
relations empirically (e.g. [14], [15], [16]). These values were lightly modified to 
reach an important users’ concentration in the rush hour. We only consider work-
home travels due to their regularity and importance, measured by the sum of journeys. 

3.2   Trip Generation and Distribution Models 

To obtain a centralised travel’s spatial distribution, an enclosed exponential distribu-
tion model was used: 
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In this equation tti,j, represents the travel time from i zone to j zone in minutes; ttp 
shows the maximum travel time on foot expressed in minutes, that people are willing 
to spend by going to destination in minutes; Vij are the travels made from i zone to j 
zone (travels /peak hour). Finally µk is a model’s parameter in minutes. Equation 1 
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lets us know the travel’s distribution to each zone whenever user’s travel time is 
greater than bearable time on foot by the inhabitants of the selected zone (normally 5 
minutes). To value the accessibility as well as zone attraction, services, equipment, 
facilities and commercial centres were considered to represent the city centralism. 
Finally, µ parameter was adjusted to the travel’s frequency to be minimum compared 
to the user's total travel time, as if it was equal to the travel time from CBD to an 
outer point of the network. In this way two different coefficients were used to repre-
sent both behaviour of outer inhabitants and drivers from centre to suburbs. The rea-
son for this separation is justified because central inhabitants have few reasons? To 
moving to get high quality services and goods, and suburbs inhabitants are used to 
move into downtown to get high quality services and goods.  

3.3   Results 

The previous model’s adjustment sets the possibility of knowing the total amount of 
travels within a peak hour. In this way, an origin-destination matrix was obtained. The 
matrix consisting of 8,700 elements represents 151,819 trips. Table 1 shows spatial 
distribution in the five macro zones described before. Generated travels from/to net-
work's centre (CBD) were divided in two parts, being the closest CBDa and a ring 
CBDb. From Table 1, it can be verified that more than 40% of the total amount of 
travels have CBD as destination, while internal travels to CBD represent about 9% of 
the total; and generated travels from CBD reach a 16%. Travels among macro zones, 
excluding CBD reach only 42% of the total.  

Table 1. O/D matrix agregated by macro zones 

Mzone CBD-a CBD-b NE SE SW NW Total 
CBD-a 0 2252 2812 2508 1259 2246 11077 
CBD-b 3165 7636 3221 4966 3313 4946 27248 

NE 3576 6433 9750 5006 102 4014 28882 
SE 10030 9951 4996 9401 4548 439 39366 
SW 5032 6622 102 4545 9649 4087 30035 
NW 3827 4136 542 204 3068 3435 15211 

Total 25630 37031 21423 26630 21940 19166 151819 

4   Supply and Demand Equilibrium 
The essential difference among the dynamic and static simulation approach is located 
in the hypothesis of users’ behaviour which determines the transportation system 
equilibrium. In the static model the individual characteristics of mobility are fixed in 
the period of analysis (origin-destination or o/d matrix, departure time and traffic 
conditions). In the dynamic model, the user faces every moment an alternatives set: 
make travel or not, departure time choice, transportation mode choice, itinerary 
choice, etc. In this way, the modelling demand in our static approach is define as 
aggregated and uses almost exclusively physical notions while the dynamic one is 
individual or disaggregated and it is based on micro-economical notions of the user’s 
behaviour.  
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4.1   The Static Approach Equilibrium 

The equilibrium principle of this approach is based mainly on the traffic macroscopic 
theory (e.g. [2], [17], [18]) and on the fundamental relationship (e.g. [19] reformu-
lated in [20]), in which the travel time is bounded by the speed-flow relation by 
means of a delay function. This function measures the performance of each road sec-
tion according to their saturation level. It is the base on which the users, or a group of 
users, choose their itinerary (sequence in the use of links), in an interactive way and 
according to search criterion. The stationary state or equilibrium supply-demand is 
reached when “the journey times in all used routes are equal or less than those which 
would be experienced by a single vehicle on any unused route” (Wardrop’s first prin-
ciple or optimum individual [19]), or “when the travel times are the minimum for the 
all the users” (Wardrop’s second principle or optimum social). There is a series of 
variants for the two types of equilibrium mentioned, as well as diverse algorithms that 
permit to reach them. For more details see for example [2] or [3]. 

4.2   The Dynamic Approach Equilibrium 

The dynamic approach, proposed initially by Vickrey [8], is based on the model of 
individual election of departure time: the users choose among avoiding the congestion 
setting off before or after its usual time or to reach its destination at the desired time 
but with a more extended time of journey (time of the journey elapsed in longer time 
of journey). In this way, for any displacement, the individuals support a generalized 
cost C that depends on: the departure time (td), the effective travel time (tt), the de-
sired arrival time (t*) and a flexible arrival period (∆) which supposes a null cost, due 
to a not penalty, for the user (cf. equation 2). Under these premises, we have three 
cases related to the arrival time (ta): early arrival (ta<t*), late arrival (ta > t*) and 
arrival on time (ta = t*). Generalized cost function is given by: 
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In the previous equations, (α) is the value of the time, (β) is the unit cost parameter 
for early arrival, (γ) is the unit cost parameter for late arrival. From both theoretical 
(see [8]) and empirical (see [21] or de [22]) points of view, the costs due to the early 
or late arrivals (schedule delay cost) can result on half of the general cost of the jour-
ney. In this way, the static focus does not permit to determine an important part of the 
total travel cost (see also Table 3). Underestimation of this cost is important since this 
variable is determining in the analysis of the modal distribution or in the calculation 
of the benefits induced by TDM. The model previously described represents the heart 
of the dynamic focus and its complement for the consideration of the adaptive aspect 
of the users. The last one is characterized by a learning process that leads the system 
into a stationary state (see [13]). In a transportation system, conformed by N hetero-
geneous users with its preferences of election and with its VOT (journey, early and 
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late arrival), there will be a distribution in the schedules of arrival that, combined to 
the duration of each one of the trips, implies that travelers use the network at the same 
time causing congestion and that the users will incur in an excessive transportation 
costs (due to incomplete information about traffic conditions). Nevertheless, as the 
time goes by, such costs will tend to be reduced and the user will adapt its habits of 
displacement (alternatives of election). Finally, the system tends to be stabilized once 
the users minimize its generalized costs of transportation: At the equilibrium, no 
driver can modify her/his departure time in order to strictly decrease the travel cost 
(Wardrop’s first principle applied to dynamic approach). It’s important to mention 
that the election models for departure time, way of transportation, itinerary are dis-
crete choice model (e.g. [23]) correspond to the simulation of stochastic processes for 
which the stationary state of the system is achieved after an important number of 
interactions (see [16]). 

5   Scenerii Design 

According to the centralized structure of the trips’ spatial distribution (see figure 1), it 
is expected that the greatest problems of congestion are in the central macro-zone 
called CBD. From the purpose to improve the circulation in this zone, TDM measures 
are used to describe a variety of auxiliary actions to reduce or to modify the intensity 
of displacement [7]. TDM concept has got success since the 70’s. It’s due to the mo-
bility increment and its advantage is that the employed measures do not generally 
require an increase in the capacity of the infrastructure. Globally, the demand in the 
systems of transportation surpasses the diagnosed limits in the statements of its ser-
vices and the public authorities responsible for this management, are not willing or do 
not have the financial requirements to improve, to adapt, or to build the required in-
frastructure. The policies based on TDM are an answer to the problems originated by 
the increase of urban congestion, since these intend to diminish it through the applica-
tion of flexible measures that do not require large investments. 

The management of demand in transportation involves different measures, among 
the following: internalize congestion costs, electronic toll, shared trips, access inter-
diction to CBD, rearrangement of circulation ways, etc. In this paper, we take into 
account only the two last measures mentioned above. The main objectives of these 
measures, in the medium term, are [24]:  

To modify the travellers’ behaviour: the most common objective is to reduce the 
number of trips, as well as to change the users’ attitude in order to use another trans-
portation mode or a different schedule to reduce the traffic concentration periods to 
get a better demand distribution throughout the day.  

To diminish environmental damages: the construction and transportation services 
operation is always going to cause environmental impact such as air pollution at local 
(ozone, CO, suspended particles, etc.) and global level (weather changes, conse-
quences caused by ozone), noise and water contamination.  

To diminish the dependence of the car: the easy access to a specific place implies a 
commercial and housing development. Because of it, the measures of management of 
demand intend to reduce this damage based on urban design that diminish the de-
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pendence toward the individual use of vehicles, and besides, they help the cyclists and 
pedestrian circulation. 

To increase the security of the trip: if the number of trips is reduced, possibly the 
number of accidents, collisions, damage to vehicles, fatalities, injuries and emergency 
calls can be reduced too. 

In the next subsection, we describe the analysed measures based in TDM. It is im-
portant to mention that different TDM measures were added on the base case in order 
to evaluate additive effects. 

5.1   The Base Case 

It represents the “current traffic conditions” in the network corresponding to the sup-
ply and demand characteristics described before (see section 2 and 3). From the pur-
pose to establish a comparative framework among both networks prototype and 
among the measures implemented, the system’s performance was analyzed “without 
congestion” (SC) that comes to represent the minimum travel time for the origin-
destination matrix described synthetically in table 1. In a way, to fixed demand, any 
TDM policies implemented will not be able to obtain better levels of performance 
with this situation (see tables 3, 4 and 5). 

5.2   Scenery 1 

The main measure of this Scenery consists in providing a pedestrian zone in the first 
square/ring of the city centre. This zone is close to the car circulation. As mentioned 
before (section 2), the structure of the networks and the travel demand induced high 
levels of traffic in the CBD (see section 6). To compensate the loss of capacity that 
implies the prohibition mentioned, we proceeded to eliminate the public parking in 
the streets around the mentioned first square/ ring. This measure allows gaining an 
additional lane to car circulation. We considered that other actions were implemented 
to increase circulation speed too. These actions mean an increase of 5km/h the speed. 

5.3   Scenery 2 

In this case, we include supplementary (additional) measures for the Scenery 1. They 
vary according to the kind of network. In the reticular network, the street ways for the 
first square of the city were changed in a one-way clockwise circulation while the 
public street parking in the second square was restricted to gain an additional lane. 
Thus, same improvements were carried out to increase the circulation speed in 5km/h. 
In the circular network they only improved the conditions of circulation in the second 
peripheral ring enlarging its capacity in a lane and the circulation speed in 5km/h. 
These measures come from a series of simulations using software based on the static 
approach EMME2 [25]. The results showed by this software indicate that the average 
travel time through was lowered in comparison to the current situation (base case) in 
both networks. 
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5.4   Scenery 3 

In this Scenery, our research focused towards circulation way changes that contrib-
uted to alternative itineraries to the users who travel towards the center of the city. In 
the reticular network and based on the modifications of Scenery 2, two unidirectional 
parallel group lanes were implemented. The first one runs in North-South and south-
north direction and the second one runs in East-West and West-East direction. Each 
one of the unidirectional parallel group lanes doubled its capacity according to the 
number of lanes due to the fact that the parking restriction was not established. For 
the circular network, the first peripheral ring was considered as unidirectional. Hence, 
three lanes were obtained ready to circulation.  

5.5   Scenery 4 

Additional measures were included in this case to improve the circulation conditions 
of Scenery 3. In the reticular network the unidirectional parallel group lanes lengths 
were reduced being limited to the second square of the city. In the circular network, 
changes of direction in the road sections, that feed the periphery of the first square, 
were made. Four sections were modified to become one-way with the consequent 
duplicity of the circulation lanes.  

6   Results 

Due to the fact that the results obtained by both simulation approaches are comparable 
in terms of travel time only, this criterion was used for the first level of analysis. The 
results obtained for the benefits spatial distribution for sceneries considered are com-
mented in a brief way (for a detailed description see [26]). The second level of analy-
sis is exclusive of the dynamic focus and refers to the measures of effectiveness 
(MOEs). These measures are used to analyse transportation system’s performance. 

6.1   Spatial Distribution of Benefits (Static Model) 

Although the measures of management implemented contribute, in general terms, to 
decrease the travel time, it is necessary to determine in what zones the population 
obtains the circulation improvements. We introduce two levels of analysis to evaluate 
effects induced by measures in sceneries considered from static approach point of 
view. The first one concerns the spatial distribution of effects (how benefits for each 
zone are different). The second one is related with the magnitude of effects (how 
many the total travel time is reduced). A summary of comparative analysis is de-
scribed in the next lines: 

In the reticular network the users of the external zones obtain the greatest benefits 
in travel time reduction terms, while for those who arrive or leave the CBD, the travel 
time increases. The results are valid for all the analyzed sceneries.  

There is an almost homogeneous benefits distribution in the circular network about 
the reduction/increase of the travel time, even for the scenery that contributes the 
most to the reduction of travel time (Scenery 2). The highest benefits are for the users 
that enter/leave the city center (CBD).  
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In a non-congestion situation, the travel time is, in general terms, upper in the re-
ticular network. Only in the relations NE-SE and NE-CBD this situation is reverted. 

The justification of the mentioned results and the detailed analysis of other distri-
bution conditions are described in [26]. 

6.2   Measures of Effectiveness 

In dynamic approach, the simulations were carried out using the METROPOLIS soft-
ware [10] which produces aggregated MOE’s from aggregation of individual data. 
Due to the extension of this work, all the results related to the costs (schedule delay 
cost and individual travel costs) will be omitted. However, the next variables will be 
used: the average travel time, the total average travel cost, the congestion level, the 
average vehicles-kilometer, and the average number of links used by motorist. 

6.3   Comparing Approaches 

The table 2 provides information of the travel time for each prototype and to each 
modeling approach. Taking into account the total travel time as the criterion for elec-
tion of the measures to implement, it is known that:  

The modelling approach does not end up to the same conclusions. In the static ap-
proach we need to improve total travel time with extra flexible measures whereas in 
the dynamic approach the additional measures only give marginal improvements 
(reticular network) and can even increase the travel time (circular network).  

The relation among the induced improvements, in terms of travel time, in the reticular 
and circular networks is independent of the simulation approach when the actions on 
the network are equivalent. This conclusion is verified by the relation: average travel 
time in the reticular network against that in the circular network represented in the 
column “RET/CIRC” of table 2, since for scenery SC, BC, 1 and 2 have values of 
around 1.06. Sceneries 3 and 4 differ completely from each one of the networks (see 
section 5). That is why the measures implemented are not equivalent. 

Table 2. Results by simulation approach based on total average travel time comparison 

Scen. STATIC APPROACH DYNAMIC APPROACH STAT/DYN 
 Circr Grid G/C Circ Grid G/C Circ Grid 

NC 5.06 5.35 1.06 5.00 5.28 1.06 1.03 1.03 
BC 8.13 8.56 1.05 6.35 6.87 1.08 1.28 1.25 

1 8.50 8.90 1.05 6.72 7.02 1.05 1.27 1.27 
2 8.04 8.51 1.06 6.40 6.86 1.07 1.26 1.24 
3 9.04 10.21 1.13 8.80 8.28 0.94 1.03 1.23 
4 9.40 10.18 1.08 6.98 7.71 1.10 1.35 1.32 

6.4   Additivity of Effects 

In terms of travel time, the implemented measures do not always induce positive ef-
fects; the aforesaid effects vary according to the modelling approach that is being 
used. Table 2 shows that, for scenery 2 and according to the static approach, the addi-
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tional measures improve the conditions of circulation with regard to the “current 
situation” and to the situation where traffic circulation in the CBD was prohibited. 
Therefore, the positive effects are added. It is not established in sceneries 3 and 4, 
whose measures worsen the conditions obtained in scenery 1. In the dynamic ap-
proach, the additional measures do not contribute to neither beneficial nor additional 
effects.  
For the dynamic approach, the MOE’s are not always directed on the additivity of 
effects. In the table 3, it can be observed that, except for a cell, the MOE’s values are 
over the “current situation” (base case), this shows that any taken measure will come 
to worsen the circulation conditions. On the other hand, the minimum values of the 
indicators for each network do not always belong to specific scenery. This justifies 
the need to employ a ranking alysis to make hierarchical the TDM measures. 

Table 3. MOE’s for dynamic approach where results were normalized to “current situation” 
values 

 GRID RET 
Scen. Time Cost Congest Veh-km Time Cost Congest Veh-km 

 [min] [$] [%]  [min] [$] [%]  
1 1.02 1.09 1.18 1.00 1.06 1.03 1.22 0.99 
2 1.00 1.07 1.23 0.98 1.01 1.00 1.13 0.98 
3 1.20 1.25 1.50 1.19 1.39 1.24 2.58 1.10 
4 1.12 1.18 1.12 1.17 1.10 1.06 1.05 1.09 

6.5   Scenery Ranking 

There is some information about the multicriteria analysis in tables 4 and 5 applied to 
the circular and reticular networks respectively. In order to obtain the final note of 
sceneries considered, the value of a specific MOE was normalized in respect of their 
average value in the analysed scenery. Subsequently normalized value was affected 
by a K factor. Finally, these values were added up, so that the minimum value belongs 
to the best alternative. The mentioned tables permit to verify that none of the scener-
ies obtains a better rang than the present situation. Only scenery 2 presents the closest 
testing to the present situation, for both the reticular and the circular networks. It 
could be said that the two simulation approach match in indicating that scenery 2 is 
the one with the most “benefits”. 

Table 4. Ranking scenarii for the grid network (dynamic approach) 

GRID Time Cost Congest Veh-km Narcs Ranking 
Scen. [min] [$] [%]    

K 5 4 3 2 1  
Average 7.00 2.58 20.7 0.41 5.99 15.0 

NC 5.28 2.31 0.0 0.36 5.38 10.0 
BC 6.87 2.36 20.6 0.39 5.76 14.4 
1 7.02 2.57 24.3 0.39 5.79 15.4 
2 6.86 2.52 25.3 0.38 5.67 15.3 
3 8.28 2.94 30.9 0.46 6.73 18.4 
4 7.71 2.77 23.06 0.46 6.62 16.5 
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Table 5. Ranking scenarii for the circular network (dynamic approach) 

GRID Time Cost Congest Veh-km Narcs Ranking 
Scen. [min] [$] [%]    

K 5 4 3 2 1  
Average 7.00 2.58 20.7 0.41 5.99 15.0 

NC 5.28 2.31 0.0 0.36 5.38 10.0 
BC 6.87 2.36 20.6 0.39 5.76 14.4 
1 7.02 2.57 24.3 0.39 5.79 15.4 
2 6.86 2.52 25.3 0.38 5.67 15.3 
3 8.28 2.94 30.9 0.46 6.73 18.4 
4 7.71 2.77 23.06 0.46 6.62 16.5 

7   Final Comments 

The results obtained allow showing that, to spatial distribution of continuous trips, the 
effects induced by the TDM depend so much on: the network configuration, the 
evaluation criterion chosen and the simulation approach used. In the static model 
case, it is clear that the access interdiction of motorists to the city center have to be 
compensated by other measures. In the dynamic model case, the preceding idea is not 
verified in reference to the type of measures proposed. Nevertheless, the effects of 
other flexible measures, such as fixing a toll on fuel or the implementation of flexible 
arrival schedules, are topics to explore. There are some other non-analyzed alterna-
tives: 

The spatial distribution patterns of trips. In our analysis, we considered a fixed vol-
ume and trip spatial distribution. Nevertheless, it is necessary to evaluate whether the 
described conclusions are still valid for other levels of demand (consequently differ-
ent infrastructure’s saturation levels) and another kind of spatial distributions. 

Spatial distribution of effects. The comparative analysis of the induced effects by 
sceneries analysed was based on the addition of the total travel time. However, the 
distribution of these effects in each zone and the definition of criteria that allows 
gathering together this kind of considerations, have not been analyzed in testing bene-
fits as an alternative.  

Evaluation of effects on a multimodal system. The O/D matrix considered corresponds 
only to the trips in private cars. In a more realistic case, we need include alternative 
transportation modes. This would modify aforementioned conclusions. Thus, it is 
recommended to include, in further analysis, multimodal transportation networks. 

Situation for each individual. Differing from the static one, the dynamic focus allows 
knowing, individually or in a separated way, a wide variety of performance rates that 
inform about the measurements used and that affect all kind of users. Therefore, an 
analysis of this kind, would allow defining measurements according to the needs of 
all people. 

All the aforementioned represents a fascinating field of investigation which will be 
explored in future works. 
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Université de Reims Champagne Ardenne, CreSTIC
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Abstract. Transport problems are generally rather complex. The num-
ber of temporal, material, social and economic constraints makes it dif-
ficult to solved it both in theory (the problem is NP-complet) and in
practice.
This paper presents a pick-up and delivery transportation problem with
time window and heterogeneous fleet of vehicles. Its objective is to pro-
vide an efficient schedule for drivers and the best service for users with
the lower cost. This paper will explain the methodology used to compute
and optimise the driver schedule. The goal is to assign more than eight
hundreds fares to about forty drivers using thirty vehicles.

Constraints programming approach makes it possible to treat instan-
taneously the local insertion of one journey in an optimised way. This
local insertion was simply solved by an engine of constraints resolution
in 1996 [MS88]. In addition, this method allows also the local insertion
of several transports which was used to implement a total optimization
of the schedule as a multitude of local displacements of few transports.
This method becomes too slow when it moves more and more transport
to improve quality of the solution. In this paper, a parallel solution, based
on PVM, is introduced and some interesting results are provided. It is
now possible to manage the collaboration of independent optimization
engines working with different parameters. Experimentally, this robust
solution is most of the time able to provide the best known sequential
result.

Keywords: On-request transport, collaboration engine, Parallelization,
optimization, constraint programming, vehicle routing, pick-up and de-
livery, time windows, heterogeneous fleet, cartography, PVM.

1 Introduction

Transport and mobility by road or by train play an important part in modern
life. That is why the social integration of people with reduced mobility cannot
be efficient without a complete mobility in the city. The G.I.H.P. is a non-profit
organisation which manages the public service of transport inside a district for
people with reduced mobility.

T. Böhme et al. (Eds.): IICS 2004, LNCS 3473, pp. 266–275, 2006.
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Everyday, this association has to treat requests of users by phone. Each
request has to be rejected or approved in real time, while the user is holding on
the line. Users can change their transport up to the day before the transport in
the afternoon. The first functionality is to treat requests on a real time basis.

The aim of this study is to planning routes for buses and establishing daily
working schedule for drivers.

It is not so simple to treat such a transport considering each compatibility
between users and vehicles with or without special equipment, between users and
drivers who can or not carry the user in staircases. The resolution of a single
insertion was resolved in 1996 [ACDK96] using a representation by constraints of
the problem and thanks to a constraints resolution engine called NCL [Zho98a].
This method of resolution will be described in the first part of this paper.

The second part of the problem consists in optimizing a whole schedule to
treat more transports if some of them have been rejected by the system but
accepted by the operator and to use fewer drivers. The implementation of the
optimization was made to be close to the insertion method and use the insertion
itself. This method seems to be efficient and produce good results for years. In
fact, this method makes local optimization using displacements and exchanges of
transport between drivers. Such an optimization can be finished after six hours
so it is possible to launch the processes only during the night and not before the
edition of the mission sheets for drivers at 6pm.

The idea to speed-up the optimization processes by exploiting low-used com-
puters came few years ago. In this paper, the parallel method using PVM will
be introduced and the experimental results will be discussed.

The paper is organised as follows: in the next section, the vehicule routing
problem is described. Some backgrounds are given and the main characteristics
of the specific routing problem studied in this paper are discussed. Next, the
principles of the sequential optimization are exhibited. Section 4 is dedicated
to the parallel optimization: the mechanism of collaboration between the agents
and the different heuristics used are presented. We, then, comment the results
obtained by the experimental analysis which show that the parallel solution is
interesting. Finally, the paper ends up by some concluding remarks and future
works.

2 Vehicle Routing Resolution

2.1 Backgrounds

A vehicle routing problem occurs when several vehicles can be used to tread an
amount of requests at different places. Vehicles can be cars, planes, trucks, or a
man. The request can be rather complex. To resolve the problem, you need to
affect a vehicle to each request, respecting capacity, time, cost and some other
constraints. It is quite natural to try to resolve such problems using constraint
programming which allow to describe the problem easily [Ros00][BPK01]. Each
variable has a finite domain, each constrain involves variables, and the resolution
method is well known [BC94][Pro93].
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Other types of methods to resolve vehicle routing problem are constructive.
Those methods, are part of meta-heuristics [Hol75][OL96] and are more and
more used to resolve optimization problems. Ant Colony system [DG97b] is one
of them. A lot of agents are building a solution for the problem and the best can
share its solution with the others to influence them. After several generations
and with special controls, the optimised solution is found [DPST03].

To reduce the execution time, parallel implementation of meta-heuristics has
been proposed and proved efficient in pratice [BHPT98][CMRR01].

2.2 Description of the Problem

The G.I.H.P. is a non-profit organisation which manages public transport inside
an urban district for people with reduced mobility. The project to build an
optimization tool takes place in the middle of the nineties while the amount
of transport was growing up and was tricky to be treated manually. At the
beginning, the goal was to insert one transport in an existing schedule. Each
insertion is made by minimising its cost in an optimal way without modifying
the current planning. To answer instantaneously the user who telephones to
reserve a transport, the operation of insertion must be very fast. In order to
insert a transport correctly, a certain number of parameters and constraints
must be respected; the system must also consider a whole day to manage legal
duration of work for drivers.

Drivers and Vehicles. There are two types of resources to manage; the drivers
and the vehicles.

Maximum working time and duration for drivers are set to respect the social
legislation and agreement. A driver can work in one, two or three parts during
the day. Between each part, the driver has a break at a specified address. Each
driver can have a special cost for the first transport of the part and next a cost
for every hour of work. That is useful to give a kind of priority to each driver
but to use expansive drivers not only for one ride. Drivers must also respect the
transport legislation and the system automatically manages total driving time
for each of them.

A vehicle is available for the whole day or can be unavailable for a while to
have it serviced or repaired. Some of them must be used more than others. Each
vehicle has several configurations which describe the number of seats, number of
places for wheelchair or folding chair. The modification from a configuration to
one other can sometimes need consequent handling in the depot. There is also
a compatibility relation between vehicles and drivers due to different driving
licences or big vehicles.

Geographical Data and Requests. The geographical data is an important
point for the vehicle routing resolution. It consists in a black box that gives us
the outdistance between two addresses (which is not very important element in
the cost evaluation) and the journey time between them at the specified time of
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the specified day. This geographical engine can really evaluate journey duration
differently whether if it takes place either during night or midday. The evaluation
is made using data from cartography and some speed matrix which has different
values during the day.

Requests have a lot of properties. Each request has a pick-up and a deposit
address, a pick-up and a deposit time window, the duration of those operations,
a vehicle compatibility list (some users require special equipment) and a driver
compatibility list (some users need to be helped by one or two strapping drivers).
A request explains how many seats or wheelchairs it needs. Other information
precise if the user can stay alone in the vehicle, if the driver has to leave the
vehicle for his pick-up, for his deposit. The user can also be transported directly
or with a special duration in place of the time calculated by the default function
depending of the direct trip duration. A request can also represent a group of
basic requests. This complex definition will be detailed later.

Pick-up and deposit times are defined in a very flexible way. They are, in
fact, time windows of about twenty minutes. This theoretical time window is
the reference given to the user. The inference engine can use this period of time
to group users together and to optimize the global schedule. An other constraint
imposes to drop wheelchair users in a reversed order than their pick-up. Each
day, more than 800 fares are assigned to about forty drivers using thirty vehicles.

3 Actual Optimization Process

In this section, the solution used in practice by the G.I.H.P. is introduced. The
constraint programming approach is used both for the local and the global op-
timization.

3.1 Model of the Insertion Problem

Constraint programming contains two points, the constraint model and the
search strategy. As explained in [DKZ98a], only a good model can make an
efficient search strategy. Driver scheduling and vehicle despatching are seen as
two independent problems. Each compatibility, each cost and each dependence
is represented as a constraint. The inference engine contained in the scheduling
engine is NCL.

NCL combines Boolean logic, integer constraints and set reasoning over fi-
nite domains. Concerning its syntax, NCL fully adopts mathematical notations
and provides literate-style solutions. Compared to some other modelling lan-
guages, one of NCL’s features is: Though NCL handles several data types such
as Boolean, integer, set, index, array, tuple and reference, there is no need to
separate data from a problem model. Concerning constraint handling capability,
logical and meta controls such as quantification, search strategy, logical switch,
multi-criteria optimization, and meta expression are introduced in a natural and
flexible fashion [Zho98b] [Zho98a].

NCL is available at http://www.loria.fr/∼zhou/ziran.html
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Our optimization engine uses the natural constraint propagation engine to
resolve the problem. It instanciates first the different constraints for drivers and
vehicles, adds the constraints for each already scheduled journeys and finally
adds the constraints for the new journey. The constraint propagation engine is
launched to find a good solution which satisfies all the constraints. If one solution
is found, the system tries to find a better solution. The cost of the global schedule
is a self modifiable constraint; the search strategy tries to find a solution with
a lower cost than the current one. If a new solution is found, it becomes the
current solution and its cost, the new current cost.

3.2 Global Optimization Using Insertion Abilities

The main capability of the scheduling engine is to add several transports in
a schedule. This ability is also used for the optimization of an existing sched-
ule. Regularly or during the night, the optimization occurs. One round of opti-
mization is a large set of micro-optimizations. A micro-optimization proceeds in
unscheduling few transports (three to five) and adding them together into the
schedule with the standard insertion method. By this way, we hope we could find
a better place for each of them. In the worst case, those transports will find their
initial place. When all the journeys of the day are treated, if the new schedule
has lower cost than the previous one, an other optimization round can be exe-
cuted. According to the parameters, a whole optimization can take from two to
fifteen rounds, and from five minutes to five hours. The value of the parameters
has a huge influence on the quality of the solution and on the execution time.

The first parameter, called size, is the number of transport which will be
rescheduled together. The more this parameter is important, the more the re-
search tree will be big; what makes increase the execution time considerably.
When the inserted request is composed of a group of journeys, the exploration
mechanism becomes very long. The number of possible affections between
drivers, vehicle and rides is exponential. This is the main limitation of the op-
timization method. This parameter is usually set to 1,2,3 or 4 to avoid too
consuming time optimizations.

The second parameter is the step between two micro-optimization selections.
This parameter must be set between one and size. This parameter means that

Fig. 1. Size and Step of micro-optimization
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two consecutive micro-optimizations will have (size-step) common rides. Fig-
ure 1 illustrates two modes of selection, the first uses a micro-optimization with
3 transports and a step of 1. The other uses a micro-optimization with 3 trans-
ports and a step of 3. A combination of step and size is enough to create an
optimization parameter. This method was first implemented because it was easy
to set and gives good results; the quality is very dependent of the parameters
used.

During our experimentations of the sequential method, a large set of values
for the parameters was tested using ten typical example days. Given that the
best solution was never generated with the same set of values for the parameters.
This is the reason why the best result is memorized as a reference. Two sets of
values are also studied as real optimization parameters since they are used in
real condition (in the company). The first one is called express optimization and
the second one is thorough optimization, see table 1. The express optimization
has a very small size. The thorough optimization has a bigger size and a small
step. Initially, journey were treated using a chronological order because it was
the best method to have the chance to select close requests which are potentially
group able, mixable or exchangeable.

4 A Collaborative Method to Parallelise
the Sequential Optimization

The main defect of the initial optimization method is that we must try a lot of
parameters to get a good result and it takes a long time. The principle of the
parallel resolution is to make collaborated several optimization engines which
use each one a different strategy. We are now able to try several strategies on
the same time.

The global optimization is parallelised using the message passing paradigm:
one agent which is running on one computer can share information and data
with other agents on other or same computer directly with sending the data by
message to the addressing agent. This parallel tool can work either on windows,
linux, unix or big shared-memory multi-processors computers simultaneously. To
manage the exchanges between the agents, PVM has been considered [GBD+94].
A client/server scheme is used to make the collaboration between the agents
effective: in particular, the manager is in charge of the management of the best
known solution.

In concrete terms, as the reader can see it on Figure 2, several agents can load
or share their current solutions to the manager which deals the solutions and the
strategies. An agent can load dynamically a new strategy (step=3) or can share
its computed solution with the manager (solution cost=22). The manager can
decide if the new solution given by the agent is better or not than the current
solution. It can also decide to ask one agent its solution or to give it the new
current best solution. When the manager detects stagnation of the solution cost
and when no other strategy can be used, it decides that the parallel optimization
is finished.
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Agent 1 Agent 2
Manager

initinit

Result 22

Result 25

Result 20

ExitExit

Go on

Go on

step=3

Fig. 2. The collaborative method with two agents

4.1 The Different Heuristics

Different parallel heuristics have been tested. All of them are time-oriented,
it means that journeys to be re-scheduled together are chosen thanks to their
theoretical begin time. In this paper, heuristics are based on the four parameters:
size, step, the first journey selected to begin the optimization and the time
orientation. Three interesting heuristics are summarized in the following.

1. Three agents are beginning to select journeys at various moment
of the day. Agents are using the same step and size parameters. The first
is beginning to select the first journey of the day, the second is beginning at
one third of the day and the last agent is beginning at two third of the day.

2. Four agents are working either with chronological way or in the
other way. Agents are using the same step and size parameters. The first
is beginning to select the first journey of the day; the second is beginning at
half of the day. They are both selecting the rides chronologically. The third
and the fourth agents are selecting fares in the other way and beginning at
the end or at the middle of the day.

3. Different step and size values. Three agents are using size parameter of
3, 4 and 5. Step value is either equal to one or the value of the size.
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4.2 Experimental Analysis

We will compare 10 parallel strategies to the sequetial reference results in term
of speed-up and efficiency. For more stability in the results, the experimentations
were conducted several times on a parallel computer1.

The table below shows average values for ten experimentations. For each ex-
perimentation, the parallel heuristic and the parameters used is detailed. Each
experimentation’s result is compared to the express and the thorough methods
which are used everyday in the company, and to the best known parameters,
which we introduce in section 3.2. The value represent the efficiency of the par-
allel version compared to the 3 sequential versions. And important element is
the speed-up between the best known solution and the parallel execution.

Table 1. Experimental results

Efficiency of the parallel
Try Heuristic Size:Step version compared to (%) speed-up

best express thorough

1 1 3 :3 91,83 101,30 99,57 3,03
2 1 3 :1 93,09 103,00 101,10 2,24
3 1 4 :4 96,09 106,98 104,29 1,70
4 1 4 :1 95,42 106,01 103,42 2,05

5 2 3 :3 97,99 108,62 106,35 2,20

6 2 3 :1 94,30 104,44 102,25 1,39
7 2 4 :4 97,53 108,68 105,91 1,53
8 2 5 :5 98,31 109,12 106,61 0,92
9 2 5 :1 103,31 115,02 112,13 0,28
10 3 3 :3 ;5 :5 102,83 116,73 111,72 0,80

The reader can clearly see that parallel optimization gives good results which
are very closed to the best known solution almost always better than the solu-
tions given by the express and thorough methods. In the same time, time profit
is significant.

For example, the most interesting strategy (number 5) uses the second heuris-
tic with a size of 3 and a step of 3. Its results are very closed to the best known
results (97,99%) and the time profit is very good (220,70%).

5 Conclusion and Future Works

The aim was to resolve the schedule construction for forty drivers. Each day, eight
hundreds on-request journeys are added to the schedule. Originally, the scheduler
engine was able to make local insertions of a ride in an existing schedule. The
insertion was optimized without modifying existing schedule while managing
1 The parallel computer of the University of Reims Champagne-Ardenne is a Sunfire

6800 (SMP 24 x UltraSparc III @900MHz, 24 Go of memory).
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every parameter. A first optimization method is used since 2001 to improve the
quality of the schedule but the quality of the solution depend on the parameters
that are used.

Thanks to the parallel optimization, the scheduler staff does not need to
try three or four basic optimizations with different values of the parameters to
obtain a good solution. With this parallel method, the result is very close to the
best result they could hope and the compute time is light. Robustness is the
main benefit of this method which is running since summer 2004. An other key
advantage of the parallel solution is the time execution which allows the staff to
use it not only during the night, but also during the day.

The next part of the study will be the implementation of a constructive
method like Ant Colonies Systems [Hol75][DG97a] to make the optimization
more efficient and melt it with other meta-heuristics [OL96].
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Abstract. This paper presents the conceptual development of an innovative 
modelling framework for the transit assignment problem, structured in a multi-
agent way and inspired by a learning-based approach. The proposed framework 
is based on representing passengers and both their learning and decision-
making activities explicitly. The underlying hypothesis is that individual pas-
sengers are expected to adjust their behaviour (i.e. trip choices) according to 
their knowledge and experience with the transit system performance, and this 
decision-making process is based on a “mental model” of the transit network 
conditions. The proposed framework, with different specifications, is capable of 
representing current practices. The framework, once implemented, can be bene-
ficial in many respects. When connected with urban transportation models – 
such as ILUTE – the effect of different land use policies, which change passen-
ger demand, on the transit system performance can be evaluated and assessed. 

1   Introduction 
The problem of predicting passenger loads and levels of services on a given transit 
network that consists of a set of fixed lines is known as the Transit Assignment Prob-
lem (TAP), which is an important topic of public transport system analysis. Transit 
assignment models are widely used as an important planning tool at the strategic and 
operational levels. They are, therefore, a critical component of multimodal network 
models of urban transportation systems. Important decisions concerning investment in 
public transport infrastructure or services are normally supported by evaluation meth-
odologies based on transit assignment models. 

Assignment procedures, in general, form the core of any comprehensive transporta-
tion model. By modeling passengers’ travel behaviour on their journey from origins to 
destinations, such procedures distribute a given travel demand on a network and at-
tempt to model the interaction between the travel demand and the network supply. 
Not only does this help determine traffic volumes in roads and transit lines, but it also 
reflects the service quality of the transport network. The main differences between the 
various transit assignment models are the hypotheses made, either explicitly or im-
plicitly, on the user’s behaviour when faced with route choice decisions. As such, any 
transit assignment model includes, at its core, a path choice model that describes the 
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behaviour of transit riders with regards to their choices of transit stops and routes to 
travel between trip origins and destinations.  

Currently, mircosimulations, which allow one to model dynamically individual ob-
jects, make it possible to couple the behavioural demand generation models with 
plausible traffic dynamics allowing for logically consistent feedback. This paper pre-
sents the conceptual development of an innovative modeling framework for the transit 
assignment problem, structured in a multi-agent way and inspired by a learning-based 
approach. In the framework, it is recognized that individual passengers decide on their 
travel choices (e.g. departure time, origin/destination transit stops, route choice) for a 
transit trip on consecutive days; this decision-making process is based on the passen-
ger’s experience of the transit system performance.  

2   The Transit Assignment Problem 
Assignment procedures, in general, attempt to predict traveler flows and levels of 
services on a given transport network. Although much attention has been given to 
auto-traffic assignment models, it is well addressed in the literature that the transit 
assignment process is more complicated than auto-traffic assignment [1, 2]. This 
complexity is due to: 
• Parallel lines, with the same or different frequencies are common features of pub-

lic transport networks. In addition, how to assign weights to out-of-vehicle time 
versus in-vehicle time is not a straightforward task. 

• While car drivers may depart at any time and free to choose a route which appears 
convenient to them, transit riders are strongly restricted by the line network and 
the timetable. 

• Transfers and waiting times are significant factors for the transit assignment proc-
ess. Some passengers may prefer routes with minimum number of transfers, while 
others minimize their in-vehicle travel time. 

• In addition to that transit passengers may need to transfer, they are also faced with 
connection problems, which encompass temporal constraints such as departure 
and arrival times at all chosen stops.  

• Different sub-modes and the transit mode-chain add more complexity. Not only 
may different sub-modes have different levels of services, but they may also be 
perceived differently among passengers. 

• Choices in public transport networks are often dependent, as the choice of the next 
line at a terminal depends on the preceding choice. 

• The public transport network structure is very complicated, and the assumption 
that each passenger is aware of all feasible routes may not be feasible. 

Therefore, it has always been a practice to develop special assignment procedures 
for the transit assignment problem rather than applying variations of traffic assign-
ment algorithms.  

2.1   The Current State-of-Art 

In the early stages of development, only heuristic algorithms were proposed to solve 
the TAP, where many of them represent simple modifications of road network as-
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signment procedures; e.g. the all-or-nothing assignment. Prior to the early 1980s, 
several authors had dealt with the TAP, either as a separate problem or as a subprob-
lem of more complex models. Some important examples of procedures and algo-
rithms proposed to solve the TAP are by Dial [3], Le Clercq [4], Chriqui [5], 
Chapleau [6], Andreasson [7], and Rapp et al. [8]. Scheele [9], Mandle [10], and Has-
selstrom [11], on the other hand, considered the TAP in the context of transit network 
design models, while Florian [12] and Florian and Spiess [13] dealt with multimodal 
network equilibrium. One serious limitation of the aforementioned procedures, how-
ever, was neglecting congestion effects over the transit system. Last and Leak [14] 
was the only exception. Nonetheless, their procedure is only appropriate for very 
special radial networks, which renders the algorithm practically inapplicable to real-
world applications [15]. 

The first mathematical formulation for the TAP was proposed by Spiess [16] and 
Spiess and Florian [17]. Based on the assumption that passengers minimize “general-
ized travel times”, they proposed a linear programming model and a solution algo-
rithm for the TAP. They assume that passengers face ‘strategies’ rather than simple 
paths to make their origin-destination trips over a transit network. De Cea [18] and De 
Cea and Fernandez [19], later, formulated another linear programming model of the 
transit assignment, based on the concepts of “common lines” and “transit routes”, 
inspired by early contributions of Le Clercq [4] and Chriqui [5]. Both mathematical 
models assume flow independent travel and waiting times, and hence do not consider 
congestion effects.  

The next development phase of TAP procedures considered the congestion effects, 
which is known as the Transit Equilibrium Assignment Problem (TEAP). Many mod-
els have been developed to consider this phenomenon, such as De Cea and Fernandez 
[20]. These models define passenger-flow-dependent generalized cost functions and 
transit riders behave according to Wardrop’s first principle [21]. Recognizing the 
potential differences between passengers’ preferences, different stochastic user equi-
librium transit assignment models have been proposed, such as Nielsen [1] and Lam 
et al. [22]. Recently, and accounting for the dynamics and the complex structure of 
the transit network, dynamic transit assignment models have been developed (such as 
[23] and [24]); most notably the schedule-based transit assignment model [25].  

Although some improvements were made to incorporate congestion effects on pas-
senger waiting time and behaviour, there still are some major limitations that question 
the applicability of the existing models.  

2.2   Limitations of Existing Models 

Most of the previously developed models have, either explicitly or implicitly, bound-
ing assumptions that sometimes limit their applicability and/or question the results to 
be realistic. For instance, some of these assumptions are necessary to speed up the 
solution algorithm to a reasonable running time, such as the assumption that waiting 
times at boarding stops or at transfer stops depend only on the headway of the follow-
ing transit line [2]. While it speeds up computation, it fails to consider the coordina-
tion of the timetables, an important feature of the transit network.  

Some assume that vehicles always operate on schedule [23, 24], a critical assump-
tion that is always not applicable to congested transit (and transport) networks. Most 
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of the models assume that all passengers are subject to the same weights in their deci-
sion-making process on route choice. This sometimes is interpreted that all passengers 
can access the same or have full information about the system (e.g. through user trav-
eler information system). This is not usually true, as passengers might still choose 
different routes for the same OD pair according to their different preferences and 
perceptions of waiting times, walking times, in-vehicle times and transfer penalty.  

Some assumptions may be violated by the dynamic nature of the transit-transport 
network. For instance, it is often assumed that taking over between transit vehicles is 
not allowed [23]. A typical situation where slow lines depart just before fast lines 
reveals a possible violation. The unlimited capacity assumption has unrealistic conse-
quences: some lines might be loaded with passengers much beyond the actual capac-
ity while other lines serving the same OD pair are greatly underutilized [22]. Rather 
than assuming that transit vehicles have unlimited capacity, it has been assumed that 
all transit vehicles have a fixed capacity [24]. Again, a typical real-sized transit net-
work may operate different vehicle capacities.  

The transit assignment process has many choice dimensions, such as departure 
time choice, origin/destination stop choices, transfer stop(s) choices and route choice. 
Normally, only one or two dimensions have been considered in previous modeling 
efforts, e.g. only route choice is considered in Poon et al. [24].  

The strategy-based approach [17] is usually criticized for the bias towards over-
assigning riders to lines with high combined frequency of transit services and under-
assigning riders to those with low combined frequency of services. In addition, with 
the introduction of Intelligent Transportation Systems (ITS) and Advanced Public 
Transport Systems (APTS) that provide pre-trip/en-route information, certain seg-
ments of the network and many transit riders may not comply with the behavioural 
assumptions of the model. Moreover, low frequency transit lines may not be assigned 
as a travel option at all. This procedure does not explicitly calculate transfer times but 
rather assumes that they depend on the headway. In other words, the coordination of 
the timetable is not considered.  

The schedule-based approach [25], which uses a “diachronic” graph to represent 
the transit network, also has some drawbacks. The diachronic graph does not repre-
sent congestion effects on travel times, unless the graph’s structure itself depends on 
the flow pattern, which will add more complexity. This is important to mention, as the 
supply variations (i.e. transit system performance) need to be modeled appropriately. 
The complexity of the assignment process increases more than linearly with the tran-
sit line frequencies, because this implies the growth of graph’s dimensions. When 
schedule-based procedures use a shortest path algorithm, they unfortunately have two 
more weaknesses [2]:  
• They may require long computing time. To determine all connections with a 

shortest path algorithm, it is necessary to perform a search for each possible depar-
ture time at the origin stop within the examined time interval. Since acceptable 
computing time may only be achieved through a significant reduction in departure 
times, this approach will usually fail to find all connections. 

• They may not find all relevant connections. In some networks, even a connection 
which departs earlier and arrives later than an alternative connection may be at-
tractive for some passengers; e.g. if it is cheaper or requires fewer transfers. 
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In order to address some of the above limitations, we propose in the next section a 
general multi-agent learning-based modeling framework for the transit assignment 
problem, using methods from Artificial Intelligence (AI), microsimulation and Geo-
graphical Information Systems (GIS). 

3   A General Multi-agent Framework 
The need for a new modeling framework for the transit assignment problem is in-
creasing. While current models try to capture congestion effects, they do not explic-
itly deal with: 
• The effect of travel time uncertainty on departure time choice. In other words, 

current transit assignment models do not consider the change in departure time as 
a response to congestion. 

• Formal models of knowledge and cognition. It is important to analyze how depar-
ture time and other trip choices take place in daily decision-making, which makes 
up the transit congestion settings. Without explicitly representing how new ex-
periences are integrated in a passenger’s cognitive model, it would be hard to pre-
dict passenger’s reactions. 

Transit assignment is a process of interactions between individual passengers and 
transit services. These interactions are in both directions: the execution of route 
choices leads to congestion, yet the expectation of congestion influences choices; and 
such interactions cannot be overlooked. In reality, this logical deadlock is typically 
approached through a feedback mechanism, usually represented by a learning process 
[26]. While the task of any transit assignment procedure is to find ‘acceptable’ routes 
for each passenger, defining ‘acceptable’ often leads to the assumption that passen-
gers employ user equilibrium (UE) principles. Nonetheless, the UE formulation pre-
sents the mathematical construct of such an assumption, not necessarily the solution 
to the original transit assignment problem. A different methodology to approach the 
original problem is using learning algorithms, in which passengers search for better 
routes based on some kind of historic information. It is arguable that learning algo-
rithms do not guarantee a UE solution. One can, however, assume that learning algo-
rithms converge to a fixed point (if every thing is deterministic) or go towards a 
steady-state density (for stochastic systems if they are Markovian) [26]. 

In the proposed framework, the underlying assumption is that individual passen-
gers decide about their choices (departure time, origin/destination stops, trans-
fer/connection stops) for a trip on consecutive days and this decision process is based 
on a “mental model1” of the transit network conditions. For a given day d, each pas-
senger has a perception of the transit network conditions as stored in his mental 
model. This perception is built up over time through experience with the transit sys-
tem. For day d, a set of choices are made by each individual passenger (e.g. departure 
time choice and route choice), with the aim to realize a Desired Arrival Time (DAT) 
at the destination. 

Each passenger has an action space – a joint set of feasible network paths and de-
parture times for a transit trip. The passenger’s action space will possibly be devel-
                                                           
1  Similar to the concept provided in Ettema et al. [27], for the dynamic traffic assignment 

problem  
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oped based on transit stops near trip origin and destination, maximum acceptable 
number of transfers and timetable information. The outcome of individuals’ choices 
constructs a stochastic process that has to be simulated using a microsimulation 
model. The specification of the stochastic process largely depends on the interaction 
between different individuals as well as the transit network performance. The mi-
crosimulation model then returns new experience information (e.g. in-vehicle travel 
time and waiting time) for each individual, which is used to update the mental model 
for the next day (d +1) decision process.  

The multi-agent framework structure is presented in Figure (1). The framework 
shows six agents that can be classified into two categories: Active Agents including a 
GIS-Agent, a Passenger-Agent and a Microsimulation-Agent; and Assistant Agents 
including a Feeder-Agent, a Loader-Agent and a Feedback-Agent. Active agents usu-
ally support the decision making process. For example, the GIS-agent decides on the 
catchment area (i.e. available/accessible transit stops) for a Passenger-agent. Assistant 
agents facilitate the interaction between active agents. For instance, the loader-agent 
dynamically establishes connections between passenger-agents and the microsimula-
tion-agent.  

The microsimulation-agent is essential to the framework, as services in a transit 
network are time-dependent. Although there may be pre-defined schedule, transit 
service performance differs by the time of day and the day of week. Therefore, the 
optimal path from an origin to a destination also varies by the time of day and among 
days. In order for passenger-agents to experience these variations, a microsimulation 
representation of the transit network is important. Representing passengers as agents 
is critical to account for the differences not only in passengers’ preferences but also 
passengers’ learning and adaptation mechanisms. Due to the complicated topology of 
the transit network, the GIS-agent appears necessary. Complicated structure, such as 
one stop serving multiple lines and asymmetry in minimal-time paths between the 
same OD pair, is easily handled using powerful capabilities currently available within 
GIS packages. Individuals are linked to the transit network simulator to create a simu-
lation system in which both individual decision-making process and system perform-
ance (and interactions between both) are adequately represented. 

The learning-based approach works as follows. For a given day, the feeder-agent is 
responsible for handling the input process. The inputs to the framework can be 
through user interface in the form of an OD trip matrix for the transit mode, or the 
framework can be integrated with a larger trip-based (or emerging activity-based) 
urban transportation model that provides the OD transit mode matrix. For each pas-
senger-agent, the GIS-agent communicates to the feeder-agent the catchment area 
(available/accessible transit stops) and expected access/egress walking times to/from 
origin/destination transit stops. The outcome of this interaction is a set of possible 
combinations of departure time and route choices for each passenger-agent – i.e. ac-
tion space. Each passenger-agent has a planner component that is responsible for 
selecting only one combination that reflects that passenger-agent’s preferences and is 
based on the mental model of previous experiences. This results in a stochastic proc-
ess of different choices for individual passengers; therefore the loader-agent’s task is 
to communicate dynamically passenger-agents’ choices to the microsimulation-agent. 
Then, the microsimulation-agent handles the dynamics of the transportation network 
according to the passengers’ choices and provides experienced measurements for  
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Fig. 1. A General Multi-Agent Transit Assignment Model 
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individual passengers. Afterwards, the feedback-agent is responsible for updating 
each passenger-agent’s memory, according to every passenger’s learning mechanism. 
The whole process repeats for many days.  

In principle, this stochastic process should be simulated over multiple runs in se-
quence, each representing a day, and the decision-making process of an individual 
passenger should be traced over time. While this sounds simple in principle, it is dif-
ficult to implement. Another challenge is that useful results are attainable only with a 
deep understanding of the learning mechanism. On the one hand, assuming UE condi-
tions has the advantage of describing the state of the system, without really caring 
how the computational system arrives at it. On the other hand, it is increasingly rec-
ognized that socio-economic (e.g. transportation) systems do not necessarily operate 
at a user equilibrium point [26, 28]. 

Compared with the stochastic user equilibrium approach, the passenger-agent ap-
proach seems to be more robust. In the stochastic UE approach, there is some external 
module that calculates the utility of all options for each passenger and then makes a 
random weighted draw between these options (e.g. discrete choice theory). When not 
all options have been previously tried out, the external module needs to make 
assumptions about the option’s performance. This might lead to inconsistencies [26]. 
Agents collect information about their environment as they interact with it, and use it 
to develop anticipatory models of the environment. The decision process arises from 
an adaptive learning process driven by the agent’s desire to maximize some payoff 
through its actions over time. The proposed approach is well suited to test and evalu-
ate a broad range of policies that consider, for example, situations with pre-trip and/or 
en-route information being available to users. For instance, en-route choices occur at 
stops and are relative to the decision to board a particular run or to wait for another 
run of the attractive set. The choice of boarding stops is considered to be made before 
starting the trip, since it is not influenced by unknown events. The agent-based repre-
sentation allows for different passenger types to be accommodated, for example fre-
quent users (who travel frequently and know routes and scheduled timetables, as well 
as real system functionality based on previous experience, fully-informed users) and 
occasional users (who sometimes use transit services, so they only know some line 
routes, the most important routes and their scheduled timetable, but no information 
about the real system functionality, ill-informed users). 

In the proposed framework, it is assumed that trip generation and mode choice are 
constant, and that learning and adaptation takes place only with respect to the transit 
assignment choice dimensions (departure time choice, origin/destination stops 
choices, route choice). Therefore, passenger-agents should well represent the popula-
tion not only in preferences such as DAT and value of travel and waiting times, but 
also in cognitive parameters such as speed of learning and learning strategies.  

It is recognized that the proposed framework may be challenging to implement. 
However, there is always an unavoidable trade-off between simplicity and elegance 
on the one hand, and accuracy on the other. Where real life applications are impor-
tant, as in transportation systems, the accuracy is much more important if the con-
tributions of the research are judged with regard to their relevance to real-world 
systems [28].  
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4   The Passenger-Agent 

The proposed framework is based on representing passengers and both their learning 
and decision-making activities explicitly. The underlying hypothesis is that individual 
passengers are expected to adjust their behaviour (i.e. trip choices) according to their 
experience with the system and the information provided to them. Individual passen-
gers base their daily travel decisions on the accumulated experience gathered from 
repetitively traveling through the transit network on consecutive days and the infor-
mation they receive on the day of the trip through, for instance, traveler information 
systems. It is important to note that all transit passengers may have full knowledge 
about the transit system (through ITS, APTS), but they might still use different routes 
for the same OD pair according to their preferences.  

Building on this, it is concluded that without explicit proper representation of how 
new experiences are integrated in a passenger’s cognitive system, it would be hard to 
predict passenger’s reaction to the experience with the transit system. Therefore, indi-
vidual behaviour should be modeled as a cyclic process of repetitively making deci-
sions and updating the perception, according to a learning process. Every passenger 
has a memory, where he stores previous experiences, and it reflects the passenger’s 
perception (i.e. knowledge) about the transit network conditions. At the end of day d, 
the passenger’s memory is updated with the new experience; the updating process is 
governed by a learning mechanism. The updated passenger’s memory, coupled with 
his decision-making component, is the base for trip decisions at day d+1. The deci-
sion-making component directs trip decisions to reflect the passenger’s preferences 
(e.g. more preference towards less number of transfers).  

It is well established in psychology sciences that alternatives are generated after 
heuristic search in a solution space, evaluated according to designated criteria, then 
selected and implemented [28]. The practice has always been to use the random utility 
choice theory, from the microeconomic field. There are, however, two critical issues 
about using random utility theory: 
• The definition of utility is not clear; which leads to this circular situation: A per-

son chooses an alternative X over Y because s/he prefers it; X is preferred over Y 
because the person chooses it [29]. Apart from curve fitting to hypothetical vari-
ables that lack theoretical foundation and may have logical meanings, the utility 
definition is still vague. 

• By specifying some variables that are believed to affect choices, it is usually as-
sumed that persons have the information about these variables or have the ability 
to correctly predict their values. In a situation of incomplete information (or even 
misinformed person), the previous assumption should be relaxed. 

In the agent-based framework, there is an underlying assumption that each passen-
ger decides on his travel choices rather than an external utility function that decides 
for all passengers. The benefit is believed to be twofold. First, while it may yield the 
same results when sensitivity coefficients attached to the different components of the 
generalized cost function are randomly generated from a known density function, it 
gives the flexibility to represent different population characteristics that may not fol-
low a certain distribution. The current practice is to use the error term in the utility 
function to account for the differences between individuals; this requires some as-
sumptions which are usually not satisfied in the transit assignment problem (e.g. the 
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independence of alternative choices). Second, the assumption, that all individuals are 
optimizers and they want to maximize their utility, may not hold for the whole popu-
lation. Optimizers as well as acceptors (and others) behaviour should be represented. 
Moreover, representing different types of passengers, such as frequent users who have 
full knowledge about the system and occasional users who have little or no informa-
tion about the system, is now possible.  

The passenger-agent representation means that passengers are treated as agents, 
who have a memory of previously tried strategies and their respective performance. In 
general, they choose the strategy with an ‘acceptable’ performance according to des-
ignated criteria, but from time to time they re-try one of the other strategies just to 
check if its performance is still unchanged. For example, other individual choices to 
not travel on a specific route may turn this route ‘acceptable’ for another passenger. 
Meanwhile, new strategies may be generated and added to the memory.  

4.1   The Learning Process 

It should be mentioned that the generalized cost of the transit trip is what the passen-
ger learning and adaptation is about. Trip generation and mode choice are assumed to 
be constant. The generalized transit trip cost usually consists of four components (a) 
in-vehicle time (b) waiting time (c) penalty of transfer (d) access/egress walking time. 
The in-vehicle time represents the time spent during the whole trip in a transit run (or 
sequence of runs). The waiting time consists of three sub-components: waiting time at 
the origin stop, waiting time at the transfer stop(s), and hidden waiting time where 
passengers arrive too early/late (i.e. schedule delay) at the destination [1]. The transfer 
penalty may consist of a fixed cost for making a transfer and a variable cost for the 
number of transfers. The access/egress walking times depend on the choice of the 
origin/destination stops, and accordingly will affect the route choice (and the transfer 
choice as well).  

By weighting the trip generalized cost function components, it is permissible for an 
acceptable path to be slower than others in real time provided that it is more attractive in 
other aspects, such as less number of transfers. With optimizer behaviour, passengers 
are assumed to travel on a path with a minimum generalized cost; while with satisfying 
behaviour, passengers are assumed to select the first path that satisfies certain criteria. A 
certain path with specific values for the four generalized cost components may be per-
ceived differently by different passengers due to different preferences.  

The proposed approach assumes that passenger-agents have the ability to make 
predictions about the transportation network conditions, which have been gained 
through past experience. Passengers interpret each new experience in the context of 
previous knowledge to assess whether behaviour should be adjusted. The day-to-day 
evolution of attributes that make up the generalized cost function, hence, can be ex-
plicitly considered through a learning process. It is also assumed that passengers base 
their perception on the events stored in memory. Individuals will not store informa-
tion for all possible conditions, but only distinguish between conditions of states that 
are significantly different in terms of outcome of the event. In other words, passengers 
classify their experience to differentiate between travel conditions for which expecta-
tions of generalized cost function is relatively comparable. In this context, different 
learning mechanisms can be implemented and tested.  
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The learning process is concerned with the complete specification of the generalized 
cost function components, according to which passengers consider their choices on day 
d. This requires explicit treatment of how experience and information about those com-
ponents on previous days influence the choice on the current day. The proposed ap-
proach assumes that learning occurs both with the evolution of within-day and the evo-
lution of day-to-day. The generalized cost function has some fixed components that do 
not change from day-to-day or within-day, such as the number of transfers for a certain 
path; no learning is required for these components. Some components change due to 
within-day dynamics; these attributes are direct functions of service features, such as 
waiting time and comfort levels. Passenger-agents learn how to estimate these compo-
nents, or, in the case of available ITS and ATIS, this information is supplied by the 
system. Other components, which passenger-agents should learn about, include in-
vehicle time and transfer time – the learning process involves the estimation of such 
components. It is important to mention that the existence of ITS or ATIS will not re-
place the learning process, since information supplied by the system does not totally 
overwrite passengers’ memory. Passengers consider new information in the context of 
past experience; they base their perception on the events stored in memory. Hickman 
and Wilson [30] developed a framework to evaluate path choices in public transit sys-
tems where passengers receive information in real time regarding projected in-vehicle 
travel times. They reached the conclusion, based on a case study corridor at the Massa-
chusetts Bay Transportation Authority (MBTA), that real time information yields only 
very modest improvements in passenger service measures (e.g. origin-destination travel 
times). This reflects that passengers rely more on their expectations.  

4.2   The Planning Process 
Individual passengers are decision makers, who choose a departure time, an origin 
stop, a destination stop and a route between a given origin and a destination each day. 
As rational individuals, their aim is to maximize their perceived outcome of their trip 
by minimizing the generalized cost in relation to some DAT (e.g. work start time). 
The decision process is based on a cognitive system (i.e. mental model) of the gener-
alized cost of the transit trip, which is updated each day, after the outcome of the trip 
decision is known. The passengers’ knowledge of the transit network will have an 
effect on the decision making process; simply, unknown routes will not be tried. In 
this context, different levels of knowledge can be represented, such as frequent users 
and occasional users. Even when full information is assumed for all passengers, dif-
ferent passengers’ preferences will result in different evaluations for the ‘acceptable’ 
path for each passenger. 

The proposed path choice model considers the home departure time choice, the stop 
choice and the run (or sequence of runs) choice. The home departure time and stop 
choices are assumed to be at-home choices (i.e. pre-trip), in which passenger-agents 
consider available information obtained from previous days and the information avail-
able from the system (if applicable). The cost associated with a stop includes stop-
specific components, such as presence of shops, and components that represent the 
average cost associated with all runs available at this stop (i.e. effectiveness of a stop). 
Once a passenger-agent arrives at a stop, a specific run choice is considered an adaptive 
choice, in which, besides previous information, the passenger considers situations that 
occur during the trip, for example waiting time. The existence of information, through 
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ITS and APTS, will influence the passenger-agent adaptive choice behaviour at stops. It 
is important to mention that, because of the dynamic representation of the transportation 
network (i.e. a microsimulation model), the adaptive choice is relative not only to the 
transit line, as in static models, but also to the specific run of each line. In other words, 
the proposed approach considers the path choice as time-dependent.  

The mental model reflects the outcome of the new trip as well as the outcome of 
previous trips, all stored in memory. Each passenger has a memory, in which relevant 
aspects of previous trips are stored, but not all are retrievable. This may be because 
some experiences are too old or not considered as representative. Using the mental 
model and accessing resources in the memory, each passenger plans his transit trip 
decisions each day; i.e. a departure time, an origin stop, a destination stop and a route. 
There could be an assumption that there is no en-route replanning, so that passengers 
are committed to their plans for the whole trip duration; or they can have adaptive 
choice behaviour throughout the trip; for example, a passenger may have a master 
plan, and in case of difficulties pursuing it s/he switches to a backup plan. Where ITS 
and APTS exist, en-route re-planning can take place.  

The UE assumption considers that no passenger believes that he can improve his 
perceived trip utility with unilaterally action. This, in fact, means conducting a search 
process for all available paths and selecting the best one. Where a path has not been 
tried before, a utility value is to be assigned to that path, and it does not necessarily 
have to be consistent with the actual performance. The decision-making activity has a 
mechanism of selecting remembered plans that are stored in the memory. For each 
plan, there is a generalized cost value, which measures the plan performance. This 
also can be called the score of the plan, so that agents can compare scores of different 
plans stored in memory and choose based on the performance. The generalized func-
tion can include other performance criteria, which can be agent-specific in some cases 
to reflect different preferences between passengers. Other selecting mechanisms can 
be easily implemented. For example, a stress-based2 mechanism which reflects the 
reluctance of passengers to change their preferred routes (i.e. routes that have been 
used more frequently), even they are no longer the optimal ones, can be easily imple-
mented. In this way, one can test different policies that address the stress-threshold of 
passengers in order to promote different service characteristics or introducing new 
services (e.g. BRT systems). Also note that transit riders do not usually change their 
choices frequently, even after a bad experience. Each individual, therefore, may have 
an exploration period, during which the passenger does not change his transit option. 

The main idea is that it is never the case that passengers choosing among alterna-
tives are informed about probabilities of the outcomes. They normally support their 
own expectations about the outcomes in evaluating different alternatives, based on 
their previous experience. The existence of information about the expected perform-
ance of the transit system (e.g. ITS, APTS) will affect the passenger choices. This 
information, when provided to the passenger, can be interpreted as a recent experi-
ence, added to the memory, and then combined with previous experiences for the 
usage in the decision-making process. Planning requires that passengers can anticipate 
the consequences of their choices, presumably by developing an internal model of the 
environment through experience. 

                                                           
2  The idea of stress-based mechanism is illustrated in Salvini  [32] 
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5   The Microsimulation-Agent 

The microsimulation component is important for modeling transit system networks, in 
which both line service frequency and OD trip demand are time varying. The transit 
network is highly dynamic because service characteristics change constantly during 
the day and among days. Moreover, schedule coordination is essential for path finding 
within the transit network, and the optimal path is very sensitive to the time of the 
trip. Transit networks need to be treated dynamically, as active traversals and transfer 
nodes of the network are dynamic [31]. To capture the dynamics of the transit system, 
a time-dependent self-updated representation is needed, i.e. a microsimulation model. 

In previously developed approaches, all transfers between lines are described by 
timetables. Accordingly, different routes will be optimal based on given criteria dur-
ing the day, thus different assignment models can be used (usually called determinis-
tic time-dependent models). Current assignment models do not consider properly the 
interaction between transit vehicles and other general traffic sharing the same road, 
although transit vehicles are usually delayed by other general traffic. In principle, to 
describe these delays, auto and transit assignment models should interact at the link-
level. The argument that these delays are usually reflected by the timetables does not 
hold for long-term forecasting, where it might be easier to model delays instead of 
specifying in-vehicle time manually for each planned scenario [1].  

A typical dynamic problem with network graph representation instead of a mi-
crosimulation model is illustrated by this simple situation. When a passenger leaves a 
transit vehicle and arrives at a boarding link for a transfer, the network loading proc-
ess for this passenger has to be suspended at this moment in time until the movements 
of all other passengers have been simulated at least up to this moment, in order to 
calculate, for example, the correct dwell time at the current boarding link [24]. Such 
situation is likely to occur in any transit network. The difficulties in dealing with such 
dynamics in a network graph representation raise the need for microsimulation mod-
els as a potential candidate that it is structured to take care of this kind of dynamics.  

Other dynamics of the transit system include congestion effects and asymmetric in-
teractions between individual passengers. For a congested transit network with bottle-
necks, only a portion of passengers may get the first arriving vehicle at some sta-
tions/stops. The residual passengers will be served by the next coming vehicles or 
transfer to alternative routes. Hence, the passenger overload delay at a station/stop 
should be determined endogenously to the system. This can be done according to the 
equilibrium characteristics of the congested transit network, such as in Lam et al. 
[22]; this, however, is based on the equilibrium conditions that may not apply. The 
asymmetric interactions can be of two kinds [24]: 
• The costs of users in successive time periods influence each other: the cost of ar-

riving passengers at stops is influenced by earlier passengers boarding the transit 
vehicle, but not the reverse way. 

• The cost of boarding passengers is influenced by the number of passengers occu-
pying the transit vehicle, but not the reverse way. 

In addition to the aforementioned dynamics of the transit network, the current prac-
tice of using nominal frequencies to determine the set of attractive lines for a given 
pair of nodes is no longer correct. Nominal frequencies should be replaced by effec-
tive frequencies, which depend on the flows over the transit network. This means that 
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attractive transit links cannot be defined in advance. In other words, the trip assign-
ment process and defining attractive sets cannot be separated.  

The transit network is dynamic in nature, as available services of the network keep 
changing through time. In order to account for all the transit network dynamics, the 
microsimulation-agent is introduced. Simulation, in general, is an appropriate tool 
when analytical methods have little predictive power. Not only do microsimulation 
models describe the behaviour of individual decision makers, but they also capture the 
interaction between the system level and the individual level, due for instance to limi-
tations of system capacity. Interactions between individuals and with the system level 
affect the assignment process; for example, the trip duration is influenced by the oc-
currence of congestion that is determined by interaction between transit supply and 
decisions of other individuals to use the transit network at particular times on particu-
lar routes. The microsimulation-agent is expected to handle the transit network dy-
namics and asymmetric costs involved in the transit assignment process. 
Microsimulation models have recently been considered as an essential component in 
urban transportation planning models, such as ILUTE [33].  

6   The GIS-Agent 
The purpose of the GIS-agent is to store the geocoded data of transit trips (origin and 
destination of each trip), to define for each transit trip access/egress walking times 
between any trip origin/destination and a particular transit stop. It is also used to de-
fine the catchment area for individual passengers, in order to determine the avail-
able/accessible transit stops for each passenger-agent. The GIS-agent is essential to 
define for each passenger-agent the initial set of possible/eligible transit paths, where 
temporal and/or spatial constraints may apply (e.g. catchment area of 300 meters).  

Not only does the access walking time to an origin transit stop affect the route choice, 
but also the egress walking time and/or accessibility from the destination transit stop. 
While it has always been overlooked, the stop choice is very critical to the transit as-
signment process and may affect considerably the loads on all routes; changing a stop 
most probably results in changing the route (and hence the transfer connection).  

It is acknowledged that the topology of the transit network is very complex. In the 
transit network, one stop may serve multiple transit routes and many routes may be 
run on the same street. In addition, the minimal-time path in the transit network is not 
symmetric in terms of origin and destination pairs [34]. Recently, some transit appli-
cations have included a GIS model as an essential component to treat the complex 
nature of the transit network, with different public transport modes, lines and transfer 
points [31]. The GIS-agent is important to test and evaluate land-use policies, espe-
cially when spatial analysis is required. 

7   Assistant-Agents 
There are three assistant-agents: the feeder-agent, the loader-agent and the feedback-
agent. The purpose of the assistant-agents is to build modularity into the framework and 
separate the major three active-agents via ‘bridges’. These bridges enable all the combi-
nations of different technologies and/or architectures of the active-agents implementa-
tions. Besides, each assistant-agent has another task for the transit assignment process.  
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The feeder-agent is responsible for communicating either with users or other large-
scale land-use and transportation models for the input process. The feeder-agent holds 
information about passenger’s initial (or preferred) departure time and other constraints 
that may restrict departure time changes (these constraints can be agent-specific). In 
addition, the feeder-agent is the bridge between the GIS-agent and each passenger-agent 
to supply each passenger with a list of feasible plans for the transit trip. These plans are 
generated based on the available/accessible transit stops to that passenger supplied by 
the GIS and the preferred departure time obtained by the feeder-agent. This list can be 
supplied once, that contains all possible plans for a given trip origin-destination, or can 
be dynamically updated every time the departure time is changed.  

The chosen plans by different individual passengers are output to the microsimula-
tion-agent; this connection is made using the loader-agent. The loader-agent keeps 
track of each stop time-dependent demand and dynamically loads and establishes 
connections between passenger-agents and the microsimulation model. When the 
simulation is finished, its output is processed by the feedback-agent. The feedback-
agent is responsible for collecting information about each passenger’s trip cost com-
ponents (i.e. waiting times, in-vehicle times, transfer times3). It is also in charge of 
updating each passenger’s memory with the new experience according to every pas-
senger’s learning mechanism; this can be governed, for example by Reinforcement 
Learning principles [35]. 

8   Connectivity with Activity-Based Urban Transportation Models 
The evolution of travel demand modeling is now leading to the new activity-based 
models, as the core of the next generation of transportation forecasting models. This 
evolution has been driven by the need for greater sensitivity to policies that affect 
more than just the broad characteristics of urban form, and target the mechanisms that 
produce human travel behaviour. 

Transit assignment is a key component of activity-based land-use and transporta-
tion models. Activity-based microsimulation models require transit assignment mod-
els to be sensitive to dynamic variations in travel demand, and have the ability to 
provide feedback on average transit travel times in a way that is consistent with traffic 
congestion and service interruptions. Both requirements are included in the proposed 
multi-agent learning-based approach, by its very nature.  

The proposed framework structure is formulated in a way that is compatible with 
the recently developed activity-based models for urban transportation systems. The 
agent-based concept implemented here facilitates direct connectivity with agent-based 
activity-based urban transportation models, such as ILUTE [33]. Within ILUTE, each 
person is represented as a distinct entity that makes detailed travel plans in both time 
and space. With specific manipulation of the feeder-agent, passenger-agents can rep-
resent the same individuals modeled in the activity-based models that happen to 
choose transit as the primary mode of travel (and even borrow the same characteris-
tics to maintain consistency, such as waiting time preference) – see Figure (2). Be-
sides, the introduction of the GIS-based component allows for appropriate handling of 
spatial land-use issues that are difficult to be addressed by a transportation 
microsimulation model alone. 

                                                           
3  Access/egress walking times are assumed to be fixed and pre-determined by the GIS-agent 
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Fig. 2. Connectivity with Activity-Based Urban Transportation Model 
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By connecting with emerging activity-based microsimulation urban transportation 
models, the multi-agent learning-based approach becomes suitable for operational 
planning of transit services as well as for long-range strategic planning. It has usually 
been conceived that highly detailed, dynamic transit assignment models are not ade-
quate for strategic planning as they require precise input data for detailed network 
planning, which are not generally available for long future scenarios; or that precise 
forecasts are not necessary for strategic planning. ILUTE, for example as a mi-
crosimulation model for long-range transportation planning, is likely to be capable of 
providing inputs for long-range scenarios at a fairly accurate level of detail. 

9   Comments and Future Research 

The proposed multi-agent learning-based transit assignment approach could accom-
modate all the different views of the transit assignment problem, as well as tries to 
resolve many of the limitations of existing approaches. The framework, inspired by a 
learning-based approach, is able to represent different behavioural hypotheses, such 
as user equilibrium as well as others. It has been shown that learning and adaptation 
methodology is a powerful tool in modeling the dynamics in responses over time. The 
transportation system, in particular the transit system, is complicated, and given the 
systems’ path dependencies and the time-varying factors, system equilibrium is often 
not achieved. This represents a great challenge to equilibrium-based models. There-
fore, in the absence of explicit equilibrium conditions, a future state of the transporta-
tion system can only be estimated by explicitly tracing the evolutionary path of the 
system over time, beginning with current knowledge conditions [36]. The multi-
agent-based representation increases the possibility of emergent behaviour to be pre-
dicted, which is not hardwired into the model. 

As already indicated, the proposed multi-agent framework, with different 
specifications, is capable of representing current practices. For example, a simple 
network graph representation may replace the microsimulation model and acts as the 
microsimulation-agent. While this is not desirable for the previously mentioned 
reasons, this is still possible because of the modular approach.  

The proposed approach can simultaneously predict how passengers will choose 
their routes and estimate the total passenger travel cost in a congested network, as 
well as run loads on different transit routes. It results in a dynamic network manipula-
tion (through the microsimulation model), time-dependent trip choices, and a dynamic 
network loading procedure. The framework, once fully implemented, can be benefi-
cial in many respects. It can be used to model long-term planning activities (e.g. the 
introduction of BRT services), as well as short-term (temporary) planning activities 
(e.g. construction site scenario). It can be used to simulate the performance of an 
existing transit system operating on pre-announced schedules under variable passen-
ger demand conditions, or to evaluate the effects of changes in schedules, routes or 
passenger demand on the system performance. In cases of congested transit networks, 
it can be used to test different alternative methods of relieving congestion. New ser-
vices and modifications to existing service characteristics can be evaluated and as-
sessed under different passenger behavioural patterns. The model can also be used to 
evaluate the impact of different situations on the transit assignment process, even if 
they are not directly related to the transit service. It reflects the impacts of non-related 
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transit activities on the transit service conditions, and consequently passenger travel 
behaviour – e.g. construction site (temporary) impact on the transit assignment proc-
ess. When connected with urban transportation models – such as ILUTE – the effect 
of different land use policies, which change passenger demand, on the transit system 
performance can be evaluated and assessed.  

The proposed framework emphasises the importance of representing the supply 
side and the demand side simultaneously. The change of the transit service affects 
passenger’s travel behaviour, yet passenger’s travel behaviour affects the transit ser-
vice. When connected to trip-based (or activity-based) models, the model can be used 
to test the impact of the implementation of measures, such as new BRT systems, on 
mode choice. The multi-agent approach provides the most consistent way of combin-
ing traffic and transit in a simultaneous modeling framework; therefore it is able to 
represent the impact of roadway congestion on transit service and vice versa. This 
approach explicitly accounts for different preferences and characteristics of the transit 
population. By adding more factors to the transit option generalized cost function, one 
can model behavioural situations where, for example, passengers may walk a further 
distance to get a seat on the bus or may choose transit options with higher travel times 
to avoid overcrowding. These factors can be general such as comfort level or transit 
route reliability, or agent-specific such as preferences for stops with shopping malls.  

The proposed approach acknowledges the importance of maintaining explicit rep-
resentation of information available to passengers, so that it allows for explicit model-
ing and evaluations of operational impacts of investing in new technologies for trav-
eler information systems (e.g. ITS and APTS). It is also possible to analyze and 
evaluate different planning polices at the operational level, such as Transit Signal 
Priority (TSP) and control operation strategies that address reliability issues (e.g. 
holding policy), as well as at the strategic level, such as the introduction of a new 
BRT line or schedule changes.  

An operational prototype of the proposed modelling framework has been devel-
oped and tested. The purpose of this prototype is to demonstrate the feasibility and 
applicability of the new framework. A hypothetical transit network has been devel-
oped in the ParamicsTM microsimulation platform. A population of transit riders has 
been synthesized and the multi-agent learning-based algorithm has been coded. Rein-
forcement Learning principles are used to represent passenger’s adaptation and learn-
ing process – for more details, refer to Wahba and Shalaby [37]. The implementation 
of the prototype raised many issues that need to be addressed in future research, refer 
to Wahba [38] for a detailed discussion. The prototype is intended to reflect the pro-
posed structure with all connections, but possibly with simple implementation of sub-
components. In the near future, a full implementation, possibly using medium-size 
real transit system, will be conducted. 
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Abstract. Nowadays detailed and reliable information about current
and future traffic states is a crucial requirement not only for each modern
traffic control centre, but also for driver accessible traffic information
applications. In this work the novel traffic information system OLSIM
is presented that is based on three components. The first is a highly
realistic traffic flow model with which all vehicles in a large scale network
are simulated. The second component consists of efficient data processing
and forecast algorithms that form heuristics from a large database that is
fed every minute by traffic data of 4,000 inductive loop detectors across
the road network. The third is a graphical user interface which can be
accessed at www.autobahn.nrw.de. More than 200,000 users each day
indicate the importance of such a system.

1 Introduction

The vehicular traffic has risen in a dramatic manner, particularly in densely
populated regions. Whereas at first the autobahns could handle the traffic de-
mand easily, nowadays, the existing autobahn network has reached its capacity
limit. This is in particular true for the German state of North Rhine-Westphalia
with its large urban areas in the Rhine-Ruhr region (Dortmund, Essen, Duis-
burg, Düsseldorf) and around Cologne. The daily occurring traffic jams cause
significant economic and ecological damage, and an enlargemant of the exist-
ing network is usually not possible. The prognosis for the future paints an even
worse picture as the demand will increase further. New information systems and
traffic management concepts are thus truly needed. Therefore, we established
the advanced traffic information system OLSIM (OnLine Traffic SIMulation)
which gives the internet user the opportunity to get information about the cur-
rent traffic state, a 30, and a 60 minute prognosis of the autobahn traffic in
North Rhine-Westphalia. Our approach to generate the traffic state in the whole
autobahn network is to use locally measured traffic data, as the input into an
advanced cellular automaton traffic simulator. These measured data, which are
delivered minute by minute, are mainly provided by about 4,000 loop detectors
and include especially the number of vehicles and trucks passed, the average

T. Böhme et al. (Eds.): IICS 2004, LNCS 3473, pp. 296–306, 2006.
c© Springer-Verlag Berlin Heidelberg 2006



OLSIM: Inter-urban Traffic Information 297

speed of the passenger cars and trucks, and the occupancy, i.e., the sum of the
times a vehicle covers the loop detector. The simulator does not only deliver
information about the traffic states in regions not covered by measurement, but
also gives reasonable estimates for other valuable quantities like travel times for
routes, a quantity that is not directly accessible from the measurements of the
detectors. As a further improvement we combine the current traffic data and
heuristics of aggregated and classified traffic data to forecast the future traf-
fic state. In the first step we gave a short-term forecast for 30 minutes, which
was extended in the next step by a 60 minute prognosis. This information is
completed by the temporal and spatial road work and road closures. All these
valuable traffic information is integrated in a Java applet that can be accessed
by every internet user at www.autobahn.nrw.de.

2 Outline of the Traffic Information System OLSIM

The intention in developing the traffic information system OLSIM is to offer the
opportunity to inform the road user fast and efficient about the current and the
predictive traffic state. Therefore, the information mentioned above has to be
collected and prepared in a manner that is useful for the user. The general setup
of the traffic information system OLSIM is depicted in Fig. 1.

First of all the different kinds of data have to be collected. Especially, the
traffic data are stored in a database. These are sent from 4,000 loop detectors
to the central OLSIM server every minute. The same holds for the data of the
control states of about 1,800 variable message signs (VMS) that are located
across the network. Furthermore, the data of road works are sent from the traffic
centrals to OLSIM. The messages of short term construction areas are sent daily,
those of permanent construction areas every two weeks. The data include the
location and the duration of the construction area and an estimate whether the
construction area will cause a congestion or not.

Another data source are the so called RDS/TMC-messages. These messages
are information provided by the traffic warning service and include all kind of
warnings concerning the current traffic like traffic jams, accidents, road closures,
and reroutings. These data are sent to the OLSIM server immediately when they
are generated.

To generate a valid picture of the traffic state many kinds of data fusion
techniques are needed. First, the actual traffic data are integrated into the mi-
croscopic traffic simulator. Using it, every vehicle that is measured at any time
at one of the 4,000 loop detectors is directly fed into the simulation and virtually
moves on. In this way the point information of the loop detectors is merged into
a network wide traffic state. Such simulations are running for the current traffic
state, for the 30 minute, and for the 60 minute forecast. In contrast to the online
simulation, the forecasts are based on a combination of the actual traffic data
and heuristics that are frequently generated and stored in a second database.

These heuristic traffic patterns are aggregated data which are classified in
different days (work days, holidays, etc.) and secondary data like road construc-
tions, variable message signs, and special events.
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The second level of data fusion is done in the java applet at the website
www.autobahn.nrw.de. Traffic state, construction areas, and road closures are
integrated in one graphical user interface. Here each section is colored according
to its calculated traffic state. Moreover, the construction areas and the road
closures are marked in the map at their location. Their temporal parameters are
shown in the status bar. The user can easily choose between the current traffic
situation, the 30, and the 60 minute prognosis.

The microscopic traffic simulation, on which the core of the information sys-
tem is based, is focused on in the next section.

4,000
detecting
devices

1,800
variable

message
signs

RDS/TMC
messages

Short- and
long-term

construction
areas

Traffic database:
current data

Online simulation

30 minute forecast

60 minute forecast

Java applet

Road work and road closures

Traffic database:
heuristics

Traffic database:
secondary data

Fig. 1. The architecture of the traffic information system OLSIM

3 Simulation Model

The kernel of the online simulation is an advanced and highly realistic traffic
simulation model. Because the data is fed into the simulator and processed by it
every minute it has to be at least real-time. Due to their design cellular automata
models are very efficient in large-scale network simulations [1]. The first cellular
automaton model for traffic flow, that was able to reproduce some characteristics
of real traffic, like jam formation, was suggested by Nagel and Schreckenberg in
1992 [2]. Their model has been continuously refined in the last 10 years. The
model we implemented in our simulator uses smaller cells in comparison with
the original Nagel-Schreckenberg model, a slow-to-start rule, anticipation, and
brake lights. With these extensions the cellular automaton traffic model is able
to reproduce all empirically observed traffic states. Further, we use two classes
of different vehicles, passenger cars and trucks, where the trucks have a lower
maximum velocity and different lane changing rules.
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Smaller cells allow a more realistic acceleration and more speed bins. Cur-
rently an elementary cell size of 1.5 m is used, in contrast to the 7.5 m in the
original Nagel-Schreckenberg model. This corresponds to speed bins of 5.4 km/h
and an acceleration of 1.5 m/s2 (0−100 km/h in 19 s) which is of the same order
as the “comfortable” acceleration of about 1 m/s2. A vehicle occupies 2− 5 con-
secutive cells. By using velocity dependent randomization [3], realized through
the introduction of “slow-to-start rules”, meta stable traffic flows can be repro-
duced in the simulation, a phenomenon observed in empirical studies of real
traffic data [4]. The inclusion of anticipation and brake lights [5] in the modeling
leads to a more realistic driving, i.e., the cars no longer determine their velocity
solely in dependency of the distance to the next car in front, but also take regard
to its speed and whether it is reducing its speed or not.

There is only one global parameter in the Nagel-Schreckenberg model, the
probability constant (or dawdling parameter) p, and every vehicle, say vehicle n,
is completely determined by two parameters: its position xn(t) and its velocity
vn(t) ∈ {0, 1, ..., vmax} at time t. When the vehicle n decides in the time-step
t �→ t + 1 how fast it should drive, it does this by considering the distance
dn,m(t), i.e., the number of empty cells, to the next vehicle m in front. The
modifications mentioned above of the Nagel-Schreckenberg model imply that we
have to add few new parameters to the model. When the simulation algorithm
decides whether a vehicle n should brake or not, it does not only consider the
distance to the next vehicle m in front, but estimates how far the vehicle m
will move during this time-step (anticipation). Note, that the moves are done in
parallel, so the model remains free of collision. This leads to the effective gap

deff
n,m(t) := dn,m(t) + max(vmin

m (t) − dS , 0)

seen by vehicle n at time t. In this formula dS is a safety distance and

vmin
m (t) := min(dm,l(t), vm(t)) − 1,

is a lower bound of how far the vehicle m will move during this time-step. dm,l(t)
is the number of free cells between car m and car l in front of it. Brake lights
are further components of the anticipated driving. They allow drivers to react
to disturbances in front of them earlier by adjusting their speed. The variable
bn(t) = on if car n has its brake lights on and bn(t) = off if they are off.

Several empirical observations suggest that drivers react in a temporal- rather
than a spatial-horizon [7,8]. For this reason the velocity-dependent temporal
interaction horizon

tSn(t) := min(vn(t), h)

is introduced to the model. The constant h determines the temporal range of
interaction with the brake light bm(t) of the car m ahead. Car n does only react
to bm(t) if the time to reach the back of car m, assuming constant velocity
(vn = const .) and car m standing still, is less than tSn(t), i.e.,

thn,m(t) :=
dn,m(t)
vn(t)

< tSn(t) .
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The estimations for h vary from 6 s [7], 8 s [8], 9 s [9] to 11 s [10]. Another
estimation can be obtained from the analysis of the perception sight distance.
In [11] velocity-dependent perception sight distances are presented that, for ve-
locities up to 128 km/h, are larger than 9 s. Therefore h is set to 6 s as a lower
bound for the time headway [12].

The third modification of the Nagel-Schreckenberg model implemented in the
simulator is a velocity dependent randomization, which means that the probabil-
ity constant p is replaced with a probability function dependent on the velocity
of the vehicle. Further, the probability is also a function of the brake light of the
next vehicle in front. In every time-step for every vehicle n with vehicle m next
in front, the probability that the vehicle n brakes is

pn = p(vn(t), bm(t)) :=






pb, if bm(t) = on and thn,m(t) < tSn(t),
p0, if vn(t) = 0,
pd, default .

The parameter p0 tunes the upstream velocity of a wide moving jam and pd

controls the strength of the fluctuations.
With this parameter set the model is calibrated to the empirical data. The

best agreement can be achieved for ds = 7 cells, h = 6, pb = 0.96, p0 = 0.5, and
pd = 0.1. For a detailed analysis of the parameter set see [12]. To sum up, to
move the vehicles forward in the network the algorithm executes the following
steps in parallel for all vehicles n:
Move forward (drive):

• Step 0: Initialization:
For car n find the next car m in front.
Set pn := p(vn(t), bm(t)) and bn(t + 1) := off.

• Step 1: Acceleration:

vn(t +
1
3
) :=

{
vn(t), if bn(t) = on or (bm(t) = on and thn(t) < tSn(t)),
min(vn(t) + 1, vmax), default.

• Step 2: Braking:

vn(t +
2
3
) := min(vn(t +

1
3
), deff

n,m(t)).

Turn brake light on if appropriate:

if vn(t +
2
3
) < vn(t), then bn(t + 1) := on.

• Step 3: Randomization with probability pn:

vn(t + 1) :=
{

max(vn(t + 2
3 ) − 1, 0), with prob. pn,

vn(t + 2
3 ), default.
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Turn brake light on if appropriate:

if pn = pb and vn(t + 1) < vn(t + 2
3 ),

then bn(t + 1) := on.

• Step 4: Move (drive):

xn(t + 1) := xn(t) + vn(t + 1).

Free lane changes are needed so that vehicles can overtake slower driving
passenger cars and trucks. When designing rules for the free lane changes, one
should take care of that overtaking vehicles do not disturb the traffic on the
lane they use to overtake to much, and one has to take account of German
laws, which prohibit overtaking a vehicle to the left. Further, it is advantageous
to prohibit trucks to drive on the leftmost lane in the simulation, because a
truck overtaking another truck forces all vehicles on the left lane to reduce their
velocity and produces a deadlock that may not resolve for a long time.

One more variable is needed for the free lane changes, ln ∈ {left, right,
straight} notes if the vehicle n should change the lane during the actual time-step
or not. This variable is not needed if the lane changes are executed sequentially,
but we prefer a parallel update of the lane changes for all vehicles and that ren-
ders this variable necessary. For the left free lane changes the simulator executes
the following steps parallel for all vehicles n:
Overtake on the lane to the left:

• Step 0: Initialization:
For car n find the next car m in front on the same lane, next car s in front
on the lane left to car n, and the next car r behind car s. Set ln := straight.

• Step 1: Check lane change:

if bn(t) = off and dn,m(t) < vn(t)
and deff

n,s(t) ≥ vn(t) and dr,n(t) ≥ vr(t),
then set ln := left.

• Step 2: Do lane change:

if ln = left, then let car n change lane to the left.

The definition of the gaps deff
n,s(t) and dr,n(t) in the lane-change-blocks is

an obvious extensions of the above definition; one simply inserts a copy of the
car n on its left or right side. These overtake rules used by the simulator can
verbally be summed up as follows: first, a vehicle checks if it is hindered by the
predecessor on its own lane. Then it has to take into account the gap to the
successor and to the predecessor on the lane to the left. If the gaps allow a safe
change the vehicle moves to the left lane. For the right free lane changes the
simulator executes the following steps parallel for all vehicles n:
Return to a lane on the right:
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• Step 0: Initialization:
For car n find the next car m in front on the same lane, the next car s in front
on the lane right to car n, and the next car r behind car s. Set ln := straight.

• Step 1: Check lane change:

if bn(t) = off and thn,s(t) > 3 and (thn,m(t) > 6
or vn(t) > dn,m(t)) and dr,n(t) > vr(t),
then set ln := right.

• Step 2: Change lane:

if ln = right, then let car n change lane to the right.

Thus, a vehicle always returns to the right lane if there is no disadvantage in
regard to its velocity and if it does not hinder any other vehicle by doing so. It
should be noted, that it is not possible to first check for all lane changes to the
left and to the right and then perform them all in parallel without doing collision
detection and resolution. This would be necessary because there are autobahns
with three lanes and more. To overcome this difficulty, the lane changes to the
left, i.e., overtake, are given a higher priority than the lane changes to the right.
For a systematic approach to multi-lane traffic, i.e., lane-changing rules, see, for
example, [13]. For a detailed discussion of the different models see, e.g., [6] and
the references therein.

4 Implementation of the Topology

An important point in the design of a simulator is the representation of the road
network. Therefore, the network is divided into links. The main links connect the
junctions and highway intersections representing the carriageway. Each junction
and intersection consist of another link, like on/off-ramps or right/left-turn lanes.
The attributes of each link are the length, the number of lanes, a possible speed
limit, and the connecting links. In case of more than one connecting link, like
at off-ramps or highway intersections, there is also a turning probability for
each direction. The turning probability is calculated by taking into account the
measured traffic data. All these spatial and functional data was collected to build
a digital image of the topology of the whole network.

Another crucial information concerns the positions of the installed loop de-
tectors. They also have to be included in the digital map of the network. The
positions in the simulation are called checkpoints, and at these checkpoints the
simulation is adapted to the measured traffic flow of the loop detectors. Table
1 shows some design parameters of the network. North Rhine-Westphalia is ap-
proximately one fifth of whole of Germany with respect to many numbers, e.g.,
number of cars, inhabitants, length of the autobahn network, et cetera.
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Table 1. Design parameters of the North Rhine-Westphalian autobahn network

Area 34,000 km2

Inhabitants 18,000,000

On- and off-ramps 862
Intersections 72

Online loop detectors 4,000
Offline loop detectors 200

Number of links 3,698
Overall length 2,250 km

5 Traffic Data and Forecast

The simulation describes the dynamics in a network but lacks information about
the boundaries. Especially for forecasts, reasonable data has to be incorporated.
Many approaches to predict traffic states have been investigated in the past,
such as Box Jenkins techniques [14], heuristics [15,16], neural networks [17,18],
Kalman filtering [19], and nonparametric regression [20], as well as several com-
parisons [21] and combinations [22]. The result of the forecast methods strongly
depend on the prognosis horizon. For short-term forecasts the current traffic
data is of an enormous importance and many complex forecast methods are
outperformed by simple models like the single smoothing average or the mov-
ing average model. For longer horizons the experience from the past in form of
heuristics creates better results.

Because of this fact different forecast methods for the 30 and the 60 min traffic
predictions are used. After an intensive statistical analysis of different kinds of
traffic data [23], a 14-day classification is chosen considering the different day
to day traffic. The average flow and velocity data xhist(tp) of the last 20 days
of each class is averaged and used as a pattern for long-term forecasts. As the
short-term forecast method the smoothing averaged values of the last recent
minutes xc(t0) are used.

Finally, for the prognosis horizons ∆τ = 30 min and ∆τ = 60 min the
predicted traffic value xpred(tp) at the time tp is the sum of the average xhist(tp)
of the sample class and the difference of xc(t0) and xhist(tp) weighted with k:

xpred(tp) = xhist(tp) + k · ∆x(t0),

with
∆x(t0) = xc(t0) − xhist(t0),

k =

{
η

(
1 − ∆τ

∆τmax

)
, if 0 < ∆τ ≤ ∆τmax

0, if ∆τ > ∆τmax

∆τ = tp − t0.

t0 is the point in time when the forecast is made. Obviously, for ∆τ > ∆τmax

the heuristics is used as forecast. The factor η is a coefficient determining the
relevance of the current and historical data respectively. Reasonable is 0 < η < 1;
for η = 0 only the heuristics are used, for η = 1 the prognosis uses the current
value.
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6 Implementation of Traffic Data

To incorporate the real world measurements from the loop detectors into the sim-
ulation vehicle-moving, inserting, and removing algorithms have to be applied.
This is done at the so-called checkpoints, which are located at those places in
the network where a complete cross-section is available, i.e., all lanes are covered
by a loop detector. Every time, when checkpoint-data is provided, the simulator
uses the measured values to adjust the traffic state in the simulation. The first
step is to try to move vehicles behind the checkpoint in front of it and vice versa.
If this is not enough to adjust the traffic state, vehicles are inserted or removed.
This should be preferred to pure insert/removal strategies, because these can
completely fail due to positive feedback if a non-existing traffic jam is produced
by the simulation. In this case the simulation measures a low flow in comparison
with the real data, so vehicles are added periodically to the ever growing traffic
jam leading to a total breakdown.

7 Web-Based Information

The design of the simulator was financially supported by the Ministry of Trans-
port, Energy and Spatial Planning of North Rhine-Westphalia, the reason being,
that it wanted a novel web-based traffic information system for the public. This
information system is provided by a Java applet at www.autobahn.nrw.de (see
Fig. 2). The Java applet draws a map of North Rhine-Westphalia, where the
autobahns are colored according to the level of service of the simulated traffic
state, from light green for free flow, over dark green and yellow for dense and
very dense synchronized flow, to red for a traffic jam. Additionally, after nu-
merous requests, we integrated a color-blind mode, where dark green is replaced
by dark grey and yellow by blue. Further, construction areas are drawn at the
appropriate positions on the map and their estimated influence on the traffic is
shown through red construction signs for a high risk of a traffic jam and green
construction signs for a low risk. Road closures, which have a deep impact not
only on the specific track the closure happens, but also on the traffic in a wide
part of the network, are shown as well. To make orientation easier the number
and name of each junction is also written in the status bar when the mouse
moves over the pictogram of the junction. All this valuable information assists
the road user to choose the best route and the best starting time for his trip.

The rising accesses to OLSIM and the nearly throughout positive feedback
shows that this information system is accepted by many people and used reg-
ularly. The daily requests increased from about 20,000 on work days at the
beginning in September 2002 up to 200,000 regular accesses after the implemen-
tations of the 30 minute forecast in March 2003 and the 60 minute forecast in
December 2003.

Up to now, we have restricted OLSIM on the autobahn network. The next
step will be to incorporate the national streets (Bundesstrassen) as well as some
of the heavily used urban streets.
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Fig. 2. Screen shot of the visualization of the 60 minute traffic forecast of North

Rhine-Westphalia (here one can see the area around Duisburg). For further infor-

mation about this application and to see the current and future traffic state see:

http://www.autobahn.nrw.de

8 Summary

In this paper we present a new advanced traffic information system OLSIM
which gives the internet user the opportunity to get the information about the
current traffic state and a 30 and 60 minute prognosis of the autobahn network of
North Rhine-Westphalia. The system rests upon a microscopic traffic simulator
which uses an advanced cellular automaton model of traffic flow and adjusts the
traffic state in accordance with measurements of the real traffic flow provided
by 4,000 loop detectors installed locally on the autobahn. The cellular automa-
ton model, the abstraction of the network, the guidance of the vehicles, and the
data integration strategies to periodically adjust the traffic flow in the simula-
tion in accordance with the measured flow on the autobahn were discussed, as
well as some details on the efficient implementation of the dynamics and the
presentation of the simulated traffic state to the public. A graphical user inter-
face implemented by a Java applet can be accessed by every internet user. In a
simple to navigate window the user can choose between the current traffic state,
the 30, and the 60 minute prognosis. Additional information like road works can
be chosen with a simple click.

References

1. J. Wahle, R. Chrobok, A. Pottmeier, and M. Schreckenberg.: A Microscopic Sim-
ulator for Freeway Traffic. Network and Spatial Economics 2 pp. 371–386, (2002).

2. K. Nagel and M. Schreckenberg.: A cellular automaton model for freeway traffic.
J. Physique I 2, pp. 2221–2229, (1992).



306 Daniel Weber et al.

3. R. Barlovic, L. Santen, A. Schadschneider, and M. Schreckenberg.: Metastable
states in cellular automata for traffic flow. Eur. Phys. J. B 5, pp. 793–800, (1998).

4. D. Helbing.: Empirical traffic data and their implications for traffic modelling.
Phys. Rev. E 55, pp. R25–R28, (1996).

5. S.F. Hafstein, R. Chrobok, A. Pottmeier, J. Wahle, and M. Schreckenberg.: Cellular
Automaton Modeling of the Autobahn Traffic in North Rhine-Westphalia.
In: I. Troch and F. Breitenecker (Eds.), Proc. of the 4th MATHMOD, Vienna,
Austria, pp. 1322–1331, (2003).

6. D. Helbing, H.J. Herrmann, M. Schreckenberg, and D.E. Wolf (Eds.).: Traffic and
Granular Flow ’99, Springer, Heidelberg, (2000).

7. H.P. George.: Measurement and Evaluation of Traffic Congestion. Bureau of High-
way Traffic, Yale University, pp. 43–68, (1961).

8. A. Miller.: A queuing model for road traffic flow. J. of the Royal Stat. Soc. B1, 23,
University Tech. Rep. PB 246, Columbus, USA, pp. 69–75, (1961).

9. Highway Capacity Manual. HRB Spec. Rep. 87. U.S. Department of Commerce,
Bureau of Public Road, Washington, D.C., (1965).

10. L.C. Edie and R.S. Foot.: Traffic flow in tunnels. Proc. HRB 37, pp. 334–344,
(1958).

11. R.C. Pfefer.: New safety and service guides for sight distances. Transportation
Engineering Journal of American Society of Civil Engineers 102, pp. 683–697,
(1976).

12. W. Knospe.: Synchronized traffic: Microscopic modeling and empirical observa-
tions. Ph.D. Thesis, University Duisburg-Essen, Germany, (2002).

13. K. Nagel, D.E. Wolf, P. Wagner, and P. Simon.: Two-lane traffic rules for cellular
automata: A systematic approach. Phys. Rev. E 58, pp. 1425–1437, (1998).

14. S.A. Ahmed.: Stochastic Processes in Freeway Traffic. Transp. Res. Record 19–21,
pp. 306–310, (1983).

15. D. Wild.: Short-term forecasting based on a transformation and classification of
traffic volume time series. Int. J. of Forecasting 13, pp. 63–72, (1997).

16. S. van Iseghem and M. Danech-Pajouh.: Forecasting Traffic One or Two Days in
Advance - An Intermodal Approach. Recherche Transports Securite 65, pp. 79–97,
(1999).

17. M.S. Dougherty and M.R. Cobbett.: Short-term inter-urban traffic forecasts using
neural networks. Int. J. of Forecasting 13, pp. 21–31, (1997).

18. H. Dia.: An object-oriented Neural Network Approach to Short-Term traffic fore-
casting. Euro. J. Op. Res. 131, pp. 253–261, (2001).

19. J. Whittaker, S. Garside, and K. Lindveld.: Tracking and Predicting a Network
Traffic Process. Int. J. of Forecasting 13, pp. 51–61, (1997).

20. A.S. Nair, J.-C. Liu, L. Rilett, and S. Gupta.: Non-Linear Analysis of Traffic Flow.
In: B. Stone, P. Conroy, and A. Broggi (Eds.), Proc. of the 4th International IEEE
Conference on Intelligent Transportation Systems, Oakland, USA, pp. 683–687,
(2001).

21. H.R. Kirby, S.M. Watson, and M.S. Dougherty.: Should we use neural networks or
statistical models for short-term mororway traffic forecasting? Int. J. of Forecasting
13, pp. 43–50, (1997).

22. M. Danech-Pajouh and M. Aron.: ATHENA: a method for short-term inter-urban
motorway traffic forecasting. Recherche Transports Sécurité - English issue 6, pp.
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Krietemeyer, Michael 178

Larios-Rosillo, Victor M. 81
Lecomte, Sylvain 99
Lopes, Filipe 224
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