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Quality-of-Service Based Assessment of
Synchronization Algorithms

Christina Class

Abstract— In this report we present a Quality-of-Service
based methodology to assess synchronization algorithms.
The methodology comprises two steps: Firstly, synchroniza-
tion algorithms are analyzed based on a defined set of QoS
parameters for synchronization algorithms. Secondly, the
analysis results are evaluated. The assessment methodology
is validated by applying it to two well-known algorithms.
Analysis and evaluation results as well as the assessment of
the two algorithms are equally presented in this report.

I. INTRODUCTION

ULTIMEDIA applications allow for the processing

and presentation of diverse media such as voice, im-
ages, text, etc. Some of these media are time dependent,
i.e., change their values as a function of time. To offer mul-
timedia applications being accepted by users, special atten-
tion has to be paid to the quality of data presentation and
processing. One key aspect related to the quality of time
dependent data such as video and audio is the achievement
of timely correct presentation. This requires the preserva-
tion of time relationships during processing and presen-
tation. The term synchronization refers to mechanisms
that fulfill the task of defining and restoring temporal rela-
tionships of data. Research in the field of synchronization
has been very active since 1990 and numerous solutions
to the problem have been presented. The solutions devel-
oped solve the synchronization problem mainly for specific
applications or in specific environments.

The task of synchronization in multimedia applications
is to retain data’s temporal relationships relative to each
other or to a clock. This includes two steps. Firstly, the
temporal relationships within and between data streams
have to be specified. There are numerous proposals to
specify such relationships ranging from path expressions
[1] and media clocks [2] to petri net based approaches [3],
[4]. [5] defines a temporal reference framework consisting
of five different models of time. The framework allows for
the classification of synchronization specification methods.
The second aspect of synchronization comprises the en-
forcement of specified temporal relationships by synchro-
nization algorithms. While many ideas have equally been
published in this field, a detailed assessment scheme is still
lacking. Therefore, a methodology is required allowing for
the assessment of synchronization algorithms.

In this paper we describe an assessment methodology
of synchronization algorithms which is based on the idea
of QoS for synchronization: We define synchronization as
Quality-of-Service (QoS). Synchronization algorithms can
then be understood as units that provide a specific service
which can be measured and described in terms of QoS pa-
rameters. At this point the question arises what QoS is

offered by specific synchronization algorithms and whether
the synchronization provided by these algorithms differs in
term of QoS parameters.

The concept of QoS requires the configuration, predic-
tion and maintenance of QoS parameters. What does this
mean for synchronization? When are QoS parameters of
synchronization maintained? What values are required for
these parameters? In this paper we propose to analyze syn-
chronization algorithm with respect to the QoS parameter
values that can be guaranteed by the algorithm. There-
fore, we define the notion of guaranteed synchronization in
Section IT before introducing the four QoS parameters for
synchronization.

In Section IIT we present a methodology to assess syn-
chronization algorithms. This methodology is based on the
defined QoS parameters for synchronization. First a notion
of time is introduced which allows to specify asynchronies.
Then the four assessment parameters asynchronies, buffer
requirements, synchronization errors, and delays are de-
scribed in detail. A short paragraphs explains why only the
combination of these four assessment parameters is mean-
ingful for an assessment. The assessment methodology is
then introduced. The section concludes with a discussion
of additional relevant factors.

In Section IV the assessment methodology is applied to
two different synchronization algorithms which have been
published in the literature. We present results from anal-
ysis and evaluation, discuss experiences and present the
assessment resulting from our methodology.

In Section V related work in classification and assessment,
of synchronization algorithms is presented. The paper con-
cludes with a summary in Section VI.

Overall, the findings presented in this papers include:
(1) the definition of synchronization as QoS, (2) the appli-
cation of QoS to assess synchronization algorithms, (3) the
definition of an assessment methodology for synchroniza-
tion algorithms, and (4) the evaluation of the methodology
by applying it to existing algorithms.

II. SYNCHRONIZATION

In general, end-systems and networks provide services
that allow for the retrieval, transmission and display of
multimedia data. But these services generally are not suf-
ficient to provide the required quality of multimedia ap-
plications to the user by simply playing out data. Trans-
mission delay jitters and delay variances in data process-
ing in the end-systems may lead to unsynchronized data
and reduce application quality. The requirements, in con-
trast, for high-quality multimedia applications, especially
when involving continuous media as audio and video, are
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high with respect to Quality-of-Service (QoS). Specifically
for time-dependent data a gap exists between user require-
ments and services offered by end-systems, and networks.
To guarantee for the display of time dependent data only
while it is valid, specific methods have to be applied that
fill this gap. The term synchronization refers to the appli-
cation of such methods. Therefore, synchronization fills the
gap between services offered by network and end-systems
and requirements towards display of data (see Figure 1).

Requirements

<L =

Synchronization

=~

Services

Fig. 1. Synchronization Gap between Services and Requirements

Two different tasks of synchronization can be distin-
guished: Intra-stream synchronization guarantees the cor-
rect display of data belonging to one single data stream.
This implies that data has to be displayed in the correct
order, which we refer to as ordering aspect of intra-stream
synchronization, as well as at the time in which it is valid,
which we refer to as temporal aspect of intra-stream syn-
chronization. Of course, guaranteeing for the temporal as-
pect implies that the ordering aspect also is fulfilled. Guar-
anteeing first for an correctly ordered sequence of data units
to be displayed, on the other hand, can facilitate synchro-
nization as in a second step only the timely correct display
of each first data unit has to be controlled.

The second aspect of synchronization is inter-stream syn-
chronization. Its task consists in establishing the correct
relations between data belonging to two or more different
data streams. Time independent data units might be re-
quired to be displayed concurrently with data units of data
streams. Inter-stream synchronization may be based on the
assumption that all data streams are of the same relevance
or may define one master stream, the other (slave) streams
are synchronized to.

[6] differences between event-driven synchronization
which is necessary for initiating an action within a dis-
tributed system, and continuous synchronization, when
data presenting devices must be tied together so that they
consume data at fixed rates. The algorithms that have been
assessed with our methodology provide continuous synchro-
nization.

Inter-stream synchronization requirements can be of dif-
ferent time scales. If a presentation is recorded, slides
might be synchronized to the speaker’s voice. Syn-
chronization requirements for the audio stream and the
slides are within milliseconds to seconds. In case of lip-
synchronization, i.e., synchronization of a speaker’s audio

with his video stream, synchronization requirements are
more strict and in the lower milliseconds range. Even more
stringent is the time requirement for synchronization of the
two stereo channels of stereo audio being in the microsec-
onds to milliseconds time range.

As data is presented and processed in computers in dis-
crete values (bits and bytes), continuous data streams like
sound, audio, and light, video, have to be digitized and
quantized. One presentation unit (PU) is defined as the
atomic information unit of a media stream that can be dis-
played independently from other presentation units. This
is, e.g., an audio sample or a video frame. The duration of
one PU in data streams is media dependent and can vary
a lot. The wvalid time interval of PU i denotes the interval
in which the presentation of PU i should be started cor-
rectly. The presentation time of a PU indicates the time at
which it is presented in the receiver, whereas the reference
time indicates the point in time at which the PU should be
presented correctly in the receiver.

The term synchronization as used in this paper is based
on the following, temporal definition:

Definition 1 The task of synchronization of multimedia
data is to guarantee that all time dependent presentation
units are only presented within their valid time interval.
The valid time interval for each presentation unit is speci-
fied within the synchronization specification of multimedia
data. |

For all data we can define Topt (i) = [topt,min (i), topt,max (7)]
as the valid time interval in the receiver for PU 4. The in-
terval in which the synchronization algorithm/application
may start the presentation of PU i in the receives is de-
noted as Treal(i) = [treal,min(%); treal,max(¢)]. We can now
define guaranteed synchronization.

Definition 2 We refer to synchronization as being guar-
anteed, iff

dB <o00:Vi: |topt,min(i) — treal,min(?

(i) < B
(i)] < B

(1)

A |topt,ma.x('i) — treal,max

Definition 2 is illustrated in figure 2. The two thick
black lines in the bottom illustrate the values b, =
|topt,min(i) - treal,min(i)| and

by = |t0pt,max(i) - treal,max(i)|- If synchronization guar-
antees can be provided, there exists a B holding equation
(1). In particular by < B and by < B hold.

The two grey triangles in Figure 2 denote points in time
when the corresponding PU might be displayed. As the
point in time marked by the third pale grey triangle is out-
side Tyeqa1, data will not be displayed even if it is within
Topt- We define a synchronization that guarantees for
Trea1 = Topt to be perfect, i.e., synchronization that guar-
antees for Trea; C Topt is not better than synchronization
guaranteeing for Tyea1 € Topt-
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Fig. 2. Definition of Guaranteed Synchronization

Our definition of guaranteed synchronization does not re-
quire an asynchrony of zero. According to [7] asynchronies
below a threshold cannot be perceived by humans. There-
fore, we can allow for asynchronies and still guarantee syn-
chronization as perceived by the user. As the values of
perceiptable asynchronies are media and application de-
pendent [7], guaranteed synchronization is defined as syn-
chronization guaranteeing for asynchrony bounds without
specifying these bounds. The decision whether the bounds
are acceptable for a specified application scenario depends
on the media and the application and is taken in a second
step. Therefore, synchronization for a specific application
can be guaranteed, depending on the facts, whether guar-
anteed asynchrony bounds can be provided and whether
these bounds are acceptable for the specific application.

Quality-of-Service (QoS) has been defined to describe
the service required by a user or application or offered by
a communication protocol. The task of a synchronization
algorithm is the provision of synchronization, i.e., of a syn-
chronization service. Therefore, we can apply the concept
of QoS in order to describe synchronization algorithms.
QoS characteristics of synchronization algorithms can then
be applied to define a set of assessment parameters for those
algorithms.

In [W] QoS is defined as “the set of those quantitative
and qualitative characteristics of a distributed multime-
dia system necessary to achieve the required functionality
of an application.” The concept of QoS involves multiple
principles like the transparency principle, the integration
principle, the separation principle, etc. [9] The integration
principle requires that all architectural layers must allow
for configuration, prediction and maintenance of QoS in
order to meet end-to-end QoS. The provision of quality on
an end-to-end level is necessary for high quality multime-
dia applications. Therefore, QoS parameters for synchro-
nization must be maintained. The definition of guaranteed
synchronization allows to define maintainable QoS values.

The basic idea of QoS of synchronization is depicted in
Figure 3. The synchronization algorithm is understood as
a part of a layer, i.e., as part of the application layer in

Asynchrony Delays  Reliabililty

1 1]

T

Synchronization
Algorithm

I

Buffer
Requirements

—)  Quality-of-Service offered to upper layer

Fig. 3. Synchronization as Quality-of-Service

OSI terminology. It offers the provision of synchroniza-
tion whose Quality-of-Service can be described in terms
of asynchrony for intra-stream and inter-stream synchro-
nization. In Figure 3 four QoS parameters are depicted.
Asynchrony describes directly the QoS of synchronization,
whereas the more general QoS parameters delays and re-
liability are influenced by the synchronization algorithm.
Buffer requirements are required from the lower layer/the
end-system and indicate costs of the synchronization al-
gorithm. These four parameters are discussed in more in
detail in the next section and form a set of assessment pa-
rameters for synchronization algorithms which will be ap-
plied in our assessment methodology equally introduced in
the following section.

III. ASSESSMENT OF SYNCHRONIZATION ALGORITHMS

As defined in Section II, synchronization refers to the
timely correct play-out of multimedia data. This incorpo-
rates that time has to be well defined between the systems
being involved in a distributed multimedia application. For
this reason, we require a notion of time that can be used for
the definition of asynchrony. This time notion is described
in this section. Then the set of assessment parameters is
introduced and discussed in detail before the assessment of
synchronization algorithms is described.

A. Design of a Time System

The term asynchrony refers to the deviation of the
real presentation time from the optimal presentation time.
Such deviations may have different reasons. One main rea-
son lies in different local times in the involved end-systems:
there do not exist two physical clocks that are identical [10].
For this reason different time systems are involved in a dis-
tributed multimedia application. A notion is required to
describe these different time systems.

We first define a notion for distributed multimedia ap-
plications with one sender and one receiver, i.e., with a
point-to-point association.

In the point-to-point case three different time systems
are relevant which are depicted in Figure 4:
o The time system in the sender. All time points in the
sender are denoted with ¢°.
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Fig. 4. The Different Time Systems

e The time system in the receiver. All time points in the
receiver are denoted with ¢".

o The global time system. It serves as a reference time
system and indicates the global, objective time!. Time
points in this time system are denoted with ¢9.

The global time system is introduced to allow for the defi-
nition of synchronized clocks.

The local time system of sender and receiver can be un-
derstood as the result of a mapping of the global refer-
ence time system. This mapping is done specifically for
each computer system, as in the real world the local time
systems of any two computers are not exactly the same.
As time is monotonous in the real world, we can assume
the mapping to be strictly monotonous as well. The as-
sumption of a monotonous time mapping also in case of
clock synchronization is especially reasonable as a non-
monotonous time system may lead to severe problems in
data bases and file systems. The mapping can be denoted
as M. (t) in the receiver:

M.(t):t9 > 1" (2)
and M,(t) in the sender:
M(t): 9 > t° (3)

For every machine we can define the inverse time mapping
that computes the global reference time for the local time.
For the sender and receiver, this mapping can be denoted
as M71(t) and M1(t). Figure 5 depicts the different map-
pings of these three time systems.

P o
Mg (1)

QN

M, (1) Of

Fig. 5. Mapping Between the Different Time Systems

Let t7 and t] denote any points in time in the local time
systems of the receiver and the sender respectively. If both
clocks of sender and receiver are perfectly synchronized, we
determine, under the assumption of ¢} = t;:

Vi MY = M) (4)

1We assume the existence of such a time system whereas the knowl-
edge of the global time is not required for analysis of algorithms.

" Vi s M, (t)) = M, (t9) (5)

i.e., the time in both time systems is always identical.
Real-world clocks are, in general, not synchronized per-
fectly, so the time in the related two time systems is differ-
ent. This difference involves two aspects: Firstly, the time
indicated at one specific time point may have different val-
ues. If the difference is constant, we can easily map from
one time system to the other. Secondly, the clocks may
drift. Drifting clocks advance at different speeds. This
clock drift may have a constant value which results in one
clock that is advancing the other clock increasingly as time
passes by. It may also vary over time. In general, clocks
are drifting, but as they are regularly re-synchronized to a
global time, the time drift is bounded by a minimum value
and a maximum value. These bounds can be expressed as:

Vi bonin < IM7N(E) = M7U(E)| < ba. (6)
with ¢t = t{. Often b,y is assumed to equal 0.

To perform synchronization or any other task in the re-
ceiver being based on some time information specified by
the sender, a mapping between the time system of the
sender and the time system of the receiver has to be per-
formed:

Msr:t" =t (7

The easiest mapping is M, ,.(t]) = ¢i, i.e., the receiver
assumes that the time in the sender corresponds to his time.
The error of this mapping is bounded to the time drift b,,4,
if the time drift itself is bounded.

Of course, there might be also an explicit mapping be-
tween the two time systems. In this case the mapping re-
quires knowledge of the two clocks to perform better than
a direct mapping. In case of synchronized clocks we can, in
general, assume, that the time is directly mapped, i.e., the
error of the mapping is bounded by the time drift. Even if
a different mapping is performed, an upper bound for the
error is specified by the time drift.

If multiple machines are involved, i.e., in case of concast
or multicast, each sender and receiver has its own local
time system. Mappings from one time system to the other
are always specific for this pair of time systems. For this
reason the time drift of all involved machines m; can be
defined as
with ¢/ =72 Vi :

< Mo (87) = Moy (872)] < bimaol8)

\V/ml, mao
bmin
B. Assessment Parameters

In order to assess synchronization algorithms, we need to
define the relevant parameters. The four QoS parameters
for synchronization asynchronies, delays, buffer require-
ments, and reliability (synchronization errors) are base of
the assessment methodology presented in this paper.

B.1 Asynchrony

The asynchrony measures the allowed deviation of the
time interval between two subsequent presentations of PUs
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from the time interval in case of optimal presentation of
these two PUs.2 The time points given in the local time
systems of sender and receiver are mapped to the global
time by the inverse mapping function.

Definition 3 Let ¢; ; denote the reference time of PU ¢ in
the sender’s time system, and ¢ ; denote the presentation
time of PU ¢ in the time system of the receiver. A;, is the
mazximum asynchrony in case of intra-stream synchroniza-
tion, if

Vi o max(0,M;(t 1) — Ms_l(t:,i) —Aja)
< M7t ) - M7NE)
< M ) = M) + A (9)
|
The term max(0, M7 (t7 ;1) — M7'(t: ;) — Asa) avoids

that a large term A,, allows for the violation of the ordering
aspect of intra-stream synchronization.

The intra-stream asynchrony is depicted in figure 6. The
optimal presentation interval is depicted as the black, thick
line. The minimum interval is depicted in the dark grey
color and the maximum interval in the light grey color.
The intra-stream asynchrony is defined as the maximum
deviation of the play-out interval from the interval in case
of optimal presentation of the PUs. These deviations are
depicted by a black line and indicated by a A;, within
figure 6.

Aig A

e
o —{ | |

M) Mgt ) timeais

Fig. 6.

Intra-stream Asynchrony

The following definition of inter-stream asynchrony is a
general one, as it allows for any two streams to be sent
from two different senders.

Definition 4 Let ¢’} k) denote the reference time of PU
7 in flow k in sender s; and t;, (ki denote the presentation
time of PU ¢ in flow k in the receiver. A;. is the mazimum
asynchrony in case of inter-stream synchronization for the
two flows k and [, if

Vi Msil(tif(k,i)) M,, 1( ,(lz)) Aie
< Mr_l(t;,(k,i)) Mt to.(l, z))
< Msjl(tif(k,i)) M ,(lz)) + Qe (10)
[ |

In interactive multi-party applications we can observe a
third kind of asynchrony, the intra-group asynchrony. The

2Note that a time interval can be of length zero to cover inter-stream
asynchrony.

idea of intra-group asynchrony can be illustrated by the
scenario of a video-conference. Given one person A that
tells a joke, the participants in the conference, e.g., B and
C, only hear the end of the joke after a delay has elapsed
that is specific for the synchronization scheme as well as for
the specific transmission link between the parties. Thus,
each of the participants B and C reacts to the joke with
a specific delay. This delay elapses once more until A sees
the reactions of his participants to the joke that has been
told. As the delays between A and B on one hand and
between A and C on the other hand may differ consider-
ably from each other, it is possible that A has problems
in relating the observed reactions to each other and to the
end of the joke he told. The time deviation in the reac-
tions as seen by A, even if B and C react instantaneously
after the end of the joke been displayed locally, is termed
intra-group asynchrony. This intra-group asynchrony may
be especially disturbing for the problem of turn-taking.
Turn-taking refers to the action of agreeing upon the next
speaker in a discussion. Normally this problem is solved by
non-verbal means. These means are only restrictedly avail-
able in video-conferences where the problem of turn-taking
has been observed and reported. [11]

In the literature the maximum asynchrony of intra-
stream synchronization is often referred to as jitter,
whereas the maximum asynchrony of inter-stream synchro-
nization is often referred to a skew. [7] refers to skew as the
essential QoS parameter for synchronization and discusses
user requirements. As shown in [7] low asynchronies are
essential for high user-perceiptable quality and, therefore,
also for the assessment of synchronization algorithms.

B.2 Synchronization Delays

In conferencing applications like video conferences, the
end-to-end delay is another critical QoS parameter. In ap-
plications like Video on Demand that are interactive and
based on stored data the response time depends on the de-
lay of the control command as well as on processing times
in senders. Response times to commands should generally
be kept low. Delay, therefore, has been identified as an
important criterion for multimedia applications.

Synchronization algorithms in general increase the delay
of PUs in order to smooth out transmission jitter in the re-
ceiver. Therefore, the user-perceiptable delay is composed
of two parts. The first part is the end-to-end delay deter-
mined by the network and end-system also including pro-
cessing times of, e.g., commands. The second part of the
delay is the synchronization delay used to smooth out jit-
ter. This part of the delay depends on the specific synchro-
nization algorithm applied and is, therefore, an assessment
parameter for synchronization algorithms.

B.3 Buffer Requirements

In distributed multimedia applications transmission jit-
ters must be smoothed out in order to provide multimedia
synchronization. Smoothing out jitter requires buffer in the
receiver. The buffer requirements are an important char-
acteristic of synchronization algorithms as synchronization
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algorithms can completely smooth out jitter or adapt the
end-to-end delay of PUs to the current transmission delay.
Thus, the buffer requirements describe the buffers available
to the synchronization algorithm to smooth out delay jit-
ter. If the effective jitter is higher than the one smoothed
out by buffers, the algorithm might choose to increase the
delay or synchronization errors occur. Different classes of
synchronization schemes like rigid and adaptive ones imply
different buffer requirements.

B.4 Synchronization Errors (Reliability)

Synchronization guarantees the play-out of PUs within
their valid time intervals. The valid time intervals in the
receiver are defined by the media schedule as well as by
the synchronization algorithm determining the end-to-end
delay of PUs. For this reason, the number of PUs that can
not be displayed within their valid time interval is a further
characteristic of synchronization schemes. With synchro-
nization error we refer to the rate of PUs that cannot be
displayed in time. In [12] different kinds of synchronization
errors and their reasons are discussed.

It is not easy to provide a general definition of a synchro-
nization error for multiple streams that have to be synchro-
nized as there exist multiple possibilities. The interpreta-
tion of the synchronization error depends on the aim of the
analysis and the error must be clearly defined in every anal-
ysis. Some of these possible definitions of synchronization
errors for multiple streams are:

« Following the master/slave concept: a synchronization
error is given, if the master PU cannot be displayed in
time.

« Following the master/slave concept: a synchronization
error is given, if the master or more than a specified per-
centage of the slave PUs cannot be presented in time.

¢ A synchronization error is present, if any of the PUs can-
not be presented in time.

o A synchronization error is given, if a specified percentage
or more of the PUs cannot be displayed in time.

B.5 Selecting Four Assessment Parameters

The defined set of assessment parameters describes four
assessment parameters that are not orthogonal. Delays,
buffer requirements and synchronization errors are highly
interdependent as are also asynchronies and buffer require-
ments. We propose, nevertheless, to include all four pa-
rameters into the set of assessment parameters, as we be-
lieve, that it is important to provide a set of meaningful
parameters to people who want to take a decision in favor
or disfavor of a given synchronization algorithm based on
parameters. We have identified the four QoS parameters
asynchrony, buffer requirements, delays and synchroniza-
tion errors to be meaningful and relevant for such decisions.

Somebody wanting to apply a parameter based assess-
ment in order to decide for or against algorithms is in-
terested in a set of parameter values that shows the ad-
vantages and disadvantages of the algorithms as well as
the trade-offs between, e.g., buffer requirements and asyn-
chronies. These trade-offs can be studied during an anal-

ysis and formulae can be derived. (This happens in anal-
ogy to the analyses described in [12], [13].) Selecting only
one or two parameters and deriving mathematical formulae
describing the mapping to other parameters will decrease
usability. These formulae are different for each algorithm
as they depend directly on the algorithm’s characteristic.
Therefore, users are required to either compare the formu-
lae and their impact on interesting parameters or to calcu-
late remaining parameter values based on these formulae.
For this reason we apply the set of all four interdependent
parameters as base for assessment of synchronization algo-
rithms.

The following example illustrates the relevance of the
four assessment parameters introduced above:

We consider a case with a given synchronization mecha-
nism based on global clocks and a known delay distribution
for the communication as well as an error-free, loss-free
data transmission over the network. In scenario A the re-
ceiver displays all data exactly at ts; +Amax, (Amax known
maximum delay). In scenario B the receiver displays data
at ts; + Amin (Amin known minimum delay) and drops all
PUs arriving too late. In both cases the achievable asyn-
chrony is 0, as all displayed PUs are displayed in time.
Scenarios A and B describe extreme situations, but table I
indicates that one single synchronization quality parame-
ter alone cannot serve as a valid indicator to describe the
overall quality. In scenario C all data is displayed directly
after arrival. Comparing the parameter values in table I
we see that under the given conditions all three scenario
might produce synchronization well enough to the user and
that the base for a decision between A, B, or C is an opti-
mization problem on all four parameters and requires the
definition of an utility function specific to the application.

TABLE I
ASSESSMENT PARAMETER VALUES FOR SAMPLE SCENARIOS

Asynchrony Delay Buffer | Errors
A 0 max max 0
B 0 min min max
C max min ... max | min 0

C. Assessment of Synchronization Algorithms

The goal of analyzing synchronization algorithms with
respect to a set of assessment parameters is the description
of characteristics being inherent to the algorithms and pos-
sibly being the base for a decision in favor or disfavor of
a specific algorithm. In order to do so, we distinguish five
different components being involved in or influencing syn-
chronization. These components are depicted in figure 7
and consist of: (1) User, (2) Application, (3) Synchroniza-
tion algorithm, (4) End-system, and (5) Communication
System or Network.
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Fig. 7. Components of the Synchronization Analysis
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Applications offer data, where at least a part of them
is time dependent and, thus, requires mechanisms to en-
sure a synchronized play-out. Data shows characteristics
being relevant to synchronization, e.g., the size of one pre-
sentation unit, the play-out time of one presentation unit,
and the periodicity. The user of an application has require-
ments with respect to the entire application as well as to
the synchronization itself. Possible requirements for syn-
chronization, as the maximum accepted asynchronies, may
be found in [7]. Application requirements that are relevant
to the synchronization algorithm include, e.g., the data for-
mat and cost requirements in form of buffer requirements.

The end-system has characteristics influencing the syn-
chronization. One important characteristic is the local time
system of the receiver and how well it is synchronized to
the local time system of the sender. Another important
criterion is an end-system’s support of real-time requests.
The synchronization algorithm initiates the synchronous
play-out of data. Synchronization cannot be guaranteed, if
the end-system does not play out the data instantaneously
or with a specified delay that has to be taken into account
by the synchronization mechanism. The communication
system is specified by the characteristics of the underlying
network. Data that is to be played out, but has not (yet)
reached the end-system, leads to a synchronization error.
The delay as well as the packet loss rate of the underlying
network plays an important role for play-out quality after
synchronization.

To be assessed or classified synchronization algorithms
have to be analyzed with respect to the assessment pa-
rameters. After synchronization algorithms have been ana-
lyzed, they can either be assessed for a specific environment
or classified. A sample assessment is based on the values
of the four assessment parameters and will be described
later in this report. The assessment scheme is depicted in
Figure 8. First, a synchronization algorithm is analyzed
obtaining analysis results (A). These results consists of ex-
pressions of variables describing end-system, network and
data characteristics. In order to evaluate these expressions,
variable values for the concrete, given situation have to be
specified. These values, the concrete parameters (B), are
filled into the analysis results (evaluation). The resulting
assessment parameter values are compared with specified
user requirements in order to assess whether the synchro-
nization algorithm is suitable for providing the required

synchronization in the given situation (C).
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Fig. 8. Assessment of Synchronization Algorithms

A similar process can be applied in order to classify the
numerous synchronization algorithms. Typical real-world
scenarios have to be identified and parameter values de-
scribing these scenarios have to be specified (D). These
parameter values have to be filled in the variables of the
expressions resulting from the analysis. Based on the as-
sessment parameter values resulting from this process clas-
sifications can be undertaken that allow to find algorithms
best supporting classes of application scenarios like video-
conferences in local environments with guaranteed maxi-
mum delays (E).

Both, classification and assessment of synchronization
algorithm are based on two different steps:

1. the analysis of synchronization algorithms. During this
process relevant characteristics of data, environment, and
network are parameterized and included in the analysis re-
sults.

2. the ewvaluation of synchronization algorithms. During
this process concrete values are assigned to the assessment
parameters. This assignment is specific for characteristics
of data, environment, and network.

Our assessment methodology requires assessment param-
eters that can be analyzed and evaluated independently
from any specific environment and/or implementation.
The assessment is of general nature and can determine
basic recommendations of situations favorable for the al-
gorithms. In order to decide for or against specific algo-
rithms for synchronization support in specific applications
and environments, other factors than our four assessment
parameters have to be equally taken into account.

Such factor are, of course, the costs of the specific al-
gorithm in terms of, e.g., CPU utilization. In contrast to
the four defined assessment parameters, CPU utilization
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cannot be analyzed mathematically without concrete as-
sumptions on environment and machines. Therefore, CPU
utilization has only been discussed on a very abstract level
in our work, based on pseudo-code in order to conclude
which algorithm requires more CPU [12].

A second factor being dependent on the algorithm as well
as on its implementation is the robustness of an algorithm
and its ability to recover from errors. There are synchro-
nization algorithms that allow for the display of more PUs
than others in case of large delay jitters. These algorithms
are therefore very robust with respect to delay jitters. This
robustness is expressed within the assessment parameter
synchronization errors. Robustness and recovery after er-
roneous situations depend directly from the current imple-
mentation of the algorithms. Therefore, these parameters
are not independent from environment and implementation
and do not fit into our assessment methodology.

Qualitative factors have to be equally taken into account.
These factors can be summarized by the environmental and
application oriented requirements of synchronization algo-
rithms. Synchronization algorithms that have been devel-
oped and published are written for a specific application
and environment. Different computing environments have
different characteristics, e.g., with respect to the architec-
ture that is required. There exist algorithms that require a
central synchronization controller [14] or group agent [15]
or that can perform synchronization without a central unit
like [16]. The architecture and the system, being a com-
munication middleware, a multimedia application program
or an application framework, can facilitate algorithms re-
quiring a specific synchronization architecture or even pre-
vent algorithms from being implemented within the given
environment. Other environmental factors are the require-
ments with respect to global time. There exist synchroniza-
tion algorithms that require global time [17] whereas others
can work pretty well without a specified global time [18],
[19], [20]. Assumptions on the transmission link also need
to be taken into account. Whereas, e.g., Concord [16] as-
sumes a well-known maximum delay, ASP [14] can equally
work for transmission links that do not provide bounded
delays.

Application oriented requirements include all character-
istics of data and synchronization specification that can be
relevant for synchronization. Such characteristics include
the use of time stamps, PU numbers or an explicit media
schedule, the periodicity of data and the relationships be-
tween data streams (master/slave concept versus equally
important streams). In order to decide pro or contra a
given synchronization algorithm for a given synchroniza-
tion task in a given environment, all these factors have to
be taken into account.

By compiling a list of environmental parameters that
have been identified during analysis of synchronization al-
gorithms, algorithms can be characterized based on influ-
ence factors. In combination with qualitative parameters
the algorithms depend on, a template can be created al-
lowing for the qualitative characterization and comparison
of algorithms.

IV. APPLICATION OF THE ASSESSMENT METHODOLOGY
A. Analysis

For analysis purposes, we assume that PUs are sent ac-
cording to the media schedule. The accepted delay of a
synchronization method determines PUs that have to be
stored due to early arrival as well as PUs that have to be
thrown away due to late arrival. This delay influences the
probability of a presentation gap and, thus, the synchro-
nization error probability.

We assume for analysis purpose that content of PUs is
independent, i.e., that the PUs can be processed indepen-
dently. Video compression methods such as MPEG [21]
achieve compression by only coding the differences between
given video frames or by using a frame prediction based
on, e.g., motion vectors and coding the difference between
predicted and real frames, only. These schemes introduce
dependencies between different coded PUs to reduce the
amount of data. After decompression the PUs are again
independent from each other. There are different possibil-
ities to fulfill our assumption of independent PUs:

1. Compression schemes can be used that do not create de-
pendencies between video frames, e.g., Motion JPEG [22].
In general, these schemes have lower compression rates and
are less performant.

2. The synchronization relevant tasks are performed before
and/or after the data is compressed/decompressed. This
results in higher buffer requirements for PUs that have to
be stored in a play-out buffer.

3. Independent PUs can be modeled by adapting the PU
loss rate of the transmission link. If one PU gets loss, it
must be taken into account that other PUs might not be
correctly derived due to this loss. Therefore, the PU loss
rate has to be increased.

Characteristics of the underlying network and end-
systems are parameterized during the analysis. Therefore,
the analysis results remain independent from those charac-
teristics. Data characteristics in terms of parameters are in-
cluded into the analysis as well. The results of the analysis
are expressions of parameters describing the environment?.
These expressions are evaluated by replacing the parame-
ters with concrete values for end-system and network char-
acteristics. This evaluation results in the synchronization
quality characteristics of the analyzed algorithm within the
specified environment. In addition, from the analysis a list
of parameters describing characteristics of the environment
and influencing the synchronization quality can be derived.
These results allow for a deeper, analytical understanding
of the synchronization service provided by the studied al-
gorithm as well as for an analytical assessment of the algo-
rithm by evaluating parameter expressions.

For the analyses carried out, two synchronization meth-
ods belonging to two different classes of synchronization
have been chosen. The Concord algorithm [16] belongs to
the class of rigid synchronization algorithms, whereas the

3In this context environment refers to the environment of the syn-
chronization algorithm, i.e., the communication system, end-system,
data, and application.
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Adaptive Synchronization Protocol (ASP) [14] defines an
adaptive synchronization algorithm. We analyze the al-
gorithms aiming to obtain synchronization characteristics
that can be guaranteed by these algorithms. For this rea-
son, the analyses have to take into account the worst case.

The analyses have been carried out in detail for the uni-
cast case and periodic live data or data that is sent ac-
cording to a media schedule, respectively. The assessment
parameters are visible in the receiver, the asynchronies, de-
lays and synchronization errors are visible to the user and
buffers have to be provided in the receiver. The analysis
results can be transferred directly to multi-party applica-
tions. The receiver specific assessment parameter values
can be obtained based on the characteristics of the specific
associations between receiver and senders. For synchro-
nization groups the delays depend on the maximum delay
of all flows. Special focus has been put on asynchrony,
whereas synchronization errors and partly buffer require-
ments and delays depend to a high degree on the commu-
nication system’s characteristics. The transmission delay
is analyzed, but the start-up delay is not considered, as
this occurs only once during the beginning of a presenta-
tion and does not have a great impact on the quality.* An
excerpt of analysis results is presented in [13] and in [23]
together with a description of the assessment methodology.

The synchronization errors loss of synchronization may
occur due to synchronization information being modified
by an unperceived bit error, errors in the synchronization
function, or additional delays in the end-system. If the
synchronization method is implemented correctly, these er-
rors only occur due to problems in the end-system or the
network and are, therefore, not included in the analysis.
For the same reason, an incorrect time mapping resulting
in loss of a common time base of synchronization errors
is not included in the analysis of synchronization quality.
The parameter synchronization error probability is, thus,
for analysis purposes restricted to the case in which a PU
is not presented.

To present a complete application of the assessment
methodology, we present central resulting expressions of
the performed analyses from [13] while the detailed results
can be found in [12].

A.1 Analyzing the Concord Algorithm

The Concord algorithm [16] is an easy-to-understand and
easy-to-implement algorithm as it achieves synchronization
by guaranteeing for a constant delay of packets for each
data stream. As data is sent periodically, synchronization
is simplified. Unknown network delays only play a role
with respect to the first data packet.

The algorithm computes the delay each packet has to
suffer and operates a synchronization buffer that is imple-
mented as a shift register. A total end-to-end delay (A) is
calculated, which is constant for every packet. This delay
takes into account a specified maximum acceptable delay

4This may be different, if schemes for stored data are analyzed that
allow for in advance transmission of data to minimize synchronization
errors.

and a specified maximum packet loss rate. Three policies
can be chosen to set the A of packets: to minimize the
packet loss rate, to minimize A, or to minimize some sort
of hybrid costs.

[16] assumes that packets are sent periodically with the
period T, which is specified in the media schedule. For
analysis purposes, it is assumed that one packet refers to
one PU. When a PU arrives, it is placed in the synchro-
nization buffer to delay its play-out until the PU suffered
the specified total end-to-end delay. If the delay of the first
packet is not known, the total end-to-end delay cannot be
calculated exactly and, depending on the error of the net-
work delay, several packets need to be dropped. In case of
different rates in the sender and the receiver, which result
from clocks tuning at different speeds, PUs may need to be
dropped or the play-out of PUs may need to be delayed.

Following parameters are required for the analysis:

error in estimating the network delay of first packet
bound on the clock asynchrony
minimum network delay

opt total end-to-end delay specified by the algorithm
T. play-out period of the receiver (local time system)
Tr play-out period of the receiver (global time system)
Ts sending period of the sender (global time system)

In case of the basic Concord algorithm (cf. Table IT),
synchronization can be retained by the algorithm and the
total end-to-end delay is specified by A,,; which is optimal.
The synchronization error is specified by the packet loss
rate that was handed in by the user to determine A,p;.

Buffer requirements per stream are defined by a buffer for
[Aopt_Amin

r

-‘ presentation units (for the basic algorithm).

TABLE II
CHARACTERISTICS OF CONCORD FOR ONE STREAM
asynchrony 0
Aopif
delay (depends on the delay

distribution of the network)

specified packet loss rate
Aopt —Amin
T

synchronization error

buffer requirements packets

In case the network delay of the first packet is not known,
the total end-to-end delay is increased by the uncertainty in
assuming the delay of the first packet. If this uncertainty
is less than the play-out rate, other parameters are not
influenced. In case the uncertainty is higher than the play-

out rate, a buffer overflow may occur and in total [TiJ

additional packets need to be thrown away, resulting in
a momentary asynchrony. After these packets have been
discarded, an asynchrony of 0 can be guaranteed by the
algorithm.

Drifting clocks lead to an additional asynchrony of the
clock drift’s bound. They increase buffer requirements by
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the number of PUs that may be displayed during the time
of the clock drift.

Different sending and play-out rates (7. # 7s) require
that every ﬁ—th packet has to be discarded or dupli-
cated which adds to the asynchrony. In case of a faster
receiver, the delay is slightly increased, but buffer require-
ments are not influenced.

In an environment that has, e.g., unknown network delay
and different production and service rates, values for QoSy
parameters have to be combined to assess the algorithm for
this specific environment.

The asynchrony of a synchronization group results in
the maximum of all stream asynchronies plus € in case of
bounded clocks. The delay is specified to be the maxi-
mum delay of streams belonging to this synchronization
group. The buffer requirement for the whole group is sim-
ply the sum of buffer requirements of all streams. Hereby
it must be taken into account that buffer requirements per
stream must be calculated with respect to the delay of the
synchronization group. The buffer requirement for one iso-
lated stream may be smaller, if its maximum network delay
is smaller than the total end-to-end delay for the group.

A.2 Analyzing ASP

The Adaptive Synchronization Protocol (ASP) [14] is an
adaptive synchronization algorithm with centralized con-
trol. It monitors the underlying network and adapts to
changing network conditions. The control mechanism of
this protocol is based on the buffer level. One synchroniza-
tion group consists of one controller for the whole group and
one agent per stream. An agent is a software entity con-
trolling an individual stream. The packet sequence must
not be changed by the underlying network.

ASP distinguished between one master stream and slave
streams. A master stream defines a stream, where slave
streams are synchronized to.

ASP is based on stream rates, i.e., data is periodic. The
controller sends a start message to source agents, and sink
agents start the play-out of data after an initial delay of A.
A is the maximum delay of all data transmissions plus the
delay that is needed to fill the buffers to a minimum level.

ASP consists of four different protocols. The goal of
the algorithm is to minimize the end-to-end delay or to
minimize the data loss, respectively, depending on the syn-
chronization policy chosen and the actual network state.
To achieve this goal, a buffer area is defined in each play-
out buffer. The buffer fill must be kept within this buffer
area. Buffer regions below or above this area are critical.
In the master stream a second buffer area is defined, a tar-
get buffer area. This area is within the buffer area of the
master. The stream agent of the master tries to keep the
buffer fill within this target area and adapts the play-out
rate while the sending rate remains unchanged, whenever
the buffer fill is outside the target area. The adaption is
performed by sending an Adapt message to slave agents.
The message contains the end time for the adaption phase
as well as the media time that has to be valid at the end
time. Master and slaves adapt their play-out rate, thus,

that the specified media time is valid at the end of the
adaption phase. In case a slave buffer fill enters a criti-
cal buffer region, the slave triggers an adaption phase and
becomes a tentative master.

There are two different kinds of adaption phases. The
goal of a slowing down adaption phase is to slow down the
play-out rate for a given time interval to increase the buffer
fill. If the buffer fill has to be decreased, the speeding up
adaption increases the play-out rate during the adaption
phase.

Following parameters are required in the analysis:
Apin minimum network delay in the master stream®
A e maximum network delay in the master stream®
c width of the target buffer area (1 in case of a

tentative master)

im accepted jitter of the master stream
is accepted jitter of the slave stream
Ly length of the adaption phase as defined by the master
l time to rest in the slave stream for carrying out
an adaption phase
T,.m play-out period of the master stream (in the local
time system)
T, s play-out period of the slave stream (in the local
time system)
€ bound for the clock asynchrony

“During a time interval.

If no adaption has to be performed, the intra-stream
asynchrony achieved by ASP equals 0 or € in case of
bounded clocks. This is a similar result as for the rigid
Concord algorithm. But the delay of the stream is smaller
than the delay for the Concord algorithm. It is determined
by Anin + % ~c-jmor Apas — % -¢- jm, and it is smaller
than the maximum total end-to-end delay, that can guar-
antee for a given data loss probability as, e.g., the delay in
the Concord algorithm. A,,;, and A,,,, are not fixed, but
can vary over time to adapt to the current network delay.
The delay in all streams is determined by the delay of the
master stream. The delay during an adaption phase and
its changes depend highly on the current situation in which
the adaption phase takes place.

The asynchrony can be calculated for different adaption
phases. The value of the asynchrony depends on the length
of the adaption phase in the master and also on the length
of the adaption phase in the slave which may be shorter due
to propagation delays of the Adapt message in the network.
This can lead to a significantly higher asynchrony. The
asynchrony also depends on the width of the target buffer
or the buffer region in a tentative master. Tables ITI and IV
depict asynchrony and delay parameter values for master
and slave streams.

The buffer fill smoothing function also influences the
adaption phase, as this function determines, when an adap-
tion phase is entered and how aggressive the stream agent
reacts to delay differences in the network. The synchro-
nization error probability depends on the buffer width in
the stream, the above mentioned smoothing function, and
the number of adaption phases, the delay of the network
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TABLE III
CHARACTERISTICS OF ASP FOR MASTER STREAM

Minimum Delay Minimum Loss
Policy Policy
no adaption in progress
asynchrony 0
delay Amm+%-c-jM|Amw—%-c-jM
slowing down adaption
asynchrony %If#
delay increasing
speeding up adaption
asynchrony Trm — ¢ ITT’_M Lm
b oo
delay decreasing

and the bit rate. If the adaption phase is not delayed until
all slave agents received the Adapt message, the synchro-
nization error probability is increased.

TABLE IV
CHARACTERISTICS OF ASP FOR ONE SLAVE STREAM

Minimum Delay Minimum Loss
Policy Policy
no adaption in progress
asynchrony 0
delay Amin+ 3¢ M | Amae — 3 Cju
slowing down adaption
asynchrony 2 'Cl'j it
Tr,8
delay increasing
speeding up adaption
Tr,s Trl s
asynchrony Trs — +1— ——
et |H s
delay decreasing

Concerning buffer requirements, [ﬁ-l and [IJT—SS-I de-
note the buffer size in PUs for the buffer region in the
master and the slave. Real buffer requirements are higher,
as there exists also a critical buffer region below and above
the buffer region which ASP takes into account.

The inter-stream asynchrony provided by ASP equals 0
or ¢, in case of bounded clocks, if there is no adaption
phase in progress. The inter-stream asynchrony in adap-
tion phases is limited to % - ¢ - jpr which describes the
value by which the media time has to be corrected dur-
ing the adaption phase. This asynchrony may occur in
case that one slave agent receives the Adapt message af-
ter or at the end of the adaption phase. If the adaption
phase is delayed until all streams receive the Adapt mes-
sage, the inter-stream asynchrony remains 0. In case of
master switching, when a master and a tentative master

may send contradicting Adapt messages, this inter-stream

asynchrony is determined by the sum of the value by which
both streams want to change the media time. The delay
of the synchronization group is specified by the delay of
the master stream. As for the Concord algorithm, buffer
requirements for single streams are added to obtain buffer
requirements for the whole synchronization group.

A.3 Discussion of Analysis Results

The results of the analysis of the Concord algorithm con-
cur with the values for buffer size and delay as discussed in
[16], validating our results. As asynchrony has been partly
discussed in [16], parts of our results concerning asynchrony
as well as the discussion on synchronization errors provided
in [24] and mentioned above determine new results. These
results corroborated our assumptions on the quality and
performance of the algorithm. Based on the simulation in
the CINEMA environment [25], more detailed discussions
on buffer requirements and stability issues of ASP are in-
cluded in [26] and [14]. In contrast, the provided analytical
results above, especially concern asynchrony. The obtained
results illuminate the concrete effect of adaptation phases
and illustrate that it is possible to remain largely within
the asynchrony limits defined in [7] even during adaption
phases. This was shown by simulation in [26] and [14].

Based on the analysis, a list of influencing factors for
the QoS of synchronization for both algorithms has been
derived. Besides providing more insight in the function-
ing of the algorithm, these results can be incorporated into
templates characterizing qualitatively synchronization al-
gorithms and serving for comparison of synchronization al-
gorithms. The influencing factors as well as analysis results
are specifically helpful to tune environmental parameters to
increase user-perceiptable quality of distributed multime-
dia applications.

Characteristics of the Concord algorithm have been di-
rectly derived from the description of the algorithm. In case
of ASP this was not straight-forward, as there are many
interdependent and changing parameters, influencing the
behavior of the algorithm. Analysis is a time consuming
task, but offers also a lot of insight to the algorithm and
can be base of assessment, and qualitative characterization
of algorithms as well as of decisions on how to improve
the QoS parameter values of synchronization by changing
the environment (network and end-system characteristics,

e.g.).
B. FEwvaluation
B.1 Evaluation Method

As already discussed in this paper parameter expressions
resulting from analyses have to be evaluated by using con-
crete parameter values that describe the environment like
delays and error rates.

Evaluations of synchronization algorithms may have dif-
ferent goals:

« based on the evaluation one or more algorithms that are
best/reasonably well suited to solve a given synchroniza-
tion problem are to be chosen. Thus, the goal of the evalu-
ation consists in an comparison of different algorithms for
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a given problem. In this case the algorithms should conse-
quently be evaluated with parameters describing the given
synchronization problem.

o based on the evaluation a classification of several algo-
rithms with respect to some specified synchronization prob-
lems may be obtained. Thus, the evaluation should be
based on parameters that describe best the different syn-
chronization problems used as base for the classification
scheme.

« based on the evaluation conclusions on the behavior and
the advantages of the algorithms shall be drawn as base for
an assessment. To do so we need to cover a parameter space
that allows to see the different behaviors of the algorithms.
The goal of the evaluation presented lies in conclusions of
this kind.

For the evaluations we need, in consequence, parameter
values that cover a wide parameter space. To obtain pa-
rameter values used for evaluation, three different methods
can be applied:

1. real-world measurements

2. simulation measurements

3. theoretically constructed scenarios

These ways of obtaining parameter values are evaluated
based on their ability to provide parameters that cover the
required parameter space:

1. real-world measurements: If real-world measurements
are used to obtain the parameter values that are the basis
for the evaluation, we require either to measure all possible
environments in order to cover the parameter space or to
choose some environments that can span the parameter
space. Whereas the first possibility results in too many
environments that are to be measured as to be realistic, the
second possibility requires specific, in advance knowledge
of the parameter space that is relevant for the evaluated
algorithms as well as of the environments that can span
the required parameter space.

2. simulation measurements: The same problem holds for
measurements that are obtained during simulations. Either
all possible cases have to be simulated to allow for span-
ning of the parameter space or theoretical knowledge of the
algorithms is required to correctly choose simulations for
measurement.

3. theoretically constructed scenarios: The same theoreti-
cal knowledge of the behavior of the algorithms as required
for above methods can be used to directly construct differ-
ent scenarios and to use the parameters describing these
scenarios as base for the evaluation. The use of theoreti-
cally constructed scenarios allows for the exploration of the
parameter space while using a data set of a reasonable size.

A theoretical in advance knowledge of some characteris-
tics of the algorithms is required in all three cases. This
knowledge can be acquired during the process of analysis
of algorithms. We have chosen to base the evaluation pre-
sented here on theoretically constructed scenarios.

Our goal is the evaluation of two different synchroniza-
tion algorithms, Concord and ASP. Whereas Concord is a
rigid synchronization method and base on a constant delay
for all data units, ASP adapts the end-to-end delay of data

units to the current network delay.

For this reason, the algorithms should behave differently
when the transmission delay varies. Therefore, the evalu-
ation of the analyzed algorithms is based on the following
basic scenarios:

1. constant known delay

2. variable delay with small jitter

3. variable delay with large jitter but slowly changing delay
4. variable delay with large jitter and fast changing delay

Based on the knowledge of the algorithms that has been
gained during analysis, we suppose that in the first case
which is based on a constant delay, the delay of the rigid
and the adaptive algorithms is the same and that the dif-
ferences in other fields become clear. In case of a small
delay variance, the delay gains of the adaptive algorithm
will probably be not very important compared to the rigid
algorithms. This will probably be different in the third
case where the delay variances are quite high. The fact
that the delay changes vary slowly should make this case
a preferred scenario for the adaptive algorithm, thus show-
ing the advantages over the rigid ones. The abrupt delay
changes in case 4, supporting a high delay variance, might
lead to unsteady behavior of the adaptive algorithm which
requires numerous adaptations.

Due to the fact that Concord as well as ASP are only
suited for the case of periodic data, the evaluation will not
take into account non periodic data.

As the parameter space to cover is wide, we exclude bit
errors leading to synchronization errors in the presented
evaluation. Standard video compression techniques like
JPEG [27] and MPEG [21] reduce the probability of loos-
ing a whole image of a video sequence in cable networks
to almost zero. Even for mobile environments with their
very elevated error rates in data transmission compression
schemes exist, that rarely cannot present a video image at
all (e.g., WaveVideo [28]). As disturbances in audio pre-
sentation are remarked very easily and as the number of
audio data that is to be transmitted generally is not so
high compared to video, schemes for FEC as well as data
replication should be applied in order to prevent data loss.

In table V we define four basic evaluation scenarios A to
D based on the different delays.

TABLE V
THE FOUR BASIC EVALUATION SCENARIOS

the delay is known and constant

the delay varies. The jitter is small

the delay varies. The jitter is large, but delay
changes slowly (we use the TES [29]

method to compute the delays, and define
the interval length for TES as 10 % of the
jitter and to be equally around the last delay)
D | the delay varies. The jitter is large and delay
changes may occur abruptly

Q| H| =

For these basic scenarios we have defined different eval-
uation scenarios based on delay /jitter values.
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In [12] the detailed evaluation of all four evaluation sce-
narios is described.

First, scenario A has been evaluated. As the delay re-
mains constant the scenario’s parameter values are inserted
in the formulae derived from the analyses to directly obtain
evaluation results.

As the transmission delays are constant in scenario A,
this allows for the study of the effect of drifting produc-
tion and service rates within scenario A. Effects that can
be observed within this study are exclusively related to the
drifting rates. For this study Mathematica™ simulations
for both, Concord and ASP, have been carried out. In case
of Concord the effects have been studied for a faster and a
slower receiver. In case of ASP a choice of ASP internal pa-
rameters, e.g., the length of the adaption phase, is required
for simulations and the calculation of asynchronies during
adaption phases. In order to derive results that are valid
for ASP independently from the choice of ASP internal pa-
rameters, the length of the adaption phases as well as the
target buffer area have been varied during the evaluation
process.

The evaluation of scenario B has first been done based on
the insertion of scenario parameter values in the analysis
results. As equal production and service rates are assumed
for evaluation purpose, Concord does not skip or duplicate
PUs. Therefore, no Mathematica™ simulations have been
carried out for Concord. Simulations have been carried out
for ASP in order to evaluate its behavior in case of scenario
B. The target buffer area, which influences the necessity of
adaption phases, and the length of adaption phases were
changed during evaluation.

The evaluation of scenarios C and D is described and
discussed together in [12]. After inserting the scenario pa-
rameter values into the formulae and discussing the results,
one scenario has been simulated in detail with different
adaption phases and different transmission delay curves.
Two other scenarios have also been simulated. The dis-
cussion of evaluation results in [12] presents only results of
the evaluation of one single scenario D. Based on the dis-
cussed observations during other evaluations enough data
is presented for the assessment as described in this paper.

As the evaluation of inter-stream synchronization is
based mainly on the evaluation of intra-stream synchro-
nization, and as advantages of algorithms with respect to
assessment parameter values are visible in inter-stream syn-
chronization similarly to intra-stream synchronization, we
have been concentrating mainly on the discussion of intra-
stream synchronization assessment values.

The evaluation process revealed many detailed informa-
tion about the QoS parameter values for synchronization,
specifically delays and asynchronies, as well as buffer re-
quirements. The detailed results are presented and dis-
cussed in [12]. In the following paragraphs, two results
are shortly discussed to demonstrate the kind of results
obtained during evaluation.

As already mentioned, scenario A is based on the as-
sumption of a constant and well-known end-to-end delay.
This scenario allows for the isolated study of effects of drift-

ing service and production rates, which may result from
unsynchronized clocks. The scenario which has been cho-
sen to study these rates is not very realistic but visualizes
clearly the effects. We assume a slower receiver with a ser-
vice rate 29 images per seconds, whereas the sender sends
30 images per second. This results in a buffer overflow, if
we assume a buffer of the length of one single image, every
second. In Concord, one image is skipped, i.e., thrown away
every second to cope with this buffer overflow. Delays are
constantly increasing in case of Concord until an image is
thrown away, and then decreased again to the value of the
end-to-end delay (see figure 9 (a)). Assuming a constant
end-to-end delay of 0.1 s, the average delay for Concord is
about 0.115 s.

PU nunber PU number

25 50 75 100 125 150 175 200

20 40 60 80 100 120 140

(a) Concord (b) ASP

Fig. 9. End-to-end Delay for a Slower Receiver

As is shown in figure 9 (b) the end-to-end delay with ASP is
longer, its average is at 0.158 s. As ASP is an adaptive syn-
chronization algorithm, buffer sizes play an important role.
Above and below the target buffer area are critical buffer
regions. We assume that such a region can at least buffer
one PU, in case of video this means one image. The critical
buffer region below the target buffer area has to be filled
before play-out starts. This delays the play-out of the first
PU by 0.033 s to 0.133 s. After one second one additional
PU is in the buffer and only after the target buffer area is
completely filled, adaption phases are started to empty the
buffer. As the buffer is not completely emptied but only
to within the target buffer area, the delay applying ASP is
and remains for all PUs longer than applying Concord. Of
course, the case that a maximum delay is well known and
can be guaranteed which allows Concord to outwork ASP
is not the most general case.

The second example illustrates how ASP adapts the end-
to-end delay to the transmission delay. In scenario C we
have chosen a transmission delay varying between 0.06 s
and 0.1 s. We have assumed the delay in the end-system
to be constant and to equal 0s. A sample sequence of
transmission delays is shown in figure 10 (a) whereas fig-
ure 10 (b) shows the end-to-end delay. We can observe
that the end-to-end delay follows the shape of the transmis-
sion delay. The average transmission delay has a value of
0.0759 s whereas the average end-to-end delay has a value
of 0.12632 s and is, thus, higher than the end-to-end delay
of 0.1 s as achieved by Concord. The adaptive algorithm
ASP can outwork Concord with respect to smaller delays
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as soon as the delay jitter is higher than the target buffer
fill expressed in time units.

0.1 0.15)
0.09 0.14
0.08 0. 13|
0.07 0. 12|
0.06 0.1
0.05 0.1

PU nunber 0. 09

PU nunber
800 1000 200 400 600

200 400 600 800 1000

(a) Transmission Delay (b) End-to-end Delay

Fig. 10. Transmission and End-to-end Delay for ASP

C. Assessment

As the evaluation of inter-stream synchronization is
based mainly on the evaluation of intra-stream synchro-
nization, and as advantages of algorithms with respect to
assessment parameter values are visible in inter-stream syn-
chronization similarly to intra-stream synchronization, we
concentrate on the discussion of intra-stream synchroniza-
tion assessment values.

Given a constant delay Concord has better delay, buffer
and asynchrony characteristics than ASP in case of drifting
production and service rates. But ASP, in contrast, allows
for the play-out of all PUs.

If the jitter is small, Concord also offers better delay,
buffer and asynchrony characteristics. If the target area
width in ASP is large enough, ASP also can synchronize
data with an asynchrony of zero. The delay increase in
ASP depends on the required buffer fill and plays the more
a role the smaller the maximum transmission delay is.

If the jitter is large, ASP can achieve delay gains. But
the delays may be higher than in Concord, as well. Asyn-
chronies introduced by adaptions are not important, as
adaption phases can be chosen long enough so that asyn-
chronies can no longer be perceived by the user. In case
of large jitter, buffer gains in ASP can be significantly. If
delays are not changing slowly, the delay gains in ASP are
very small, if they can be achieved at all. In this case ASP
only is advantageous with respect to buffer requirements.

If delays cannot be bounded, i.e., if we have an un-
bounded delay, only an adaptive scheme, i.e., ASP in our
case, can guarantee for the play-out of all PUs.

TABLE VI
ASSESSMENT OF CONCORD AND ASP
Asyn- | Maxi- | Average | Buffer | Com-
chrony | mum Delay Re- plete
Delay quire- | Play-
ments out

Constant Delay, Drifting Production and Service Rates

Concord 0 0 0 + -
ASP - - 0/- 0 +
Constant Delay
Concord + + + + +
ASP + - - - +
Small Jitter
Concord + + + + +
ASP + - - 0 +

Large Jitter, Small Maximum Delay,
Delay Changing Slowly

Concord + + 0 - +
ASP 0/+ -/0 -/0 + +
Large Jitter, Large Maximum Delay,
Delay Changing Slowly
Concord + 0 0 - +
ASP 0/+ 0 0/+ + +
Large Jitter, Delay Changing Fast
Concord + + 0 - +
ASP 0/+ 0 0 + +
Unbounded Delay (maximum delay assumed)
Concord + 0 0 0/- -
ASP 0/+ 0 0 0/+ +

The results are summarized in table VI.(+) indicates
that the algorithms behave very well with respect to the
identified criterion, (0) indicates indifference or a behavior
that is not so bad, whereas (-) indicates an undesirable
criterion value. The results are always specified in order
to compare the two algorithms and provide an assessment.
The criterion complete play-out refers to synchronization
error probabilities.

Asynchrony will be an important criterion for all high
quality multimedia applications in which data must be well
synchronized. As [7] points out, asynchronies are very im-
portant and stringent criteria. Such applications might be
video movies, recordings of concerts, etc. The parameter
mazimum delay will probably play a vital role in many
interactive applications especially in those that involve di-
rect and regular interactions between humans. Such appli-
cations include video-conferencing. The problem of turn-
taking, e.g., might be aggravated by longer delays. Intra-
group asynchrony is vitally influenced by long delays. Next
to maximum delays, the average delay also plays a vital
role. In specific scenarios, especially if average and max-
imum delay really drift, a lower average delay might be
preferable even for the price of temporally higher maxi-
mum delays. Also for this case we might think of video-
conferencing, where problems of high delays might be de-
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creased by smaller delays most of the time. Buffer require-
ments indicate some cost factors. On workstations and
alike, they probably play no important role. But if we
think of cheap stations where synchronized data is to be
played, e.g., a cheap receiver for Video on Demand appli-
cations, buffer requirements especially for video data might
become too expensive if they exceed a specific number of
PUs. The complete play-out of PUs is vital for many high
quality multimedia applications or data streams where sin-
gle PUs are highly interdependent and must all be handled
by the device.

In order to find the right scheme out of the rigid Con-
cord and the adaptive ASP, for each criterion values have
to be assigned to (+), (0), and (-) and then an overall
value for each delay scenario can be calculated based on
weights. These values allow for the choice of one scheme.
The definition of such values equals the definition of a util-
ity function. To define a utility function correctly detailed
user studies are required. Such user studies are currently
carried out in the TIK institute. First results have been
described within a master’s thesis [30].

In order to demonstrate the application of our assess-
ment based on utility functions, we have defined two sam-
ple functions. The first might be used within a video-
conference. The weights for the different criteria are:
(1,3,3,2,1,), i.e., asynchrony has the weight 1, maximum
delay the weight 3, average delay also the weight 3, buffer
requirements the weight 2 and the complete play-out the
weight 1. This means that delays are specially important,
i.e., main attention should be paid to minimize delays.
Buffer requirements are also important, i.e., the algorithm
should try to minimize buffer requirements in order to save
costs in end-systems. The correct and complete play-out is
less important during the application, people can interpo-
late some information that is missing. The utility function
further assigns (—) =-2, (0) =0 and (+) = 1. This as-
signment means that the algorithm should at least behave
quite good, perfection is not so important, but a bad be-
havior in one criterion is judged to be very negative. The
application of the utility function for the constant delay
scenario with drifting service and production rates in case
of the Concord algorithm ((0), (0), (0), (+), (-)) results in
1-043-0+3-0+2-141-(—2) = 0. The utility function applied
to ASP in the same scenario ((-), (-), (0/-), (0), (+)) results
in1-(—2)+3-(-2)+3-(3 - (0+ (-2))) +2-0+1-(1) = —10.
A possible utility function for CD quality audio on de-
mand could be the following (4,1,1,1,4), i.e., small asyn-
chrony as well as the complete play-out of data is ex-
tremely important. In this application it is important
to fulfill criteria very well, therefore the following assign-
ment is defined: (-) =-1, (0) =0 and (+) =2. The
application of the utility function in case of the same
scenario as above for the Concord algorithm results in:
4-0+1-04+1-04+1-2+4-(—1) = —2. and for ASP in:
4-(-1)+1-(-1)+1-(3-(0+(-1))) +1-0+4-2=+25.

As result of the application of utility functions we can
state that in the calculated example, constant delay with
drifting service and production rates, i.e., clock drift, ASP

is preferable in case of high quality CD audio and Concord
is preferable in case of a video-conference. Applying the
same utility functions to table VI we obtain table VIL. In
this table the utility function value of the recommended
algorithm is marked bold.

TABLE VII
APPLICATION OF THE SAMPLE UTILITY FUNCTIONS TO THE
ASSESSMENT
| | Concord | ASP |
Constant Delay, Drifting Production and Service Rates
video-conference 0 -10
CD quality audio -2 2.5
Constant Delay
video-conference 10 -14
CD quality audio 22 13
Small Jitter
video-conference 10 -10
CD quality audio 22 14
Large Jitter, Small Maximum Delay,
Delay Changing Slowly
video-conference 1 -0.5
CD quality audio 17 12
Large Jitter, Large Maximum Delay,
Delay Changing Slowly
video-conference -2 5
CD quality audio 15 14
Large Jitter, Delay Changing Fast
video-conference 1 3.5
CD quality audio 17 14
Unbounded Delay
video-conference -3 2.5
CD quality audio 3 12.5

The utility functions that have been applied to derive
table VII have been guessed. In order to derive correct
results for real-world applications, utility functions have to
be studied.

As Concord and ASP behave typically for receiver-based
algorithms being adaptive or rigid, we believe that the re-
sults of the assessment with the (+,0,~) values can be gen-
erally applied to decide between these two classes of algo-
rithms. This assumption, however, only can be validated
by the analysis and evaluation of many more algorithms
belonging to these two classes.

V. RELATED WORK

The assessment methodology described in this paper is
not the first classification scheme that has been proposed
in the literature. Due to the number of existing synchro-
nization approaches and the relevance of synchronization
for multimedia applications, different classification schemes
have been proposed. We will discuss these schemes in short.
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[31] defines a four layer synchronization model (the Inte-
grated Object Synchronization Model) consisting of stream
synchronization, object synchronization, window manager,
and application layer.

1. Transport Mechanism/Stream Synchronization:

This layer can be mapped to layer one to four of the
ISO/OSI reference model. It provides services to support
stream synchronization as well as other network services.
Functionality for the control of skew, jitter, utilization and
reliability as well as of other QoS parameters is required.
Multimedia objects are synchronized at the stream level,
i.e., single audio packets and video frames are visible.

2. Object Composition/Object Synchronization:

This layer can be mapped to the session and presentation
layer of the ISO/OSI reference model. It is responsible
for synchronization at the level of objects. The applied
algorithm should be suitable for real-time presentation of
concurrent media. Synchronization is performed based on
audio verbalizations and video segments.

3. Window Manager and Application Layer:

These layers belong to the application layer in the ISO/OSI
reference model. They implement both the user interaction
functionality. Synchronization on this level is very coarse.
Synchronization points occur at invocations and termina-
tions of application programs, object selection or query,
pause operations, or any other user-object operation.
Based on this object synchronization model, both schemes,
Concord and ASP belong to the same synchronization
layer, i.e., to the stream or object layer depending on the
granularity of PUs. For this reason, the model cannot be
applied in order to compare and classify Concord and ASP.
The classification is not fine-grained enough.

The Synchronization Reference Model [32] is described
by the four layers media layer, stream layer, object layer,
and specification layer.

Synchronization mechanisms are implemented on each
layer and provided by appropriate interfaces, which can be
used to specify or to enforce the temporal relationships.
They define services that can be used by an application
directly or by the next higher layer. Higher layers offer
higher programming and Quality-of-Service abstractions.

An application operates at the media layer on a single
continuous stream, seen as a sequence of logical data units.
Using this layer, the application itself is responsible for
intra-stream synchronization.

The stream layer operates on continuous media streams
as well as on groups of media streams. In a group all
streams are presented in parallel by using mechanisms for
inter-stream synchronization. The offered abstraction is
the notion of streams with timing parameters concerning
the QoS for intra-stream and inter-stream synchroniza-
tion. The streams are executed in a real-time environment
whereas applications using the stream layer services are
executed in a non real-time environment.

The object layer operates on all types of media and hides
the differences between time independent and time depen-
dent media. The layer takes a synchronization specification
as input and is responsible for the correct schedule of the

overall presentation.

The specification layer is an open layer without explicit
interface. It contains applications and tools allowing for
the creation of synchronization specifications. [33] and [34]
describe the same reference model.

The two algorithms Concord and ASP belong to the
same layer, the stream layer, of the synchronization ref-
erence model. For this reason, this model is not suitable to
compare the two algorithms. The classification based on
the proposed model is too high level.

The evaluation of multimedia synchronization schemes
by Ehley, Furht and Ilyas is described in [35]. A classi-
fication of synchronization algorithms is proposed based
on four different data location models: local single source
local, local multiple sources, distributed single source, dis-
tributed multiple sources.

Synchronization techniques have been classified based on
a tree structure. The basic classification criterion is the lo-
cation of the synchronization control. The local schemes
that can control synchronization at different levels within
one workstation or on servers and co-processors, are not
suitable for distributed multimedia applications as aggra-
vating factors of data transmission like delay jitters are not
taken into account. According to [35] synchronization in
distributed multimedia applications can either be protocol-
based at sending and /or receiving processes, network-based
with distributed synchronization functionality among all
internetwork gateway nodes, as well as within servers or
CO-Processors.

Based on the classification of Ehley et al. Concord as well
as ASP provide distributed protocol-based synchronization
and, thus, belong to the same class of algorithms.

In [36] several inter-stream synchronization schemes are
compared based on a specified criteria catalogue. The au-
thors have chosen the methods of multiplexing or interleav-
ing, out-of band and time-stamping and evaluated them
based on the criteria:

e Prerequisites: network wide clocks, availability of extra
channels, alteration of data streams.

o Type of applications: stored data, real-time (live data),
different sources.

o Costs: extra messages, additional channels, processing
costs.

o QoS requirements: delay/jitter, error, order of delivery.
Concord and ASP are both synchronization schemes which
are based on the time-stamping approach. The QoS cri-
teria delay/jitter and error are also included in our set of
assessment, parameters, but the criteria catalogue as pre-
sented in [36] is not fine grained enough to assess Concord
and ASP with respect to each other.

[37] describes an approach to build a test environment
for synchronization algorithms that measures skew, drift,
jitter and losses. These parameters are also incorporated
in our set of assessment parameters. Based on this appara-
tus, arbitrary synchronization schemes are measured and
results are discussed. The apparatus is designed in order to
allow for the measurement of synchronization performance
of any synchronization algorithm, but it has not been eval-
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uated by applying the described method to synchronization
algorithms that have already been published in the litera-
ture. With our assessment scheme as described in part II
we propose a classification method that allows equally for
the determination of the described parameters skew, drift,
jitter and losses. Our methodology is not based on mea-
surement results but on analytical results and has been, in
addition, evaluated by applying it to existing synchroniza-
tion algorithms.

VI. SUMMARY

In this report we have introduced the concept of QoS
for synchronization algorithms. We have further applied
this concept in an assessment scheme for synchronization
algorithms and have presented assessment results for two
specific synchronization algorithms.

QoS for synchronization algorithms can be defined based
on the understanding of a synchronization algorithm as a
layer that fills the gap between services provided by net-
works and end-systems and the requirements of user and
application. Based on this concept four QoS parameters
have been identified that allow for the description of the
synchronization service. Asynchrony is the inherent QoS
parameter for synchronization whereas the more general
QoS parameters reliability and delays are influenced by
synchronization algorithms. Buffer requirements are QoS
parameters being offered by lower layers. The parameter
asynchrony has been formally defined based on a time sys-
tem that has equally been introduced. Based on a defini-
tion of guaranteed synchronization QoS parameter values
of synchronization algorithm can be analyzed.

The presented assessment methodology consists of a QoS
based analysis of synchronization algorithms and an evalu-
ation of analysis results. Both steps are introduced and dis-
cussed in detail in this report. In order to demonstrate the
application of the assessment methodology, analysis and
evaluation results of two well-known synchronization algo-
rithms are presented in this report. Based on these results
an assessment of the two algorithms is provided.

If assessment parameter sets can be defined for other
algorithms, our methodology can also be applied in order
to assess algorithms aiming to solve different problems.
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