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Abstract

Multimedia Network Synchronization
In Real-Time Applications

by

Panagiotis Nikolaos Zarros
Advisor: Professor Tarek N. Saadawi

Various synchronization issues arising in the transfer of voice, video, or data through
communication networks for real-time applications are the subject of this thesis. Mul-
timedia communication involves many complex problems that do not appear in other
means of communication, such as radio communication. This is because in multimedia
communication networks, each type of traffic may travel independently from the other
and experiences different network jitter (variation of the delay). This becomes further

complicated by the absence of a universal clock.

The multimedia synchronization transport protocol presented in this thesis is divided
into three building blocks: a) Point-to-point single-medium synchronization block,, b)
Intermedia synchronization block, and c¢) Interparticipant synchronization block.

The proposed multimedia synchronization protocol is based on statistically evaluating
the reference times or expected arrival times of the packets from each participant in
each connection. Once the reference times are estimated, synchronization is achieved
not according to the generation times of the packets but according to their expected

arrival times. This approach exhibits the optimum delay, because packets from each

iv



connection exhibit the maximum delay seen only in their own connection. Furthermore,
deletion/addition of each participant and/or media connection can happen independently
to other participants and media connections.

An effort was also devoted in representing the sequence number of each packet with
the minimum number of bits. It is proven that the time interval the optimal sequence
numbering scheme for multimedia synchronization should span needs not to cover a time
duration greater than the maximum of the following two expressions: the maximum
variation of the network jitter and twice the maximum absolute difference between the
expected time delays of the two media.

Another issue is the frequency offset existing between the sender and the receiver.
Knowledge of the frequency offset implies accurate knowledge of the generation period
T? of the packets at the sender, and this in return implies a more accurate multimedia
synchronization. The frequency offset estimation is based on evaluating the tangent
among two subsets of the arrived packets which are constructed so they lead to minimum

mean square error,
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Ithaca

When you start on your journey to Ithaca,
then pray that the road is long,

full of adventure, full of knowledge.

Do not fear the Lestrygonians

and the Cyclopes and the angry Poseidon.
You will never meet such as those in your
path,

if your thoughts remain lofty, if a fine
emotion touches your body and your spirit.
You will never meet the Lestrygonians,
the Cyclopes and the fierce Poseidon,

if you do not carry them within your
soul,

if your soul does not raise them up be-
fore you.

Then pray that the road is long.

That the summer mornings are many,
that you will enter ports seen for the first
time

with such pleasure with such joy!

Stop at Phoenician markets,

and purchase fine merchandise
mother-of-pearl and corals, amber and em-
bony,

and pleasurable perfumes of all kinds,
buy as many pleasurable perfumes as you

ix

can;
visit hosts of Egyptian cities,

to learn and learn from those who have
knowledge.

Always keep Ithaca fixed in your mind.
To arrive there is your ultimate goal.

But do not hurry the voyage at all.

It is better to let it last for long years;
and even to anchor at the isle when you
are old,

rich with all that you have gained on the
way,

not expecting that Ithaca will offer you
riches.

Ithaca has given you the beautiful voyage.
Without her you would never have taken
the road,

But she has nothing more to give you.

And if you find her poor,

Ithaca has not defrauded you.

With the great wisdom you have gained,
with so much experience,

you must surely have understood by then
what Ithacas mean.

Constantine P. Cavafy,
Alexandria, Egypt, 1863-1933



Thermopylae

Honor to those who in their lives

are committed and guard their Thermopylae.

Never stirring from duty;

just and upright in all their deeds,

but with pity and compassion too;
generous whenever they are rich, and when
they are poor, again a little generous,

again helping as much as they are able;
always speaking the truth,

but without rancor for those who lie.

And they merit greater honor
when they foresee (and many do foresee)
that Ephialtes will finally appear,

and in the end the Medes will go through.

Constantine P. Cavafy,
Alexandria, Egypt, 1863-1933



Che Fece . . . IL Gran Rifiuto

To certain people there comes a day
when they must say the great Yes or the great No.
He who has the Yes ready within him

reveals himself at once, and saying it he crosses over

to the path of honor and his own conviction.
He who refuses does not repent. Should he be asked again,
he would say No again. And yet that No-

the right No- crushes him for the rest of his life.

Constantine P. Cavafy,
Alexandria, Egypt, 1863-1933
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A Solitary Swallow; The Axion Esti

A solitary swallow and a costly spring,

For the sun to turn it takes a job of work,

It takes a thousand dead sweating at the Wheels,
It takes the living also giving up their blood.

God my Master Builder, You built me into the mountains,
God my Master Builder, You enclosed me in the sea!

Magicians carried off the body of May,
They buried the body in a tomb of the sea,
They sealed it up in a deep well,

Its scent fills the darkness and all the Abyss.

God my Master Builder, You too among the Easter lilacs,
God my Master Builder, You felt the scent of Resurrection!

Wriggling like sperm in a dark womb,

The terrible insect of memory breaks through the earth
And bites the light like a hungry spider,

Making the shores glow and the sea radiant.

God my Master Builder, You girded me with seashores,
God my Master Builder, You founded me on mountains.

Odysseus Elytis, The Axion Esti,
Athens, Greece, 1911-
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Chapter 1 Introduction

1.1 Multimedia Synchronization: Definition, Motivation, Issues.

Technological advances in computers and communications make it feasible today
to speak about real-time interaction with other people using images as well as voice.
One such class of applications is multimedia teleconferencing, which permits individuals
to interact real-time in a conference-like manner by exchanging audio, video and text
information. Another class is the so-called video-store type of applications. It is
envisioned in the future that people will be able to use their computer monitor for
entertainment purposes, such as watching a movie. In that case the user will not go
to the video store to pick up the proper tape, but through the computer network he/she
will download and playback in real-time the movie in his computer monitor. This type of
application can also be utilized where the user wants to scan images and text from a library
(i.e. a book), or see what is in sale on the local supermarket. We make a distinction
about multimedia conference type of applications and video-store type of applications
such that in the former case both sides interact with each other in real-ime, while for the
video-store type of applications, only one side is acting in real-time. A reader interested
in the fundamentals of networking should refere to the book by Saadawi er al. [1].

One inherent problem in multimedia, as the word multimedia etymologically implies,
is associated with inter-mixing different media into one. Here the problem of intermedia
synchronization arises. This intermedia synchronization deals with synchronizing the
temporal relations among different media; an example of this is lip-synchronization.
There 1s another type of synchronization to be considered. If a conference is not in its
simple form with only two participants but in its more general form with three or more

participants, management issues and synchronization problems with packets (messages)



armiving from different participants arise. Here the synchronization problem will be

referred to as interparticipant synchronization.

The structure of the introduction is as follows: In the next section, our experimental
work which is related to the construction of an actual multimedia conference system and
making experiments is briefly presented (this was a team effort; many students of the
Computer Communications Laboratory were involved in this project). In Section 1.3, a
synopsis of the proposed multimedia synchronization transport protocol is presented. In
Section 1.4, we introduce the reader to the significance of the estimation of the frequency
offset in real-time network applications, and specifically to multimedia synchromization.

Finally, in Section 1.5, the contents of this thesis are summarized.

1.2 Experimental Work Performed.

It is generally accepted that most of the currently existing transport protocols such as
TCPIUDP and OSI transport protocols are not suitable for multimedia conference applica-
tions, in which different media services require different service requirements. However,
the wide use of these protocols make them attractive to people who are interested in find-
ing the performance of these protocols and quickly bring multimedia to the desktop. For
these reasons, we have designed, realized and analyzed a multimedia conference system
based on the test-bed FDDI network existing in the Computer Communications Labo-
ratory using TCP/IP and UDPI/IP protocols. End-to-end delays and jitters are measured
to compare the performances of two architectures: one architecture is based on TCP in
which all application services, interactive video, interactive voice and data, are multi-
plexed at the application level and transmitted through TCP; the other architecture has

interactive video and voice transmitted through UDP and data transmitted through TCP.



During the various experimentation we conducted, we found a way to measure the
time delay which avoids the synchronization problem caused by the frequency offsets
existing between the clocks at the sender and at the receiver. Essentially, this was an
idea that was applied to the estimation of the time delays of the packets by exploiting
the bi-directional nature of the traffic generated in a multimedia conference. Before
that, estimating the average time delays of the packets passing through a given computer
network route was an extremely complicated matter. One other reason which justfies
our involvement in designing an entire new multimedia conference system was to get
a better understanding of the issues involved, and to share our experience with others
by publishing the architecture of our multimedia conference system. Although many
software companies have been involved in designing a multimedia conference system,
no publication has appeared in the literature. However, our design of our multimedia

conference system has already been published [2].

The large bandwidth available from the fiber results in a shift of the system bottleneck
from channel bandwidth to communication protocol processing. Many researchers have
investigated on the performance of current transport protocols [3, 4, 5, 6, 7]. For example
in [3], a comparative evaluation of TCP, UDP and VMTP protocols is carried out and
a conclusion is made that the existing transport protocols are not suitable for future
multimedia high speed networks, since they fail to achieve the level of performance in
terms of on-time reliability and jitter control. Research on software architecture, protocol
and conference management for multimedia is reported in {7, 8, 9, 10, 11]. In many
studies, however, the software architecture issue is only dealt with on an abstract level,
without going into the actual implementation. In contrast, our work presents an actual
implementation addressing problems arising both from the software architecture and the

synchronization among processes in a software for multimedia services. For a detailed



analysis of our multimedia conference software, the reader is referred to Chapter 3.

1.3 The Multimedia Synchronization Transport Protocol.

1.3.1 Motivation: The Interparticipant Synchronization Problem.

What prompted us to develop a new multimedia synchronization transport protocol
was the synchronization problem we encountered in the most complex case, the case of
Interparticipant Synchronization. Interparticipant synchronization is related to synchro-
nization of packets arriving from different sources. As shown in Figure 1.3.1, receiver
R can be any of the participants or a separate mixer and as noted both the average time
delay D' and the network jitter are different from participant to participant. Although we
will define exactly the term jitter later, it suffices for now to define jitter as the variability
of the time delay that packets experience when passing through a network. This model
is in agreement with the real situation. Due to many factors such as specific geography
of each connection, different routes taken, or different network load (how high the uti-
lization of a certain network link is), make out the network model appearing in Figure
1.3.1 for a multimedia conference the correct model. This model is an improvement
from previous models used by other researchers [12, 13, 14], where the time delays for
all connections in a multimedia conference are considered to be constrained within the

same bounds of the time delay.
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Figure 1.3.1 Multi party conference with M+Iparticipants.

In our approach, the existence of different bounds on the arrival time of a packet
from different sources is recognized to improve the synchronization algorithm. Whenever
a reference to packets is made we really mean the messages from the application level.
In the paper authored by Rangan er al. [12] (their synchronization algorithm has been
proven to be optimum in the case there is no exchange of any control messages), the
deterministic approach is followed whereas the statistical approach is taken in this thesis.
A similar problem, the problem of voice synchronization between sender and receiver,
has been studied by many researchers [15, 16, 17, 18].

Interparticipant synchronization is key to a multimedia multi-party conference. Ap-
plications of a multimedia conference such as coediting of a document or mixing of
different voice streams require the maximum possible synchronization of the arriving
packets. There are two sources of problems affecting interparticipant synchronization:
firstly, the absence of a global clock because of the fractional drifts among different
clocks (frequency offsets), and secondly, the existence of variability in the arrival time

of packets from the same source. The aforementioned problems should be solved in a
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manner that the buffer requirement at the receiver and the total delay for playback of

the received packets are minimum.

Our research in this field has resulted in an idea about synchronization in multi-party
multimedia conference that leads to an optimum solution w.r.t.. the time delay. To further
illustrate what is meant by an opdr;lum solution, imagine a multimedia conference held
by three participants. One participant is located at the City College, the second in New
Jersey and the third in California. Let us suppose that we are concerned only with the
synchronization at our site, i.e. we want to synchronize packets arriving at City College
from New Jersey and California. Synchronization between packets generated from
different sources is better illustrated with voice packets. If we want to simultaneously
listen to many participants, then before playing back the voice packets at the receiver,
the voice packets from the different participants have to be added and only then are
to be played back. In all previous works done by other researches, the interparticipant
synchronization problem has been solved by delaying every packet according to the
maximum delay observed from all the connections in the multi-party conference. In other
words, packets generated from New Jersey will have to be delayed the same amount of
time as packets generated from California. However, we have observed that, for purposes
of multimedia synchronization, packets generated from New Jersey need to be delayed

only the maximum delay observed in the connection from New Jersey to the City College.

While realizing this idea about interparticipant synchronization, a number of new
ideas and concepts were introduced that we believe will be used as the backbone
theoretical tools for a research in the field of multimedia synchronization, either it is
interparticipant, or intermedia, or simply receiver-sender synchronization. An important
point here is the concept of the reference times or simply the expected arrival times. In

other words, a reference time is the hypothetical arrival time that a packet would have,
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if the packet coming from the sender to the receiver would have experienced exactly the
average time delay for this connection. Another fundamental idea is the observation that
if at some point in time synchronization was achieved, and by some way we were also
able to exactly determine the frequency offsets between the sources and the receiver, then
synchronization is to be achieved for the rest of the time without requiring to reexecute
the synchronization algorithm. Yet, the most important issue is that the estimation of the
reference times and of the frequency offsets does not need even a single exchange of a

feedback packet between the communicating entities.

The synchronization algorithm is also shown to encompass cases where traffic sources
transmit packets with different periods. This ability of the proposed multimedia synchro-
nization algorithm, i.e. to synchronize packets that are generated from sources with
different periods, will be shown to be very useful for the specific case of intermedia syn-
chronization. The reason is that, for the general problem of intermedia synchronization,
the voice sources might transmit packets with one period and the video sources with an-
other period. Then the problem of intermedia synchronization becomes simply a problem |

of interparticipant synchronization where sources transmit packets with different periods.

The degree of accuracy of synchronization depends on how accurate the estimation of
the reference times are. Modeling the probability density function of packet arrivals with
a Rayleigh, Normal and Uniform density functions, an upper bound in the probability
of error derived using the Chemnoff bound is plotted with respect to the number of
received packets N. For instance, by allowing an error of 0.15 of Ap.; (Where A
1s the maximum jitter packets are experiencing passing through one connection) only
25 packets are required for P(¢) = 0.05 using the Rayleigh model. Using simulations,
the same performance can be achieved with only 15 packets. This means that at the

connection/setup time, workable synchronization can be achieved in a very short time,



in the neighborhood of one second. This displays the high feasibility of the proposed
algorithm for practical applications, because we would not like to wait for more than
a second during the connection/setup time. In this work no effort has been devoted in
modeling the probability density function (p.d.f.) of the packet arrival imes. A reader

interested in the theoretical analysis leading to the proper p.df. should refere to [19].

1.3.2 The Three Building Blocks of the Multimedia
Synchronization Protocol.

The solution to interparticipant synchronization led our research to propose a three-
layer concept to be used for multimedia synchronization. In other words, the fact
that packets from each connection exhibit only the maximum delay seen in their own
connection, (independent of the delay existed to the other connections), led us to the
introduction of the multimedia synchronization transport protocol as presented in this
thesis. The multimedia synchronization transport protocol /algorithm, as shown in Figure

1.3.2, is divided into three blocks:

1. Point-to-Point Single-Medium Synchronization Block,
2. Intermedia Synchronization Block, and

3. Interparticipant Synchronization Block.



Point-to-Point Multimedia

synchronizatiqw Block RECEIVER
\\_\f
™SS
voice N:—n
HOST 1
video
e !
Ve]le) Nh—.‘ T\
/\ ! ) |
A i i ;
i N TR
| HOST 2 |
I !
video }
\/‘- =~ N b
: ’ 1 = | : /‘
. g =B S
. /
, /
P S /
- v'/‘N !
— i :
l
| HOST M H
/
] // /

/

i

Intermedia Synchronization Block /

Interparticipant Synchronization Block
Figure 1.3.2 The three building blocks of the Multimedia Synchronization Transport Protocol.

The relationships among the three building blocks are shown in Figure 1.3.2. The
proposed multimedia synchronization protocol is based on statistically evaluating the
reference times or expected arrival times of the packets from each participant in each
connection. Once the reference times are estimated, synchronization is achieved not ac-
cording to the generation times of the packets but according to their expected arrival

times. This concept has many benefits. In particular permits the receiver to decouple



the synchronization dealing with packets arriving from one participant from the synchro-
nization dealing with packets arriving from the other participants. In addition, for the
same reason it exhibits the optimum delay. To furhter clarify these points, suppose a
multimedia conference is held among three participants. One of them is located in New
York, another in New Jersey, and the third in California. Then packets arriving from
New Jersey to the participant located in New York, will only experience the maximum
time delay expected in the connection from New Jersey to New York. Similarly, packets
arriving from California will only experience the maximum time delay expected in the
connection from California to New York. This has as an end result that the case of

interparticipant synchronization can logically be broken into three parts.

It follows that the first building block deals with the synchronization of the packets
arriving from a single participant for a single connection (only one medium). The
second synchronization block deals with intermedia synchronization. In this thesis when
a reference is made to intermedia synchronization we will mean synchronization between
video and voice packets only, a case most widely known as lip-sync. In other words,
the functionality of the Intermedia synchronization block is to make certain that the
temporal relations between the packets of the two media are kept during playback at the
receiver. An additional assumption about the intermedia synchronization block is that the
generation periods T of the packets for the two media can be different but the period of the
voice packets must be an integer multiple to the generation period of the video packets,
ie. T" = zT*. Finally, the third synchronization block deals with interparticipant
synchronization, where packets from different participants are required to be mixed (for

the case of voice packets) or displayed (for the case of video packets) at the receiver.

The difference between interparticipant and intermedia is that in interparticipant, the

phase offsets are unknown but the transmission periods of the sources are the same,
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while in intermedia the phase offsets are zero but packets are generated from sources
with different periods. Phase offsets exist when media sources residing in different hosts
try to communicate with another host. Then, even if the periods are the same for all
the hosts, the starting point will be different for each of the sources. For intermedia
synchronization, since media sources (video and voice) reside at the same host, one
can arrange so that a video frame is being tautochronously transmitted every m't voice

packet transmitted, where m = 1, 2, 3, etc. Then, no phase offset problem exists.

We would like to note here that the proposed protocol can also work with the future
high speed networks, such as ATM networks. In such networks, the vanability of the
time delay (network jitter) will be very small, and the sequence numbering of the packets
will be taken care by the underlying ATM layers. In that case, evaluation of the reference
times will happen much faster, and multimedia synchronization will follow according to

the theory developed.

1.3.3 Optimal Sequence Numbering Scheme

In this thesis, we also paid attention in finding a solution to multimedia synchro-
nization problems that uses the minimum number of control bits. Actually, we have
proven that the time interval ¥ the optimal sequence numbering scheme for multimedia
synchronization (this is valid for all three blocks: Point-to-Point, Intermedia, and Inter-
participant) should span, needs not to cover a time duration greater than the maximum of
the following two expressions: the maximum variation of the network jitter and twice the
maximum absolute difference between the expected time delays of the two media. The
number of the bits py = [log2 7‘1111 is shown to be a function of the sampling frequency
used and the coding. Therefore, in the case of sampling frequency of 8kHz and 8-bit

PCM coding, i.e. the quality of voice in a multimedia conference application is the same
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quality that we have in our current telephone conversations, then it is proved that the
optimum number of bits p, needed for multimedia synchronization can be as little as
three (3). This is a significant result, and it implies that a number of people, say five
(5), can talk and stop talking independent of one another, but when they talk again, their
packets are to be immediately synchronized by simply having the sender wansmit three
bits along with each voice packet.

1.4 Frequency Offset Estimation in Real-Time
Network Applications.

Transfer of real-time of data, among other things, imposes strict requirements on
time delay and synchronization. The last requirement, due to the packet switching tech-
nology employed in computer networks, has led many researchers in developing algo-
rithms/protocols for network timing synchronization [20, 21, 22, 23, 24]. Nonetheless,
the nature of Network Timing Synchronization leads to complicated algorithms that make
the implementation of such an algorithm/protocol questionable by many researchers in
the field. An alternate approach to network timing synchronization is proposed in this
thesis. Clock (timing) synchronization is not anymore the responsibility of the network
itself but that of the participants communicating in real-time using the computer network.

Network timing synchronization provided to a group of hosts only when they are
communicating with each other alleviates many of the burdens existed for a "global" or
"regional"” network timing synchronization. Much of the complexity of such an approach
arises from the requirement that good operation is needed also in the presence of a node
failure. This is especially true for a point-to-point communication where a node failure
will directly be translated as the end of the connection. Another requirement adding
to the complexity of a "global" network timing synchronization protocol is that such a

protocol tries to provide the network with a global or universal clock, in the sense that the
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clocks of each host try to show the same time at any time. However, with the concept
of the reference times or expected arrival times that we have introduced, a umversal
time is no longer necessary for real-time applications. This is due to the concept of the
reference times because now packets from different participants become synchronized
not according to their generation times but according to their expected arrival times.
Thus, only estimation of the frequency offset is needed and not of the actual time offset
existing among the different hosts. Since different hosts are geographically distributed,
propagation delays are different in each connection complicating any synchronization

protocol trying to estimate the time offset.

For this reason, in this thesis a simple, cost-effective, near-optimal with respect to
the mean square error criterion algorithm for estimating the frequency offset in real-time
applications is presented. We would like to emphasize that the operation of the proposed
algorithm is based solely on the packets exchanged between the two users and no extra
packet transmission is required. The frequency offset is assumed to be a linear function
of time. In reality, as denoted by Mitra in [20] and Mills in [21], for time intervals in the
order of micro-seconds the frequency offset is a non-linear function of time. However,
for real-time network applications the inter-arrival times of the packets is in the order of

tens of milli-seconds resulting in cancellation of the non-linearities.

The frequency offset estimation is based on evaluating the tangent among two subsets
of the arrived packets which are constructed so they lead to minimum mean square
ertor. The estimation is further improved by combining the different estimations done
locally at each host. The coupling of the estimations from different hosts provides
adequate estimation to the frequency offset also to the participant wko has not received
any packets, or very few, during the time interval in consideration. The computational

cost of the proposed algorithm is significantly lower than the least squares approach,
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while its mean square error is only a fraction (in the simulation example only 1%) higher

than the optimum.

1.5 Structure of the Thesis.

In Chapter 2‘ (see also [25]), an overview of related work done by other researchers
is summarized, and in Chapter 3, we present our work with respect to building the
multimedia conference system. In Chapters 4, 5, and 6, the three building blocks of
the multimedia synchronization transport protocol are presented. Specifically, in chapter
4 we discuss the point-to-point single-medium synchronizan:on block, in chapter 5 the
intermedia, and in chapter 6 the interparticipant synchronization block. In chapter 7, we
present our algorithm for estimating the frequency offset between the clocks at the sender

and the clock at the receiver. Finally, in Chapter 8 we give our concluding remarks.
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Chapter 2 Overview of Work Related to
Multimedia Synchronization Performed
By Other Researchers

2.1 Introduction

One of the problems arising in transporting multimedia information over computer
networks is multimedia synchronization. Multimedia synchronization plays an even
more significant role in the computer networks in contrast to the data communications,
i.e. radio, telephone and mobile communications, because of the packet switching
environment of the computer networks. Communications in computer networks is
achieved with the transportation of packets, that may be of fixed size like in ATM [26],
or of a variable size like ethernet. Each packet carries in a reserved place (control field)
informational bits that will permit it to transverse the network and find its destination
independently. The time delay each packet experiences to travel from the source to the
destination is variable depending on many uncontrollable factors, such as: the specific
route the packet followed, the number of gateways (routers or hosts which sit on the
boundary of two networks) the packet traveled through, the load (number of currently
active processes) of the gateway at the time the packet was passing through, the state
and the capacity of the network buffers (queues) of each gateway, the processing speed

of the gateway, the capacity of each link, ezc..

A fundamental problem associated with multimedia synchronization in a packet
switching environment is the network jitter. Network jitter is the variability of the time
delay each packet experiences traveling though a network. Although the phenomenon of
network jitter is known to the researchers in the field since late 70’s, different definitions

of the network jitter exist and used.by different researchers [27, 28, 29]. An additional
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problem that one encounters in multimedia synchronization is the absence of a universal
clock. In theory, as shown in Figure 2.1.1, a global clock can be achieved using
appropriate protocols/algorithms that distribute the time in all the hosts of the network.
For more details about the operation of those protocols, the interested reader is referred
to Mills [21] and Mitra [20]. However, providing the entire network with a universal
clock is a fairly complex task, especially in the case of a failure in one or more of
the master hosts. Master hosts are the hosts recognized by all the hosts in the network
as the ones having their clocks closest to the correct time. An alternative solution to
the absence of universal clock for real-time applications is proposed in [30, 31]. Clock
(timing) synchronization is not anymore the responsibility of the network itself but that

of the participants communicating in real-time using the computer network.
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Figure 2.1.1 Global network clock.

In this chapter, different multimedia synchronization issues and their solutions are
presented. The purpose of this chapter is not to give a detailed description of the various
algorithms, but rather to provide the reader with a comprehensive understanding of the
different synchronization problems existed in multimedia communications, and present

in a nutshell some of the most important works in the field.
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The organization of the rest of the chapter is as follows: in section 2, different
definitions of the network jitter given by different researchers is provided and an anal-
ysis is made with respect to their utilization. In section 3, techniques for packet voice
synchronization are described, while in section 4 algorithms for interparticipant synchro-
nization are presented. Section 5 deals with synchronization protocols for the efficient
transport of multimedia data over computer networks, and finally in section 6 we present

our concluding remarks.

2.2 Analysis of the Network Delay, Jitter and Burstiness

As will be shown later in section 3, for any type of multimedia synchronization,
one is interested not in the average time delay but in the maximum time delay. Packets
are played back (voice packets) or displayed (video packets) according to the maximum
delay seen at the connection. Thus, it is imperative for multimedia synchronization, or
more generally, for any real time network application which demands minimum delay in

the playback of the packets, that the maximum delay is minimized.

A pioneer work in the theoretical analysis of the network delay has been made
by Cruz in [27]. In this paper theoretical tools for obtaining bounds on the delay are
presented. He assumes that the data stream entering the network satisfies “burstiness
constraints”. He shows that even if a traffic does not satisfy such constraints, the traffic
can be shaped to satisfy any prescribed burstiness constraints by passing it through a

network element called regulator.

Suppose that the rate of the traffic stream entering a network element is R(z), and
]

the network element process data at the rate p. Then, for any t2 > ¢; , [ R(t) is the
5]

amount of data from the stream that is transmitted on the link in the time interval [, t].

The burstiness constraints are defined as follows. Given ¢ > 0 and g > 0, we write
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R « (o, 0) if and only if for all ¢;,t» satisfying {2 > £; there holds
t2
/Rdt <o+op(ty—t1) - (2.2.1)
41

A useful interpretation of the constraint R « (o, ¢) can be gained by defining the

backlog function W,(R) as follows:
12
Wyo(R) = max /Rdi —o(ta—1) |- (2.2.2)

22t
L3}
W,(R) is the size of backlog, i.e. the amount of unfinished work, at time ¢ in a
work conserving system, which accepts data at a rate described by the rate function R(?)

and transmits data at the rate p. This constraint can be generalized if we consider that

for a function b, R «~ b if and only if
12
/R(t)dt <b(ta—11) , ta>ty. (2.2.3)
4
Note that if b is defined as b(t) = o + pt, then R «~ b whenever R « (o, p).

Define the delay experienced by a data bit passing through a network element as the
difference between the time when the given data bit enters the element and the time when
the bit exits the element. Let us also represent the maximum delay for the given traffic
stream passing through the element as D. Then, if the input traffic R;, conforms to some
function b;y,, i.e. Rin - bin, then the output traffic R,y conforms to Ryt « bout, where

bout(t1) = bin(t1 + D). The proof is as follows
[ 23 12
[ Rowit < [ Rindt <bia(t2 =11+ D) = buui(ta - 1) - @2.4)
tl i]—D

The first inequality comes from the fact that in a work conserving system, the amount

of traffic entering the system equals the amount of traffic exiting. By bounding the time
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interval of the entering traffic with the worst case situation, i.e. ; — D, we get the
inequality. This is an important result because it lets us characterize the burstiness of the
traffic exiting a network element which introduces a maximum delay D, given that we

know the characteristic of the input traffic.

A similar approach is followed by Wang and Crowcroft in [29]. There, the traffic
is characterized by a pair of parameters (pmaz,pPmin)- The traffic is divided into
smaller units, called synchronization units. Suppose that there are M packets in a
synchronization unit and let a; bet the arrival time of the i*# packet. If A(t,1) denotes
the number of packets arrived in the interval {{1,72), then A(a1,am) is the number of

packets arrived before ¢t = an, and A(a1,a;m) = m = 1. Let X = Alaigm) 4

Am—a3y

s 1

m = Ay—0am-1

, m=2,3,...,M. Then, pmaz, pmin are defined as follows:

Pmin = min Xz, X3,..., Xp]
(2.2.5)
Pmar = Max [YQ» }/3, ey },A!] .

The traffic of the synchronization unit conforms to (pmar, fmin)s if Xm = pmin » Ym 2
Ppmar for m = 2,3,..., M. We can interpret pn,, to be the peaic rate of the incoming

traffic and pn.in to be the highest rate at which a server is never idle.

The burstiness of the m*" packet is defined as

A m
by, = a; + Aler,am) _ G - (2.2.6)

Pmin

Alay+am)

Pmin

If the incoming traffic is served at a rate ppn, then a; + 1s the time when the

server starts to process the m®® packet. Thus, b, is the amount of time that the m®*

packet has to wait in the queue before it can be served, while the traffic is served at a

A(a1+am)

fixed rate p,,i,. We can view a; + Prvin

as the expected arrival time and b, as the

difference between the actual arrival time and the expected arrival time.
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In [29], the delay experienced by the first packet is the target delay. If dy, is the time

when the m!* packet departs from the network, then the jitter is defined as follows:

Jm = (dm = am) —(d1 — al) . 2.2.7)

Suppose that the server is a work conserving and the flow is served at rate p 2 Prmin.
A packet has arrived or departed only when its last bit has arrived or departed. In other
words,

dm = max[dm-1,am) +-:)— , m=23,...,. M. (2.2.8)

The delay experienced by the first packet depends on the backlog of packets left over
the previous synchronization unit. Suppose that D is the time that the first packet has to

wait before being served. Then for the first packet we have

dy =D+ % +aj . (2.2.9)

Using the above definitions, the authors are able to prove the following. If the
input traffic conforms to (pmaz, pmin) and p > pmin, then the output traffic conforms
to (p, Pmin). Thus, this is another way to characterize the output traffic of a network
element when the input traffic conforms to some burstiness constraints. Similarly, the

authors are able to bound the network jitter j,, of the mt packet as follows:

Jm < (m - 1)(l _ 1 ) . (2.2.10)
P Pmaz

This bound allows us to calculate the minimum bandwidth for a given jitter constraint.

Suppose Jmaz 15 the maximum jitter the receiver can handle. The minimum bandwidth
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tequired can be derived from

1 1)=>,,— (M = 1) pmaz

< — - = YA
Jmaz < (M 1)( Tt O =T 2.2.11)

P Pmaz

In the papers just described, the main objective was to analyze the phenomenon
of the network jitter in relation to burstiness in order to minimize the maximum delay
encountered in the network. In other words, they look at the problem form the network
designer’s point of view. In [32, 33, 34], a less theoretical approach is followed whose
objective is that given a network, what are the most effective theoretical tools that can
be utilized in order the temporal relations among different data streams existed during
their generation times to also be preserved during playback at the receiver. More about

this definition can be found in later chapters.

The definition of the network jitter given in this Thesis is essentially identical to
the definition given in Matragi ef al. in [28]. The interarrival imes between successive
packets are assumed to be independent. Let I, denote the interarrival time between the
n'* and the (n + 1)”' packet, and let D, denote the interdeparture time. Then the jitter

is defined as the sequence

J={lp:n21}={Dy—TI,: n>1}. (2.2.12)

There is however a difference in the functionality between them. Equation (2.2.12)
requires knowledge of the inderdeparture times of the packets, in other words the
generation times of the packets, while using our definition, the amrival times of the
packets are sufficient for the determination of the network jitter. This is a fundamental

result that it will permit the designer of multimedia synchronization algorithms to lower
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the complexity of the synchronization algorithms, to eliminate feedback packets used for
the estimation of the network jitter, and decuple the synchronization of packets from one

participant from the packets arrived from the other participants.

2.3 Techniques for Packet Voice Synchronization

The fundamental problem that we are addressing in this section is to reconstruct a
continuous stream of speech packets that arrive with varying time delay. In other words,
as shown in Figure 2.3.2, a sender transmits periodically packets to the destination. If we
were to construct the probability density function of the packet arrivals at the receiver,

the p.d.f. would look very similar to the one shown in Figure 2.3.2.
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Figure 2.3.2 Packets are played back according to the maximum delay observed.

The playback time of the packets will be this time where most of the packets are
assumed to have arrived. For instance, if N is the total number of packets arrived at
the receiver, the playback time Tpiayback = Tp°" might be defined as the time that
99.9 % of the received packets (or 0.999 x N) were arrived within the time interval
[min {Tp}, 75|, n = 1,2,..., .

Barberis and Pazzaglia in [15] were among the first that addressed the problem of
packet voice synchronization. Much of their work is devoted into an analysis of the

statistics of the packets arriving at the receiver, and at the end they propose an algorithm
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for sender-receiver synchronization. The algorithm works as follows. For each first
packet of every talkspurt the birth time stamp is coded in the header according to the
time base of the transmitter clock. This value is read by the PVR (Packet Voice Receiver)
with another time base, and thus an error delay estimate is introduced; however, if the
gap is removed, the PVR knows the exact transit time.

The time base of the transmitter clock starts when the first packet of the call is played
out. The time stamp coded in the header of the first packet of the first talkspurt is set
at zero. When this packet joins the PVR, its clock is switched on, taking into account
the deterministic delay (transmission and switching times) experienced in the network
path by the packet; this means that the stochastic delay is assumed to be zero. In this
way the gap between the two clocks equals the random delay of the first packet of the
first call. The time stamps of the following packets of the first talkspurt are read by the
PVR according to the time base of its clock. In this way whenever the random delay of
a packet lower than the random delay of a previous one, the time clock of the receiver
assumes a value lower than the possible one, and so, a clock correction operation is made.

W. Montgomery summarizes the various techniques for packet voice synchronization
in [16]. The same approach followed in [15] is followed here as well. The synchroniza-
tion of the sender (called PVS, packet voice sender) and the receiver (called PVR, packet
voice receiver) are synchronized after an estimation of the time delay. He presents four
ways of estimating the time delay:

Blind Delay. Here the worst case assumption of the time delay is used. The first
packet arrived in PVR is assumed to have experienced the minimum delay, and therefore
its playback time will be after the maximum variable delay (jitter) a packet is expected

to experience passing through the network.

Round trip Measurement. The measurement is made by sending a packet containing
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a ocal clock reading from the PVS. When the packet arrives at the PVR, it 1s immediately
sent to the PVS. When it arrives at the PVS, the PVS calculates the roundtrip delay by
subtracting the clock value in the packet from the current time. The roundtrip delay is
then sent to the PVR, and all subsequent packets sent by the PVS to the PVR contain
timing information relative to the first packet sent by the PVS.

Absolute Timing. Here the clocks at the PVR and PVS are synchronized to the same
absolute time reference. Each packet carries an indication of its generation time, and the
PVR uses that to compute the target playback time. The timestamp need not be capable
of encoding the absolute time, but must encode time to a sufficient resolution to allow the
PVR to unambiguously determine when the packet was produced. If the LSB represents

Ims, the 8 bits are enough for a maximum variation of the delay (jitter) of 250ms.

Added Variable Delay. Here, the actually variable delay that each packet experiences
as it occurs is measured. The variable delay measurement can be made by carrying a
"delay stamp" indicating the accumulated delay in each packet. Each network element
adds its delay to the delay stamp as it passes through. The process used by the PVR
to determine the target playout time is as follows: a) Subtract the delay stamp from the
local clock to determine the time at which the packet was produced, plus any fixed delays
not encoded in the delay stamp. b) The playout target time is then determined by adding
the maximum expected delay stamp value to produce the generation time of the packet

plus the maximum expected transit delay.

2.4 Interparticipant Synchronization (Media-Mixing) Algorithms

In section 3, synchronization algorithms for packets (voice) belonging to the same
stream/channel were presented. In this section we present algorithms that deal with the

synchronization of packets emanating from two or more participants. A direct application
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of those algorithms arises in teleconferencing applications such as teleorchestra. Because
in many of the applications packets from different participants are required to be mixed
at the receiver, the first researchers who dealt with the problem (Rangan, Vin, and
Ramanathan in [12, 13, 14]) referred to these algorithms as media mixing algorithms.
In [12, 13], synchronization of packets is achieved at the receiver according to the
generation times of the packets. However, there is no need for transferring a timestamp
or any other extra bits in order for the generation time to be inferred. Basically, their
approach is as follows. The time delay of any packet in any connection in a given
multiparticipant conference is bounded by the minimum and ma;ximum time delays that
packets can possibly have in a given conference. This implies that when a packet arrives
at the receiver, an inference can be made for its generation time. For example, if a packet
from source i arrives at time ¢!, then we can infer that its generation time g (¢.) is within
the time window g(t}) — Dmer < g(t}) < g(t}) — Dmin. The generation time for the
next n+l1 packet from the same source i‘ will be
9(tns1) — Dmaz < g(tns1) S 9(th1) = Dmin and g(thyy) = () +T" . (2.4.13)
Similarly for the other sources. Using these relations, the authors have constructed
logical rules that are used to infer the proper generation time of a packet. However,
there are some disadvantages of their algorithm. The algorithm 1s not working under
all circumstances, i.e. the algorithm cannot determine the proper set of packets to be
mixed at all times. This is due to the fact that when the network jitter Dz — Drin
is larger than the generation period T of the packets, there is no way one can always
determine the proper generation times of the packets without using some sort of sequence
numbering. Secondly, if there is one participant with large maximum time delay, then
packets generated from the other participants will also experience the maximum time

delay of this participant during playback.
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A synchronization algorithm which solves the problems of the algorithm described
above is shown in [32, 34, 35], and in chapter 6. There, packets from different participants
are synchronized according to their expected arrival times (the reference times) and not

according to their generation times.

2.5 Muliparty-Multimedia Synchronization Protocols

In section 3, the issue of transporting real-time data between sender and receiver
was addressed, while in section 4 solutions to the problem of synchronizing packets
from different participants were described. In this section, protocols for synchronizing
packets/objects of multimedia type and from many participants are described. However,
the interest of these protocols is not in describing the means by which the frequency
offset, time offset, or network jitter, can be estimated, but they mostly concenﬁate on
defining the synchronization actions to be taken. In other words, given certain JoS
requirements of the application, they give the playout time for each packet. Whether
or not packets belong to the same multimedia segment (packets belonging to the same
multimedia segment have to be played back “together”), this is assumed to be achieved

from the algorithms described in previous sections (3 and 4).

Significant work in multimedia synchronization has been accomplished by Little and
Ghafoor in [36, 37], and later continued by Woo and Ghafoor in [38, 39]. Specifically
in [36, 37] the authors present a two level synchronizatioﬁ architecture. The lower level,
called the network synchronization protocol (NSP), provides functionality to establish
and maintain individual connections with some specified synchronization characteristics.
The network delays can be characterized by either measurement techniques, as presented
in [16], or by guaranteed quality of service offered at access to the network (connec-

tion establishment). The NSP provides a general interface and functionality for many
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applications. The upper level, the application synchronization protocol (ASP), supports
an integrated synchronization service for multimedia applications. Contrary to NSP, ASP
provides specific services pertaining to the retrieval of complex multimedia objects from
multiple sources across a network for playout at a single site for the application at hand.

The temporal specifications of a multimedia object 1s done using a form of Petri net
called object composition Petri net (OCPN) [37]. The OCPN is defined as a bipartite
directed graph, specified by the tuple (see Figure 2.5.3) {T, P, A, D, R, M} where: T is
a set of transitions, P is a set of places, A is a set of directed arcs, D is a mapping form
the set of places to the real numbers (time durations), R is mapping from the set of places

to a set of resources, and M is a mapping from the set of places to the integers.
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Figure 2.5.3 (a) Sequential OCPN, (b) Concurrent OCPN [36, 37].

The overall processes needed for the implementation of ASP are as follows. 1)
Retrieval of the temporal relations describing the components of the complex multimedia
object, 2) evaluation of the precedence relations of the OCPN, thereby creating a playout

schedule, and 3), decomposition of the schedule into subschedules based upon the
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different traffic classes represented. The NSP protocol takes as input a set of objects,
their playout times, their start time, and the desired probability of synchronization failure.
Then, the NSP protocol provides us with the following. 1) A predicted end-to-end control
time 7T for the set of the data elements, 2) a point-to-point data transport mechanism, and

3) signaling from destination to source to control playout rate.

Li et al. in [40] present a multimedia segment delivery scheme (SDS) for the
simultaneous delivery of multimedia data. SDS employs the synchronization quality of
service (SQoS) parameters to guarantee the simultaneous delivery of the different types of
data. The SQoS are the maximum tolerable skew parameters that a user accepts to exist
between the different types of data. For instance, if a mismatching greater than 100ms
between voice and video data is considered unacceptable, then 100ms will be the skew
tolerance parameter between the voice and the video data. The proposed SDS algorithm
performs synchronization control and maintains the required coupling by limiting the

synchronization errors within the corresponding skew tolerance parameters.

The multimedia segment is defined as the synchronization granularity of the multi-
media data. A segment contains multiple data streams. Streams within a segment are
supposed to be displayed simultaneously at the receiver. The desired segment length
is constrained by the required SQoS. A;; is defined as the skew tolerance parameter
between the data streams i and j. Define ¢; and {; to be the average delay between the
display of the two adjacent packets belonging to stream i and j respectively. Let T;(T;) be

the time slot of one ¢ () packet. Then the segment size S (time length) is constrained by

max {T}, T}} SS<M if (ﬁ >ﬁ>

= Tty — Tyt R 7 (25.14)
TiT; A 5 , Tt e
Ty LG < . 1
max {1}, T;} £ 5 < Tot; — Tt if ( - < tj>
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which is derived by the following constraints

. t.
S -t—t -2l AT ; and S > max {T;, Tj} . (2.5.15)
I Iy '
T
T II %
ATij
T |
' T
S=Tj *

Figure 2.5.4 Illustration of the constraint S ,%,‘- - -,ETJ-I < Ar,y when 7, =7,
1 J

An illustration of the usefulness of the skew tolerance constraint S‘,}L - %\ < A7
is shown in Figure 2.5.4. In this example, the time average delays for the two data
streams i and j are assumed to be equal, i.e 7; = 7;. Then, the skew tolerance parameter
as derived both by the constraint (see Equation (2.5.15)) and Figure 2.5.4 is shown to
be A7ij = |Tj — T;|, and the length of the segment size is § = max {T;,T;} = T;. In
their synchronization control architecture, the SQoS parameters are passed to the SDS§
entity. The SDS then undertakes the task of achieving the required quality according to
the SQoS parameters. This is achieved by determining the correct size of the segment S
and the playback times of the packets for each stream in the multimedia segment.

Ravindran and Bansal in {41] propose a synchronization protocol for multimedia data
streams similar to [40]. Their paper focuses on maintaining the temporal relations of
various data streams in the multimedia information. Maintaining the required association
between data units across various streams in real-time requires framing of data streams

whereby various points in the data streams deliverable simultaneously to the user are
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identified. The transport entity of their protocol enforces synchronization according
to quality of transport parameters ()OSiransp. The QOSiransp originates from the
application based on inherent temporal relations among various data streams. Those

parameters are used by the synchronization protocol in the following two ways:

 map to QOS,. parameters at the network interface below to support real-time
movement of data segments through the network, and
e generate the correct play back (display) times for the various data streams of the

multimedia information segment.

@O Sy e parameters indicate the average and peak bandwidth required on the channels
carrying these data, the acceptable level of delay variation across various channels, and
the acceptable end-to-end delay between source and destination. The OSy¢; parameters
influence the allocation of network resources for implementation of the channel.

The overall architecture of the synchronization protocol is defining the list of param-
eters need to be specified in QOSiransp. Then the QOSygns, parameters are mapped
into the QOS,: which define the allocation of the network resources.

Consider an N-channel connection to transport a set of data streams X =
{z1,22,...,2x} from one or more sources to one or more destinations, with stream
z, flowing on the rth_chamnel, r = 1,2, ..., N. The skew tolerance parameters specified

by the application at the transport layer interface is given by
QOSfrangp = {.DV, ]GS, ]FP} . (2.5.16)

where DV is the divergence vector, IGS is the inter-glitch spacing, and /FP is the inter-
frame pause. The DV denotes how far apart the data segments from an interval i can be
separated along the temporal axis and be still acceptable to the application. In other words,

DYV specifies a time interval where a data-slip is acceptable. Due to frequency mismatches
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of the clocks, one data stream x, which used to belong to the ith synchronization interval
(vector X! = {2z}, 7}, ...,2% }), might find itself to X**! or X*~!. This phenomenon
is called data-slip, and it manifests as the occurrence of a glitch during the presentation

of the data frames.

IGS refers to inter-glitch spacing, and denotes the minimum acceptable spacing
between two consecutive glitches. For example, in 7V the human viewer cannot tolerate
glitches occurring more frequently than 1 in 300 pictures. The inter-frame pause (I/FP)
denotes the maximum amount of pause that can be tolerated in the flow of real-time when

the application advances from the current it" temporal interval to the next (7 + 1)”’.

Once the QO Siransp are specified for each multimedia synchronization interval i,
they are passed to the network layer below. The network layer maps the QOSiransp
to the QOSnet parameters that specify the resource allocation of the network to each

channel carrying multimedia information.

Although we won’t describe them, we would like to mention two recent works that
we consider them important. In {42], Escobar er.al. present a flow synchronization
protocol, and Znati and Field in [43] present a network level abstraction for multimedia

communications.

2.6 Concluding Remarks

An overview of selected papers related to multimedia network synchronization was
presented in this chapter. We tried to give the reader a comprehensive view of the
multimedia synchronization issue by grouping papers according to the nature of the
multimedia synchronization problem they were attacking. An important problem which

arises in multimedia synchronization is the phenomenon of network jitter. Due to its
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relevance and importance to multimedia synchronization, an entire section (section 2)
was devoted for its definition.

In section 2, algorithms for packet voice synchronization were presented. Basically,
there are two problems that need to be addressed in packet voice synchronization. Firstly,
after determination of the maximum time delay that packets experience, play them back
according to this time even if they came earlier. And secondly, determine their correct
playback times even if silent intervals exist between them. In section 3, algorithms that
determine the proper set of packets (Fusion Set), one packet from each participant, that
require mixing/playback at the receiver were presented.

Finally in section 4, algorithms/protocols for transporting multimedia objects from
multiple sources to multiple destinations were presented. Multimedia synchronization for |
these protocols refers to two things. Firstly, the temporal relations existed among the
various data streams during generation at the sources have to be preserved also during
playback at the receiver. Those temporal relations usually have some flexibility described
by a set of quality of service parameters (QoS). Secondly, coordination of two processes,
one existing at the network layer and one at the application is needed. The process at
the application layer makes sure that the QoS are met, while the process at the network
layer makes sure that the network has sufficient resources to allocate for the transmission

of the multimedia objects while the QoS are satisfied.
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Chapter 3 Design, Implementation and
Analysis of a Multimedia Conference System
Using TCP/UDP Protocols

3.1 Overview

The software we developed is capable of transmitting voice, video, graph points, and
data (keyboard characters), for point-to-point multimedia conferences. We can logically
view this software as if it were comprised by two parts. One part is the graphical user
interface, and the other part is the communication part. The function of the Graphical
User Interface part (GUI) is to present the available information to the user-participant.
Therefore, the function of the GUI is to display in the screen of the monitor the local and
remote images of the two sites, to provide a window where the user can draw pictures
that at the same time will also be displayed at the screen of the remote host, view and
edit documents that are to be shared with the other participant, and finally, to provide

the proper interface for the voice — both for listening and speaking.

The communication part can further be logically divided into two parts: sender and
receiver. As the words imply, the function of the sender is to transmit the data to the
remote host, while the function of the receiver is to receive it. When a connection is
made between two computers, we say that we opened a communication channel, that
depending on the protocol used, 1.e. either TCP or UDP, we have a TCP or UDP channel
respectively. The difference between these two protocols is that one is reliable (TCP)
, while the other is unreliable. The software uses both channels. The TCP channel
(reliable) is used for transferring data and graph, while the UDP channel (unreliable) is

used for any other form of data, i.e. voice or video.
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The communication part of the software constructed so that it can work with two
channels as follows: voice and video are transmitted through the UDP channel, and data
and graph through the TDP. Since the video boards are capable only for 4 video per
second, the transmission of the images are not real-time. Also, the packet loss on the

UDP channel is less than 1%.

Specifically, our multimedia system is capable of transmitting voice, video, data
and graphics between two computers. The capability of our color video board (SUN’s
videopix) is 4 frames per second. We design the multimedia packet format based on this
video frame interval(0.25 seconds). Because the Sun’s videopix only provides software
JPEG compression, we have not used compression in the consideration of processing
overhead. Each video frame is 21600 bytes(120x 180 pixels, each pixel of 1lbyte).
Therefore, one multimedia packet holds one video frame plus 0.25 seconds of voice data.
Given that 8KHz sampling and 8 bit PCM, the size of voice becomes 2000 bytes since
each video frame lasts 0.25 seconds. Two different architectures are implemented and
compared. In the first architecture all application services, interactive video, interactive
voice and data and graphics, are multiplexed at the application level and transmitted
through a TCP channel. In the second architecture interactive video and voice are
transmitted through a UDP channel, while data and graphics are transmitted through
a separate TCP channel. By graphics we mean data which allows a user to draw using a
mouse in a window on the screen. The data represents mainly characters and commands

from console.

In this chapter, we present the approaches we have taken in solving specific issues
such as the buffering and the interaction schemes between the Graphical User Interface
part and the communication part both at the receiving and at the sending ends. In

addition, we have developed a new method of estimating the end-to-end delay between
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two hosts. The rest of the paper is organized as follows. In the following section,
we discuss the multimedia system architecture and the multimedia conference system
we have developed. We then describe the multimedia applications such as video, voice
and shared workspace processes in section 4. In section 5 we propose and discuss
the implementation of two multimedia transport mechanisms. Communications between
different processes, including remote process, are described in this section too. In section
6 we present experimental results focussed on the measurement of the end-to-end delay
and jitter. In addition, conclusions are drawn from the experiments, and evaluation of

TCP/UDP for use as a multimedia protocol is presented.

3.2 General System Architecture

3.2.1 System Configuration

Figure 3.2.1 shows the system configuration for the multimedia network testbed,
which consists of an 100 Mbps FDDI as a backbone, 3 servers (Sun workstations 4/330)
connected to FDDI, two 10 Mbps Ethernet segments each one connecting several Sun
IPC’s and PC’s. SunOS 4.1.1. is the operating system for Sun workstations and PC’s are
served by PCNFS. Each of the hosts (Sun workstations IPC) taking part in the multimedia

experiment resides on a different Ethernet segment.
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Figure 3.2.1 Testbed Configuration

3.2.2 Multimedia Conference Architecture
The Multimedia Conference System consists logically of three parts: The Multimedia
Application, the Sender and the Receiver, as shown in Figure 3.2.2.

Main functions of the Multimedia Application are as follows:

* Graphical User Interface (GUI)
+ Interaction with voice and video device drivers and console

» Interaction with Sender and Receiver

The multimedia data from Multimedia Application is passed to the Sender which
forwards it to the remote host. The Receiver receives the multimedia data from the

Sender at the remote host and then passes it to the Multimedia Application.
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3.2.3 Multimedia Applications Structure

Multimedia Application includes the graphical user interface and many different
processes handling different media. As shown in Figure 3.2.3, these different processes
are video process, enlargement video process, voice process, shared workspace process,
graphic process and private work process. Below, we discuss graphical user interface

and each of the processes.
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Figure 3.2.3 Multimedia Application Structure

3.3 Design of the Graphical User Interface Part
3.3.1 Graphical User Interface

The Graphical User Interface is written in Xlib, Xview and C. The layout of GUI
for multimedia conference appears in Figure 3.3.4. Each user has to press the button

“Speak” in the “Voice Controller” window in order to join the conference . In the
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local video window there are two more buttons: “Motion” and “Still”. The user has
the flexibility to send videos to the other participant(s) or one may choose to send just
voice by pressing the respective button. In the upper-left corner of the screen there is
the button “Enlarge”. By pressing this button our local video is magnified by 16 times
(the width and the height are magnified by 4) , and this enlarged video is sent to the
remote host. This feature is useful when one wants better visual contact. In the upper-left
corner there is the “Voice Controller” window which controls the intensity of the voice.
Next to the “Voice Controller” are two video windows. The first is the video from the
local host and the second from the remote. Below the video windows is the “Shared
Workspace” window. This window is shared among the participants of the conference
(for the present only two participants are supported). The function of this window is to
facilitate simultaneous access to the system by the participants of the conference, and in
particular, to enable co-editing of documents. On the upper-right side of the screen is the
“Draw Window”. The function of the “Draw Window” is to provide the participants with
a mean of communicating schematic drawings that are invaluable to the understanding
of complex ideas. The “Draw Window” is operated by three buttons: “Erase”, “Draw”
and “Clear”. By pressing the “Erase” and “Draw” button we can either erase objects
on the window or draw (the action toggles). By pressing “Clear”, we clear the entire
window. Finally, on the lower-right side of the screen is the “Private Window”. It is
used by each participant as his/her private window, and as implied by the name is private

to each participant.
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Figure 3.3.4 Graphical User Interface

3.3.2 Processes

Video Process The functions of video process can further be divided into two inde-
pendent processes: one for handling local interactions (upper part of the video process
in Figure 3.2.3) and the other (lower part of the video process) for remote interactions.
The process for local interactions includes collecting video data from local video board,
sending video data to the Sender and displaying video on the local video window. The
process for remote interactions includes receiving remote video data from the Receiver
and displaying it on the remote video window. Local video data from local video driver

and remote video data from the Receiver are independently and concurrently read and
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displayed on local and remote video windows . The video process also controls the video

selection mode: voice only, or voice and video.

Enlargement Video Process This process allows video window to be enlarged. When
this process is activated, it sets up a separate channel for the transmission of enlarged
video data, stops regular video data transmission by changing video selection mode, sends

(or receives) the enlarged video data, and finally displays the video data on the screen.

Voice Process The operation of the voice process is similar to the video process except
that it handles microphone and speaker instead of video board and video window. Another
important function of the voice process is that it is waken up by the Sender to generate
synchronization signal and sends it to video process in order the voice and the video

data to get synchronized.

Shared Workspace Process This shared workspace process provides a shared space
for collaborations among the conference participants. As mentioned above, co-editing of
a document represents a good example of such an application. In order to build the shared
workspace schell we create a Shared Shell Process. The Shared Shell process accepts
commands not only from the local keyboard but also from the remote hosts keyboards
through TCP channels. There are two ways to realize the shared workspace by using the
Shared Shell: centralized and decentralized. Figure 3.3.5 shows the two methods. In the
centralized method there is only one shared shell process. This shell process accepts two
inputs, one from the local keyboard and the other from the remote. The shell process
outputs the results to local and remote terminals. Two communication channels will
be needed for remote host’s input and output. In the decentralized method two shared

shell processes exist. Each shell process receives two input commands, one from local
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keyboard, another from remote shell, and then transmits the results to the local screen

only. Two communication channels are needed just for inputs.

Comparison Between the Two Different Methods Let us compare both methods. In
general, the trade-offs between the two methods 1s in processing power, memory space
and cost of the channel bandwidth. For instance, consider that a large CAD program
is used by many conference participants. If each user has enough memory space and
processing power to store and process huge CAD program at his/her local site, it is
better to implement decentralized method, since each host only needs to transmit control
commands, not the huge data itself. This saves channel bandwidth. On the other hand,
if a waste in channel bandwidth is more cost effective than having a powerful host
machine, the centralized method may be the proper choice. In addition, it is to be noted
that conference management process has to be provided to maintain synchronism among

the participants in the decentralized method.

In our multimedia conference system, we have implemented the decentralized method
because the time delay is the major concern to support real-time performance. The
reasoning behind this is the following. In centralized method the transmission path,
which in turn involves transmission delay, for the remote host it takes twice as much

when compared to the decentralized method, as it is evident in Figure 3.3.5.
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With the decentralized Shared Shell, the Shared Workspace process reads local and
remote commands selecting either the local or the remote process and passing them to

the Shared Shell. If the command is from the local keyboard, it is sent to the Sender.

Shared Graphic Process This process provides facilities for Mouse to draw, erase and
clear. We also use the decentralized method as in the Shared Workspace process. The
main functions of shared graphic process are similar to those of the Shared Workspace
process. Both graphic processes in host 1 and host 2 are exactly the same. So, if the

user at host 1 enters the following command to draw a line
DrawLine(z1,yl,22,y2),
the graphic process at host 1 will draw a line which begins at (x1, yl) and ends
at (x2, y2). At the same time the graphic process at host 2, upon reception of the
same drawing command, will draw the same line on the graphic window at host 2. Only
graphic commands need to be transmitted through the communication channel rather than

the graphic itself. This avoids large graphic data transmission.
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Private Work Process This process provides the user with personal document process-

ing capabilities like editing personal text, personal file access, etc.

3.4 Design of the Communications Part

3.4.1 Two Schemes for Multimedia Transport

We send a multimedia message exactly every 0.25 seconds from the main memory

to the transport layer even if it had been generated earlier.

We have developed two schemes for multimedia transport. The first, Scheme A,
multiplexes all application services, i.e. voice, video, data and graphics, at the application
level ( or layer) to form a multimedia message and then transmits it through a TCP
channel. The advantage of this scenario 1s that underlying TCP’s reliable service is
provided to all the application services. In addition, we avoid the synchronization
problem among the different media by transmitting all media data in a single message.
This scheme A, however, is not without a price: unnecessary processing overhead is
required for component services that can tolerate small errors and packet loss. In the
multimedia conference environment , different media have different service requirements.
For instance, delay sensitive services, e.g. interactive video and voice, may tolerate
certain amount of error but not excessive delay, whereas for error-sensitive services, €.g.
data and graphics, the opposite is true. One may exploit this characteristic of application
services in the protocol design. So the second scheme comes into play.

In the second scheme, Scheme B, we target at reducing the processing time at the
transport layer by exploiting the delay sensitive but less error sensitive characteristics
of the real-time voice and video services. Thué, we use UDP for interactive video and
voice, while TCP is used for data and graphics since they require strict error protection.

A handicap with current UDP is its total unreliability making it problematic even for
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interactive video and voice. Using LLC type 2 service may alleviate the problem because
of its reliable connection-oriented service. As it will be shown by the experiments in our

testbed, the quality of voice and video with UDP for 30% Ethernet load is still good.

3.4.2 Multimedia Message Format

The message formats for Scheme A and Scheme B are shown in Figure 3.4.6(a) and
3.4.6(b) respectively. In the message format in scheme A, the first field (1 byte), called
VI (Video Identifier), is used to inform the Sender as to whether the current message
includes a video field. Sometimes, during a multimedia conference, we may not need
motion video but just still image. In this case we can stop transmitting video in order
to reduce the traffic on the network since video occupies 90 percent of the multimedia

message. The VI serves this purpose.

The second field is the voice field where the voice samples reside. Its size can be
either 2000 or 1000 bytes. If we send video, the voice is 2000 bytes otherwise 1000
bytes. The third field (14 bytes) is the timestamp field, which records the time when
a message leaves the Sender. This time information is needed to compute the delay
and throughput performance measures. The fourth field ( 2bytes) carmes the sequence
number associated with each message. We send the sequence number in order to keep
track of messages, especially to count the lost messages in the UDP channel. The fifth
field holds the video data (a video frame, 21600 bytes). Five more fields follow: 1 byte
EI (Enlargement Identifier for video) field which indicates enlarged video data; 1 byte
DI (Data Identifier) field which indicates whether there is character data and how long it
is; a 5 bytes Data field which holds character data; 1 byte GI (Graphic Identifier) field
which indicates if there is graphic data and how many bytes it is; and 5 bytes Graph

field which holds the graphic data.
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TCP Channel

VOICE DATA T8 SECJ VIDEO DATA Ell DI|DATA| Gl| GRAR

A
2000 or 1000| 14 2' 21600 111 5 | 1] 5

- =

(a) Message format of the scheme A

UDP Channel TCP Channel
Vi | VOICE DATA TS |SEQ VIDEO DATA El| D! IDATA | GI {GRAP
1| 2000 or 1000, 14 | 2 21600 1111 5| 1] 5

(b) Message format of the scheme B

Figure 3.4.6 Message Formats

In the case of Scheme B, there are two formats for each transport channel. For the
UDP channel, the message format consists of the first five fields of scheme A, while for

TCP channel it consists of the last five fields of scheme A.
3.4.3 Communications Between Processes

The whole system is implemented in C, XView and XLib under SunOS Unix
operating system. The multimedia software consists of three processes as explained
in section 4; the Multimedia Application process (MA), the Sender and the Receiver.
In this section, we describe the interactions between different processes (local and
remote processes): interprocess communications between local processes and inter-host
communications, The Unix interprocess communication technique (IPC) is used for the
communications between the MA and the processes of the Sender and the Receiver within
a host. For communications between different hosts, we use the socket technique.

Consider now the implementation of the two schemes. Scheme A involves only
one TCP channel, while Scheme B includes one UDP channel as well as one TCP
channel. Following we explain about the implementation for the Receiver and the MA.

Implementation between the Sender and the MA is very similar and it is not presented.
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Implementation of Scheme A In Scheme A, all multimedia information is multiplexed
at the application level and transmitted through a TCP channel. TCP’s flow and error

control maintain the integrity of the application.

In order to avoid excessive buffer copies between processes, we use the shared
memory technique. The problem arising when we use the shared memory is the
synchronism among the processes trying to access the shared memory. This is due
to the speed disparity existing between the processes of video and voice and processes

of the Sender and the Receiver. Semaphore technique solves this problem.

In contrast to the voice and video processes (continuous data streams), data and
graphic processes are not always active. At sending host, they are only awaken and send
update information upon receiving the input commands. At the receiving host, data and
graphic processes are awaken by the Receiver process. Named pipeline technique is well
~suited for this type of interprocess communications. When the Receiver receives the
data or graphic information from the remote host, it activates the appropriate processes
and then transmits the data. Note here that for the voice and video data we use the
shared memory for transmission due to the large size involved; however, for the data and
graphic we use the pipeline to transmit short size data. Figure 3.4.7 shows interactions

between the different processes.
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Multimedia Application.

Write b Shared Read from
memory the Shared me-
volce+video+ mory the K3 %
data+graphic woice + video XA
| At b S . %

Memory bank 1 .
Sand to HostB i Receive from Host B

8 new packet a new packet

Figure 3.4.7 Interaction between the different processes

We have two banks of shared memory. The bank 1 is used by the MA and the Sender,
while bank 2 is used by the MA and the Receiver. Each bank holds three buffers, each
buffer holding one multimedia message. Two buffers in each bank are necessary if we
want parallel execution for the MA and the Sender/Receiver processes. A third one is
needed when the speed of one process does not match the other. More than three buffers
in our application seems abusive in memory usage and worsens the performance in terms

of average time delay.

We use the Berkeley stream type socket technique to communicate between the two
hosts. Since the multimedia message is quite big (about 24Kbytes including 21.6 kbytes
video, 2kbytes voice, graphic, data and header information), we use the writen and readn
calls (see [44], p. 279) to make sure that the whole packet is received/sent. Using the
system call setsockopt we changed the TCP socket buffer size — the RECVBUF and

SENBUF options — to accommodate 24Kbytes.
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Implementation of Scheme B In Scheme B, video and voice are transmitted through a
UDP channel, while data and graphics are transmitted through a TCP channel. It should
be noted that in scheme B we have used two separate shared memories: one for UDP

channel and the other for the TCP channel. We use a datagram socket for UDP.

Receiver Multimedia Application

while {
read from the socket sem_signal2 ( wake up the recsiver)
*this is the initialization®

som_wait2 (signal from GUI )
while {

sem_signal(wake up the GUL) | | sem_wait(signal from the receiver)
set the proper flag so that the

} rm_display starts

play the audio

sem_signal(wake up the raceiver)

}

*create_rm_display_image" subroutine

every 8msec check the flags of the shared
memory to see if new video packet needs
to be displayed.

We use the notify_set_itimer_funct( ...)
which calls the r_preview function

r_preview() "executed every 8msec”
I the fiag set? If no retum ,
alse {
display the remote image
sem_signal (the receiver part )
return

}

Figure 3.4.8 Communication of the Receiver and the MA processes

UDP Channel One of the major concerns in Scheme B is the packet loss atributed to
the UDP channel. In order to minimize this inevitable packet loss, we have implemented
concurrent processing technique to reduce the processing time at the receiving host. In
general, since the receiver transport protocol is more complex than the sender transport
protocol, there should be a means of avoiding receiver overflow problem. In our case, the
processing bottleneck exists in the Multimedia Application process. We have compared

the performance of the two different implementations: one for serving sequentially for
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MA, voice and then video; the other lets MA, voice and video run independently. The
latter implementation shows significant improvement over the former in terms of packet
loss probability. For instance, in concurrent implementation reading of the periodic voice
and video by the Receiver will never be blocked by the slower MA, whereas the sequential

implementation does. See Figure 3.4.8 for the exact implementation,

As detailed in the Figure 3.4.8, we use two semaphore functions, sem_wait2() and
sem_signal2(), modified from sem_wait() and sem_signal()[11]. Sem_wait2() simply
waits for the value of the semaphore in the argument to be decreased by 2 instead of by
1 in order to make the process sleep. Similarly, the sem_signal2() increments the value
of the semaphore in the argument by 2 instead by 1. We have done this because in the
MA we actually take two actions when we receive messages; playbacks of remote video
and voice. When each one of these actions terminates, it wakes up the Receiver by using
sem_signal(). Both of the two actions have to be completed in order to wake up the

Receiver. Therefore, we employ sem_wait2() at the Receiver.

TCP Channel As mentioned above, TCP channel has its own shared memory. In
contrast to the shared memory in UDP, only one buffer is allocated in the TCP shared
memory. The reason is as follows. When one transmits data and graphic information from
keyboard or mouse to the Sender, the processing speed of the Sender is faster than the
data and graphic input rates. In turn, the incoming rates of data and graphic information
to the Receiver at the remote host is also limited by typing and moving speed of mouse.
Thus, the data and graphic displaying speed is faster than the Receiver process. Since the
amount of information in the TCP channel is small, we set the option TCP_NODELAY

(see [44], p. 314 ). This tells TCP to send small messages as soon as it receives them.
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3.5 A New Method for Finding the Time Delay and
Experimental Results

3.5.1 Clock Offset Estimation

Accuraty of the measurements between two different machines has always been the
interesting subject in the area of computer communications due to the absence of a global
clock [21]. It is not enough for someone to find the time offset between two machines
but he also needs the frequency offset, i.e. the difference in the rates between the two

clocks, in order to make truthful measurements for the entire duration of the experiment.

In the case of a multimedia conference system we have ascertained a way to avoid
the frequency offset problem by continuously updating the time offset. It is required
that both ends send and receive the same amount of messages at the same time. As is
illustrated in Figure 3.5.10, we send 1 message every 0.25 seconds. When we send a
message from host A to host B, we time stamp it with tme T,. At the receiving end
(host B) we time stamp it after network delay T4 with time T,. The end-to-end delay
time that appears at host B is 7 — T,. We denote this time as T,_; . This time also
equals to the real end-to-end delay time T; plus the time offset between host A and host
B . In other words, Ty = To—p — Tof5.

At about the same time, host B sends a packet to host A, and the end-to-end delay
for this message equals to 7y = Ty, + Tos5 . If we add these two equations we get
Tq = (Ty—p + Tp—,)/2. This process of estimating the delay time is an averaging process
since it is repeated for all the messages sent during the experiment.

There is an assumption that may cause an error, however small. Due to small
variations in the processing speed of the two computers and random variations of the
traffic in the network, the number of messages received by each computers will not be the

same. This discrepancy however can be measured and can be taken into consideration
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if it is large, otherwise it will be ignored. In our case we have observed that for a total
of 2000 messages one computer receives, the other receives 2000 £ 20 messages. This
means that the 2000th message will be compared with the 1980th for example, and that
will give us an error equal to the time offset caused by the difference in the rates of the
two clocks in the time period of 5 seconds (20 packets times 0.25 seconds per packet =
5 seconds). Knowing that in our two computers the frequency offset causes a time offset

of about 1 second every half an hour, the error is negligible.

Host A Host B
Time axis Tb— - Time axis Ta
Ewvi Delay time
~0.92r§ sec || for the first
we send a packet sent
packet. by host A
Send packst 2 to
Delay time host A.
for the
second
packet sent
by host B

Figure 3.5.9 Timing Diagram between the two computers to estimate the average delay

3.5.2 Experiments and Analysis of the Results

Figure 3.5.10 shows the histograms of typical runs of S000 multimedia messages for
both Scheme A and Scheme B under 2 conditions: zero traffic and 30% background
traffic utilization. In this experiment the multimedia message only contains the voice and
video data. Because each multimedia message is sent every 0.25 seconds, the network
jitter can be thought as the standard deviation of the delay. Thus, the end-to-end delay
performance of Scheme A is measured at the TCP channel and for Scheme B it is

measured at UDP channel. In the case of Scheme A with 0% background traffic, the
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average end-to-end delay is 98 msec and the network jitter is 38msec. When we increase
the background traffic to 30%, the average delay increases to 146msec and the jitter to
70msec. In Scheme B with 0% background traffic the average delay is 46.3msec and the
jitter is 15.6msec. For this particular run 35 messages have been lost in 5000 messages.
When we increase the background traffic to 30%, the average delay increases to 58.5msec
and the jitter to 22msec. The message loss goes to 100 per 5000 messages. The packet
loss probability varies, but it never goes more than 1% for 0 % background utilization
and more than 2.5% for 30% background utilization. In both background utilizations

Scheme B (UDP) seems to perform better in supporting real-time multimedia services.

Scheme A (TCP)
800 . e 800
I 0 % utilization | | 30 % utilization |
600 ave: 98msec 600 ave: 146msec
std: 38msec std: 70msec
400 -
200+ -
0 Lo }
1] 0.5 1 15 2 0 1 2 3 4
x108 x 105
Scheme B {UDP}
800 T 800
0 % utilization 30 % utilization
600 - ave 46.3msec - 600 ave: 58.5msec ]
std: 15.6msec std: 22msec
400 + b

200

1.5 2
x10%

Figure 3.5.10 Measurements of End-to-End Delay for Scheme A and Scheme B

With the 4 frames per second video capability, it is hard to evaluate the video quality.
Instead, we subjectively tested the voice quality. The UDP implementation seems better

than the TCP implementation in voice quality thanks to the shorter delay.
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How many conferees can be supported by this system? Since every multimedia
message is 24Kbytes, the total traffic generated at the application level due to a point-to-
point multimedia conference application is 24Kbytes x 4 messages/sec x 8bits/byte x 2
(bidirectional traffic) = 1.6Mbits/second. Assume that the traffic at the physical layer is
about twice as much[13], say 3.2Mbits/sec. Since the Ethernet is capable of 10Mbits/sec,
it can sustain up to two such multimedia conference applications. If the network is

heavily loaded, then only one such conference application can be sustained.
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Chapter 4 Point-to-Point Single-Medium
Synchronization in the Presence of
Noncontinuous Periodic Traffic in Real-Time
Network Applications.

4.1 Overview

Herein the problem of point-to-point synchronization in the presence of noncon-
tinuous periodic traffic in real-time applications is discussed. Our present work work
constitutes the first —and the most fundamental — building block of our proposed Mul-
timedia Synchromzation Protocol. Our protocol consists of two more blocks: one block
is related to intermedia synchronization (see chapter 5 or [45, 46]) and the other is related
to interparticipant synchronization (see chapter 6 or [33, 32]). The model of the traffic
is noncontinuous periodic which nicely suits the voice traffic with silent-talkspurt inter-
vals. Factors influencing synchronization are network jitter or variability of the delay
and frequency offset between the clocks at the sender and at the receiver. The definition
of the network jitter and its estimation is carried out using the concept of the reference
times that we will introduce in this chapter. In addition, a scheme that permits the re-
ceiver to uniquely identify the sequence number of each packet using a minimum number
of bits and its proper implementation are presented. The optimal number of bits for a
point-to-point communication considering only a single medium is found by exploiting
the fact that the maximum time duration the numbering scheme should span needs not

to be greater than the maximum variation of the jitter expected in the network.

For the case of point-to-point single medium (either video or voice) communication,
p;-bits from the control field of each packet will be devoted for synchronization. These

synchronization bits are necessary in order for the receiver to determine at all times
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the playback time of each packet. The proposed sequence numbering scheme for
synchronization is shown in [45, 46] and in chapter 5 to be sufficient to the case of
intermedia synchronization. The number of bits are now called p,, where p;, > p;.
An added functionality of these py—bits is that these bits are also used to identify the
difference of the average time delays for the two media. The number of bits needed for
sequence numbering is proven to be relatively small (2 to 4 bits). This is an important
result especially for the future ATM networks, where due to the small and fixed length of
the packet, minimization of the control bits is a pressing need [26, 47]. A synchronization
algorithm which does not use any interchange of control messages can be found in [12,
13, 14].

In section 2, the background definitions of the network jitter and of the reference
times introduced in [33, 32] are repeated here for convenience and completeness. In
section 3, the estimation of the reference times in the presence of noncontinuous periodic
traffic is presented. Subsequently, in section 4 the bounds of the network jitter and
then the minimum waiting time the receiver has to wait for a packet to arrive are
determined. In section 5, our algorithm for determining the minimum number of bits
for sequence numbering in the case of point-to-point single medium communication is

presented. Finally, in section 6, we present our concluding remarks.

4.2 Modeling the Traffic as Noncontinuous Periodic.

In Figure 4.2.1, a graphical representation of a voice traffic being modeled as
noncontinuous periodic is displayed. The shaded regions represent talkspurt intervals.
Voice packets are generated at the sender exactly at the points indicated in the graph
with the vertical lines. This means that a voice packet which is at the front or at the

end of a talkspurt interval may only be partially filled with voice data. This modeling of
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the voice traffic wastes on the average one voice packet per talkspurt interval, but it has
many advantages related to multimedia synchronization that will become obvious as we
go along. In addition, a sequence number representing the sequence number of the time
period the packet was generated at the sender will be attached to the packet. As a result,
the packet generated at the time period (slot) between the vertical lines 2 and 3 will be
assigned the sequence number 2, the second the number 3, and the sixth the number 8

since a silent interval of one period intervenes.

Figure 4.2.1 Representing the traffic as noncontinuous periodic.

The video traffic can also be viewed as periodic when the requirement that a video
frame (packet ) will only be generated at the beginning of a period holds. The validity
in modeling the video traffic as noncontinuous is best illustrated with an example. Let us
suppose that a multimedia conference among five participants is held through a computer
network. A participant may listen to all other participants at the same time because all
the voice packets will be added together and then played back. In the case of video,
however, it will be unwise to look at four different people at the same time. This is not
only a matter of taste, but also a matter of space on the computer screen. In addition,
the cost of a multimedia conference will be high if exchange of video data occurs in
all of the connections of the participants in a conference. Thus, one might choose to
display on the screen by default only the person currently talking and by choice anyone
else. But by turning on and off a particular participant results in a noncontinuous traffic

for the video too.
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4.3 Definitions of the Network Jitter and Reference Times.

As shown in Figure 4.3.2, the sender periodically transmits packets with nominal
period T. However, due to frequency mismatches between the clock at the sender and
the clock at the receiver, the actual transmission period of the sender as seen with the
receiver’s clock will be 7°. The average delay time packets experience to arrive at the
receiver from the sender is denoted as D. If there were no variation in the delay and each
packet were experiencing a constant delay D, then packets would be arriving at points
indicated in the graph as ¢,.5,. These points are called the reference times and they

satisfy the following condition
.1
lim v z (tn = trefn) = 0 . 4.3.1)

If the exact location of the arrival time of one packet, let us say packet n;, which
experienced exactly the average delay D, could be found, then the reference time of any

other packet n, is given by the following expression

tref,nz = tref,nl + (n2 — nl)Ts . 4.3.2)
D 7 T
Sender - >
] L] ] !
5 \\ '\
1 ! X g\~
Reoeiverh et 2 4, +T L, 2T s Lo, #3T L
A A ToA A

Figure 43.2 The definition of the network jitter.
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If the actual packet arrivals are denoted as t,, then the network jitter each packet
experiences is defined as the difference of the actual arrival time minus the corresponding

reference time
Ap =1ty — tref,n . (433)

Different definitions of the network jitter can be found in [3, 29]. Elaborate definitions of

jitter, burstiness and the relationships among them can be found in [27, 48, 49, 28, 50].

4.4 Reference Time Estimation

In our work presented in [33, 32], a solution to the multiparticipant multimedia
conference problem was presented under the assumption that packets aré generated
continuously and periodically at the sources. In this section, the determination of the
reference times for each arriving packet is investigated in the presence of silence-talkspurt

intervals.

The time duration of one frame (for video) or of one voice packet will be designated
as T. The periods for different media are assumed to be different, but for the moment T
will be either the generation period of the video frames or of the voice packets but not
both. The time T will be the nominal time of the generation period, and when a need
arises to indicate the actual periods of the clocks at the sender or at the receiver, the
superscripts s or R will be used. Thus, 7° will mean the generation period of the packets
(frames) measured according to the universal clock when the sender thinks its generation
period is T. Because our approach is based on statistically evaluating the “reference
times”, during the connection-setup time packets will be transmitted continuously and
periodically from the sender to the receiver in order a first “rough” estimation of the

reference times to be achieved. Exact performance evaluation in calculating the reference
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times and design trade-offs among confidence interval, probability that the estimation 1s
outside the confidence interval, and number of packets received, is done in [33, 32].

In order to calculate the reference time (for more details see [33, 32] or chapter 5
in this Thesis), the arrival time ¢,, of each packet is registered. Assuming N packets
have arrived at the receiver and using Equations (4.3.2) and (4.3.3), one can express the
arrival times ¢, in terms of the jitter that each packet experiences and the reference time

of the [47]"™ packet! as follows

T

N
i, = tref,n +An = tTCf,I-%L-] + (n—— ['2—.’)]18 +An y 1 S n< N. (444)

Then the jitter AI- ¥ the [4]*™ packet experiences passing through the network can be
2

estimated as shown below

Zfﬁ = %fi {t[g_] + (n - [-{;DTR - t,,} . (4.45)

The preceding calculation of the reference time of each packet is based on the fact that
packets are generated continuously and periodically; however, in an actual application
such as voice conversation packets although will exhibit a periodicity, nevertheless they
will not be generated at every period. More specifically, there are going to be silence-
talkspurt time intervals, and packets will be penodically generated only at the talkspurt
intervals. For this case, a modification to Equation (4.4.5) is needed. Supposedly out of
a time interval (N+k)T seconds, the aggregated talkspurt time interval is NT seconds. As
a result, only N packets are sent-received in N+k time slots. To estimate the reference
time of each packet in the presence of silence-talkspurt intervals, first the time X with the

property that the contributions of the time offsets of all N packets in the interval (N+k)T

! [ ie the notation of the ceiling, i.e. the smallest integer greater or equal of the argument.
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cancel out ought to be found. This leads to the following equation

Z (X"tn)= Z (tn—X)a

(neNE) (neMyL)
(neMg: YneNg =ty < X) (4.4.6)

where
(neNL: Vne Ny =, > X)

In other words, Mg is the set of packets with the property that for every packet n
belonging to this set, the arrival time ¢, of this packet is less than time X. Similarly for
set Nr; a packet n will belong to set Ny, if its arrival time ¢, is greater than time X.
Notice also that if the number of the elements in set N is N and the number of the
elements of the set My, is Nz, then their sum equals the total number of the received
packets N = N + Ny. The set 9 is a proper subset of the set of integers from 1 to
N+k, v € {1,2,...,N+k},and M = {1,2,..,N} iff k = 0. When & = 0, this

means that there is not an empty time slot, and there have arrived as many packets as

time slots of duration T.

Although Ng, Ny and X are all unknown quantities, Equation (4.4.6) can be solved
for X by arranging Ng and Ny to appear with their known sum N. In equation form
this leads to the following

r r 1
(Ne+N))X = > tp=X= ¥ Y o, N=NpUM (4.4.7)
(neMNMgUNY) (neMN)

The next step is finding which packet arrival time £, exhibits the minimum —in

absolute value — distance to time X, ie. [X —i;] =min{|X —#,|} , n € T If we
n

name the arrival time for this packet t;, where z € [L,..., N + k], then the network

jitter this packet has experienced will equal to

A, = % > {tet-arF-1} - €, 4.48)
(neM)
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where £ is the unknown time offset acquired in time (X —{;). Exact representation of
the error due to the time offset acquired in the time distance (X — t;) is presented in
Appendix A . The validity of Equation (4.4.8) may be questioned on grounds that the
uncertainty caused by the error term can be prohibitively high. This can be true in a
situation where around the time X a big silence interval exists, and therefore the distance
of the nearest packet arrival time to time X is large. However, as it will be proved shortly,
this makes no difference for the estimation of the reference times. The error attributable
to the frequency offsets of the clocks in estimating the reference times will be of the
same magnitude as if the times X and {; coincided. To see that, an approximation to
the sequence number of the reference interval ny the time X falls into is needed to be
found. Graphical representations of X, nyx, t;, z, and t,.s, are shown in Figure 4.4.3.
We assume that a rough estimation of the reference time t,.s¢ is already available to
the receiver during the connection-setup time. t,.s o Will indicate the reference time of
the time interval exactly one period before the first N+k time intervals considered. Then

nyx can be approximated as follows

Amin , mas
(nx — [W})TR <X < (TIX + [ATRI]>TR = nxy =~ [%J , (449)

since X > Anip and X > Az,

t, t X t t
times l e l T ml l " t
| I

— oo ——- 4| F||mm)mum||huum»
m

sequence  1X
numbers

Figure 4.4.3 Graphical representations of X, nx, tz, z, and trcs.s.
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The error € in Equation (4.4.8) which was derived in Equation (9) of Appendix A

can now be expressed in the convenient form

TR - T9)

(X—tx)x( T~ -(n.X—:c)x(TS—TR). (4.4.10)

With A, available and Equations (4.3.2) and (4.3.3), the reference times for the
other packets are obtained as
Brefm =tz = Ag +(n—m)[TR+ (Ts —TR)] — (ny —x)(Ts -TR)

= ?Tef,n=tr"'51+(n—$)TR+(n—TlX)(TS—TR) , nc €N ;ny ¢MN
(4.4.11)

where an additional error of the estimation of the reference time for any other packet n
in Equation (4.4.11) comes from the fact that the term (T — T®) is unknown. However
as shown in Equation (4.4.11), the coefficient of the unknown rate of the time offset
(T - TR) is the same coefficient as if the sequence numbers x and ny were the same.
This ends the prove of the assertion made earlier that the existence of a large distance

| X — t¢| will produce no further error in the estimation of the reference times.

4.5 Bounds on the Network Jitter and Minimum Waiting Time

The maximum and minimum bounds of the network jitter are estimated as follows

Amaz < max {tn —fregn} + max {nx, N+ k —nx} x 107T%, (4.5.12)
n
and
Amin > min {tn — trefn} —max {nx,N +k—nx} x 107°T% . (4.5.13)
n

It should be noted that we haven’t presented yet a method that maps the packet arrival

times ¢, with their corresponding reference times t,¢s,,. Actually, so far we don’t even
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know the correct mapping between t, and n, i.e. although the packet arrival times ¢, are
known , n are unknown. The correct mapping among the parameters (n,n, tye f,,,) will

be shown in the next section (see Equations (4.6.2.19) and (4.6.2.20) ).

The second terms in Equations (4.5.12) and (4.5.13) are due to the unknown er-
ror (n—ny)(T° - TR) which appears in Equation (4.4.11). Since the minimum or
maximum jitter can occur in any of the received packets, we can bound the error by con-
sidering the worst case situation which is max {ny, N + k —nx} . In the same way we
can bound the second factor of the second term, 1.e. the factor |Ts - TRI by assuming
that the maximum rate of the time offset that anybody can observe in the network cannot

exceed a certain value, i.e. [T°—T8| < 107" xT®, where v is a small number (3 to 6).

For point-to-point communication considering only one medium, the synchronization
function at the receiver should simply be the inverse of the maximum delay. Packets
should wait exactly so much time, as much as it is estimated that all packets will arrive
within this waiting time interval. If a packet does not come within this interval, then the
packet will be considered lost. Therefore, the waiting time for point-to-point network

communication will be

W= Apmar+ e+ (N+k) x107"T% =
~ (4.5.14)
max {th =trefn} + e+ max{nx, N+ k—nx}+(N+k)] x107"T%.
n

The error € = _71V Em Ay, is due to the finite N considered in estimating the jitter of
the z'** packet. The te’:;l (N + k) x 107*T% is an upper bound in the error caused by
the unknown time offset |T* — T®| in the next (N + k) x T'® time interval, which will
be the time that the algorithm will be re-executed. As noted previously, the rate of the
time offset E{,;Tﬁ is assumed to be bounded by 10~, ie. |T° — T%| < 107"T%. The

error terms € and [max {ny, N +k —nx} + (N + k)] x 107"T% define the designer’s
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tolerance in accepting a waiting time that is so much greater from the optimal waiting
time Amaz. Subsequently, given a specified tolerance the frequency of the execution of

the synchronization algorithm, i.e. the time interval (N + k) x TE, can be determined.

4.6 Sequence Numbering Scheme for Point-to-Point
Single-Medium Synchronization

4.6.1 Determination of the Optimal Number of Bits for
Sequence Numbering Identification

To achieve synchronization under all circumstances such as possible out of sequence
arrival of a packet, a proper sequence numbering scheme is needed. This scheme should
be realized with the minimum number of bits if loss of bandwidth due to the ransmission
of a large number of control bits per packet is not tolerable. Althouéh both video and
voice will exhibit noncontinuous periodic pattern of their traffic, in this section we will
mostly speak about voice since bandwidth considerations will arise mostly (or in all

times ) for the voice packets.

In this section, a thorough evaluation of the minimum number of bits needed to
represent a time duration equal to the maximum jitter expected in the network is carried
out. An implementation of the synchronization scheme using the minimum number of
bits determined here is presented in the following section. The sequence numbering
scheme for point-to-point single medium comﬁumcaﬁon using the minimum number of

bits is given by the following theorem.

Theorem 1The sequence numbering scheme for point-to-point single medium com-
munication that uses the minimum number of bits and uniquely identifies the sequence
number for each of the arriving packets needs to span a time duration not greater than

the maximum jitter J = (A;,m;) — (Amin), expected in a given network.

g
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Proof: Let us denote with p; the number of bits of the sequence numbering scheme.
We will denote by ¢, the arrival time of the packet that its sequence number is needed to be
recognized at the receiver, and as ¢, ,m € 90 the arrival times of the voice packets that
have identical p; -bit sequence numbers, ie. (tn),, = (im),, butm = n. This in effect
means that the elements of the set 91 are generated as follows m = nk2P [k =1,2,....
It suffices to distinguish the nth packet from any other packet with identical p;-bit
sequence number if it is agreed that every time g, — gm > 0, then i, — ¢y, > 0, or every

time g, — gm < 0, then t, —t, < 0.

It is clear that if the conditions presented above are satisfied for one immediate
neighbor of n, i.e. m = n £ 2P, then it will hold for all other m € 9. Let us have
m =n+ 2", Then, gp — gm = gn — (gn + 2P T) = —2PT < 0. Therefore, we have to

prove that ¢, — t,, < 0 whenever 2T > (Anaz), — (Amin) g We have:

g

ln—tm = tref,n - tref,m + An - Arn = tref,n - (tref,n + QPIT) + An - Am >0=

21T > max {An - Am} = max {An} — min {Am} = (Ama:)g - (Amin)g

(4.6.1.15)

In Equation (4.6.1.15) we have used t,¢5; = trefn + 2P T since g, — g = =207

and trefn = gn + D, trefm = gm + D. O
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Figure 4.6.4 Graphical representation of the time a proper sequence numbering scheme should span.

H. Schulzrinne [51] describes all the encoding standards used today for the transfer
of voice through the internet. The important parameters for determining the optimum
number of bits p are the sampling frequency fs; and the number of quantization bits ¢
used. As is described in [51], the sampling frequency fs can take values from the set
8, 11.2, 16, 22.05, 44.1 and 48 KHz, and the number of quantization bits g is 8 or 16
bits/sample. The time duration Tpacket One packet lasts when played back at the receiver
can be computed as a function of the sampling frequency f;, the length of the user portion

of the packet in bytes /, and the quantization number of bits g used, as follows

lX 8 bits

ket
Tracker = T - (4.6.1.16)
8

sec xq sample

Two cases will be distinguished. In the first case, the voice packet will be comprised
by simply one ATM cell while on the second case, the voice packet will be comprised
by multiple number of cells ¢. The reference made to ATM cells does not imply that
the following analysis will only be valid for pure ATM networks. Any packet route
transversing different type of networks, such that ethernet or FDDI to ATM to ethernet

or FDDI again, at one point the packet will have to be fragmented into ATM cells
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passing though an ATM network. Since the smallest fixed length packet a packet can
be fragmented to is met in the ATM network, the results derived in this section will
be general enough to include cases of both pure ATM networks and hybrid ones. As
shown in Figure 4.6.4, suppose that the maximum jitter J expected from the network is
J = (BAmaz); — (Bmin)y, Where (Amin), and (Amaz), are the maximum values of the
bounds of the network jitter that can be observed in the network. Then, for the case of a
single cell per voice packet, the optimum number of bits p needed to properly represent

the sequence number for each cell-packet is

(Amar) (A ! )
Jy = ([T g] - [Tmn g]) XTpacketSQPJTpacket
packet packet

(4.6.1.17)

= = [logz' “ =P, Tpacket = Tcel

Tpacket
In Equation (4.6.1.17) Jjs is used instead of J because we wanted to make sure that by
placing the average point of the packet arrivals to a beginning of an interval T, there are
still enough intervals 7 to cover both the maximum and minimum values of the network

jitter (see Figure 4.6.4). For the case of multiple number of cells ¢ per voice packet,

the number of bits needed is

J
Jy L 27 Tpacket =p1= [logz T M “
packet
T;
Tpacket S2PTeen = p2 = [logg &]::-I (4.6.1.18)
ce

J
p=prtp= {logz ""‘M—n_’ + [loga ] -

It should be noted that the expression in Equation (4.6.1.18) is not the same as
logy 74— +logy ¢ which simplifies to log, 2L , and therefore gives the same solution
for p as the case of a single cell per packet displayed in Equation (4.6.1.17). If one
attempts to use the same expression found in Equation (4.6.1.17) also for the case

of multiple cells per voice packet, then the sequence number for the cells themselves
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become dependent on the overall sequence number employed for synchronization. This
will complicate the implementation because the functions of two different network layers
will be intermixed. For this reason, we will only concemn ourselves with the p; bits whose

value is given by the same equation for both cases when T" = Tpacket 1S considered.

4.6.2 Implementation

Synchronization between sender and receiver is achieved with the transmission of a
p;-bit sequence number. At the sender site, as shown in Figure 4.6.5, every time interval
T = Tpacket = ¢ X Tce11 a counter increments its value and executes modulo 2. The
result is the p;-bit sequence number for this time interval. If there is a useful voice data
to be sent through the network, then these p; bits are sent over the network either along
with the first cell of the packet or distributed in all of the cells of the packet. If there
is no useful data to be sent, i.e. the sender is on a silence time interval, the counter is
simply incremented and then executes modulo 2. The above procedure is repeated till

the end of the conference.

Upon the reception of the packet, there are two processes that proceed in parallel
by the receiver. The first process involves the post-processing of the arrival times of
the packets. By exploiting the information of the arrival times of the packets alone,
the receiver is able to determine the bounds of the network jitter, the expected average
arrival time of the packets (the reference times), and the frequency offset between its
clock and the clock at the sender. An additional advantage of this algorithm is that the
sender is not required to transmit the generation time of the packet (time stamp) in order
for the frequency offset to be determined by the receiver. The exact procedure of the
first process related to the estimation of the frequency offset is investigated in the [52]

and also presented in Chapter 6.
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Figure 4.6.5 Sequence numbering and transmission of packets at the sender.

The second process is directly involved with the synchronization of the arrived packet
by determining its correct playback time. In order for the second process to operate
properly, the reference times, bounds of the network jitter, and the rate of the time
offset must be known to the receiver by the first process. Because all of the above
parameters need a certain number of pre-received packets, it is assumed that during the
connection - setup time a few packets, let us say N, were sent prior to the execution of
the synchronization algorithm. With their help, a rough estimation of the reference time
of the last packet sent during the setup time i,.f0 is made. These N packets sent by
the sender carried among other useful information their own sequence numbers explicitly
into their user field. This implies that the mapping ¢, « n between the packet arrival
times and the sequence numbers already exists for these N packets, and therefore the
receiver using Equations (4.3.2), (4.3.3), and (4.4.5) can find the reference time of the

last packet N, t,.5 n, which from now on we will call it ¢, for convenience.

In Figure 4.6.6, a block diagram describing the actions of the two processes at the
receiver is presented. The reader should notice the local feedback that couples the two

processes. In order for the second process to determine the sequence number of each
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arriving packet, the reference time of this packet must be known to the second process.
However, in order for the first process to estimate the reference time of the arriving
packet, the first process must have knowledge of the sequence number of the arriving
packet. This is achieved with a feedback loop from the second process to the first as

shown in Figure 4.6.6.

There are two counters at the receiver: one infinite counter whose value starts
incrementing every T seconds right after the end of the setup time ?,.¢, and a finite
counter whose value is repeated after a pre-determined number 2. In other words,
current = (previous + 1) mod 2P, The determination of the correct phase of the finite
counter will be shown now. There is a p;-bit sequence number associated with every
packet which was attached to it by the sender during its departure. This same p;-bit
sequence number will be used to denote the arrival time of each packet at the receiver
as long as the packet has experienced exactly the average delay. In other words, if
the reference time of a packet n could be known to the receiver, then the reference
time, and along with it the time interval [trefn,tres,n + T, Will be assigned the p;-bit
sequence number this packet n carries with it. Then, since the network jitter the x packet
experiences can be estimated using Equation (4.4.8), the receiver can determine the p;-bit

rth

sequence number of the reference time of the x’™ packet t,.5, =t — 3, as follows?

(trefa),, = (@) - (4.6.2.19)

(z),, is the p;-bit sequence number attached to packet x by the sender. Then the p;-

klth

bit sequence number of the following interval away from t,.7, , i.e the interval

[tref,s + kT, tres o + (K + 1)T), can be determined by the following operation

(trefort)y, = { (tresc),, + k) moa 27 (4.6.2.20)

2 = 5 the assignment cperator.
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Figure 4.6.6 Block diagram of the receiver’s actions upon the reception

of a packet. Notice the feedback loop from point A to point B.

Once the reference times are mapped into p,;-bit sequence numbers, the p;-bit
sequence number of the current reference interval is compared with the p,-bit sequence
number of the packet that arrived within this time interval and needs to be synchronized.
Synchronization now translates into a problem of finding the correct mapping between
the arriving packet and its reference time. The reference time of the arriving packet is
the beginning of the nearest interval T whose p;-bit sequence number agrees with the
Pp;-bit sequence number of the arriving packet. The number 6 of intervals T the reference
time of the arrived packet is away from the beginning of the current interval is given

by the following statement.
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Theorem for determining the Reference Time of a Packet. Theorem 2 Suppose an
entire axis is divided into equally spaced intervals T. Each interval T is represented by a
p;-bit sequence number, such that the sequence number of the next interval is related to
the previous by the following relation: next = (previous + 1) mod 2P*. A packet which
carries an arbitrary p;-bit sequence number falls into an arbitrary interval T. Given the
p1-bit sequence numbers of the packet A = Ap, Ap,-1...A2A1 and thar of the interval T
B = By, By, _1...B2By which fell into, then the nearest interval T whose p;-bit sequence
number C = Cy, Cp, ~1...C2C exactly maiches the p;-bit sequence number of the packer
is located § intervals away (ahead —, behind +) from the current interval. 6 satisfies the

condition A = (B + §) mod 2P* = C and is given by the following relation

§=Y (AiBi— AiB;) x 27! (4.6.2.1.21)

Proof: The proof of the above statement is based on the truth tables of the
terms A;B; and A;B;. AiB; = 1 iff A; = 1 and B; = 0. Similarly,
A;B; =1 iff A; = 0 and B; = 1. Therefore, if A;B; = 1, then the contribution
of this term to § will be —2¢=!, etc. This ends the proof. [

It should be noted that the computations involved in determining é using Equation
(4.6.2.1.21) are extremely low, since only bit-wise operations are needed ( bit-wise and,

bit-wise complement, and (i-1) bit-wise shift for the multiplications).

Playback Subsequently, the proper time that the arrived packet should be played back

is determined as follows

playbacksime(n) = %\,e fn+ W = (currentyrer—tine +67T) + W . (4.6.2.2.22)
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currentres—time iS the beginning of the interval the arrived packet fell into, and 6 and

W are given by Equations (4.6.2.1.21) and (4.5.14) respectively.

4.6.3 Example

In Figure 4.6.7, an example of a typical interaction between sender and receiver
for synchronization is shown. The number of bits used in this example for sequence
numbering is p; = 3. It is assumed that during the connection-setup time N packets
were sent from the sender to the receiver and from those packets the receiver was able
to make a rough estimation of the zeroth reference time e 1,00 1.e. the reference time of
the last N’™ packet received. Then in both communicating entities (sender and receiver
), a finite counter of length 23 = 8 starts incrementing every T seconds. Packets at the
sender will always be generated periodically and in-phase at the beginning of the interval
T even though a silence interval is in between. The packets arrive at the receiver in
times indicated as t,, where n denotes the sequence number of the time the packet was
generated at the sender. For example, the arrival time of the 4’" packet generated at
the sender is denoted as ¢ and not {4. By amiving at the receiver, each packet carries
with it the 3-bit sequence number which was attached by the sender. The entire time
axis at the receiver is also divided into T = T'% time intervals that each one has its own
3-bit sequence number. The reference time for a packet is simply the beginning of the
time interval T at the receiver that its 3-bit sequence number matches the 3-bit sequence
number that the packet carries with it. Once the reference time of the arriving packet is

found, its playback time will be W away from its reference time.
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Playback times W after the reference times.

W
Figure 4.6.7 Example of a typical interaction between sender and receiver for synchronization.

In this example, let us have T = 6ms, and the maximum jitter from the average
Zimaz observed in the network is 12ms. Allowing 2.5ms for the estimation error e and
the uncertainty in the time offset , the waiting time from the reference time becomes
W = 14.5ms, If the current 3-bit sequence number of the reference time at the receiver
shows 100 and during this time slot a packet arrived with 3-bit sequence number 101
(t¢), then using Equation (4.6.2.1.21), we have: A3A2A; = 101, B3B;B; = 100, =
§ = (11 — 11)2% + (00 — 00)2! + (10 — 10)2° = —1. é= —1, means that the reference
time of the arriving packet tre 7,6 is one time slot T' = 6ms into the future from the
beginning of the current interval. Then, the playback time is simply W = 14.5ms away

into the future from the reference time of the packet 7,76

4.6.4 Summary of the Synchronization Algorithm for Point-
to-Point Single-Medium Communication

In this section, a summary of the synchronization algorithm described in this section
is given. The main objective of this section is the determination of the correct playback

time (or display time for a video packet) of a packet received, under the condition that
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the synchronization is achieved with the minimum number of control bits. In this section,
only the point-to-point single medium communication is addressed. However, the results
presented are directly applicable to Intermedia Synchronization discussed in the next
chapter, chapter 5, and in [45, 46], and to interparticipant synchronization investigated
in [33, 32] and to be discussed in chapter 6. The steps of the synchronization algorithm

are as follows:

1. During the connection setup time, the sender transmits to the receiver continuously
and periodically N packets. All of these packets carry explicitly in their user field
their own sequence number. Then using Equations (4.4.5) and (4.4.4), the receiver
estimates the reference times ( average arrival times ) for each packet arriving.

2. Right after the connection setup time, both the sender and the receiver start a finite
counter of length 27 If the sender has useful data to send, it attaches to the packet
the p;-bit sequence number of the current interval and then transmits the packet. At
the receiver, the time axis is also divided into equally spaced intervals of time length
T and each of them is assigned the current p;-bit sequence number from the counter.

3. Using Equation (4.6.2.1.21), the receiver determines the average arrival time (
reference time ) of the arriving packet by matching the p;-bit sequence number
of the arriving packet with the nearest interval T with identical p;-bit sequence
number. Then the playback time is found by Equations (4.5.14) and (4.6.2.2.22).

4. The algorithm is executed as is until the error due to the estimation of the reference
times and due to the uncertainty of the time offset in Equation (4.5.14) becomes larger
than allowed. Then the algorithm is executed again, but this time the estimation of the
reference times is achieved using Equations (4.4.8) and (4.4.11) which are properly
suited for noncontinuous periodic traffic.

5. At all times, right after the determination of the reference time for each amriving
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packet, the sequence number of each packet is also evaluated using an infinite counter
which started the same time 7, .0 as the finite counter. More about the functionality
of this counter will be shown in a following paper dealing with the estimation of the
frequency offset [52]. At the present, its usefulness will be on counting the received
packets N and the time slots of duration 7, N+k. Knowing this information, the
receiver is able to evaluate the errors due to the estimation of the reference times

(depending on N), and that due to the unknown time offset (depending on N+k ).

4.7 Concluding Remarks for Chapter 3.

In this chapter, a synchronization algorithm for point-to-point real-time communi-
cation in a network environment was presented. For the case of point-to-point single
medium communication, synchronization has the meaning of finding the proper playback
time for each packet, proper in the sense that the playback time must be the time which
is nearest to the minimum waiting time. The minimum waiting time for playback, as
noted also from many other researchers, is the maximum network jitter observed in the

network for this route.

The concept of the reference times (or average arrival times) which we introduced
in [33, 32] (see also chapter 6) is also used in this chapter, but this time extended to
encompass the case of noncontinuous periodic traffic. This is a significant improvement
over our previous work because now a source which has no useful data to send at some
intervals of time is not required to transmit “‘empty” packets in order to keep the receiver
synchronized. A reader interested in the performance evaluation of the estimation process
of the reference times is referred to our previous work [33, 32] or chapter 6. There, the

design trade-offs among the various parameters of the estimation, i.e. the probability
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P(¢) that the estimation of the reference time is outside a given confidence interval ¢, the
confidence interval e itself, and the number of packets received N, are discussed in detail.

A large portion of this algorithm was devoted in determining the minimum number
of bits in order for the receiver to uniquely identify the sequence number of the packet.
This was achieved by exploiting the fact that a proper sequence numbering scheme should
span a time duration not greater than the maximum jitter expected in the network. For
the intermedia case, the time interval the numbering scheme needs to span is shown
to be operationally the same as the one found for the point-to-point single medium
communication (see [45, 46]).

The issue of the estimation of the frequency offset is discussed in [52] and in
chapter 7. All of the above results are directly applicable to intermedia synchronization
algorithm proposed in [45, 46] and presented also in chapter 5, and to the interparticipant

synchronization algorithm proposed in [33, 32] and presented also in chapter 6.
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Chapter 5 Intermedia Synchronization In
Real-Time Multimedia Conferencing

5.1 Overview

Issues related to Intermedia Synchronization in a Multimedia Conference are dis-
cussed in this chapter. Specifically, two issues are explored in depth: optimal sequence
numbering and minimum waiting time for playback. It is proven that the time interval the
optimal sequence numbering scheme for Intermedia Synchronization should span needs
not to cover a time duration greater than the maximum of the following two expressions:
the maximum variation of the network jitter and twice the maximum absolute difference
between the expected time delays of the two media. The concept of the reference times
or expected arrival times that we have introduced in the previous chapter is also used in
this chapter. As a consequence, many issues such as estimation of the reference times
and bounds of the network jitter, are assumed to be known. Two different expressions
for the minimum waiting time for the voice packets are derived: a minimum waiting
time suitable when only the voice connection is active, and another when packets of both
media are being transmitted. Finally, a switching mechanism that hunts for the mini-
mum waiting time exhibiting the minimum delay suitable to the proper situation (voice
transmission with or without video transmission) is presented.

One important application of interactive communication is multimedia conferencing.
There are two fundamental classes of issues (problems) related to multimedia confer-
encing: management issues, and multimedia synchronization issues. The latter class
deals with problems that arise when synchronization of packets from different partici-
pants or packets from different media (voice, video, text, etc. ) is sought to be achieved.

Multimedia synchronization problems are very closely related to the nature of computer
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networks, which unlikely the telephone networks, are packet switching networks. In
packet switching networks data is distributed in packets and each packet travels though
the network independent of the other packets. While the packet switching concept is ideal
for transferring data, i.e. text or e-mail, many problems arise when transfer of real-time

data such as voice and video is required.

In this chapter, a subset of the Multimedia Synchronization issues that are specific
to Intermedia Synchronization are addressed. Intermedia Synchronization deals with
the problem of synchronizing packets emanating from different media sources without
destroying the temporal relationships existed among them during playback at the receiver.
Our approach to Intermedia Synchronization constitutes an integral part of our more
general approach to Multimedia Synchronization. Specifically, in [33, 32] or Chapter
6 an algorithm was proposed for Interparticipant Synchronization, while in [53, 54] or

Chapter 4 an algorithm was proposed for Point-to-Point Single Medium Synchronization.

During the last years, multimedia Synchronization has received a lot of attention.
Synchronization confined to voice packets was investigated by Barberis and Pazzaglia
in {15], Montgomery in [16], Felipe er. al. in [17], and [18]. Rangan and Ramanathan
in [12, 13, 14] were the first to .identify and give a solution to Interparticipant Synchro-
nization without using any extra control bits for sequence numbering. Little, M. Woo,
and Ghafoor in [36, 37, 55, 38, 39], L. Li ez. al. in [40, 56], present various aspects of
multimedia synchronization. C. Sreeman in [57] presents a service oriented approach to
media synchronization, and C. Yang ez. al. in [58] present another transport algorithm

for multimedia synchronization using petri-nets.

In section 2, our algorithm for Intermedia Synchronization is presented. Two main
issues are addressed. Sequence numbering using the optimal number of bits and minimum

waiting time for playback for both media. In section 3 a switching mechanism which
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looks for the minimum waiting time for playback for the voice packets is presented.
In section 4 a summary of the Intermedia Synchronization algorithm is given, and in

section 5 we present our concluding remarks.

5.2 Intermedia Synchronization Algorithm

In point-to-point network communication with a single medium, several problems
were identified and an effort was devoted in solving them-in the optimal way possible. The
problems identified were the network jitter, sequence numbering scheme, and frequency
offset. The problem dealing with the estimation of the frequency offset using both the
least squares approach and our own approach is treated separately in {52] or Chapter
6. In our work in Chapter 6 about multiparticipant synchronization [33, 32] additional
problems were identified such as the phase offset, different frequency offsets and bounds
of the network jitter, and different average time delay for each of the connections.
For intermedia synchronization it turns out that the same problems encountered for
multiparticipant synchronization need to be addressed except the phase offset problem.
Phase offset exists when two or more communicating entities transmit a signal to the same
destination. Then, even though the periods for each of the transmitting signals are the
same, there is going to be a difference in the starting points for each of the periods. For
intermedia synchronization, since the data streams for different media are transmitted from
physically the same host, it can be arranged so that the phase offset is zero and therefore
it will not be considered in the analysis of intermedia synchronization. An additional
complication which is not encountered in the multiparticipant case is the existence of
different periods for different media. A valid assumption which we are making in this

case is that the generation periods of different media are of integer multiples to each other.

81



In Figure 5.2.1 a general view of the routing for two different media streams (voice
and video ) is displayed. Due to different quality of service ( Qo.S. ) requirements,
such as packet loss probability, bandwidth, and delay or processing requirements, the
routes for the two media will most probably be different even though the departure and
destination hosts are the same. This leads to the obvious statement that average time
delays and bounds of the network jitter will be different for each media. Let us define
the average time delay encountered by voice to be D'? and the average time delay for
the video streams to be D?. In addition, let the upper bounds of the network jitter for

vo vo L3

voice and video be [—A_ ., A..] and [—Am,-n,A,',';M respectively. The superscripts
in the reference times and the bounds of the network jitter denote whether the packet is
vidgo or voice. In this paper the same definition of the network jitter used in our previous
works [33, 32, 53, 54] is followed. However, different definitions that are better suited in
analyzing the phenomenon of network jitter with respect to the time delay and burstiness
of the traffic are given by Cruz in [27, 48], Wang and Crowcroft in [29], Cidon et. al.
in [49], and Matragi et. al. in [28, 50]. Finally, the generation periods of the packets for

each media stream is 7%° for voice and T for video, and in addition the two periods

are assumed to be integer multiples with each other, i.e. T% = 2 x T , z € N+,

Video path from host A to B. Average delay th

@ |
G3

Host B

t e Gs

Voice path from host A to B. Average delay D°

Figure 5.2.1 Routing for two different media streams (voice and video).
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5.2.1 Optimal Sequence Numbering

The function of the Intermedia synchronization block is to insure that the temporal
relations between different media (in our case only video and voice packets are consid-
ered) are preserved during playback at the receiver. It is intuitively clear that in order
the temporal relations to be perfectly preserved the waiting time for both media streams
should be adjusted so that the playback times coincide for packets that were generated at
the same time at the sender. In Figure 5.2.2, a typical example of the probability density
functions (p.d.f.) of the network jitter (as defined in [33, 32, 53] or Chapters 3 and 5) of
the two media (voice and video) is presented. Let us assume that two packets, one from
each media, were generated at the same time at the sender. Without loss of generality,
we can also assume that they carry the same sequence number n. Then, as shown in
[53, 54] and Chapter 3 where the Point-to-Point Communication Synchronization Block
is discussed, the reference times f:fm 1 #,n for each packet and the maximum values
of the network jitter ﬁ,:;z , 3,:;” for each of the media streams can be determined at

the receiver. Then, for this example, the minimum waiting time for the video packets is

simply Wy; = E,:ax + ¢, and for the voice packets is

Avi ~v

VVvo = 5r:z'a:zc +e+ (tref,n - ireof,n) = 81:1(;::: +e+ X (6.2.1.1)

¢ designates an upper bound in the errors arising in estimating the reference times
and the frequency offsets. The term X represents the extra time the voice packets have to
wait for Intermedia Synchronization compared to waiting time voice packets would have
had if synchronization with the video packets were not required. We would like also to
make clear that the minimum waiting time for playback of the packets is defined as the

minimum time packets from a particular connection have to wait after their corresponding

83



reference times till they are played back at the receiver. The minimum waiting time is a
function of the packet loss probability desired. The smaller the packet loss probability,
the larger the minimum waiting time, and in case a packet has not arrived within this
time, the packet is considered lost. It should be noted that the difference of the expected

time delays between the two media 1s given by

~vui ~V0

D" - D" =1 ;. ~tern (5.2.1.2)
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Figure 5.2.2 Voice packets have to wait an extra time interval X for playback for Intermedia Synchronization.

.

current = (previous + 1) mod P —|

Is there a useful data to be sent ]
o for

for voice? for video?
No fo Yes, for | Yes for video
voice voice video
Delay Tvo| | Attach current g, - sequencs { Delay Tw=2z Tw
L—yil number to the packet(s).
o
Transmit voice Transmit video

packet to the receiver packet to the receiver

Figure 5.2.3 Sender’s actions for Intermedia Synchronization.
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It was made apparent from the example shown in Figure 5.2.2 and Equation (5.2.1.1)
that in order the minimum waiting time for both media to be evaluated at the receiver,
the difference of the expected time delays between the two media is needed. This
implies that the receiver should be able to identify those pairs of packets —one packet
from each medium— that they were generated at the same time at the sender. The
easiest scheme is to have the sender attach the same sequence number to those pair of
packets. An implementation of this scheme is shown in Figure 5.2.3. The time axis at
the sender is divided into equal time intervals of time duration T%°. Every time interval
is mapped into a py-bit sequence number and the numbering of the intervals follows
the rule current = (previous + 1) mod 2P¥. The sequence numbering of the time
intervals is independent from the number of packets actually generated. In case a packet
(can be a voice or a video packet) is generated, the sender attaches the p,-bit sequence
number of the current interval. There is one more bit (FLAG) that the sender attaches
to the video packets. This FLAG bit is used by the sender to tell the receiver whether
or not there is a voice packet generated at the same time with the video packet. More
about the FLAG bit will be said later in this section. In order for the sequence number
to be constructed with the minimum number of bits, the minimum time interval ¥ that
the sequence numbering scheme should span should be found.

The requirements that the sequence numbering scheme for Intermedia Synchroniza-

tion should fulfill are:

1. For each individual media stream, the receiver should be able to recognize the
sequence number of a packet in any situation.

2. Assuming that packets, one from each media, that were generated at the same time at
the sender carry the same p,,-bit sequence number, the sequence numbering scheme

should correctly identify the packets that were generated at the same time at the
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sender.

The time interval ¥ that fulfills the above requirements is given by the following theorem.

Theorem 1. (Reference times have been established for both media). The time in-
terval U that the sequence numbering scheme should span for intermedia synchronization

needs not to be greater than the following expression

¥ = max {-”-l D¥ = D%, (Amas), - (Am,-,,)g} (5.2.1.3)

where (Amaz)g = max { (A,::az)g , (A,:;I)g} and (Amin )g = min { (Af‘:in)g ’ (A,:;n)g

ID”" — D""lg represents the maximum difference in absolute value between the expected
time delay of the video packets and the expected time delay of the voice packets one can
observe in the network. It follows naturally that the number of bits needed to cover a time
interval of duration V¥ is py = [logg Tg’;;]

Proff: The proof of Equation 5.2.1.3 is given in appendix B. O

In order for the receiver to identify a pair of packets that were generated at the same
time at the sender, the pair exhibiting the minimum absolute difference of their reference
times was chosen (see Equation (B.3) ). However, in case no voice packet was generated
at the same time with the video packet that we try to match in Equation (B.3), then
applying Equation (B.3) will lead to a false result. For this reason, a 1-bit flag is added
to the p,-bit sequence number of the video packet to denote whether there is a voice

packet generated at the same time with the video packet or not.
5.2.2 Minimum Waiting Time For Intermedia Synchronization

Using the methodology developed for point-to-point communication for a single
medium and the numbering scheme elaborated in this section, the receiver is able to
Tecognize, in the presence of noncontinuous periodic traffic, the following: 1) The

reference times for each media, 2) The difference in expected time delays for the two
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media , and 3) The bounds of the network jitter for each media. Then the general
expression of the minimum waiting time suitable to Intermedia synchronization for the
voice packets 1s

~ vo

Woo = max {Rpie , (D% = D*) + B} +entes (5.2.2.4)

and for the video packets is

~ ul

W, = max {Amu , D* — D" ¢ .&,:;z} +ert+ef (5.2.2.5)

where eg is a bound in the error in estimating the reference times, and €y is a bound in
the error arising from the frequency offset, i.e. max{nx , N+k—nx}x|T* - TR| <
¢f = max{nx , N +k—nx} x107*TR, where v is a small number (from 3 to 6). For

an explanation of the error bounds, the reader is referred to [53, 54].

Playback Time for Intermedia Synchronization In the synchronization block related
to point-to-point communication (see [53, 54]), we have shown how the receiver can
estimate the reference times of the arrived packets in the presence of noncontinuous
periodic traffic. Further, a mechanism was presented that allows the receiver to make
the proper mapping between the p,-bit sequence number of the arrived packets and
their corresponding reference times. Assuming that the reference times of the packets
of both media are known to the receiver by appropriate actions of the Point-to-Point
Synchronization block, the playback times for the voice and video packets are given as
follows

”~ U0

playbackeine' (n) = tref,n + Weo (5.2.2.1.6)

and

~vt

playbackine'(n) = tefn t Wi (5.2.2.1.7
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5.3 Switching Mechanism for the Waiting Times
of the Voice Packets

Since the length of a video packet is much larger than the length of a voice packet,
processing and queuing delays will most probably make the expected time delay and the
bound of the network jitter for the video packets larger than the respective delays for the
voice packets ( D¥' > D*° , 5,:“ > .5,':;3). The reader is referred to our experimental
work in [2] and in the works by Field et. al. [3] and Papadopoulos et. al. [59], where
the expected time delays and the maximum bound of the network jitter are varying with

the packet size. Therefore, the waiting time for the voice packets will be
WL = (D" —-D")+ A, +ertes, (5.3.8)

rather than

vo

W2 =Apoe +er+es . (5.3.9)

where most probably W, > W2 . Because the difference in the waiting times W}, — W2 . -
can be substantially large, quality of service will be improved proportionally if the first
expression for the waiting time could be avoided whenever possible. In an application
such as a multimedia conference held among two or more participants, not all of the
connections will be active. This will be true for the voice connections because not more
than one person at a time can speak. This is taken care automatically by the nature of
the voice communication, because whenever a participant wants to speak and finds that
someone else started already speaking, the conflict is resolved as in a typical face-to-face
conversation.

The situation for the video connections is slightly different but this can be used to
our advantage to improve the QoS of the voice transmission. For the transmission of the

video packets, the user must generate a signal (probably by pressing a push-button in a
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menu) indicating that he does not want to receive or send video data from / to a particular
destination. This signal can be sent to all of the participants in the conference to make
known that only voice data will now be transmitted. Therefore the minimum waiting
time for the voice packets can be adjusted by the receiver as if the connection were
single-medium (which is for the time being). We would like also to note that a situation
may exist where a signal will be required to permit transmission of voice data. However,
the important point is that a signal will be needed at all times for the transmission (or

cease transmission ) of the video data.

When a signal is received notifying the receiver that video data has ceased to be
transmitted in a particular connection, the receiver will use the waiting time W2, =

~ vo

Apez + €r + €5 from this point on for the voice packets. In order to avoid degradation
of the voice quality, this adjustment should be made when the voice is during a silent
interval. Here a theorem that permits the receiver to recognize whether a packet is the
first packet of a talkspurt interval, and thus a silent interval has just ended, is presented.

5.3.1 Necessary and Sufficient Conditions for a Packet to Be
the First Packet of a Talkspurt Interval.

Theorem 2. Let us call the arrival time of the last packet received t,,, and the packet
Jjust previously arrived as ty,. Also, trefn > trefm. Then, the last packet received will
be the first packet of a talkspurt interval if one of the following two conditions is true:
1) The difference of the arrival time of this packet with the arrival time of the packet
just previously received is greater than the maximum variation of the jitter expected in
this connection plus time interval equal to the generation period of the voice packets
T*°, and 2) In case the difference of the packet arrival times is less than the maximum
variation of the network jitter plus T°, the last packet received can still be the first packet

of a talkspurt interval if the py-bit sequence number it carries does not follow the rule
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(current)pw = [(previous)pu, + 1] mod 2P« for consecutively generated packets at the

sender. The two conditions are shown below

(tn 4> TY 4 87‘7’1‘;1 _ 8’:;" + e) or ((tn)w#[(tm)?w + 1] mod 2Pw)

(5.3.1.10)

Proof: The proof of the first part of the theorem is obvious since the biggest difference
between two consecutively generated packets is ¢, — ty—1 = trefn + A,: - trefn—1—
A =TY+A, =A™ T*+ A, — A, The proof of the second condition

is also obvious since for consecutively generated packets their p,~bit sequence numbers

should satisfy the condition (current), = |(previous), + 1] mod 2P¢ []

5.3.2 Necessary and Sufficient Conditions for The Playback
Times of Two Packets Not To Overlap

In order to avoid degradation in the voice quality, the adjustment of the waiting times
should be done at this packet which is the first to be generated after a silent interval.
However, one more condition should be met. The playback time of the first packet of
a talkspurt interval which is intended to be played according to the new waiting time
W2, should be later or at least equal to the end of the playback time of the previously

received packet, i.e.
(playbacktime|wgo)n > (Pla}’bathime|W3°)m + TV (5.3.2.11)

where (playbackeimelws,), indicates the beginning of the playback time of the n'h
packet according to the waiting time derived by the expression W,. Since the playback

time of a voice packet is Wy, (W3, or W2,) seconds into the future after the reference
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time of the packet, the condition in Equation (5.3.2.11) can be rewritten as follows

~vo

Trapmn P W 2 oy + Wh T = (n=m)T* > W, - W2+ T

Wl — W2
I LA
(5.3.2.12)

5.3.3 The Switching Mechanism

When the condition displayed on the second line of Equation (5.3.2.12) and the
conditions of Equation (5.3.1.10) are satisfied, they will permit us to lower the waiting
time for the voice packets without degradation of the voice quality. An implementation
of the switching mechanism of the minimum waiting time for the voice packets is shown

in Figure 5.34.

Deactivate the
video signal.

Has a signal been received
notifying the receiver that

Has a voice !
packet been vndio packsts have st;)pped
ived ? eing transmitted 7
received ? Jl ves /No g
Is the current packet recsived
. the first packet of a talkspurt
Activate | interval and its distance from
" the previously arrived packet
Yes tetn is large enough so that we ca
: »' adjust the waiting time now ?J
y
Compute the reference '
time of the packet. No/ Yes
y 4
1 =
et @ = max{Who, Wso D @‘:ﬁﬂ

Playback the packst

Figure 5.3.4 Switching scheme of the waiting time for the voice packets.

A similar switching scheme between the two waiting times can be implemented
in case the receiver is been notified that a particular connection currently transmitting

voice packets only, it will start transmitting video packets too. Since the switching of
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the waiting times in this direction can only lead to an increase in the time delay, only
the conditions in Equation (5.3.1.10), i.e. that the packet received is the first packet
of a talkspurt interval, are needed. In Figure 5.3.5, a block diagram of the switching
mechanism is presented. The receiver is in one of two states: in state one, only voice
packets are transmitted, and in state two both voice and video packets are transmitted.
Thus, when the receiver is in state one and a signal is received that video packets will
be transmitted too, the receiver goes to state two and the minimum waiting time for the
voice packets is the minimum waiting time derived for Intermedia Synchronization (see
Equation (5.2.2.4)). If , while the receiver is in state two, the receiver is notified that
video packets will stop being transmitted, the receiver goes back to state one and the
minimum waiting time for the voice packets is identical to Point-to-Point Single-Medium
Communication (see [53, 54]). The minimum waiting time for the video packets is
simply given by Equation (5.2.2.5) and no switching mechanism is implemented for the
following two reasons: 1) Most of the time, the maximum time delay will occur for the

video packets and not for the voice packets, and 2) No echo problem exists for video data.
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Figure 5.3.5 Receiver’s actions in determining the playback times for a) the voice packets, and b) the video packets.

5.4 Summary of the Intermedia Synchronization Algorithm

The Intermedia Synchronization Algorithm proposed in this Chapter constitutes the
second block of a three-block algorithm-protocol proposed for Multimedia Synchroniza-
tion. The other two blocks being the Point-to-Point Single Medium Communication and
Interparticipant Synchronization. In this Chapter we assume that the reader has knowl-
edge of our previous work , especially the one appearing in [53, 54] and in Chapter 3
about the synchronizaﬁon block related to Point-to-Point Single Medium Communication.

The steps of the Intermedia Synchronization block at the receiver are as follows:

1. The reference times and the bounds of the network jitter are determined by the first
synchronization block, the block related to Point-to-Point Single Medium Communi-
cation. In addition, since the time interval ¥ the sequence numbering scheme spans is

U = max {2|D"" - D”°|g s (Bmaz), — (Amm)g}, the Point-to-Point Synchroniza-
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tion block is proven that can identify the sequence numbers of the arriving packets
for both media (voice and video).

The time interval ¥ of the sequence numbering scheme is also proven that it is
sufficient to distinguish packets from different media that were generated at the same

vo

times at the sender. In other words, it is shown that in case |t,,; —t,. .| =

min {
meM
~~UVO0

trefn Were generated at the same time at the sender.

vo

true'f,n -t f’m'}, then this pair of packets with reference times

?ui

ref,n and

Once packets that were generated at the same time can be identified, the difference

in the expected time delays between the two media is given by DVt — DY =

~vt ~vo

tref,n - tref,n'

The minimum waiting time for the video packets is then given by W,; =

-~ yus

max {Amaz , D — D" 4 ﬁmu} + er + €5 , and for the voice packets is Wy, =

vo

max {Zimar , (DY — D) + Zx,'j,‘ax} +ertes.
If ﬁ,‘,:w < Dvi-Dv 4 ZS,:;M, and video packets have stopped being transmitted,
then the minimum waiting time for playback for the voice packets should be W, =
,Zm‘;x + €R + €.

~vo

The playback times for the voice packets is playbacksine'®(n) =1, fn T Wyo and

for the video packets is playbackeine' (n) = ?,"; fn T+ Wi

5.5 Concluding Remarks for Chapter 4.

An algorithm for Intermedia Synchronization was proposed in this Chapter. Not

all issues relevant to Intermedia Synchronization are discussed here because many of

them have been addressed in Chapter 4 and in [53, 54]. The proposed Intermedia Syn-

chronization Algorithm constitutes the second block of our Multimedia Synchronization

Algorithm. The first block is the synchronization block related to Point-to-Point Single-
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Medium Synchronization and the third block is related to Interparticipant Synchronization
(see Chapter 6 or [33, 32]). A big advantage of our algorithm is its modularity because
the operation of each block is independent of the operation of the other two blocks.
Thus, the Intermedia Synchronization block uses the results of the first block but it
acts completely independent. As we have shown in this paper, the sequence numbering
scheme needs not to be changed in order to encompass the case of Intermedia Syn-
chronization, if the time interval ¥ the sequence numbering scheme spans 1s given by
¥ = max {2| DY = D], (Amas), - (Amin)g}. It is very important to notice that
the expression for ¥ for Point-to-Point Single-Medium Synchronization, operationally is
not different than that of the Intermedia since 2| D™ — D""]g ~ (Amaz)y = (Drmin),-
Similar comments are valid for the optimal minimum waiting time that packets have to
wait after their corresponding reference times in order to be played back. In this paper we
have introduced a switching mechanism that switches between the two waiting times for
the voice packets without degrading the quality of service. Thus, according to whether
only voice packets or packets from both media (voice and video) are transmitted, the
receiver is switching between the two minimum waiting time expressions derived for the
voice packets. One expression suitable to the case that only voice packets are transmitted
through a particular connection, and the other for the case that voice packets are required
to be synchronized with their corresponding video packets (Intermedia Synchronization).
Since the multimedia synchronization algorithm is based on the arrival times of the pack-
ets and not on their generation times, the addition-deletion of a new participant in the

multimedia conference will have no effect to other participants.
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Chapter 6 Interparticipant Synchronization
in Real-Time Multimedia Conference
Using Feedback

6.1 Overview

In this chapter, synchronization issues arising in a multimedia multi-party conference
are addressed. Specifically we propose an algorithm to determine the set of packets
generated periodically from different participants that are arriving at a node, either for
mixing at the master of a conference, or for simply playing back at a regular participant
of a conference. No global synchronization of the clocks is assumed. In this work the
statistical approach rather than the deterministic is used to determine the proper set of
packets that have to be mixed at a given time. The statistics are derived from the time
stamp which each packet carries along with it. The essence of the proposed algorithm
is to estimate the average packet arrival time (or reference time) for each participant.
With the reference time at hand, the maximum jitter and the optimum waiting time for a
mixer to wait packets from all participants can be determined. Both the accuracy and the
computational complexity of the algorithm are improved by predicting the time/frequency
offsets existing between the clocks at the source and the mixer. By employing feedback,
the proposed algorithm is shown to lead to an optimum waiting/delay time. It is optimum
in the sense that it is the same waiting/delay time that packets would experience in the
case of only two participants, i.e. one sender and one receiver. The error of the proposed
algorithm is enumerated by the Chernoff bound and demonstrated by simulation, and is
shown to be acceptable in practical application. The algorithm can also be employed

when traffic sources operate with different periods.
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The second class of synchronization problem which we called interparticipant syn-
chronization, is related to synchronization of packets arriving from different sources and
is the subject of this chapter. As shown in Figure 6.1.1, receiver R can be any of the
participants or a separate mixer and as noted both the average time delay D' and network
jitter are different from participant to participant. In this Chapter, the existence of diffet-
ent bounds in the arrival time of a packet from different sources is recognized to improve
the synchronization algorithm. When a reference to packets is made we really mean the
messages from the application level. In the paper authored by Rangan er al [12] (their
synchronization algorithm has been proved to be optimum in the case there is no exchange
of any control messages) the deterministic approach 1s followed whereas the statistical
approach is taken in our work. A similar problem, the problem of voice synchronization

between sender and receiver has been studied by many researchers [15, 16, 17].

A\
yd \\D“

T
4 E

Figure 6.1.1 Multi party conference with M+1 participants.

The packets from a multimedia participant are assumed periodically generated. This
assumption is an unrealistic one especially for voice traffic where the phenomenon of
silence-talkspurt intervals exists. The problem of multimedia synchronization in the

presence of silence-talkspurt intervals is dealt in the previous chapters. Along with
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each packet its generation time at the source is included. However, if the period of
the sources is known to the receiver it suffices to send the sequence number of the
packet. Throughout this paper a reference to a time stamp will mean both the actual
time stamp or the sequence number of the packet. Knowing the sequence number of
each packet is fundamental to interparticipant synchronization for the following reasons:
firstly, one can determine easily when a packet has arrived out of order; secondly, once
the proper sequence of the packets is determined, the algorithm needs to be executed
only periodically. To illustrate the latter point, suppose a multimedia conference is held
among five (5) participants. Interparticipant synchronization in this chapter and in the
works of Rangan and Ramanathan in [12, 13, 14] has the meaning of determining the
set of packets from the different participants that will be mixed (at a master of a video
conference) or played back/displayed (at a regular participant) at the same time. It is
clear that only one packet from each participant belongs in the same set. Let us also
assume that at some point in time interparticipant synchronization was achieved at one
of the participants. This implies that the set of the packets (arriving from the other four
participants) has been determined. Further, let us assume that Ithe sequence numbers
of the packets belonging to this set are as follows: 45 for the first participant, 42 for
the second, 45 for the third, and 46 for the fourth. Then, at the next playback interval
T, the new set will be comprised with packets having sequence numbers 46, 43, 46,
and 47. In case there is no frequency offset between the clocks at the sources and the
clock at the receiver, then interparticipant synchronization would have been achieved
for the rest of the time. However, due to existence of frequency offsets between the
clocks, synchronization is shown to be achieved only for a certain interval of time whose

duration is to be determined.

The rest of the chapter is as follows. In section 2, the definitions of the network
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jitter and of the reference times are presented. In section 3 , we present a new
interparticipant synchronization algorithm. We identify the problems in relation to
multimedia conferences and present the part of our algorithm which estimates the average
arrival time of a packet for each source. Then, the interval [Al,;, , Alma] for each source
i and the minimum waiting time for the reception of one packet from each of the sources
is determined. A modification of the algorithm is also presented for the case of sources
transmitting packets with different periods, the periods being integer multiples of the

fundamental period Ty .

In section 4, we present a methodology to predict the timeshifts of the average arrival
time of a packet for each source relative to the clock at the receiver, and find bounds of
the probability of error in our predictions. Next, a more elaborate performance analysis
using the mean square error as a criterion is presented which shows the optimality of our
algorithm. In section 5 we describe how feedback can be employed to lead to an optimum
waiting/delay time. In section 6 performance bounds of the estimation error in calculating
the average arrival time and numerical examples of various parts of the interparticipant
synchronization algorithm are presented. Finally, in section 7, we present our concluding

remarks.

6.2 Definition of the Network Jitter and the Reference Times

The variability of packet arrival time is also known as the network jitter and we
define it as the variation between actual arrival time and average arrival time. As shown
in Figure 6.2.2, D' is the average time delay of packets from a source i to arrive at
the destination and T is the generation period of the packets at the sender. The actual
arrival time of the n’th packet from source i is denoted as ¢}, where n is an integer.

If there is no variation in the delay, the packets would arrive at points ¢ f.n Indicated
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in Figure 6.2.2, and observe that

ti

ref,n

= iicf,l +(n - 1)Ti yn=12..
or (6.2.1)

ti

refm = tief,nz +(ng = na)TY, ny,n2=1,2,...

where T* is the transmission period T of source i measured according to the clock at
the receiver. The nominal value of the transmission period of the packets measured at
the clock at the source i is T. A good reference for internet time synchronization is
the paper by Mills [21]. Unless explicitly written, when we compute the set of points
defined by Equation (6.2.1) we will simply use 7=7%=T" because the observer sitting in
the receiver only knows time according to his own clock. The distinction we are making
in Equation (6.2.1) using T" instead of T will prove versatile when time/frequency offsets
are considered later in this paper. Since packets experience a variation in the delay,
an alternative definition for the reference points ¢!, .o Will be as follows: the reference
times for source i are defined to be the set of points generated by Equation (6.2.1) with
the property

1 N L
m =Y (th —th,g,) = 0. (6.2.2)

Neoo N
n=I1

In other words, the sum of the differences between the actual packet arrival times and the
corresponding reference points approach zero as N approaches infinity. Consequently, the
network jitter A% for the n’th packet received from source i is defined as the difference

between these two points, i.e.

A:.l = t:@ = t:.-ef,n = t:'l - (tief.] + (n - l)T') ’ (623)
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6.3 Interparticipant Synchronization

6.3.1 Issues

A participant in a multimedia conference may receive packets from two or more
participants. Each packet contains time sensitive data such as voice packets and an
algorithm is needed to counteract any time asynchrony. For example, voice can be
distorted for the following reason. In order to listen to all of the participants at the same
time, the voice packets have to be mixed together into one and is then to be played
back. If playback is not sufficiently smooth caused by the presence of network jitter, a
degradation of the voice quality is observed. Degradation of voice quality occurs when
either one packet from a specific source amives late and is not played along with the
rest, or a packet arrives out of sequence (If unreliable transport protocol, for example

UDP, is used).
Below we identify most of the issues related to interparticipant synchronization that
will help us put the problem into the right perspective:

1. The time delay for each packet might be different from one source to another, but

as long as the difference is preserved, quality of service will not be affected.
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2. Even though different participants begin to send their packets with the same
period T, phase offsets of their starting times are inevitable due to the lack of perfect
synchronization among participants.

3. Packets belonging to the same set will not be received at once but most likely in
a time window whose length will be influenced by the phase offsets of the sources, the

frequency of the clocks and the network jitter.

4. If interparticipant synchronization at a time instance is achieved and the exact
frequency of the clocks of all the sources is known to the receiver, synchronization can

be kept for the rest of the time.
6.3.2 Summary of the Interparticipant Synchronization Algorithm

In this chapter, the maximum error allowable in the synchronization of packets from
different sources will be designated ¢;. As it will be shown later, the error will be
composed from two components : one error component due to the finite number of packets
used to estimate the reference times e, and another due to the time offset acquired in

the time interval NT (€). Summary of the synchronization algorithm is provided now.

Main Algorithm The steps below are executed every new N packets received from

each source i. Synchronization is shown to be achieved for the next N received packets.

a. Determine the reference time and maximum and minimum values of the network
jitter (AL .., Al .Y for each source i .

b. Divide time at the receiver in equally spaced intervals of duration T. These intervals
are named the reference intervals, and packets whose reference times fall into the
same reference interval belong to the same set.

¢. Determine the additional time (minimum waiting time) after the end of the current

reference interval that the receiver has to wait in order to receive one packet from
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each source, 1.e. to receive all packets belonging to the current set. The waiting
time for each set is the time measured from the end of its reference interval to its
playback time.

d. Packets belonging to the same set are played back after a waiting time equal to the

one found in step c.

Enhancement to the Algorithm If steps a, b, ¢ and d are repeated 2k times, 2kN
packets are received from each source. This additional information can be utilized to

improve the synchronization algorithm. The steps are:

a) Estimate the frequency offsets between the clock at each source i and the clock

at the receiver.

b) Determine the prediction interval, which is defined as the interval after the time

2kNT that the error in the estimation of the frequency offsets will be less than the error € .

c) Estimate the time that it will take for the reference time of each source i to move
out of its reference interval (time nT). This time has to be shorter than the prediction
interval in order for the error of the estimation to be less than € . This is the time instance
that packets from source i when arrive at the receiver will be played back with a different

set of packets, either one ahead or one behind.

Feedback Feedback can be employed both before or after the start of the prediction
algorithm. Employing feedback reduces the waiting/delay time that each packet experi-

ences to the minimum. The basic steps of the feedback algorithm are:

a) Determine the distance in time that the reference time of each source i is away
from a point M (we chose it to be the middle of T, but any other point will do ) and

send this information back to each source i.
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b) Upon reception of the feedback packet, the source / either pauses time @' or inserts
noisy data of time duration d' in the first packet depending on whether its clock is faster

or slower than the clock at the receiver.

During the conference setup time, we may allow the error to be larger thane. As
will be shown later in section 5, by allowing the larger error, the number of packets N

needed for a certain level of accuracy is decreased geometrically. An alternative scheme

T

will be to transmit with a shorter period T, = - in order to achieve higher accuracy.
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6.3.3 Reference Time Estimation

Since the reference time plays vital role in our synchronization algorithm, we first
focus on finding the best estimate of the reference time. The reference time is defined as
average arrival time of the packets at the receiver from a multimedia source. Reference
times are important because these will be used in determining whether packets from
different sources belong to the same set for mixing or not. They have the characteristic
to be relatively immune to network jitter provided the averaging process is done over
sufficient number of packets. To estimate the reference time for a particular source i ,

'/ (hereafter, estimated values will appear with a™ ), let the arrival time of the [4] th
packet (Because Ncan be either even or odd, we use the notation of the ceiling, i.e. the
smallest integer greater or equal to the argument.)t"f 51 be the reference time for this
source. We will show later in this section that the choice of the [4] th packet arrival
time t"[ 51 in Equation (6.3.3.5) results in cancellation of the time offsets, and therefore,
the proof is valid even for this case. Until the [4] th packet arrives, we simply register
the arrival times ¢}, , 1 < n < [%] — 1, of the previously received packets. When all N

packets have been received, we measure the time differences between the arrival times

of the rest of the packets from this source and the set of points defined by

i N[\ e
tr_,zi-|+(n (2~DT ,1<n<N. (6.3.3.4)

After all the differences are added up, and the entire sum is divided by the total
number of the received packets N, we estimate the time A‘l- x] oW initial guess t‘l— 2] is
2 7

off from the actual reference time, which is given by

Big = -]lvf: (t“-_,_;_-] + (n - [-];-])TR - ti,) . 6.33.5)

n=1
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Detailed proof of Equation (6.3.3.5) and the reason why the packet arrival time tif 51

2

is used and not any other packet arrival time is given in Appendix C.

With Al o available, the estimated reference time for source i is obtained as
2

Bem= oy pay+(n- [%] )T = thyg =B+ (n- [%51 rr- (zr-1)}.

(6.3.3.6)

The maximum and minimum bounds of the network jitter can also be obtained as

Ripgr =max {th =Bpa} , 1SS N (6.3.3.7)
and
Rbin=min {th g}, 1SnSN (633.8)

We cannot assume that the maximum jitter is known a priori for a given protocol
because network jitter is affected by random network traffic and routes taken. Obviously
there exists a trade-off between the accuracy of the algorithm and the number of the

packets taken into consideration. This trade-off will be elaborated later in section 6.
6.3.4 Minimum Waiting Time For Playback

The minimum time window required for the reception of one packet from each source
(i.e. 1 packet from source 1, 1 packet from source 2, ... , and 1 packet from source M )
generating packets with period T in the absence of network jitter is T. This is due to the
phase differences among the sources. In [12], it is stated that the smallest time window
during which all M sources are guaranteed to generate packets is T — 7,;{_—1 However,

in practice due to the frequency dnfts of the clocks, we will see that this minimum
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time window requires constant movement at the receiver which is not desired because
of complexity in implementing the algorithm. Here is the usefulness of the reference
time which is relatively immune to the network jitter and therefore indicates with high
probability of confidence whether a packet received belongs to the set whose reference
time is within a time window or not. Packets with reference times belonging to the same
time window T will be assigned to the same group (in [12] it is called the Fusion set )
when played back at the receiver. In contrast to the reference time, actual packet arrival
time varies due to network jitter. A packet from source i with its reference time at
the end of the time window T and having maximum jitter A’ . , might arrive as late

as T + Al

thar - The minimum waiting time to receive one packet from each source can

be shown to be

Wnin = T + max {'&;naz} e+ |T0ff| y1sisM (6.3.4.9)
i

The fourth term

T ‘:ffl is due to the maximum time offset (In any real network
there are mechanisms that re-adjust the time offsets of each clock to the timehost of the
network e.g. the unix rdate command. This possibility should be considered for any
actual implementation of our algorithm, but for the sake of clarity we do not consider
the implications of this problem in this work.) we expect from the different clocks at a
particular situation. The total error, given as a design specification as noted before, will
be distributed in two components: the time offset |75 and the estimation error €. The
proportionality between these two components will be determined by the designer of the

algorithm to properly suit his environment, The time offset is defined as

Titflemar = (1= FR)nT (6.3.4.10)
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where f and ff are the frequency of the clocks at source i and at the receiver. The
error due to unknown (yet) time offset will be removed from Equation (6.3.4.9) when

the prediction algorithm described in section 4 is applied.

As it is shown in Figure 6.3.3, the minimum waiting time consists of two intervals.
Interval AB (=T) and interval BC. Interval AB is due to the phase offset and is the
interval which often will be referred to as the reference interval, and interval BC is
function of both the network variation in the delay and the frequency differences of the
clocks between sender and receiver. Note that interval BC overlaps with the next interval
BD. A packet whose reference time is in interval AB and arrives at interval BC will be
played back at time C. However, a packet whose reference time is in the interval BD

and arrives at interval BC will be played back at time E.

Whnin

Whin :‘ —
é t2 0T
' . : 1 ,
12 4(n-1)T LT . totnT .
A L4 T \ E I : J 5 ]
Be T —_—
c T E
Start playing set
of packets n-2 . Start playing set Start playing set
of packets n-1. of packets n .

Figure 6.3.3 Minimum Waiting Time.
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6.3.5 Minimum Waiting Time for Sources With Different Periods

Here we modify the minimum waiting time that will permit the use of sources
transmitting packets with different periods. The periods are assumed to be integer
multiples of the shortest packet generation period T;. The subset of sources transmitting
packets with period Ty will be referred to as the fundamental subset f. The minimum

waiting time for all sources will be

Whin = Tf + max {E:Lnar} +et |T0ff| 1515 M (6.35.11)
1

aTt b ‘¢ o
ib Tiid e
‘—ﬁ——"—.l
:= ! Whin >< oTf >
Wamin ‘.I

Figure 6.3.4 Minimum waiting time for sources with multiple packet generation periods.

The validity of Equation (6.3.5.11) is deduced from the following syllogism. It
is clear that in the absence of other sources with multiple packet generation periods,
Equation (6.3.5.11) holds at least for subset f . The reference time of a source with
larger packet generation period, let’s say n7y, has to fall within one interval 7 of subset

f. The next packet is not expected to arrive until a time interval nTy has elapsed.
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Consider for each reference interval T all the sources that their reference times fall into.
With the exception of the range i, which will have to be a member only from the sources
with reference times within this interval, the minimum waiting time will be as defined in
Equation (6.3.5.11). By repeating the above until all the sources have been exhausted, a
different source i can be found for different reference intervals. Different i will cause
a problem when the reference time of a source falls into another reference interval and

this is the reason for considering i to be any source in Equation (6.3.5.11).

The first line in Figure 6.3.4 shows sources with period Ty, while in the two lines
below that, there are sources with periods 2 Ty. So sources with period 2 Ty and reference
times falling within time interval [a,b] are played back at time ¢ (= C). If their reference

times fall within time interval [b,d], they are played back at time e(= E).

6.4 Prediction of Resynchronization Interval

This section constitutes an enhancement to the Interparticipant Synchronization Al-
gorithm described in section 3. The algorithm described so far can work by itself
synchronizing packets from different sources every NT seconds. The only drawback of
the algorithm described in section 3 is that we do not have exact knowledge of the fre-
quency drifts of the clocks yet and therefore the worst case scenario has to be assumed
in the determination of the time offsets in Equation (6.3.4.9).

As time progresses, more and more packets arrive, improving the accuracy of the
algorithm and making it possible to use the methodology described in this section for
estimating the frequency differences between the clocks at the sources and the clock at
the receiver. Knowing the frequencies, how the reference times move as function of time
can be determined. This in effect means knowledge of the time instance that a particular

reference time will move out of its reference interval and therefore fall into another group
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or Fusion Set. Since this is the function of the interparticipant synchronization algorithm,
the algorithm itself becomes redundant once the frequencies of the clocks are known. The
reader is referred to section 3.1, statement 4, where it is noted that once synchronization
is obtained at some time instance and accurate knowledge of the frequencies of every
clock can be known to the receiver, synchronization can be kept for the rest of the time.

After N packets from a source have been received the reference time for this source
is estimated. If the process of estimating the reference time is repeated 2 k times, the
average value of #,, is evaluated for two intervals, one from 0 to the k’th run and another
from the k+1’th to the 2k’th run. As a result, the error of the estimated reference time to
the true reference time for these two intervals will be reduced by vk . A justification
for this is given in Appendix D.

Since what we do is an averaging process over kN packets, the obtained value of
the reference time is true for the two time instances kNT/2 and 3kNT/2. These are the
middle points of the two intervals [O,kNT] and [kNT+T,2kNT] respectively. The reason
is that only in these two time instances the accumulated contribution of the time offsets
in estimating the reference time is zero. More about the validity of the above statement
i1s given in Appendix E.

—

Hence, the actual reference time will equal the measured reference time ¢, , +

an error less than 7‘? 1.e. < 7‘;, where n is either kN/2 or 3kN/2.

t:'ef,n - t:'ef,n
Therefore, the maximum error we are making in estimating the time offset during the

time interval [kNT/2 , 3kNT/2] is

; ~ 2¢
T leenT) — AT‘l < 2L 6.4.12
l( offli=kNT) 7 (6.4.12)
where AT = ?:efﬂ.. - Eie v is the estimated time offset and T;fflt,_.k NT =

2 ' 2

& fokn = th g = (ff — fRYENT is the actual time offset. The estimated frequency
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offsets ZSF ! of each source i can now be determined as

TJfflt:kNT ~ g BT'
Al o AP = (6.4.13)

L

Our objective is to find the future time instance ANT that the error will reach the
design specification error ¢ . Imagine a straight line drawn from the time instance
kNT/2 to the time instance 3kINT/2. At these two instances, the maximum erTor we are
making in estimating the reference time f;e ,n 18 less than :tﬁ. Therefore, the maximum
tangent this line can have compared to the line that introduces no error is (%) [ENT
as illustrated in Figure 6.4.5. Observe that the real meaning of the slope is the maximum

error we are making in estimating the frequency offset, i.e.

,(fi _ fR> _ EFiI _ ‘(chfflt?:-JNV? - ETi, < kQX_;_ET | 61t

An important note here. The slope derived from Figure 5 is independent to the individual
frequency offsets of the clocks f— ff. A frequency offset for a specific source i might be
10 times larger than the frequency offset for source j but the absolute error in determining

the frequency offsets will be the same for both sources.

ST L i
| e : : ANTl )
KNT/2 kNm%\.

(——————

prediction intervalf2kNT, ANT].

Figure 6.4.5 Schematic Diagram of the Prediction Algorithm.

To compute A we first note that at time 3kNT/2 we might start with as high an error

in our estimation as ijz and second, we start predicting only after kN/2 packets have
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been received. Therefore, the following equation holds

2¢
€ A 3kNT
_—_ NT — < 4,
\/E+(k]\*'T)(A I-~—5~)<e (6.4.15)

For meaningful value of k, such that A > 2k, solving (6.4.15) we get A = YER2f.

In Figure 6.4.6 we present a simple example in order to clarify the involved im-
plementation of the prediction algorithm presented in this section. We assume that the
receiver accepts packets from 3 sources. Suppose that at times (1/2)kNT and (3/2)kNT
the reference times of each source are as shown in Figure 6.4.6. Specifically, let at time
(3/2)kNT the distances of each reference time to the boundary between reference interval
n and reference interval n+1 be: §;T for source 1, (1- ;)T for source 2, and 83T for
source 3. The time offsets AT ’s, which represent the amount of time the reference time
of each source i has moved during the time interval [(1/2)kNT, (3/2)kNT], are indicated
as AT" in the figure. Using equation (6.4.13), the estimated frequency offsets AF?’s are
determined. Some of the clocks at the sources ( sources 1 and 3 in the example ) will
run faster than the receiver clock, whereas the rest of them ( source 2 ) will run slower.
The time interval 7;T taken from time 2kNT as shown in Figure 6.4.5, where at the end
of it the reference time from source i will move out of the current reference interval, can
now be determined as the solution of the following equation

ENT ) = n; b kN

6T = !BF‘I(—O—M,-T = Ir——, 0< 7 < (A—2k)N . (64.16)
v AF:
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Figure 6.4.6 Example in calculating the future times when reference times move out of their reference interval T.

Finally, we see that the minimum waiting time for playback after the execution of
the prediction algorithm will not have the term T 7 s already noted in section 2.3 and

Equation (6.3.4.9) becomes
Winin = T + max {Rb .} +¢, 1Si< M. (6.4.17)
1

By employing feedback the term T caused by the phase offsets can be reduced leading
to minimum waiting time for playback. The issue of feedback will be discussed in the

next section.
6.4.1 Performance Analysis of the Frequency Offset Estimation Method

In this subsection we carry out a performance analysis of the Frequency Offset
estimation methodology we have used as described in Figure 6.4.5 and Equations (6.4.12)
through (6.4.14). Specifically, after the mean square error is determined in Appendix F,
we show that our method produces nearly optimum results. It is nearly optimum in the
sense that the mean square error is only about 25% higher than the minimum mean square

error determined by the Cramer-Rao bound.
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The expression for the mean square error for the case of only N packets received

was shown 1n Appendix F to be

A 160'2
E(e) = NaA

(6.4.1.18)

In the paper by J. Wolf and J, Schwartz[60] using the Cramer-Rao bound (see also [61]),
they show that the best estimation of the frequency offset one can have will yield a
minimum mean square error of

) _ 1'20';"3
best — N(N + 1)(1\7 +2) ’

E(é (6.4.1.19)
The validity of Equation (6.4.1.18) is also demonstrated with simulations as shown in
Figure 6.4.7. In Figure 6.4.7 we have plotted both the theoretical results from Equation
(6.4.1.18) and simulations for two cases: a) for the case that the p.df. of the Af, ’s is
Normal with zero mean and variance one, and b) for the case that the p.df. of the Al ’s
is uniform with zero mean and variance one. In addition, a plot of the optimum mean
square error is included for comparison purposes. Our method provides a computationally
cost effective (actually, 2k+2 additions and 3 divisions) means to approach very close
to optimum results. To attempt to get any closer to the optimum solution would require
much additional calculations (telated to evaluation of the pseudo-inverse matrix) and

would be impractical.
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Figure 6.4.7 The mean square error of the frequency estimation method.

6.5 Feedback

It is obvious that the minimum waiting time obtained with Equation (6.4.17) is not
the optimum. A source i with reference time at the beginning of the interval T will be
delayed an additional time T in order for the packets from source i to be played back.
Since T can be one or two times the maximum jitter experienced in the network, quality
of service will be degraded due to excessive delay. While the second and the third terms
in Equation (6.4.17) which have to do with the maximum jitter and the error cannot be
minimized further, the first term T can be minimized if feedback is employed. As a
reminder, T has to do with the phase offsets existing among the different participants of
a conference. We will distinguish two cases depending on whether an estimation of the
frequency offset is available. One from time NT until the time 2kNT, and the other from

time 2kNT to the end of the conference.
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Since the estimation of the reference times is done every NT seconds, a feedback
packet from the receiver to source i need to be sent every NT seconds. There will be a
delay from the moment the feedback packet is sent to the moment it arrives at the source
and takes effect. The packets that arive at the receiver during this delay cannot be used

towards the estimation of the next reference time.

6.5.1 Feedback in the Time Interval [NT,2kNT].

During this period of time [NT,2kNT], we do not have an estimation of the frequency
offsets and it is impossible to predict the exact time offsets acquired during the time
interval NT between the clock at the receiver and the clock at the sender. Nevertheless, as
we have done in Equation (6.3.4.9), we assume that in a time interval NT the maximum
possible time offset two clocks in the network can experience is |(T,frli=nT)|. To
compare the reference times of the different sources, we arbitrarily choose to measure
their time distances from the midpoint M of their current reference interval. Thus, when
the reference times are estimated, their distances d' to point M will be computed as well.
A distance will be called positive when the reference time of the source is at the left to
the point M, and negative when it is at the right. If the feedback packet carries the value
d' to each source i, and the source i readjusts itself properly, the reference time for source
i for the next NT seconds will be very close to point M, and actually will be within the
interval [M — | (T,s5li=nT)|, M + | (Tossle=nT)|]- Source i will either pause time d' if
d' is positive, or precede the following data of time duration (T — 4') with noisy data

of duration &, if @' is negative. The minimum waiting time will now be

Winin = 2| (Togsli=nT)| + max (AL} e, 1<is M. (6.5.1.20)
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The factor 2 in front of the time offset term is necessary because we do not know

the direction of the maximum frequency offset that may exist in the network.
6.5.2 Feedback from Time 2kNT to the End of the Conference.

From the moment the prediction algorithm is in effect, accurate estimates of the
frequency offsets between the clocks at the sources and the clock at the receiver are
obtained. Let’s assume that the size of the maximum frequency offset occurs for source
j . In NT seconds, this will lead to a maximum time offset Tgffh: NT. Let & be the
distance of the reference time for source j to the midpoint M of the reference interval.
The feedback packet brings this information to source j and source j readjusts itself so
that its new reference time is at point M. After time NT the reference time for source j
will move to a new point, point Z. We have |M — Z| = l(TOJ fflt= NT) . Point Z will be
to the left of point M if the time offset is negative, i.e. the clock at the source j is slower
than the clock at the receiver, and to the right of point M if it is positive, i.e. the clock
at the source j is faster than the clock at the receiver. Without loss of generality, let us
assume that the clock for source j is faster than that of the receiver and consequently
point Z will be at the right of point M as shown in Figure 6.5.8. Then we compute the
distances for the rest of the sources the following : a) for the sources with positive time
offsets ( source 1 in the figure), the distances will be computed from their reference times
to point M. b) for the sources with negative time offsets ( source 2 in the figure), the
distances will be computed from their reference times to point Z. The distances defined
in this way will be sent back with the feedback packets to the corresponding source, i.e.
distance d’ to source i. When the sources receive the feedback packets, they will readjust
the reference times to coincide with either point M or point Z. Since we have used the
maximum possible clock offset of any of the sources, the reference times are guaranteed

to be within the interval [M,Z] during the next time interval N7. The minimum waiting
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time will now be

Winin = I(Tg”h:w)[ + max {&m} te,1<i< M. (6.5.2.21)
T
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Figure 6.5.8 Determination of the distances ¢ the reference time of each

source { has to be readjusted after the reception of a feedback packet.

A few words about Equation (6.5.2.21) are in order. The minimum waiting time
defined by Equation (6.5.2.21) givés almost the same minimum waiting time with a case
of a multimedia conference with two participants, i.e. a sender and a receiver. The
minimum waiting time is the same with the point-to-point conference in the specific case
that the sender exhibits the maximum frequency offset and the maximum jitter. The same
comments are also applied for the minimum delay time. The reason is that our algorithm
does discriminate packets arriving from sources with different average time delay, and
packets from the same source suffer only the average time delay calculated for their own

source. The maximum delay for the case of only two participants will be
D = D' + |(Tispli=nt)| + Algs + € (6.52.22)
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where D' is the average delay packets generated from sender i experience to reach the
receiver. In the presence of other sources, the maximum delay packets from source i

experience, 1s

Dip = D' + Winin = D' +| (73 li=nr) ] +max {Rig}+e, 1S <M. (65223)

We see that the overhead to handle the case of M participants in comparison to the
point-to-point conference is negligible, and therefore our algorithm is shown to provide

a solution very close to the optimum in determining the minimum waiting/delay time.

6.6 Performance Bounds in Reference Time Estimation.

6.6.1 Estimation Error in the Reference Time

The error in estimating the reference time will come from the finite number of
packets N received at the receiver. As it is shown in [2, 7, 3, 59] , the probability density
function of packet arrivals is approximately normal or Rayleigh (The probability density
function of packet arrivals are shown to be approximately normal when the message
size is relatively small, while it tends to be Rayleigh when the message size is large (

~24Kbytes )[2]) and Alpin € Alpare

Prob. Prob. i 1
2Amax
¥
~Amin TO Amax -Amax 0 A
Average value of the true probability ™
density function

(a) (b)

Figure 6.6.9 (a) Example of a real probability density function. (b). The

worst case scenario. Uniform density in the interval [-Apm,Amal.
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We will derive an upper bound in the probability of error of our estimation. In
Figure 6.6.9 (a), a bell shaped probability density function is depicted to model the
distribution of real packet arrival times. Consequently, using this model is evident that
a probability density function of realistic packet arrival times has smaller variance than
a uniform density function in the interval [-Apmax , Amax]. Its average value is the same
average value estimated for the actual density and its variance is 02 = éfgﬂ . A loose
upper bound for the probability of error is obtained by Chebychev ’s inequality which is
solely based on the variance of the probability density function. For this reason, density
functions with larger variances lead to larger bounds (Upper bound in the probability
of error, not in the probability of error itself. Furthermore, this upper bound 1s derived
using the Chebyshev inequality and not the Chernoff bound. But as we will see in Figure
6.6.16 (b), the uniform case leads to a larger upper bound for at least one case of the
Rayleigh function, the exponential and the normal) in the probability of error. Therefore,
the assumption of a uniform density function of the packet arrivals as shown in Figure
6.6.9 (b) will lead to an upper bound in the estimation error of the reference time than

in the case of a realistic probability density function of packet arrivals.

As an example, let us assume that real packet arrivals follow a normal density
function. The same procedure can be followed for an example where the packet arrivals
follow the Rayleigh probability density function as well as any other bell-shaped density
function. Using the Chemoff bound, if N packets are received and assuming statistical

independence in the arrival time of the packets, the probability that the average value
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lies outside a confidence interval K:f': will be (see [62] )
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where Ao is given as the solution (With the help of tables of integrals given in pages

307, 338 [63]. ) of the following equation

[3
N A'rnaz
E [A;'le,\oA',,] . X —0'?3 , Normal
E[ew8h]  Abg, 0T tanh (ApA¥ ) ,
- z - , Uniform
Alnar — Ao tanh (AoAfz)
(6.6.1.25)

and Fny,FEy are the expectation operators under the Normal and Uniform density

functions respectively. P( A ) signifies the probability that the estimated reference

time differs from the actual reference time more than A:fm‘ Equation (6.6.1.25) for
uniform probability density function is to be solved numerically, and for the following
values of interest 0.05, 0.1 and 0.2 of error 'E"E: , the solutions of Ay are 0.15 , 0.3 and

0.6 respectively. Apmq, is taken as 1 in all cases.

For comparison purposes between the normal, the uniform and the Rayleigh density
functions, we chose the same A} . = 1. The variance is chosen 02A = 0.2 such that both
the sum of the prébabilities outside A} . = 1 in the normal function is negligible and the
variance has the same value as that for the Rayleigh density function with its probability

of error plotted in Figure 6.6.10 (b). Then, ¢ will be a fraction of Al,,, = 1. Therefore,
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Equation (6.6.1.25) for normal probability density function and for the following values
of interest 0.05, 0.1 and 0.15 of error = = ¢ , the solutions of Ay are 0.25, 0.5 and

mar

0.75 respectively.

6.6.2 Numerical Examples

The proposed interparticipant synchronization algorithm introduced in this paper
needs to be executed every NT seconds. So far, we have not provided the reader with a
specific value of N because N will change according to the application and the network
environment. However, using the theory developed in the previous section, we provide
explicitly the trade-offs among the three parameters: Probability of error, Confidence
interval 2\—‘:,:’ and the number of packets N. Depending on the application (how accurate
we really need to be ), and on the network environment (how large the frequency drifts

of the clocks and the network jitter are ), the designer can choose the value of N suited

for his application.

A realistic example will be the following. Assume workstations with voice and
video capabilities. Since the speed of the video boards is 30 frames per second, the
transmission period of the voice packets 1s also assumed to be 30 packets per second
or 1 packet per 33ms (=T). In our lab, the pair of workstations where the video-boards
are attached have a difference in clock rates which cause a timeshift of about 1 second
per half an hour or AF' = (30 x 60sec)™. The maximum value of jitter which we
observed for the case of UDP is about 10ms (=Ama). If the tolerance desired is
less than 3ms and the error is distributed 1 ms for the time offset and 2 ms for the
estimation error, then by allowing 1 ms of timeshift in the interval N7, NT must equal
NT = &L _ __Ims _ _ jggec. This means that N is 54 (1.8x30). With N =

AFi (30x60sec)™

54, as it will be shown later in this section, the estimation error is much less than 2 ms
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(or 0.2A 4z = 0.2 x 10ms) for probability of error P(Afm) = 0.05 .

1.6

10

50 100 150 200
No packets N

(b)

Figure 6.6.10 (a) Numerical evaluation of Ao for different range of € (= = ) ®)
Numerical evaluation of the probability of error P(¢) derived from the Chemnoff bound using the

)\o's from (a) for the Uniform and the Rayleigh density. The /\o's for the Normal density

were derived theoretically before and are 0.5 and 0.75 for €= 0.1 and 0.15 respectively.

The values of Ay are also derived numerically for the Rayleigh density with parameter
b = 0.1 and for the uniform density. These are plotted versus the error € (: K::;) in
Figure 6.6.10 (a). In Figure 6.6.10 (b) we have plotted the theoretical upper bounds of
the probability of error P(e) derived from the Chernoff bound for the uniform, normal
and Rayleigh density functions. As it is shown in Figure 6.6.10 (b), with ¢=0.1, P(¢) =

0.05 can be achieved with N=120 when using the Rayleigh or the normal, and with N =
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200 when using the uniform. However, we notice a dramatic decrease in the probability
of error when the confidence interval is allowed to be €=0.15. P(¢) = 0.05 can now be
achieved with only 25 packets using the Rayleigh density function. This is very important
result especially for the connection or setup time for a conference. During this period, the
received packets are considered to be used only for conference management purposes,

such as synchronization, bandwidth allocation, etc.
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Figure 6.6.11 Simulation results for three density functions: uniform, exponential and Rayleigh

with parameter b=0.1. Confidence interval —*— is ploited vs the number of packets N.

A:'nu:

1‘ For the exponential density, (wbjexp{+¢/2p)  Forthe Rayleigh density
Amax is 4 times the average v b=0.1 we chose parameter b= 0.1
e X The energy outside Amax such that Amax = 1.0.

is exp(-5) .

0
[V

' 1.0=Amax
1 5, 4= Amax ' T_b 135

Figure 6.6.12 Simulation models for exponential and Rayleigh density functions used in Figure 6.6.11.
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Notice here that Equation (6.6.1.24) only shows the upper bounds. In order to get a
better estimate on the relation between the error ¢ and N for constant probability of error,
we resort to simulations. In Figure 6.6.11 we present simulations for three different
density functions: uniform, exponential and Rayleigh. The simulation models for the
probability density functions of exponential and Rayleigh functions are shown in Figure
6.6.12. For constant probability of error P(¢) = 0.05, the confidence interval e (which is
presented here as fraction of A4 ) is plotted versus the number of packets N received. It
is clearly seen from the figure that the uniform case is the worst from the other two cases.
Nevertheless, the results we get from simulations are much better than the ones using the
Chernoff bound. Specifically for the Rayleigh case, confidence interval € = 0.1A 4, can
now be achieved with only 15 packets and not 120 as when using the Chernoff bound for
the same probability of error 0.05. If the transmission period of voice packets is 33ms

(or 30 packets per second), then a workable synchronization can be achieved within 0.5s.

6.7 Concluding Remarks for Chapter 5.

In this chapter we attacked the problem of synchronization among different computers
participating in a multimedia conference. More specifically we were concerned with the

synchronization of the packets/messages at the application level.

The core of the proposed Interparticipant Synchronization Algqrithm is the concept
and the estimation of the reference times. Once the reference times are estimated, the
maximum jitter and the minimum waiting time can be determined, and consequently,
synchronization is achieved for the next N packets. We then have expanded the synchro-
nization algorithm by presenting a methodology of predicting the time/frequency offsets.
Both the accuracy and the computational complexity of the algorithm are improved fur-

ther by the prediction algorithm.
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Time stamping or sequence numbering associated with packets at the application level
allows our algorithm to work even with unreliable transport mechanisms such as UDP.
The synchronization algorithm is also shown to encompass cases where traffic sources
transmit packets with different periods. The degree of accuracy of synchronization
depends on how accurate the estimation of the reference times are. Modeling the
probability density function of packet arrivals with a Rayleigh, Normal and Uniform
density functions, an upper bound in probability of error derived from Chemoff bound
is plotted with respect to the number of received packets N. For instance, by allowing an
error of 0.15 of Apgx, only 25 packets are required for P(e) = 0.05 using the Rayleigh
model. Using simulations, the same performance can be achieved with only 15 packets.
This means that at the connection/setup time, workable synchronization can be achieved in
a very short time, in the neighborhood of one second. This displays the high feasibility
of the proposed algorithm.

By employing feedback, we are led to the optimum waiting time and consequently
to the minimum delay that can be achieved for each source, optimum in the sense that
the minimum waiting time obtained with our algorithm is the same time one would have

obtained if he only had considered only two participants, i.e. one sender and one receiver.
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Chapter 7 Efficient Estimation of the Frequency
Offset in Real-Time Network Applications

7.1 Motivation

The number of computer networks has shown an exponential increase during the
past two decades. While computer networks have been used mainly as a vehicle for
transferring data so far, due to a vast growth in many aspects of computer related
technology transfer of real-time voice and video through computer networks 1s expected
to become a reality soon. However, transfer of real-time of data, among other things,
imposes strict requirements on time delay and synchronization. The last requirement,
due to the packet switching technology employed in computer networks, has led many
researchers in developing algorithms / protocols for Network Timing Synchronization
[20, 21, 22, 23, 24]. Nonetheless, the nature of Network Timing Synchronization leads
to complicated algorithms that make a possible implementation of such an algorithm /
protocol questionable by many researchers on the field. An alternate approach to Network
Timing Synchronization is proposed in this Chapter. Clock (Timing) Synchronization
is not anymore the responsibility of the network itself but that of the participants

communicating in real-time using the computer network.

Network Timing Synchronization provided to a group of hosts only when they are
communicating with each other alleviates many of the burdens existed for a “global” or
“regional” network timing synchronization. Much of the complexity of such an approach
arises from the requirement that good operation is needed also in the presence of a node
failure. This is especially true for a point-to-point communication where a node failure
will directly be translated as the end of the connection. Another requirement adding

to the complexity of a “global” network timing synchronization protocol is that such a
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protocol tries to provide the network with a global or universal clock, in the sense that
the clocks of each host try to show the same time at any time. However, with the concept
of the reference times or expected arrival times that we have introduced in [33, 32] and
expanded in [53, 54], a universal time is no longer necessary for real-time applications.
This is due to the concept of the reference times because now packets from different
participants become synchronized not according to their generation times but according
to their expected arrival times. Thus, only estimation of the frequency offset is needed
and not of the actual time offset existing among the different hosts. Since different
hosts are randomly geographically distributed propagation delays are different in each

connection complicating any synchronization protocol trying to estimate the time offset.

7.2 Overview

In this Chapter, the issue of the estimation of the frequency offset between sender and
receiver in a packet switching network environment in real-time applications is discussed
in detail. The present Chapter provides the receiver with a mechanism to estimate the
generation period of the packets at the sender Ts. knowledge of T both lowers the
frequency of the execution and improves the synchronization of the algorithm presented
in [53, 54]. The frequency offset estimation is based on evaluating the tangent among
two subsets of the arrived packets which are constructed so they lead to minimum mean
square error. The estimation is further improved by combining the different estimations
done locally at each host. The coupling of the estimations from different hosts provides
adequate estimation to the frequency offset also to the participant who has not received
any packets, or very few, during the time interval in consideration. The computational
cost of the proposed algorithm 1is significantly lower than the least squares approach,

while its mean square error is only a fraction (in the simulation example only 1%) higher
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than the optimum. All theoretical results are validated using simulations, and the packet
arrival times are assumed to be independent.

We would like to emphasize that the operation of the proposed algorithm is based
solely on the packets exchanged between the two users and no extra packets to be
transmitted are required. The frequency offset is assumed to be a linear function of time.
In reality, as denoted by Mitra in [20] and Mills in [21], for time intervals in the order
of micro-seconds the frequency offset is a non-linear function of time. However, for
real-time network applications the inter-arrival times of the packets is in the order of
tens of milli-seconds resulting in cancellation of the non-linearities. The model of the
traffic used is noncontinuous periodic. This model is well suited for the transmission of
voice packets since a conversation exhibits a pattern of silence-talkspurt intervals. An
illustrative example of how the voice packets are transmitted 1s shown in Figure 4.2.1.
The shaded areas in the figure denote talkspurt intervals while the rest are silent. Even
though a talkspurt interval begins or ends at a time that does not coincide with the phase
of the period T, packets are generated only in-phase (the vertical lines indicated in the
figure) with each other. For example, although the time interval between the vertical
lines numbered 2 and 3 in the figure is onlSr partially filled with voice data, a whole
packet will be sent starting from the vertical line numbered 2. In addition, a sequence
number representing the sequence number of the time period the packet was generated
at the sender will be attached to the packet. As a result, the packet generated at the time

period (slot) between the vertical lines 2 and 3 will be assigned the sequence number 2.

Figure 7.2.1 Representing the traffic as noncontinuous periodic.
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In section 3, the definitions of the network jitter and of the reference times are given.
In section 4 our algorithm for estimating the frequency offset and its performance analysis
with respect to the mean square error as criterion is presented. In section 5, a theory
related to the coupling of two frequency offset estimations is developed and simulations
which validate the theory are presented. In section 6, the optimum way to divide a set of
N packets so that when our algorithm is applied to lead to the minimum mean square exror

is presented. Finally, in section 7 we present our concluding remarks for this Chapter.

7.3 Definitions of the Network Jitter and Reference Times

The same definition of the network jitter and the conceptual framework developed
in our earlier paper [33, 32] about interparticipant synchronization are also used in the
present paper. The definitions of the network jitter and the reference times are as follows.
As shown in Figure 4.3.2, the sender periodically transmits packets with nominal period
T. However, due to frequency mismatches between the clock at the sender and the clock
at the receiver, the actual transmission period of the sender as seen with the receiver’s
clock will be T°. The average delay time packets experience to arrive at the receiver
from the sender is denoted as D. If there were no variation in the delay and each packet
were experiencing a constant delay D, then packets would be arriving at points indicated
in the graph as ¢,.;,. These points are called the reference times and they satisfy the

following condition

N
]&Enwz (th —trefn) = 0 . (7.3.1)

n=1

If the exact location of the arrival time of one packet, let us say packet n;, which
experienced exactly the average delay D could be found, then the teference time of any

other packet na is given by the following expression

trefinz = trefmy + (n2 —na)T° . (7.3.2)
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Figure 7.3.2 The definition of the network jitter,

If the actual packet arrivals are denoted as t,, then the network jitter each packet
experiences is defined as the difference of the actual arrival time minus the corresponding

reference time

Ap=tn~trefn - (7.3.3)

In the following sections, the time X where the time offset contributions of all the
packets cancel out will be frequently used . Let 91 be the set of all the packets arrived
at the. receiver, Mg be a subset of M such as Vn € Ng = ¢, < X, and Ny, be the
complimentary subset of It such as Vn € 91; = ¢, > X. Then, the time X can be

determined as follows

Y X—ta)= Y (ta=X)= X=—]i-; Z)tn . (7.3.4)

(n€ME) {(neL) (neMm
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7.4 Frequency Offset Estimation In The Presence
of Silent-Talkspurt Intervals.

There are two criteria that characterize the state between two clocks, time offset
and frequency offset. Time offset is the time difference that exists between the two
computers at the time of question, while frequency offset is the rate of change of the time
offset. Frequency offset is most bothersome because even if at one point in ﬁme clock
synchronization is achieved, frequency drift would drive the clocks out of sync as time
progresses. This shows the significance of having accurate estimation of the frequency
offset because then continuous synchronization could be achieved once synchronization
was achieved for a point in time.

In our previous work [33, 32], we proposed a methodology in estimating the
frequency offset under the assumption that packets were generated periodically and
continuously at the source. In this section our previous method 1s expanded to encompass

the case of a source generating packets periodically but not continuously.

S

0 x Xz N+K)T
I packets N packets
received so far. received.

Figure 7.4.3 The N packets received are divided into two subsets with ' and N — [’ packets each.

In a time interval (N + k)T, N packets have been received, while k is the number of
time slots T that the sender did not generate any packets. To estimate the frequency offset
between the clocks at the sender and at the receiver, the N packets are divided into two
subsets. In a later section, the optimum way to divide this set into two subsets is shown
to satisfy the condition of Equation (7.6.15). Let us assume that the proper division into

two sets has been done, and as shown in Figure 7.4.3, ' is the number of packets of
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the first set and N — I is the number of packets of the second set. Each packet arriving
at the receiver carries along the sequence number of the time slot which was generated
at the sender. For the example shown in Figure 4.2.1, the first packet transmitted will
carry the number 2, the second the number 3, and the sixth the number 8 since a silent
interval of one period intervenes. The ordered set of the sequence numbers of all the
arrived packets will be denoted as 0, and the elements will be ordered in sequence from
small to high according to their values. This implies that in a situation where a packet
arrived out of sequence, the entry in the set N will be corrected according to the ordering
rule. The sequence numbers associated with the first ' packets of the ordered set 0 will
constitute a subset which we will denote it as 91y, while the last N — T’ packets will

constitute another subset denoted as My _p.

Next, estimation of the points ):’1,)?2 where the time offset contributions of the

packets of the two sets cancel out are found using Equation (7.3.4). We have,

1

s 1 5
)xl = f Z tn s }x?_ = m z tn . (745)
neNr neNy_r

The way points X1, X2 were constructed, any uncertainty in estimating them is due to
the finite number of packets I' and N — I' used for their estimations, and no component
due to the frequency offset exists. Nevertheless, these two points carry with them the
inherit periodicity T according to the clock at the sender since they are a function of
the packet arrival times. This becomes more clear if Equation (6.2.3) is used and each

packet arrival time ¢, is expressed as follows
tan =trefo+ nT’ — Ap (7.4.6)

Then, without loss of generality we can set t,.50 = 0, and the expressions for X 1,XA2
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s 1 1 s 1 , 1

Xi=5 D nT' -3 > A and Xo=5—5 >, -5 > A,
neNr neNr n€ENN_r n€MNy-r

(7.4.7)

where —+ 3= A, and  — gl > A, are the errors in estimating the exact

neNr nENN-_r
location of X7, X, with X;, X5. At the receiver side, the reference times assigned to

the arriving packets represent time according to the clock at the receiver. The reason is

that the reference time of each packet .., will be represented as a function of TR, ie.
trefm = treso + nTR, since T¢ is unknown,

Let & = A—’I——I‘ > nandé = % Y~ n. Then the frequency offset is estimated
n€MNy—r n€Ny

as follows

4\}.2 hd ‘X’l

aF= (62— &)TH

(7.4.8)

Using Equation (7.4.8) the estimated period of the sender is Ts = AF x TR . The

reference time t,¢5,, of any packet n > N + k is computed at the receiver as
trefm = tref N+k + (n = N — k) X Ts . (7.4.9)

The result displayed in Equation (7.4.9) plays an important role in the multimedia synchro-
nization algorithm presented in [53, 54] by enabling the receiver to lower the frequency
of the execution of the algorithm on one hand, and improving the synchronization on

the other.
7.4.1 Performance Analysis of the Frequency Offset Estimation Method

In this section, a performance evaluation of our methodology in estimating the
frequency offset is carried out. A comparison to the least squares approach is also

presented that shows the near-optimal performance of our algorithm. Comparisons and
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outlines of other algorithms dealing with the estimation of the frequency offset which
is a linear function of time are presented in [60]. Suppose that a total of N packets
are received during the time interval (N + k)T', where £ is the number of time slots of
duration T that the sender did not generate packets. Then these N packets are divided
into two subsets with I and N —I" packets each. If the jitter A, each packet experiences
is independent and identically distributed ( i.i.d. ) of the other and its p.d.f has variance
a:'A, then according to the Central Limit Theorem (see for instance [62]) the normalized
sum of N such random variables has variance %—é In our case, the random variables
2 2

1 - 2 o - o
> Apand z= x5 >, Ay, have variances oy = 4, 0; = ¥°F , and
neNr neNy-r

means § = Z = 0 (Note that y and § are different). The error in estimating the frequency

N

=

y:

<

{y—z)
(&2=6)TR>

o (L—>° ~ E{(y~2)2} _ o (_1_+_1_)
E=0)TR) [ (G-a)P@R)  (G-g)(rR*\[ N-T/

(7.4.1.10)

offset 1s € = and its mean square error is

The problem of the estimation of the frequency offset whose rate of change is a
linear function of time is a well known problem and an optimal solution that gives the
minimum mean square error already exists [64, 61]. However, such an approach ( least

squares, see p. 45 in [61]) will require the inverse of HT H, where H is the observation
1 1 .. 1
tp 2 ... Iy
of the Least Squares approach is shown to be

matrix of the packet arrival times HT = ( ) . The mean square error

0.2
MSE=—""4% | (7.4.1.11)

% (tn - {)2

n=1

_ N
where t = 71V >~ t,. (The numbering of the packets here represents the sequence number

n=1

a particular packet was transmitted by the sender). For the example in Figure 7.6.6,
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the mean square error was computed according to Equation (7.4.1.11) and found to be
2.165 x 1075, a little lower than the mse of 2.37 x 107% achieved with our algorithm. The

mse of the least squares method is also denoted in Figure 7.6.8 for comparison purposes.

7.5 Coupling of the Frequency Offset Estimations

When two individuals communicate on the phone, the average time both of them
spend on talking is 90% of the time. But there is a difference when one considers the
talkspurt interval of each human individually and different when one considers it as the
aggregate talkspurt interval spent by both participants in the conversation. The reason
is that for a large time interval a person may be speaking continuously while the other
person is simply listening (monologue). Then, if the talkspurt time for a certain time
interval is considered separately for each person, the person who speaks may have as
high as 90% of a talkspurt interval, and the person who listens may have as low as 0%.
In such a case, the estimation of the frequency offset will provide good results to the
person who listens and poor to the person who talks. This situation has prompted us
to consider a possible coupling ( combination )} of the two frequency offset estimations
which are done independently at each communicating site.

After the local estimation of the frequency offset is done at each host, before appiying
it, the frequency offset estimation itself is forwarded to the remote host. Similarly, after
some delay the frequency offset estimation done at the remote host should reach the local
host. Having locally both estimations, the objective is finding the weighting coefficients

w; and wy such that the resulting frequency offset estimation of the coupling system
AFeoupring = 01 X AFioca1 + w2 X AFrenote (7.5.12)

gives the lowest mean square error. In addition, the weighting coefficients appearing in

Equation (7.5.12) should fulfill the constraint w; + wy = 1.
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Let the mse of the local estimation be represented as E(ef), and the mse of the
frequency offset estimation done at the remote host be represented as E(e3). Then the

mse of the combined frequency offset estimation E(e2) is shown to be

w? x E(é)+ wix E(e2) = E(&) . (7.5.13)

By expressing one of the coefficients as a function of the other, ie. wp =
1 — wy, and substituting the result in Equation (7.5.13), Equation (7.5.13) contains
now only one unknown. To find the pair of weighting coefficients such that the
resulting mse is minimum, the partial derivative is taken with respect to wj, 1.e.
52 {wd x B() + (1 - w)’ x (&)} = 52-{E(e,)}. The solutions for w; and

wy are shown to be

E(Q) E(Q)
— 9 = . 5.14
U= E@+EQ T B 1 B 7519

The behavior of a typical conversation pattern between two users is simulated. The
top user in Figure 7.5.4, speaks most of the time until 3 quarters of the time interval
considered, while the bottom user, listens at the beginning and starts talking at the end.
It is obvious that the user who listens most of the time will have a better estimation of
the frequency offset than the other user. However, by combining the frequency offset
estimations done by both users, an improved frequency offset estimation is achieved to
be utilized by both users. The coefficients that each of the individual frequency offset

estimations need to be multiplied are given by Equation (7.5.14).
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Figure 7.5.4 Packets received / sent between two communicating entities in a typical conversation pattern.

We assume that earlier the received packets for each individual user were properly
divided into two subsets (as shown in Figure 7.5.5 (a), for the top user [' = 22, while
for the bottom user I' = 70), and at this point our only concern is using simulations
to validate Equation (7.5.14) regarding to the coupling of the two frequency offset
estimations. Having the estimations (E(e3) and E(e%)) of the two users, we vary
wy, (wg=1—w;) from O to 1 (from 1 to 0) and note the values of w;, w, that make
the combined frequency offset estimation in Equation (7.5.12) minimum. In Figure 7.5.5
(b), the mean square error of the combined frequency offset estimation is plotted as a
function of w;. The minimum mean square error attainable using simulations occurs for
w; = 0.74 which is in agreement with the value of w; = 0.7392 derived using Equation

(7.5.14).
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Figure 7.5.5 (a) Optimum division of each individual sequence of silence-talkspurt intervals in Figure 7.5.4 into two
subsets according to Equation (7.6.15). (b) Geometrical representation of the shifting of the mean square error of the

frequency offset estimation in response to the shifting of the coefficients w1, (w2 =1 —u1) fromOto 1 (1t0 0) .

In principle, the same approach taken for estimations done at different hosts can also
be taken for estimations done locally at each host for two different media. However, for
the case of video packets the above procedure should be applied with extreme care since
the length of each video packet will vary in size due to coding. Then, the arrival time
of the first fragment of the video packet should be taken as its own arrival time. If this
cannot be achieved due to inability to access the IP layer (or this layer where the packet
has not been re-assembled yet), then the results will be misleading since the delay of a

packet is also a function of its size.

7.6 Optimum Division into Two Subsets of a Set of N Packets

In this section, the optimum way to divide a set of N packets into two sets that
will lead to a minimum mean square error in the estimation of the frequency offset is

provided. The division of the two sets will be in such a way that all packets arrived before
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a determined time will belong to the same subset, and all packets arrived later than this
time will belong to the other subset. These N packets were received in N+k time slots,
and whenever a mapping between the sequence number which represents the sequence
the packet was transmitted by the sender and the sequence number which represents the
time slot the packet was generated at the sender, the notation ny , v =1,2,..N, will be
used. For instance, the sequence number of the time slot of the rth packet transmitted by
the sender will be nr, and the sequence number of the time slot of the NV 'th transmitted
packet will be ny. In the specific case that this packet was generated at the last time

slot N+k, then ny = N + k.

To find the optimum way to divide the whole set N, the value of I" which makes the
partial derivative of the mean square error in Equation (7.4.1.10) with respect to I' equal
to zero, i.e. Fr(E(e?)) =0, should be found. This is done in appendix G and there is

shown that the following relation should be satisfied®

. 1 1]1 1
neNn neNr

For the special case of continuous periodic arrival of packets Equation (7.6.15) leads
ol =N-T=%andnr =4 én = &1 Equation (7.6.15) has no closed form
solution and has to be solved by tri;I and error. Nonetheless, this does not reduces its
importance because the calculations involved are limited. As proven in appendix H,
Equation (7.6.15) 1s an always increasing function in I', and therefore a unique solution

exists. In addition, this implies that only [log, N] iterations are needed for its solution.

3 Since nr is an integer and the Lh.s of Eq. (G.5) is real, most probebly the equality sign will not be held. For this reason, in
Eq. (7.6.15) we take as I" the velue of I' which is the closest to the value given by the L.h.s of Eq. (G.5).

141



7.6.1 Simulation Example.

Simulations that validate the theoretical results of this section are now presented.
Assume that a source generated packets in a manner similar to the one shown in Figure

7.6.6. The shaded areas are talkspurt intervals whereas the rest are silent.

i g
1 10 15 29 34 58 62 85 146 175 187 201
Figure 7.6.6 Silence-Talkspurt Intervals of the simulation example.

Solving Equation (7.6.15) by trial and error for the sequence of silence-talkspurt
intervals shown in Figure 7.6.6, as shown in Figure 7.6.7 the value of I' which leads
to the minimum mean square error is 82. In order to validate Equation (7.6.15) we
also resort to simulations whose results are displayed in Figure 7.6.8. There the mean
square error of the frequency offset estimation is plotted as I' varies from 11 to 121 ,
i.e. the first subset includes packets from 1 to I', and the second subset includes packets
from I + 1 to N. Figure 7.6.8 shows two plots of the mean square error: one derived
from the simulations, and one derived from Equation (7.4.1.10). Both plots indicate that
the minimum mean square error is derived when the first subset includes packets up to

I' = 81, which validates Equation (7.6.15).
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Figure 7.6.7 Solution of Equation (7.6.15) by trial and error.
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Figure 7.6.8 Theoretical and simulation results of the mean square error of the frequency offset estimation when the

number of packets of the first subset I' change from 11 to 121. The plot shown velidates both Equations (7.6.15)
min {
T

7.6.2 Analysis of the Algorithm w.r. to the Computational Cost

nr - 2(N]-—I‘) > "—%[%_ Tvl-r] Y. n

neN neNr (52"51)7 TR)

}and (74.1.10) E(¢?) = _m(__,(%+~+r) )

Most of the computations are required for the solution of Equation (7.6.15). The

number of computations required to compute the terms Z;n n and % n are N additions
n

plus N store instructions. These computations are executeed indep:nede;tly of the number

of the iterations. Then for each iteration the computaﬁon§ needed are 2 multiplications, 3

additions and one comparison. Therefore, the total number of computations is Nadds +

Nstores + [logy N| x (2mult + 3adds + lcomp). For the least squares approach most
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of the computations are needed to construct the pseudo-inverse matrix H TH, which are
N additions and N multplications. A fixed number of computations are also needed to
take the inverse of the matrix (HTH)™". Besides the cost involved in evaluating the
frequency offset itself, there is also cost involved in determining the mean square error
of the estimation. With our algorithm, the cost in evaluating the mse is very low ( 3
multiplications and 3 additions ), but for the least squares algorithm N multiplications

have to be performed (see Equation (7.4.1.11) ).

7.7 Concluding Remarks for Chapter 6.

In this Chapter, an algorithm to estimate the frequency offset between two computers
in real-time network applications was presented. The frequency offset is assumed to
be a linear function of time. Accurate estimation of the frequency offset and its mean
square error function enables the host participating in a real-time interaction to improve
its synchronization with the remote host, thereby increasing the quality of service (QoS).
The performance of the algorithm with respect to the mean square error as criterion is
shown to be very close to the optimal derived from the least squares algorithm. Although
for different sequence of packets the mean square error functions change, for a particular
example our algorithm provides an estimation whose mse is 1% higher than the mse
provided by the least squares algorithm. By combining the two estimations of the
frequency offset done both at the local and at the remote host, firstly, a lower error
is achieved, and secondly, a host that may have received only very few packets or none

during the interval of consideration has also a good estimation of the frequency offset.

The computational cost of the proposed algorithm is much lower than the minimum
mean square error (least squares) algorithm. Roughly, the proposed algorithm requires

N additions compared to N multiplications required by the minimum mean square error
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algorithm. The computational advantage of the algorithm is increased when evaluation
of the mean square error of a particular estimation is also needed. In such a case, the
proposed algorithm requires a handful of additions and multiplications compared to N

multiplications required by the least squares algorithm.
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Chapter 8 Conclusion

8.1 The Multimedia Conference Software

In this Thesis, the problem of Multimedia Synchronization in all of its aspects was
addressed. We have concentrated ourselves more to the Multimedia Synchronization
problems arising in applications such as Multimedia Conferencing, where all of the
participants are active, in contrast to applications such as Video Store type of Applications,
where only one of the participants is actually active and the server (the video store) is

simply serving the users data (voice, video, or text) stored in its memory.

In the second Chapter, the Multimedia Conference software that we built in the Com-
puter Telecommunications Laboratory at the City College of New York was presented.
I would like to note here, that this was a big effort and many other Ph.D candidates
took part in this work. The Multimedia Conference software that we built is capable
of transmitting in “real-time” images, voice, text, and graphics data into a remote ma-
chine. Because the video card that we have used is video-pix and is capable only of four
(4) frames per second, both images and the voice packets are transmitted every 250ms,
which makes our multimedia conference not so real-time. This software was built on Sun
workstations IPC running the operating system SUNOS 4.1.1 Rev. B. As a result, the
graphical user interface was built using X-window programming, and the interprocess

communication using socket programming.

We designed the software so that it utilizes two channels. One channel uses the
TCP/IP protocol, and is used for transferring text and graphic information. The other
channel uses the UDP/IP protocol, and through this channel the transfer of the real-time

data is taking place, i.e video and voice packets.
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After we built the multimedia conference software, we did some expenments to find
the time delay and compare the TCP with the UDP protocol. It was found that the TCP/IP
protocol is not suited for the transmission of real-time data due to the large time delay
incurred to the packets during transmission. Part of the multimedia conference software

appears in ICC '94 [2].

8.2 The Multimedia Synchronization Transport Protocol

In Chapters 4, S and 6, our proposed Multimedia Synchronization Transport Algo-
rithm which is to be utilized for applications such as real-time multimedia conferencing
was presented. Specifically, in Chapter 4 we presented the Point-to-Point Single-Medium
Multimedia Synchronization Block, in Chapter 5 the Intermedia Synchronization Block,

and in Chapter 6 the Inetrparticipant Synchronization Block.

In more detail, the issues discussed in Chapter 4 about the Point-to-Point Single-
Medium Multimedia Synchronization Block were under the assumption that the traffic is
noncontinuous periodic. The model of the traffic is noncontinuous periodic which nicely
suits the voice traffic with silent-talkspurt intervals. Factors influencing synchronization
are network jitter or vanability of the delay and frequency offset between the clocks at
the sender and at the receiver. The definition of the network jitter and its estimation is
carried out using the concept of the reference times introduced first in [33, 32, 65]. In
addition, a scheme that permits the receiver to uniquely identify the sequence number of
each packet using a minimum number of bits and its proper implementation are presented.
The optimal number of bits for a point-to-point communication considering only a single
medium is found by exploiting the fact that the maximum time duration the numbering
scheme should span needs not to be greater than the maximum variation of the jitter

expected in the network. This work has been also submitted for publication in [53, 54]
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In Chapter 5, two issues are explored in depth: optimal sequence numbering and
minimum waiting time for playback. It is proven that the time interval the optimal
sequence numbering scheme for Intermedia Synchronization should span needs not to
cover a time duration greater than the maximum of the following two expressions: the
maximum variation of the network jitter and twice the maximum absolute difference
between the expected time delays of the two media. The concept of the reference times
or expected arrival times that we have introduced in Chapter 4 is also used in this paper.
As a consequence, many issues such as estimation of the reference times and bounds of
the network jitter, are assumed to be known. Two different expressions for the minimum
waiting time for the voice packets are derived: a minimum waiting time suitable when
only the voice connection is active, and another when packets of both media are being
transmitted. Finally, a switching mechanism that hunts for the minimum waiting time
exhibiting the minimum delay suitable to the proper situation (voice transmission with or
without video transmission) is presented. This work has been submitted for publication

in [45, 46]

And in Chapter 6, synchronization issues arising in a multimedia multi-party con-
ference were addressed. Specifically we proposed an algorithm to determine the set of
packets generated periodically from different participants that are arriving at a node, ei-
ther for mixing at the master of a conference, or for simply playing back at a regular
participant of a conference. No global synchronization of the clocks was assumed. In
Chapter 6 the statistical approach rather than the deterministic is used to determine the
proper set of packets that have to be mixed at a given time. The statistics are derived
from the sequence number which each packet carries along with it. The essence of the
proposed algorithm is to estimate the average packet arrival time (or reference time) for

each participant. With the reference time at hand, the maximum jitter and the optimum
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waiting time for a mixer to wait packets from all participants can be determined. Both the
accuracy and the computational complexity of the algorithm are improved by predicting
the time / frequency offsets existing between the clocks at the source and the mixer. By
employing feedback, the proposed algorithm is shown to lead to an optimum waiting
/ delay time. It is optimum in the sense that it is the same waiting / delay time that
packets would experie;lce in the case of only two participants, i.e. one sender and one
receiver. The error of the proposed algorithm is enumerated by the Chernoff bound and
demonstrated by simulation, and is shown to be acceptable in practical application. This

work has also been published in [33] and submitted for publication also to [32, 34, 65]

8.2.1 Advantages / Disadvantages

There are many advantages of the proposed Multimedia Synchronization Transport

Protocol. These are:

1. Modular Approach. Each of the three blocks functions independently of the others.

2. It is Comprehensive. It includes Point-to-Point Single Medium Communication,

Intermedia Synchronization and Interparticipant Synchronization.

3. Exhibits the Optimum Delay. The delay is optimum because packets from each

connection exhibit the maximum delay seen only in their own connection.

4. Deletion/Addition of each participant and/or media connection can happen indepen-

dently (with no effect) to the other participants and or media connections.
5. No Global Network Clock Synchronization is assumed to exist.
6. Uses the minimum numbf;r of Control Bits for Sequence Numbering.
7. No Feedback Packets are required for Synchronization. Thus, No Complexity in the

Implementation.
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8. Computational Cost of the Algorithm is minimum. Only 2 to 3 additions per packet
received!

9. Itis Adaptive. It responds very fast (1 or 2 seconds) to changes in the network, i.e.
load of the network, availability of computing resources in the gateways, etc.

10. It is Robust. The reference times or expected time delays are immune (or almost)
to the network jitter.

11. The Protocol May Sit on the Application Layer. It is independent of the network
infrastructure (FDDI, token ring, ethemnet, TCP/IP, ATM, etc.). In short, Works

Always and Everywhere.

There is one disadvantage however, and this has to do with the initiation time of the
algorithm. It needs around 50 packets at the beginning to establish the Reference Times
and the Bounds of the Network Jitter. Only after the reference times of the packets and
the bounds of the network jitter have been established, the correct playback time for each

packet can be found.

8.3 Estimation of the Frequency Offset in Real-Time
Network Applications.

Finally, Chapter 7°is devoted exclusively to the issue of estimating the frequency
offset in real-time network applications. The presented methodology provides the re-
ceiver with a mechanism to estimate the generation period of the packets at the sender
Ts. knowledge of T both lowers the frequency of the execution and improves the syn-
chronization of the algorithm presented in [53, 54] and in Chapter 4. The frequency
offset estimation is based on evaluating the tangent among two subsets of the arrived
packets which are constructed so they lead to minimum mean square error. The esti-
mation is further improved by combining the different estimations done locally at each

host. The coupling of the estimations from different hosts provides adequate estimation
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to the frequency offset also to the participant who has not received any packets, or very
few, during the time interval in consideration. The computational cost of the proposed
algorithm is significantly lower than the least squares approach, while its mean square
error is only a fraction (in the simulation example only 1%) higher than the optimum,
All theoretical results are validated using simulations, and the packet arrival times are
assumed to be independent. The work presented in Chapter 7 has also been submitted

for publication in [52, 30].
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Appendix A Exact Representation of the Error in
Estimating the Jitter of the x ‘thPacket

In this appendix, the exact representation of the error due to the frequency offset the
receiver makes in evaluating the jitter A, of the " packet is shown. The usefulness
of this proof arises from the fact that no matter how far away the arrival time #; of
the packet x is from time X where the time offset contributions of the packets are zero,
there is going to be no additional error in the evaluation of the reference times. We will
proceed as follows: first we will show that if ¢, = X, then the error due to the frequency
offset in determining the jitter of the x’* packet A, is almost zero compared to A, itself.
Secondly, the exact error due to the frequency offset in the case ¢; # X will be shown,

For ease of reference, Equation (4.4.8) is replicated below

A, =1 {tz+(n—x)TR—in} - £. (A1)

N
(neM)
From Equations (4.3.2) and (4.3.3), the packet arrival times can be represented as
follows
tn =trefn + Dn =trejz +(n—2)T°+An,ne N, (A.2)
where 9 is the set of N time slots from 1 to N+ that we have had packets transmitted from

the sender. By substituting Equation (A.2) into Equation (A.1), we get the following

-]1V 3 [t,em + A+ (n—2)TR— {tyese+ As + (n - x)T’}] =
(€M) 1 A3
5 2 [Ax — At (n—m)(TR—Ts)] .
(neM)

Assuming for the moment that no frequency offset exists, the third term of Equation

(A.3) is zero leading to

S Be-A =A% Y A4, (A4)
)

1
N
(neM) (neM

153



Here, we have to be careful to make the distinction that the range of the set Nt can grow
to infinity, i.e. N + k — oo, but the number of actual packet amivals N might be very
small or zero. This may very well be a realistic case if one of the participants is not
speaking at all.

To take into account the frequency offset between the sender and the receiver, and
remembering that we assumed for the moment that ¢, and X coincide, the third term

can be rewritten as

% > (n_l-)(TR-TS)Jr% 3 (n—a:)(TR—Ts)=S=>

(neNg) (neMNL)
1 L1 - T
—-N Z (”L’—Tl)T +7\—r Z (Tl—-l‘) =S(T-R":T—s)=>
(n€NE) (n€ML)
1 1 1 Np—Ng, T
—N Z (tr“'tn)*f"jv' Z (tn_t:r)""ﬂ',' Z An“*' N Az—g(TR_Ts)-
(neMNE) (neMy) (neMN)
(A.5)

Since we assumed that t; = X, applying Equation (4.4.6) to the third line of Equation
(A.5), the first two terms cancel out. Therefore, when ¢, = X the error in estimating A,

due to frequency offset is negligible and can be considered zero

TR_T¢
€=(_-CZTRN—) —ZAn+(NL—NE)Ax ~0 . (A.6)
neN

Having proved the above, we now proceed in determining exactly the error we are
making when {; # X.

Let us take the time distance X — ¢;, which might be positive or negative depending
on whether the closest packet amrival time ¢, is earlier or later than time X. We are
guaranteed by way of construction that in a time distance |X — ¢;| around point X
no packet amrival occurred. Also, as a reminder, the point X is the point where the
contributions of the time offsets of all the received packets cancel out. This means that

at time ¢, the extra time offset contributions of the packets which belong to the set Nk,
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ien € Ng = Vnt, < X, will equal to
TR _ s
> (X—tz)(——T—R——) : (A7)

(n€MNg)

Similarly, for the received packets belonging to the set 91y, their extra time offset
contributions will equal to

Y, (X -t) (?—%7:) . (A.8)

(ne‘ﬁL)

Therefore, the accumulated extra average time offset contributions of all the received
packets to time ¢; will equal to

R _ s TR__Ts
L B - ()

n € (MNguUNL)

The average contribution of the time offsets is evaluated in Equation (9) above because
the average quantity is the one which appears in Equation (A.1) in the determination of
the network jitter. Also in the summation sign, someone might be tempted to subtract
the point x from the set 7 = Mg + Ny, because its contribution to its arrival time ¢, is
zero. However, this will be invalid because we are really interesting in the time offset
contribution that the packet x has subtracted in the time interval |X — ¢;|. X again is the
point where the time offset contributions of all the packets are zero.

There is an obvious similarity between Equations (A.7), (A.8), (9) and Equation
(A.5). In Equation (A.5) the two terms from the lh.s. can be viewed as the total time
offset contributions of the two sets Mg and N, to time ¢,, while Equations (A.7), (A.'8),
(9) represent only the extra time offsets contributions of the two sets ..In other words,
the time offset contributions to ¢, have been broken to contributions to time X, which

cancel out by construction of point X, and to contributions in the time interval X —¢;.
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Appendix B Proof of the Theorem Related to
Finding the Optimal Sequence Numbering
Scheme for Intermedia Synchronization.

We will show the validity of the theorem by showing that the condition displayed
in Equation (5.2.1.3) fulfills the requirements stated. For convinience, Equation (5.2.1.3)

is repeated below

@ = max {2{D" = D*|, (Amaz), = (Amin), | B.1)

Requirement 1) Since ¥ is the maximum of the two expressions in Equation (B.1),

vo

this implies that ¥ > (Amaz), = (Bmin), = 27 x T 2 ¥ 2 (Amaz)

vo

min)g'

g (A
Thus, for both media steams, voice and video, the receiver is able to recognize the
sequence number of the packets with only p, bits. Let us for example take the case
of the voice packets. We will show that the time interval ¥ is large enough so that the
receiver will be able to recognize the sequence number of any packet. This requirement in
effect implies that the receiver should be able to distinguish packets that were generated
at different times but they carry the same p,,-bit sequence number. We will denote by t,,
the arrival time of the packet that its sequence number is needed to be recognized at the
receiver, and as ¢,, , m € 9N the arrival times of the voice packets that have identical

vo

py-bit sequence numbers, ie. (¢ = (¢t,.). butm n. This in effect means
v " pe m/py

P
that the elements of the set 91 are generated as follows m = n + k27 | k= 1,2, ...
It suffices to distinguish the n'** packet from any other packet with identical py-bit
sequence number if for every time the difference of their generation times g,, — g, > 0

o

,thent, ~t. >0, orevery ime g, —g,, <0,thent, —t, <O0.
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It is clear that if the conditions presented above are satisfied for one immediate
neighbor of n, i.e. m = n £ 2P+, then it will hold for all other m € 9. Let us have

m=n+2P. Then, g, —gm =gn — (gn" 4 2peTv0) = —9PvT* < 0. Therefore, we

have to prove that {, —t,, <0 whenever 20vT%° > (Ap,,), = (Apin),- We have:

vo vo
n —t

t =1

m

+A, — A ,ef,,—(,ef,,+2PVT”°)+A,,”°—A:<0=>

refn—' refm

2P¢T?° > max {A,:o - A,::} = max {A:a} — min {A:} = (A,:,ou)g - (A:,-,,)g

vo

— _ 9Py V0
o= —PT

In Equation (B.2) we have used i + 2P+ T since gn —g

re f m = tre fn
and t::f,n =g, +Dv, t:f,m = g, + D".
Requirement 2) According to the mechanism presented in Figure 5.2.3, although the
generation periods of the two media streams are different, i.e. TV = 2T%, z=1,2,...,
the sender attaches the same py-bit sequence number to both packets (one packet from
each medium) in case their generation times are the same. We would like the receiver
to be able to pair any video packet to the corresponding voice packet whose generation
time is the same with that of the video packet. This in effect implies that the receiver
should be able to identify that voice packet whose p,-bit sequence number matches that
of the video packet and its generation time is the same as that of the video from the set
9 of voice packets that carry the same p,,-bit sequence number with that of the video

packet, i.e. m € M = ¥m € M, (t,:,o)w = (t:) .
Py

We would like to note here that before the search of the pair of packets —one
from each medium — that were generated at the same time at the sender starts, the
Teceiver has already established the reference times for each medium. What is unknown

is the difference in the expected time delays between the two media D¥ — D"°. Since
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the reference times for both media have been established, it suffices for the receiver to

guarantee that

vi vo

tref,n - tref,n

yegn = trefm|} B3)

= min {
meM

It is intuitively clear that if the receiver is able to distinguish the n'*h voice packet
(the voice packet that was generated at the same time with the n** video packet) from
its immediate neighbors m~ = n — 2P* and m™ = n + 2Pv, then it will be able to
distinguish the n'th voice packet from any other voice packet which belongs to the

set 901, Let us represent the generation times of the video packet and the three voice

vo

packets as gn" i, g,: % g:_ ,gn";, where the following relations hold g,,w = g,: i s Ot =

vo vo

G +2P0TY G- = 9n —2P¢T"°. Let us also represent the reference times of these

vt vo vo vo

t t +trefm+- Then the following relations between

refn 'refn  ref,m-—

packets as ¢

the generation times of these packets and their comresponding reference times hold

vo vo vo vo

trveif’n _ gr:/l + Dv: , tref,n = gn + pve , tref,m" — gm,_ + pve , tUo

ref,mt

= G+ + D™

Without loss of generality, let us have D” > D', Then, for the pair of packets that

were generated at the same time, ¢, . ~Z, - = D" — D", and for the immediate neigh-
bors (m™) and (m*) we have t,, — topme =0n +D% = [g,° = 27¢T% + D*] =

v

refn

DY — D% 4 2Py T and ¢t t:‘:f‘m+ = D¥ — D _ 2P+ T*°, Thus, since D" > D,
DY — D 4 2P¢T¥0 5 DY _ DY _ 9PeT? meaning that it is sufficient to prove
that |D* — D*°| < |D" — D*° — 2P+T™|. However, D" > D" and assuming that

QPuTvo |D"‘ - D""], we arTive at

Dvi — DY < QPvTvO _ (Dvi _ Dvo) = QPUTYO 2(Dvi _ Dvo) (B.4)
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Similarly, in case that D* < D, [D¥ — D — 9p¢Tv0| > |D¥ — Dvo 4 2peTve

meaning that it is sufficient to prove that [D"i — D""I < |D”‘ — Dvo — 2Pv T""l. How-
ever, assuming that 27¢T*° > |D*' — D*°|, we arrive at
IDvi - Dvo| < IDvi — DY 4 2p¢-Tvo| = _(Dvi _ Dvo) < Dvi — DVO | QPuTve

= 291" > —2(D¥ — D)
(B.5)

Combining Equations (B.4) and (B.5), we have the following expression for the time

interval ¥ the sequence numbering scheme should span

24T > U > 2| D% — D*°| " 2| p¥ — pr°| (B.6)
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Appendix C Reference Time Estimation When
The Traffic Is Continuous Periodic.

In this appendix we show the validity of Equation

&m = %: (t‘rg] + (n - [%DTR - ti,) : (C.1)

Then we show why we have used the packet arrival time of the [%1] ’th packet, t‘[ mE
and not any other packet arrival time.

We assume for a moment that there are no frequency offsets between the clocks at the
sources and the clock at the receiver. We will prove that in the limit the r.A.s of Equation
(C.1) approaches Ail- 2 which exactly represents the amount of time the [4] th packet

arrival time till‘q is off from its reference time tie IESE From Equations
2 ' 2

tepn=tiepy+ (n—1T" (C2)

and
Ay =ty ~tiepn (C3)
, the packet arrival times t! can be represented as function of t ef, 2] and A', as

follows:
th = Al Mrisai 1<n<n C4
1y refn+ ref,[%-|+ n-— 5 +4,,1<n< N (C4)
As it was also noted in Equation (6.2.1), even though source i sends packets with nominal
period T, for the observer at the receiver it appears that the sender transmits packets with
period T. By substituting Equation (C.4) into Equation (C.1), the r.h.s of Equation (C.1)

becomes

N Z e N (b 1) R (MRS (R P I

'11\72::[ 't%1‘A?+(”“[%])(TR-T‘)]

(C.5)
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Since frequency offsets are not considered yet, TR=T" and the third term in Equation
(C.5) is zero leading to
li( ‘ —A‘)=A*‘ 1y AL N A (C.6)
N\l T [zl N& T (%] '
since the average value of Af, approaches zero by definition of the network jitter. Thus
Equation (C.1) has been proved. Notice that the error of our estimation is the term
€= % n§1 A} due to finite N considered.

The careful reader may already start wondering why the packet arrival time til- 2 was
chosen and not any other packet arrival time, for instance the first #; or the last 7,, We
choose the middle point of the time interval [O,NT], or the middle packet f %] because
only at this point the contributions of the time offsets ( caused by the frequency offset
of the corresponding clock at the source and the clock at the receiver ) in the estimation

of A'i— x) cancel themselves out. The proof is as follows: If T® is not T* Equation (C.5)
2

will result in one more term, the following

V3 - [E)e-n)-
- (o) (22 - 4] - S UV
2 2

0 N odd .

The effect of the third term is approximately zero as shown above. For comparison
purposes, if we use the first packet arrival time ¥; instead of tif n in Equation (C.1),
2

the third term can be shown to be

B B LEL
and Equation (C.1) now becomes
Ai + (—2—)(T ~T') = 5 (H+m-1TR-4) . (C9)
n=1
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For example, if N=101 and (Tf—T') = 10—3xTR, the time offset is 0.05xTR. As
exemplified with Equation (C.7), we better take N odd integer to avoid any frequency

offset contribution.
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Appendix D Confidence Interval

In this appendix we give a justification to the argument that when the number of
packets used in the estimation of the average is increased by a factor of k, then the
confidence interval is reduced by vk . Using the Chebyshev's inequality, we can show

that this is true when the bound used is the bound derived by it, i.e.

p Mk € %,2& o’ 1 & 0123
- ) > < k — A o ) S < A
P{ Nan_:IA = ﬁ} = (_5_)2 Ne? andp{ an_:]A" “5} = Ne?
= £ -
(0.1

where the A,’s are zero mean and assumed to be i.i.d. random variables with variance
o? A- Ap’s. Chebyshev’s inequality is a loose upper bound and the reader may question
the validity of the argument when the Chernoff bound is used (In Chapter 5, the Chernoff
bound is used exclusively for determining an upper bound for the probability of error).
For this reason, some remarks are in order. Firstly, the validity of the argument is proven
readily — however, in an ad-hoc method — for the Chemoff bound for the case of
the uniform density function by trying a few examples. Secondly, the validity of the
argument, not only that the confidence interval is reduced vk but also the probability
of error for the two cases (P (ﬁ) and P(€) ) are exactly the same, is proved for the
normal probability density function using the Central Limit Theorem ( see p. 108 in
[62] ). In addition, using the Central Limit Theorem, which gives an upper bound for
the probability of error lower than the bound derived from Chebyshev’s inequality but
slightly bigger than the Chemoff bound, the argument we are making is true for any
probability density function when the bound considered is the bound derived from the

Central Limit Theorem.
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Appendix E Cancellation of the Time Offsets

In this appendix we show that the average value obtained by averaging kN packet
arrival times which are affected by the presence of a linear-with-time frequency offset is
true only for the middle time of the interval into consideration. . For example, the time
instance kNT of the time interval [0,kNT] cannot be taken as the time that the average
value applies. The reason is that the contribution of the time offsets of each of the k

group averages over N packets would be non-zero and actually equal to

ST fecnnr = zkj (7= fF)nNT = (£ - fR)NTZk: o E®D
n=l1 n=1

n=1
where f% is assumed to be different than f£. But if we take the middle time kNT/2 , the

contribution is zero as it is clearly seen below

k

i Tiffli=nNT = (fi —fR)NT

=_k =_%
n=-—3 n=—3

n= 10 (E.2)

[]or

164



Appendix F Mean Square Error of the
Frequency Offset Estimation

The estimation of the frequency offsets is done every 2kN packets received. For
simplicity of the notation, we assume that k=1. Therefore, 2N packets are grouped into 2
groups, one group with the first N packets and the second with the last N packets. Using
Equation A} = #}, — t,cs, and the identity T = T? — (T® — T7), we can define the

normalized packet arrival time 7} as follows

) L [ PP

N :
The p.df. of the random variables x and y, where z = Klf >, 7y and y =
n=1

aN
% > r! will be very close to Normal according to the Central Limit Theorem,
n=N+1
assuming that the A!’s are independent and N is sufficiently large. This can be easily

seen if for example, x is written as follows:

1 R ] Y N ul ¢
x:N[-—(T mT')Z<n—{E])+ZAn =
n= . n=1
(R _pi N
ﬁ_é___) + % Z A, , Niseven F.2)
T = { =
= v
_]\TZA" , N s odd .
\ n=1

Since the term —(T® — T%) /2 is very small, it can be neglected. Thus, the Central Limit
Theorem can now be applied to the normalized sum of N ii.d. A!’s. The variance of
the new random variables x and y will be 02 = o2 = 0% /N , where 0% is the variance

of the A}’s . Given the uncertainty caused by the Ai’s , we find the mean square erTor

in estimating the frequency offset (TR - T"‘).
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The error in estimating the frequency offset arises from the fact that although the two
groups of points have the same probability density function, their exact distance from
their true average will be different. We emphasize here that where both groups give the
same distance from their mean , i.€. z —Z = y — g, there will be no error in the frequency
offset estimation. Since the error in the estimation does not depend on the individual
distances that the random variables x and y are away from their true mean but rather on

the relative distance between them, the error will be

e=-E€%éd. (F.3)

It can be shown easily that for any two independent Normal Random variables x and

2 _

y with variance o} = 67 = 0% /N , and mean zero, the p.df. of the new random variable

x-y is a zero mean Normal random variable with variance

203
ol_, =20l = ﬁﬁ. (F.4)

Therefore, the mean square error in determining the frequency offset using our

methodology is

r— )2
sy -o](m)]- s e

and making the transformation N — % for the case of only N packets received, we

derive to the final expression for the mean square error

1602
E(€2) = N3A ;

(F.6)
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Appendix G Partial Derivative of the Mean
Square Error Function.

The expression of the mean square error in estimating the frequency offset is given
by Equation (7.4.1.10). The term of the denominator (2 — ¢&)% in Equati‘on (7.4.1.10)

can be rewritten as follows

2 2
1 1 1
N-T n€Ny_r ) neyp :l (N - F)F { neN neNr }
Substituting Equation (G.1) in Equation (7.4.1.10) we get
2N(N =TI
E(é) = aNW-T) G.2)

neN neNr

2
[FZn—N > n} (TR)?

In order to take the derivative of the term > n, i.e. 331~ >- n) we use the
nc9r neNr

result in p. 349 in [66]). There is shown that the derivative D operator of a discrete value

function can be approximated by

1 2 8 A
D= ln(1+A)=—<A—A—+é——...)zz, (G.3)

h 2 3

S =

where A is the value of the difference of the function in two consecutive points, i.e.
A = f(I'+ 1)— f(T'), and h is the difference of the running variable, i.e. h = (I' + 1)-T.

By simply applying the definition of the derivative, we have

.(%(E n) =56T‘.[f(r‘)]= f(”li"f(r) = np . G4)
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Having showed the above, we proceed by taking the partial derivative of Equation
(G.2) w.r. to T in order to find the value of I" leading to minimum mean square estimation

of the frequency offset. We have

%{E(ez)} =0=>(N—2I‘)[FZn—N Z n| =2I'(N - T)
neN neNr (G.S)
1 111 1
n—]\’nr}:»np:——-— n+—[—————] n
LAZJ; Q(N_F)nezm 2i' N-T HGX‘J;]*
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Appendix H Proof that the Soiution of Equation
(7.6.15) Requires [log, N lterations

If we prove that the function inside the absolute sign in Equation (7.6.15) 1s a always
increasing function in the variable I', then it follows that we have a unique solution of
Equation (7.6.15). In addition, only [log, N] iterations are needed to find the solution.

The proof is as follows. For any I', the following is true

1
nr {2(N r)Z [r N = r] Z”}""CT’ (H.1)

neNr
where Cr is any constant that will make the equation valid. Then for the I' 4 1 point,

we have

1 1] 1 1
nr+l_{m\f'——1‘——1)’§n+§[r+1"N~F—1] > ”}zCFH » (H2)

n€Nryy
If we prove that Cr4; — Cr > 0 VI, T = 1,2,.., N, then this ends the proof of the

statement. Let us subtract the /.h.s of Equation (H.1) from the /.h.s of Equation (H.2).

We get
1 1 1
"Mt S N T T N-T-1

Z"*l[l— S S 1}
LTI T+#1 " N-T-1 N-T
Z"+1[ N—2T'-2 ]n i +1 1
) — = n
2|T+)(N=-T—-1)] ™ I+1 =71 (N-T)(N-T-1)

neNr
1 1
{Z”’* b ”}+ { F+1)+(N—I‘)(N—I‘—1)}Zn+

neN, neMNy_r neMNr

1[ N-2r—2 1 2 1
5[(F+1)(N—r-1)}"“1 25{(N—I‘)(N—F—1)+I‘(F+l)} >t

"”‘{” ; [(r ﬁ)(ffr rz— 1>} +;[<N_—IFTT>]}1‘"F -

%{(N—I‘)(J%’—I“—l) r+1}zn+’”‘+l{ 2T +1)

neNr

since nryy —nr > 0V, T' = 1,2, N.
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