
A Methodology to Assess Synchronization Algorithms

for Distributed Applications

Christina Class, Burkhard Stiller

Computer Engineering and Networks Laboratory (TIK)

Swiss Federal Institute of Technology, ETH Zürich
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Abstract

The need for algorithms providing synchronization be-

tween audio and video data was driven by the advent of

multimedia applications in distributed environments. Nu-

merous algorithms have been proposed, but there is a lack

in methodologies to assess these algorithms, to compare

them, and to determine algorithms best suited for a given

networking and end-system environment and application.

In this paper a methodology to assess synchronization

algorithms for distributed multimedia applications is pre-

sented. The methodology is based on four Quality of Service

(QoS) parameters for synchronization comprising asyn-

chrony, synchronization error probability, synchronization

delays, and buffer requirements. An analytical analysis of

these parameters is performed. A key feature of this method-

ology is that it parameterizes the network, the end-system,

and the application. Thus, it allows for the assessment of

any synchronization algorithm independent from network

and end-system. Influences of the infrastructure on synchro-

nization can be determined by the proposed methodology.

Keywords: Quality of Service, Synchronization, Analysis,

Distributed Multimedia Applications

1 Introduction

The increasing development in computer engineering

and technology leads to increased computing performance.
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Numerous multimedia applications became feasible like

Video-on-Demand, Video-conferencing, Virtual Museums,

and Teleeducation on top of a broad range of different com-

munication networks. These applications are characterized

by the integrated processing of different media types, such

as audio and video. Some of these media are time depen-

dent, i.e. change their values as a function of time. For this

reason, recording, storing, and presentation of data must

take into account the data’s time component. The task of

multimedia synchronization is to retain data’s temporal re-

lationships relative to each other or to a clock. In case of

distributed multimedia applications this task is aggravated.

Multimedia applications need to provide a quality ac-

ceptable to the user. The quality must be provided by end-

systems, the network as well as the application itself. The

concept of Quality of Service (QoS) allows for the speci-

fication of the quality provided by a system or required by

the user.

Different networks with varying characteristics support

distributed multimedia applications. Within the literature

many approaches and a huge range of synchronization algo-

rithms exist. Firstly, there is a need to relate characteristics

of the network and end-systems with characteristics of syn-

chronization. This determines, if there exists a synchroniza-

tion method that can, within a given environment, provide

the required quality to the user. In response to this need,

synchronization quality is defined comprising the QoS pa-

rameters asynchrony, buffer requirements, synchronization

error probabilities, and synchronization delay. Secondly,

there is also a need to classify and assess existing and fu-

ture synchronization algorithms. Therefore, a methodology

based on synchronization quality is defined to assess syn-

chronization algorithms.

In this paper the methodology is presented as well as re-

sults of the analysis of two sample synchronization algo-

rithms. These analytical results are required to apply the

methodology. The application of the methodology to as-



sessments of algorithms is not shown in this paper.

Following a brief discussion of related work in Section

2, Section 3 is devoted to specify characteristics of syn-

chronization quality. Section 4 introduces the methodology

based on synchronization quality parameters. While Sec-

tion 5 determines an excerpt of results, Section 6 concludes

the work and sketches future work.

2 Related Work

Synchronization consists of two consecutive steps to be

fulfilled. In a first step, synchronization has to be speci-

fied, i.e., it has to be defined how data have to be played

synchronously. Many approaches have been proposed, e.g.,

the object composition Petri Net (OCPN) [10], the real-time

synchronization model (RTSM) [22] and the inter-operable

Petri Nets (IPN) [2]. [15] defines a temporal reference

framework that allows for the classification of specification

schemes.

The second step of synchronization is to retain the spec-

ified time relationships. Many different approaches are pro-

posed in the literature for content-based, e.g. [13], event-

based, e.g. [14], and temporal synchronization, e.g. [22],

[23]. The two synchronization algorithms [17] and [20]

analyzed in this paper are temporal synchronization ap-

proaches.

[3] describes a layered reference model for synchroniza-

tion. [18] compares three basic synchronization methods

(multiplexing, out-of-band, and time-stamping) according

to a specified set of criteria. [6] defines different general

types of synchronization services. [19] describes an ap-

proach to build a test environment for synchronization al-

gorithms that measures skew, drift, jitter and losses. These

approaches provide useful insight into synchronization but

yet do not supply a general classification method for syn-

chronization algorithms.

Quality of Service has been introduced as a powerful

concept to define, monitor, and supervise the quality of

communications. In particular, QoS is defined in Open Dis-

tributed Processing as ”a set of quality requirements on the

collective behavior of one or more objects” [9]. Slightly

different definitions for QoS exist, e.g., within [12]. The

use of QoS parameters to determine general synchroniza-

tion issues on an algorithmic level has been mentioned in

[24], synchronization definitions in terms of skew and jitter

are included in [21]. Several authors have included syn-

chronization quality criteria in the discussion of their own

work, e.g.,buffer utilization and delay [11], delay, losses and

skew [17], buffer requirements [7], jitters [22], buffer size

and delay [20], asynchrony and losses [16]. However, a de-

tailed specification and utilization of generic synchroniza-

tion quality parameters have not been reported yet.

Therefore, in this paper four generic QoS parameters for

synchronization are defined and a general methodology is

introduced that allows for the comparison of synchroniza-

tion algorithms by analytical analyses.

3 Synchronization Quality

In this section basic terms are introduced and synchro-

nization quality is defined.

3.1 Analytical Environment and Terminology

One presentation unit (PU) refers to the atomic informa-

tion of a media stream. Examples of presentation units are

video frames or audio samples. PUs are independent, i.e. no

PU carries information relevant to others. In compression

schemes like MPEG, compression is achieved by creating

dependencies between PUs. To overcome these dependen-

cies, the bit error probability has to be increased such as to

cover also the probability that PUs cannot be presented due

to a bit error in other PUs or due to loss of other PUs. Inde-

pendent PUs can, thus, be modeled by an adequate bit error

probability.

Multimedia applications are characterized by the inte-

grated processing of different media types being time de-

pendent or time independent. The valid time interval is de-

fined as the interval in which a time dependent PU is valid.

The media schedule specifies the correct play-out time,

called the media time, for each PU. The first PU of an ap-

plication is assigned the media time 0. In applications han-

dling stored data the media schedule must be specified ex-

plicitly, while in applications handling live data it is implic-

itly given by the capturing time.

In this paper, we assume that PUs are sent accordingly

to their media schedule. Capturing live data and sending

them instantaneously to the receiver is equivalent to data

being sent accordingly to the media schedule. In case of

stored data, the media schedule has to be read and inter-

preted on the sender’s side and the data must be sent to the

receiver accordingly to the media schedule. To do so, a local

synchronization mechanism has to be applied in the sender,

controlling the synchronized sending of the data.

Each PU i has different times assigned:� The sending time denotes the time, the PU is sent (ts;i).� The receiving time specifies the time point the PU was

received (tr;i).� The presentation time is the time the PU has to be pre-

sented (tp;i). It is the target time of the synchronization

and specifies the presentation time as achieved by the

synchronization method.11If some constant time tx is needed, e.g., in a device to prepare data for



In case of different data streams that have to be distin-

guished, the indicator of the stream stands as additional in-

dex, e.g., tp;(l;i) or tp;(k;i) for streams l and k.

The time in different end-systems is local and in gen-

eral varies from a global reference time. Time differences

and mappings can be clearly specified by the time model

as introduced in [5]. This model allows for the analysis of

algorithms based on the ideal assumption of perfect global

clocks and for the consideration of local times and clock

drifts in a second step.

Finally, one synchronization group encompasses all

streams of an application that have to be synchronized.

These streams do not have to be sent necessarily from the

same sender. This definition is similar to the one provided

in [17].

3.2 Quality of Synchronization (QoSy)

The concept of QoS is extended by parameters indicating

the Quality of Synchronization (QoSy) [4]. These param-

eters encompass asynchrony, synchronization error proba-

bility, synchronization delays, and synchronization buffer

requirements. They can be applied to describe the service

quality offered by a given synchronization algorithm.

Asynchrony

The presentation times interval is defined as the time inter-

val that elapses between the triggering of the play-out of

two consecutive PUs in the receiver.2 The optimal presen-

tation times interval is defined as the time interval between

the triggering of the play-out of two consecutive PUs ac-

cording to the media schedule. Asynchrony is defined as the

maximum difference of the length of presentation interval

and optimal presentation interval as accepted by the syn-

chronization algorithm.

The maximum asynchrony for intra-stream synchroniza-

tion (or jitter) �ia in a stream is defined by the maxi-

mum deviation of the presentation times interval of two

subsequent PUs (tp;i+1 � tp;i) from the optimal interval

(ts;i+1�ts;i, as the sending of PUs follows the media sched-

ule). Figure 1 depicts the minimum and maximum valid

presentation times interval as well as the optimal presenta-

tion times interval. Out-of-order delivery of PUs is defined

as a synchronization error and not accepted.

The maximum asynchrony for inter-stream synchronization

(or skew) �ie for two streams k and l, which may originate

presentation by decompressing data, the presentation has to be triggered attp;i � tx. This can be substituted by a new presentation time. If tx varies,

the variation results in additional asynchrony.2Note that a time interval can be of length zero to cover inter-stream

asynchrony.

time axists,i ts,i+1

max

min

∆ia ∆ia

Figure 1. Intrastream Asynchrony

from two different senders, is defined as the maximum devi-

ation of the presentation interval of two PUs (tk;p;i � tl;p;j)

from the optimal presentation interval (tk;s;i � tl;s;j).

Synchronization Delays

The delay of data that is transmitted live, e.g., during a video

conference, as well as the delay before the first data is pre-

sented to the user, may be critical for the quality perceived

by the user. Synchronization may increase these delays by

buffering data to smooth the jitter.

Buffer Requirements

Whenever the network delay can vary, synchronization

needs to buffer PUs arriving too early to ensure an in-time

play-out of PUs. Buffer requirements can, thus, serve as an

indication of the cost of synchronization algorithms within

the given environment.

Synchronization Error Probability

In general, three different synchronization errors can be de-

fined [4]:

1. There exist one or more consecutive valid time inter-

vals of PUs in which the corresponding PU is not dis-

played. Reasons are late arriving PUs, losses of PUs,

or unreliable end-systems.

2. One or more PUs are displayed outside their valid time

intervals. This is referred to as loss of synchronization.

3. The mapping between the different time systems [5] is

incorrect or the time systems are not mapped at all. In

this case a loss of time occurs.

The synchronization error probability serves as an indi-

cator for the quality of the synchronization scheme.

The following example illustrates the relevance for four

synchronization parameters to synchronization quality:

Considering two scenarios it can be assumed a given

synchronization mechanism based on global clocks and a

known delay distribution for the communication as well

as an error-free, loss-free data transmission over the net-

work. In scenario A the receiver displays all data exactly atts;i+�max, (�max known maximum delay). In scenario B



the receiver displays data at ts;i+�min (�min known min-

imum delay). In both cases the achievable asynchrony is 0,

as all displayed PUs are displayed in time. Scenarios A and

B describe extreme situations, but Table 3.2 indicates that

one single synchronization quality parameter alone cannot

serve as a valid indicator to describe the overall quality.

Table 1. Synchronization Quality Values
Asyn- Delay Buffer Errors

chrony

A 0 maximum maximum 0

B 0 minimum minimum maximum

4 The Methodology

In this section the synchronization model and the assess-

ment scheme which underly the proposed methodology are

presented.

4.1 A Model of Synchronization

In distributed multimedia applications five different

components can be distinguished for the purpose of ana-

lyzing synchronization algorithms (cf. Fig. 2): (1) user, (2)

application, (3) synchronization algorithm, (4) end-system,

and (5) communication system or network.

Synchronization
Synchronization

User

Synchroni-
Charac-

Data QoS

Environment

QoSy

Algorithm
zation

Application

teristics

End-system Communication System

Requirements

Figure 2. Model of Synchronization Analysis

Applications offer data, where at least a part of them is

time dependent and, thus, require mechanisms to ensure a

synchronized play-out. Data inherently own characteristics

being relevant to synchronization, e.g., the play-out period.

On one hand, the user of an application imposes require-

ments with respect to the entire application as well as to the

synchronization itself. On the other hand, there exist a vari-

ety of characteristics of the underlying end-system and the

communication system influencing the synchronization.

The network and the end-system offer a service with

given characteristics concerning the synchronization inves-

tigation. In general, this service may not allow the appli-

cation to play out data synchronously, particularly, if there

exist delay variances in transmission. For this reason, syn-

chronization methods have to be applied to fill the gap be-

tween application requirements and users and the ”service”

characteristics of the end-system and the network. To de-

scribe the quality offered by these synchronization mecha-

nisms a method is required allowing for the evaluation of

their quality, independently of the specific characteristics of

network, end-system, and application.

4.2 Analytical Assessment

Applying the model above and the Quality of Synchro-

nization parameters as defined in Section 3, synchronization

algorithms can be analyzed.

Analyzing an algorithm is a demanding task which is not

supported by rules or tools. However, clearly separated pa-

rameters allow for the direct calculation of the asynchrony.

In a first step algorithms have to be analyzed, assuming per-

fectly synchronized clocks as the simplest case defined by

the algorithm. Afterwards, all factors are taken into account

step by step that aggravate synchronization by determining

changes to the parameters introduced by these factors. The

analysis was supported by the clear definition of different

time systems [5].

The analysis remains independent of characteristics of

the underlying network and end-system which are parame-

terized. Data characteristics in terms of parameters are in-

cluded into the analysis, too.

The results of this analysis are expressions of parame-

ters describing the environment (see Section 5.1 and Section

5.2). In this context environment refers to the environment

of the synchronization algorithm, i.e. communication sys-

tem, end-system, data, and application. In addition they de-

termine, when evaluated, the synchronization quality char-

acteristics of the analyzed algorithm within this specified

environment. Furthermore a list of parameters describing

characteristics of the environment and influencing the syn-

chronization quality can be derived (see Section 5.3). These

results allow for a deeper, analytical understanding of the

synchronization service provided by the studied algorithm

and they allow for an analytical assessment of the algorithm

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 [20] belongs to



the class of rigid synchronization algorithms, whereas the

Adaptive Synchronization Protocol (ASP) [17] defines an

adaptive synchronization algorithm. Since QoSy parame-

ters as defined in Section 3.2 are referred to as guaranteed

parameters, the analyses have to take into account the worst

case.

The analyses have been performed for unicast communi-

cations and periodic live data or data that are sent accord-

ing to a media schedule, respectively. Specially focussed

on asynchrony synchronization errors, partly buffer require-

ments, and delays depend to a high degree on the commu-

nication system’s characteristics. The transmission delay

is analyzed, whereas the start-up delay is not considered,

since this occurs only once during the beginning of a pre-

sentation and does not have an impact on the quality.3 Since

these analyses determine the synchronization quality in the

receiver, resulting expressions also resolve the synchroniza-

tion quality of one receiver in a multicast group. This holds

as long at it is evaluated with end-system characteristics of

this receiver and characteristics being valid for the transmis-

sion from the multicast sender(s) to this specific receiver.

The second type of synchronization errors (loss of syn-

chronization) may occur due to synchronization informa-

tion 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 cor-

rectly, these errors only occur due to problems in the end-

system and are, therefore, not included in the analysis. For

the same reason, an incorrect time mapping resulting in the

third type of synchronization errors is not included in the

analysis of synchronization quality. Thus, the parameter

synchronization error probability is restricted for analysis

purposes to the case in which a PU is not presented.

5 Determined Results

Central resulting expressions of the performed analyses

are presented here while the detailed results can be found in

[5].

5.1 Analyzing the Concord Algorithm

The Concord algorithm [20] is an easy-to-understand

and easy-to-implement algorithm as it achieves synchro-

nization by guaranteeing for a constant delay of packets for

each data stream. As data is sent periodically, synchroniza-

tion 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 (�) is3This may be different, if schemes for stored data are analyzed allowing

for the in advance transmission of data to minimize synchronization errors.

calculated, which is constant for every packet. This delay

takes into account a specified maximum acceptable delay

and a specified maximum packet loss rate. Three policies

can be chosen to set the � of packets: to minimize the

packet loss rate, to minimize �, or to minimize some sort

of hybrid costs.

[20] assumes that packets are sent periodically with the

period Tr 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�min minimum network delay�opt total end-to-end delay specified by the algorithmTr play-out period of the receiver (local time system)�r play-out period of the receiver (global time system)�s sending period of the sender (global time system)

In case of the basic Concord algorithm (cf. Table 2),

synchronization can be retained by the algorithm and the

total end-to-end delay is specified by �opt which is opti-

mal. The synchronization error is specified by the packet

loss rate that was handed in by the user to determine �opt.
Buffer requirements per stream are defined by a buffer forl�opt��minTr m

presentation units (for the basic algorithm).

Table 2. Characteristics of Concord for One

Stream
asynchrony 0�opt

delay (depends on the delay

distribution of the network)

synchronization error specified packet loss rate

buffer requirements
l�opt��minTr m

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 in-

fluenced. In case the uncertainty is higher than the play-



out rate, a buffer overflow may occur and in total
j �Tr k

additional packets need to be thrown away, resulting in a

momentary asynchrony. After these packets have been dis-

carded, an asynchrony of 0 can be guaranteed by the algo-

rithm.

Drifting clocks lead to an additional asynchrony of the

clock drift’s bound. They increase buffer requirements by

the number of PUs that may be displayed during the time of

the clock drift.

Different sending and play-out rates (�r 6= �s) require

that every �rj�r��sj -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 maximum

delay of streams belonging to this synchronization group.

The buffer requirement for the whole group is simply 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 synchroniza-

tion group. The buffer requirement for one isolated stream

may be smaller, if its maximum network delay is smaller

than the total end-to-end delay for the group.

5.2 Analyzing ASP

The Adaptive Synchronization Protocol (ASP) [17] 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

controlling 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 �.� 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 mini-

mize the data loss, respectively, depending on the synchro-

nization 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 target 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 send-

ing rate remains unchanged, whenever the buffer fill is out-

side 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 critical 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:�min minimum network delay in the master streama�max maximum network delay in the master streamac width of the target buffer area (1 in case of a

tentative master)jM accepted jitter of the master streamjS accepted jitter of the slave streamLM length of the adaption phase as defined by the masterl time to rest in the slave stream for carrying out

an adaption phaseTr;M play-out period of the master stream (in the local

time system)Tr;S play-out period of the slave stream (in the local

time system)� bound for the clock asynchronyaDuring 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 Con-

cord algorithm. But the delay of the stream is smaller than

the delay for the Concord algorithm. It is determined by�min + 12 � c � jM or �max � 12 � c � jM , and it is smaller

than the maximum total end-to-end delay, that can guaran-

tee for a given data loss probability as, e.g. the delay in the

Concord algorithm. �min and �max 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 3 and 4 de-

pict asynchrony and delay parameter values for master and

slave streams.

Table 3. Characteristics of ASP for Master

Stream
Minimum Delay Minimum Loss

Policy Policy

no adaption in progress

asynchrony 0

delay �min + 12 � c � jM �max � 12 � c � jM
slowing down adaption

asynchrony
12 �c�jMLM

delay increasing

speeding up adaption

asynchrony Tr;M � Tr;M �LMl 12 �c�jMTr;M m+LM
delay decreasing

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 and

the bit rate. If the adaption phase is not delayed until all

slave agents received the Adapt message, the synchroniza-

tion error probability is increased.

Concerning buffer requirements,
l jMTr;M m

and
l jSTr;S m de-

note the buffer size in PUs for the buffer region in the mas-

ter 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 adaption phases

is limited to 12 �c�jM which describes the value by which the

media time has to be corrected during the adaption phase.

This asynchrony may occur in case that one slave agent re-

ceives the Adapt message after or at the end of the adaption

phase. If the adaption phase is delayed until all streams

receive the Adapt message, the inter-stream asynchrony re-

Table 4. Characteristics of ASP for One Slave
Stream

Minimum Delay Minimum Loss

Policy Policy

no adaption in progress

asynchrony 0

delay �min + 12 � c � jM �max � 12 � c � jM
slowing down adaption

asynchrony
12 �c�jMl lTr;S m

delay increasing

speeding up adaption

asynchrony Tr;S � Tr;S�l lTr;S ml 12 �c�jMTr;S m+l lTr;S m
delay decreasing

mains 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 al-

gorithm, buffer requirements for single streams are added

to obtain buffer requirements for the whole synchronization

group.

5.3 Qualitative Results

The analyses presented so far result in formal results on

an abstract level. As network, application, and end-system

characteristics are numerically parameterized, they are to

be included into the calculation of synchronization quality,

i.e., the synchronization quality expressions have to be eval-

uated by assigning values to these parameters.

The analyses carried out revealed relevant environment

characteristics for the transformation from general results

to specific numerical results. Figure 3 shows relevant influ-

encing factors for the Concord algorithm, whereas Figure

4 displays these factors for the Adaptive Synchronization

Protocol.

5.4 Assessment

The results of the analysis of the Concord algorithm

concur with the values for buffer size and delay as dis-

cussed in [20], validating our results. As asynchrony has

been partly discussed in [20], parts of our results concern-

ing asynchrony as well as the discussion on synchronization
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cord

errors provided in [5] and mentioned above determine new

results. These results corroborated our assumptions on the

quality and performance of the algorithm. The identified

list of influencing parameters as depicted in Figure 3 deter-

mines for the first time parameters that should be tuned to

improve synchronization quality in a given implementation

providing insufficient quality.

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 in-

terdependent and changing parameters, influencing the be-

havior of the algorithm

Based on the simulation in the CINEMA environment

[1], more detailed discussions on buffer requirements and

stability issues of ASP are included in [8] and [17]. In

contrast, the provided analytical results above, especially

concern asynchrony. The list of influencing factors as de-

picted in Figure 4 together with the analysis results allows

for the tuning of ASP to provide high quality synchroniza-

tion. Asynchrony is necessarily introduced by entering an

adaption phase. 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 [21]

even during adaption phases. This was shown by simulation

in [8] and [17].

6 Conclusions and Future Work

In this paper a methodology to assess synchronization

algorithms is presented. The methodology is based on the

concept of analyzing synchronization algorithms analyti-

cally. The analysis is performed by determining values

for synchronization quality parameters, comprising asyn-

chrony, synchronization delays, buffer requirements, and
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Figure 4. The Analysis Model Applied to ASP

synchronization error probabilities. Characteristics of end-

systems, the communication system, the application as well

as the data are parameterized to allow for the analysis of

the isolated synchronization algorithm and, thus, of the syn-

chronization quality provided by this algorithm. Two exem-

plified analyses of a rigid synchronization algorithm (Con-

cord) and an adaptive one (ASP) have been carried out for

unicast applications including live data.

The fact that data may be retrieved in advance and can be

stored in the receiver has not yet been taken into account de-

termining future work. QoSy criteria will also be studied in

multi-party applications, especially, in video-conferencing

including a critical delay.

As numerous synchronization algorithms have been pro-

posed in the literature, two problem fields can be identi-

fied: Firstly, a synchronization algorithm must be selected

for a given problem field that can fill the gap between (1)

application requirements concerning synchronization and

presentation quality and (2) characteristics and guarantees

provided by end-systems and the network. This task also

includes the determination of the existence of such a syn-

chronization algorithm. Secondly, existing synchronization

algorithms need to be comparable with respect to different

criteria which also include characteristics of applications,

end-systems, and communication systems.

The presented methodology is a first step to answer both

problem fields. To identify a synchronization algorithm that

fills the gap between a given environment and application,

parameter values describing the environment and the appli-

cation can be included into expressions resulting from anal-

yses of these algorithms. Thus, the synchronization quality

parameters of these algorithms for a specific case can be

evaluated. If these quality values fulfill specified criteria,



i.e. the application/user requirements for synchronization,

this algorithm solves the investigated problem. Based on

parameter values for the analyzed algorithms the best suited

algorithm for the given problem can be chosen.

In addition, a classification of synchronization algo-

rithms can be undertaken based on the analysis of differ-

ent sample parameter values. This will result in classes of

synchronization algorithms focusing on different criteria as

perfect synchronization, low delay, or low error rate. For

instance, ASP focuses on (1) low delay and low buffer re-

quirements or (2) low loss rate for the price of a less optimal

synchronization during adaption phases.

The presented synchronization quality parameters QoSy

provide means to better understand synchronization algo-

rithms and to perform an analytical analysis. By this, future

applications will profit since a perfectly suitable synchro-

nization algorithm can be selected.
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