I * l National Libiary

of Canada

Acquisitions and

Bibliothéque nationale
du Canada

Direction des acquisitions et

Bibliographic Services Branch  des services bibliographiques

385 Wellngton Street
Cnawa, Ontano
K1A Dhd K1A ONa

NOTICE

The quality of this microform is
heavily dependent upon the
quality of the original thesis
submitted for microfilming.
Every effort has been made to
ensure the highest quality of
reproduction possible.

If pages are missing, contact the
university which granted the
degree.

Some pages may have indistinct
print especially if the original
pages were typed with a poor
typewriter ribbon or if the
university sent us an inferior
photocopy.

Reproduction in full or in part of
this microform is governed by
the Canadian Copyright Act,
R.S.C. 1970, c. C-30, and
subsequent amendments.

ada

335, nie Wellington
Ontawa {Ontano)

B LT AN

hm e Nt vy

AVIS

La qualité de cette microforme
dépend grandement de la qualité
de la thése soumise au
microfilmage. Nous avons tout
fait pour assurer une qualité
supérieure de reproduction.

S$’il manque des pages, veuillez
communiquer avec Puniversité
qui a conféré le grade.

La qualité d'impression de
certaines pages peut laisser a
désirer, surtout si les pages
originales ont été
dactylographiées a l'aide d’un
ruban usé ou si 'université nous
a fait parvenir une photocopie de
qualité inférieure.

La reproduction, méme partielle,
de cette microforme est soumise
a la Loi canadienne sur le droit
d’auteur, SRC 1970, c. C-30, et
ses amendements subséquents.



Synchronization Studies in Multimedia

Communications

Li Li

A THESIS
submitted to the School of Graduate Studies and Research
in Partial Fulfillment of the Requirements
for the Degree of
DOCTOR OF PHILOSOPHY
in

Electrical Engineering

Ottawa-Carleton Institute of Electrical Engineering
Department of Electrical Engineering
Faculty of Engineering
University of Ottawa
OTTAWA, ONTARIO, K1N 6N5
©Li Li, 1993



Nalional Library
l * I of Canada

Acquisitions and

Biblicthéque nationale
du Cznada

Direction des acquisitions et

Bibliographic Services Branch  des senvices bibliographiques

395 Welington Street
Ottawa, Ontano
K1A ONa K1A ONG

The author has granted an
irrevocable non-exclusive licence
allowing the National Library of
Canada to reproduce, loan,
distribute or sell copies of
his/her thesis by any means and
in any form or format, making
this thesis available to interested
persons.

The author retains ownership of
the copyright in his/her thesis.
Neither the thesis ror substantial
extracts from it may be printed or
otherwise reproduced without
his/her permission.

395, rue Welington
Ottawa (Ontano)

o e M ey e

Qe S e vy

L'auteur a accordé une licence
irrévocable et non exclusive
permettant a la Bibliothéque
nationale du Canada de
reproduire, préter, distribuer ou
vendre des copies de sa thése
de quelque maniére et sous
quelque forme que ce soit pour
mettre des exemplaires de cette
these a la disposition des
personnes intéressées.

L’auteur conserve 1a propriété du
droit d’auteur qui protege sa
thése. Ni la thése ni des extraits
substantiels de celle-ci ne
doivent - étre imprimés ou
autrement reproduits sans son
autorisation.

ISBN 0-315-93595-2

Canada



___J' UNIVERSITE DOTTAWA
Il} UNIVERSITY OF OTTAWA




To my parents and my leachers



[ hereby declare that 1 am the sole author of this thesis.

[ authorize the University of Ottawa to lend this thesis to other institutions or individuals

for the purpose of scholarly research.

Li Li

I further authorize the University of Ottawa to reproduce this thesis by photocopying or
other means, in total or in part, at the request of other institutions or individuals for the
purpose of scholarly research.

Li Li



Acknowledgments

First, I would like to thank both my supervisors Dr.N.D.Georganas and Dr.A.Karmouch
for introducing me to the exciting field of Multimedia Communications. [ am most grateful
to their support and encouragament during my thesis work. 1 enjoyed the benefits of
being a menber in the Multimedia Communications Research Laboratory (MCRLab) at

University of Ottawa.

I would also like to thank all the past and current students of Room B-409, Colonel
By of University of Ottawa, for making my stay at this university a memorable one. My
speciad thanks are due to Dr.Man Li, Dr.Anil Gupta and Dr.Sudhakar Ganti with whom 1
had good technical discussions. My thanks are also due to the past and current members
of Room A505, CBY MCRLab, who have kindly helped me in my research, specially to

Dominique Richens, Louise Lamont and Grant Henderson.

I would like to give my thanks to all the support staff members of Electrical En-
gineering for their help, to Amanda Lauzon, Lucette Lepage, Michele Roy and Suzanne
St-Michel.

I am truly grateful to my beloved Robert and my family for their consistent support,

without which this work would not have been possible.



Abstract

Synchronization is considered as a key issuc in distributed multimedin systems. Synchroization
problems exist in both multimedia presentational and conversational applications. n a multime-
dia presentation, two-basic synchronization issues are involved. Temporal Preseutation Control
(TPC) and Simultaneous Real-Time Data Delivery (SRTDD). TPC deals with the ordering of
the data objects in the presentation. SRTDD refers to simultancously delivering multimedia
data in different data streams belonging to the same time interval. In multimedin conversa-
tional applications, e.g., in cooperative applications, coordination control and causal ordering of
the events give another synchronization problem. This thesis investigates the synchronization
control in the distributed multimedia systems. All the above synchronization issues are covered.
The temporai model and a synchronization algorithm for the TPC are proposed, which can sup-
port the real-time multimedia teleorchestration when multiple independent information sources
are involved. The temporal model handles the relative and improcise temporal requirements
among the data objects in the “fuzzy” presentation scenario, and supports the synchronization
dizlogue among the independent sources. Thus the synchronization algorithm can be performed
in a distributed manner. For the SRTDD control, an entire control architecture is presented
which follows the layered communications model. We have introduced the multimedia session
management, multimedia segment delivery, ete., to achieve the simultancous data delivery. The
Synchronization Quality of Service (SQoS) parameters are first applied for the SRTDD control
over the ATM network. Meanwhile, taking the multimedia joint editing, onc of the popular mul-
timedia collaborative applications, as an example, we have developed the coordination control
and the causal ordering algorithms for the joint editing session. Then in the second part of this
thesis, we have studied the analytical performance modeliug for distributed multimedia systems
where the synchronization is considered. Stochastic Petri Nets (SPN) are applied to model the
different multimedia synchronization systems. We developed a computational algorithm for a
class of SPNs, i.e., the LBSPNs (Locally Balanced Stochastic Petri Nets), which have product
form solutions. Applying the computational algorithm for LBSPN, the performance analysis of
2 joint editing system is conducted.
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Chapter 1

Introduction

1.1 Background

Recently, as the field of computer communications has become well developed, application
requirements for faster networks and more efficient devices are bringing us ultra high-speed
broadband networks, powerful table top computers and multimedia equipment. This
evolution of broadband telecommunication networks and multimedia technologies (video,
optical storage [43] [8]) has significantly contributed to the emergence of new multimedia
applications. Multimedia electronic mail, video conferencing systems and other kinds of
more advanced multimedia applications, such as cooperative design, joint editing, etc.,
are coming into our everyday life.

In general, multimedia applications are designed to handle various types of infor-
mation such as text, graphics, image, audio and video. The application can be a local
application, such as local multimedia database retrieval [43]. The more attractive mul-
timedia applications are usually remote applications, carried out in a distributed system
over the networks. Real-time video conferencing [8][17], for instance, allows a group of
users to interact through their workstations or terminals over the network. Users may
have cameras and monitors associated with their workstations. At any time, participants
can display the pictures of all the participants on their monitors. Meanwhile, the partic-
ipants can exchange files, graphics, images and other types of data, while talking on the



phone. Queries to the distributed multimedia database may also be performed. One of
the users may, for instance, show a picture to the others while deseribing it with a tele-
pointer. The electronic work-place — an organization-wide system that integrates various
information processing and communication activitics. gives another example of the inter-
esting distributed multimedia applications. The study of such systems is growing into a
new multidisciplinary field: Computer-Supported Cooperative Work (CSCW) [12]. As an
example, joint editing is one of the popular CSCW applications that are being developed
[8](22][17]. In joint editing, a group of users will cooperate to produce a multimedia doe-
ument. One of the users, for instance, may paste a picture while another is editing a text
portion. Other types of data such as video, audio (Hi-Fi music), voice ctc. may also be
involved in the editing. Distributed multimedia applications include both presentational
and conversational applications. For instance, browsing multimedia news retrieved from
a multimedia database is a typical presentational application. A multimedia conferencing
system provides a multimedia conversational application, where the multimedia document
is taken as the information vehicle, instead of only having voice in the conversation. The
conversational applications always involve the presentations of multimedia data.

Distributed multimedia applications can be categorized into two classes: real-time
and store-and-forward applications. From the communications point of view, real-time
applications are those that require information to be transmitted in continuous mode from
one location to another (real-time delivery). An example of such application is the video
conferencing system introduced above [17]. In this application, the information exchanged
among the users or between the multimedia database and the users is transmitted on
the network and displayed on the workstations at almost the same time. We notice
that all conversational applications are real-time. On the other hand, store-and-forward
applications by nature are not real-time applications. An example of such application is
the multimedia mailing system where the documents are transferred from one location
to another in store-and-forward mode. At the receiver side, the message is stored in the
mail-box until the user is ready to read it.

The trend in developing multimedia systems is to ensure that they support real-time



distributed applications [33]{28]. Real-time distributed multimedia applications require
a high performance distributed environment that will meet the overall new multimedia
requirements in terms of processing, integration, storage and communications. The basic
clement of a distributed multimedia system is multimedia data integration. In multi-
media data integration, information items (data objects) of various types and origin are
composced as well as transferred over the communication network, for the purpose of pre-
scntation, storage, and communication. One significant issue raised in multimedia data
integration is that the temporal relationships involved in the data objects, which are re-
quired by the multimedia application itself, have to be considered. Therefore, real-time
multimedia applications often require & distributed computing system to order and sched-
ule the delivery of the data objects in real-time, in order to maintain a desired service
quality, for instance, the quality of the display of the data objects in an integrated mul-
timedia document. Meanwhile, in order to support the transmission of time-dependent
multimedia data, real-time communication protocols are essential. It is a challenge for the
existing communication networks (e.g., FDDI, ATM Networks), protocols and standards
(c.g., OSI etc.) to be extended and adapted to support the wide range of time-constrained
multimedia applications.

Basically, one of the requirements of any system supporting a distributed multimedia
application is the need to provide synchronization of data elements in multimedia data
integration over the network. As a matter of fact, in the effort of developing multimedia
distributed application systems, media synchronization is not only a considerable problem
but also one of the most important elements of the whole system. This chapter states the
different facets of the synchronization problems involved in various multimedia application
systems. In Chapter 2 we will review the synchronization control schemes that have

appeared in the literature.
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Figure 1.1: Data object and composite multimedia object
1.2 Multimedia Synchronization Requirements

Multimedia synchronization requireménts arise from the multimedia applications. As
mentioned above, we have presentational and conversational applications, which are car-
ried out in the distributed multimedia system in real-time. In both applications, the
multimedia presentation is required. In a distributed system, multimedia presentation
involves the integration of the data in various media.

In a multimedia system, an information item in mono-media is referred as a data
object [29]. For example, one page of 2 text file and a segment of audio can both be
data objects. In multimedia data integration, several data objects of different media are
combined to form a new multimedia object, which is a composite data object. In Fig. 1.1,
three data objects and their composite multimedia data objects are shown. The data
object is taken as the basic data unit in the multimedia system. In multimedia data
integration, the temporal relationship among the data objects, which is required by the
composite multimedia object, has to be handled. In Fig. 1.1, for instance, two different
composite objects result from the different temporal relationships implemented among
the three objects during the irtegration. This temporal relationship is called a seenario.
For instance, in multimedia document retrieval, a multimedia file, which is a composite
multimedia object, will be retrieved from the database. Fig. 1.2 presents the scenario of
this composite-object which consists of several data objects. When the multimedia file
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Figure 1.2: An example of a multimedia scenario

is being represented, e.g., displayed on the screen of the viewer, the data objects should
be presented in the temporal order which is required by the scenario. Such requirements
can be the sequential or simultaneous representation of the data objects contained. For
example, from Fig. 1.2, we.can see that the image object P1 is suppcsed to be displayed
first. Then, while the image object P2 follows Pl, the audio object Audiol should be
displayed simultaneously wich P2 and then P3. During the prescntation, the guarantee
of the temporal ordering of the data objects is essential to the quality of the application.

In order to handle the temporal relationship of the data objects in presentation,
synchronization of the different objects is required. The temporal relationship needs to
be specified and maintained during the presentation. The Temporal Presentation Control
(TPC) and the Simultaneous Real-Time Data Delivery {(SRTDD) are designed for this
purpose. _

Temporal Presentation Control (TPC) is concerned with the temporal ordering of
the data objects in the multimedia presentation. For instance, the set of multimedia data
objects which are involved in the presentation scenario of Fig. 1.2 and delivered by the
distributed database servers should be ordered properly for the presentation. In Shepherd
et al. [40], TPC was named “event driven synchronization” and declared as one of the basic
synchronization controls in multimedia. In [29], this kind of synchronization is referred as
“simtheti csynchronization”. As addressed in [42], synthetic synchronization should ensure
that at presentation time, the various pieces of information (segments) must be properly

~ ordered and synchronized in time. Since this type of synchronization actually arises



directly from the temporal presentation requirements, it is named here ‘T1C {Terporal
Presentation Control). TPC is regarded as one of the basie synchronization issues involved
in the distributed multimedia system. As an application. or mare precisely a “seenario
driven” synchronization control, TPC is dircetly related to the temporal requireiients
in the data presentation. TPC deals with the ordering of data objects in a distributed
multimedia system, to conduct every phase of the multimedia presentation in confority
with the involved temporal relationships which are required by the presentation scenario,

When the multimedia data are transferred on the network in a distributed nultine
dia system, because of the random network delays, synchronization control is requined at
the transport level to maintain the temporal relationship among the data delivered. Not
only the ordering of the data objects ought to be preserved, but also the coupling mong
the data streams should be constructed according to the presentation requiretments. Espe-
cially, simultaneous playback of two or even more data streams needs to be implemented.
For instance, in the ‘lip-syrc” example, the lip movements should “match” the play-out
of the speech. In a teleconference window, the position of the tele-pointer necds to match
the voice description to keep the application valid. While the sequential ordering of the
data delivered can always be kept by the connection-oriented transport system, this simul-
taneous temporal relationship needs a special consideration in real-time multimedia data
delivery. Thus, the communication networks supporting real-time distributed multimedia
applications differ from the traditional data communication networks in terms of the real-
time synchronization control in the multimedia data delivery. That is, the network has to
be able to manage the Simultaneous Real-Time Data Deiivery (SRTDD). Shepherd ct al.
[40], named this type of synchronization control as “continuous synchronization”, while
Little and Ghafoor [29] defined the “live synchronization™ for it. Simultaneous Real-Time
Data Delivery (SRTDD), also 2 basic issue of the multimedia synchronizations, refers to
the simultaneous delivery of multimedia data in different data streams belonging to the
same time interval.

The studies reported for the multimedia synchronization control are mostly focused
on maintaining the validity as well as the quality of the multimedia presentation. However,



another synchronization issue has also been brought into attention [38][47). This type of
the synchronization problem, namely, the coordination and the event causal ordering in a
cooperative multimedia application system, is encountered in the conversational applica-
tions. For instance, in joint editing, the multimedia data objects contained in a document
are shared by a group of users over the network. Coordination is required among the
distributed users for concurrent accessing of the shared objects. Meanwhile, the user’s
manipulation of the multimedia document in the shared' window should be consistently
“seen” by all the participants on their workstations, irrespective of their locations in the
system and the random network conditions. If participant B, for instance, makes some
modification after B has observed the changes made by another participant A, the edi-
tions supplied from A and B should be presented in the correct and same order to all
the participants’ on the network. Thus, causal ordering of the events is required in a
multimedia cooperative system. Notice the concept of “ordering” here is different from
that of the data objects in the TPC for the multimedia presentation.

Event ordering problem in distributed computing systems, including the logic clocks,
the partial and total ordering of events, have been well studied [19][4]. However, the multi-
media cooperative system has introduced new requirements concerning the causal ordering
in the distributed system. The concurrency degree needed in a cooperative system varies
in different applications. For instance, in joint editing, mutual exclusive accessing of the
shared document is not favored [17][12]. The application needs to allow the concurrent
document manipulation from different participants [17]. At the same time, “conflicting”,
where two or more participants are changing the same porticn of the document concur-
rently and thus generating different versions at the different participants’ sites, should
be prevented. For example, after every manipulation conducted by a participant in the
system, the result ought to be delivered and displayed to every other participant before
it can be changed again. Thus, the basic concepts and methods developed in distributed
computing have to be adapted and applied, to cope with the problem of coordination and

causal ordering in the new multimedia cooperative applications. -



1.3 Overview, Structure of The Thesis and Contri-

butions Made

In this thesis, we begin by investigating the Temporal Presentation Control ('TPC) scheme
for the multimedia presentation control. We establish a new temporal model for the spee-
ification of the “fuzzy” multimedia scenarios in the distributed system where only the
relative temporal knowledge is available. Based on this model, a distributed schedul-
ing algorithm is devised for TPC which can conduct a synchronization dindogue amony
multiple independent information sources (e.g., distributed database servers) to form-a
high quality remote multimedia presentation in real-time. Some interesting applications
such as remote multimedia document creation, multimedia telcorchestra with independent
sources, etc., can thus been supported [35][26]. Therefore, our Rrst contribution in this
thesis is the distributed TPC scheme designed to support the multimedia telcorchestration
with independent sources.

In order to present the temporal relationship among the data objects at the re-
ceiver, TPC requires a real-time transport system with synchronization control over the
multimedia data streams. In this thesis, we propose an entire synchronization control
scheme for real-time multimedia delivery, which is embedded in a layered communication
architecture. This is our second contribution, the Simultaneous Real-Time Data Deliv-
ery (SRTDD) scheme for multimedia transmission. In this scheme, the Synchronization
Quality of Service (SQoS) parameters are first applied to ensure the presentation quality
required by the application. Meanwhile, the recovery algorithm in our SRTDD system
can diminish the synchronization errors during the network fluctuations.

The third contribution made in this thesis are the distributed algorithms for the
coordination and causal ordering control in CSCW applications (e.g., joint editing). In
this part of our work, Lamport’s clock system [19] was adapted and applied to support
the multimedia collaboration in a shared space over the network. Without tracking the
document history, a consistent version of the shared multimedia document is guaranteed
at ell the participants’ workstations during the concurrent editings. A WISIWYS (What



I See Is What You See) system is thus achieved.

The second part of this thesis is devoted to the performance modeling of the dis-
tributed multimedia application systems where synchronization is considered. This is our
fourth contribution. We apply the Generalized Stochastic Petri Nets (GSPN) models for
the performance evaluation of the remote multimedia document creation system and the
real-time data delivery system. A class of product form GSPNs, the Locally Balanced
Stochastic Petri Nets (LBSPN), which were studied by M. Li and Georganas [51}, are ap-
plied to model the multimedia cooperative system. We present a computational algorithm
developed for the LBSPN models which is our fifth contribution. The computational al-
gorithm takes the approach of the convolution of the subnets. Finally, we employ this
computational algorithm, which was programmed in C language on the UNIX OS to solve
the LBSPN models for the CSCW application of joint uditing.

This thesis is then, divided into two parts. In the first part, we present the multi-
media synchronization scheme that we have developed. The second part deals with issues
of peffonna.nce modeling and evaluation for the system. In part I, Chapter 2 reviews the
synchronization control methods that have been reported in the literature. In Chapter 3,
the temporal models for the multimedia scenarios and the TPC algorithms are presented.
Chapter 4 addresses the SRTDD system designed for the multimedia data delivery. The
synchronization models and algorithms for the multimedia causal ordering in multimedia.
cooperative applications are discussed in Chapter 5.

In part II, Chapter 6 gives a review on the performance modeling techniques and
examines their modeling power for multimedia systems, where the synchronization is in-
volved. In Chapter 7, we conduct performance modeling for some of the multimedia
synchronization systems, using the GSPN models. The LBSPN models and the com-
putational algorithm are presented in Chapter 8. Then the computational algorithm is
employed to solve the LBSPN models of the joint editing system. Finally, in Chapter
9, we conclude by summarizing the contributions of this thesis and suggesting further

research topics.
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Chapter 2
Review

As mentioned in Chapter 1, multimedia synchronization is nceded to énsure both the
temporal presentation and the event causal ordering in the distributed multimedia sys-
tem [41}[32][42]. In this chapter, we first review the reported synchronization control
techniques for multimedia presentations. Then we also cover the reported coordination
control and causal ordering schemes for multimedia cooperative systems.

2.1 Mbultimedia Temporal Presentation Control

We first give an application example of remote document creation to explain the basic
ideas of Temporal Presentation Control (TPC), which deals with the temporal ordering of
multimedia objects in the presentation. In the application of remote document creation, a
user creates a multimedia document using the data objects stored in a distributed system.
Data objects are acquired from the information sources. The information sources can he
the distributed multimedia database servers or some other users who t1ssess the particular
data. The data objects required are to be structured to form a new multimedia document
according to the scenario designed by the user. From the distributed sources, the newly
created multin;edia document may then be retrieved and delivered over the network for
display on the viewer’s workstations. For instance, a designer or a group of designers can

create new models and send them to a group of viewers for either a discussion or a final
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Figure 2.1: Example of a multimedia scenario

decision {12](17].
Consider the scenario in Fig. 2.1 as that of the document edited by a user. In

order to create the document, the user sends the scenario to the distributed multimedia

information sources to retrieve the relevant data objects. When the data objects are
combined to form the multimedia document, the temporal relationships required in the
scenario should be represented. Therefore, in order to form the multimedia temporal
presentation, the synchronization control includes two basic parts: the definition of the
temporal relationships among audio, video and other data objects, and the delivery of the
data in accordance with these relationships. Thus, in this section of the TPC (Temporal
Presentation Control) review, we start with the specification methods for the temporal

relationships among the multimedia objects.

2.1.1 Temporal Relationships of Data Objects in Presentation

In order to handle the temporal relationship of the data objects in presentation, the
specification as well as the modelling of multimedia composition with respect to intermedia
timing is required first. Some relevant work has already been reported in [34][29].

In [29], Little proposed a techxiique for the formal specification and modeling of the
temporal relationships involved in the multimedia integration. The proposed model is
based on logical temporal intervals and Timed Petri Nets. In the following, we briefly
describe this method [29].

Temporal relationships between the media may be implied, as in the simultaneous
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Figure 2.2: Basic temporal relationships and their OCPNs

acquisition of voice and video, or may be explicitly formulated, as in the case of & multime-
dia document which possesses voice annotated text. In either situation, the characteristics
of and relationships among media have to be established.

Little believes that given any two atomic processes speéiﬁed by their temporal in-
tervals, there exists a Petri Net representation for their relationship in time [29]. This
Petri Net presentation was named Object Composition Petri Net (OCPN). The temporal
interval here is characterized as a nonzero duration of time in any set of units, for example,
“a week” or “ 100 ms”. The Petri Nets for Sseven basic temporal relations were also given,
as shown in Fig. 2.2. In Fig. 2.3, an example is illustrated, using the OCPN to describe
the temporal ordering in a presentation. The OCPN model captures the basic temporal
relations that exist between every two intervals. Meanwhile, the interval based OCPN
models can well support a TPC scheduling algorithm [28]. In [28], the OCPN model was
applied by Little to design an algorithm that indicates the retrieval time of data objects
from the database in a manner which preserves the temporal requirements of the initial
specification [29][28). Then, if the specification represented by the OCPN is made accord-
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Figure 2.3: An example of the OCPN model

ing to the temporal relationships of the data objects required in the presentation, these
data objects should be displayed in conformity with the temporal requirements.

As defined in [29][28], in an OCPN model, every place must be associated with &
parameter of the time duration (ti, 2 0r tin Fig. 2.2). These parameters are used in
the TPC scheduling algorithm. Among the seven basic temporal relationships presented
by OCPNs (see Fig. 2.2}, the relationship of “pl during p2” is distinguished from the
relationship of “pl finishes p2” only by the different values of the durations associated
with the place pt (different values of the ¢ in the Fig. 2.2). Similarly is the relationship
“pl starts p2” from the relationship “pl equals p2”. Therefore, in the OCPN models,
all the temporal interval lengths have to be known a priori, to ensure that the OCPN
represents the temporal relationships correctly. Without the precise value of the time
duration parameter for every place, the OCPN model could turn into a misinterpretation
of a given timeline scenario.

In many distributed applications, the parameters required to form the OCPN cannot
be supplied by the user or by the application itself. For instance, in the above example of
multimedia document creation, when the user is creating a document that contains two
video stories, the user may desire an audio segment to accompany the second video story.
However, the user does not have to know how long the first video story will last. Then
the user cannot specify the time interval of the first video story in the scenario. In this
case, it is impossible to establish an OCPN model which has the required time parameter
associated with every place directly from the application’s scenario.

In [42], this problem was addressed as “relative synchronization operations” and

15



“absolute synchronization operations”. For example, “present segmuent A at thme TV is
an absolute synchronization operation. On the other hand, “present segment A simul-
taneously with (or after) segment B” is a relative synchronization operation. In other
words, time parameters are specified in the requirement of an absolute synchronization
operation, while the relative synchronization operation is described only by certain ref-
erence without explicit time parameters in terms of the starting time, ending time or
durations. Obviously, all the relative synchronization operations have to be converted
internally by the system into the absolute synchronization operatious in order that the
* relative synchronization operations can be performed. In |31}, this converting was re-
ferred as a “synchronization dialogue” for the evaluation of the temporal specifications
of the objects. However, OCPN models do not support the synchronization dialogue but
are the results of the dialogue, because they cannot describe the relative synchronization
requirements. In order to support the synchronization dialogue, the specification model
has to be able to describe the relative synchronization operations.

In [34}[45], another type of synchronization model was developed for the presentation
of multimedia objects. Instead of “interval”, “synchronization points” were used in these
models as the primitive to describe the presentation sequence. Compared to QCPN, the
“point based” models represent relatively rich temporal relationships that can be involved
in multimedia presentation [34][45], including some relative synchronization requirements.
The point based models do not require precise duration information. However, the model
introduced in [34] did not take the interval durations into account, neither did it deal with
the issues of deadline inference and object scheduling. The model in [45}[46) focused on the
user’s interface and the file editing system, and was not designed for the synchronization

control in a distributed environment.

2.1.2 Temporal Presentation Control Algorithms

In order to implement a real-time Temporal Presentation Control (TPC), scheduling of
multimedia data delivery has been proposed [28](41]. In [28], an algorithm was established
on the OCPN model. This algorithm comprises two parts, named “Serialized-Net Algo-
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rithm” and “Resource-Decomposition Algorithm®. The serialized-net algorithm generates
a playout schedule as the sct of deadlines for playout of data clements specified for each
OCPN. After the serialization is completed, a playout schedule can be decomposed into
subschedules for each information source.

As mentioned before, OCPN requires all the temporal interval lengths to be known
a priori. In the scrialized-net algorithm the time schedules for the data objects are
scheduled through the parameter ¢ associated with every place in the OCPN. Therefore,
the scheduling algorithms proposed on OCPN models do not include the synchronization
dialogue mentioned above.

The scheduling algorithms were performed in a centralized manner [31], whether at
a destination workstation or at an intermediate node. The scheduling centre has to know
whether an information source (e.g., & database server) is congested at a given time or
whether the data object required is locked by another application {e.g., for concurrency
control in joint editing [17]). Meanwhile, from the system’s point of view, the centre
can become the bottleneck of the whole system. Therefore, in a distributed multimedia
application system, a centralized scheduling algorithm is neither sufficient nor robust.

2.2 Synchronization and éimultaneous Data Deliv-

ery

2.2.1 Temporal Relationship among Multimedia Data Streams

In real-time distributed multimedia system, when the data objects are delivered onto
the communication network, the temporal relationships have to be maintained during
the transmission in order to realize a real-time data presentation at the receiver side.
Therefore, synchronization is also required in multimedia transmission.

In order for the communication system to manage the synchronization control in
multimedia transmission, the temporal relationships involved in the data transferred also
have to be specified. However this case is not the same as that at the data object level.

17
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Figure 2.4: Granularity of Media: LDUs

Instead, what we have here are data streams transferred oun the unetwork. There are
continuous media (CM) streams such as voice data stream or video data stream, as well
as discrete media (DM) streams such as computer 1/0 data |[42]. The concept of Logical
Data Unit (LDU) was introduced to the CM streams in [42] as the “granularity” of a
media stream in the synchronization control. Thus, CM streams are vicwed as a sequence
of LDUs. Each kind of medium has an associated LDU. For instance, the LDU of a video
stream can either be a single frame or a well-defined sequence of frames (Fig. 2.4). The
temporal relationships among the LDUs of different media can thus be described.

At the transport level, the way to describe the temporal relationship among the CM
and DM streams has been investigated in [39][42]. One of the ideas proposed is based on
transferring the multimedia data streams in parallel [39], i.c. to have a separate logical
virtual connection for each medium. Parallel transmission on multiple virtual connections,
which apply different means for data in different media depending on their various char-
a.cteristids, would meet the real-time application requirements. Meanwhile, this scheme
makes it possible to map the temporal relationships required by the application more
directly onto the data streams in the multimedia transport system. Thus, the temporal
relationships among the data objects will be represented as the temporal relationships
involved in the multiple data streams which are transferred on multiple virtual connec-
tions. For instance, in Fig. 2.5(a), the text object ¢1 is required to be delivered at the
same time with that of the audio object a2. Then, in Fig. 2.5(b), the same simultaneous
relationship is maintained on the two connections.

In [42], the only temporal relationships of CM and DM streams studied is the “tight
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synchronizasion”, i.e. the tight matching of different data streams. This is the “simulta-
neous” relationship among media streams. As we addressed in Chapter 1, “simultaneous”
relationships among data streams on different channels is the most significant aspect that
differentiates the multimedia data transport system from the traditional mono-media data
transport system. If the data transport system can guarantee the simultaneous data de-
livery on multiple channels, that is, if the reference of the matching points (e.g- flags,
marks ete.) in multiple data streams transferred on different channels can be preserved,
all the various temporal orderings of data on different channels can be iinplemented. For
instance, in Fig. 2.6, the data streams on channel ¢l and ¢2 are required to be simulta-
neously delivered in order to be displayed at the same time at the receiver. The data
stream on channel ¢3, on the other hand, is required to be delivered right after the data
delivery in channel cl and €2 is finished. If, the matching of data on channel ¢l and 2
at the reference (marking point) A, and the matching of channel c3 data with channel 2
data at reference B can be achieved, the temporal relationships involved in the three daté.
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streams will be preserved. Meanwhile, the ordering of the data delivery on every channel

should be maintained as it is in connection-oriented data networks.

2.2.2 Simultaneous Real-Time Data Delivery

Basically, one of the main reasons that gives rise to the smdxronizdﬁon crrors (i.c., the
mismatching) in the multimedia data delivery is the random delay experienced by the
data streams on the networks. Since multimedia data streams of different types are
characterized very differently on the networks and have various network and delivery
requirements, the random delays introduced by the networks to the multiple data streams
are difficult to predict. An example is shown in Fig. 2.7 to illustrate the basic ideas of
simultaneous real-time data delivery. In Fig. 2.7, three data streams are delivered to the
network and transferred in parallel in different virtua! channels. Because of the random
network delays experienced, the data within the same time interval SE (marked S, £,
S52E2 & S1E in three streams) may arrive at, the receiver at different time (S} E), S,F,
& S3E3). If one of the dama streams is 2 user’s voice and another is the video picture of
his faée, the voice and the movements of the user’s lips may not match anymore when
displayed at the receiver. Thus, Simultaneous Real-Time Data Delivery (SRTDD) control
is required in the network protocols in order to maintain the service quality.
' Besides the requirement of “matching”, in every single medium data stream, the
continuity of the data streams is required as well. Because of the random network delay,

the continuity of the data stream will be interrupted. As shown in Fig, 2.8, the random
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network delay introduces gaps and jitters in the data stream during transmission. These
gaps and jitters destroy the display quality at the receiver. This continuity problem exists
in all kinds of packet switching networks.

Some work has already been reported for solving the problem of SRTDD [30)}41]
[40] [20]. Simulteneous resl-time data delivery is essentially a problem of “rate matching”
among multimedia data streams. A very straight-forward approach is i:o avoid this match-
ing problem. Recall that the synchronization unit of multimedia data streams transferred
on the network was referred as LDU, as addressed before. Then, the LDUs of différent
data streams can be interleaved into one compasite LDU stream, as illustrated in Fig. 2.9
[42]. These combined LDUs are time-stamped at the source and scparated at the sink and
presented according to the time stamp. As the multimedia data which are supposed to
match with each other are interleaved and transferred on a single connection, the LDUs
that need to be simultaneously delivered for presentation may arrive at the receiver at
almost the same time. In this case certain recovery still has to be applied at the receiver
to filter out gaps and smooth jitters. |

However, when multimedia data are transferred on broadband ISDN, such as ATM
(Asychronous Transfer Mode} networks, this approach faces difficulties in implementa-

tion. In ATM, a connection is assigned to a certain class of traffic, for example, a voice
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conncection or a video conncection ete., as shown in Fig. 2.10. For efficient utilization of
the bandwidth, as \.2ll as for flow and traffic control on the ATM network, connections
are managed according to the traffic characteristics, such as the average peak rate, the
burst length of the source, ctc. Mecanwhile, the QoS (Quality of Service} parameters
required by cvery connection, such as the tolerable cell transfer delay, cell loss and the
smoothing requirement have to be supported by the underlying ATM network. Different
'dat,a streams have very different characteristics. For instance, voice data are very sensi-
tive-to the response time but can tolerate certain data transmission errors. On the other
hand, vidco data are very sensitive to transmission errors and also require a very high
throughput. Data of different media by nature cannot possibly be described by one set
of traffic parameters and located on one ATM connection. Insny distributed multimedia
application, data streams can originate from sources at different sites. For example, they
may be delivered from distributed servers. Then, it will not be possible to put all the
data streams on one connection.

When multiple data streams are transferred on different connections, the matching
among the data streams (i.e., among the different virtual connections) becomes 2 problem
that has to be solved. Shepherd et al. [39] proposed to extend the OSI standard of
transport layer to accommodate multimedia traffic. The main idea of theirs was the
introduction of a special channel used for synchronization control. This is named tile
synchronization channel. The synchronization commands and parameters, as well as the
references to the matching points in the data streams are transmitted on this channel. In



the real-time case, the synchronization channel makes it passible to perform sophisticated
synchronization control with involved data stream relationships. Morcover, when the
synchronization channel is employed, user equipment. for example video devices. may e
attached easily because the data streams are not modified [39]. However, the use of a
synchronization channel has the drawback of requiring more conunuuication resources.
How to manage the bandwidth of this chanuel is not specified in the work of [39].
Nicolaou [33] presented a scheme for implementing syuchronization wuong the re
lated streams by inserting synchironization points in each individual stream. lun [28],
schedules are computed for data packets before the transmission. Multiedia data teatlic
will be running according to the schedule, to reach the destination i time for the pre-
sentatior. As far as SRTDD is concerned, matching schedules can be planned for the
data streams, so that if the data belonging to cach stream can arrive at the destination
in conformity to their schedules, they will be “matching” cach other during their display.
In [10], during the multimedia data transfer, every node on the transmission path in the
network is involved in the synchronization control by regulating the random delay which
has been introduced to an arriving packet by the previous hop. Thercfore, if an “ideal”
real-time channel can be guaranteed, at the destination, an almost fixed end-to-end de-
lay (except for the random delay experienced on the last hop) can be obtained for the
packet received on each connection. However, in B-ISDN networks (e.g., ATM network),
all the intermediate nodes are fast cell switches, which carry thousands of connections.
Therefore, it would be difficult for this scheme to be implemented since an extra layer
is required at every switching node for the synchronization control, producing too much
workload on the switch. The flow synchronization control protocol addressed in [L1] is
based on a similar idea of implementing an end-to-end synchronization delay. Instead
of regulating the delay at every hop, random delay experienced by each packet will be
regtﬂa.l:ed (equalized) at the end. In both delay regulating schemes, a globally accurate
clock is required. At the same time, the actual delay experienced by every data packet
cannot exceed the pre-set end-to-end or hop delay for the network connection.
" Instead of the sender’s predicting the possible packet arrival time at the receiver,



Rangan et al., have proposed another SRTDD scheme where the recciver derives the
possible packet generating time at the sender. That is the multimedia mixer [35]. Without
any global clock, the multimedia mixer performs & complete algorithm to synchronize data
packets received from the different sources. Assuming the maximum and minimum delays
that can be experienced by the data packet on the network, the mixer can derive the
possible gencrating time of a reccived packet, according to the receiving time. The data
packets can be mixed into a fusion set if they are generated at the same or almost the same
titre. The mixer also requires no control information transferred. This control scheme is
casy to be implemented and can be used in the conferencing system. Relatively “good”
network councetions and clocks are required so that the time derivation and mixing can
be valid [35]. Otherwise, incorrect fusions can be generated and the mixer cannot find
out the mistake by itself. This is only because no control message is exchanged between
the sender and the receiver.

Although schedules and estimates can be made for the multimedia data to be trans-
ferred, random network disturbance and synchronization errors are inevitable. Then, only
scheduling the traffic is not sufficient to maintain a simultaneous data delivery. Therefore,
for SRTDD, at the receiver, certain compensation is still necessary, when the synchro-
nization error occurs. In [36], 2 feedback technique was presented which can inform the
sender about the synchronization errors (i.e., “mismatching”) in the play-back. Then
the sender will adjust the data transmission of different data streams, e.g., speeding up
the slow stream by skipping some data. This control scheme does not require any giobal
clock. Meanwhile, it does not require any control message to be transferred between the
sender and the receiver. Therefore, it is very suitable for the simple terminals such as a

video monitor in a video on demand service.



2.3 Coordinations and Causal Ordering in Multi-

media Cooperations

In multimedia cooperative applications, coordination and causal ordering we required.
Coordination refers to the concurrency control among the participants in a group. Causad
ordering, on the other hand, performs the ordering of the events in the cooperation, as
we discussed in Chapter 1.

The concurrency degree needed in a system varics in different applications. So does
the corresponding control scheme. One extreme case offers the maximum concurrency
degree to the application users. For instance, in a shared working space (c.g., multimedia
document joint-editing), a shared window is displayed at cach participant’s workstation.
If the system provides no concurrency control for simultaneous actions, the participants
will be allowed to constantly edit in the shared space, as well as to view the editing actions
of others. In contrast to this “freedom”, a minimum concurrency degree may be enforced
by a strict control based on the notion of a “floor control” in some of the applications, c.g.,
a floor controlled teleconferencing system. In this case, only one participant who holds
the “floor” (token) is allowed to “speak” (or transmit data) at any time. Between the
two extremes, a varying degree of coordination may be necessary or desirable for present
and future applications [47].

From the communication's view-point, token control provides ordering of the senders
during their data transmissions. If more than one tokens are allowed in the system, at each
receiver, the sequential order must be distinguished among the data reccived for display,
when the order matters in the application. The same version of the document can thus
be maintained at all the participants’ sites (see Chapter 1). Ideally, the causal ordering of
the events should be the same as the ordering of the occurring times of the events. Notice
the event ordering here is different from the object ordering in 2 multimedia presentation.
. The event ordering problem in distributed computing systems, including the logic

clocks, the partial and total ordering of events, have been well studied [19][4]. Related

with the event ordering, mutual exclusion in accessing the shared resource was taken as a
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typical issuc of synchronization control. Different algorithms were developed [4]. In recent
works on multimedia synchronization control [38]{47], e.g., multimedia event ordering in
conferencing systems, the basic concepts and methods developed in distributed computing
have been adapted and applied for the multimedia cooperative applications.

In |47], both the token based concurrency control and the real-time defined &—causal
ordering algorithm were proposed. In the control scheme, the number of tokens in a system
can be varied for different applications, or during the different phases of one application.
In the A—causal control, when a sender is sending a message, it will embed the so-called
“context” in the message. The context is actually the message-id’s of the most recently
reccived message(s) at this site. For instance, assume message m; is received at time
t; at the workstation N. If message m; is sent by N at time &3 < &) + &1, N will
cmbed the message-id of m; as the “context™ in m;. Then each receiver will order the
message display according to the available messages-id’s in the received message, as long
as the real-time constraint on the data is not violated. That is, when my; is received,
reccivers will manage to display m; before m; if m; does not arrive too late [47]. In
developing cooperative applications, the A—causal control is very fa.vorable for real-time
voice conferencing. However, as addressed in [47], the context of the message-id’s recorded
in a message sent can be incomplete due to the delay of certain messages. Only a partial
ordering can be achieved at the destinations.

In [38], a contention control was provided on top of the proposed communication
structure, for distributed conferencing applications. A high level abstraction of an event
cluster was provided that allows a user to view related activities as one composite activity.
A total ordering on a set of incoming events was enforced by one of the application
participants designated as coordinator. Thus, it is 2 centralized control method.

2.4 Summary

In this chapter, we have described the synchro;jzation control schemes and algorithms for
both multimedia presentational and conversational applications. All the three issues of
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the multimedia synchronization control are covered, including the * emporal Presentation
Control, the Simultaneous Real-Time Data Delivery and the coordination and causal
ordering for multimedia cooperation.

In the Temporal Presentation Control (TPC), OCPN models were propuosed by
Little et Ghafoor [29]. The scheduling algorithms were as well designed. However, we have
found that the presentation application in a distributed system where multiple information
sources are involved gives rise to a new requirement. That is the synchronization dinlogue
among these independent sources for the cvaluation of the presentation scenario, in arder
to convert the relative and uncertain temporal requirement into the absolute and precise
synchronization control.

Many schemes h;we been proposed for the multimedia synchronization control on the
networks. Among these schemes, multimedia mixer [35] and feedback techniques |36] are
very practical ones. Making a complete algorithm, the mixer itself is not a multimedia
transport protocol. Neither is the feedback technique. It will be very interesting and
useful if the synchronization algorithms can be embedded into the transport protocols
and an entire multimedia communication architecture can thus be formed.

In the Multimedia Communications Research Laboratory (MCRLab) at the Univer-
sity of Ottawa, a real-time multiraedia conferencing system has been developed {17]. On
this conferencing platform, 8 CSCW application, i.e., multimedia joint editing has been
designed and implemented. Algorithms are thus required for the coordination control
of the manipulation on the shared document, and for the causal ordering of the differ-
ent document versions. The existing control methods need to be examined and suitable
algorithms have to be implemented.

From Chapter 3, we will present our work concerning the above three aspects of
multimedia synchronization control. We will propose control schemes, protocols and al-

gorithms developed to fill the gaps in this new and exciting field.



Chapter 3

Temporal Presentation Control for
Multimedia Teleorchestra with

Independent Sources

Real-time multimedia TPC (Temporal Presentation Control) requires the scheduling of
the multimedia data according to the designed presentation scenario. From the previous
chapter, we know that the scenario may provide only relative temporal requirements, al-
though TPC scheduling needs the precise temporal information. As suggested in [31] [42),
the relative synchronization requirement should be converted, through a synchronization
dialogue, icto an absolute synchronization operation, i.e., scheduling. This “synchroniza-
tion dialogue” requires the modeling of the uncertain and relative temporal relationships
involved in the presentation scenario.

In our work, this challenging issue is studied by investigating the teleorchestra ap-
plication. The remote document creation application mentioned in Chapter 2 is just
an example of-multimedia teleorchestration. In the teleorchestra system, independent
multimedia information sources are involved. One of the important aspects of real-time
teleorchestration, e.g., in the remote document creation, is that a user can create a docu-
ment without having to retrieve the objects from the sources to his/her workstation. All
the user has to do is to make a scenario. Then in the distributed system, the required data



objects will be delivered from the multiple information sources directly to the viewers'
workstations. These objects will be presented according to the designed scenario. Henee,
the real-time distributed multimedia data integration is performed in the teleorchestra
system. It is worth noting that a user can create different presentation scenarios using
the same data objects. These remarkable features make the teleorchestration very useful
in collaborative and conversational applications, for instance, in “brainstorming™ sessions
[12).

In teleorchestration, among the data objects to be presented, relative and uncer-
tain temporal requirements may be involved. “Fuzzy” presentation scenarios are thus
generated. In this chapter, we first describe a temporal model that can handle these
“fuzzy” scenarios which contain imprecise synchronization constraints, such as unknown
object presentation durations and @atiw event occuring times. A synchronization model
for multimedia teleorchestra is thus established, including the synchronization dialoguc
carried out among the independent sources. Based on this model, a TPC scheduling al-
gorithm and control scheme are then designed to synchronize the independent sources for

the remote presentation.

3.1 Temporal Relationships in Multimedia Integra-

tions

We observe the following characteristics of the multimedia temporal presentation in tele-
orchestration. First, because of the distributed environment as well as various media
included, the initiator of an orchestration (e.g., the user or the application) cannot spec-
ify all the information about the objects required. While the display duration of a static
image can be described as a playout time plus a holding time of the picture on the screen,
the presentation duration of a video object which resides at a remote source is usually
unknown to a user. Explicit temporal information of the data objects is thus unlikely
available in the scenarios. Despite the lack of temporal information, very “rfch” and yet
very “relative” temporal relationships may be required among the data objects to be pre-
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sented. In a collaborative application, c.g., in joint editing [16][43], “fuzzy” scenarios are
often invalved. When n multimedia objects are displayed at the same time, for example,
the user may require all the n — 1 objects to be displayed “during”{1] the presentation of
the object which has the longest duration {e.g., the theme of the presentation). although
l.inc user may have no knowledge about the display duration of these objects. The synchro-
nization requirements may involve both the presentation durations and some particular
points, such as the starting, the ending times (points) of an object presentation, as well
as any points in between (e.g., at the end of the sccond page, the audio segment starts to
play out).

Sccondly, data object scheduling is needed to provide the temporal control in the
real-time object delivery and display [30]. However, scheduling the data objects needs
precise information, e.g., the required occurring times of the display events. Therefore
the “relative synchronization mﬁuirement.” in the scenario has to be converted into the
“absolute synchronization operation” [42] among the distributed sources.

In summary, the following important characteristics are relevant to our work.

(1) The available temporal knowledge about the objects involved in the presentation
is strictly relative. Precise time values such as durations and occurring times may not be
known. Meanwhile, in order to support the application, the representation of scenarios
should allow uncertainty of information. _

(2) Temporal modeling of the integration should support the synchronization dia-
logue amony; the independent sources, and the real-time data scheduling.

In Chapter 2, we mentioned the OCPN models [29]. Since the temporal interval is
taken as the primitive, OCPN models rely on the duration information in their represen-
tation. The basic QCPN models for the relation of “during”, “finishes” and “overlapping”
can only be distinguished by the different duration values of the involved intervals [29].
Meanwhile, when multiple paths exist between two transitions, the OCPN model by na-
ture can only represent the maximum presentation duration among the paths. The point
based models proposed in [34]{45], on the other hand, do not take the TPC scheduling

into account.
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We present here a mathematical model for the multimedia scenario in a distributed
environment. \We also take the notion of temporul interval as primitive. Nevertheless, our
model can represent all the basic temporal relations that may exist between every two
temporal intervals [1], and the nested relationships anmoug the multiple intervals, without
the knowledge of their durations. At the same time, various synchronization points are
handled. When the acquisition of the duration information generates the chaunges in the
temporal relationships represented in the scenario, the consistency and correctness of the
model are preserved. Thus, “fuzzy” scenarios can be managed. Meanwhile, from the
relative information available, the model is well designed for the inference of absolute

time parameters that arc relevant to the synchronization operation. A synchronization
algorithm based on this model is also presented.

3.2 Temporal Intervals in Multimedia Scenarios

First, we give an example to show the temporal relationships among the data objects
in a fuzzy orchestration scenario. In this example, several distributed data objects are
required to be presented according to the scenario depicted in Fig. 3.1. Pict:zrc P1 should
first start to display. When P1 is finished, picture P2 will start at the same time with
an audio object Al. When audio Al is finished, audio A2, video V1 and text T'1 will be
presented. Between A2 and V1, A2 is to be displayed “during” V1, if the presentation of
object V1 lasts longer. If the display of A2 lasts longer than that of V1, V1 should be
displayed during the presentation of A2. In Fig. 3.1(a) and Fig. 3.1(b), these two cases
are illustrated by the timelines. In either case, text T is required to start with audio A2
simultaneously. Then after the display of T'1, V1 and A2, T2 and A3 will be presented.
A3 is required to finish at the same time as T2. The scenario determines the temporal
presentation of the involved data objects. In the scenario, the temporal relationships can
be specified by the constraints on the starting, ending time (points) of the display, or any
other time point during the display, or on the entire display interval of an object.
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Figure 3.1: Example of temporal requirements in a multimedia scenario
3.2.1 Temporal Logic for Multimedia Intervals

Time can be rcferred. in two ways: as a point or as an interval. Multimedia objects
always have durations in their presentation. An isolated time point is not meaningful
in describing the temporal requirement unless it is related to certain object, which is
delivered and presented in a certain interval. Therefore, the notion of temporal interval
is taken as the primitive in our model.

- Temporal interval is a non-zerc duration of time, e.g., a temporal interval of “3
minutes”. This is contrasted with a time instant which is 2 “zero-width” time point, e.g.
“3:00pm” or “the starting time point of the video object”. A formal definition of the
temporal interval can be found in [13][29].

In multimedia temporal presentation, one multimedia date object associates with
one temporal interval. The terms of “object X” and “interval X" are thus both used
cquivalently. On the other hand, one interval may contain several objects in different
media. For example, in Fig. 3.1, during the interval [t,,%], video V1, audio A2 and text
T1, i.e., “video interval V17, “audio interval A2” and “text interval T1" are involved.
Therefore, one temporal interval may involve several concurrent multimedia intervels.

A Simple logic of temporal interval was introduced in [13][1]. Now we adapt this
logic for modeling the multimedia scenario.

As addressed in [1], there are thirteen relations (i.e., seven relations and their in-
verses) that can hold between any two temporal intervals. Using the representation of [1]
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Relation  Symbol Inverse  Example
XbgforeY X(bYY Y(bX X1 T3
XmeetsY X@m)Y Y(mdN 11
Xequal Y X(e)Y Y@eX E

Xoverlaps Y X 0)Y Y(ob)X %
A 4
Xduring Y X(d)Y Y(@bX &

XstarsY X (3)Y YGIX &
XfinishesY X (DY Y({IX £

Figure 3.2: Basic relations involved in two temporal intervals

and [29], they are illustrated in Fig. 3.2.

Teke R = {b,e,m,0,d,s,f, bi, mi, oi, di, si, fi}, including all the thirtcen possible
relations between any two intervals. Given two intervals X ard Y, 7(X,Y) rcturns the
basic relation specified between them. That is T(X,Y) = r, when X (r)Y, r € R (sce
Fig. 3.2).

1. Parallel relations

A subset of Ry C R is defined as

Ry = Ryy U Rpy = {e,0,d,s,f} U {ol,di,si,fi} = {e,0,d,s,f, oi, di,si, fi}

In order to specify any of the relations r € Ry, the knowledge of the duration is needed.
Given two intervals X, Y and r = “¢’, for instance, X (0) Y is specified and 7 is given
(see Fig. 3.2). If the duration of X is longer than expected, the relation of » = ‘0’ can be
changed to r = “fi’ or r = ‘d?’.

The other relations r € Ry present the same feature. Among r € Ry, when the
durations are unknown, the sta.rting and ending time points of the involved temporal
intervels may embody both the specified and unspecified relations to the other intervals.

In order to capture the semantics in the temporal requirement, two functions f, and J,



r XinyY fi(r) fe(r)

¢ B3 1 1
0,0l %: 1 0
1 g |0 | oo

s si & 1 0
r.ﬁ& 0 1

Figure 3.3: Functions of f,(r) and f.(r)

arc defined to describe the margin information of the intervals involved in relation r € R 1
fule: Ry — B

where B is the boolean set B = {0, 1}.

If fo(r) = 0, r € Ry, then r gives no specified temporal requirement at the starting
times of the two intervals involved. On the other hand, f,(r} = 1 constrains the starting
times of the two intervals. The f.(r} is interpreted similarly for the ending time of the
intervals. In Fig. 3.3, f,(r) and f.(r) are defined for Vr € R;. )

Through f,(r) and f.(r), the semantics of the relation r € Ry at the starting snd the
ending points of the involved intervals are defined. When r =‘d” and r = *d#’ (“during”),
we have f.(r) = fu.(r) = 0. This relation can be used to model the case whea the exact
matching times (“points™} of the two objects are not strictly required in the application.
For instance, when object X is just a description that loosely accompanies the presentation
of object Y, X (d) Y may be applied. Then if the duration of interval X is shorter than
that of Y, the presentation of X can be placed in the middle of that of Y (or vice versa).
On the other hand, the relation of r = ‘0’ (“overlapping”) can be applied to specify a
desired matching time (i.e., the matching point) between two intervals involved. The
matching point is represented by an interval 7, which may only be relatively referred in

the scenario. For instance, the 7 can be required as “at the end of the second page of text
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Duration Specification Symbol Adopted | f.. f. lavolved Relation
Requirement or New Symbol | functions of re iy
Maximum dura. | X{(d)Y (d)Z d Jo(d) =0 | r - implicd between
Fig. 3.4)(a) Jeld)=0 cvery two intervals
Minimum dura. | X{e)Y (e)Z e Ja(€) =1 | » = ¢ implied between
Fig. 3.4)(b) : Je(e) =1 every two intervals
A chosen dura. | ch(X,Y,Z) =Y  ch flch) = 1|  re R, specified
Fig. 3.4)(c) Y(d)X, Z(s)Y fe(ch) = 1| between the intervals

Table 3.1: Duration Spcdﬁcatioxxs
.

Now, except for r = ‘0’ and ‘oi”, the other parallel relations r € 'R_r arc not dis-
tinguished from their inverse in the scenario specifications. The reason is that the only
difference between these relations and their inverses is the duration information. The f,
and f. functions will be employed to deal with the unknown duration information. For
instance, when X(d)Y is specified, X(di)Y will also be handled, benefitting from the
identical f; and f. functions.

In the application scenario, the temporal relationship can be required in terms of
the temporal durations despite the lack of duration information of the involved intervals.
Assume the interval during which several concurrent objects are presented is [¢,, .. Then
the duration of [, %] can be required as one of the cases shown in Table 3.1. As pre-
sented in the table, the f, and f. functions pro;fidc the means to specify these duration

requirements. The presentation semantics are defined as:

X(d)Y(d)Z : All the other objects are displayed during the presentation of the object:
that has the longest presentation duration.

X(e)Y(e)Z : The display of all the objects starts simultaneously. The presentation of all
the other cbjects will be cut off when one (the first) of the objects is finished.
ch(X,Y,Z) =Y : The presentation duration of all the involved objects is required to

equal that of the one chosen. DiSpIay the objects according to the relations r € Ry
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Y ) L " N
== =i =
" ' ;ch(X.Y.ZI)-Y
Y
XYWz X(e)Y(©)2 Y
2s)Y

Figure 3.4: Specification on Durations

specified between every two of them. The presentation of some objects may be cut

off to fit the specified duration.
‘Now, we have three duratica specifications r € R = {d,e,ch}, and f,,fe : Ry U Rpn —

B. Whilc the thirteen basic relations r € R are only specified between every two temporal
intervals, duration requirement r € R., can be applied to [t,, ] involving concurrent
multiple intervals. The duration specifications are useful in collaborative multimedia
presentstion. For instance, when the display of the other objects wanted to be cut off to
match the object of the theme, the [t,, 2.} can be specified as the display duration of the
themne object.

2. Sequential relations

There are two basic sequential relations r = ‘m’ and r = ‘b’ between two temporal
intervals. However, before the durations of the relevant intervals are known, relations r =
‘m’ and r = ‘6’ may not be determined. We also observe that X (b)Y can be decomposed
into X (m)7, 7(m)Y (Fig. 3.2). Meanwhile in the application scenarios, multiple intervals
can be involved in the sequential relation requirement. Thus, the sequential specifications

are provided as:
{A}B : Interval(s) in B will start after all the intervals in A are finished.
<A> B ‘: Interval(s) in B will start when one of the intervals (the first) in A is ﬁmshed.

In {A}B, the interval which is the last to be finished in A, say 7., will “meet” the interval
that is the first to start in B, say 7,. Thus we have 7-(m)#,. In the case of <A> B, the
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Figure 3.5: Multimedia scenario: example 2

Specification for the scenario in Fig. 3.1. | Specification for the scenario in Fig. 3.5
Start{ P1}{P2(s) A1} Endl; Start <Al(s)A2>< Pl >< P3> Endl;
AL{T1(s)A2, V1(d)AZHT2(f)A3} End2 | {Al(s)A2}{P2}End2

Table 3.2: Specification Examples

interval that is the first to be finished in A, say 7, will “meet” 1, i.e., fiy(m)ri,. The
intervals contained in A may be related with each other through r € R; U R,.. They may
also have no relations among them at all. On the other hand, if more than one intervals arc
contained in B, they are assumed to be related with each other through some relation(s) of
r € RyUR,,. When 4 and B both cont.a.in-only one interval, {A}B =<A> B = A(m)B.

Applying the sequential and the parallel relations introduced, a muitimedia scenario
can be formally specified. In the appendix 1, we give the BNF style description for the
scenario specifications. In Table 3.2, the specifications of two example scenarios are
iliustrated. _

Thus, the temporal logic, including both the sequential and parallel relations, as
well as the duration requirements, .are established for the multimedia intervals. The
restrictions on the temporal relationships required in a scenario will be discussed later.



interval 7 € { X, Y1, ., Yo} | T(X,Y) inalF, &K
Ty ch

1, st re Ry | v

other iy, 's All the r € Ry exists between i, and the intervals in {11, ... Yo}

Table 3.3: Definitions for r = ‘ch’
3.2.2 modeling Temporal Intervals

Bused ont the functions f, and fe, the new model for the representation of the multimedia
temporal interval is defined.

Definition 3.1 An intcrval vector
ﬁl‘ = (S"» ol‘dt F;t F;)

is used to represent e temporal interval X in the multimedia scenario. .S, denotes the
source that is actually the “owner” of interval X. The name of the corresponding object
of the interval is indicated tn 71;.0y.

If i, is not involved in any r € RyU R, Az Fy = iy F. = ¢ is defined. If 7z; is only
involved in r € Ryt

i Fy = (it f(T(X,Y)) =0} end e Fe = {7 fT(X,Y) =0} . (3D

In the case that 7. is involved in r = ‘4", ‘€’€ Ry, 7..F, and 7. F, are conformed to the
definition given in Formula 3.1.

The relation r = ‘ch’€ R, as addressed in the previous subsection, includes various
relation of 7 € Ry specified between every two involved intervals. Therefore, given X =
h(X,Ys, o Vo), X(rO)Ye Yi(r2)V, - etc., the T(X,Y) in Formula 3.1 is defined in
Table 3.3. That is, if ¥; is involved in relation » with X, X = ch(X,1},Y2,---,Y5),
only the relation r counts in 7iy,.F, and 7iy,.F,, despite that ¥; may be related with other
Y; € {Yiyo Yo}

Examples: Given five objects X, Y, Z, V, U, the temporal relationships among
them are: X = ch(X,Y, Z,V,U), Y(d)X, Z(s)X, V()X and U(s)V. Then we have:

.



intervala [ X Y Z Vv v
ﬁ-En ¢ {‘\. } ¢ {‘\- } d’
n.kF,. ¢ {X} {X} ¢ {V}

For the scenario given in Fig. 3.1, we can obtain:
interval 7 | P, 1 B Ay As T Wi T s

n.F, ¢ ¢ ¢ {\1} ¢ {4} {A} {1}
nfFe | ¢ {A} {R} VN {4} {4} ¢ ¢

The scenario shown in Fig. 3.5 has 7i4,.F. = {As}, and fiaFe = {0t} All the

other i.F, and 7i.F, equal ¢. A symmetry can be observed in #i,.F, and Ty Fy {17, F, and
. Tiy.F.), when i, and 11, are related through relation r € RyU R,, — {e,ch}. That is, il
fiz € Ay F, (or 7 € 7y.F,), 7y € ;. F, (or i, € 7..F,) also holds.

We use NV to denote the set of all the intervals involved in a scenario. D1, ) (Vi €
N ) is the duration of the corresponding interval. The final value of D(riz) may not be
known until the relevant sources join the data integration for the presentation.

An interval vector can be an object vector or an intermission vector. An intermission
vector %, represents an interval which is not mapped to any multimedia object, i.c., it is
an intermission. In thls case, 7,.0yq indicates 7 is not for any object but an intermission.
The duration D(f%;) can be specified by referring to other objects, c.g., “at the end of the
second page of text T™.

Intermission 7 can be used in the relations of “before” and “overlapping”. In the
relation 7 = ‘0’ (or 7 = ‘0i’), 7 does not appear in the specification (e.g., 7z (0)7,,
fiy(0i)7iz). The intermission vector 7, is thus called the virtual intermission vector here.
In 7a(0)ly, 7ir.S, = .5, is assumed, since 7, (m)f, holds. On the other hand, the
intermission vector 7, is specified for the relation of “before”, i.c., <7, ><7i, >< i, > for
7i2(b)7. In the application scenario, we usually have <7, ><7,> B, where B contains
more than one intervals. When it is uncertain which interval % € B will evince 7ir(m)n,
.Sy will include all the 7.5, & € B. Therefore, an isolated intermission that-ineets or
before no object is prohibited. Intermission 7 alwa;s has #,.F, = #i,.F, = ¢.
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3.3 Time-flow Graph for Multimedia Scenarios

3.3.1 Time-Flow Graph Model

The model of interval vectors and the involved temporal information are maintained in a -
Time-Flow Graph (TFG).

Definition 3.2 A TFG = {An, N, Ea} is a time-flow graph for a scenario which has an
interval set N. Ay is a set of nodes for the interval vectors. N, is a set of transit nodes

and E; is a set of directed edges.

For an interval vector 2, € N, its model A, € Ay is composed of an interval node
N, representing the interval of 7., and § node(s), representing 7i..F, and 7;.F,. Az can

be one of the following forms:
(62, Nz, 80), (88, Ne), (Ne, 87, (Nz)

If 7i,.F, # ¢ & fi.F. # &, A, is (6. N, 81), as shown in Fig. 3.6(2). The model of
fir.F, = ¢ & 7. F. # ¢ is (Nz, 8Y), shown in Fig. 3.6(b). Similarly, (5§, N,) is the
model for 7i..F, # ¢ & 7i..F, = ¢ (Fig. 3.6(c)). At last, if 7i,.F, = 7i..F, = ¢, (N;) is
given in Fig. 3.6(d). In the models, the é nodes (6 and 6\7) do not exist independently
and only belong to the node N.. An intermission node has no é nodes.

There are two kinds of transit nodes in N, the s¢ — node and the tri — node. The
transit nodes are employed for the sequential specifications of {A}B (< A > B), when
either no interval, or multiple intervals are involved in A (see Fig. 3.8). The sq — node
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Figure 3.7: Time-flow graph for basic relations r € R
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Figure 3.8: Time-flow graph for sequential specifications

and ¢{ri — node represent {A}B and < A > B, respectively. An edge eq € Ey is used
to conncct the nodes in the model of a A, (sce Fig. 3.6), as well as the nodes A; in
TFG models. The direction of e; represents the sequential ordering of the presentation
in time, which is explicit in the scenario. In the TFG, a flow path from node A; to 4;
is a sct of nodes Ay, Aiptydje1, A; and edges (directed) such that there is an edge
between successive pairs of nodes (A; and Hiy, Ay and Ay, o, Aoy and 4;). Since
A, AiprynBjor, A; are all intervals with non-zero durations, there exists no path 4,
Aipryenjor, A such that A; = A;. That is, a TFG (An, N, Ea) contains no cycle.

In Fig. 3.7, Fig. 3.8 and Fig. 3.9 the relations discussed in section 3.1 are represented
with TFG models. Two intervals involved in r € Ry U R,, need a common starting node
(e.g., the transit node N, in Fig. 3.7) as well as a common ending node {e.g., the node
N_ in Fig. 3.7). In the relations of r = ‘0’ and r = ‘oi’ (Fig. 3.7}, virtual intermission
7 is represented by the node N.. Since it is a virtual intermission, N, is included in A,
in .(0), (or A, in 7,(0i)7,). Assume that two intervals A; and A, in A, <A> B,
have no relation » € Ry U R, between them. Then A, and A, are connected directly
to the sq — node (Fig. 3.8(b)). There is no confusion of the relation between A; and A,
since they have no common starting node. The interval vectors in Fig. 3.9(c) were already
discussed in one of the examples given in section 3.2. The relationships among the five

intervals are as follows.
Between Y and X: If D(Y) < D(X), Y(d)X or Y(e)X; If D(Y) > D(X), the dispiay
of Y will be constrained to equal D(X). The display of Y’ can be cut at both ends.

Between X and Z: The display of Z will start at the same time as that of X. It will
be cut off when the presentation of X is finished.
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Figure 3.9: Time-flow graph for duration specifications

Between V and X: The display of V will “finish” X. If D(V) > D(X), the head of the
presentation of V" will be cut to make D(V) = D(X).

Between V' and U: Object U will start at the same time as object V. The display of
U will be cut off when the presentation of X is finished.

3.3.2 Examples and Discussions -

In Fig. 3.10, another example which involves multiple concurrent intervals is given. In
Fig. 3.11, both the scenario examples in Fig. 3.1 and Fig. 3.5 are represented in TFC
models. When the basic models are cascaded and paralleled to represent an entire sce-
nario, the common starting node may be any kind of nodes, e.g., vector node (Al in
Fig. 3.11(2)) or & node (5% in Fig. 3.10).

Now we present two more scenario examples to demonstrate the mixed application
of relation r € Ry and r € R,,..

Scenario Example 3: During the presentation of a text object T, an interval



Hlustration of the intervals:

1 1 ]

(The durations are chosen as one of
the possible cuses)

Ny Z(5)Y, VDY, VDUNe

Figure 3.10: An example of time-flow graph

(b) TFG for the scenario in Fig. 3.5

Figure 3.11: Examples of TFG models
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Figure 3.12: Mixed applications of » € Ry and r = *ch’

involves a video object V, an audio object A and images P is inserted. as illusteated in
Fig. 3.12(a). The rendition of the inserted interval is cropped according to the play-out

time of audio A. For this scenario, we have the following specification:
NAT(d)A, A = ch(V, A, P), A(s)V, A(s) P} N,

The corresponding TFG model is depicted in Fig. 3.12(b).
The 7i.F, and 7. F, are obtained as the following.
el 7| T A v P
n.F, {A} (T} o ¢

aF. |{A} {T} {4} {4}
In the example, relations ry € Ry and r, = ‘ch’ coexist. The relation of vy € Ry is

only specified between interval T and A, A = ch(V, A, P). Thus, the intervals A, V, P
involved in 7 = ‘ch’ is taken as a templet, whose presentation duration is determined by
the “representative” interval A.

Scenario Example 4: During the presentation of text T, an intermission involves
a video object V, an audio object A and images P is inserted. The rendition of the
three inserted objects is cropped according to the minimum presentation duration (sec
Fig. 3.13(a)). When one of the three is finished, the other two are cut off.

In this example, intervals A, P and V are still taken as a templet. Mcanwhile, one
of the intervals is arbitrarily chosen as the “representative” of the templet. For instance,

assume the interval V' is chosen. Then the relation 7, = ‘d’€ R, is specified hetween
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Figure 3.13: Mixed applications of r € Ry and r == ‘€’
intcr@] V and 7. We have the following specification for this scenario.
NAT(d)(A(e}V (e) P) } Ne.
The TFG model (Fig. 3.13(b)), #.F, and fi.F, are as well obtained .
interval 5| T A VP

aF, |{V} ¢ (T} ¢

nF. ({V} ¢ {T} ¢
When one of the other intervals (i.e., Aor P) is selected instead of V, different TFG

models will be resulted. Nevertheless, they all represent the same presentation sequence

of the objects. The mixed application of relations ry € Ry and rp = ‘d’€ Ry, is rarely
cncountered in the application scenarios. This mixed application can also be handled by
“templet”, provided that the “representative” interval is explicitly specified.

Given a node N; in a time-flow graph, P(N;) contains the nodes preceded in the
graph. The nodes that succeed Ny are in S(N;). For instance, in Fig. 3.11(a), P(Al) =
{P1}, and S(A1) = {62, 5%} 6D}. P(A.) (S(A.)) are defined similarly for A;. That
is, in Fig. 3.11(a), P(Axz) = {Al} and S(A41) = {Na}.

In TFG models, if 7, (r) iy, 7 € RyU Ry, (P(AR)UP(NZ))N(P(A)UP(N,)) # ¢
and (S(A:) US(NZ)) N (S(A,) U S(V)) # ¢ hold, because the intervals have common
starting and ending nodes. In Fig. 3.10, for instance, as V()Y is specified, we have

(P(Ny) U p(Av)) n ('P(N,,) U P(Av)) = {5;(,”)1 N.} n {59,)’ Ns} = {Ns}?
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and (S(N) USAQ) N (SN US(A)) = {8 N1n {SAENNY SN

In the models, a partial sequential ordering among the intervals in X is retlected
divectly from the scenario specifications. Given the specification {A}B or < A > B,
assume that N4 and Ng are the sets of intervals contained in A and 8, respectively,
Then, Ng = S(N‘a) is defined. At the same time, we also denote Ny é“'(.'\':;.-).
‘Thus, E({r=}) (E({N:}) equivalently) is the set of intervals that succeed interval ¥,
In » I'FG, if between nodes Ny and N, there is a flow path which contains only &
nodes, transit nodes and/or virtual intermission nodes. then we have i, € S({n,}). If
iy € E({7:}), fiz € EY({A,}) is also true. In a scenario, at least one vector 11, has
E-Y({A:}) = 6. Notice that £ is defined on the power sct of N. In Fig. 3.11(a) for
example, E({V1}) = {T2, A3}, and E'({72,A3}) = &~'({T2}) = {11, V1, A2}

3.3.3 Properties of the TFG Models

Although an explicit relation can be specified between every two intervals or even among
a group of them, there is usually no guarantee that the relation involved in or inferred
from the multiple intervals will be consistent [1]. In the application, without the precise
temporal knowledge about the involved intervals, temporal conflicts inay occur in the
scenario specifications. In order to avoid the conflicts of the temporal rclationships, the
following requirements are imposed on the multimedia scenarios.

R1: When i is involved in » € Ry, in the specification, only anc interval Tiy
is referred and only one r is required as 7, (7) 7i., where 7, is already specified in the
scenario.

R1 prevents the possible conflicts caused by the specifications of the parallel re-
lations, such as 72.(r)fy,, 7y(r2)7i; and 7. (rs)Ai;. For an interval 7, only the specified
relation is recorded in its 7. F, and 7. F,. The object display schedule will also he derived
according to this specified relation [26]. Meanwhile, given the specification {A}B and
<A> B, Rl is the way in which the intervals contained in set B are related.

R2: If |- ({@.})| > 1, then before reach 7, , ¥, € £-'({#.}) pass through a
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Figure 3.14: Temporal Couflicts in TFG models

common transit node Ner. That is, ¥a, € S ({f:}). Ner € S(Q,) US(N).

R2 cnsures that i, can only have one sequentially determined position (i.c., the
starting time of 7z). In the TFG, this position is marked by the transit node, when 7,
is preceded by multiple intervals.

R3: If 7 (r)fiy, r € Ry U R, then either £7'({#i;:}) = £~'({#,}) holds or one of
them is ¢.

R3 prevents the conflicts between the sequential and the parallel relations. For
instance, in Fig. 3.14(a), we have £~1({C}) = {D} # £} ({B}) = {A}. Then <A><
B>, B(d)C and < D >< C > may not be able to hold at the same time. On the other
hand, the scenario in Fig. 3.14(b) presents no conflicts between < A>< B> and B(d)C.
Take P(R;)} = (P(N.) UP(A;)) — {6 nodes and virtual intermission nodes}. If 7i-(r),.
r € Ry U R, and [P(%.) UP(#,) : I, then E'({A:}) = £7'({A,}) is held. When
|P(i.) UP(7,)] > 1, without R3, the conflicts can be involved.

The relation » € RyU R, — {e, ch} is recorded in 7i.F, and/or #i.F, of every involved
vector 7i. According to the definition of r = ‘ch’, between every two involved intervals, the
relation r € Ry may only be recorded in one of them. On the other hand, relation r = ‘¢’
is not reflected in the 7. F, (or 7. F,) of any involved 7i. In the following, we formally prove

that TFG models represent all the relations defined among the intervals.

Theorem 3.1 If i, € N is involved in any relation 7 € R, U Ry, then the relation r is
represented by the TFG model.
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Proof: Form the sct N, = {fledly gty } € NLsite (PLASO U PNIYN
(P(Aw) UPNG)) N - N(P(A,) U PN, # ¢ and (S(A) U SN NS, U
SN D NN (S(ALYUS(N)) # ¢ Given a iy, there mny. be several such N5 For
every N,, we have the following two possible cascs:

1) If 30 € N, s.t, (@ F,UAF) NN, = ¢, relation r - *¢ or 1 - ch’ exists among
the vectors 7t € N, (e.g.. Fig. 3.12 and Fig. 3.13);

2) If case 1) does not stand, 7, is only involved in r € Ry U R, — {e ch} with wee
tors 7y, € N,

Now we discuss each case.

(1) r € Ry U Ry ~ {e,ch} = {d, f,s,0,0i}

If any 7, € N, has a certain relation with 7z, ({5} N fie.F) U ({#,} N1, F) £ ¢
should hold. Moreover, if 7, € 7i..F, & i, € A:.F,, the relation between 7, and Ty is
fiz(d)ity; if 7oy € . Fy & 7y € i Fe, the relation is 7o (f); if iy € 7. F, & 7, € Az F.
the reletion is

Ra(s)y PN NPN,) # &5
fiz(0)y, P(Nz) NP(Ny) = ¢ & P(N,) is a virtual intermission node;
fig(0)it. P(N:) NP(N,) = ¢ & P(N,) is a virtual intermission node.
Therefore, locking into #;.F, and 7,.F,, the temporal relation between i, and any other
vectors in N, can be determined.
) r = ‘ch’ or r = ‘¢’ is involved in N,.
case A: (M. Fy Ui F) N N, = #, then for Vi, € N, s.t. (. FsUR )N N, =
¢, 7i=(€)7. holds. For 1, € N, s.t. (7,.F, N {fiz}) U (fi,-F. N {f.}) # b, we have the fol-
lowing results. If 7i; € %,.F, & 7i; € 7,.F., fhe relation between 72, and 7i, is 77, (d)7iy;
if iy € 7%y.F, & 71 € 7. Fe, the relation is 72, (f)niz; if 7, & 7, F, & iy €yl r =15,
T = ‘0’ or r = ‘o’ can be identified, as we did above.
case B: (7. F,UTi,.FN N, # ¢, assume it is i, € N, s.t. (7,.F,U7,.F,)NN, = ¢
— U (7%.F, N {%,}) U (7. Fe N {#,}) # ¢, then by comparing i, fiz-F, and 7.,

the relation between 7i; and 77, can be identified.
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Figure 3.15: The TFG model of the scenario example

Mcanwhile, if 37 € N, s.t. ({fie} NA.F) U ({ii:} NA.F,) # 3, the relation between
i, and 7 can be determined similarly, by comparing 72z, A.F; and n.Fe.

— 1€ (e Fy N {fiy }) U (7iz-Fe 1 {7y }) = ¢, then for 7l € (7. F, Uiz Fe), the relation

between 7, and 7 can be identified.

Examiue the other N,'s of fi; in the same way, all the relations of r € R, U Ry that
7ty is involved in can be identified. —Q.E.D.

Now all the relations of r € R, U Ry that fi; is involved in are represented by the
T FG model. Since the transit nodes explicitly represent the sequential requirements, all
the relations defined are represented by the TFG.

3.4 Temporal Structure of Time-Flow Graph

In last section we presented the temporal model. i.e., the TFG (Time-Flow Graph) model
for collaborative multimedia presentation scenarios. For example, Fig. 3.15 shows the
TFG and the specifications of the scenario given in Fig. 3.1. In this scenario, picture
P1 will start first. P2 and audio Al start simultaneously. Then A2 is displayed durisg
video V1 or vice versa {sec Fig. 3.1(b)), depending on their display durations. In either
case, T'1 has to start at the same time with A2. Finally, T2 and A3 finish together. The
scheduling algorithm to be presented are based on the TFG models.
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3.4.1 Activity Occurrence and Interval Reference

Although various temporal relationships can be involved in a seenario, the mnjor issue of
scheduling is to select the starting time for the presentation of each object. The starting
tine of an object, which is related to the other objects, may require synchronization
operation among the sources. Thus, the starting time that involves muliiple objects

should be captured from the TFG model.

Definition 3.3 In a scenario, the interval set N is decomposed into a sct of AC's (Activity
oCcurrence). An AC; is constructed by two disjoint sets AP £ ¢ and AL, i, AC; =
APUAZ. Since |AZ] 2 1, given 7i; € AY, we define

A? = {7} U {fi, : 7 (r) 7y, 7y € AR, r € RpU R} and.

A} = {fi.:Bf, € Nst.fi(r)fie,r € Ry U Ry
& &1 ({A.}) = (.} where i, € APUA? & 11,5, = 7.5}

Recall that £-1({#%;}) denotes the set of intervals by which 7, is preceded in a TFG.

In the scenario shown in Fig. 3.16, for instance, AC; = A} = {Al, A2}, A} = {P1} and
3 = {P3}, AC5; = Aj = { P2}, assume the pictures are from the same source.

From the definition, Vi, € N are divided into the ACs. An AC distinguishes

a starting time when either different sources are involved, or a new group of concurrent

intervals and their temporal relations are required. In AC;, the A? contains the concurrent

intervals and the A} includes the sequential ones.
Proposition 3.1 An interval i, € N can only be in one AC.

Proof: Suppose 7, € AC; & 7, € AC;, where AC; # AC;.

From the definition, it is impossible that 7. € A} & 7i; € A}, neither i, € A7 &
iz € A5 If iz € A} & 7i; € A} assumed, then we have A? = A} = A! = A}, ic,,
AC; = AC;.

52



A |

Fclung ] S Pictard T

Pictuny : I Pl B3 Piclurg :_: L P

l
Audio _m"'l'i Audio l l
Audio _Az_l Audio _m_r
- B
T () DXaLXAD I @ DeAtyDiA)

When Al orA2 is finished, Pl starts, ‘
When Al and A2 are both finished, P2 starts

shurt CANSAD > <P <PIsEndl
{ANSA) (P2 Enl

Figure 3.16: Scenario cxample 2

Finali;, if A, € A} & #i; € A3, then for &, € £7'({fi:}), #. € AJUAY & 7, € AJUAL
From the above, it is only possible that @, € Af & @, € A}. Look into £~'({R,})
and then £71(E71({#})), ..., etc. Eventually, there is & @ € A} & 7 € A3, such that
E-Y({n}) = {7}, and only one of tue following three cases can hold for #,. That is,
cither 7, € Af & 71, € A}, or 7, € A? & 7, € A}, or 72, € A} & 7, € A, However, none of
these cases is possible.

Therefore, 7i, can only be in one AC. — Q.E.D.

The AC that 7, is contuined in is denoted by A(N;) or A(7.), equivalently. For
example, if 7, is in AC;, then A(7,) = i. In a given scenario, which has n ACs all
together, the set of ACs, ie., £ = {AC,, ACy,---, AC,} forms a partition of N. That is,

"o AC; = N, AC:N AC; = ¢, for all AC,,AC; € L, i# j. Take A, as the first AC in
a scenario, then VA € AR, £7Y({7}) = ¢.

For every AC, a reference is defined in order to ii:fer the sequential position of the
AC in the TFG. Usually, without the knowledge of D(7.), V. € N, it is difficult to
identify a precise sequential relationship, i.e., whether <7, >< 7, > holds, between two
intervals 72 and 7. It can only be inferred that in the TFG model, i, € £~({fi.}) may
“meet” ;. Thus, according to the sequential ordering reflected by £~!({7:}), a subset



REF? ¢ N is formed for 71,
REF{ C {#, : 7ty € EY({7i:}). Ay € ACi i € AC).
Based on REFY, the following definition for the “reference vector™ is ghven,

Definition 3.4 The REFerence veclor RE F; of AC, ts defined us

REFY 2 REF, = {fiy: <ity><#l,>,#, € REF{, ¥, € AC; &1ii € S({ri, D}

and REF§ = REF, = ¢.
Proposition 3.2 The number of intervals in REF, can be limiled to |REF]| = 1.

Proof: First, according to the requirement R3 in section 3.3.3 |25]. il #i, (#)ri., then
either £-1({%;}) = £ '({%:}) holds or one of them is ¢. Therefore for a given AC,
say AC;, there can be only one REFY. As required in R2 in the previous section [25),
Vit € £71({7;}) have to pass through one transit node Nir. The transit node N, is used
to represent the sequential specification {A}B or <A> B. According to the definitions
of the sequential relations given in section 3.3.3, in either case, a unique starting time of
intervals contained in B.is defined. That is, if {A}B, then <7, >< 7, >. Here 7, is the
last to finish its display among the intervals contained in A and 7, is the first to start its
display among the intervals contained in B. If <A> B, we also have <7, ><7i; > where
Tiy, in this case, is the first to be finished in A. Since there is only one starting time of the
7. which is the first to start in B, more intervals in REF; will not change this temporal
position. We can thus have |[REF| =1 — Q.E.D.

3.4.2 Aggregated Time-Flow Graph (ATFG) for Scenarios

From the Theorem 3.1 given in last section, all the relations that an interval 7i,, is involved
are represented. Thus, for the convenience of description, we assume algorithms Z;(N, 7i,)
and 7.(N, 7z, N,). T:(N, i) returns all the intervals that are related to 7, in the scenario
N. The algorithm ‘2-;(!\7 , 7z, N,) produces the relation(s) between 7, and the vectors in
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subset N, C N. specified in the scenario N. For instauce, given the scenario shown in
Fig. 3.15, (N, 42) = {T1,V1}, and (N, A2, (V1)) - {d}

At node n in the TFG of a scenario, Fig. 3.17 shows how to obtain the ACs for nodes
n; € E({fi}). Applying the recursion techuigue, the algorithm Establish(7) geuerates all
- the ACs and their corresponding REF© for a scenario, with N, as the initial value of 1.

The N, is the starting transit node in the TFG model.

Establish()
Begin
m=0
If the node is N, Begin
REFy = ¢;
While (E({N,}) # ¢)
Begin
While(A2, ) m=m + 1;
Take 7; € E({N,})
While (A2, = ¢) or (3 € AL, & 3i; € (N, 7ix) & 7i; & AP)
Begin
A() = m;
A2, = AU ();
E({N,}) = E({N.}) - {A:};
Establish(7;);
End /* While */
End /* While */
End /*If */
Else While (E({f}) # ¢)
Begin |
If [E({7})]> 1 or 37, € E({R}) & 7i.S: # 7i.Se
or [E- ({A:}})| > 1 or 7, is involved in r € Ry U Ryp — (1)
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Begin

Take 71; € E({7});
While (ARyim = @) OF (3ik € Mgy & 3 € TN, 12)
& ﬁ" ¢ Afl(r?)+m)
Begin — (2)

A() = A@) + m;
REFsy = £ ({A:}) U REF ;3
Naomy = Ko Y {7
For every #i; € E-1({#;}) :
e({n;}) = £({#w;}) - ()} — 3)
Establish(7);
End /* While * /
End /* If */
Else Begin
Take 7% € E({R});
Ny = My VU {7l — (4)
Establish(7;);
End /* Else */
End /* While */
End
In the algorithm at line (1), 2 new AC is generated. In the loop starting from line (2),
A? is constructed. The line (3) ensures that a vector 7. would be contained in only one
AC. At line (4}, the A} 5 is built.
For the scenario illustrated in Fig. 3.15, the ACs and their REF*“s generated from
executing the algorithm Establish(7) are given below:
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Figure 3.18: The aggregated time-flow graph: example 1

i|ar REFT
0 {P1} ¢

1| {P2,41}  {P1)
2| {V1,42,T1} {A1}

3| {T2, A3} {T1,V1, A2}
In a scenario, after all the ACs are obtained, a subset of nodes which contains

Vit € AC; and their connecting edges can be replaced by one composite AC node. Given
AC; and AC;, if 37; € REF} & 7i; € AC;, then an edge is directed from AC; to AC,.
Thus, by decomposing the vector nodes into ACs, an Aggregated Time-Flow Graph
(ATFG) can be formed. In Fig. 3.18, the ATFG of the scenario given in Fig. 3.1 (TFC
in Fig. 3.15) is presented. If there is an edge from AC; to AC;, it is also denoted as
AC; € E({AG}), AC; € E7'({AC;)). In Fig. 3.19, the ATFG of the scenario shown in
Fig. 3.16 is given. In this example, we have m > 1 in computing the ACs. Notice the
difference between the AT FGs in Fig. 3.18 and Fig. 3.19.

Proposition 3.3 Given a scenario (An, Ni, Es), and the partition of N as £ = {ACs, AC,,
-+-,AC,}, if |[REF;| =1, then the ATFG of the scenario is a lree.



Figure 3.19: The apgregated time-flow graph: example 2

Proof: Because there is no cycle in a TFG (section 3.2), there cannot be any cycle in
the ATFG.
Since REFy = ¢, we have £({ACo}) = ¢. AC, is taken as the root node of the tree.
For the other AC; € £, since |REF;| = 1, assume REF; = {fi}. As 7 can be in one
and only one AC, £~ ({AC;}) = {ACa(m} is obtained. That is, ACaw) and only ACa
is connected to AC; by a directed edge. Therefore, the ATFG is a tree. — Q.E.D.

3.5 TPC Scheduling Algorithm

3.5.1 Real-Time Multimedia Integration

In real-time multimedia remote presentation, e.g., the application of teleorchestra, ac-
tivities such as multimedia object delivery and display are supposed to be performed
continuously, in real-time. The solution for this real-time data integration is that all the
sources which are supplying the objects for the orchestration participate in the temporal
integration, by scheduling their object delivery [28]. Thus synchronization among the in-
dependent sources is required. The TPC scheduling algorithm proposed here is designed
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for this purpose.

We can observe that the integration of the temporal relationships may have to be
implemented in a distributed manner. A contralized scheduling center may be easy to
design. However, the center can be the bottleneck of the system.  Besides. whether a
database server is congested at a given time or the data object required is locked by
some other applications (e.g.. for concurrency control in joint editing [17]). also have to
be considered in a network connection situation. Recently. collaborative environment
desighs (e.g., DiCE [6]) often aim to a hub-frec (fully distributed) architecture. Thus,
the scheduling algorithm may have to be executed in a distributed manner. taking the
autonomy of the sources into account.

The algorithm designed here can be performed in a fully distributed manner. With
respect to the autonomy of the involved sources, we intend to support the synchronization
dislogue, including the temporal inference and schedule derivation in a distributed nun-
ner over the network. Based on the Time-Flow Graph (TFG) models proposed for the
scenarios used in the teleorchestra, it is assumed that much of cur temporal knowledge is
relative and distributed in the system. In this case, we provide a synchrouization model
so that the independent sources can negotiate the remote temporal presentation of the
multimedia data- User’s interactions on the presentation (e.g., pause, fast-forwarding and

fast-rewinding) are accommodated as well.

3.5.2 The Algorithm

After the execution of the algorithm, the following three conditions should be satisfied.

C1: After the execution of the algorithm, the display schedules for all the objects
are obtained.

C2: The server should be scheduled in accordance with the sequential specifications
in the scenario. Therefore, no jitters nor gaps [41] would occur in the source’s schedules.
In Fig. 3.20(a), the occurrence of jitters in the schedule forces the presentation of the
object audio? to start before the previous object (audiol) can be finished. The play-out

of audiol is hence garbled, against the requirement in the scenario. On the other hand,
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Figure 3.20: Gaps and jitters in the scheduies

in Fig. 3.20(b), the gap in the schedule introduces an extra intermission (gap) in the
presentation which is not specified in the scenario.

C3: The parallel relation among the intervals should be scheduled.

Condition 1 states that all the data objects required in the scenario should be sched-
uled for display. The second condition prevents jitters and gaps from the schedules of the
object display. C3 indicates that the “matching” of the multimedia objects in the scenario,
which the involved sources are responsible for, should be maintained. The scheduling con-
sists of three major steps, as depicted in Fig. 3.21. It is actually a syncluronization dialogue
among the multiple sources. In the following, we describe each step.

1. Local scheduling

First, the algorithm Establish(7) is executed. The algorithm can be performed
at any site which holds the scenario generated from the applicai:.ion. Then the results
will be sent to all the sources involved in the integration. If the scenario is broadcast,
Establish(77) can be executed at every source distributedly.

Then every source performs local scheduling. This is the step 2. The schedules for
the objects that belong to S; are produced. At the end of step 2, source S; will have the
following results:

t¥ : the schedule of 73; given by source S;, i.e., ;.S = S;, and 7i; € ACpy;

ti, = t¥ + Di.: the finishing time of 7i; given by source S; that “owns” #i; € REFF,
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7y € ACm. Dj, is the display duration of object 7 in AC,.. The display duration includes
the play-out time D(j) of the object, and/or the holding time required for a static media
(e.g., text, image). The case in which a certain object has no predictable display duration,
e.g., & program to be discussed, will be addressed later. Here DY, is assumed for every 1.

For instance, given 7y € AC,p, #:.5, = S, the source S; can muke the local schedule

as:

If S; congested or 73;.044 is locked
t =the earliest possible time;

else t7 =0; /* S; schedules its object contained in A2, */
While (3N, € S(N;) & 7i; € A}, ) /* Sequential objects in A2, */

Begin

th =t + DI ;

If object 7; has to be delayed until ¢ + A7

For Vii; € A%, UA2 & 7.5, = S; 1 t = {4 + A,

;= T;

End /* while */
After step 2, source S; broadcasts a message containing all its £¥, D, and &} = £ + DI,
(if n; € REFE), for YAC,, € L. Meanwhile, if D(7i,) of an intermission 7 is specified by

referring to a certain object X, e.g., “at the end of the second page of object X7, the
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owner of object X also provides the value of D(fi,). Given M sources in the integration,
altogether M (M — 1) messages are generated in the system. After source S; receives the
messages from all the other sources, it starts step 3. Now, in the TFG models of 7i-(0)7,
(viy(0i)7i. cquivalently), the virtual intermission 7i, is composed into node N, such that
D) = D(7i.) + D(i,). Therefore, the relation 7 = ‘0" and r = ‘0i” will be differentiated
from r = *s" at the source locally, through the interval +.

2. Inference of the interval sequence

In step 3, before the schedule inference, a subset NT* of intervals is constructed for ev-
ery AC,, € £, as shown below. The set 5’}" contains all the objects 7i; € AC,, s.t. i {m)7i;
where 7, € REF,,. Given AC,, = £({AC:}), Fig. 3.22 manifests the schedule inference.
In Fig. 3.22, t8EF is the finishing time of interval 7, € AC;, and A, € REF,,. For
the intervals in N7 (e.g.. 7, in Fig. 3.22), tR€F is then also their starting time that is
determined sequentially by the preceding presentation intervals. The schedules for other
intervals 7i; € ACm & 7i; & NP (e.g., iy, - in Fig. 3.22) can be derived in accordance
with their relations to the interval 7, € JV}" Now, we construct the ’\7} for a given AC;.
First, vectors 7i € A? are selected to form subset S, s.t. S = {7 € A? & E-'({7}) # o}

Then the templet which involves relation r = ‘e’ or ¥ = *ch’ is scarched:

If 3N, = '{ﬁl.ﬁ-_»'- - Fik} C S, where
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(P{A) UP(N)) N (P UPN) A1 (PR UPLNG) 7 o
and (S(A) VSN N (S VSN N ASQD U SN £ o
and 3, € N, s.t. (FF U F)ON, - 6

Begin

D,, = min{D}, : Vs € N, s.t. (MR URGEIN N, o)

For Vii; € N, st. (. R URF)AN, - ¢

D,, = Dy;

Si=8-Ng

Sclect 75 € N, st. (1. R Ui F) NS, # ¢

Si=Su {1

End

Thus, the “representative” (i.c., 77;) of the templet in a scenario is included in the subset
S.. From the S, ’\7} is constructed.

At every AC;: 1\?} = N‘}" = ¢
If 37, € S; & 3 non-d node € P(N,)
!\7} = ’V} U {7;}, for all such 7i,;
Else Begin
/* Only the relations of 7 = ‘d" and r = *f" need to be considered */
For all 7, € §; & {d} N Z:(N,7,,5) # ¢
For i, s.t. DY = maz{D, Df : {d}NT (N, 7, {7i.}) / 4,
where 7i, € S}
Begin
NP = NP U {7, );
If 37.(d)t, & ([} N TN, 7, 5) # &
Dy = 245 — (1)
Else D! = D¥;
End /* For */

Forall i, € §; & {f}NT(N,7,, 5) # ¢
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Begin
D; = Dy
If 7, ¢ N NP = NPU {ii.}:
End /* For */
For 7i; € N} such that D} = ma={D7 : Vi, € NP}
Vi = Nju ik
If7i; € No. N} = MU N, - {fi: i e N, & A.F, NN, # )
/* Collect the “templet” N.* /
End /* Else */

The calculation at line (1) is illustrated in Fig. 3.23. If i, € REFY is an intermission
node and it has more than one “owners”, after N} obtained, we take 7i € ."?} and 7i,.S, =
n.5.. REF,, need to be derived from REFS. As addressed before, after step 2, i}, =
t’j{ﬁj) + Dfu,-h.) will be reccived from the source S, who “owns” vector 72; € REFS,.

Define EQUE, = t& = s + Dy n = 1.2,---,|REFS], for every #; € REF,
7i;.Sp = Sg. Here t ) is the final schedule obtained for 7; € ACa;), and D)z is
the presentation duration. Then comparing all EQUs, the REF equation for ACy, i.e.,
EQUw = tRFF = 15, + D4y fix € REFy, is obtained. In the comparison, the
tri — node and sq — node determine the vector to be selected for REF,,. That is, if ACp,
is started by a tri —node (e.g., AC> = {P1, P3} in Fig. 3.18), EQU,, = min{EQU™,n=
1,2,---,|REFE|}. Otherwise, we have EQUp, = max{EQU™,n=1,2,---,|REFL[}.
3. Inference of the schedules for all the data objects in the scenario

65



Now. the inference of the final schedules for the distributed objects can be conductad,
The schedules from the different sources will be svuchronized 1o obtain the final sehedule
ty, of interval 7i; € AC,.. As described above (Fig. 3.22), first the sequential inferenee
is performed to obtain t8EF ie,, tt, for Wi, € .'\?J‘r". Then the schedules for all the other
veetors in AC,, can be derived in accordance with their relations to the vector 1, € 4\-’}".
Meuawhile, besides the sequential inference, the schedule for every object has also been
chosen by its “owner” source in step 2. Therefore, a “maximum selection™ is perforted to
decide the final schedules for the objects. This “maximum selection™ prevents the jitters
from occurring at a source (i.c., to ensurc that the source will be ready to start at the
time scheduled).
Use t7, to denote the final schedule for interval 7, € AC,,.. Given schedules ¥ for
Vi € AG;, Vil € AC,, € E({AC;}) can be scheduled as the following,.
First, obtain REF,, by comparing the finishing times of the objects in REFY.
1) EQUr: = tREF = the finishing time of 7y, iy € REF,.
2) Obtain schedules for ¥, € N7 tREF = max{tREF &y : wii, e N{*}; then for
Vi, € NP, tf, = tREF; Ar, = (REF _ EQU,. Here t¥ is the schedule made by the
“owner” source Sj of 7.
3) For Viiz € A%, & 7i & NT, if 37y € NP & 7o (r)fiy, 7 € Ry U R
t;, = the starting time of 7, derived from (¥ ;
4) If &7, < 77 /* 177 is the schedule from the “owner” source of 7i, */
Begin
Or =3 ~ 65
For Vi, € AC,, and 7i,, is scheduled: £, =t + Ar;
ATy = Aty + A7; [* Gap between AC; and AC,, */ .

bn =t
VP =Npufih
End

For Vi, € A%, 7i; € E({fiz}) & 7z € AZ,, schedule of 7, are obtained by following ¢, and
the display duration locally at the owner source.
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Figure 3.24: Gap occurrence in the scheduling

At step 1), the ATFG has already been turned into a tree, provided that |REF,|
is limited to 1. The step 3) and 4) are repeated until Vi, € AC,, are scheduled. In step
2) and 4), the “maximum sclection” is performed to choose the proper schedules for the
objects. However, after the maximum selection, gaps can occur in the schedules. For
instance, in Fig. 3.24, if the source which supplies text T'1 can only start at time ¢ but
¢, by the maximum selection, the schedule for both audio object A2 and text 7'1 will be

delayed to time ¢'. Then there will be a gap 7 in the display between Al and A2. Gap
filtering is thus nceessary:

fA7, >0, 8] = & +Any; forVizst. i, € AC; & AC; € Ly,

where £,, is the sub-tree whose root node is AC.

Applying the recursion technique, the entire algorithm Infer(m) is presented in
the Appendix 2. With an initial value m = 0, Infer(m) can generate the synchronized

schedules for all the objects contained in a scenario.

3.5.3 Discussions

[t is easy to verify that the three conditions mentioned before can be satisfied. The
algorithm is conducted by scheduling the ACs. Because every vector is in one and only
one AC (Proposition 3.1), all the objects in the scenario are scheduled. In the algorithm,
the maximum selection prevents the jitters. The gap filtering procedure eliminates the

gaps in the schedules. Meanwhile, all the relations of r € Ry U R, are contained in the
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ACs and are thus maintained among the intervals, after the inferenee.
When the ATFG is lincar (¢.g.. the ATFG in Fig. 3.18), the gap liltering procedure

becomes:
AT >0, tf =17+ An Vi<

Thus the recursion of the gap filtering (the scarch on the tree) need not be performed.
Therefore if an ATFG has a lincar structure, the computational complexity of exeeuting
Infer(m) is reduced. On the contrary, the scenario which has an A7FG model as shown
in Fig. 3.19 may causc more computation in the scheduling,

In the algorithm designed, the object X which is related to other object through
a parallel velation » € Ry U Ry, is taken as the synchronization unit. Thus, in the
object scheduling, the lower bound of the synchronization unit is constrained by the
parallel relations in which the objects arc involved. That is, our algorithm manages

the synchronization among the data objects, which is directly required by the specified

temporal relationships.

3.6 Example and Practical Issues

3.6.1 A Scheduling Example

The scenario shown in Fig. 3.1 is taken as the example scenario. Three sources S, Se

and S3 are assumed in the integration. The objects and their owner sources are given as:
Si: {PL,P2,T1,T2}; S;: {A1,A2,A3}; Ss: {VI1}

The ACs and REF“s from the algorithm Establish(7) are given here again for conve-

nience.
ACy={P1}, REF§ = ¢; AC, = {P2, Al}; REF = {P1);

AC; = {V1, A2, T1}, REF{ = {Al}; ACs = {T2, A3}; REFE = {T1, V1, A2}.



First, the source S is taken as the example to demonstrate the local scheduling. The
algorithin Schedule(n) is exccuted with initial value of m = 0.

Assinne the schedules chosen by S) for its objects are
(@3, a2, dh, ) = (20, 40, 45, 50)

The other two sources perform the same local scheduling procedure. Then the messages
from cach source will be sent to the others. The message from source Sy is the above
schedule results, plus the ¢} = t3P! + DIP' = 20 + 10 = 30 and ¢} = #T! + DIT! =
15 + 10 = 55. Mcanwhile, the presentation duration of the objects owned by source Sy is
also sent. Assume that S has D(P1) = D{P2) = D(T'1) = D(T2) = 10.

Now, we assume that the message from S, contains:

(3, 242, 12%%) = (0, 0, 30); D(A1) = D(A2) = 10, D(A3) = 5;
@ =t"+ DM =0+10=10; t3 = 32+ D#*?* =0 + 10 = 10.

The message from Sz includes: (1)(t3V) = (58); D(V1) = 15; (2)t3 = 3+ D3V =
S8+ 15 =T73.
After §;,7 = 1,2,3 reccives the messages from the other two sources, 1\7} can be

obtained for every AC; as the following:
N} = {P1}; N} ={P2,A1}.

Since V1(d)A2 & D(V1) > D(A2), N? = {V1}; At ACs, since T2(f)A3 & D(T2) >
D(A3), we have N?¥ = {T2}.

Now, every S; can execute the algorithm Infer(m) (see Appendix 2) with the same
set of parameters to obtain the same schedules for the objects.

As Infer(m) is being computed, we can have tf? = 20, t®EF = 20 410 = 30 =
EQU,, tf5" = maz{30,0,40} = 40, and a gap Ar, = ¢tREF — EQU, = 10 between AC,
and AC). Since P2(s)Al, t{% = ¢{!! = 40. Then at AC,, t2EF = ¢ + DA =40+ 10 =
50 = EQU,. The schedules for the objects in AC, can now be derived from the EQU,.
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Figure 3.25: Example: Gap occurrence in the scheduling

Since V1 € N3, tf! = maz{50,58} = 58. Then a gap Ars = 58 — tREF = 8 exists

between AC; and AC,. Meanwhile, we can obtain:
A ()W, so 4% = max{0,58 + (15 — 10)/2} = 60.5;
T1(s)A2, so tI' = maz{45,60.5} = 60.5.

At AC,, similarly, the schedules for 7> and Az are obtained as
t32 = maz{55,73} = 73; t£° = maz{30,73 + 10 - 5} = 78.

Because of the gap Am, = 8, gap filtering procedure Gap(8,1) (see Appendix 2) is per-
formed. As a result, tf2 = ¢! = 40+ 8 = 48. Now A7, = 40 + 8 — 30 = 18,
t§! =20+ 18 = 38. The final schedules for all the objects are obtained as

8, 12,48, 62,600, 7,652, t4°) = (38, 48,48, 60.5, 58,60.5, 73, 78)
as shown in Fig. 3.25. The execution of the algorithm Infer(m) can be done by one souree

selected or by three sources in a distributed manner. In the former case, the resulting
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schedules are sent Lo the corresponding sources. If the algorithm is computed at every

source, siame results will be obtained at all the sources.

3.6.2 Interactions in The Collaborative Multimedia Presenta-
tion

In the multimedia presentation, the viewer may pause the data display sequence to view a
certain portion. Fast-forwarding (jumping) and fast-rewinding (jumping back) of the pre-
sentation may also be required. In these applications where the interactions are involved,
the sources need to perform a “re-synchronization” as follows, to restart the sequential
display after the interruption. ,

The new display requircment, including the starting time ¢4, and the starting po-
sition in the presentation sequence, is sent back to the sources. Assume that the new
display is required to start right after the object X has already been displayed for a time
of Dpiax(X). Then A7 = by — Dias(X) — £, is obtained by the sources, where &7, is
the original schedule derived for object X. Thus, for Vi, € N in the followig display.
tr ., = t4 + Ar > tg, can be obtained. The synchronization among all the sources are
then maintained. '

With the interaction of “pause”, the TFG models handle the object in the scenario
whose presentation duration cannot be known until the presentation is finished, e.g., a
program to be discussed in conferencing. The object of the program can be assigned an
estimated duration value in the designed scenario for the sake of the algorithm. When the
program is displayed, all the sources come into a “pause”, until the new starting time t4;,
is received. Assume that object X is to be presented right after the program. g, > 7, is
required, where ¢7, is the schedule of X originally obtained from the scheduling algorithm.
Then, the sequential display will be continued, as addressed above.
| Similarly, live dubbing of the presentation can be implemented, although the presen-
tation duration of the live data is often unknown until it is finished. In all the applications

where live data are involved, TFG models accommodate the live data object through its
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corresponding stored data object, which has been specificd in the seenario and schedided.
The user, for instance, can view a document at his/her workstation while commenting
it lively. Thus, the uscr will not be bothered (scheduled) as 10 when should start to
talk. “Pause” and “fast-rewinding” (back-jumping) can both be used when the stored
object is being displayed. to let the user finish the dubbing, Then, the ¢, is sent and the

presentation can be resumed.

3.7 Summary

In our synchronization model proposed, we introduced a method to convert the relative
and imprecise temporal relationships among the multiple presentation intervals into o
precise synchronization control for the distributed multimedia sources. This is achicved
by descriliing and preserving the temporal semantics at the starting and ending times of
the concurrent intervals. Then the exact sequential, as well as the parallel relationships
among the intervals can be finally derived and followed. By modcling the “fuzzy” scenarios
which are generated directly from the distributed applications, synchronization of the
independent sources can be handled in a hub-free manner, with respect to the autonomy of
the sources in a group-oriented environment. The application of multimedia teleorchestra
can be supported in real-time.

The synchronization unit in our algorithm is constrained by the parallel relations
specified in the scenario. All the temporal relations that can be required in the tele-
orchestration are reflected and maintained during the scheduling. Mecanwhile, as multiple
destinations are usually involved in the application, the scheduling of the objeets is con-
sidered in a multiple connection situation. User’s interactions and live data objects are

also handled in the synchronization model. Our above contributions were published in
[25]]26]-
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Chapter 4

Simultaneous Real-Time

Multimedia Data Delivery

In order to provide the multimedia presentation to the end users over the network, we
have designed a real-time multimedia communication architecture where a Simultaneous
Real-Time Data Delivery (SRTDD) scheme is embedded. In this chapter, we present this
SRTDD scheme.

The SRTDD control comprises the multimedia session management, the multimedia
Activity Constraint Control and the multimedia Segment Delivery. Instead of the tempo-
ral rclationship models used carlier in the TPC algorithm, the Synchronization Quality of
Service (SQoS) parameters are employed to control the synchronization of the real-time

multimedia data streams.

4.1 System Architecture

4.1.1 Layered System Model

We repeat here the synchronization problems that need to be resolved in the SRTDD
control. Firstly, in a single medium data stream, the continuity of the data may be
interrupted by the random network delay. Secondly, among multimedia data streams

processed and transferred in parallel, mismatching (i.e., synchronization errors) may hap-
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Figure 4.1: Layered architecture

pen. Then the time relationships required by the application can no longer be satisfied.
The synchronization errors may be caused by the random network delays, as well as by
the different data processing speeds (e.g., decoding speeds) and clock crrors.

Our solution for the SRTDD in multimedia conumunications is based on a hyered
’ system model (see Fig. 4.1). In Fig. 4.1, the multimedia system is divided into two sub-
systems, the Application Sub-System (ASS) and the Transport Sub-System (TSS) [20] .
The ASS consists of three layers which correspond to specific layers of the OS] Reference
Model: the application layer, the presentation layer and the session layer. The TSS
manages the transmission of the multimedia data. Since an ATM network is utilized for
the multimedia data transfer, the three lower layers of the TSS conform to the ATM layers.
The Multimedia Transport and Network Management layer (MTNM), which is located
above the ATM layers in the MDCS model, prepares the multimedia data generated by
the ASS for transfer on the ATM network.

It is known that the existing OSI model is unable to handle the rclationships among
multiple data connections for multimedia communications [39]. Therefore the Synchro-
nization Controller for Multimedia Communications (SCMC) has been introduced to the
system to manage such relationships in the SRTDD control. Part of the SCMC is located
in the session layer and the rest is in the MTNM layer (sec Fig. 4.1).

In order for the session layer to organize the multimedia data and to represent

their simultaneous time relationships imposed by the application, the SCMC performs
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the so called “grouping”(section 1.2.2) on the application data. Then the “activities”
defined by the application are delivered by the SCMNC as synchronization control units.
If the application demands “tight” coupling, then at MTNM layer, a fine synchronization
control unit, i.e. the “segment” is choked by the SCMC within every activity in the
session. Delivery protocols and control schemes applied on the units by the MTNM layer
filter the paps, smooth the jitters and couple the data strewms.

The MTNM layer then prepares the multimedia data for transmission on the ATM
network. For cach multimedia session, the MTNM layer determines the transmission re-
quircments, the QoS puramecters (c.g., parameters 6f the average data speed, peak rate,
packet transfer delay and loss, data stream smoothing, etc.,) (will be addressed later) in
conformity with the application requirements and then requests for the network connec-
tions. The desired QoS parameters will be later translated into parameters of cell transfer
delay, cell loss and smoothing, etc., at the ATM level{44].

4.1.2 Multimedia Data Transfer on ATM Networks

Distributed multimedia applications requirc network support with high and variable bit
rates for variable data types. For this reason we have chosen an ATM network for the
MDCS which supports multi-connections through high capacity data links. The multi-
media data are separated irto multiple streams according to the variable transmission
requirements of the medium they belong to. Each stream is transmitted on a suitable
virtual connection.

The bandwidth of the communication connection required by data of a particular
medium is determined by its source rate (sample rate and sample size). For instance,
the digitized voice has a sample rate of 8 kHz and a sample size of 8 bits. Therefore
the connection required is: 8kH =z x 8bits = 64kbits/sec. If the sample rate of digitized
video is 10M Hz, its sample size is 24bits and the number of frames generated per second
is 30 frames, the data rate generated by sampling is then (10MHz/30) x 24 x 30 =
240AIbits/sec = 30Mbytes/ses. Assume the compression ratio of video coding equals 8.
Then, the required connection speea is 30Mbits/sec. In the case of high quality digitized
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audio, the sample rate is at least 44 kHz and the saple size is 16 bits. The connection
required, in these circumstances, has to support LEH 2 X 6bits Tlkbus/see. Such
virtual connections can be carried by a 150 Mbits/see ATM data link.

1t is known that multimedia application sources burst {e.g., video and voice) with
variable data rates. ATM uctworks are designed to support the sum of 1he average
connection speeds as well as the acceptable peak rate [ In this way, an ethicient

utilization of network resource can be achieved |41}

4.2 Multimedia Session Management

4.2.1 Synchronization Quality of Service Parameters

Before introducing the notion of control schemes in SCMC, we first notice that the dilferent
synchronization constraints are required in different multimedia presentational applica-
tions.

“Tight coupling” is required by some applications. A typical example of strict time
matching is the “lip-sync” probiem in vidco conferencing. The movements of the speakers’
lips have to match exactly their voice. On the other hand, sometimes, tight coupling is not.
strictly required. In the case of a music service application, for instance, the Hi-Fi music
and a background video are sent to a remote user for the purpose of entertainment. The
display of the video showing, e.g. views from nature, does not require any strict matching
with the music. In this case, a “loose coupling” is sufficient. In video conferencing,
for example, voice data may couple the video with a tight “lip-syn” while short text
annotations loosely couple the voice by displaying the summary of the specch.

The “tight” and “loose” coupling should be described quantitatively for synchro-
nization control. This is a very important issue in the multimedia synchronization stud-
ies. From the experiments conducted recently by Steinmetz in IBM Heidelberg [42], the
synchrenization errors that can be tolerated by human perception vary in different ap-

plication scenarios. For instance, 80 msec mismatching in lip-sync of voice and video
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can be perceived as disturbing by the application users. Ou the other hand, if the text
annotation is played out 200 msec carlier than the voice, the presentation can still be
well accepted. We call these application defined parameters the “skew tolerance parum-
eters”. Skew tolerance parameters detcrmine the synchronization goal that should be
achieved by the SRTDD control. The issue of specifying the different coupling types and
the corresponding skew tolerance parameters, and also the derivation of the parameters
between the indirectly related data streams have been thoroughly studied by Steinmetz
[42]. According to his study, Steinmetz has proposed that the skew tolerance parame-
ters are taken as the Synchronization QoS (SQoS) parameters and included in the QoS

requirements for the multimedia transmission network.

4.2.2 Grouping of Multimedia Data Streams

As multiple data streams are included in a multimedia application, a “group” is used to
separate the multiple data streams into groups according to their relationships in a phrase
of the application. Grouping primitives are offered by the Synchronization Controller of
Multimedia Communications (SCMC) so that the application can declare the simultane-
ous temporal relationships among the multimedia data streams being generated. Data
streams in the same group are related directly or indirectly in the application scenario.
In Fig. 4.2, for instance, in group G,, the voice couples the video with a tight “lip-sync”
while the short text annotations loosely couple the voice by displaying the summary of

7



Figure 4.3: Grouping multimedia data streams
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Figure 4.4: Grouping primitives

the speech. Therefore, among the three data streams in group G, the voice is directly
related to both the video and the text, while the text data stream is directly related to
the voice stream but indirectly to the video. Data streams in different groups are not
temporally related. Thus there is no synchronization requirement between the streams
in different groups. Different groups can be declared for the data that belong to different
applications. As shown in Fig. 4.3, the data stream in group Gy is independent from
the application in group Gi. There is no real-time synchronization requirement between
the processing and transmission of the data in Go and G;. Thus the receiver can handle
the data stréam in G, separately (e.g., holding one window for it). Four primitives are
offered by the SCMC to the application (see Fig. 4.4). The primitives can be used to add
in new groups (e.g. user joining in another sub-conferencing [43]) as well as change the
old ones (e.g., user trying to close one of the medie that was in use). They are also used
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to declare the change in the coupling requirements between the data streams. Therefore,
the status of “grouping” wvaries with the change of the media in use as well as the new
synchronization constraints on the media. Both of them indicate the change in the appli-
cation by presenting the new relationships of the data streams. In the real application,
the new relationship of data starts naturally a new application phrase (session). Thus
the multimedia session management which concerns the relatiouships of the data in the
application is carried out by the “grouping”. By the exchanging of a sct of “prouping™
primitives, the SCMC starts the new application session. The session includes the groups
of multiple data streams declared and, within each group, the coupling types required for
the data streams.

The class of “coupling types” is provided by SCMC to support the differcnt appli-
cations. The skew tolerance parameters are associated with every “coupling type”. The
coupling types involved in the group are rca:ﬁuired in the primitives. Then the synchro-
nization control should maintain the required coupling by limiting the synchrenization
errors within the corresponding skew tolerance parameters. We notice that more than
one coupling types can be involved in a group. For instance, in the example of group G,,
voice and video streams are coupled by the “lip-sync” skew tolerance parameters, while
the text and the voice streams fall into another type. Thus, in our synchronization control
architecture, SCMC undertakes the task of achieving the required quality according to
the SQoS parameters.

In order for the TSS (Transport Sub-System) to manage the network connections
for the multimedia data streams included in the application session, the second function
of “grouping” is to pass the transmission requirements of the data streams as the QoS
and SQoS parameters to the TSS. The TSS will then resume old connections that are still
usable, release extra connections and set up new ones that are necessary for the session.
Therefore the “grouping” helps to finish the network resource reservation for the transport

management while organizing the data streams for the synchronization control.
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4.3 Activity Constraint Control

In cvery group, activity is “marked” in the data streams by the application itself, indicat-
ing the desired measure of the matching constraint at the application level. For instance,
activity can be defined by the synthetic presentation scenarios as we encountered in the
previous section of Temporal Presentation Control. If we take the data delivery for an
cntire multimedia scenario as a sessioﬁ, the simultaneous presentation of a set of coupled
objects can be taken as an activity. For instance, two activities can be assumed in the
scenario shown in Fig. 4.5. The first activity is 2 video clip summarized by a voice seg-
ment. The sccond is another video clip explained by a piece of text. In each activity,
there is no tight coupling between the streams. However, 1 vider to keep the application
valid, the first activity should be finished before the data streams in the second can be
started. The activity constraint control primitives are provided by SCMC to allow the
application declare the activities, so that the sequential ordering of the data on multiple
streams can be managed. ACC is also a session management entity. The ACC primitives

are shown in Fig. 4.6.

4.4 Multimedia Segment Delivery

After the groups are declared, the SQoS parameters are passed to the multimedia Segment
~ Delivery (SD) entity in the Transport Sub-System (TSS). The (SD) can then be performed
in every group.

80



Actereq.
\._ -— b Avtimd, Aoy,
/ Act.aton.
Actonl
Act=conl,
(1) With confinnation (2)Withowt conltmation

Figure 4.6: Activity primitives
4.4.1 Multimedia Segment

As well as a multimedia data delivery unit, the multimedia segment is the synchronization |
granularity. In the transport subsystem [20|, SCMC forms the multimedia scgments by
dividing the data streams in a multimedia group on the time axis. If the activitics are
already defined on the streams in the group, one activity may contain several segments.
As multiple data streams are involved, one segment contains sceveral components. Each
component corresponds to an individual stream in the group. A scgment marks the
required simultaneous temporal relationship: streams within a segment are supposed to
be displayed simultaneously. The synchronization control is performed on the segment.

The sender workstation forms the multimedia segments and delivers them. Below,
we illustra’ - hat the desired segment length is constrained by the required SQoS.

Assume AT; is the skew tolerance pzranieter between the data streams 7 and j.
Define ¢; and ¢; as the average delay between the display of the two adjacent packets
in the stream £ and j, respectively. & (¢;) includes the random network delay and the
processing delay. Let T; (T;) be the time slot of one i (j) data packet. Then the segment
size S (time length) is constrained by

Tit;=Ti4

TiTAT 3 .
maz{T;, T;} S S < #27% W (F<§),

. TT;an; L~ 4
{max{ﬂ,T,}SSS—’—’- If (F > &) (4.1)

which is a derivation from the two constraints

l%xﬁ-%xtjlsm,-&szmu{n,m
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Figure 4.7: Example to show the length of S

For example, let 7; = 1, T; = 3, & = 1 and t; = 2. If the skew tolerance parameter is
Am; = 2, Fig. 4.7 depicts the skews incurred in the cases of § = 6 and § = 9. From this
~ simple illustration, it can be observed that if S is too big, the skew tolerance parameter

will not be satisfied. On the other hand, it is unnecessary to make the segment too small.

However, the value of the segment size S cannot be determined so simply, because
t; and t; should both represent random variables. In order to choose the size S, certain
performance modeling of the segment delivery scheme is required. This will be discussed
in Part II of our thesis.

In Fig. 4.8, as an example, segments are divided in the group G, as G5 = {.S-';, .S-",-, §k}
on the three involved data streams. G,5™ = {s?, 7,51} is the n-th segment in the group.
G1S™! is the previous segment to G15™. '

As different coupling types and thus different skew tolerance parameters may be
involved within the data streams in a group, the segment lengths should vary with the
parameters. This may result in two or even more different segmentation scales on one
data stream. The examples in Fig. 4.8 and Fig. 4.9 present two segmentation schemes to

handle the different scales. In Fig. 4.8, only one segmentation scale is employed in the
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Figure 4.9: Different segmentation scales
group. The segments $*~2 to S*** are listed as follows.
2= {527,577 ks §7 = {77287 ks
Sl = {S?_I,S?_l,¢k}; St = {si.s5iskhs
gntl o {s;t-l-l’ s}"”, ¢k}; Snt2 - { s?+2, s;-""2, s',:"'z};
S = {775, 87%%, by S = {71 ks

Here, ¢x specifies that this segment is not applied on the data stream k. Although stream
k may still be delivered during this time interval, no synchronization control neceds to
be performed on it. Thus only one segmentation scale is kept on the stream j. The
actual segment size for data stream k is twice as that of streams 7 and j. In Fig. 4.9, two

different segmentation scales are used on the data stream 5. This scheme can assign more
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aceurate segment sizes to the different streams according to the required skew tolerance
paruncters. However, new skew may be generated during the synchronization control on

a segment, as we will present in the subsection below.

4.4.2 Segment Delivery

From the above, the multimedia data streams are delivered as & sequence of segments. The
sender chooses the segment size S according to the SQoS (skew tolerance parameters), and
~ also the available network information. Primitives can be used by the receiver to negotiate
as well as require the size S according to the actual skew incurred in the play-back. During
the delivery, the sender also employs the available network information to pre;lict the delay
that the data will experience, during the transmission and the processing at the receiver
[11}. Thus schedules can be made for the packet of every component in & segment [28).
Since different components may be transferred on different network connections (e.g., in
an ATM nectwork), data of different components may have different schedules in order to
be available for the display at the receiver at the “same” time.

Although schedules can be made at the sender, random delays are always inevitable.
To deal with the random disturbance experienced by the data, at the receiver, the segment
delivery entity performs the synchronization recovery on each segment. The simultaneity
between the data streams is restored by starting to display the components contained in
the segment, ideally, at the same time. Hence, the first packets (e.g., video frames) of the
component streams which arrive eariier are delayed mtil the first packets (frames) of the
remaining streams are received. At the receiver, the “synchronization delay” is introduced
to the carlier arrivals by the SCMC due to this waiting. Because of the synchronization
delay, a buffer is required at the receiver for the synchronization recovery at the beginning
of every segment. This is the synchronization recovery buffer. It can now be seen that if
more than one segment scales are forced on one data stream (e.g., Fig. 4.9 stream j), the
synchronization delay caused by waiting for a data stream (e.g., stream k) may introduce
new skews between streams ¢ and j in their segment display.

Although the first packets (frames) of all the data streams in a segment are started
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out together, synchronization errors among them will gradually increase, because of the
random delays introduced to the following packets and frames. The errors will not bie
recovered until the next segment is played out. If some data streams have not arrived
even when the threshold of the synchronization delay is reached. the segment may have to
be started to display due to the application’s real-time requirements. Then the segment is
displayed with a “start-out” mismatching at the beginning of the segment [20]. Often the
applications can tolerate some “start-out” mismatching as long as the errors are controlied
under the skew tolerance parameter. '

In order to filter the gaps, smooth the jitters and thus deerease the mismatching at
the end of a segment, an “intentional delay” is placed at the beginning of each sepment.
That is, in a segment, the first packet(frame) of cach data stream will be delayed inten-
tionally before being played out. This extra delay helps reconstruct the data streans, The
intentional delay is already applied in voice packet switching [7] systemns and vidco ap-
plication systems. Different media require different intentional delay times for recovering
from gaps and jitters {2](3].

The segment information need to be transferred from the sender to the receiver.

Below, we present three different schemes for the multimedia segment delivery.

4.4.3 Different Delivery Schemes

1. In-Band Segment Delivery (IBSD)

In-Band Segment Delivery (IBSD) shares tie same idea as the “markers” [33]. In
IBSD, each component of a segment carries a segment header as shown in Fig. 4.10 (a).
The “segment header” starts a new segment. CDJ; = 1 indicates the header is a valid
segment marker for data stream i. On the other hand, CDJ; = 0 informs the receiver that
this segment marker is not applied on data stream i. Thus, the receiver will not wait for
stream Z to match the other streams. Assume (; bits are needed in a segment header. The
bandwidth used for sending each header, when the segment size is S seconds is: 551- x N,
assuming N components (streams) are included. Since extra bandwidth is required for

transmitting the header, the available bandwidth offered by the network constrains the
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Figure 4.10: Segment headers for IBSD & OBSD

lower-bound of the scgment size S. Given B as the bandwidth available for the header

transmission, the value of S should be:

= T=Tik

maz{9EN T, T} < S < #2508 K(FE<})

{ maz{S3X T, T} < S < TH4% 1 (5> §)

This is directly obtained from the Formula 4.1 in the previous section.

IBSD easily transfers the segment information during the data delivery. It takes
almost no risk of losing any information for reconstructing the segment at the receiver,
compared to the out-of-band segment delivery scheme presented below. However, inserting
the segment header requires to reformat the data streams which are originally generated
from the acquisition devices. Certain difficulties may thus be encountered in connecting
the user equipments to the SCMC and the multimedia transport subsystem.

2. Out-of-Band Segment Delivery (OBSD)

Out-of-Band Segment Delivery (OBSD) employs an additional connection for the
synchronization control [40]. On this synchronization connection, synchronization param- -
eters such as the segment headers are transferred. For every segment, a header of Fig. 4.10

(b) is sent to the receiver on the connection. Thus, no matter how many components are

- included in a segment, only one header is sent. For a component of stream i, PN; gives
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the sequence number of the first packet in the component, marking the starting of the
segment on stream 2. The value of PN, may also indicate that the segient is not ap-
plied on stream ¢, the same as in the in-band delivery. Assume G bits are necded in the
segment header. The bandwidth used for sending each header is 5: whent the segment.

size is S second. Therefore, the OBSD delivery scheme may require tess banawidth. The

constraints on S, in this case, become:

maz{§. T, ;Y S S < fgst (R > &)

T.tj—Tj!.
N A T.T'Af.' T, L
maz{$, T, T} S S< £t U(R<p

OBSD needs an extra synchronization connection for the transmission. The impact
of network fluctuation on this connection may delay the segment header being transferred.
Then the receiver will be forced to wait for the header information or even give up a
certain segment reconstruction due to the delay. Hence, in the network flow management,
different treatments should be applied for the synchronization connection and other data
connections. This certainly complicates the management of SCMC and the network.

3. Variable Rate Segment Delivery (VRSD)

Besides the above two segment delivery schemes, a better performance can be
achieved by the Variable Rate Segment Delivery (VRSD). The purpose of VRSD is to
reduce the segment information sent to the receiver. We observe that the header can con-
tain redundant information unless the application data streams are “bursty”. By bursty,
we mean that a stream can have two states of “on” and “off” at different times. When
a stream is on at time ¢, data are being transferred on the stream. When a stream is off
at time ¢, no data is being transferred on the stream at the time. In VRSD, the sender
only transfers a2 segment header when 2% least one of the data streams changes its state
during a segment interval S. Fig. 4.11 gives an exiaunple. With VRS'D, only the headers
for segment n — 1, n+ 1, n + 3 and n + 5 are sent.

The receiver reconstructs the segment according to the header received, or the pre-
decided segment length when no header is received. In this case, the same time slot of
packet size for all the data streams included in a group can help to simplify the algorithm

at the receiver. For instance, if the video source generates 30 frames per second, a packet
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Figure 4.11: VRSD Example

for a 64kbits/scc voice connection should contain 267 bytes. Then if the segment:size
is, sny, 6 packets, the recciver can casily collect 6 packets from every involved strez;m t;)'
reconstruct a segment. In fact, as long as the receiver knows the packet size of the-da.ts.
on each st.ﬁ:mn, the segment can always be recognized with a segment size S.

In VRSD, the more bursty the data streams, the more information needs to be
transforred. Assume that an on-off data stream i can be modeled by a two state Markov

chain shown in Fig. 4.12 as:

) 1 at time ¢, the state of stream ¢ is “on”
] =
0 at time ¢, the state of stream i is “off”

Then the steady-state probabilities are given by

P{i(t) = 1} = m‘YT‘pt Pi(t) = 0} = ,n':f Py

The probability that stream i is “on” for a time longer than ¢, is
P{a} > ty} = 7%,

Among the data streams in group G, for example, assume that two streams Z and j
are independent and bursty, modeled by the above Markov chains. Define the random
variable . '
M= 1. a header is sent in 2 segment interval S
0 no header is sent in a segment interval S. -



Figure 4.12: The two-state Markov chain model for an on-ofl stream

Then during a segnent interval S, a scgment header is sent with probability

. Y5 =S =0,
PH=1} = x (1 — e~ e}
{ ) (% + &) + p5) (
YiP; -5 =¥
+ 1 —e e~
e Tomrapn Rl )
25 S-S
+ X (1—e™M"e™™
(i + o) (v +05) )
+ Pib; x (1 = ¢~ "Se™%) (1.2}

(% + )+ 05)
The proof of Formula 4.2 is straightforward. At the beginning time , say ¢, of a scgment
interval S, there are altogether four possible states of the two streams i and j, listed as

the following:
() = 1n3(t) =1}, {it) =1nj(t) = 0}, {i(t) =0nj(t) = 1} {i(t) = 0N j(t) = 0}
. Then,
P{H=1} = Pla! <SUg} <S§,i(t)=1Nj(t) =1}
+P{c} < SUd) < S,i(t) = 1Nj(¢t) = 0}
+P{c® < SUai < S,i(t) =0Nj(t) =1}
+P{a? < SU? < S,i(t) =0nj(t) = 0}
Take the first item. We have:
Plo} < SUg} < §,i(t)y=1nj(t) =1}
P{o} < Sual < Sli(t) =1nj(t) = 1} x P{i(t) = 1N j(t) = 1}
= (1-P{o!>8na}>Sl(t)=1nj(t) =1}) x Pli() =1n3(t) = 1}
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Sinee i(¢) and j(¢) are independent, we can get:

1 - P{o! >Sna} > Slit) = 1nj(t) = 1}
= 1= P{a} > Sli(t) = 1nj(t) = 1} x Pla] > Sli(t) = 1nj(t) = 1}
1 - P{a} > Sji(t) = 1} x P{o] > Slj(t) = 1}

S

‘Then, the following is obtained:

Plo} < SUe] < §,i(t) =1Nnj(t) =1}
= (1 =-S5 x P{i(t) = 1} x P{j(t) =1}

%Y; -8 _—p;S
= x (1 — e™A%e™?")
(% + 2) (35 + p5) (

Similarly, it can be derived:

. Plo! <Sud} < S,i(t) = 1nj(t) = 0}
= P{o} < SU? < Sli(t) = 1nj(t) = 0} x P{i(t) = 1 N j(t) = 0}
= (1-P{o! > Sndd > Sli(t) =1nj(t) = 0}) x P{i(t) = 1 nj(t) = 0}

YPi —piS —7;S
x (1 = e " e %)
(7 + g% + p5)

In the same way, the rest of the Formula 4.2 can be derived. Thus, the average number

of the headers sent in a segment interval S is
9=P{H=0}x0+P{H=1}x1=P{H=1}

The bandwidth required in VRSD for transmitting the segment header is %%, where  is
the number of bits contained in a header. Both in-band and out-of-band segment delivery
can be used to transfer the header for VRSD. As # < 1, the bandwidth required for the
header in VRSD can be less than the other two schemes. The constraints on the segment

size S become:

Tot;=Tht;

maz{$, T, T;} S S S Tpt M (F<§)

{ mazr{$,T.T;} < S < 208 1 (% > &)
= Tgi=Tit;
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In VRSD, a more flexible and robust segmt':m‘ delivery and reconstruction method
can be explored. If the sender sends a header whenever a stream changes its state, the
receiver can determine the segment length by itself. according ta the skew presented.
as long as the receiver knows the time slot of the packet size for every stream. Variable
segment lengths can be employed by the recciver, in different network situations. However,
if the application data streams are too bursty, more headers may have to be sent in this
VRSD variation. Assume the minimum segment size agreed between the sender and
receiver is Sg. That is, the segment size S sclected by the receiver always satisfies 8 > S,.

In this case, if N streams are assumed in the group, when
min_{(= +)/2} <$
=LladV p‘- '}“' 0>

more headers may be sent than that in the other delivery methods.

4.4.4 Different Iintentional Delay Scheme

The intentional delay schemes can be classified as the FD (Fixed Delay for the first arrival)
protocol, the CD (Channel Delay for the first arrival) protocol, ctc. [2][3]- Here, we only
address the CD protocol in detail. Define ¢ as the slot time of a packet, (or a videco frame).
Define t; =t +t, + &; =t + t,, where t,,: Network delay of a packet (frame); ¢;: Intention
delay of the packet (frame); and ¢, = ¢, +¢; is named as the system delay of the packet
(frame).

In the CD protocol, the receiver adds a fixed intentional delay for the first packet
after receiving it, i.e. for the first frame and the first packet: t4 =t + 1, + T ;

Therefore the receiver waits for the arrival of the first packet(frame) and then, after
a fixed intention delay T; , the first packet(frame) of the component is ready for display.
The delay time before the play-out of a segment includes the random network delay of the
first packet(frame), the constant intention delay T; and the time of waiting for the other
data streams if any of them is not ready yet. The CD protocol can be used by either

voice or audio.
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Ditferent media may have different intentional delay schemes. For instance, while
the CD protocol is applied on the voice data, the first frame in the video data can be
allowed for display when the sccond frame arrives, following a different intentional delay
scheme.

Al the receiver, there are theoretically two policies that can be applied on the follow-
ing packets and frames which arrive later in a segment. The two policies are discriminated
on the time axis:

E policy—It is a time expanding policy. The receiver will wait for the late packets
(frames). There is no packet (frame} discarding. The E policy is more suitable for a video

I policy—It is a time preserving policy. The receiver will preserve the timing at
the expense of ignoring late packets(frames). The receiver will drop the late data. The I
policy can only be used for 2 voice receiver because it is difficult to meet the high quality
requirements of the video data. o

Now, we are looking into an example of multimedia segmentation and delivery. We
choose voice and video as our sample media. The synchronization between real-time
voice and video is the basic synchronization control in most popular applications as video

conferencing, video phone, etc.

4.4.5 An Example of Multimedia Segmentation and Segment
Delivery

The real-time voice and video data streams are taken as our example. It is known that
voice data streams are not strictly continuous. The voice data corresponding to 2 person’s
talk-spurt are interrupted by silent intervels. People talk alternating between talk-spurts
and silent intervals. The length of the talk-spurts and the silent intervals can be modeled
as random variables with exponential distributions, with respective mean values 1.32sec

and 1.82sec [2]. Therefore the voice source can be modeled by a two-state Markov Chain
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Figure 4.13: Segmentation on Real-time Voice & Video

and the distribution of the number of packets in a talk-spurt is geometrie,
pi(c) = prob.{(e+ 1) packets in o talk — spurt} = (1 — p)pf, a=0,1.2, w(1.3)

Voice data has redundant information and can tolerate certain transmission errors.

Video demands high bit rate and low error rate. It is sensitive to transmission errors.
High throughput is also a key point in the application. But its response time constraint
is not so critical as that of voice. Basically we should avoid losing frames in the video
transfer.

We briefly address our video source modeling as follows. The trend of video coding is
VBR (Varisble-Bit-Rate) based. Assume the video data is generated with a fixed number
of 30(usually >= 24) frames per second. Each frame is differentially encoded by the
difference of the movement it contains compared with the previous frame. A [rame is
made of packets. The number of packets and thus the amount of data contained in a
frame is variable.

1. Segmentation on Real Time Voice and Video

Now we form the segment, i.e., the segment by one talk-spurt (or talk silence) with
its describing video data, i.e. a matching Video Activity Unit (VAU) (as in Fig. 4.13).
The VAU is thus defined as the amount of frames caught (generated) within the time
duration of its matching talk-spurt or talk silence. When there is only one data stream
and the other is empty in the application, e.g., during talk silence or no talking for 2 while,
data in the video stream will be taken as one segment (e.g., S*, S™*2, etc., contains only
video data).
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There are two important features of this segmentation scheme. First, the scheme is
very reasonable if we consider the voice data stream itself. If the synchronization unit cuts
into a talk-spurt to form a multimedia segment, the synchronization operation within a
tatk-spurt will destroy the continuity of the speech. As human perception is very sensitive
to the voice continuity, keeping the talk-spurt as & unit helps to maintain a good voice
play-out quality.

Sccond important feature of this segmentation scheme is the adjustable segment
length. As mentioned above, the data will be taken as one segment when all the other data
streams have empty components in this segment. Since no inter-stream synchronization
is needed when there is only one data stream on display, the efficiency of segmentation
is improved. Because the non-cmpty component need not wait for the empty one for the
display, the length of the cpty component (e.g., talk silence) during the delivery will
be adjusted according to the arrival of the ﬁon-empty component, which is interfered by
the random network delay. This gives much more flexibility in the data delivery. The
video data corresponding to the talk silence will be displayed continuously after the video
component in the previous segment (i.e., corresponding to the talk-spurt) without any
synchronization waiting gaps. As the empty voice component is always following and
follomd by a non-empty one, this scheme supports the continuity of video data streams.
It offers a more smooth connection between the display of the video components in the
two neighbouring segments with less (less than half) occurrence of gaps .

Now the time length of 2 video component (2 VAU) is also expenentially distributed,
similarly as that of its matching talk-spurt or talk silence. As only the VAU that cor-
responds to the talk-spurt is involved in the “matching” and “waiting” for simultaneous
delivery, its length distribution is obtained as:

po(a) = prob.{(a + 1)} packets in a (VAU)} = (1 — p)p5, 2 =0,1,2,... (4.4)

Thus, the probabilistic characteristics of the segment size are obtained.
Any other scheme with a smaller segment size will break the talk-spurt. As a user
is always very sensitive to the voice medium, interrupting a talk-spurt is irritating. Since



the play out schemes for voice based on the talk-spurt arc well applied in today's packet-
switching voice system, it is a very practical and also a reliable way to coustruct the
segment on this model.

2. The Voice & Video Segment Delivery

We are now investigating typical protocols chosen for the segment delivery including,
the voice and video components. Our analysis will mainly deal with the random network
delay. _

Assume that the network delays of all packets in & talk-spurt arc independent,
identically distributed (i.i.d.) random variables; same are the delays of the video frames.
The assumptions will be guaranteed in networks with a highly dynamic routing policy.
The transmission of voice is assumed to be independent of that of the video data. As
the ATM network has multi-connections, this assumption can be guaranteed when the
network is not in a congestion situation. We also assume that the statistical independence
between the talk-spurts is guaranteed. The assumption is also applied to the VAU frames.

Some random variables and other related variables arc defined as below: ¢, Time
slot of a voice packet; ¢; : Time slot of a video frame; t,,;: Network delay of a voice packet;
Pn:(t): Probability density function(p.d.f) of tn; tne: Network delay of a frame; with its
p.d.f. Dre(t); Tne = tno/ty ; Lt Intention delay of a voice packet; £, The system delay of
a packet, ye = tne + L tar: Total delay of a packet; tgn: Total delay of the n-th packet;
t:v: Intention delay of a video frame; t,,: The system delay of a frame, ¢y, = Ly + Liv Lawt
Total delay of a frame; tsv,n: Total delay of the n-th frame; p.(y): p.d.f.of the random
variable ¥ ; Pz(¥): Distribution function of the random variable y.; Pe(y) = [Z., Pe(t)dl;
T.: The constant value for the random variable of ¢- or just a constant.

Fig. 4.14 shows the synchronizing of voice and video data streams. It ma.nifesf:s the
data delivery process with the E policy for video and the I policy for voice.

The CD protocol with the E policy is chosen for video and the I policy for voice.
Therefore the system delay of the first packet is : ¢, = tn + T} and of the first frame is
tsw = tnw + Tin- The total delay time of the first video frame can be expressed as 4,0 =
mMaz(ty+tay + Tov b+ tne +Ti) = max(tne +Toy bne +To); where T, = by +Ti; T, = L, 4 Ty
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Figure 4.14: Synchronization of Two Data Streams

and for the first voice packet £g0 = Lavo Since they are started out at the same time.
As the p.d.f. for (taw + T2) is J§° Pro(t = T)6( — To)dT = pre(t — To); and similarly,
the p.d.f. for (tne + Tt) is pre(t — T); So the p.d.f. of tav is:

Pdu.o(t) = pnu(t = Tu) R nt(t - T:‘-) + pnt-(t = Tt) F rw(t - Tu) (4'5)
Pdu.O(t) = Pnt(t - 'Tt) Pmr(t = Tu) . (4.6)

taro has the same density function as t4v,0.

With exponential random network delay assumptions, we can obtain the numerical
results of the delay before the display of a segment in SRTDD (Simultaneous Real Time
Data Delivery).

Assume the network delay of a voice packet is exponentially distributed as pn.(t) =
Ae~>¢ . and the network delay of a video frame is: pnu(t) = Ase™* . Then the delay

distribution of Formula 4.6 comes out:
Pdu.t(t) - (1 - e-.\.(t—‘n))(l — e--\vfz-'ru))’ . (4.7)

If we assume one talk-spurt taking 1.32sec, 40 packets, then the number of frames in
its matching VAU is 30 frames/sec x 1.32sec = 39.6(frames). For simplification, we can
take £, = ty. Assume the mean value of the network delay is two slots for both the voice
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Figure 4.15: Delay Distribution at The Recciver (1)

and the video. The probability distribution of the delay time for the display of a segment
is manifested in Fig. 4.15, with respect to the parameters 7, and 7; and normalized on
the ¢, . In Fig. 4.16 the intention delay of video is two time slot which is a practical
number. Increasing the intention delay in either data strcam will certainly increase the
delay time before the display of the segment. Parameters should be chosen according to
the delay constraints on the segment display (i.e., end-to-end response time constraint)
and the necessary intention delay required by each single data stream in every individual
medium. The parameters for the threshold waiting time in the SCMC can be determined
on the distributions of the segment delay.

The following video frames will obey the E policy. The delay before the display of
the n-th frame will be: 14,5 = maz(ts + trv, tavn-1) ; 50 Paonlt) = Pt — Lr) Paun—1(t) +
Pro(t — t£)Paun—1(t); Then

¢

P, dv.n(t) = j_m Pavn(T)dT = P du,n-vl(t) Pro(t — tr ) = P:v(t =y )Pdv.O(t) (4.8)
Thus the pdf of n-th frame in VAU:

pdu.ﬂ(t) = nP:u- l(t - t! )pm(t - t! ) F dU.O(t) + P:,(t - tf)pdn,o(t) (4'9)

Following packets are displayed continuously, slot by slot in a determined way. Late packet
arrivals will be discarded. The average number of the missing packets can be obtained as
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given below:
Prob.(the packet is discarded) = p(ty + tne > taro)
= [ plt> 7 = tplpao(r)dr
= po

As the distribution of the number of packets in a voice component is: p,(n) = (1 -
p)pr,n=0,1,2, .., then we can take the event of discarding a packet as a Bernoulli trial
with probability py. Hence the number of the discerding packets, givea n packets in a

talk-spurt, is Binomial distributed as: p(D = d|N =n) = ( :; ) p3{(1 - pp)"~%; Therefore

the average number of the discarded packets is
1

E(D) = E(E(D|N)} = P, (4.10)

The numerical examples are shown in Fig. 4.17 with the same assumption as the
above. We notice that the discarding of voice packets is decreased while increasing the
intention delay of voice and video. This is another factor considered for choosing the
intention delay time.

If another protocol for the video component is chosen as the first frame will not be

played out until the arrival of the second frame, the delay of the first arrivals in the segment
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will then be changed to: tauo = MAT(tr+tnw, 2rtine, tptine+Tit) = maz (s 4, tae +T2):
where t, is the network delay of the second frame; and 7; = ¢, + T,
In our assumption, the network delay on every packet is i.i.d. distributed. Therefore

the ¢,, and ¢, are independent random variables with the same distribution. Thus the
pdf of tasp is

Pdu.O(t) = pnv(t - tf)Pno(t - 2t!)Pnt(t - Tt) + Pru(t - T:)Pnn(t - 2"!)an(£ '(‘7-})1)
+Pnu(t = 25} Poo(t — tr)}Pult — Te)
Pioo(t) = Pro(t = t7) Paolt — 2t7) Pu(t — To) (4.12)

The distribution of the 4 is the same as that of the 4.

The case of real-time voice and video is taken here as an example to demonstrate the
segment delivery of SRTDD, as well as some performance results. The analytical results
obtained are very limited because of the simple and ideal mathematical model used. How-
ever, the scheme is practical and the example gives us a first insight into the performance
of a SRTDD system. In Part II, we will look into the issue of performance modeling
for the segment delivery scheme, using better modeling techniques. Then some interest-
ing performance measures, such as the synchronization errors with respect to different “
segment lengths, the buffer size needed at the receiver, etc. will be easily obtained.
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4.5 Summary

In this chapter, we have presented our SRTDD control scheme for the multimedia data
transmission. The scheme is applied with a layered model. The model enhances the OSI
standard by the multimedia session management as well as the multimedia data delivery
protocols. Thus the session and transport layers in this new model are able to handle the
tinie relationships in the simultancous real-time data delivery.

According to the Synchronization QoS parameters, the segment delivery scheme
constrains the synchronization errors during the data delivery, to meet the a.pplicat.ion
requircments. Different segment delivery schemes are proposed. We have also given a
practical example of the segmentation on real-time voice and video streams. Qur above

contributions were published in [21]]20]{22).
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Chapter 5

Coordination and Causal Ordering

in Multimedia Cooperative Systems

In this chapter, we investigate the synchronization issues in a multimedia cooperative
system. This multimedia cooperative system has been developed in the Multituedia Com-
munications Research Laboratory (MCRLab) in the Department of Electrical Engincering,
University of Ottawa [17][18]. On this CSCW (Computer Supported Cooperative Work)
testbed, a multimedia collaborative application of joint editing [12] was developed. In this
chapter, we describe the synchronization control algorithms designed for the multimedia
joint editing application.

First, a synchronization model is established for collaborative applications. Based
on the model, we devise a distributed ordering algorithm to coordinate the collaborations
in the shared multimedia space. The algorithm provides concurrent access to the shared
data, and at the same time preserves a consistent causal ordering of multimedia messages

at all the participants’ sites.
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5.1 Synchronization Model for Multimedia Collab-

orative Applications

5.1.1 Synchronization Control in Shared Multimedia Space

In multimedia collaborations, users are working in a shared multimedia space over the
communication nctwork. In the application of joint editing, this shared space is usually
occupied by a multimedia document. Participants are editing and modifying the portions
of the document, where the data in various media, e.g., video, graphics, text, audio,

cte., arc used. When one of the participants makes a modification on a portion of the

document, the new version of this portion shall be sent and displayed to all the other
_participants. Thus multimedia messages are sent over the network. Eventually, when
the cditing session isr finished, a new multimedia document is obtained. Here, we are

discussing the cditing session where only a unique version of the document should be
generated from the editing, although any participant can keep his/her different “private”

versions. As we have discussed in Chapter 1 of this thesis, the synchronization model for
this system should handle the concurrency control for accessing the shared space, and at
the same time order the multimedia messages at sll the participants’ sites for display.

In the review given in Chapter 2, the A—causal control scheme [47} was discussed.

In developing cooperative applications, the A—causal control is very favorable for real-
time voice conferencing. However, in document based collaborative applications such as
multimedia joint-editing or collaborative software development, a certain complement is
needed. First, the A—causal supports the applications which evince a real-time generat-
ing and comprehension of messages, e.g., voice conversation. It has no control over the
situation where a received message, e.g., & New paragraph in a document, is displayed and
erases the old display before the viewer can comprehend, when the two data messages are
received continuously. While this is not a problem in voice conversation, loss of informa-
tion can be disastrous in docurnent collaboration. Meanwhile, as addressed in [47], the

context of the message-id’s recorded in a message sent can be incomplete due to the delay
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Figure 5.1: An example of & multimedia group

of certain messages. Only a partial ordering can be achieved at the destinations. This,
plus a possible “fast-erase”, may turn out diffcrent versions of the presentation at the
receivers, which can be fatal to group collaboration. Therefore, on top of the A—causal
control which is in the transport protocol proposed, a mansgement of multimedia message
ordering is required for the collaborative applications.

We did not implement the control method introduced in [38] for cooperative appli-
cations because it is centralized. Meanwhile it requires a special transport systcmA[38].

Now, we present the synchronization model for the multimedia collaborative appli-
cations. Then we will describe the distributed control algorithms developed for the joint
editing session.

5.1.2 Synchronization Model for Multimedia Collaboration

The notion of stream is applied in the synchronization model. In the model, a stream is
assigned to the data transmission of a certain medium. Multiple streams are always em-
ployed for 2 multimedia collaborative application. An abstraction of multimedia “group”,
which contains multiple streams, is defined. In the system, a shared document that is
accessed by some distributed participants defines a group. The shared document is in the
shared space of the group. In Fig. 5.1, an example of a multimedia group containing the
participants is shown. These participants are the nodes in the space. A node that outputs
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data to the group {(e.g., editing the document) is & source of the group. A receiver node
attached to the group viewing the shared document is a sink of the group. Physically,
source and sink devices are media related. A source can be a mouse, a keyboard, a micro-
phone or a camera, etc. A sink may be a display window or a set of display windows, as
well as other play-out devices (e.g., a speaker). Thus, we have group-oriented multime-
dia collaborations. In a group-oriented collaboration, a group always has multiple sinks.
There can be ecither one or multiple sources (Fig. 5.2). Most of the time, both a source
é.nd a sink reside at a node (Fig. 5.2(c)). |
Formally, a multimedia group is defined as follows.

Definition 5.1 A multimedia group P = {N, S,, S, SP} is established on a shared mul-
timedia document, where
N = {N\,Ny,-++ , N, } is the set of nodes in P, and

{sa:} N; is only ¢ source node;
N; =< {sk:} N; is only a sink node
{sc;} U {sk;} N; is both a source and a sink node.

Se = {sc1,502,--- ,8Cx} is the sel of sources in P;
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Si. = {sky,ska, ~~.skn} is the set of sinks in P;

SP = {The shared space}
= {The logic data space which contains the set
of shared multimedia objects}.

The shared spaces of different groups are disjoint. That is, SP, N SP; = ¢ holds if
i # 7. Although the copies of the document. at different nodes in a group have different
physical addresses in their workstation memories, the data share the same logic address
(space) in the group. A multimedia document consists of multimedia objects which involve
temporal relationships [15][5][16]. That is, 2 muitimedia document has a temporal scenario
describing its required temporal presentation sequence (see Chapter 2). Fig. 5.3 illustrates
the scenario of & multimedia document. In the group, the time relationships among the
data objects required in the scenario are mapped into the shared space. The data objects
which are displayed during a same time interval will share the same logical space in SP.
In Fig. 5.4, the shared space of the multimedia document shown in Fig. 5.3 is depicted.
Given a shared space SP, a portion pt; € SP may contain data belonging to different
objects and/or different media. In a portion, the data belonging to different objects
and /or different media are situated on different “logical levels”. Thus, the different data
can be distinguished when they share a same logical address.

In the synchronization model, the collaborative applications are represented as the
collaboration in the logic data space of a group. Synchronization control is thus needed

in every group. Since different groups do not share any data objects, they have different
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subjeets of their collaboration. Therefore, there is no synchronization requirement be-
tween different application groups. Notice this is not in contradiction with the situation
where one application establishes several groups, and a user may join multiple groups at
the same time. For instance, in joint-editing of & multimedia document, collaboration
of different chapters can be conducted in different groups. An editor can work on two
diffcrent chapters by joining the two corresponding groups. When the editors want to
compile the two chapters together, they can place the two chapters into one group so that
the collaboration on both chapters is coordinated.

5.2 The Synchronization Control Scheme and The
Algorithm

5.2.1 Causal Dependency and Data Ordering

Before introducing the algorithm, we first address some basic definitions. In a group, if
there is only one source, no concurrency control (token) is needed. Simply time stamping
the r;msages at the source will let the sinks in the group “see” the messages st the same
and correct order. When multiple sources can transfer data concurrently, causal ordering
of the messages at every sink is required.

According to the causal dependency concept introduced in [19] and [47], 2 causal
dependency relation “—" in a group is defired as: ’
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Definition 5.2 Given two messages my and my in group P. my — ma if and only if
one of the following two conditions hold:
1. both m, and my are sent by the same source s¢; in P and m ts sent bofore ma,

or

2. my is sent by sc; afler receiving m, sent by another source sc; in P.

Now, we adopt Lamport’s logic clock [19] to describe the causal dependeney delined. At
a node NV;, assume a logic clock C; for group P. G is a function that assigns a munber
Ci(a) to any event a (i.e., sending or receiving a message) at node N;. Ci(m}) is the logic
time that wessage m, is sent by N; (i.e., s¢;), and C;(md) is the logic time that message
my is received at ski. Apparently Ci(m}) < C;(m]) is required. The entire system of
clocks is then represented by the function C which assigns to cvery event a the number
C(a) where C(a} = C;(a) if a is an event at node N;. Every group has its own logic clock
at each node and thus its own clock system.

The condition 1 of Definition 5.2 is described by the clock as C(mn}) < C(mn3) if my
is sent later than m;, where C(m{) = Gi(m}) and C(m3) = C;(m3). The condition 2 can
be interpreted as C(m}) < C(m]) < C(m3), where C(m3) = C;(m}), C(m])} = C.(m])
and C(m3) = Cy(m3).

The temporal ordering and the causal ordering of the messages in a group are thus
related through the logical clock. To satisfy the Definition 5.2 by the clock system, N; has
to increment its C; for group P between any two successive group P events {e.g., sending,
recelving messages). Meanwhile, the following rule is also necessary

(a) If N; sends m;, then m; contains a time-stamp T, = C;(m?). (b) Upon receiving
¢; at Ny, Nj sets C; greater than or equal to its present value and greater than Tom. Thus
Cy(ms) = C(mg) > C(mt) = Cims) holds.

With this clock system, the causal ordering defined, which is a partial ordering of
the messages, can be described by the time-stamps. A total ordering in the group will
also be achieved [19] by using any arbitrary total ordering <’ of the nodes in the group.
A relation of total ordering “==" is thus defined as message m; => m; if and only if
either (i) Ci(m}) < Cj(m3) or, (ii) Ci(m}) = Cj(m3) and N; < N; [19]. Then in a group,
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a total ordering of the messages is formed by the relation ="

5.2.2 The Ordering Algorithms for Collaboration in Shared
| Space

Given a group P with the shared space $P, assume that users at the nodes are viewing
and/or editing SP. When the user is viewing the docﬁment, the data in the SP are
presented to the group sink at the user’s node. To cdit the shared space, the source at
the node commits the new edition of a corresponding portion, say pt; to SP by sending
it to all the sinks. This new version of pt; should be either available to (e.g., “scen” by)
all the sinks or none of them. Meanwhile, when two sources are attempting to access the
same portion in the SP, i.e., pt; sent from s¢; and pt; from s¢; are not disjoint, the two
versions pé; and pt; should be presented to all the sinks according to the same and correct
order. The ordering algorithm is designed for this purpose. The algorithm is performed
distributedly at all the nodes of the group.

The assumptions given in [19] are as well taken here. Thus, for any two nodes N
and Nj;, the messages sent from sc; to sk; are received in the same order as they are sent.
Motcover, every message is assumed eventually received.

1. Collision Detection with Global Causal Ordering

In this algorithm, a waiting queue W; of editing requests is maintained at every node
N; for the group P. The ordering algorithm is defined by the following six rules.

1) If a source s¢; wants to commit an editing to SP, it generates message m; =<
T. : sc; requests pt; >, where T; is the time-stamp. sc; puts m; on its request queue W;
and sends mn; to every other node in the group.

2) When node Nj receives the message m; =< T; : sc; requests pt; >, it puts it
in its waiting queue W;. If there is no message my =< T; : s¢ requests pt; > in Wj,
where pt; N pt; # ¢ & my => my, N; confirms the request pt; by sending a time-stamped
acknowledgment message to sc;.

3) When the new edition of the portion pt; is received by a sink sk; at time &;, the
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corresponding request message m; =< T; 1 s¢ requests pt, > will be retmoved from
before a deadline time of ¢; + A7 is exceeded. The receiving time of pt; will be recorded
if a request message m; =< Tj 1 s¢; requests pt; > in W & ptiOpt; # @

4) After a node N; deletes a request m; =< T; ¢ soi requests pt; > {rom its waiting
queue W;, it will send a time-stamped acknowledgment to all the nodes Ny N is chosen
by this rule: there is a request my =< Ti : sc requests pte > in W where pte O pt; # ¢
and there is no other message my =< T; : sq requests p4 > in W where pti N pt # ¢ &
my => mp. | |

5) s¢; can commit its editing of p¢; into SP when the following two conditions are
satisfied: (1) there is a m; =< T; : s¢; requests pi; > in W; and there is no such request
my =< T} : sq requests pt; > in W; where pti N pti £ ¢ & my = my. (2) s reecives a
confirmation message from every other node time-stamped later than 7,,.. 75, = C(1n*)
is the sending time of the latest editing on the portion pt., committed by a certain scp,
received at sc;, where ply, Npt; # ¢ holds.

6) After sc¢; broadcasts the edition of pt; at time ¢;, the corresponding request mes-
sage m; =< T; : s¢; requests pt; > will then be deleted from W at or before time ¢; + Ar.
s¢; can also cancel its request before start to commit an edition by sending a cancellation
and remove the request from W;. After receiving such a cancellation message at node N;,
the corresponding request message is deleted from W;.

2. Discussions

It can be observed that for every part in the document (i.c., the SP), 2 mutual
exclusive access (editing) is maintained by the algorithm. This is done by the total
ordering of the request messages for the portions which are not disjoint. In a group, if
there is a “conflicting” request m; generated by s¢ earlier than the request m;, s¢; may
send its request m; without being aware of my, i.e., before m; received at sc;. However,
sc; will not be able to commit the editing because s¢; will not obtain the acknowledgment
from s¢; until the editing committed by s¢ is received and “viewed” (or kept for a certain
time of A7) at all the sinks in the group. The rule 4) is employed to prevent a false
acknowledgment. In the above example, if a sink sk, receives m; earlier than m,, sk,
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will acknowledge ; according to rule 2). Then my arrives at sk, and acknowledgment
for my, is also sent (rule 2)). to let sc start editing. my is reccived at s¢; too. s will wait
for another acknowledgment from sk, generated according to the rule 4) to make sure
that the editing of se is finished and “viewed” at skm. This is stated by rule 5) condition
(2). Thus, the order is maintained in the case where the conflict occurs in the editing.

Mcanwhile, in the algorithm, a portion committed to the SP will be “locked” at
cvery sink for some time. After A7, the portion will be released so that new change at
and near this place may be made. This ensures that every sink can view the modification
before it is changed again.

It can also be observed that the algorithm allows concurrent access (editing) in the
SP if their corresponding portions are disjoint, and are not conflicting with any other
unreleased portion in the SP. However, before every sink has received a certain portion
and viewed it (can keep it for AT without making an extra local copy), new editing on this
part of the document cannot be conducted. Thus a consistent version of the document
can always be obtained at all the sinks after every change, althdugh only a partial ordering
between disjoint portions pt; and p¢; is maintained.

Recall that a portion in SP may contain data of different objects at different logic
levels. Therefore when a user requests editing of the data of one single medium (object),
the other data located at the same address on different logical levels will be automatically
included into the portion as well as locked during the locking time.

In the algorithm, the size of portion can play a key role in the control. The size of
a request portion is usually chosen by the user. A minimum as well as 2 maximum size
value can be set by the system. If the minimum size of & portion is big enough so that
for every two portions pt;, pt; € SP, pt; N pt; # ¢ holds, a mutual exclusive access to the
whole SP is managed. That is, all the editings are totally ordered at all the nodes in
the group. When a change is desired on portion pt; because of another modification pt;
observed, the editor may wish to ensure a causal ordering of the two changes in pt; and
pt; at all the sinks. This can be done by making the portion pt; (pt; may contain disjoint
parts in SP) s.t. pt; Npt; # ¢. Then every sink in the group will “see” the change in pi;
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before that in pt;.

5.2.3 Implementation of The Synchronization Control

The implementation of the synchronization control algorithin utilizes the window interface
provided by the cooperative system designed. The window interface includes four ditferent
types of windows, the group window, the user window, the conference window and the
private window [17].

~ In the joint editing, the group window at cach workstation presents the shared space
to the participants. The group window thus defines a multimedia group. A group window
at a workstation is a sink in the group. Different objects may be contained in the group
window for different media, e.g., & group window may consist of a sub-window for text
display and a speaker.

The concurrency control for accessing the group window is managed by the ordering
algorithm introduced above. To implement the algorithm, the user windows are employed.
If a user A is granted a portion request for editing, the portion will be copied into the user
window at A’s workstation. The owner of this user window is then user A. That is, only
A can modify the document in it. Meanwhile in the group window, the portion is shown
to be locked. The conferencing window displays the information about who has locked
the portion. Any user at a node N; who is interested in the locked portion can open A's
user window at node NV; locally to view the editing of A. After the editing is finished, the
new version of the portion will be committed into the group window by user A.

In this implementation, the method of “group decomposing” is adopted. A user
window under a certain owner establishes a new sub-group in the system. We call it a
user window defined group. In this user window defined group, there is only one source
residing at the owner’s node. Multiple sinks may be involved. Thus, in a user window
defined group, no concurrency control is needed. The SP of a user window defined group
is just the reserved portion. Multiple user window defined groups can be established
concurrently under one group window. When a user does not want others to view his/her

editing of a portion before it is committed to the group window, the user can copy the
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portion into his/her private window after the request is granted. The editing in the
private window cannot be viewed by anyone else. Thus a private window belongs to no
group as no SP is defined. However, if the user wants to commit the portion to the shared
spuce, the portion has to be sent to the group window through the synchronization control
algorithm. The implementation provides the fiexibility to the users during collaborative
applications. Users only follow very simple rules and the coordinations can be achieved.
The windows well support a joint-editing interface in the real application, as long as not
too many users are involved. The drawback of this interface is the limit of the number of

the windows that can be opened on a workstation.

5.3 Summary

As addressed above, in multimedia conversational applications, coordination and causal
ordering arc required. In this chapter, we established the synchronization model for
multimedia collaborative applications, a typical conversational application. Based on
the model, we described the synchronization algorithm designed for the multimedia joint
cditing application. Qur above contributions were published in [24].

In this Part I of our thesis, we have presented the synchronization architectures and
algorithms for both the multimedia presentation as well as the conversational applica-
tions. From the overview of the literature, it can be seen that most of the reported work
was done at the level of the system description, specification and architecture design, or
at the level of proposal for the control protocols and algorithms. The performance of
the proposed system has rarely been evaluated quantitatively. In order to implement any
multimedia synchronization control, relevant performance measures for the control scheme
are required. In [36], simulation was used to evaluate the performance of the proposed
system. However, the analytical performance modeling techniques have rarely been ad-
dressed for multimedia synchronization systems [23]. On the other hand, the multimedia
synchronization problem raises a challenge to the techniques for performance modeling
and evaluation of the distributed computing as well as communication systems. It is well
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known that the available analytical modeling methods have cncountered various dithicul-
ties in modeling and evaluating the synchronization aspects in communications |#1]. ‘The
performance evaluation of the multimedia data integration in a distributed system still
remains an open problem. The difficulty arises from the fact that the cooperation of the
servers and their temporal characteristics are not casy to model. Neither are the temporal
features of the multimedia data streamns delivered in real-time. 1t can thus be envisioned
that the development of methods for the wodeling of multimedia syuchrouization will not
only take a fruitful direction, but also contribute to the general performance modeling
techniques.

In the second part of this thesis, we are going to present our studies on the analytical
performance modeling for multimedia synchronization systems. In Chapter 6, we will
first review the analytical performance modeling methods for computer communication
systems. Our purpose is to search for possible performance models for the evaluation of

synchronization control in multimedia communications.
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Chapter 6
Review

Two of the best known analytical modeling methods used for computer communications
performance evaluation are Queuneing Networks (QNs) and Petri Nets (PNs). QNs have
the incontestable advantage of combining expressive power and solution cfficiency. How-
ever, QNs have serious limitations in modeling concurrency in distributed systems; they
are unable to represent in a direct way the synchronization in communications. Ad hoc
extensions and approximation solution methods have been proposed to overcome some of
these shortcomings [61], but they are not general or straightforward enough.

Petri Nets (PNs) with timing properties are the second type of models used for
performance analysis of concurrent systems. The representation of synchronization in
PN models is fundamental to the notations. Classical PNs consist of a sct of places,
a number of tokens that reside at places, and a set of transitions that represent events
causing tokens to move from one place to another. For performance modeling of computer
systems, the classical PNs have been extended by introducing timing properties. For
instance, “stochastic” Petri Nets (SPNs) are one of these extensions.

The big advantage of PNs is their modeling power. The representation of the mod-
eled system can be done at almost any level of detail, from a very coarse to a very fine
grain. Intuitively, PNs or PN extensions appear to be more suitable performance models
for the representation and analysis of synchronizations in multimedia communications,
Now, we first present the SPNs, one of the PNs extensions.
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6.1 Introduction to Stochastic Petri Nets

The introduction of time into Classical Petri Net models allows the description of the
dynaunic behavior of a system, i.e. the state evolution and the duration of each action of
the system. There exist several ways of associating time onto a classical PNe '53]{55}]56].
"The most widely accepted one is the Stochastic Petri Nets (SPNs). introduced by Molloy
53] and Natkin |55},

6.1.1 Stochastic Petri Nets

SPNs arc obtained by associating with each transition in a Petri Net an exponentially
distributed random variable that expresses the delay from the caabling to the firing of
the transition. A formal definition of SPNs is the following:

SPN = (P,T,A, po, R)

where

P: a sct of places: P = {p1,---,Pn}

T: a sct of transitions; T = {t1,...,tm}

A: 2 sct of transition input arcs A; and transition output arcs A,; A; = (PxT),
A, = (T x P) and A = (Al Ao);

A marking g is an assignment of tokens to the places. It is usually denoted by
it = (my,...,m,), where m; is the number of tokens in place p; and

fto = (mot, .. ., Mon)

is the initial marking, where mq; denotes the number of tokens in place p; in the initial
marking . ’ |

R is a sct of possibly marking dependent firing rates associated with the transitions
in SPNs.

R= {T],-..,Tm}
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When necessary, the dependence upon a given marking g of the firing rate of transition
t; will be denoted ri{ze).

SPNs are isomorphic to continuous time Markov Chains [53]. The reachability set
R{110) of a SPN constitutes the state space of the associated Markov Chain. The transition
rate from state ¢ (marking ;) to state j (marking g;) is equal to the fiving rate of the
transition that is enabled by marking g, and whose firing generates marking g, A SPN
is ergodic, if it gencrates an crgodic continuous time Markov Chain, 1t is possible to show
that a Stochastic Petri Net is ergodic. if g, the initinl marking, is reachable from any
1 € R(uo)[54].

If the Markov Chain is ergodic. the steady state probability distribution of markings
is computed by solving:

Q=0
with the additional constraint

Yom=1

where Q is the infinitesimal generator and = is the vector of the steady state prob-
abilities. Other parameters of performance interest may be obtained from .

SN models have been applied to the analysis of the multiprocessor systems [53],
communication networks [62], etc. Refer to [63] for more references.

A major difficulty in modeling a system by Stochastic Petri Nets is the explosion
of the Markov Chain state space when the system is getting complicated. The modeling
power of the SPNs is actually paid with the complexity in solving the models. In fact, a
“simply looking” SPN model can generate a very big state space. As a resuit, the numeri-
cal solution of even middle-sized SPN models can often be intractable. The incfficiency in
solving the SPN models has always been an open problem, especially in the performance
modeling of communication systems [72]. It is known that the distributed multimedia
systems involve complicated temporal cooperations among the system clements such as

the database servers, the users, etc. Therefore, when modeling the multimedia synchro-
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nization system using SPN models, a big state space is expected and cfficient solution

algorithms have to be investigated.

6.1.2 Generalized Stochastic Petri Nets

In order to cope with the state explosion problem in SPN models, Marsan et al.[58]
introduced the Generalized Stochastic Petri Nets (GSPNs). Marsan observed that often
it is not desirable to associate a random time with each transition, since one would
rather associate times only with the events believed to have ihe largeét impact vn system
performance. A typical example is the cases in which the operating sequences of a system
comprises activities whose durations differ by orders of magnitude. It is then conceivable
to model the bricf activities only from the logical point of view, whereas time is associated
with the longer lasting ones. This choice can represent the system modeled more precisely.
Mcanwhile by doing so, the number of states of the associated Markov Chain model is
reduced, thereby reducing the solution complexity.

GSPNs arc a logical extension of the SPN. In a GSPN model, the set of transitions
is partitioned into a set of immediate transitions (with infinite firing rates) and a set of
timed transitions. Furthermore, immediate transitions fire in zero time once they are
cnabled, and timed transitions fire in an exponentially distributed random time. Several
transitions may be simultaneously enabled by a marking. Assume that the enabled tran-
sitions comprise the set H. If H contains only timed transitions, a transition t:(i € H)
fires with probability:

e

Tien Tk
exactly as with SPNs. If H comprises one immediate transition and several timed transi-
tions, the immediate transition will fire with probability 1. However, markings at which
several immediate transitions-are enabled fire with equal probability unless a probability
distribution over the enabled transition selection is specified. This probability distribu-
tion is called random switching distribution and the set of enabled immediate transitions

is said to form a random switch [58).
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It is necessary to point out that in general the reachability set of a GSPN is a
subset of the reachability sct of the associated PN (or SPN) | beeause precedence rules
introduced with immediate transitions do not allow some states to be reached. Moreover.,
the rcachability set of the GSPN can be divided into two disjoint subsets, one of which
comprises markings that enable timed transitions only, while the other comprises wmarkings
that enable immediate transitions. The state (or marking) of the former type is called
“tangible” and a state (or marking) of the latter type “vanishing™.

GSPNs are isomorphic to a stationary Embedded Markov Chain (EMC). Therefore,
the analysis of GSPNs is based on solving the underlying EMC. The EMC of a GSPN is
observed to spend a nonnegative amount of time in the tangible states. while it transits
in zero time through markings enabling timed transitions. In ;:olving the EMC of GSPNs,
the vanishing states are removed from the EMC and 2 Reduced Embedded Markov Chain
(REMC) over tangible states only can be defined. Then the transition probability matrix
U’ of the REMC can be obtained, which only contains the transitions between any two
tangible states ¢ and 7. The probability transition matrix U is usually smaller than the
transition matrix U of the original EMC. By distinguishing tangible and vanishing states
in the GSPNs' state space, the computational complexity of solving the EMC is reduced.
Thus, it becomes possible for us to apply the GSPN model to relatively large systems
[58].

GSPNs have improved the solution techniques as well as the modecling ability of
SPNs. However, the state space of GSPNs is still too large to solve.

6.1.3 Colored Stochastic Petri Nets

Colored Stochastic Petri Nets (CSPNs) were proposed by Zenie [64]. A CSPN associates
a set of colours with tokéns indicating the identities of tokens. Places and transitions
have also been attached a set of colors. The color attached to a token may be changed
by transition firing.
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‘The definition of a CSPN is as follows:
CSPN = (P, T,C A, 0, L)

where L = L;,i € T,j € C is a sct of color-dependent firing rates associated with each
transition. P, T, A and py are the same as in SPN. For the convenience of performance
modcling, CSPNs were extended to Colored Generalized SPNs (CGSPNs) by Li and
Georganas |52]. The transitions in CGSPNs are separated into immediate transitions and
“med transitions. CGSPNs were defined in the same way as CSPNs, where now the array
L contains only the number of timed transitions in CGSPNs. Occasionally, one transition
may be simultaneously enabled in several colors by a marking p. The priority firings for
different colors have also been introduced into CGSPNs for the purpose of performance
analysis [52]. Different colors are thus allowed to have different priorities concerning
transition firings. Therefore, if several transitions enabléd by a marking u, only the single
colour which has the highest priority may fire. If the set of enabled transitions, H, consists
of only timed transitions, and color 7 is the highest priority color among those enabled
transitions, then transition ¢(& € H) in color j is fired with probability:
Ly

Zien s

and the mean time the net stays in that state is:
1

Leew b
where H' comprises all the enabled transition in color 5. If H comprises both immediate
and timed transitions, only immediate transitions can fire, same as that in the GSPNs. A
random switch is also used in CGSPNs to specify the firing probabilities for the immediate
transitions when they have the same color priority.

The CGSPNs are distinguished for their ability to identify different classes. Since
multimedia communication systems involve data objects and streams in different media,
which naturally fall into different classes, CGSPN models offer a method to represent
multimedia processing and communications. In [52], CGSPNs were applied to model a

data/voice integrated system. The transport protocols for the integrated voice and data
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transmissions were evaluated. The voice and data were presented by ditferent colors in
the CGSPN model and had different color priorities during the transmission on the shared
high-speed communication link. 1t can be seen that the CGSPNs are quite prowmising for
the performance modeling and evalvation of multimedia communication systes,

However, CGSPNs are usually solved by unfolding into GSPNs according to different
colors. This unfolding procedure gencrates a very large state space for the resulting GSPN.
Thus, in performance modeling of multimedia systems, the modeling power of CGSPN is
hampered by the difficulties in solving the models.

From the above, the SPNs and their extensions evince the possible represeutation
power for the synchrohization aspects in multimedia communications. However, it can
be seen that a main disadvantage of SPNs is their lack of cfficient solution wethods.
The exact construction and solving of the generated Markov chain model suffer from

exponential growth of the state space, and thus severciy restrict the size of tractable
models.

6.2 Solution Techniques for SPNs: The Locally Bal-
anced Stochastic Petri Nets

As mentioned above, it is difficult to solve the underlying MC of SPNs dircctly because
of the construction of the exponeﬁtially exploding state space of the Markov Chain, and
the computation of the huge transition rate matrix. For the last two decades, people have
been trying to search for efficient ways to solve SPNs. The approaches fall into two classes:
exact algorithms and approximate algorithms. Product form solutions, which were orig-
ix;ally developed in QNs, have been adopted in the SPNs as the exact computational
technique for the class of separable SPNs. On the other hand, approximate algorithms
are also being developed. Meanwhile, the idea of decomposing SPNs into smaller models
is widely applied in the algorithms designed. In our studies, we have been focused on -
the exact solution algorithms. Now we present a class of SPNs which has product form

solutions.
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In developing solution algorithms for SPNs, Lazar and Robertazzi presented a class
of Product Form SPNs|63][66). As long as a SPN satisfies the condition given in [66],
its steady state probability distribution will satisfy Local Balance equations. This class
of SPNs is nauned Locally Balanced Stochastic Petri Nets (LBSPNs). Li and Georganas
have further extended the boundary of LBSPNs and proven that the LBSPNs falling into
the new boundary also have product form solutions[48](50][51]. A systematic way for
identifying the LBSPN that falls into the new boundary has also been designed.

In this extended class of LBSPNSs, a subnet is the basic unit to constitute a LBSPN
model. M. Li has given the definition for the subnet of LBSPN [51]. However, the
dcfinition was not formally described. In Chapter 8, we will represent the definition in a
formal way. In a LBSPN, two subnets never have any common transitions. Nevertheless,
they may have common places. After all the subnets are identified, a test procedure can
be carried out to check if the SPN model which consists of all these subnets, is & dee.lly
Balanced Stochastic Petri Net (LBSPN) model. The test procedure was stated and proven
in [51].

With the existing product form solution for the LBSPN model, instead of solving
the MC of the SPN to calculate the steady state distributions, all we have to do is to
solve the much smaller MC of every subnet. The details of the method will be described
later in Chapter 7.

The existence of analytical form solutions allows a much more computationally effi-
cient solution of SPN models. Instead of trying to solve the global balance equations of the
entire underlying Markov Chain of a SPN model, all we need is to calculate the normal-
ization constant in a much simpler way. However, in the works of Li et al. [48]{49](50], the
computational procedure for the normalization constant was not investigated. In order
to obtain the normalization constant, the sum of the probability distributions of all the
steady states of the entire Markov Chain (i.e. the marking of the entire net) is required.
Since the associated Markov Chain for a given LBSPN may very likely have a large state
space, calculating the normalization constant G direct from the distributions of all the
steady states can be a tedious job.
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When the size of LBSPNs is getting big. decomposition and aggregation techniques
may be applicd in solving the LBSPNs [19]. The “decomposition by subnet™ method
was proposed for LBSPNs. Thus the analysis of a LBSPN is resolved into the analysis
of subnets, the solutions of which are combined to obtain exact solutions for the original
system. By decomposition according to a specific subnet, an agpregated uet, which is that
subnet with marking dependent firing rates proportional to its original fiving rate, can
be constructed to represent the original system. This is actually the Norton’s theoran
developed for LBSPNs [49]. This theorem cnables us to present the original system in o
concise and yet exact way. |

~ The feld of PNs with temporal propertics is much younger than the field of QNs,
~which explains the lack of efficient techniques for performance PN models. In order to
conduct the performance ai.alysis of multimedia communications nsing SPN models, an
efficient solution algorithm is a must.
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Chapter 7

Performance Modeling of
Multimedia Synchronization
Systems Using Generalized
Stochastic Petri Nets

In this chapter, we will conduct the performance modeling and evaluation of the multi-
media presentation applications. We will look into the simultaneous multimedia segment
delivery in SRTDD system, and the remote multimedia document creation system with
multiple information sources. Relevant performance results will be presented. Then, in the
next chapter, we will develop the computational algorithm for Locally Balanced Stochas-
tic Petri Nets (LBSPN) and apply it for the performance evaluation of the collaborative
application of joint editing.

7.1 Performance Modeling of Simultaneous Multi-
media Delivery

In this study, Generalized Stochastic Petri Nets (GSPN) Models are applied. We look

into the performance measures of the multimedia presentation which are controlled by
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Figure 7.1: The recovery buffer at the multimedia receiver

the Segment Delivery Scheme (SDS). The synchronization errors presented in the finad
display, the recovery buffer size required, the system throughput, the scgment length, cte.
will be examined. Recall that in Chapter 4 when an analysis for real-time voice and video
was conducted, we could not obtain these performance indices of interest, because of the
limit of the modeiing method used there.

7.1.1 Markovian Models for the Segment Display

Take a2 multimedia group which contains two streams. Multimedia segments are divided
and delivered. At the receiver the arrival data on both streams will be processed, c.g.,
decoded for display. Thus, at the receiver, we have a processing buffer (P-buffer) and a
display buffer (D-buffer) (Fig. 7.1). After the processing in P-buffer, the data are ready
for the display and shifted into the D-buffer to be played out. The D-buffer is actually
the synchronization recovery buffer mentioned before (Chapter 4). During the display,
the segment header will be checked and thus the data streams will be matched. Assume
the receiver provides a buffer space of A packets for each data stream. Then the data
_delivered from the network can be accepted until the buffer is full. Meanwhile, as soon
as a packet is played out, the emptied buffer can be replenished by a packet arriving on

the stream from the network.
Let us describe the status of the buffers by defining K§(t), Ki(t), Ki(t), Ki(t),
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i 1,2, K3(t) = {0,1,...,A} is the number of streamn i packets in the P-buffer at time ¢.
The K}(¢) is defined for the data in the D-buflers
Ki(t) = { 1 The first packet of a segment is b\eing displayed on stream i at time ¢
0 Other packets or no packet is being displayed on stream 1 at time ¢
K3(t) = {0,1,..,A} records the total number of i-data packets in D-buffer at time &.
Finally, K3(t) is used to describe the end of a segment display in the D-buffer:
(t) = { 1 The last packet of a segment is being displayed on stream i at time ¢
0 Other packets or no packet is being displayed on stream & at time ¢
Based on these descriptions, & nmlt.i—dimmsioﬁa! Markov Chain can be established for the
multimedia receiver. However, it is not difficult to predict a huge state space, as well as
complex transition rates that will be associated. It is impossible for us to construct and
solve this Markov chain manualiy.

In order to handle this complex model, Generalized Stochastic Petri Nets (GSPN) -
[57[ models are applied. As addressed in the previous chapter, the GSPN is an abstract
formal graph model useful for representing concurrency, synchronization, and communica-
tion [52](58]{53]. Every GSPN model has an underlying Embedded Markov Chain (EMC).
All the possible markings generated by the GSPN model construct the state space of the
EMC. Here, we employ the EMC of the GSPN as the Markovian model for the analysis
of SDS.

The GSPN modet established for the receiver discussed above is illustrated in Fig. 7.2,
with the legends for the places and transitions shown in Table 7.1. The initial tokens in
place P3 and P4 represent the available buffers, including the P-buffer and D-buffer for
the two streams, stream 1 and 2, respectively. Thus, instead of a simple Poissor Process,
the arrival process on each stream is shaped by the buffer size. Place P5 and P6 are
P-buffers (i.e., represent K}(t) and K3(t)) for the streams. Transition T3 and T4 send
data into the D-buffer for display. The initial tokens in place P7 and P8 stand for the
segment size as the number of packets contained in each component in a segment. With
the immediate transitions 25, 6, t7 and (8, different packets in a segment are distin-
guished. Place P15 and P16 are for the first packets in a segment on each data stream,
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Figure 7.2: The GSPN model
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Pl (P2)
P3 (P4)
P5 (P6)
PT (P8)
P9 (P10)
P11 (P12)
P13 (P14)
P15 (P16)
P17 (P18)
P19

Tt (T2)
T3 (T4)
t5 (t8)

t6 (t7)
T9 (T10)
T11 (T12)
Ti3

t14

network arrivals on stream 1 (2)

available buffer space (A) for stream 1 (2)

P-buffer for stream 1 (2) data

segent size

a segment diéplay has begun

D-buffer for the intermediate packets of a segment on stream 1 (2)
D-buffer for the last packet of & segment on stream 1 (2)

D-buffer for the first packet of a segment on stream 1 (2)

The display of the last packet of & segment is finished on stream 1 2)
The display of a segment is finished

data arrival on stream 1 @

data processing on stream 1 (2)

last packet in a segment on stream 1 (2)

first packet in a segment on stream 1 (2)

. display of the intermediate packets in a segment

display of the last packet in a segment
display of the first packets in a segment
the display of a segment is finished

Table 7.1: Legend for the model
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case ! cuse 2
T1 |45 T2 |45 | T1 [0} T2 |70
T3 |45 T4 (45| T3 |40] T4 |60
T9 {45 | T10 |45 T9 |45 | T10 |60
Ti1 |45 | T12 |45 T11 [ 45 | T12 | 60
T13 | 45 T13 | 60

Table 7.2: Assignment of the firing rate

ie., Ki(t) and K3(t). P13 and P14, on the other hand. are places for the last packets in
a seginent on cach data stream, i.e.. Ki(t) and K3(t). Places Pil and PI2 are D-buffers
for all the other packets in & segment. Transition T'13 restores the simultancity of the
two streams at the beginning of each segment display. Transition t14 is used -to caleulate
the synchronization errors at the end of every segment. P19, P9 and P10 are places for
ordering the delivery of different packets in a segment (Table 7.1).

The GSPN established can now be used to evaluate the performance of the system.
By changing the initial token numbers in P3 and P4, the available buffer size A is adjusted.
The segment size can be chosen by setting the number of the initial tokens in place P7
and P8.

7.1.2 Performance Results

A graphically interfaced GSPN software package GreatSPN1.5 is used for solving the
models. Two cases are presented here. In the first case, the same data arrival and
processing rates are assigned to the two streams. Therefore, only a random disturbance
exists, resulting in synchronization errors. In the second case, skews are introduced to the
two data streams by assign“ing the different transition rates in the model. This scenario
includes the synchronization errors which result from the different network connection
conditions, as well as the different data processing rates.

For the simplicity of the model, the two data streams are assumed to have the same
packet size, in terms of the time slot. The D-buffer size is set as A = 5 packets for each
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stremn. The asstgninents of the firing rates for the timed transitions in case 1 and case
2 arc given in Table 7.2, In case 2, the average delay experienced by a packet on the
stream 1, including all the transitions, is about 28 msec longer than that on the stream 2.
This number assuined is very moderate, compared to the average 100 (msec) jitters that
can be incurred in a metropolitan network. After solving the underlying EMCs of the
GSPN models, steady state distributions, as well as the throughput of every transition
is obtained. Applying Little’s Law of L = AT, where L is the average population in
a system, A is the arrival rate and 7 is the average waiting time, other performance
indices of interest can be caleulated. For instance, the average waiting time at transition
26 is actually the average synchronization error at the end of a segment display. Use
# P22 to denote the number of tokens in place P22, Then Prob.{#P25 >0& #P25 <
seg.size & #P22 = 0 & #P30 = 0} is the probability of the gap occurrence during the
display of the intermediate packets in a segment.

In Table 7.3, the performance estimates of the system of case 1 are presented, with
respect to different segment sizes. In the scenario of case L,- identical transition rates
arc assumed. However, the synchronization errors are still introduced by the random
delays. It can be observed that the synchronization performance measures, such as the
synchronization errors and gap probabilities are worsened with the increase of the segment;
size. On the other hand, a smaller segment size degrades the system throughput, and also
requires more D-buffer space. Here the average D-buffer occupancy is an upper-bound of
the average number of packets in the D-buffer of each stream, since it is the sum of the
average number of tokens in the place P22, P28 and P30 (P23, P35 and P36). As the
two streams are synchronized, they always have the same throughput.

In Fig. 7.3, the performance indices of case 1 and case 2 are compared. For case 2,
the gap occurrence probabilities and the D-buffer occupancy estimates are obtained for
the slower data stream 1. The synchronization errors caused by the rate skew in case 2
are considerable. When the segment size is increased to 20 packets, in case 1, the average
synchronization error is approaching a limit. However, in case 2, the deterioration is not

alleviated. As predicted, during the display, the system of case 2 incurs more gaps and
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seg. size (pk) [ syne. error (msee) | gap prob.(e) | throughput buller
(pk/see) | oceupaney (pk)
5 313 1132 20.32 216
8 37.64 15.85 29,66 212
10 41.25 1757 20,81 2.08
12 44.58 19.14 20,04 2,05
15 49.15 26.58 30.09 2.02
13 53.31 21.6 30.21 2.00
20 55.98 2212 30.27 1.98

Table 7.3: Performance measures for the systan of case t

requires more D-buffers for synchronization recovery. In both cases. when the segment
size is extended to that of 20 packets, the gap probabilitics approach their maximum
walues. Remarkably, in the system of case 2, a bigger segment size cannot generate a
higher system throughput. This is because the large synchronization errors result in
longer synchronization delay for the recovery at the beginning of cach segment. Thus the
throughput of the system is restrained. In both cases 1 and 2, we observe that when the
segment contains less than 10 packets of each stream, the performance results are more
sensitive to the segment size.

With D-buffer at the receiver, an intentional delay can be employed to alleviate
the gaps between the adjacent packets during the display. As described in Chapter 4,
in our segment delivery system, intentional delay is placed at the beginning of every
segment. That is, the first packets of all the streams in a segment will be delayed in the
D-buffers before their display. Thus, the intentional delay is performed concurrently with
the synchronization delay. Better synchronization performance can he achicved, as shown
below.

The intentional delay time can be chosen in different ways [21][2]. - For instance,
when the the first packets of both data streams in the segment are delayed to wait for
the arrival of the following packets [2], Fig. 7.4 presents the performance results. In the
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modeling, the D-buffers are increased to A = 8. Besides the four performance indices as
used above, the delay times experienced at the beginning of every segment in the D-butfer
are also given (Fig. 7.4(e}). From the comparison, it can be observed that a smaller gap
occurrence can be achieved by placing an intentional delay than by reducing the segment
size. However, considering the overall performance measures, segment size has a better
impact than the intentional delays.

In this section, we have computed the relevant performance measures for the SDS
iu SRTDD control. Compared with the performance modeling for the SDS conducted in
Chapter 4, the GSPN model applied here can express much more details of the system. .

Hence more performance indices of interest are obtained.

7.2 Performance Modeling of Multimedia data In-
tegration

In this section, we study the performance for a remote multimedia document creation
system while multiple information sources are involved. We assume, in this section, that
these information sources are distributed multimedia database servers. As discussed in
Chapters 2 and 3, remote multimedia document creation requires multimedia data inte-
gration in the distributed s:ystem. Thus, Temporal Presentation Control (TPC) is needed
to synchronize the servers. Therefore, we have to represent the temporal synchronization
of the servers in our performance models. In the study, CGSPN (Coloured Generalized
Stochastic Petri Nets) models are going to be employed.

7.2.1 Cooperations of Servers in Distributed Multimedia Data
Integration

As mentioned, in order to model the system, we first need to investigate the temporal
behavior (cooperation) of the multimedia servers. It is known that the remote document

creation, like all the other teleorchestra applications, requires the distributed multimedia

-
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data integration. Here, we first discuss the different service states and the state changes
of the servers in the data integration.

1. States of The Servers in The Data Integration

The multimedia data integration is executed according to the designed scenario
(Chapter 3). During the data integration for a given scenario, cach server has three service
states, idle, active and inactive. If the scrver is not involved in the data integration of the
given scenario, the server is idle for this scenario. Otherwise, it is non-idle for the scenario.
At a given time, a non-idle server can have two different states, active and inactive. ll‘ the
server is active, the server is delivering data for the iutcgt"ation of the scenario. That is,
the server is in a task execution at that time. If the server is inactive, then, the server does
not have any task execution at that time although it might have delivered data before or
will deliver data later for the data integration of the given multimedia scenario.

Apparently, if a server is idle for & given scenario, it remains idle in the whole data
integration procedure of this particular scenario. That is, there won't be any state change
of the server caused by the data integration of this scenario. On the other hand, it can
be seen that although a server may be idle in the data integration for one scenario, it
can be non-idle in the integration for another. In the performance model it is assumed
that, if a server is non-idle in the integration for a given scenario, it cannot join the
integration for other scenarios, until all its tasks for the data integration of this scenario
are finished. In the system implemented in the MCRLab, the server gencrates a server
process upon receiving a data integration request for a scenario. This process cannot
be used by the other scenarios. The acceptance of data integration request for a new
scenario is determined by the concurrency degree that can be supported by the server,
as well as the number of processes that are reserved at the server for the application of
the document creation, if the server is also involved in other applications. In fact, the
“server” discussed in the performance model corresponds to the service process in the
real system. Therefore, in order to simplify the performance model, the data integration
of one scenario is taken as an atomic action for the servers (which corresponds to the

server process) in the data integrations. Thus, the state of active or inactive of a giv"q’n
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scrver represents a unique state of the server, no matter how many scenarics are being

intcgrated in the system concurrently. On the other hand, the idle state of a serverisonly - -

concerned with a given scenario. A server is available to-the new data integration request
- only when the server is idle in all the integration jobs that are currently being executed
in the system. The basic characteristics of the servers during the dats integration are
therefore described by the three states.
2. The Task Diagram for The Temporaliy Cooperative Servers

~ The servers involved in the data supplies for one scenario may start, as well as finish
their tasks of data retrieval and delivery at different designated times. It can be found that
in the multimedia scenario which specifies the temporal relationships amongst the data
objects constructing the multimedia document, the temporal cooperation requirements
of the multimedia servers that are involved in the creation of the document, are as well
described. In the scenario of Fig. 7.5, it can be seen that in the creation of the document,
the image server should start first. Then the voice server is supposed to join in, delivering
the voice data at the same time with the image server, which is delivering the data
of the images “P2” and “P3". Later on, the audio and the text servers are activated
_ simultaneously to start their data delivery tasks for the document creation. =
- From a given multimedia scenario, 2 task diagram for the multiple servers can be
constructed directly as shown in Fig. 7.6, by introduciné a horizontal time axis and a
vertical server axis. In the diagram, given a server, we always find that it maps to a set of
time intervals on the time axis. These time intervals represent the task execution schedules
required by the scenario, for the data delivery in the multimedia data integration. The
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servers dealing with different storage devices h:wé different data retricval speeds. Then,
in order to meet the task schedules required by the scenario, they may have to manage
their time in order to start processing certain data objects.

The task diagram in Fig. 7.6 is made of several task cxecution intervals. The starting
time of the task diagram ¢y corresponds to the starting time of the data dclivery from
the server which is supposed to start first in the scenario. Similarly, the end time of
the task diagram ¢, is the time when all servers finish their data delivery tasks for the
scenario. One task execution intervel may involve several servers, corresponding to the
situation where multiple servers are supposed to deliver their data at the same time to
“match” each other. Thus, the temporal cooperation of the servers required in the data
integration for a scenario is represented in the corresponding task diagram. It can be
seen that, if the scenario comprises many tasks, the servers involved at the beginning
of the data integration for the scenario will not have much cooperation with the servers
that are involved, a long time after, at the end of the integration. Because of the loose
cooperation involved in the servers, a “big” scenario containing many tasks that cost long
integration time, can thus be decomposed into “small” atomiec scenarios for the purpose
of performance modeling. Therefore, it is reasonable to take the data integration for one
scenario as an atomic action in a performance model.

In the task diagram, given any time interval (to, %), there should always be a set

of tasks in it, being executed by one or several servers. Empty time intervals are pro-
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Figure 7.7: State diagram of a server during the data integration of one scenario

hibited. A scchario containing any cnpty intervals, in which no data is displayed on any
media, is called a “interrupted scenario”. An interrupted scenario can be accepted by the
data intégration algorithm developed for the application of the document creation [26],
although it may result in a poor system performance due to the inefficiency of the servers
utilization. However, in our performance model, an intermpied scenario is required to be
decomposed into two scenarios by the system before the data integration. Thus, a task
| diagram does not contain any interruptions (empty intervals). |
Now, we combine the task diagram of the scenario and the states of the servers
to investigate the temporal characteristics of the cooperative servers during the data
integration. -
3. Temporal Characteristics of The Servers
In the task diagram of a scenario, every server that is involved has a required starting
time(s) for its data delivery task(s). Some “trivial” task starting times do not need to be
specified. For instance, in Fig. 7.6, the starting time of task “P3” at the image server is
2 “trivial” one, because tiie image server can start to deliver the data of P3 continuously
after P2 is finished, without considering cooperation with other servers. On the other
hand, the start™g time for a task execution which involves cooperation of the servers, is

important for describing the servers’ cooperative behaviour.

Definition 7.1 In a task diagram, a TC (Task oCcurrence) is the specified starting time
for one or severul tasks. The latter efers to the case in which several servers are required
to start their data delivery tasks at the same lime.
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In Fig. 7.6, the TCs arc illustrated. For instance, at T'Ca, three servers, the text
server, the video server and the audio server are involved. In the multimedia data inte-
gration algorithm |26], at every T'C. the involved servers have to synchronize in order to
be “matching” with each other in the upcoming task execution interval as required by
the scenario. For example, at TC,. three servers are supposed to start their data delivery
tasks at the same time (i.e., at TCs). 1t can be observed that in the servertime space
of a task diagram, there arc no state changes of the servers during the task exceution
interval between two neighbouring TCs. The state change occurs only at every 7°C. An
idle server remains idle all the time in a task diagram of the data integration for a given
scenario. That is, an idle server remains idle at every TC in a task dingram, although _
it can be active and inactive in another task diagram at the same time. On the other
hand, in a task diagram, at a T'C, an active server can remain active, switch to the state
of inactive or enter into an idle state if it finishes its commitment for this scenario. An
inactive server can remain inactive, or become active but not idle. The reason is that
if an inactive server quits the integration after an inactive time interval, it should have
left before this time interval. The state diagram of one server in the data integration of
one scenario is shown in Fig. 7.7. The state transitions may occur at any TC in the task
diagram. Apparently, not all the servers can enter into the inactive state at 2 TC becausc
this generates an interrupted scenario as mentioned earlier. Thus additional conditions
are also placed on the state changes of the servers.

The temporal characteristics of all the servers at every TC during the data integra-
tion of a scenario is described in a flow graph in Fig. 7.8. Based on this fiow graph, a Petri
Net model can be established to represent the servers’ characteristics at a TC during the
data integration for one multimedia scenario. This Petri Net model, which is named as
a TC switch is illustrated in Fig. 7.9, with three servers assumed. The legend is given in
Fig. 7.10

As shown in Fig. 7.9, the function of block “A” in the flow graph of Fig. 7.8 is
initiated by transition t16. When place P24 obtains a token, the active servers will make

their choices to remain in or quit the integration for the scenario. Transitions (26, £27,
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£29, ¢30, t31 and t32 bolong to the function block “A”. The block “A™ finishes by firing
transition £28 to enter into the block “B”. In block “B”, from all the non-idle servers, one
is sclected to be active in the upcoming task exccution interval. Then, all the remaining
servers (including the idle ones) will enter the stage of block “C™ by getting into places
1735, 136 and P37, for server 1, server 2 and server 3, respectively. The idle servers are
also included here for constructing a homogeneous net. Thus, the complexity of the net
can be reduced, because the net is not distinguished by the different kinds of scenarios
which ask for different servers. In function block “C™, idle servers remain idle by firing
transitious 57, 845, 52, with respecet to the three servers. Inactive servers will select t58
or ¢59 (£46 and 47, or t53 and t54) to remain inactive or to switch to the active state. On
the other hand, the active servers will choose to be inactive in the coming task interval
by firing 60 (£48, t55), or remain active by firing #61 (249, t56). The selections in the
model are made with the probabilities assigned to these immediate transitions. Thus, the
characteristics of the states of the servers in the data integration is modeled by this big
random switch of TC. The temporal relationships and cooperation of the servers during
the data integration are described by the task diagram and the TC switch.

Based on this TC switch, we apply the Coloured Generalized Stochastic Petri Net
(CGSPN) models for the performance analysis of the distributed multimedia data inte-

gration through the cooperative servers.

7.2.2 Performance Modeling of Distributed Multimedia Data
Integration

Below, we apply the CGSPN model to the distributed multimedia data integration. The
CGSPN model will be solved by unfolding it into the uncoloured GSPN model. In our
net, the colour is used to distinguish different jobs, i.e., the concurrent data integrations

for the different scenarios. ~

1. CGSPN Models for Distributed Data Integration
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Figure 7.11: Module diagram of the GSPN model with one job token

In order to build the CGSPN model for the system, we first consider the simplest case,
Fcr the time being, only one job token is assumed in the system. That is, at any given
tine, only one data integration job for a scenario is allowed. With one job token, only
the GSPN madel is needed to represent the data integration. A diagram of the wodules
that are included in the GSPN model is shown in Fig. 7.11. There are three kinds of
multimedia servers, serverl, server2 and server3 as assumed above, c.g. an audio server,
2 video server and a text and graphics server. The GSPN models corresponding to every
module, (except the TC switch}, are shown in Fig. 7.12. The number of job tokens in place
P1 corresponds to the number of scenarios that are allowed to be integrated concurrently
in the system. The legends for the two subnets are shown in Fig, 7.13.

Thesubnet 1 in Fig. 7.12(a) includes the modules I and 2 in Fig. 7.11. The number of
tokens in places P7, P8 and P9 represents the numi)er of available servers, i.c., serverl,
server2 and server3. Four types of scenarios, SCE1, SCE2, SCE3 and SCE4 are
considered to be generated in the system. The first type of scenario SCE1 requires
serverl and server2, i.e., it involves the media of audio and video. The second type SCE2
requires serverl and server3. Server2 and server3 are involved in the integration for
SCE3. The last kind of the integration (SCE4) needs all the three servers. The initiation
of the scenarios of the above four types corresponds to the transitions {2, {3, ¢4 and £5 in
Fig. 7.12(a), respectively. Then transitions 76, T'7, T8 and T'9 collect the required servers
for the different integrations. (Places P10, P11, P12, P13 are introduced for solving the
resulting CGSPN by unfolding it, when more than one job token is concerned).
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The subnet 2 in Fig. 7.12(b) represents the task exccution of the servers between
two neighbouring TCs. Transitions 62, 63, t64, 65 sct the idle and non-idle states
for cach server in the four types of integrations, respectively. The places P32, P33 and
34, which cun be found in the TC switch of Fig. 7.9, mark the idle state of serverl,
server? and serverd in the data integration for a scenario, respectively. Non-idle servers
are represented by tokens in place P15, P16 and P17, with respect to serverl, server
and server3. Then the transitions t10, ¢11 and ¢12 will select one non-idle server to be
active in the first task execution interval of the data integration for the scenario. If the
server, say, serverl is not sclected by ¢10, it can still be selected by ¢13 to become active
in the first task exccution interval. The reason for this is that, during a task execution
interval, at least one server has to be active. However, there can be more than one active
server. Transition ¢14 allows serverl to choose to be inactive during the first task interval.
Transitions £23 and 22 (125 and ¢24) offer the same choices of the active and inactive
states to the non-idle server2 (server3). Transitions 715, T17 and T'18 stand for the

task execution between two neighbouring TCs. Finally at £16, the servers are supposed
| to recover the incurred random synchronization loss. Thus, the servers are resynchronized .
again to start the next task. '

When the number of concurrently executed integration jobs is increased, the Coloured
GSPN (CGSPN) is applied. Every job token in place P1 then takes its own colour. The
scenario initiated, i.e., the tokens generated by the job token in P1 for the execution
of data integration in the net, will adopt the same colour as that of their generator,
i.c., the job token. Thus, the module of “Task Execution” in Fig. 7.11, which will be
“multi-coloured in the CGSPN, represents the concurrent data integration of the multiple
scenarios. In the resulting CGSPN model, only when the tokens in P21, P22 and P23
have the same colour, the transition ¢16 is enabled.

In order to solve the CGSPN model, the coloured net is unfolded into an uncoloured
one. Then the resulting GSPN is solved by using a graphically interfaced GSPN solution
package, GreatSPN1.5. In Fig. 7.14, a module diagram of the unfolded net is shown. In

the uncoloured net, all the scenarios can share one TC switch to reduce the complexity
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Figure 7.14: Module diagram of the unfolded CGSPN model with concurrent, integration
jobs

of the net model. The reason is that the TC switch is comprised of only immediate
transitions. It is known that in GSPN, a random switch (immediate transitions) has no
firing time [57]. Therefore, the servers which are involved in the integration of other
scenarios cannot get into the TC switch, before the servers involved in the integration of
one scenario leave the TC switch. This is because their “Task Execution™ module cannot
be finished (exponential transitions) during this zero time duration. Thus, tokens that
belong to the different jobs will not he mixed in the T°C switch.

2. Performance Resrlts

The assignment of the firing rates for the timed transitions as well as the probability
assignments for the random switches are given in Fig. 7.15. In this assignment, it can be
interpreted that the number of the first two types of scenarios SCE 1 and SCE?2 created
in the system is twice as that of SCE3 and SCE4. Since both SCE1 and SCE?2 require

the serverl, serverl is relatively in high demand in the data integration. On the other
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Figure 7.15: Assignment of the firing rates

hand, the firing rates assigned to transitions £13 and ¢14 represen*, the ratio of the active
and inactive intervals for serverl during the dats integration for the scenarios it involved.
The rates assigned to the server2 (transitions ¢23 and ¢22) and server3 (£25,¢24) have
similar meaning,.

Now, we discuss the relevant performance measures of the data integration system.

1. The throughput of the system

Firstly, only one server is assumed for each of the three kinds of servers. That is, the
places P7, P8 and P9 contain one token each. When the number of job tokens is increased
in P1, contention for the servers will occur. The throughput of the multimedia data
integration for the scenario, with respect to different number of job tokens, is illustrated
in Fig. (?/lé(;-)‘ The throughput is normalized to the throughput of the system which
has only one job token. Meanwhile, the average time that the job has to spend at the
transitions 76, T7, T8 and T9'is shown in Fig. 7.16(b). This time represents the waiting

time the job experiences, in order to wait for the required servers to be ready for the
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Figure 7.16: The performance results (1)

data integration. The average waiting time at a transition can be caleulated by applying
Little's theorem, when the throughput of the transition (i.c. the wean number of firings
per unit time) and the average population of its input places are obtained, by solving the
underlying EMC (Embedded Markov Chain) of the GSPN model. The average waiting
time presented in the Fig. 7.16(b) is normalized to the waiting times faced by the jobs in
the system which has two job tokens in P1. This is because no waiting is caused by the
contention for servers in the system which involves only one job. It can be scen, from the
Fig. 7.16, that the throughput of the data integration is increased with the increase in the
number of jobs allowed in the system. However, when the number of job tokens is more
than 5, the improvement in the throughput is approaching its limit. At the same time,
the waiting times are also increased. Especially, the waiting time of the data integration
job which requires more servers will experience longer waiting time than the jobs that
require few servers. Thus the type of jobs which requires more servers will fail to meet the
real-time requirement imposed by the application first. Meanv.-hile, the jobs that involve
the relatively highly demanded server (e.g., serverl) also have to wait longer than the
others. _

In Fig. 7.17, the throughputs of two different systems are compared. In both of the
two cases, the average time required by the data integration for one scenario is less than

that of the original system shown in Fig. 7.16. In case 1, the average time interval of
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the task execution between two neighbouring TC’s in the task diagram is reduced to half
as that of the original system. In case 2, the task execution interval remains the same
while the average number of the task executed in the data integration for each scenario
is reduced to half (i.e., fewer TCs in every task diagram). Apparently, the throughputs
in bdf_.h of the two cases are improved, especially when more clients (job tokens) are
accommodated. The throughput of these two cases will approach the maximum value
after the number of job tokens exceeds 6. The system in case 1 only slightly out-performs
the system in case 2. When the number of clients is increased, the system in case 1 tends
to out-perform the system in case 2.

2. The effect o: the different number of servers

When two job tokens are placed in P1, the probability that a job has to wait for
the servers is investigated, with respect to different number of the servers.

Take #{Pi} as the population in place Pi. Then, the probabilities of jobs waiting
for servers at place P3, P4,P5 and P6 are defined as the following.

Prob.3 = prob{#{P3} > 5 & NOT(#{P7} >0 & #{P8} > 0)}
Prob4 = prob{#{P4} > 0 & NOT(#{PT} >0 & #{P9} > 0)}
Prob.5 = prob{#{P5} > 0 & NOT(#{P8} >0 & #{P9} > 0)}

Prob.6 = prob{#{P4} >0 & NOT(#{P7} >0 & #{P8} >0 & #{P9}>0)}
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Figure 7.18: Performance measures of the two job token system

In this case, a CGSPN model is unfolded into the GSPN moddl for the solution.
Two subnets of the module of “task exccution between the two neighbouring TCs™ arc
generated in the GSPN model by the unfolding. This GSPN model is then s‘olvcd In
Fig. 7.18, the waiting probabilities are illustrated, together with the throughputs. The
performance reference for adding more servers into the system can be dircctly obtained
from Fig. 7.18. For instance, it is observed that if only one server can be added into the
system, then an additional serverl can maximally increase the throughput of the system.
Meanwhile, the smallest waiting probability can be achieved for the data integration of
SCE1, SCE2 and SCEA4, except that of SCE3.

7.3 Summary

In this chapter, Stochastic Petri Nets (SPN) models have been applied for the performance
modeling and evaluation of the multimedia synchronizations. Both the GSPN and the
CGSPN models are employed.

We have established the SPN models for the distributed multimedia data integra-
tion system, as well as the simultaneous rwl—timé data delivery scheme. The approaches
we have adopted give the example of performance modeling for the multimedia applica-
tion systems where the synchronization is involved. In our studies, relevant performance
measures of the systems have been obtained. The performance indice can be used as

the reference in the system implementation. To our knowledge, no such work had been
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reported before. Qur above contributions were published in [23] [27].
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Chapter 8

A Computational Algorithm for
LBSPN & Its Application in
Performance Modeling of

Multimedia Collaborations

In the previous chapter, GSPN and CGSPN models were applied for the performance
modeling and evaluation of the multimedia synchronization systems. We have also ob-
tained performance measures of interest for the system modeled. However, both the GSPN
and CGSPN models face an exponentially increased state space. As we have addressed
in Chapter 6, efficient solution methods for Stochastic Petri Nets (SPN) are required, in
order for the performance analysis of multimedia systems.

In our studies, we have investigated a class of SPN models which has product form
solutions [51]. That is the Locally Balanced Stochastic Petri Nets (LBSPN) models.
In this chapter, we will present 2 computational algorithm developed for the LBSPN,
which is based on the convolution of the subnets in a LBSPN model. Then, using the
computational algorithm, LBSPN is employed to model the multimedia collaborative
application of joint editing.
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8.1 Locally Balanced Stochastic Petri Net And Prod-
uct Form Solutions

Locally Balanced Stochastic Petri Nets (LBSPN) were first introduced by Lazar and
Robertazzi presented |65] [66]. M. Li and Georganas have further extended the boundary
of LBSPNs, proven that the LBSPNs falling into the new boundery also have product
form solutions [49] [50] {51} A systematic way for identifying the LESPN that fall into the
new boundary has also been designed [51]. However, in the work of Li ev al. [48] [49] [51],
the comput.atlonn.l method for the normalization constant was not investigated. In order
to obtain the normalization constant, the sum of the probability distributions of all the
steady states of the entire Markov Chain (i.e., the markings of the entire net) is required.
Since the associated Markov Chain for a given LBSPN may very likely have a large state
space, calculating the normalization constant G directly from the distributions of all the
steady states can be a tedious job. A computational algorithm is required to evaluate the
normalization constant G when the LBSPNs are applied in performance modeling of any
real systems.

In the following, we will first represent the definition of the LBSPN, because the
definition of the subnet in LBSPN given in {51] was described very informally. Then, the
computational algorithm of LBSPN will be developed.

8.1.1 Subnets & LBSPNs

Subnet is the basic unit to constitute 2 LBSPN. Given a SPN N,, assume V¥ is the set
of all the T-invariants of N,. For every ¥ € ¥, ||¢ is its invariant support [63], i.e.,
the set of transitions corresponding to nonzero entries in the T-invariant P > 0. If,
3o, ; € ¥, and ¥ N Y; # ¢, then we say that ?; and ; are in one group. One
group of transitions and their input/ ouﬁput places constitute a subnet. Thus, the subnets

have no common transitions, although they may have common places. For instance, in
Fig' 8'18')& we have ¥ = {'4’1-11’2,103'11’4}' where "Ibl = {t9:t101 tll}! % = {tl.;t2'| t33 t4}1
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b) The Markov Chain

Figure 8.1: An example of LBSPN and its Markov chain
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Wn s e bz} and Wyq - {tz, 8} Since Ys N Yy = {47} # ¢, three subnets are obtained.
They are Sy - {ts, tioy i1y Py Bs P, P}y S2 = {t, ta, ty by, Py, Pay Py, Py, Pr} and S5 =
{ts testr, tuy Py, B, Fe}

After all the subnets are identificd, a test procedure can be employed to check if
the SPN model which consists of all these subnets, is a Locally Balanced Stochastic Petri
Nets (LBSPN) model. The test procedure was stated and proven in [51]. In this chapter,
we only consider the models yvhich have passed the test procedure and are thus LBSPNs.

8.1.2 Product Form Solutions

The marking of the LBSPN is denoted as ;. gy is the initial marking of the net. Fig. 8.1b)
shows the underlying Markov Chain, as well as the markings of the LBSPN in Fig. 8.1a).
We need the following definitions [51] of the other kinds of markings concerned with lthe
subnets.

1. Basic Markov Chain. A Basic Markov Chain is the Markov Chain associated
with a subnet.

2. Basic Subnet Marking. A Basic Subnet Marking is a marking in the Basic Markov
Chain. We use /! to present a Basic Subnet j Marking and /& to present the initial marking
for subnet j. In Fig. 8.2a) to c), the subnets of the net in Fig. 8.1 are illustrated with
their Basic Markov Chains. The Basic Subnet Markings are also presented.

3. Separate Subnet Marking. For a given marking f;, there is a Separate Subnet j
Marking, written as 1, which is a marking consists of the places of only subnet j and the
number of tokens in the place is equal to that of x;. When there is no token in subnet j,
il =0

For example, given marking g; = {6(1),7(1),9(1)} in Fig. 8.1b), where the places
Ps, Pr and Ps contains one token each, the corresponding Separate Subnet Markings are
u! = {7(1),9(1)}, 2 = 0 and 2 = {6(1)}. Note that 12 and j may or may not be the
same. In the example, we have u! = i} = {7(1),9(1)} and 1 = 33 = {6(1)}. However,
12 = 0 does not equal any of the Basic Subnet Markings of the subnet 2.

An underline below a marking is used to indicate the same marking with the number
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Figure 8.2: Subnets of the LBSPN example in the previous figure
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of tokens in the common places being set o zero. For a Basic Markov Chain of subnet
3 if 3i Ef_‘ { / i, we say that /& is not unique, i.c., there are at least two markings,
where the distribution of tokens in the non-comnmon places is the same. The difference is
only the token distributions in the common places. _

In order to present the product form solution in a concise way, a function g() was
defined in [51], mapping the marking g (3 for subnet j) il;lt.o the Basic Subnet Markings.
That is, given a marking g, p(]) is obtained as the Basic Subnet Marking ji] of subnet
j» when g; is mapped into the subnet j. For instance, given p; = {6(1),7(1),9(1)}, then
we have p(p}) = {7(1),9(1)} = iy, p(5) = {1(1),7(1)} = i5 and p(ss) = {6(1}} = A
There is a sct of rules defined [51] for this mapping function p(). The rules will not be
rcpeated here.  Basically, we have &zf_) = &;’_ . When /i is not unique, the number of
tokens in the common place is determined by the general rule. That is, the number of
resource tokens absorbed by subnets plus the resource tokens left should be equal to the
totad number of the initial tokens in that place. In the case of E‘{ =0, we have p(3d) = i
I51].

Now, the product form solution for LBSPN, which consists of N subnets, is presented

P(p) = 5 P;(p(1})) where G is a normalization constant:
¢ = %]
Ty

P;(p(1)) is the probability distribution obtained from the Basic Markov Chain of subnet

P-(p(ﬂf)) (8.1)

¥ ,’:lz i 1212

J-

8.2 The Computational Algorithm for LBSPN

8.2.1 Convolution of The Subnets

As mentioned in the above, the probability distributions of all the steady states, i.e., of
all the markings of the LBSPN have to be obtained, if the normalization constant G is
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calculated directly from the Formula 8.1. Since the function p() has virious wapping rules
in different cases [51}. mapping every g, into cach subnet may not be tractable in the case
of a "big” LBSPN model. In this section, we are going to approach the normalization
constant G [rom the separated subnets. A decomposition provedure will be given to
reduce a LBSPN, which allows calculating the ¢ at the subnet fevel, That is. the € can

be obtained through the convolution of the subnets.

1. Reducing LBSPN by Subnet

Given a LBSPN that has N subnets, we assume that . i, ..., i, are the A1 warkings
of the subnet N, te., p(u¥) € (i, .... 4%}

N N
¢ = TMPEEN= ¥ [N+ ¥ III (o)

U n=l p(p\N)——..ﬁg‘ n=1 P(l‘;\-)?rl-
N=1 N
= Pn(i) ¥ TP+ S TI Pulele)
Pl )=} n=l Pl )=l n=1
yY HP(p(#Z‘))
el #ad Aud)#al n=t
N-1 N-1
= @) T HP,.(p(,u N+PeE) 3 I Puleld))
p(“N) =N n=|] p(u{‘) pNn 1
-1 N-1
+Pn(pg) Y H Pulo(ui)) +...+ Pu(iiy) . I Palole?))
p(“N)._ N n=1 p(,,N) '.‘K n=1

= Pn(in)Gy(id \ N = 1) + Pu(aY YCH(iY, N = 1) + Pu(i )GYaY N ~ 1)

+ ...+ Pl )Cilitg N = 1)
N-t

where Go(a), N ~1)= 3 I Palp(e?)). i} € {is--. ik} (8.2)

oY=l m=l

Thus, G is decomposed into disjoint sets according to different Basic Subnet Mark-
ings of subnet N. It can be envisioned here that an algorithm might he formed to calculate
G by decomposing the net according to the markings of subnet N. That is, the subnet N
is separated from the other N — 1 subnets and the LBSPN is thus reduced. Then instead
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of G, the Gi(ia, N = 1)s will be obtained first, prov ided that there is a method for us to

caleulate Gh(jiY, N — 1) easily. Further, if we assume that /i A Al L ads! are the

4

K2 markings of the subnet N — 1, we can get, from Formula 8.2:

G = PG, N = 1) + Pe(i)GYal, N = 1) + Pa(d)Ga(is , N = 1)
bt Pr(afn)Gi@fh, N - 1)
= Pu(pd ) (Proa (i "G g ™ N = 2)

+Pyo (YNGR AT N - 2)
400+ Py (iR VGHA A N - 2)

+ P ) (Pua (i NG g~ N = 2)
+Puoa (B G GRY AY N - 2)
++++ Pyoy(ipaGHAT Bz N - 2))

Lees

+ Pu(iig) (Py—1(ig ~Ga(R ™ N = 2)
+Py_ (B NG (g N —2)
+-- + Peai(ikz VGHARAR: ' N — 2))

where GEVANLN == S I Aol

Apl )= plp )=l n=t

Gz( WY V=1 N — 2) only includes the marking ;s that can give, in subnet N and
N —1, the Basic Subnet Markings ﬁf’ and !, if such y; exists. Meanwhile, only N —2
subnets are involved here in the mapping function p().

Since we have

GUAY N —=1) = Pyy(Z NGYUAN it N = 2) + Pu(af ~1GH(EY i ' N - 2)
+er 4 PR YGHE izt N - 2)

Ga(aY,N — 1} can thus be calculated again by reducing the system. That is, the
ey AN N = 2) will be obtained first, in respect of different Basic Subnet Markings
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of 4¥~!. Then G d(p\pz =L N~ 2) will be multiplied with the prebabilities of the corre-
spouding Basic Subnet. Markings &' =" and swmmed up to form the G W N = D This is
in fact the procedure in which the subnet N — 1 is also separated from the othier subnets,
In the calculation of G (or G¥). a removed (separated) subnet is not involved in the fune-
tion p() any more. The removed subnet is replaced by the steady state distributions of its
Basic Subnet Markings associated with the corresponding GA! of the resulting reduced
system. For example, when subnet N — 1 is removed, Py (i "G N~ N = 2) is
contained in Gd(,u,- ,N —1). In general, assuming that =%, a¥-*, AR are the K

s flge
markings of the subnet N — k,

Gty TN =k) = PuoliTNGEN Gy T AN - (k1 1)
+ Puai(@ G G T AN N = (k4 1))
+oord Puok(@RGEN (o VMR N < (k4 1))
where Gy N=N)=GY(--,00 =1 (8.3)

If we continue to perform this decomposition procedure through all the subnets,
finally, the LBSPN will be reduced to only one subnet. However, can we find a universal
method to reduce the LBSPN subnet by subnet, without considering the global marking
w; of the LBSPN, nor the mapping function p(y:)? When we remove one subnet, can
we find the state (markings) of the resulting reduced systems which arc associated with
the different Basic Subnet Markings of the removed subnet, without the knowledge of
w; or p(1;)? If this can be ac':hieved, only the Basic Subnet Markings are involved in
the calculation of G. Thus, the evaluation of G can be performed by dealing with every

separated subnet.

2. Calculating the Normalization Constant by Reducing the LBSPN

In G, the constraints on the marking u;s that can be involved in the G% are indicated.

In the G3(a i, N —2), for instance, the y; involved in the product is requizzd to have

1

p(ul) = ,u._,- and p(p“-”") = ﬁfv" . The u; (or ws) which satisfics the two conditions
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will be mapped into the subnet N — 2 1o obtain the Basic Subnet Marking a2 =

s 2). Then G Y~ =2, N ~ 3) can be produced by removing the subnet N — 2.
G ="\ N ~ 2) will be obtained through G3(af ' 'ty =%, N — 3)s. Thus, in order
to calculate G%, subnet N — k is removed. In order to remove subnet N — k, the Basic
Subnet Markings of subnet N — k have to be obtained under certain constraints, which
are placed on the Basic Subnet Markings of the subnets that have already been removed,
i.c., subnets N — (k- 1) to N.

Now, in order to remove subnet N — k, the major problem is how to obtain the
Busic Subnet Markings in the separated subnet N — k when the Basic Subnet Markings
in subnets N—k+1 to N are determined. Recall that every two subnets have no common
transitions but common places. Mcanwhile, these common places are all initial places.
Therefore, given two subnets, say subnet i and j, when the Basic Subnet Marking in
subnet 7 is fixed as p(u}), the Basic Subnet Markings of subnet j that can exist under
this j4 (there may be more than one p; that can give the same p(y})) are determined by
how many tokens are left in the- common places, shared by subnets i and j, afier subnet
i has reached p(}). If a Basic Subnet Marking in the subnet j can be reached without
consuming any token in 2 common place, this marking can always exist under any basic
subnet markings of subnet i {(e.g., the initial marking f}). This is the principle applied
in generating the associated Basic Subnet Markings for a subnet in the reduced system,
when 2 subnet is removed from the GX. According to this principle, given the Basic
Subnet Markings of the subnet N — (k— 1) required by G%, the Basic Subnet Markings of
subnet N —k, i.e., all the possible ﬁf ~*s, can be found out. Then, subnet N —k can again
be removed from G% with its different basic subnet markings. This generates G5!, where
the Basic Subnet Markings of the subnet N —k, i.e., ﬁf"‘, becomes a new constraint on

~ the markings y; involved in the GE*1, Until finally, only one subnet is left. Then we have

wlfaN~N= aN=(N-~ —lfaNAN— -
Gy I(ﬂg#iz l...#i(NE_JT) Z)rN_(N_l)) =G&V l(#ﬁ#ﬂ 1---;;,?(”_1),1) (8-4)

At this stage, GY ' is only a sum of the probabilities of some basic subnet markings

of subnet 1. It can be seen that in this procedure, we only need to deal with the Basic



Subnet Markings of every subnet. No p(} function is used anvmore,
Given a si; that satisfies the constraints in Formula 8.4, e, p(e¥) AN & pae™—1)
aN= . - - . e
ARV & - & p(id) = % n—1y- there are two “special” cases that we would address here,
(1) The tokens left in the subnet 1 are not sufficient 1o fire any of the transitions

and hence no basic subnet marking can be reached in subuet 1, i.e., p(ge!) == 0, then
G~ (@A™ By, 1) = GE ' (ndl, 1) = Pi(d):

where fij is the initial marking of subnet 1 and Py(ji}) is the probability of /il obtained
in subnet 1. This result is obtained in accordance with the mapping function p(), where
p() = i when o =0.

(2) If p(14) = fig, then

G M alal ™ By ) =GY (i, ) =3 P(id) =1
W

Apparently, the reason here is that all the ] can be reached by the initial marking /).

From the above discussion, the method for calculating G by removing the subnets
is stated as the following (/V subnets are assumed):

Step (1): Remove a subnet, say subnet j from the current system. The current
system can be system of G or G%. Assume that the current system is G%. It will be the
same for the case of G. Then, firstly, we gencrate all the possible /2 of subnet j in the
given marking of the current system.

Step (2): Under each {2, i.e., keeping the token distribution in subnet j as that of
marking /i, remove all the places, the tokens contained in these places and the transitions
that belong to subnet j, except the common places shared with other subnets. This is
the resulting reduced system that corresponds to GX+'(---ad, N — (k + 1)). Step (2) is
repeated for each i generated from step (1).

Step (3) If subnet i is the next to be removed, take the sysﬁem of GE¥I(--- @, N ~
(k -+ 1))s obtained in the step (2) as the cur;'ent system and go back to step (1). It can be
noticed t.haﬁ one system may consist of several subsystems, i.c., C5*! system may consist
of several GEP -, N=(k+1))s.
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Now, according to the method discussed above for the calculation of G5(, N — k), we
arc going to demonstrate the method by calculating the normalization constant G for the

example in Fig. 8.1. We start the decomposition by removing first subnet 3 then, subnet

9

Step 1: Subnet 3 is removed.

There is no marking constraint here since the subnet 3 is the first subnet to be
retmoved. The Basic Subnet Markmgb of the subnet 3 are &3 = {1(1)}, &} = {5(1}} and
i3 = {6(1)}.

(1) fg = {1(1)} — Gali,2)

Alter the subnet 3 is removed with its marking as i3 = {1(1)}, the net left is shown
in Fig. 8.3a). In this case, the Basic Subnet Markings that can be reached in subnet 2
are: 73 = {1(1), 7(1)}, i = {2(1), 71D}, &2 = {3(1)} and jf = {4(1)}-

() £ = {5(1)} — Ga(ix},2)

The resulting net, after subnet 3 is removed with its marking as 4} = {5(1)}, is
in Fig. 8.3b). Now, the Basic Subnet Markings that can be reached in subnet 2 is only
the initial marking 42 = {1(1),7(1)}, recalling that initial marking of a subnet can exist
under any token distribution situation.

(3) /& = {6(1)} — GY(i.2)

The resulting reduced net is the same as that in Fig. 8.3b). Similarly, only 43 =
{1(1),7(1)} can exist in subnet 2 in this case. Hence we have G3(i3,2) = Gu(Ai,2).

Therefore, at the end of the step 1, we have

G

Ps(i) x G(ii3,2) + Ps(ii}) x Gi(a3,2) + Pa(33) x Gy(ii3,2)
= P{1(1)} x Gii3,2) + {P{5(1)} + P{6(1)}} x Gi(iz}, 2) (8.5)
Here Ps{1{1)} represent the probability of the Basic Subnet Marking 4§ = {1(1)}
in subnet 3. Notations P3{5(1)} and P;{6(1)} are used in the similar way.
Step 2: Subnet 2 is removed.

(1) Under the constraint of Gj(ii3,2), ie the current system is the subsystem
GL(i3,2) in Fig. 8.3a).
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a) Subnet 3 Is Removed with Basic Subnet Marking 11(1))

b) Subnet 3 Is Removed with Basic Subnct Markdng (5(1)) or [6(1)}

d) Subsict 2 s Removed with Basic Subnct Marking {3(1)) or [4(1))

Figure 8.3: Reducing the LBSPN to calculate G
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I this case (sce Fig. 8.3a)), Basic Subnet Markings i3 = {1(1), 7(1)}, 21 = {2(1), 7(1}},
i3 - {3(1)} and i = {4(1)} can all be reached in subnet 2, as mentioned above.

When subnet 2 is removed with its marking 43, the resulting net is shown in
Fig. 8.3c). The Basic Subnet Markings that can be reached in subnet 1, in this case,
are il = {7(1), 8(1)}, &} = {7(1),9(1)} and g = {10(1)}. That is

G3(75i3, 1) = G, 1) = 1 = A{7(1),8(1)} + A{7(1),9(1)} + A{10(1)}

When subnet 2 is removed with its marking _ﬁf = {2(1),7(1)}, the resulting net is
the same as that in Fig. 8.3c). Thus, G3(#343,1) = 1.

When subnet 2 is removed with its marking 42 = {3(1)}, the resulting net is shown
in Fig. 8.3d). No trausition scems to be enabled as place Pr contains no token. How-
cver, recall that the markings that consume no tokens from a common place can al-
ways exist. Thus, a8 = {7(1),8(1)} as well as i = {7(1),9(1)} can both be“reached”.
il = {7(1),9(1)} can be “reached” because the transition ¢y “consumes” no token from

place P by taking P; as its output as well as the input place. Hence, we have

Gi(i‘gﬂ%a 1) = P|{7(1),8(1)} + Pl{7(1)19(1)}

When the subnet 2 is removed with its marking 2 = {4(1)}, the resulting net is the same
as that shown in Fig. 8.3d). We thus have again

G3ais, 1) = A{7(1),8(1)} + A{7(1),9(1)}

(2) Under the constraint of Gi(33,2), i.e., the current system is the subsystem
GL(i3,2) in Fig. 8.3b).

In this case, we have only 2 = {1(1), 7(1)} for subnet 2. Remove subnet 2 with its
marking 22 = {1(1),7(1)}. The resulting reduced system is same as that in Fig. 8.3c).
As shown in Fig. 8.3¢), all the Basic Subnet Markings of subnet 1 can be reached. Hence

Gi(i3i3,1) = Gi(ag, 1) = 1
Therefore, formula 8.5 from the Step 1 becomes:

G = R{1(1)}CYE,2) + {P{5(1)} + P{6(1)}}G1(i3,2).
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= R{MNPECHRAE. ) + PUGHAS. D
+P(i3)GH(adi3 1) + PG (3. 1))
+(Pe{5(1)} + A6 PG 1)}

= A{I}P{1). T} + A{2(1), 7(1)} + RA3(1)IALT(), 8}
+P{3(D)}A{7(1), 9(1)} + A1)} A{7(1).8(1)}
+Pa{A(1)}P{7(1), 9(1)}) + (Pe{S(1)} + P{6(1) P Pa{1(1), T(1)}

The G obtained here is exactly the same as the G calculated directly through for-
mula 8.1.
The above decomposition procedure can be started from cither of the three subnets.

The removal of the subnets can be conducted in any order. Same results will be obtained.

3.Calculating The Normalization Constant by Subnet Convolution

If we turn the order of the steps in the above procedurc for the calculation of G, the
convolution of the subnets is performed. That is, we start from a single subnet, adding in
one more subnet at a time, until the entire net is built. Every time, when a new subnet
is put in, the new G% is evaluated. The new subnet hence is convolved into the LBSPN.
Finally, the entire LBSPN is convolved and the normalization constant G is obtained. The
steps for the subnet convolution are as follows (N subnets are assumed in the LBSPN).

(1) Subnet 7 is added into system G%. First, find out all the j of subnet j. Check
the common places that are going to be shared by subnet j and the subnet(s) in system
G:.

(2) For every j, keep the system GE. Only the number of tokens in the common
places of G is adjusted to be in conformity with the token distribution of marking id.
After the token adjustment, several subsystems may be generated for system G¥, distin-
guished only by their different token distributions in the common places.

(3) Check the subnets (e.g., subnet i) in system G% which will sharc the common
places with the subnet j and find out their Basic Subnet Markings that can be reached in
every subsystem, after the token adjustment in step (2). Calculate G5 (- - N —-k+1)
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according to the formula (3) (section 3.1).

(4) The places and the transitions of subnet j are added in, with the initial subnet j
markings. This is the new system of G5!, If another subnet is the next to be convoluted,
go back to step (1) with system G5=1. If all the subnets have alrcady been added in, sum
all the G5! resulted from step (3) to obtain G.

Now we demonstrate this convolution procedure by calculating again, the G for the
LBSPN in Fig. 8.1. We start from the subnet 1.

(1) Subnet 2 is added in.

~ At this time, only subnet 1 exists. There are four Basic Subnet Markings of subnet
2, = {11), 7V}, A = {201, 7(1)}, 3 = {3(1)} and &2 = {4(1)}. Under the markings
ji2 and /i, common place P; contains one token (Fig. 8.3c)). Under /i3 and ji§, Pr contains
no token | (Fig. 8.3d)).

From Fig. 8.3c), in case of both /2 and 2, we have

G333, 1) = 1 = G3(adis}, 1) = A {7(1),8(1)} + A{7(1),9(1)} + A{10(1)}

From Fig. 8.3d), we have

Giii3,1) =G (ﬁ‘ 1) = P{7(1), 8(1)}+P1{f(1) 9(1)}

The i3 appears in the G2 here because the subnet 3 has not put in yet.

Then, subnet 2 is connected with subnet 1.

(2) Subnet 3 is added in

There are three Basic Subnet Marking of subnet 3, 43 = {1(1)}, 43 = {5(1)} and
ji3 = {6(1)}. Common place P contains 1 token under the marking 4§ (Fig. 8.3a)) and

contains 0 token in the other two cases (Fig. 8.3b)).

In the case of i = {1(1)} (see Fig. 8.3a)), subnet 2 can reach all its Basic Subnet
Markings. Thus

Giin.2) = R{100), T(}GH(E. 1) + PA2(1), T(1)}Ga( AT, 1)
+P{3(W)}GA(AAS 1) + P {A}CUE A5, 1)
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In the case of both i} = {3(1)} and A = {6(1)} (Fig. 8.3b)), subnet 2 can ouly
have marking /i3 = {1(1),7(1)}. Hence

Ga(i,2) = Ga(i,2) = P{1(1). TQ)}GR(AaG. 1) =~ P{1(1). 70}

Therefore, finally we have

G = P{ID}Gyi5,2) + A{5(1)}CGa(i, 2) + A{S(1)1Gi(. 2
= A{1M}PA10), TGRS 1) + P{201), TG )
+PA3(}GHR S, 1) + P{A)}GI(RE, 1))
+ (P{S(1)} + Pe{6(1)}) P2{1(1), 7(1)}
= B{IMHP{1(1), 7(1)} + A{2(1), 7Q)} + P{3(1)}A{7(1), 8(1)}
+P{3(D)}A{7(1), 9(1)} + P4} A{7(1), 8(1)}
+ P{a(1)}P{7(1),9(1)}) + (R{5(1)} + Pa{6(1)}) P{1(1), 7(1)}

This convolution procedure can also be conducted by starting from any of the sub-
nets and convolving the subnets in any order.

In the following, however, we are not going to follow this procedure on the subnets
anymore. The convolution is going to be carried out in the table format. That is, the
probability distributions of each separated subnets will be applied directly in the caleu-
lation of G. The computational algorithm for the normalization constant G can thus be

very easily executed and can be implemented in software.

8.2.2 Computational Algorithm for The Evaluation of G

The computational algorithm for the evaluation of G is presented also through the example
of the LBSPN in Fig. 8.1. The above subnet convolution is conducted directly in a table
format. We start from any two of the subnets. For instance, the subnet 2 and 3 are
taken first, as illustrated in the Table 8.1 of Fig. 8.4. The probabilities of the Basic
Subnet Markings are listed in the table, as well as the number of tokens consumed by
the marking from the common place(s), which is (are) shared by the two subnets. The
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Figure 8.4: Convolution Tables
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common place shared by subnet 2 and 3 is place £, The basic subnet marking { 1(1), T(1)}
of subnet 2 consumes no token from the place P, On the other hand. the Basie Subnet
Marking (5) of subnet 3 consumes 1 token from the place . Since there is only one
token in place A in the initial marking of the net, therefore we consider only the entries
of which the total number of tokens consumed by subnets 2 and 3 from place £ is less
than or equal to 1. That is, at these entries in the table, the nultiplication of the two
probabilities is obtained. In the table, for example, P{1(1).7(1)} x A {T(1).8&(1)} in
Table 1 is denoted as [F|1(78)2(17)]. After Table 1 is computed, subnet 1 is added in as
shown in the Table 2 of Fig. 8.4. The same step is followed. Subnet 1 has a conmon
place P; shared with subnet 2. Thus the tokens in place 2 consumed by subnet 1 and
2 are recorded. ‘Then the multiplications are carried out, in accordance with the number
of tokens in P:: After Table 2 is calculated, the entire LBSPN is built up. The sum of
all the entries in Table 2 gives the normalization constant G. This example can also be
computed according to different orders of the subnets. For instance, in Table 3 and 4 of
Fig. 8.5, G is evaluated by starting with subnet 3 and subnet [, which don’t have any
common place. Then subnet 2 is added in. Subnet 2 has a common place % shared with
subnet 1 and a place P; shared with subnet 3. Thus both the two places are checked.
Then G is obtained as the same. In Fig. 8.6, another example of LBSPN is given
with its two subnets. The Basic Subnet Marking {1(2),9(1)} represents that two tokens
are contained in place P and only one token in place F. Similar meaning associates
the marking {2(2),9(1)}. This LBSPN has 17 markings. Its Markov Chain is shown in
Fig. 8.7. The evaluation of G can be easily finished as shown in Table 5 and 6 of Fig. 8.8.
Here, T1{1(49)2(2,9)] = P1{4(1),9(1)} x P2{2(2),91} The computational algorithm given
here allows the steady state probability distributions of every separated subnet to be
applied directly, to obtain the Normalization Constant G. We do not even have to look
into the structural details of every subnet. This computational algorithm can be easily
implemented in software.

When many subnets are involved, the algorithrm will generate too many interme-

diate results unless certain aggregation of the intermediate products is performed, The
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Figure 8.5: Convolution tables
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a) LBSPN

‘30/

b) Subnct 1 & The Basic Markov Chain

¢) Subnet 2 & The Basic Markov Chain

Figure 8.6: Example 2: a LBSPN, its two subnets & the basic Markov chains
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Figure 8.7: The Markov chain of the LBSPN example 2
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Figure 8.8: Convolution tables of LBSPNs
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aggresation of the intermediate results is conducted with respeet to the different Basic
Subnet Markings of the subnet that is going to be added in. For instance. in the examnple
shown in Table 1 & 2, the products obtained from Table 1 can be aggregated before being
cntered into Tible 2. The aggregation is performed with respect to the number of tokens
in place P and the Basic Subnet Markings of subnet 3. a5 = {1(1)} consumes no token
fram place . Both i = {5(1)} and i3 = {6(1)} absorbs one token from P. Since the
initial marking pto has only one token in place Pi, the products from Table 1 arc divided
into two groups. In the first group, the products that involve the markings which consume
no token from P, arc included. The second group includes the products that involve the
markings which consume 1 token from Py. The sum of the products in each group will be

cntered into Table 2. These two sums are as follows:

suml = [JIL(78)2(17)] + [111(10)2(17)]
+ [T1(79)2(17)] = P{1(1), 7(1)}

sum?2 =Y (all the other entries in Table 1)

Thus, Tai)lc 2 is simplified as shown in Table 6 of Fig. 8.8.

The computational algorithm presented in this section has been programmed in
C language on UNIX OS on Sun workstation 3/150. In Appendix 3, the listing of the
program is presented. Given the basic markings of each subnet, the software performs

the subnet convolution and generates the normalization constant G.

8.3 Performance Modeling of Multimedia Collabo-

rations

In this scction, we are going to apply LBSPN models for the performance evaluation of

the muitimedia collaborative applications, e.g., the joint editing session.
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Figure 8.9: SPN model of one editor in a collaborative group

8.3.1 LBSPN models for Multimedia Joint Editing

As we have discussed in Chapter 5, in multimedia joint editing, editors are divided into
the collaborative groups. For a collaborative group with multiple editors, we establish its
LBSPN model. .

Fig. 8.9 illustrates a SPN model which represents an editor working on a portion
of the document. The token in place Pl represents the editor and the to'ﬁn m P3
stands for the document portion. The editor may view a certain portion and crank ideas
to mouify it. This is represented by the transition T1 in Fig. 8.9. Then the editor
needs to reserve the portion, ie., to “lock” it (see Chapter 5) through transition 72.
After the editing (transition T'3), the new version of the portion will be committed (sent
through T'5) into the shered space P3, so that all the other participants can view it.
That is, the portion is available to all the participants in the collaborative group. On
the other hand, collision may be incurred by an editor where the portion is reserved by
another one in the group, at almost the same time. In this case, the editor is assumed
to wait in P2 until the new version of this portion is committed fror.n the 'one who has
reserved it. Then the editor tries again to reserve the portion. In any case, after reserving
the portion, the editor can cancel the reservation without making any modifications.
This abortion of the editing is represented by transition T4 in th SPN model. Take the
SPN model in Fig. 8.9 as & subnet, the LBSPN models can be constructed, describing
" multiple editors working on a multimedia document which consists of multiple portions.
In Fig. 8.10 (a), two editors are shown collaborating on the same document portion. In
Fig. 8.10 (b), the document comprises two portions so that the two editors can work on

the document concurrently by reserving diflerent portions. The models in Fig. 8.10 are
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Figure 8.10: LBSPN model containing two editors

Class\Trausitions | Tl T2 3 T4 TS | TG
class 1 0.0083 | 1.00 | 0.0083 | 0.0056 | 0.0042 ; 1.00
class 2 0.0056 | 1.00 | 0.0056 | 0.0042 | 0.0033 | 1.00

Figure 8.11: Assignment of the firing rates

both LBSPN models. Similarly, LBSPN models can be constructed by connecting the
subnet to represent the collaborating group which includes more cditors and document
portions. When more cditors and document portions are added in the model, the state
space is dramaticaily increased. Thus, product form solution method is employed to solve

the model.

8.3.2 Product Form Solutions & Performance Results

Editors may work at different speeds. This can be casily represented by the different
transition rates for the subnet in Fig. 8.9. In our example, two different scts of rates are
assigned to the subnet, shown in Fig. 8.11 as the working speed of class 1 and class 2. For
cach class of the transition rates, the subnet is solved. Thus the subnet which has only
5 steady states is solved twice, resulting in the different steady state distributions shown
in Fig. 8.12. First, we study the casc where only class | editors are working on a single

document portion. Wien the number of the subnets is increased, Fig. 8.13 gives the G



With Class 1 Rates IVith Class 2 Rules 2
P{1(1)3(1)} { 0357042 | P{1(DN3(1} | 0.301800
P{2(1).3(1)} | 0.002071 | P{2(1).3(1)} [ 0.00219.
P} {0213735 | Pl | 0223885
P{5(1})} 0.4223381 P{5(1)} 0.379927
P{6(1)} 0.002971 P{6(1)} (.0021941
Figure 8.12: Steady State Distribution of The Subnet with Differemt Firing Rates
1 editor | 2 editors | 3 editors | 4 cditors | 5 editors | 6 cditors | T editors | 8 editors
G 1 0.591568 | 0.296750 | 0.137146 | 0.060311 | 0.025691 | 0.010635 | 0.0:13661

Figure 8.13: Normalization Constant ¢

computed through the convolution of the subnet. The results are directly obtained from
the coded program. From G, the probabilities of some relevant states are caleulated, given
the LBSPN models which included different number of the editors. Then the throughput
of every editor as well as that of the entire group is obtained, as presented in Fig. 8.14.

Next, the collaborating group with 3 concurrently accessible portions of the shared
document is studied. Similarly, the number of the editors is increased. In this case, we
assume that the editor works on the first portion with the rates of class 2 and the other
two portions with the rates of class 1. This can be caused by either the different, contents
of the portion or the different media used in the portion. For instance, modifications
made on 2 video clip takes different time from those made on a text picce in the portion.
In Fig. 8.15, the normalization constant G for the LBSPN models which include different
number of the editors are given. Fig. 8.16 presents the throughput of every editor and of

the entire system.
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Figure 8.15: Normalization Constant G
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8.4 Summary

In this chapter, we employed a new performance model, the LBSPN to evaluate the multi-
media collaborative application of joint editing. We first have developed & computational
algorithm for the LBSPN models so that the product form solution of LBSPN can be ob-
tained efficiently. The algoritlun is based on the convolution of the subnets in the LBSPN
model.
In our studies, we have found that the LBSPN are uscful in modeling the shared
multimedia collaborative applications. We took the joint editing session as an example

and obtained the performarnce results of the system.
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Chapter 9

Conclusions

9.1 Summary of The Thesis

In this thesis, multimedia synchronization control schemes were proposed. The thesis also
presents analytical performance rodeling of the multimedia application systews where
the synchronization is involved. Since multimedia synchronization control is a relatively
new topic in the computer communication ficld, we first, in Chapter 1, describe the
synchronization problems that are involved in various multimedia application systems.
The synchronization control issues were thus divided into three catalogues, the Temporal
Presentation Control (TPC), the Simultaneous Real-Time Data Delivery (SRTDD) and
the multimedia causal ordericg. In Chapter 2, we reviewed ti:c synchronization control
methods that were proposed in the literature.

From Chapter 3 to Chapter 5, which forms the first part of our thesis, we presented
our synchronization control scheme and algorithms. Chapter 3 deals with the issue of
TPC. We took the challenging problem of synchronization control in the teleorchestra
system where independent information sources are involved. A temporal model has heen
established for the “fuzzy” presentation scenarios that appeared in the muitimedia tele-
orchestration applications. With only the relative and uncertain temporal information
available, the model can represent the required presehtation scenario and thus, support

the synchronization dialogue among the multiple information sources. Based on this
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temporal model, synchronization algorithms which include the synchronization dialogue
were devised. Interesting nultimedia applications such as the remote document creation,
fast-forwarding and fast-rewinding of the multimedia docunent presentation can be sup-
ported.

In order to support the real-time muitimedia data delivery. we proposed in Chapter
4, an entire multimedia communication architecture. In this layered model, multimedia
session management was designed which can manage the temporal relationships involved
in the multiple data streams. Then we described the Activity Consiraint Control (ACC)
and the multimedia Segment, Delivery Scheme (SDS). The ACC can maintain the sequen-
tind ordering of data on different streams according to the requirement of the presentation
application. Thus, the various data contents (e.g., objects on different streams) will not be
mismatched during the simultancous play-back. As the multimedia presentation requires
the coupling between the data streams, we designed the SDS to achieve the required cou-
pling, which is quantitatively defined by the skew parameters. The skew parameters are
actually the Synchronization Quality of Service (SQoS) parameters. Different segment
delivery schemes were proposed.

In Chapter 5, a different type of the synchronization control was investigated, in
a multimedia cooperative system. We presented a synchronization model for the mul-
timedia collaborative application of joint editing. The algorithms was designed for the
synchronization control in a shared multimedia working space. The concurrent control in
the system is managed. Meanwhile, the causal ordering of the different versions of the
document is preserved in the system, without tracking the history of the document.

In the second part of our thesis, we have investigated the analytical performance
modeling techniques for the multimedia system where the synchronization is involved.
Chapter 6 reviews the existing analytical performance models and their solution tech-
niques. Since the Stochastic Petri Nets (SPN) models can represent the synchronization
aspects of a system, they were chosen as our mathematical models for the performance
evaluation of the multimedia systems.

Different kinds of the multimedia application systems were taken as the examples in
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the performance modeling conducted in Chapter 7. The GSPN (Generalized Stochastic
Petri Nets) models were applied to mode! ihe multimedia Segment Delivery schene, Fhe
performance indices of the segment delivery scheme were abtadned, which are useful in
the system design and implementation. The CGSPN (Coloured Generalizedd Stochastic
Petri Nets) models were used to model the remote docmuent ereation system. By repre-
senting the temporal behavior of the information sources (e.g.. the database servers), the
CGSPN models were established for the distributed multimedia integration. The svstem
performance was studicd: when integration jobs are concurrently required from the users.

In these studics, we have found that the SPN has many advantages in wodeling the
synchronization aspects of multimedia communications. The SPN madels are apparently
more powerful than the QN (Queueing Networks) models in representing the coneurrency
and synchronization in the multimedia systems. However, the solution for a SPN model
of a real system is threatened by the explosion of the state space. In any of the models
that we have established for the multimedia systems, an increase in the number of tokens
in one place in the net can often result in a huge state space (e.g., more than 100,000
markings) that hampers the solution of the model. Therefore, cfficient solution algorithins
for SPN models are required.

We studied the solution technique for the SPN models in Chapter 8. A class of SPN
models, i.e., the Locally Balanced Stochastic Petri Nets {LBSPN) which have product
form solutions were investigated. We presented a computational algorithm for the LB-
SPN, so that the product form solution can be utilized conveniently in the performance
analysis of the real systems. The computational algerithm was based on the convolution
of the subnets in the LBSPN. A software program of this convolutional algorithm was
also developed on the UNIX system. Then, the LBSPN was employcd to evaluate the
performance of the rr;ultimedia joint editing system. When the number of the editors and
also the concurrency degree allowed in the system are increased, the performance results
can easily be obtained by convolving the added subnets. The performance results were
presented. |
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9.2 Suggesticn for Future Research

Multimedia synchronization has become a hot topic in the arca of multimedia commu-
nications. llowever, the problam has not turned out to be clear; nor casy to solve. The
main reason is that synchronization control has to be embedded into the application and
comnunication systems that are being developed and evolved. With the introduction of
the hew multimedia data transmission scheme and system architecture, the synchroniza-
tion problem and the control method have to be adapted so that they are suitable for
new and different systems.

The temporal models and algorithms for the TPC control have been well studied.
Nevertheless, the implementation of the system requires more efforts. Languages and
programming interfaces for describing the temporal relationships of object presentation
cvents arc just now under study, development or available in first version [33] [14] [46].
However, most of them either aim at the general document structure and user’s inter-
face, or aim at the communication architecture alone. How to connect these two parts,
that is, the development of a distributed document creation and presentation applica-
tion environment on the communication networks, e.g., the teleorchestra system, needs
to be studied. This involves the implementation of the TPC over the distributed system,
which is an open problem. Meanwhile, the system has to comprise both the TPC and
SRTDD control. TPC and SRTDD thus need to be connected. On the other hand, in
the distributed applications, the TPC need to be combined with the concurrency control
in the system. For instance, when multiple clients perform the remote document creation
concurrently, the independent information sources need to initiate the synchronization
dialogues properly during the source contention. Issues like this need to be solved before
" a public multimedia presentation or conversational applicatiori can be supported.

In the study of SRTDD, we were focused on the synchronization of the different data
streams. In this case, ATM networks were assumed. We didn’t look into the connection
of different networks, for instance, from LAN to the ATM network. The SRTDD in the

internetworking system is an interesting issue. Meanwhile, synchronization control also
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needs Lo be studied in the case of connectionless networks.

The performance modeling of multimedia synchronization svstems is an open area.
Suitable performance models and solution techniques for the performanee evaluation of
the multimedia system are highly required.

The class of LBSPNs used in our work has cflicient solution algorithins, The wenk-
ness of the approach is the restriction on the boundary of this class of SPNs. We have not
discovered that LBSPN can be used for the modeling of other multimedia synchronization
systems, for instance, the simultancous data delivery. 1f the boundary of LBSPNs can be
further extended so that this class can be more applicable in performance modeling of
real systems, LBSPNs will be very promising analytical performance models.

In this thesis, we were focused on the exact solution methods for the SPN models.
Nevertheless, in literature, some approximate solution methods have been proposed |72
[75], both for GSPN models and CGSPN models. In these solution techniques, decom-
position methods are applicd. If a complex SPN model can cither be approximated by
a LBSPN model, or can be decomposed “approximately” into several LBSPN models,

efficient solution algorithms for the performance modeling of multimedia systems can be
obtained.
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Appendix

.1 The BNF Style Description for The Scenario Spec-

ifications

The “braces” ‘[]’ have been introduced into BNF to denote none or more repetitions of
the enclosed material. Since ‘<>’ is already used in the BNF description, the sequential
specification ‘<>’ is written us ()’ in the following.

< scenario >i=< start >< single thread > | < start >< multiple thread >

< single thread >u=< operation > [< operation >] <end >

< multiple thread > = < single thread >; < joint >< single thread >
[} < joint >< single thread > |

< joint >::=< operation > | < variable > | < start >
< start >u=< identifier >

< end >u=< identifier >

< operation >z = {< command list >}

[{< variable >, < variable > [, < variable >}

< command list >::=< command > [, < command >|

< command >: = < variable >< frelation >< variable >
| < variable >< m-relation >< variable >
[< m-relation >< variable >]
| < variable>= ch(< variable>, < variable> [, <variable>>|}

| < variable >



< variable >:: = < interval identifier >
](< interval identifier > (e} < interval identifier >

[(e) < interval identifier >|)

< f-relation >u= els|d| flo|ot

< m-relation >u= e|d

.2 The algorithm for the schedule inference

The following variables are used in the algorithm. ¢7%: the schedule made by the source
Sr which is the “owner” source of object X; tZ: the schedule to be obtained for i, € N,
A(R;) = m; D%: The derived display duration of object X. The initial value of m is

m = 0. Same are the other time variables.

Infer(m)
Begin
EREF,#¢/*m#0*/

Begin

compare the finishing time of 7,7 € REFE, to obtain REF,, = {fix};

EQU,, = t2EF = the finishing time of 7, = tﬁm) + Df‘(,-lk);

End /* I£*/
tREF = max{tREF, ¢7f : Wiy € N7'}; /* obtain the schedule for Vi, € N7 */
For every 7i; € NJ*: &, = tBEF; /* assign the obtained schedule to Vi, € NJ* */
While 37, € A2, & 7. ¢ NP

Begin

J* If ‘.'I','.(I\'f,l-r'i,, {7%,}) # ¢, 7iz is scheduled this time */
{e,s,0,0} N TN, 72z, {7y} # &5 £, =88
{FINTN, 7, (7)) # ¢ &5, =8, + DY, — DZ; /



(@} VTN e () # 6 85, =t + 225585 /i (d)ity /
If -1 # t5: NP = NP U {fiz} /* 7iz is scheduled */
If -1#¢8 <ty
Begin /* Compare with the schedule chosen by the “gwner” source of x */
tREF = tBEF 4+ (7 — t.);
For every 1i; € 1\7}" /* Adjust the schedules */
th =ty + (t —t0);
th =860
End /* If */
End /* While */
At = tREF — EQUnm; /* gap */
If 3, € A2, &(7y.F, Uiy F)N N, = ¢
& for every 7t € N,, {e,ch} N (N, 7%, (7)) # 6, Ns S AL,
Then fot Vi, € NV, Begin /* Obtain the final display duration */ '
Dz, = min{ D%, th, + D%, — t0. 15
Adjust object fi- (may cut fi.);

End
For every ACk = E({ACn}) & VAC; € £~ ({AC4}) scheduled
Begin
Infer (k)

If Ar. > 0 Gap(Are,m); /* Gap filtering */
tREF = thfF + Amg
AT = tREF — EQUp;
End
Return (ATn); /* return the gap allocated */
End

Gap(AT, m)
Begin



For Vi, € ACw
th =t +An
If 3AC; € E{ACR}) & 7 # k & Infer(j) has been performed
Gap(arg);
End

.3 Program List of the Computational Algorithm
for LBSPNs
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