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Abstract

In this paper, we describe the design, implementation and evaluation for a multimedia conferencing system with intramedia and
intermedia synchronization support between- audio and video. The synchronization mechanism proposed here is capable of dynamically
adapting to various network conditions thus providing an optimized QoS. In realizing the system based on this mechanism, NeVoT on
Mbone is used for audio and VIC for video. Furthermore a synchronization controller is designed and realized with a unique process in
supporting intermedia synchronization. Each media agents handling its media stream are modified with intramedia synchronization function.
And a communicative function between media agents and synchronization controller is added as well for intermedia - synchronization
function. Each media agents function reports its buffering status to the synchronization control process which in turn send out optimized

buffering delay value thus supporting intermedia synchronization. The realized system is configured and tested on Ethemet and ATM

network where performance measurements were performed and its effective synchronization support has been assured.

I. Introduction

Recent advances in high-speed networks and multimedia technol-
ogies have provided environments for the rapid development in
wide spectrum of distributed multimedia applications which gen-
erate, integrate, process, store, and distribute multimedia data[1].

Unlike the existing text-based applications, multimedia appli-
cations have quite different approach in relating variety of media
stream presentation to the real time-flow. That is, each data units
in a multimedia object has tightly or loosely coupled timing-
relationships between them. For example, video stream is made
up with lots of frames where each frame occurs with specific
timing restrictions as well as a fixed presentation interval. There-
fore, the original presentation interval of each frame must be
preserved in a similar fashion during playback sequences at the
receiver. These timing relationships exist not only in a single
medium but in a group of related media. In multimedia confer-
encing applications, timing relationships appear especially between
audio and video data. As a typical example, the motion of a
persons lip should be in synchronized manner with the voice
which we call it lip synchronization{2, 3]. In case where various
media types are integrated into a single structure and it can be
transmitted as a single unit, then the timing relationships between
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media may not be an influential factor at all. However in most
distributed multimedia applications, a parallel transmission through
multiple channels is desired for decreasing transmission delay as
well as natural and effective use of its resources if the related
media is to be reconstructed in the original form at the receivers
side[4]. In such case, the multimedia data stream ftom the sender
may suffer from problems such as system clock mismatch bet-
ween sender and receiver, random queueing delay in high-speed
networks, packet error, packet loss, and routing delay due to
different routing paths in each medium which open a way for lost
timing relationships at the receiver to budge in and that is why a
synchronization function must be emphasized for high- quality
smooth presentation at the receiving side[1-10].

To effectively support a QoS-considered multimedia applica-
tions, a synchronization mechanism capable of handling timing
relationships between various media streams transmitted through
the network with a specific or limited timing constraints, is there-
fore required. Such method can restore distorted timing: relation-
ships of media streamns even before the presentation at the receiver
by some processing mechanism reducing jitters and skews due to
queueing delay and clock mismatch, etc.

The purpose of this paper is to propose a mechanism which
supports intramedia synchronization which assures continuous
playout and end-to-end timing restrictions within single medium
and intermedia synchronization, responsible for maintaining timing
relationships between several media. In particular, proposed mech-

anism is to be applied to various applications including stored and
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live media streams. In accordance with this purpose, we adopted
a new approach that enables dynamic configuration of existing
tools for the desired applications[11]. Therefore as a specific
example, the proposed mechanism is embedded into a multimedia
conferencing system with high-quality synchronization require-
ments which is applied to Intemet or ATM networks thus
acquiring its performance measurements and analysis.

The paper is organized as follows. Section 2 presents a mech-
anism in providing intramedia and intermedia synchronization.
Section 3 technically describes the approach methods for realizing
multimedia conferencing system and then describes the overall

system architecture and the multimedia synchronization controller

and of its architecture. Section 4 gives measurements and analysis
of the realized mechanism and finally Section 5 sums up with the
conclusions.

0. Intramedia and Intermedia
Synchronization Mechanism

Fig. 1. represents a model of multimedia data. Each media
" stream is divided into constant length of synchronization intervals,
and this interval is divided even further into Synchronization
Block Units(SBU). We may think of it as a frame of a video
media stream. All SBUs included in one of the synchronization
interval are called MSBU(Macro SBU). An MSBU may be con-
sidered as one or two GOPs(Group of Picture) in MPEG video
coding. Thus, each media stream can be represented as the size of
synchronization interval, the number of SBUs generated in a
synchronization interval, end-to-end delay bound, and etc. Here
we define synchronization interval as ¢, and maximum end-to-
end delay as dJ*.

When we consider a synchronization mechanism for interactive
multimedia services, it should satisfy-two restrictions, continuity
and real-time(or end-to-end delay) characteristics. When data
stream is delivered, the playout time( t[)) at the receiver should not
be later than 4™ from the start time(#) of the data trans
mission. That is, 4™ is the maximum allowable end-to-end delay
permitted by the corresponding applications. This can be repre-
sented by equation (1).

Pi~Si = ty—t, < DB @

where, Siand P: represent the sth departure time of MSBU and
the playout time of receiver side, respectively.

The synchronization control in this paper is made up with
MSBU as a unit thus enables us to reduce the induced overhead
due to frequent synchronization control and it can be applied even
in a distributed environment.

Next we propose a combined structure of both feedback and

feedforward control as depicted in Fig. 2. so that it can dynam-
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Fig. 1. Time-representation model of a media stream.
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Fig. 2. Overall architecture of synchronization controller.

ically be applied to various applications which are realized through
dynamic configuration of existing media agents[3, 11, 15]. The
purpose of such a structure is to dynamically adapt to various
environments where the application requirements as well as net-
work configuration, connection types, and the related systems
performance are considered[16-18].

The feedback control has already been realized in VIC there-
fore an additional realization is not necessary here[18, 19]. There-
fore the focus of this research emphasizes feedforward part, that
is synchronization control mechanism at the receiving side.

The feedback mechanism in VIC is as follows. When an
application has multicast type connections, then every receiving
sides categorize the network status as unloaded, loaded, or con-
gested. And receivers feedback this information to the sender
where the congested status observed by the receiver gets counted
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by the sender. Furthermore the transmission rate is adjusted

~according to the congestion rate of current receiver status[18].

The feedforward mechanism for intramedia synchronization sup-
port is described fiext. We believe that reduced variability in the
frame rate produces higher quality video playout compared to
minimizing number of dropped frames[18]. Users are more sen-
sitive to random frame drops than to the regular drops. Conse-
quently, the adaptive algorithm attempts to reduce the variation of
fps(frames per second) played. That is, adaptive synchronization
using feedforward control provides the optimal synchronization
service by dynamic control of buffering level and playout rate
that was determined through a multimedia call establishment. How-
ever in high-speed packet networks, the end-to-end delay may be
fluctuated, and may incur severe packet loss. So initial buffering
(4™ is intentionally added to make a fixed delay offset to satisfy
equation (1). Theoretically, equation (1) is satisfied if delay offset
greater than the maximum of the actual delay time( d7) between
sender and receiver is set, and this delay offset is less than the
boundary of an end-to-end delay allowance. Thus, ideal buffering
requirement satisfies the following.

DF < DMt= g —t, < DI @

Setting initial delay offset(4™") of multimedia data stream can be
achieved through a relative method which represents the differ-
ence between arrival time of the first MSBU and playout time of
the first MSBU.

A= gt it

Where, %" represent initial buffer delay of the first MSBU and
dr tepresents the network transmission delay.

If an initial buffering delay offset( 42" is set, then the playout
time of the following MSBUs is automatically determined. And
the continuity(intramedia synchronization) and the real-time charac-
teristics for a synchronization can be provided by adjusting buffer
delay of the received MSBUs. That is, through maintaining
reference buffer level, intramedia synchronization is achieved.
Thus it is necessary to adjust the buffering delay properly
according to the buffer status. Here this adjustable delay is repre-
sented by 4., and current network status and clock mismatch
are determined by monitoring the buffering delay of the latest N
MSBUs. ’

There are several methods to get the adjustable delay 4 ,,. In

this paper, simple method called LPF(Low Pass Filter) method is .

used. As shown in Fig. 2, LPF is used to eliminate instantaneous
noise, which can be implemented in various ways[20].
Adjustable delay 4 ,, is absorbed by proper adjustment policy
of the receiver’s buffering condition. And most multimedia data
stream permits jitters in some extent to the size of a processing

interval. Therefore, the method which adjusts SBU playout rate
into the synchronization interval is used. Playout rate is the rate
in which the data is played out per unit time.

In this paper, in the case of normal network state, it is assumed
that the network delay is guaranteed to be less than several tens
of percents. Therefore both delay fluctuation and clock mismatch
can be absorbed by adjusting the playout rate through SBU
interval modification. In the case of congestion state, SBUs drop
or duplication is inevitable. For a criterion of selecting two adjust-
ment policies, the proposed mechanism divides total buffering
space into 3 parts: lower, normal, upper areas. In case of normal
area, buffering level is adjusted by playout rate using the interval
modification. In contrast, buffering level is controlled by SBU
drop and duplication in upper and lower area. The process of
drop/duplication is same as that of transmission frame rate
adjustment at the sender, except for using buffer-fill level as the
reference. Therefore only playout rate control through SBU
interval adjustment is described in this section.

Adjustment of the playout rate in the normal buffering area can
be achieved within the adjustable boundary of playout rate ( r Z,).
When n is the number of SBUs in sth synchronization interval
and the reference playout rate is . ,, the size of maximally
adjustable delay which can be absorbed by a playout rate
adjustment of sth SI is represented as equation (3).

1
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xyB, = gmx  (0<rEKD) ©)]

If the value of an adjustable delay 4, is greater than 4 3%,

the adjustable delay is limited by maximum adjustment of a
playout rate within the range specified by the applications. If the

" value of adjustable delay 4, is less than 4 [2*, the playout rate

to absorb the adjustable delay gets changed in stages. That is,

mex s divided into W stages and makes the required adjustable
delay be absorbed gracefully in stages according to the status of
buffering. Through this mechanism, the graceful degradation of
QoS is provided, and thus obtaining the smoothness.
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Fig. 3. The step-wise adjustment of playout rate.




44 ' YOO and KIM : MULTIMEDIA CONFERENCING SYSTEM WITH INTRAMEDIA AND INTERMEDIA SYNCHRONIZATION SUPPORT

The actual adjustment extent of playout rate can be found by
equation (4), and lets the respective SBUs be processed with the
playout rate of equation (5).

4 : ’
oy | =k A = -4 @
7
(47 ) |
u§x°=#cfﬂmfx75dfx.%/ . (0<y 2D, ®

where, # & is expected playout rate for the next MSBU, . . is
" current SBU playout rate, and the expression - represents the
maximum integer less than that value enclosed.

If we represent minimum and maximum playout rate as ' 2 min
and gax, 2 S should satisfy the restrained condition described

in equation (6) according to the requirements of an application.

foain=trefl= 7B g =1 A1+ 7 2 (6)

Therefore, the respective playout rate 4 [ for the next MSBU is

exp

determined by equation (7) and equation (8). In case where ¢

> 4y

pe=MIN (4t ux, 2°) | )]

and, in case where ¢ 3% < 4 .,

/‘c=M(/Jmin- ”eczxp) (8)

Then a mechanism for intermedia synchronization can be de-
scribed as follows. The coincidence of an adjustable delay as the
dynamic condition of this synchronization mechanism is achie-
vable by designating properly shared measurement model. The
shared measurement model - can be specified according to the
applications. As a typical example, there are master/slave model
and conservative model[17].

In a master/slave model, one of the related media stream is
selected as the master stream(or reference stream), while others
are considered as the slave stream. In this model, the intra-media
synchronization of the slave stream can be sacrificed because the
buffer status of a slave stream is not reflected to total synchro-
nization. Therefore, this mode! should not be used in a specific
application that doesn’t allow a sacrifice of intra-media synchro-
nization, such as the distribution applications in stereo music. In a
conservative shared measurement model, the measurement of a
buffer status is performed on all media streams required for an
intermedia synchronization, and the respective adjustable delay is
computed, where the most conservative value of these is selected
as the shared adjustable delay.

We have used a modified master/slave model which gave us
the priority to the intramedia synchronization control. At first,
‘assume that the two related media i,'gj exists where media i is the
master stream. P; and P, represent playout time of kth MSBU

of media i, j, respectively. Pj,, and P},, represent playout time
of k+Ith MSBU of media i, j, respectively. Maximum acceptable
skew value between two media streams are represented by Sfif.
The procedures for intermedia synchronization is described in Fig.
4. First, intramedia synchronization algorithm is independently
performed on each medium. As a result of that process, a desired
playout time( &},,) of the next MSBU is obtained. Each estimated
playout time is fed into intermedia synchronization algorithm. If
the difference between requested playout time is less than the
maximum allowable skew, their original playout time is returned
only. But if the difference is larger than the allowable skew,
playout time of slave stream should be modified to be synchro-
nized within the skew. The modification into slave stream is
achieved differently according to the buffering level. At . first,
skew is maintained by adjusting playout time from desired time to’
requested time in normal buffering area case. However end-to-end
delay may be partially sacrificed. In case of upper or lower
buffering area, restoration of end-to-end delay is more important
than the requested skew restoration. Therefore skew may be
ignored. ‘

5155}]1)=d;e+1_d2+1 >
if (1581 < 8%7)
tetum Py = dhsy

else
if (dir1 > dir)

teumn Py, = di * (S - S 5
else
rewm Pjy = diy - (SE - Si) s

Fig. 4. The procedure for intermedia synchronization algorithm.

M. Realization of the Conferencing
Application with Synchronization Support

1. Dynamic Configuration Approach of the Conferencing
Applications

Various tools for multimedia conferencing system on Internet
were built by many combined efforts of researchers in recent
several years. The powerful driving force behind the developed
conferencing tools lies in the IP Multicast [21]. IP Multicast
technology extends the traditional IP routing model by providing
an efficient multiparty packet delivery. The incremental deploy-
ment of IP Multicast has been realized through the multicast
backbone(Mbone), a virtual multicast network built on top of the
current internet[21, 22].

Mbone has advantages of having various application tools
available which support audio and video such as VIC [19], NeVoT
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(23], NV [22], VAT (24], and IVS [25]. Even more flexible multi-
media application architecture has recently sprang out, that have
emphasized independently developed controller between the audio
and video tools[11]. This approach has a general concept which
can be applied not to a specific application, but to various appli-
cations made just by simply combining the given tools required
by target applications. Most conventional monolithic video confer-
encing system suffers from a problem of having to add a separate
synchronization function into each applications where our system
carries an advantage of having synchronization supported controller
which is applicable to all the applications therefore having higher
efficiency. However this approach requires a common synchro-
nization controller which can satisfy the synchronization require-~
ments for various applications. Therefore we aim to propose a
general  synchronization mechanism for various - applications
including live or stored media.

This approach begins its base from the architecture proposed by
Ousterhout [26] which can be summed as letting large systems be
easily composed from small tools that can be integrated with
simple communication primitives. In other words, several indepen-
dently produced media agents can be flexibly integrated through
the dynamic configuration approach thus building variety of
applications executing desired tasks. The notion of realizing
various applications by integrating conventional tools induces
variations and reuse in media agents and its applications due to
controllers, and enable us in progressively improving each com-
posed parts.

Each media agents handle the corresponding media streams
directly and send out low-speed reporting méssage as needed.
Therefore required controller mechanism for executing a specific
conferencing scenario can easily be programmed through a simple
interpreter language such as Tcl/Tk [26] and Perl [27]. I has an
advantage of providing simple solution in integrating audio and
video tools and simple modification in media agents. Furthermore
the conferencing controller can be independently designed from
each media agents.

Currently, first trial for video conferencing controller which
links media agents in Mbone is ISC(Integrated Session Controller)
by GMD group [28]. The video conferencing in ISC is realized
by connecting conventional Mbone applications such as Vic or
NeVoT with the session controller. And the communication
between components is done through local multicast or a separate
process called PMM(Pattern Matching Multicast) for distributing
local messages[11].

However, the conventional Mbone audio tools such as Vat,
NeVoT, or video tools such as Vic, ivs, and nv do not have
synchronization supports [2]. Furthermore the video tools such as
vic, ns, ivs immediately display incoming frames as soon as they
are received and decoded. Therefore a different multimedia con-
ferencing system based on the conferencing applications in ISC is
realized and evaluated in this paper where intermedia and
intramedia synchronization function is applied into it.

2. The Architecture of Multimedia Synchronization Controller

Fig. 5. depicts multimedia conferencing applications which has
a synchronization support. The architecture has great flexibility
due to dyﬁamic configuration of the existing media agents used in
designing the system [11]. The overall conferencing applications
contain media agents capable of processing a specific medium
where NeVoT was used for audio support tool and VIC for video
support tool.

The media agents, which process the related media streams,
basically contain an intramedia synchronization function where
proposed synchronization mechanism gets executed. Furthermore a
communicative function exchanging messages with the synchro-
nization controller is added as well, which enables intermedia
synchronization.

Each media agent is an independent separate application and
handles the corresponding medium differently from other media

‘agents. In this paper, a multimedia synchronization controller

which manages and integrates media agents according to an
overall conferencing scenario is designed and realized which
highly relates itself to each media agents thus executing the
synchronization policy according to the proposed intermedia
synchronization mechanism. '

Fig. 6. shows the synchronization controlling method between
the synchronization controller and the media agents [2]. The
synchronization controller decides an optimized buffering delay
value for the media agents according to the cument buffering
delay and the playout time from audio and video agents.

For example, a synchronization supporting video tool(Sync-Vic)
informs the synchrdnization controllerMSC) of its desired
buffering delay and executes the synchronization function accord-
ing to the optimized buffering delay value from the synchro-
nization controller. In other words, all of the media agents adjusts
itself to the reference delay value sent from the controller thus
executing its intramedia synchronization function which in turn
enables an efficient adjustment of synchronization between the
independent media agents.

The designed synchronization controller has three synchro-
nization modes for controlling intermedia synchronization which is

INTERNET

Fig. 5. The components of synchronized multimedia conferencing
system. '
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described as follows. Mode 1 is a non synchronization mode
where Mode 2 is intramedia synchronization control only mode

within the media agents and non intermedia synchronization

control. Mode 3 is the mode which executes both the intramedia
and intermedia synchronization control. Mode 3 can have wide
range of characteristics according to the given QoS parameters.
Generally audio data is very sensitive to loss and delays where
loss and delays in video data has somewhat little affect in the
quality of service. In other words; the delays in audio is quickly
sensed as bad quality. audio to the listener where limited video
data loss or delay does a little or no harm to the video quality. In
such real-time applications, the delay or loss sensitive audio
becomes the reference media in Mode 3 for intermedia synchro-
nization in respect of QoS characteristics. But, in case where
intermedia synchronization seriously harms intramedia synchro-
nization, in other words in case where intramedia QoS is
deteriorated over the specific limit, intramedia synchronization is
primarily applied by the media agents. Fig. 7. describes a
message exchange scenario between media agents and controller
for intermedia synchronization.

MSC ) Media agents

Sync_Mode

Sync_Stat?

Sync_Stat
jitter, end-delay, jitter-RMSE

v

Sync_Ref

Fig. 7. Message flow between media agents and synchronization
controller.

First, multimedia synchronization controller begins by sending
out Sync_Mode message which contains information on synchro-
nization mode to every media agent(NeVoT, Vic). Then the
controller requests synchronization-related statistics information in

- every synchronization adjustment perlod through Sync_Stat? message

from the media agents. The media agents collect the synchroni-
zation-related information at every Sync_Stat? messages then send
jitter, buffering delay, and end-to-end delay information through
Sync_Stat message. The intermedia synchronization controller
MSC which has received synchronization-related information from
each media agents must calculate the reference buffering delay of
the next synchronization interval unit which is send out through

" Sync_Ref message.

3. Realization of the Synchronization Controller

The Mbone is a shared packet network. Routers operate on a
first-in first-out basis and statistically multiplex traffic from
different sources. The result of such operation on a real-time
traffic induces jitter to the inter-packet timing relationships. Jitter
must be removed from audio packet streams, since it renders the
speech unintelligible. To relieve audio data from such jitters, an
audio synchronization buffer is inserted to intentionally induce
delays in audio stream. Audio stream delay is easily achieved by
simply adjusting the delay time into the voice reconstruction
buffer in existing NeVoT. However, video tools do not have such
buffers. Therefore an additional buffering function must be added
to the video tool for synchronization. -Fig. 8. depicts the multi-
media synchronization controller designed and realized inside the
video tool. The controller is structured as a ring buffer to reduce
network jitters as well as offer synchronization function.

Data streams from the sender are temporarily stored in the ring
buffer and is sequentially displayed in accordance with the
selected playout speed within allowed range for intramedia
synchronization by the scheduler. The delay variations in networks
can be significantly smoothed out through this mechanism. In
other words, through the synchronization control, the playout rate

Receiver

Playout
rate

Controller |,

(Scheduler) |

Receive

Fig. 8. The buffering structure of synchronization controller.
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the playout rate controller must absorb end-to-end delay variations
and clock mismatch as well as differences between various
receivers due to multicasting.

Since the total delay used for a reference in the synchronization
control can be represented as the sum of buffering delay and
network delay, the reference value of the buffering delay at each
receiver must be selected based on the_estimated delay value of
the current network environment. Furthermore intermedia synchro-
nization can be achieved by combined. control of the playout
point in each media stream.

IV. The Performance Evaluation in
Synchronized Multimedia Conferencing

Researches on synchronization is only at its birth and therefore
researches for its performance evaluation metrics are made only
in some areas. However, there are consistencies when it comes to
jitter, delay, and skew as a significant measure in multimedia
QoS[1, 2, 29-33]. The delays in transmitting video, audio, or
image can be defined as the delay between signal production and
signal presentaion. Generally, the end-to-end delay in networks
varies randomly as time flows. The random delay characteristics
in networks must be controlled so that buffering at the receiver
and synchronization controller are constantly maintained within a
limited range.

For delay sensitiveness and continuous flow characteristics,
delays for the continuous media must especially be controlled by
adjusting the playout rate at the receiver within a limited range so
that QoS is well maintained. Therefore three parameters of the
buffering delay, the jitter, and the skew variations are used as
performance metrics for evaluating the synchronizétion performan-
ces in the realized multimedia conferencing application. Following
equation (9), (10), (11) are the definition of these three metrics.

—p)? '
P,=\ _Zgi’;f_rl)_ 9)
’ — 2 '

— 2 :
50:(&%@ ] <£11)

where P, and P, represent the reference playout rate and the
current playout rate, respectively. B,,, and B, represent the refer-
ence buffering delay and the current buffering delay, respectively.
Ty and T, Tepresent the presentation times of next MSBU
in master and slave media, respectively

As our testing environment for performance evaluations, .an
Ethernet LAN connected with FDDI as a backbone is configured
as shown in Fig. 9. ‘

Sun SPARC 20/Solaris 2.5 Sun SPARC 20/Solaris 2.4

SunVideo

SunVideo
Ethernet LAN card

10 Mbps Ethernet

Fig. 9. The test environments for performance evaluation.
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Fig. 10. Average video jitter with and without sync control.

The testing on LAN environment is configured on SunSparc 20
operated by solaris 2.4 and by Solaris 2.5 as shown in Fig. 9. For
video card, SunVideo was used.

Fig. 10. shows an average jitter variations in video media with
and without synchronization control. It shows jitter variations at
the receiver when the frames were sent with periods of 100mS.

Without synchronization control, jitter increased from 10mS to
50mS maximum but with synchronization control, jitters were
stabilized within 5SmS. Intramedia synchronization works by
controlling the difference between reference buffering delay and
current buffering delay, disregarding other media. In addition the
maximum adjustable delay allowed by the application is divided
into W steps thus letting network jitters be step-wisely absorbed
in this research. Fig. 11(a), (b), and (c) show video jitter vari-
ations with 1, 2, and 4 number of steps respectively. Buffering
delay variation in intramedia during synchronization control is
shown in Fig. 12. And Fig. 13. shows the skew variations in case
of with and without intermedia synchronization control. Table 1.
shows the results of the playout rate jitter, the buffering delay,
and the skew variations used for evaluating the proposed
synchronization mechanism.

With initial adjusting step set to 1 in intramedia synchro-
nization mode, playout rate, buffering delay, and skew variations
were in average of 28mS, 237mS, and 264mS respectively
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Fig. 11. Video jitter variations in the intramedia sync. Mode.
(a) No. of steps W=1 case (b) W=2 case (c) W=4 case

however, with adjusting step number set to 4 as proposed in
ourstep-wise adjustment scheme, 25mS, 178mS, and 221 msec
were achieved respectively which proves that 10-20% performance
increase can be achieved.

Unlike conventional system controlling only when network
buffering level reaches the upper and lower threshold value, our
system presents several control points thus allowing smooth
absorption of the network environment variations furthermore
allowing smooth QoS degradation ‘in worst network condition and
therefore bring about improvemerits in system performance.

‘However, a problem of incurring jitter or delay variations larger

than expected exist since available bandwidth is about 70-80 kbps.

in the networks. Furthermore we cannot even guarantee this
bandwidth. Therefore it can be said that the transmission rate of
video changes randomly through feedback control. In case of Vic,
video with noticeable motions on a point-to-point ATM connec-
tion requires approximately 300kbps of bandwidth. Therefore the
problems seem to arise from limited bandwidth, unavoidable
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Fig. 12. Video buffering delay variations in the intramedia sync.
Mode. (a) No. of steps W=1 case (b) W=2 case (c) W=4
case.

transmission rate variation by feedback control during heavy
bandwidth variation, and absorption of such variations through
buffering at the receiver. So the best solution would be to limit
transmission rate variations and to adjust variations through the
quantization factor.

Table 1. Performance rusults of the pro;;osed synchronization

mechanism.
Mode Intramedia Intermedia
Metrics ‘ Sync. Mode Sync. Mode
No. of steps 1 4 | 4
P, 28 25 30 32
B, 237 178 187 178
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V. Conclusions

As a typical example for supplying distributed multimedia service,
a multimedia conferencing application with a synchronization
function maintaining original timing relationships between sender
and receiver is designed and realized for this paper. The systems
expandability and flexibility are assured by using dynamic confi-
guration approach which integrates independently formed media
agents on Mbone, unlike conventional applications where a single
independent application controls all media. In addition, our pro-
posal includes a mechanism for stream synchronization which is
able to support a required synchronization requirements at the
communication protocol level.

The synchronization performances of the realized video confer-
encing system was configured on Ethemnet LAN environment
where jitter, buffering delay, and skew variations were used as
performance metrics. According to the results, jitter variations
were 50 times less achieved with the synchronization function
than without. Furthermore, jitters, buffering delay, and skew
variations were limited to 30m$S, 250mS, and 74mS, respectively
which gave us comparatively better QoS delivery even with
significant delays and jitters. .

It is estimated that the results can be effectively applied to
future application services requiring flexible QoS delivery in
addition to the current multimedia services.
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