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Abstract 
In this paper, we propose an end-to-end mechanism for the achievement of synchronization 
requirements in multimedia retrieval services over broadband integrated networks. The 
synchronization requirements are specified by users in terms of delay jitter and loss 
probability. The mechanism is based on a feedback protocol which uses correlation 
properties of the arrival times of the data streams to compute the retrieval times of the next 
Information Units (IUs). Moreover, an architectural framework in which the users' QoS 
synchronization requirements and the proposed synchronization mechanism fit together is 
presented. This framework is used to illustrate how the synchronization mechanism 
parameters have to be determined in order to meet the user requirements. 

Keywords 
Multimedia communications, intramedia synchronization, jitter. 

1 INTRODUCTION 

The next generation of distributed applications will involve multiple media running on 
general purpose personal computers interconnected via integrated service networks. Such 
applications require both intramedia and intermedia synchronization. Intramedia 
synchronization defines the time relationships of a single medium over a single connection; 
intermedia synchronization defines those relationships for multiple media concurring into a 
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multimedia data flow (Yen, 1994). Maintaining synchronization among and within 
multimedia streams is a very critical QoS target which affects the design of the whole 
multimedia system. Although in the last few years various papers dealing with the problem 
of both synchronization requirements specification (Anderson,l991) (Campbe11,1994) 
(Little, 1991) (Ravindram, 1993) (Steinmetz, 1993) (Znati, 1993) and synchronization 
algorithm development (Escobar, 1992) (La Corte, 1995) (Ramanathan, 1993) (Santoso, 1993) 
(Zarros, 1994) have been published, the design of a framework which allows users to actually 
require and obtain a specified QoS is a problem which is far from being solved. 

In this paper we illustrate an end-to-end mechanism which can be applied to obtain a given 
QoS in terms of delay jitter and loss probability in multimedia retrieval services. In the 
proposed mechanism the arrival times are predicted at the destination site and fed back to 
the source site. In the latter the retrieval times are computed in order to smooth the delay 
jitter. At the destination site a buffer is inserted in order to further smooth delay jitter, if 
necessary. In order to guarantee the effectiveness of the mechanism and, on the other hand, 
to entail an acceptable feedback traffic overhead, a suitable figure of merit which allows us 
to monitor the synchronization degree at the destination site is introduced. The paper also 
shows how in our approach the system manager is enabled to tune the mechanism 
parameters to the delay QoS requirements of the multimedia application. 

The rest of the paper is organized as follows. Section 2 outlines the problem of 
synchronization in the frame of the data location model assumed and describes an 
architectural framework where user requirements, the intramedia synchronization algorithms 
and the network fit together. Section 3 introduces the synchronization algorithm to be 
applied to each monomedia stream to compensate for end-to-end delay jitter, and shows 
how the resulting feedback traffic overhead can be reduced and adapted according to the 
value of a suitable figure of merit representing the observed degree of synchronization. 
Section 4 allows us to illustrate how the mechanism parameters can be determined in order 
to meet the users' QoS delay requirements. Some simulation results which show the 
effectiveness of the intramedia synchronization algorithm are also presented. Finally, Section 
5 summarizes the paper. 

2 PROBLEM DEFINITION 

A multimedia stream, as shown in Figure I, is the combination of N monomedia streams 
which are retrieved from different sources and transported by the network, for example 
through separate virtual channels. Each monomedia stream, is seen as being made up of an 
ordered sequence of Information Units (IUs). At the end-to-end level, an IU is a logical 
atomic information unit, although it may be segmented into smaller units (packets) according 
to the transport mechanism used in the integrated network. 

Let us consider the generic i-th media. The IUi(n)s are retrieved at the source site at the 
instants t_tx;.(n); they are subject in transmission to a variable delay, which is related to the 
characteristics of the channel conveying the monomedia stream, and are received at the 
destination site at the instants t_rx;(n). We refer to the IU latency time or IU delay as the 
time interval between IU retrieval at the source and IU delivery in the buffer at the 
destination, when it is available to be scheduled, processed and delivered to the user. 
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Figure 1 Monomedia streams in a multimedia retrieval service and Information Units 
(IUs). 

We assume that clock ticks at the source sites and at the destination site have the same 
advancement, but the current local times may be different (Santoso,l993). Therefore the 
latency time of the IU;(n)- d;(n)- is linked to retrieval times by the following relation: 

t_rx;(n) = t_tx;(n) + d,(n) (1) 

If we denote as j;(n) the latency time jitter or, more simply, jitter, of the n-th IU of the i-th 

media, and as d, the mean latency time of the IUs ofthe i-th media, (1) becomes: 

t_rx;(n) = t_tx;(n) + d, + j;(n) (2) 

As j;(n) is a random process, the temporal relationships between the IUs of the i-th media 

are not maintained at the destination site. Obviously, if the jitter suffered by any IU is null, 
the intramedia synchronization condition is achieved. The intramedia synchronization 
problem can thus be solved by introducing suitable algorithms for the achievement of the 

conditionji(n) = 0. 

In order to define a suitable measure of synchronization degree in the multimedia 
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distributed system, let us consider the IU interarrival times for a single media. As shown in 

Figure 2, interarrival times are linked to jitter. Therefore, we can say that the i-th 

monomedia stream is synchronized if: 

for any 'n' (3) 

where 'xi(n)' is the sequence of the interarrival times of IUs from the i-th media at the 

source site and 'yi(n)' is the sequence of the interarrival times at the destination site. So (3) 

- is a condition for intramedia synchronization. 
If relation (3) is satisfied, the autocorrelation sequences of the interarrival times at the 

source and destination site satisfy the condition 

for any 'm' (4) 

Therefore if tlR Cil ( m) * 0, it can be assumed as a measure of lack of synchronization. The 

lower the values assumed by the function ltlR.(i)(m)l, the better the intramedia 

synchronization. Equation ( 4) is thus an alternative expression of the condition for 

intramedia synchronization. 

< n, source site 

lUi (n-1) 

n, destination site 

Figure 2 Interarrival times and latency times. 

A simple way to achieve intramedia synchronization is to vary the IU retrieval times at the 

source site so as to compensate for the latency time jitter. In general, however, multimedia 

applications can support a jitter provided it is limited (Steinmetz, 1993); therefore, as far as 

the synchronization property is concerned, user requirements can be expressed as follows: 

(5) 

if the multimedia service to be provided is loss sensitive, or 
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if the multimedia service to be provided is delay sensitive, assuming that the IV is lost when 
the jitter exceeds the maximum admissible value. 

In other words, in the former case a suitable mechanism has to be designed in order to 
guarantee that any IU;(n) is delivered and no more than & ;% of the total amount of IUs 
delivered suffers a jitter greater than hmax· In the latter case all the IU;(n) delivered must 
suffer a jitter lower than J;,.,..; IUs that suffer more than J;,max at the destination have to be 
discarded; however, the percentage of discarded IUs cannot exceed E ;%. In this paper we 
take into account the loss probability due to the exceeding of time limits only, that is, the 
network is not considered to be lossy. If this is not the case, the probability &; also has to 
include any network loss probability other than that due to synchronization requirements. 
Figure 3 shows an architectural framework where user requirements, the intramedia 
synchronization algorithms and the network fit together. 

In order to guarantee that the above QoS requirements can be achieved for each media 
regardless of the QoS provided by the underlying network, it is necessary to reshape the 
probability density function (pdf) of the jitter. This can be achieved by varying the IV 
retrieval time according to the mechanism introduced in the next section. 

Users 

Intramedia 
synchronization 

Network 

Figure 3 Architectural framework for the intramedia synchronization mechanism and 
user's QoS synchronization requirements. 
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3 END-TO-END llTTER COMPENSATION MECHANISM 

The end-to-end jitter compensation can be achieved by predicting the jitter and anticipating 
the retrieval time of the value corresponding to this predicted value. Jitter prediction can 
easily be computed at the destination site, so it is necessary to exchange information 
between the destination and source sites. The information units that the destination sends to 
the source for this purpose are called Feedback Information Units (Fills), and the relative 
data flow is called the feedback flow. 

The amount of feedback flow can be adapted to the synchronization status of each media 
and therefore to the delay QoS requirements of the multimedia application. If, in fact, the 
synchronization condition (4) is met at the destination site, besides a negligible error, there is 
no need for Fills at the source, as intramedia synchronization has practically been achieved. 

In the light of what has been said so far, the steps of the algorithm we propose are the 
following: 
• at the destination site, for each ill received, calculation of AR_(i)(m) and comparison with 

a suitable mask: if AR_(i)(m) is outside the mask the predicted jitter value is embedded in 
an Fill and fed back to the source; 

• at each source site: 
1. if an Fill is received, the retrieval time of the next ill is anticipated by the predicted 

jitter value contained in the FIU; 
2. if no Fill is received, the predicted jitter value is calculated on the basis of the jitter 

values predicted previously and the retrieval time of the next ill is anticipated by this 
value. 

This solution follows the scheme shown in Figure 4. 

ill () i n -... 
data channel -SOURCE#i DESTINATION 

modification of _..... predicted jitter prediction ofj {n) 
retrieval time - feedback channel 

Figure 4 Prediction-based end-to-end jitter compensation scheme. 

The predicted jitter value at the destination site can be calculated by optimal prediction, 
e.g. by means of a linear prediction, in such a way that the variance of the prediction error 
e;(n) is minimized (Therrien,l992). Note that the jitter prediction error, e;(n) is the jitter 
actually felt at the destination site after application of the jitter compensation mechanism. To 
achieve such a prediction the jitter values actually provided by the network, j;(n), must 
available at the destination site. This can be calculated at the destination site as 
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j;(n) = t_ rxi(n)- t_tx;(n) + ]; (n)-d; (6) 

where j; (n) is the predicted jitter value when the previous IU is received at the destination 

site, provided that timestamps are attached to each IU, the latency time is a stationary 
process in a broad sense, and its mean value does not depend on the statistical characteristics 
of the source. 

When no FIU is received at the source site, prediction is less reliable than that performed 
at the destination site. In fact, the predicted jitter value is progressively obtained by using the 
jitter values previously predicted. In this case the predicted jitter value at the source site 
tends to zero and, therefore, the jitter prediction error gradually grows. The system is, 
however, stable both on account of the kind of predictor used and because, when the 
prediction error exceeds a certain range of values, the function &R_<i>(m) falls outside the 
mask of admissible values, thus reactivating transmission of FIU s at the destination site and 
bringing the lack of synchronization back within admissible limits. For this reason the choice 
of the mask for the function &R_<i>(m) determines the degree of trade-off between feedback 
traffic overhead and prediction error. 

Obviously, the effectiveness of the prediction-based mechanism depends on the statistical 
properties of the jitter, in particular its autocorrelation function. Any residual jitter that the 
mechanism presented above cannot compensate for, can be compensated for by a suitable 
buffer so as to guarantee the QoS requirements. 

4 QOSREQurnEMENTSCONTROL 

In order to provide the user with the QoS required at the user interface it is necessary to 
determine, for each media 'i', how to reshape the residual jitter so that the intramedia 
synchronization mechanism will guarantee the QoS requested. 

If an optimal predictor is used, the jitter prediction error is practically uncorrelated and has 
a bell-shaped distribution which can be approximated quite well with a normal distribution 
(Therrien,l992). In this case, the parameter which gives analytical indications of the effect of 
reshaping is jitter variance. QoS parameters can thus be expressed in terms of the admissible 

jitter variance, cr~., which results in prob[e,(n);:::: Ji.max] ~ E;, which, in turn, on the basis of 

(5) or (5') determines the QoS at the user interface. 
As the distribution of the jitter prediction error is normal, by using Gitnik' s approximation 

( Gitnik,l991) we obtain that the admissible jitter prediction error variance of the i-th media 
cr~. must satisfy the relation: 

2 2 I cri.a = -0.619536·Ji.max ln(2·E) (7) 

To guarantee the QoS required the mean square error of the prediction error has to be 
lower than or equal to the variance obtained previously, i.e. 
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(8) 

So, once we have calculated the admissible jitter prediction error variance which will 

guarantee that the delay QoS requirements are met, the predictor characteristics required to 

meet condition (8) can be determined. 
Of course, the possibility of obtaining a given jitter prediction error variance depends on 

the degree of correlation of the delay jitter provided by the network (Thierren, 1992). 
Therefore, in the real case the minimum obtainable prediction error variance may be greater 

than the admissible jitter prediction error variance o~... In this case, to guarantee QoS 

requirements, the prediction-based jitter compensation mechanism have to be used with a 

compensation buffer. This buffer is inserted after the prediction-based jitter compensation 

mechanism. The resulting jitter pdf is of the kind shown in Figure 5. The admissible jitter 

prediction error variance must now satisfY the relation: 

02 = -0.619536(1. +b. 12)2 
'·' ln(2 ·E.) '·m"' ' 

' 

(9) 

where bi is the buffer size. 

The value ofbi in (9) has to be chosen in such a way that o~ .• is greater than the minimum 

obtainable prediction error variance, thus making the prediction-based mechanism effective. 

> 1 > 
(a) (b) (c) 

Figure 5: jitter pdf supplied by the network (a), after application of the prediction-based 

mechanism (b) and after the compensation buffer. 

If an FlU is sent for each IU and an optimal predictor is used, the jitter prediction error is 

practically uncorrelated. Thanks to this property in the steady state we obtain: 

(10) 

Therefore the figure of merit which gives analytical indications of the effect of pdf 

reshaping is the difference between the admissible jitter prediction error variance and twice 
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the short-term jitter prediction error variance cr;,e(n). So Fills are sent at the source site 

when ~~Cil(n,m(oo ~ sth -cr~., where 8th is a scale factor, by means of which it is possible 

to tune the trade-off between the reduction in the jitter prediction error variance and the 
amount of overhead traffic. 

In order to gain a clearer understanding of how the parameters involved in the proposed 
mechanism can be determined in accordance with the aim of guaranteeing a certain QoS at 
the user interface, we will now discuss simulation of the proposed synchronization 
mechanism as applied to a video retrieval service. 

Without losing in generality, we refer to a network environment with the following 
characteristics: 
• a delay whose average value was assumed to be equal to 300 ms; 

• a latency time jitter with a normal distribution, a null average and a variance of cr 2 =100 

ms2; 

• an exponential jitter autocorrelation sequence, that is, R( m) = cr 2 • am ; 

• a video source which every 1/30 of a second sends an IU corresponding to a video frame 
coded with a variable bit rate technique. 

We also assume that the type of predictor used for the mechanism is an 8-th order linear 
one. The autocorrelation sequence was attributed an exponential trend to make the long
term prediction error variance independent of the order of the predictor (Thierren, 1992). The 
value of 'a' was set according to the level of delay jitter correlation to be represented (a=0.9 
for a highly correlated jitter, a=0.75 for a jitter with medium correlation, a=O.S for a jitter 
with low correlation and a=0.1 for a practically uncorrelated jitter). 

To assess the efficiency of the prediction-based mechanism, we initially established that an 
FIU would be sent for each IU so as to obtain the minimum jitter prediction error variance 

cr;_min . This situation allows the best performance to be calculated, that is, the best jitter pdf 

reshape that the end-to-end jitter compensation mechanism can provide. 
In this case the amount of information that has to be fed back obviously depends on the 

speed at which the IUs are received. In the case of a 2 Mbit/s videoconference service, for 
example, the IU may be a video frame, so transmission of the predicted value requires about 
one FIU every 1/30 of a second. If we consider a packet of 44 octets, the number of packets 
needed to transmit the Fills is on average less than 0.6% of the number of packets needed to 
transmit the IUs. If "finer" synchronization is desired, an IU of a smaller size can be 
considered (e.g. a subfield, line, etc.), with a corresponding percent increase in the bit rate of 
the feedback channel. 

Table 1 shows the cr; min values achieved when various jitter correlation levels are 

considered. Of course, cr;_min grows as the jitter correlation level decreases. 

Let us assume, for example, that the user QoS requirements are &i=l0·4, Ji,max=30 ms. From 

(7) we get cr; =65.5 ms2 If the jitter correlation is high or medium (i.e. a=0.9 or a=O. 75), 

from the values given in Table 1 it can easily be deduced that cr~ > cr;_min. If, on the other 

hand, the jitter correlation is low (a=0.5) it is not possible to obtain cr; :::; cr! without a 

compensation buffer. 
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Table 1: Minimum jitter prediction error variance with various levels of jitter correlation in 
the considered simulation scenario. 

a 0.9 0.75 0.5 0.1 
20 44 75 99 

Once the prediction criterion and the compensation buffer size have been fixed according 
to the required admissible jitter prediction error variance, by monitoring the value of 
M<i>(n,O) it is possible to achieve a good trade-off between the reduction in the jitter 
prediction error and the amount of feedback traffic. Table 2 reports the jitter prediction error 
variance and the throughput of the feedback flow with various correlation levels and values 
ofe, when 1max=30 ms and Su.=1.8. For the throughput ofthe feedback flow it was assumed 
that an ATM cell was used for each FlU. The Table also gives the admissible jitter 
prediction error variance values and the buffer size needed to guarantee the QoS parameters. 
Buffer size values of zero mean that the prediction-based mechanism can meet the QoS 
requirements on its own. b values corresponding to a null FlU throughput mean the buffer 
size needed to meet the QoS requirements without using the prediction-based mechanism. 

Table 2 Prediction error variance, throughput of the feedback flow and compensation 
buffer size Omax=30 ms and Su.=l.8). 

a 

0.9 
0.9 
0.9 
0.9 
0.9 
0.9 
0.75 
0.75 
0.75 
0.75 
0.75 
0.75 
0.5 
0.5 
0.5 
0.5 
0.5 
0.5 

2 
cr 

e 

20 
28 
32 
61 
89 
100 
45 
46 
47 
66 
91 
100 
76 
85 
90 
95 
99 
100 

E =10"3 

2 

FlU cr. 
(cell/s) (rns2) 

30 89.7 
24 89.7 
18 89.7 
7 89.7 
2 89.7 
0 100 
30 89.7 
27 89.7 
18.5 89.7 
14 89.7 
3 89.7 
0 100 
30 89.7 
26.6 89.7 
13 89.7 
4.6 95 
4 99 
0 100 

b 

(ms) 
0 
0 
0 
0 
0 
3.4 
0 
0 
0 
0 
0 
3.4 
0 
0 
0 
1.8 
3.1 
3.4 

65.5 
65.5 
65.5 
65.5 
89 
100 
65.5 
65.5 
65.5 
66 
91 
100 
76 
85 
90 
95 
99 
100 

b 

(ms) 
0 
0 
0 
0 
10 
14.2 
0 
0 
0 
0.3 
10.8 
14.2 
4.7 
8.4 
10.4 
12.3 
13.8 
14.2 

51.5 
51.5 
51.5 
61 
89 
100 
51.5 
51.5 
51.5 
66 
91 
100 
76 
85 
90 
95 
99 
100 

b 

(rns) 
0 
0 
0 
5.3 
18.6 
23.6 
0 
0 
0 
7.9 
19.8 
23.6 
12.9 
17.1 
19.3 
21.5 
23.2 
23.6 



An end-to-end mechanism for jitter control 

4 CONCLUSIONS 

13 

In this paper a mechanism for the achievement of synchronization requirements in 
multimedia retrieval services has been presented, based on an adaptive feedback technique 
for jitter prediction. The method proposed calculates the retrieval times using some 
correlation properties of the latency times of the data streams. Moreover, the use of an 
additional compensation buffer has been investigated. Some simulation results which show 
the effectiveness of our approach in a case study regarding a multimedia retrieval service 
have also been presented. 
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