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MultiSync: A Synchronization
Model for Multimedia Systems

Herng-Yow Chen and Ja-Ling Wu, Member, IEEE

Abstract—Synchronization among various media sources is one
of the most important iss:ues in multimedia communications and
various audio/video (A/V) applications. For continuous playback
(such as lip synchronization) under a time-sharing multipro-
cessing operating system (such as UNIX), the synchronization
quality of traditional synchronization mechanisms employed on
. single processes may vary according to the workload of the
system. When the system encounters an overload situation, the
synchronization usually fails and, even worse, results in twe
fatal defects in human perception: the audio discontinuity (audio
break) and the out-of-synchronization (synchronization anomaly).
In order to overcome these problems, a novel media synchro-
nization model employed on multiple processes (or threads) in
a multiprocessing environment is proposed in this paper. The
problem of asynchronism due to system overload is solved by
assigning higher priority to more important media and adopting
a delay-or-drop policy to treat the lower priority ones. Some
experimental results will be presented to show the effectiveness of
the proposed model and the implementation mechanisms under
a UNIX, X-Windows environment. On the basis of the proposed
model, a continnous media playback (CMP) module, which acted
as the key component of some popular multimedia systems such
as Multimedia Authoring System, Multimedia E-mail System,
Multimedia Bulletin Board System (BBS), and Video-on-Demand
(VoD) System, was implemented.

I. INTRODUCTION

HE MULTIMEDIA synchronization (or orchestration)

problem, a task of coordinating various time-dependent
media streams, always arises when a variety of media with
different temporal characteristics are brought together and
integrated into a multimedia system (such as remote learning
[1], video conferencing systems [3], [4], collaborative work
systems [5], [6], and information-on-demand systems [7], [8]).
When media streams are presented or played in real-time from
different sources, either located locally or in a distributed
situation, the task of maintaining the temporal relationships
among different media streams can be difficult but essential
for smooth presentation playback. For instance, in presenting
a music program in a digital Karaoke system, not only should
audio segments and video frames be played out, with lips-
synchronization performed between them, but the text media
(such as lyrics or voice-over) should also be displayed on the
screen with word-synchronization performed between it and
the audio media. A timeline representation of the requirement
of media synchronization is illustrated in Fig. 1.
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Fig. 1. An example of timeline representation of media synchronizatiori (for
the case of a music program in a digital Karaoke system).

In general, there are two basic types of synchronization
within a multimedia framework [26], [30]: intra-media (serial)
synchronization and inter-media (parallel) 'synchronization.
Intra-media synchronization commonly refers to the playback
of medium individually in time continuity.. For instance, 4
sequence of medium units such as audio segments should be
played out continuously and smoothly for guaranteeing the
intra-media synchronization. On the other hand, inter-media
synchronization needs to determine the relative scheduling
among different media streams as in lips isynchronization.
However, from the time-dependency point of view, syn-
chronization precision is another important issue in system
implementation. Therefore, media are often described as be-
longing to one of the two classes: confinuous or discrete
[16], [27]. Most frequently, the continuous media require the
fine-grain synchronization among various media, such as lips-
synchronization between audio and video. On the other hand,
the synchronization of discrete media usually allows more
coarse-grain synchronization precision—such as the words-
synchronization with a piece of audio and video frames in a
multimedia presentation system. In nontrivial multimedia ap-
plications such as Karaoke systems, each media stream should
support both intra-media synchronization individually and
inter-media synchronization to provide a graceful presentation.
Moreover, different synchronization precision should also be
supported according to the characteristics of human perception.

D. C. A. Bulterman [30] described four data location
models with different synchronization complexities in possible
multimedia applications: local single source, local multiple
sources, distributed single source, and distributed multiple
sources. For the first two cases, synchronization is adequately
supported by local applications or stand-alone systems and *
synchronization support in network is needless. However, for
the last two cases, which are in distributed environment sit-
uations, more complicated synchronization mechanisms must
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be supported by not only the application layer but also the
network layer to eliminate all possible variations and delays
incurred during the transmission of multiple media streams
[24]. In other words, when communication is involved in
multimedia systems, synchronization function should be pro-
vided by both the network transport layer and the application
layer. Recalling the basic concept in network layering: if
the lower layer does not provide some services but the
upper layer does, then the application can always enjoy these
services. Besides, in a multimedia communication application
such as the video conferencing system, it is inadequate to
provide synchronization service only by the application layer
because the application has to handle all synchronization
controls and this will always introduce intolerable overheads
to the application itself. One can treat synchronization service
provided by network (transport protocol) as a common service
such as a synchronization guaranteed and connection-oriented
services in end-to-end connection circuits—applications at
the connected sites simplify the sending/receiving functions
through the synchronization provided by the transport pro-
tocol. Thus, the design of applications can be simplified.
Consequently, a great deal of research has been dedicated
to providing low latency, low jitter, and low-packet error
synchronization models; likewise, real-time protocols in the
network transport layer have been carried out in order to ful-
fill the multimedia communication requirements for network
services [14]-[19]. On the other hand, the synchronization
provided by the application layer is necessary to support more
feasible synchronization functions, i.e., in multimedia docu-
ment presentation systems in which there are multiple sources
of data that should be synchronized in serial or in parallel [35].
This paper assumes that common synchronization facilities
have been supported by the network transport protocol, and
focuses on the synchronization model and related techniques
used for the application layer.

Some previous research on the synchronization model and
related techniques are briefly reviewed as follows. The concept
of “multimedia objects” as components of an object-based
model for a multimedia system is presented in [27], and the hu-
man perception of media synchronization is discussed in [25].
L. Ehley et al. [28], presents a classification of the multimedia
synchronization models (or techniques) and evaluates their
performance used to control jitter among media streams. T.
Wahl ez al. [29], classifies and evaluates a selection of the most
commonly existing time models which are the representation
of temporal relations among different media streams. There are
some papers that discuss the synchronization of multimedia
presentation, tools or specification for media synchronization
[34], [35]. T. D. C. Little et al., proposed-a formal specification
for synchronization and for the retrieval and presentation of
multimedia elements [22], and presented a irtermedia skew
control system for skew correction in a distribution multimedia
system [23].

Currently, many modern computers (workstations or per-
sonal computers) have been equipped with specialized hard-
ware capable of handling multimedia data streams. Therefore,
some multimedia systems such as VoD and Multimedia E-mail
supporting for continuous media are becoming very popular

[12], [13]. However, most operating systems on workstation

_usually adopt time sharing, multiprocessing policies to give

fair use and maximum utilization among system resources.
Hence, multimedia synchronization problems will arise due to
no real-time services which are not provided in such operating
systems. In other words, multimedia synchronization essen-
tially requires somewhat real-time constraints in nature. Run-
ning a synchronization-demand application under a nonreal-
time and multiprocessing environment, the degradation of the
synchronization performance depends heavily on the workload
of the system. In the worse case, the synchronization may
fail if no re-synchronization (synchronization recovery) mech-
anism is provided. D. C. A. Bulterman {30] argued the role of
conventional UNIX in supporting multimedia applications and
concluded that: UNIX is useful for many applications but may
be inadequate for high performance multimedia computing.
There are two approaches that can be adopted to solve the
above problem—one is to rebuild/modify the operating system
kernel such that multimedia primitive functions (such as real-
time scheduling, synchronization) are included in the kernel.
For instance, H. Tokuda, T. Nakajima [31], [32], and D. L.
Black [33], have examined the ability of operating system
support for continuous media applications by a case study
using the Real-Time Mach. Alternatively, as is done in this
paper, one could develop a feasible approach based on the
existing popular environments [37]-[39].

A robust synchronization model suitable for multitasking-
like environments and insensitive to the workload of a system
is developed in this paper. In addition, this model can be
applied to both real-time and non real-time operating systems.
For the case of no real-time supporting, a synchronization
model using multiprocesses and some programming tech-
niques (such as changing process scheduling priority) are
presented to solve or abate the audio break and the out-of-
synchronization defects which may occur in the traditional
synchronization model where only a single process is used
to handle the synchronization. A set of experimental results
demonstrate the practical value of the proposed model under
heavy load situations. These results also show that the pro-
posed synchronization model is superior to traditional ones
[37], [38], not only in terms of synchronization performance
but also from the view points of the easiness of developing
and debugging.

The remainder of this paper is organized as follows. Firstly,
we describe basic synchronization principles and traditional
related mechanisms, and discuss the problems incurred when
the system is designated to provide interactive facility un-
der window-based (such as the X-Windows) systems. Then,
the proposed multiprocesses (multithreads) synchronization
model, namely MultiSync, is presented and discussed in detail.
After that, the superiority of the proposed model is verified.
Finally, our conclusion and discussions are given.

II. THE BASIC SYNCHRONIZATION PRINCIPLES AND
DEFECTS OF THE TRADITIONAL SYNCHRONIZATION MODELS

A significant requirement for supporting time-dependent
media playback in a multimedia system is the identification

Authorized licensed use limited to: National Taiwan University. Downloaded on March 20, 2009 at 00:04 from IEEE Xplore. Restrictions apply.



| 240 IEEE JOURNAL ON SELECTED AREAS IN COMMUNICATIONS, VOL. 14, NO 1, JANUARY 19%

media segment

media segmen
belongs to interval T1

belongs to T2

storage space

|( i T I time axis
interval T1 intetval T2

fy] ... videoframe atxdio segment

* playback path playback path

time interval (T1) = size of audio segment (Ar) / sampling_rate

Fig. 2. Audio/video synchronization principle for a digital A/V playback
system.
media_unit
Ul __u2 U3 __ U4 __ U5
- gtorage space
time axis

Til 720 131 T4 1775 1

Fig. 3. Concept of playback media-unit.

and specification of temporal relationships among various
media objects. Such temporal relationships among different
media may be implicit in nature, as in the case of simultaneous
acquisition of audio and video during recording stage), or
may be explicitly formulated as in the case of making the
multimedia documents by authoring tools. Let’s take the
analog VCR system as an example for the former. It is clear
that the rotational speed of tape in an analog VCR can be
used as the reference for generating timing information. On
the other hand, one can get the timing information directly
from the size of the audio segment acquired during the media
digitization stage in the digital A/V playback system. As
shown ‘in Fig. 2, the time interval 71 for playing the audio
segment Ar; can be computed by dividing the size of Ap;
by the sampling rate (such as 8000 Hz for voice quality), i.e.,
a 1000 byte audio segment stands for a time interval about
250 ms for a continuous audio playback with voice quality
assumption.

A good synchronization algorithm must guarantee both
inter-media and intra-media synchronization within the given
tolerable precision which are application dependent. For ex-
ample, in Fig. 2, both the video frames and audio segments
should individually be played back smoothly to insure the
intra-media synchronization. At the same time, some video
frames (say V1, Vs, ..., Ve) and the associated audio segment
(say Ar) in the same time interval should also be played back
precisely under the enforced time-constraint to insure the inter-
media synchronization. Notice that the time interval 71 is not
necessarily equal to the time interval 7°2 in general. However,
for the ease of explanation, a media_unit (say U;), which is
composed of only a video frame and its associated audio
segment, is defined as the basic unit for playback during their
corresponding fixed time interval (say 7'%). For instance, under
the 25 video frame/s and 8000 audio samples/s assumptions,
a video frame and its associated audio segment (with 320
samples) comprise a media unit that should be played out
simultaneously during their common time interval (with 40
ms). The media_unit concept can be achieved easily in real
implementation. Fig. 3 schematically shows this concept.

To support a continuous media synchronization and play-
back periodically, many different techniques had been pro-
posed for different platforms (PC with DOS ior MS-Windows
[36], Workstation with UNIX and X-Windows [37]-[39]).
Among these, the simplest way is to maintain a loop structure
for retrieving and playing back the corresponding media. Its
pseudo algorithm is shown as follows:

[The simplest version for periodic contlnuous media
playback]

1. loop {

2. retrieving_corresponding_media (aud10 video);
3. playback_corresponding_media (audio, video);

4.}

But in this scheme, none are functionality provided with
respect to synchronization controls (such as intra-media and
inter-media synchronization), *interactive controls (such as
pause, resume, and rewind a presentation), and presentation-
rate controls (such as fast and slow playbacks). If a VCR-like
playback system which can support not only the essential
synchronization controls but both the interactive controls and
the presentation-rate controls is to be built, the basic control
module for media playback will become very complicated
and difficult to implement, debug, and maintain. Based on
the above simplest version of continuous media playback and
with the aid of some synchronization facilities, a feasible
synchronization model, referred to as Model I, has been
proposed in [37], [38]. All the synchronization schemes are
provided based on the idea of aligning the corresponding
physical locations of A/V data on storage.

Model I: [Sync. by location alignment]

1.1c0p { /* playback a media_unit */ :

2. estimate video_waiting time; /* cf. Eq. (1) or Eq Q) *
3. retrieving_and_playback audio_ segment()

4. retrieving_and_playback_video_frame();

5.  waiting (video_waiting_time);

6.} until end_of_playback

audio_segement_size

video_waiting_time = - MY 1
. & audio_sampling_size @
. e audio_segement_size
video_waiting_time = - —
audio_sampling_size
+ system_overheads. 2)

In Model I, media_unit playback and synchronization con-
trol are embedded in a loop structure. Since computer systems
nowadays usually cannot properly deal with a very short time
interval (such as few microseconds) required for playing the
individual audio sample, several audio samples have to be
grouped together to form a playable audio segment. These |
samples will be stored into the device buffer and issued
at a sampling rate dependent on the consuming rate when

~ an audio segment is written into the audio’device. While

video playback usually needs special hardware decoder (e.g.,
JPEG [20], MPEG [21]) equipped to meet the real-time and
high-quality demands. In Model I, both of the video frame
Vi and its associated audio segment Al are issued almost
simultaneously; the video frame is consumed immediately due
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to the hardware support and the associated audio segment is
continuously played back by the audio device until the audio
buffer becomes empty. Therefore, the next video frame V5
has to wait for a time period (video_waiting_time) to avoid
playing back too early. The frame waiting operation can be
realized easily either by the busy waiting mechanism such as
the wait system call in the single-processing environment (such
as MS-DOS), or the process suspending mechanism such as
the sleep system call in the multiprocessing environment (such
as UNIX). As a result of employing the concept of playback
of the media_unit in a loop, the complexity of inter-media
synchronization between audio and video can be reduced
intuitively. Ideally, the video_waiting_time in Model 1 is equal
to the size of the audio segment divided by the sampling rate of
the audio device (cf. (1)), so the above scheme is a practical
and effective algorithm for continuous media playback in a
single-processing environment. However, some penalties such
as context-switching delay and process scheduling delay would
be induced by system overheads and should be taken into
account (cf. (2)) in a multiprocessing environment. These
overhead penalties are system dependent and are difficult
and nearly impossible to be measured precisely. Consider a
nonreal-time multiprocessing system which is under a heavy
CPU load, we cannot assure at what exact time our process will
be served by CPU because we don’t know how many processes
have been scheduled ahead of ours. As is pointed out in [37],
[38], the precise level of estimation for video_waiting_time is
critical in Model I and may not be estimated precisely enough
under a heavy system load situation (such as CPU bound
and/or I/O bound) and the following two unwanted cases may
occur and degrade the synchronization performance.

Case (1): Audio-Break (cf. Fig. 4): If  the  estimated
video_waiting_time interval is longer than the real one,
it would be too late to write the next audio data segment
to the audio device in time. Therefore, the buffer of the
audio device will be exhausted before the next audio segment
arrives and there will be no audio data played back between
these two audio segments. A discontinuity in audio output
will result even though the synchronization with video
can be held. This phenomenon violates the intra-media
synchronization principle in the continuous audio playback
and indeed causes an uncomfortable perception in audition.
Fig. 4 shows an example of the audio-break phenomenon in
an A/V playback application.

Case (2): Out-of-Synchronization (cf. Fig. 5). If the esti-
mated time interval is shorter than the real one, it would
be too early to write audio data to the audio device. In

media_unit

- slorage space

time axis

foa
LIS S PR L YRR T
f nonmal audio path
normal video path
"out-of-sync” video path

out of synchronization B
occurred in here

Fig. 5. Example of “out-of-synchronization” anomaly.
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————= fork() or kiil() system call
- - - - £ - inter-media synchronization

Fig. 6. MultSync: The proposed multiprocéss synchronization model.

this case, the residual part of current audio segment is still
buffered in the audio device, but the corresponding video
frames will be immediately played out by the video interface
hardware such as the MPEG card. Thus, the audio device
buffer could be almost full and out-of-synchronization occurs.
This phenomenon violates the inter-media synchronization
principle and indeed causes a uncomfortable perception in
vision. Fig. 5 shows an example of the out-of-synchronization
defect in an A/V playback application.

III. THE PROPOSED MODEL: THE MULTISYNC MODEL

In order to overcome the above two fatal deficiencies, a
novel synchronization model/mechanism which is insensitive
to the system workload will be presented in this section. The
basic idea of the proposed approach is not to perform both
the intra-media and the inter-media synchronization within
a loop structure, but distribute the jobs of synchronization
from only one process to many individual processes. Each
process undertakes only the intra-media synchronization with
which it concerns and the inter-media synchronization can then
be attained through either/both the absolute synchronization
with system clock or/and some interprocess communication
techniques such as pipe and shared-memory. In this model,
we assume some primitive functionalities such as multipro-
cesses/multithreads creation, termination and intercommuni-
cation for multitasking have been supported by the operating
system. Some operation systems do not support the multiple
threads in a process (e.g., UNIX), and some do (e.g., OS/2,
MACH). For the ease of explanation, thread is defined as
a kind of light-weight process such that we can treat a
thread as a process if the multithread facility is not supported
by the operating system. Fig. 6 shows the proposed model,
schematically.
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A. Model II: [Multiprocess (Multithread) Media
Synchronization] [The MultiSync Model]

For the sake of clearness, this model is described by the
following definitions:

Definition 1: [Process Definition]:

Two kinds of processes are defined in this synchronization
model: the media-process (child process) and the control-
process (parent process). The media-process is responsible for
both intra-media and inter-media synchronization. The control-
process is responsible for controlling the user interactive
operations (such as rewind, pause) and some management
functionalities of media process (such as generate or terminate
a process). The main. functions of the control-process include:
(cf. Fig. 6)

1) To pre-calculate (or get) the temporal information (such

as video _waiting_time) for synchronization.

2) To generate (fork) other media-processes when media

playback is started. '

3) To terminate (kill). other media-processes when media

playback is stopped.

Definition 2: [intra-media synchronization]:

Intra-media synchronization must be achieved individually
by each media-process.

Definition 3: [inter-media synchronization]:

Inter-media synchronization can be achieved cooperatively
by each media-process. Two general approaches can be
adopted: ’ '

* Approach 1 [relative synchronization by inter-process

communication]; media processes can be synchronized
relatively with each other through some well-known
internal process communication techniques, such as share
memory, socket and pipe.

N
§ late frames that should be dropped
N
g early frames that should be delayed

Video Process Audio Process

1. loop{ 1. loop {

2. retrieving_video_frame (i); 2 retrieving_audio_segment (i);
3. get current_time from system clock; .8 playback_audio_segment (i);
4. i (current_time > dead_time(i)) { 4.} until end_of - playback.

5. drop this video frame i;

6. jump to next appropriate frame i;

7.} ’

8. if {cument_time < start_time(i)) {

9. delay untit (current_time >= start_time(i));
10. }

11.  playback_video_frame (i);

12. } untit end_of_playback

Fig. 8. Pseudo codes of the video and audio processes.

s Approach 2 [absolute synchronization with time-axis by
the absolute system clock]; each media:process uses the
system clock to synchronize absolutely with the same
time axis to achieve the goal of inter-media synchroniza-
tion among them. :

Definition 4: [priority assignment]:

The higher priority can be assigned to!more important
media-process which is designated the better service (such as
CPU scheduling order, CPU usage quota, etc.). The level of
importance usually depends on the characteristics of different
media and/or the type of applications.

In order to give the reader a more clear picture of the pro-
posed model, a continuous media playback system including
both audio and video employing the proposed synchronization
model is described in detail as an example and its synchro- -
nization pseudo algorithm is presented. ,

1) Before the playback button is pressed, only a control-
process running in an event-driven way provides the
interactive facilities. When a user presses the button to
start playback, the playback event handler will perform
two actions in order: )
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forming synchronization. This control-process 1. open_read_fiie(ipt); 1. i=1;
will maintain a table Of time stamps WhiCh iS 2. open_write_file(fp2); 2. loop (1000000) { /* busy for CPU */
. s . 3. loop (1000000) { /* busy for disk /0 */ |3. pow(i, i);
used as Fhe check-points 'for inter-media syn- read (fp1, buffer, buffersiza); " log2();
chronization. Each entry in the table records s. write (fp2, buffer, buffersize); 5. i=i+1;
the presentation lifetime which comprises the & ! 6}
. . . . . 7. close_file (fp1);
starting point (start_time) and the ending point  coco e o).

(dead_time) of each audio segment. All of the
video frames and their associated audio seg-
ments should be played back within their cor-
responding time interval (cf. Fig. 7).

To generate the child process (media-process) for
each media by using the process creation system
call such as fork() [45] in UNIX. Meanwhile,
there are one control-process (for high level
user .interaction) and two media-processes (for
synchronization support) running concurrently.
Since the media-processes are the child pro-
cesses of the control-process, the temporal in-
formation obtained in Action 1 will be inherited
(delivered) to each media-process.

2) According to the proposed model each child media-
process must undertake both the intra-media and the
inter-media synchronization. In order to avoid the audio-
break phenomenon, the audio-process is designed to
keep writing the sequence of audio segments to the audio
device in a loop way. On the other hand, video-process
adopts a delay-or-drop policy to deal with the out-of-
synchronization problem, as shown in Fig. 7, based on
the definition of playback time interval (the so-called
media_lifetime). The right and the left columns in Fig. 8
show the adopted pseudo codes of the video-process and
the audio-process, respectively.

3) If the user presses “stop” or “pause” button, the control-
process will terminate the playback action by calling
“kill()” system call [45] to kill all the child media-
processes.

4) If the user presses “play” or “continue” button again,
then the steps (1) to (3) will be repeated.

The above audio process uses neither the time stamp in-
formation nor the interprocess communication technique to
synchronize the video process. The process retrieves and
plays back the audio data in a loop way. Nevertheless, the
synchronization can be achieved in the above example be-
cause the audio buffer is always filled and the audio data

Action 2:

Fig. 10. Pseudo codes for simulating the /O burst and the CPU burst
situations.

in the buffer is consumed at a constant rate, i.e., the audio
can be played out smoothly along with the time axis and
no audio discontinuity will occur. While the video process
makes use of the media lifetime, which comprises of two
time stamps (start_time and dead_time), to check whether the
corresponding video frame should be played back or not,
based on the following delay-or-drop policy. In other words,
we intend to keep the audio playback axis up with the time
axis and make the video playback (based on the delay-or-
drop policy) to be directly synchronized with the system
clock. Consider the video frame Vi which is retrieved and
ready to be played out as shown in Fig. 7. Notice that, its
current_time (gotten from the system clock) is ahead of its
media lifetime (), hence, its playback action should be
delayed until the current_time is within its media_ lifetime.
Conversely, the video frame V; is also going to be played
out but its current_time-lags behind its media lifetime (75),
therefore, its playback action should be canceled (dropped)
due to out of time.
Delay-or-drop policy: The corresponding video frame
should be
Rule (1): dropped if the currenttime is ahead of the
dead _time.
Rule (2): delayed if the current_time lags behind the
start_time.
Rule (3): played back if the current_time is within the
media_lifetime (i.e. in between the start_time and the
dead_time).
There arc several advantages of the proposed synchroniza-
tion model for operating in multiprocess environments:
1) Easy to program and debug: The use of multiprocesses
" (multithreads) model simplifies the complexity of a
program so that it is more intuitive and easy to program
each media function than the Model I does.

Authorized licensed use limited to: National Taiwan University. Downloaded on March 20, 2009 at 00:04 from |IEEE Xplore. Restrictions apply.



Fig. 11.

2)

3

4)

IEEE JOURNAL ON SELECTED AREAS IN COMMUNICATIONS, VOL. 14, NO. 1, JANUARY .1996

Model 1 Model IX
cpu utilization cpu utilization
100
00 o
* o 80
o
o
3 @ 60
n [0}
3 =]
40
3 -]
o B
3 v 20
0 " . R : N )
0 10 20 30 [} 10 20 . 30
time (sec)) time (sec))
disk utilization disk utilization
% 100 « 100
o o0
80 80
: :
¥ 60 2 60
E 3
ﬁ 40 ﬁ 40
-ri -
g 20 < 20
0 . — . R - ol
0 10 20 30 0 10 20 30
time (sec)) time (sec))
audio-break audio-break
1000 ' 1000
————break interval
800 ~perceptible 800 F
o v pres— q 1
O 0 | gap interva.
3 g 600 [ perceptible ]
5 5 g00 |
200 |
o e e 5
0 10 20 30 0 10 20 30
time (sec)) time (sec))
frame ratio of out-of-synchronization frame ratio of playback and drop
25 ¢ . 25 pw m s PR
'
Ay
° 20 —ut-of-sync rate ° 20 T‘ - '\,\_"“ ’
¢ : (7}
5 15 & perceptible g 15 L T play rate
& & o drop rate
10 10 —perceptible
5 ¢ 5} N\/\/\_‘
W IO AR
o T N
0 10 20 30 0 10 20 30
time (sec)) time (sec))

Performance comparison under the I/O burst situation

“Audio discontinuity” is eliminated: This is because the
audio process is always busy on writing audio data and
thus the audio device buffer is almost full.
“Out-of-synchronizarion” never happen: This is because
the video process adopts the delay-or-drop policy to han-
dle inter-media synchronization with the audio process
on the same time axis. ' ’

Multiple media priority can be supported: Various media
priority can be supported by assigning different priority
to different processes (threads) in real applications. For
example, in the lip synchronization application, it is
obvious that the priority of audio data is higher than
that of the video because the human perception is more
sensitive to audio than to video. In subtitle applications
(with foreground slides and background music), the

5)

A

priority of image or graphic media may be higher than
that of the audio data. , v
System is robust and flexible: Multimedia applications
based on the proposed model will become more flexible
and adjustable than the ones based on the traditional
synchronization model. For example, by taking the ad-
vantage of the proposed model, an application, such as
Quality of Service (QoS) manager can kill or suspend
some less important media processes (threads) when
the system workload is heavy and can be restarted or
resumed when system workload becomes light.

IV. SYSTEM IMPLEMENTATION AND EXPERI'MENT RESULTS

continuous media playback (CMP) module based on the

proposed synchronization model has been implemented on the
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Fig. 12. Performance comparison under the CPU burst situation.

SUN SPARC 10 workstation under UNIX and OpenWindows
environments. A JPEG-based hardware, the XVIDEO [40],
[41] Paraliax board, was used to compress and decompress
the video stream (with 640 x 480 resolution) in real time
(25 frames/s). The built-in audio device was used to provide
record/playback functions with 8 KHz sampling rate. A graph-
ical user interface based on OPENLOOK [42] and X-Windows
[43] was also developed. To provide interactive facilities such
as fast forward, rewind and pause, the UNIX alarm signal (in X
toolkit intrinsic: XtAddTimeOut [44]) rather than UNIX sleep
[45] system function was included into the control process
sO as to return the input control right (such as mouse input
focus) to the window manager. Fig. 9 shows the hardware
and software architecture of the realized system.

Two critical situations, /0 burst and CPU burst which result
in bad performance in traditional synchronization model, were
used to judge the performance of the proposed model. The I/O
burst was generated by concurrently running some processes
with heavy disk I/Os, while the CPU burst was generated by
running some processes with heavy CPU computations at the
same time. Fig. 10 shows the pseudo codes used for simulating
the I/O burst and the CPU burst situations.

The synchronization performance of the proposed model
was examined by measuring the (1) “audio-break interval” (the
time duration for the audio buffer retained in empty status) and
the (2) “frame dropping ratio” (the number of dropped frames
per second) of the A/V playback system under three different
kinds of heavy load situations: I/O burst (cf. Fig. 11) alone,
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Fig. 13. Performance comparison under both the YO burst and the CPU burst.

CPU burst (cf. Fig. 12) alone and combination of both the I/O
burst and CPU burst (cf. Fig. 13). For comparison purposes,
the synchronization performances of Model I under the same
heavy load situations are also illustrated in the corresponding
figures. Both of the system load histograms which include CPU
load and disk access load and the performance measurement
histograms are given in the illustrations. Since the out-of-
synchronization problem is successfully solved by using the
delay-or-drop policy in the Model II, only the frame ratio
of out-of-synchronization of the Model I is exhibited while
frame ratio of playback and drop of Model I is shown in
the performance measurement histogram. Audio-break has
also been measured for both models in the illustrations. Each
experiment takes thirty seconds long and is executed in three

equal duration sub-intervals (10 seconds eaéh). The system
load is in normal situation in the first sub-interval. During
the second sub-interval, the system load is in the designated
burst situation (such as I/O burst, CPU burst, or both). In
the third sub-interval, the system load return to its normal
situation. ‘ } :

From the CPU utilization histograms: as shown in
Figs. 11-13, it is observed that in normal CPU load situation
the percentage of CPU - utilization of Model II (70% in
average) is higher than that of the Model I (59% in average),
in the normal CPU load situation. This is because the Model
II-based playback system uses more processes which include
control-process, audio-process and video-process at least than
its Model I-based counterpart. '
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TABLE 1
OVERALL PERFORMANCE COMPARISON BETWEEN MODEL I AND MODEL II (ALL BURST SITUATIONS ARE
SIMULATED BY CONCURRENTLY RUNNING 3 BURST PROCESSES)

audio break

performance|
load situatior

video dropping

(msec)

rate (frames/sec)

Normal 0

YO burst 442
CPU burst 525

/O, CPU burst |. 700

TABLE I
OVERALL PERFORMANCE OF MODEL II UNDER DIFFERENT
BURST SITUATIONS (BURST SITUATIONS ARE SIMULATED BY 3
AND 10 PROCESSES WITH OR WITHOUT PRIORITY ASSIGNMENTS)

Wc audio break frame rate

load situatio (msec) (frames/sec)
priority without | without | with | without | without | with
(’l”':";‘:s":::l’;‘zf) 3 10 | 10 3 | 10 | 10
Normal 0 0 0 24 24 24
VO burst 0 347 0 20 10 15
CPU burst 0 475 0 17 8 14
10, CPU burst 4 578 [ 13 6 12

It is noticed that in the performance measurement histogram,
a horizontal thin line is used to indicate the threshold level of
perceptibility, which indicates that the media can be perceived
by human audition and/or vision only if the corresponding
measured value is higher than this level. For instance, the
effect of audio-break interval shorter than 20 ms or out-of-
synchronization ratio (or video frame dropping ratio) less than
3 frames/s is hard to be perceived by us. This is another
positive factor for the applicability of Model II.

Table I summaries the results of Figs. 11-13 to give an over-
all performance comparison between Model I and Model II by
various performance indices including audio-break interval,
out-of-synchronization ratio, playback frame rate, and video
dropping frame rate, under different system load situations.

More overheads will be induced if more burst processes
are executed concurrently in a system, so the number of
concurrent executing burst processes is an important parameter
of the synchronization performance of Model II. The effect
of this parameter is examined by increasing the number of
concurrent executing process from 3 to 10. As expected,
audio break occurs (cf. the 3rd column of Table II) and video
frame-dropping-rate/frame-rate increases/decreases (cf. the 6th
column of Table II) due to the insufficiency of CPU quota for
each media process to retain its intra-media synchronization.
This problem can be partially solved (or at least reduced)
by assigning higher priority to more important media (such
as audio in the A/V playback application). The 4th column
and the last column of Table II show the effectiveness of the
priority assignment for Model II.

V. CONCLUSION AND DISCUSSIONS

In this paper, a novel synchronization model suitable for
multi-user, multiprocesses (e.g., UNIX), and multithreads
(e.g., MACH, OS/2) environments is proposed. Moreover, the

Fig. 14. The photo of the multimedia e-mail system.

proposed model is insensitive to I/O burst and CPU burst
situations, in which the traditional synchronization approach
can not perform. well.

UNIX is a very popular operating system, but it does not
support real-time functions due to its kernel is a nonpreemptive
one and its process scheduling criterion which adopts the
multi-level feedback with round robin policy. As it is pointed
out in [30] and [31] that the conventional UNIX environment
is not suitable for supporting high-performance multimedia
computing. However, a multimedia synchronization model
and some related mechanisms under UNIX environment is
intended to develop in this paper in order to expand its
popularity.

On the basis of the proposed synchronization model and
the prescribed continuous media playback (CMP) subsystem,
a series of multimedia systems, which include Multimedia
Authoring System [11], Multimedia E-mail System [2], Mul-
timedia BBS [10], and a prototype of VoD System [9],
have been developed on SUN SPARC 10 workstations under
UNIX operating system and OpenWindows environments in
the Communication and Multimedia laboratory of National
Taiwan University. Fig. 14 shows the photo the Multimedia
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E-mail System. The successfulness of these multimedia ap-
plications show once again, the correctness and the practical
values of the proposed synchronization model.
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