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Abstract

Synchronization is considered as a key issue in distributed multimedia systems. In
a real-time multimedia presentation, data objects of different media types or coding formats
are delivered from distributed media-storing servers to the remote client simultaneously
over high-speed networks. The multiple streams need to be synchronized so that the
multimedia document can be presented in the way specified by its creator. The
synchronization research involves issues such as temporal relationship modeling, extending
network protocols and supporting the implementation of applications where the
synchronization control mechanisms integrate with other system functionality, such as the
ATM network transmissions, the video coding/decoding and the distribuied database
management,

In this thesis, we investigate a software synchronization control system for a target
presentational application, i.e., a Multimedia News-on-demand service. Relying on the
Quality of Services (QoS) supported by the ATM-based virtual connections, the system
prevents major multi-stream mismatches through a delivery scheduling operation.
Moreover, the synchronization errors brought by the inevitable network delay variations are
recovered through a Stream Synchronization Protocol (SSP) in order to preserve the
presentation quality. We apply the Time Flow Graph (TFG) to model the temporal
relationships among the media components so that the scheduling and recovering
operations can be efficient. Synchronization QoS parameters are employed in the SSP
control. In addition, the differences between the chai‘acteristics of coded and uncoded data
streams are taken into account. We present a pricrity-based synchronization control for
coded data, e.g., the MPEG-2 video stream.

For the implementation of such a control system, we elaborate a set of data structure

specifications and algorithms. As well, we develop the software modules to implement the
synchronization control prototype.
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Chapter 1

Introduction

1.1 Multimedia Applications and Synchronization

Advances in computer technologies have led to the development of powerful workstations
with audio/video capabilities, and server machines with high capacity storage devices. Similarly,
advances in networking technologies promise the availability of high-speed ATM-based networks
that are characterized by bandwidth-on-demand. These developments have spurred interests in the
development of distributed multimedia applications. The potential new applications include
[Fur94]; multimedia information systems, on-demand multimedia services, distance learning,
collaboration and conferencing, etc.

A Distributed Multimedia System, where a number of workstations and server machines
are interconnected by one or more networks, offers greater promise than the Stand-alone
multimedia workstation. On the other hand, managing multimedia in a distributed system brings
in a number of research problems. Multimedia Integration becomes a great challenge in the

development of distributed multimedia applications.



Multimedia Integration

Multimedia systems are defined as systems capable of creating, storing, retrieving and
transporting a variety of media types, such as text, voice, graphics, animation, images, audio and
full motion video. First, the variety of media types is an important feature of modem information
systems. Second, in order to deal with this variety, integration is a critical concern. In essence,
multimedia systems are attempting to solve the problems of information management by integrating
the various forms of media into the computer/communications infrastructure. There are two
benefits of achieving this level of integration(Bl91l;
1) The computer can help in the task of managing and processing the information.
2) Information users only have to deal with one integrated environment rather than a number of
separate information subsystems.

The above is the main motivation behind the current research on the multimedia integration subject.

Multimedia Synchronization

In the context of this thesis, the term multimedia synchronization refers to the temporal
integration of the distributed multimedia information. A distributed multimedia system (refer to
Fig.1.1.2) includes multiple sources of various media either spatially or temporally[Li®0] to create
composite multimedia documents. Spatial composition links various multimedia objects into a
single entity dealing with object size, rotation, and placement within the entity. Temporal
composition creates a multimedia presentation by arranging the objects corresponding to the
temporal relationships. The synchronization control is to maintain the temporal relationships
among the muitimedia objects.

There are basically two types of synchronization, i.e., continuous synchronization and
synthetic synchronization. The continuous synchronization requires constant synchronization of
lengthy events. An example of continuous synchronization is the lip-sync in video telephony,
where the audio signal captured at the recorder and the video signal captured at a camera are

transmitted to a remote receiver site and then are continuously played back with the audio matching



the speaker’s lip movement. The synthetic synchronization exists in a multimedia document,
where the temporal ordering required in playing back the media components is explicitly specified.
An example of synthetic synchronization is a slide show with blocks of voice allotted to each slide
(refer to Fig. 1.1.b). These two types of synchronization may coexist in the same application.
Since the network introduces variable delays to the delivery of the objects, synchronization
control is required so that the multimedia data objects can be played back according to the temporal

relationships among the objects.

Figure 1.1.a  Anexample of a distributed multimedia system

Image Image! Image2
Voice Voicel Voice2 Vnioe3|

1 1 1 4.
TQ T 1 T2 Time

Figure 1.1.b  The temporal composition of a multimedia document

Research work is required to fully understand the temporal integration requirements of the
distributed multimedia applications and the corresponding implications for the synchronization

control system design. The thesis focuses on the synchronization problem of the Distributed



Multimedia On-demand system, particularly the design and implementation issues of a
synchronization software control system for a distributed Multimedia News-on-demand

application. The thesis work relates to the CITR major project entitled “Broadband Scrvices”.

1.2 Introduction to the CITR “Broadband Services”
Projectras4]

An important class of distributed multimedia applications is the presentational one where
multimedia documents featuring continuous (voice and video) and/or discrete (text/and image) data
are accessed interactively by remote users. Example applications include: electronic newspaper,
digital library, home shopping, and distance education. The success of this type of interactive
services is heavily dependent on the ability to deliver the service to a large community of users in
an effective manner.

The Canadian Institute of Telecommunications Research (CITR) is carrying on a
Broadband Services project which is focused on the enabling technologies required for the
development of presentational applications involving one or several multimedia databases accessed
over distance through a broadband network. Of particular interest are the service architecture and
the software infrastructure that support the implementation of applications that are efficient and
flexible. Video objects are generally large. The storage and communication requirements of these
objects create challenges in the design of systems that support large user communities, especially in
the areas of video file servers and the management of user expectation with respect to quality of
service guarantees. These areas will be investigated in this major project. The elaborate data
management requirements of multimedia applications also create challenges in database design.
Other issues to be addressed include video encoding to impact on the design of video file servers,
multimedia databases, and telecommunications software. They also affect the design of application

programming interfaces for interactive multimedia applications.



This major project has an experimental component where a target application will be
developed and demonstrated on an ATM test bed. Currently, Multimedia News-on-demand is a
strong candidate for the target application. The six constituent projects are designed such that they
are complementary and that the results can be integrated into a working prototype. The titles of
these projects are listed below:

. Multimedia Data Management

. Scalable Video Encoding for Database storage

. Quality of Service Negotiation and Adaptation

. A Distributed Contiruous-Media File System

. Synchronization of Multimedia Data for Presentational Applications

. Project Integration

Our research group at the Multimedia Communications Research Lab. (MCRLab),
University of Ottawa, is engaged in the project entitled “Synchronization of Multimedia Data for
Presentational Applications”. The general objective of this project is to develop and evaluate a
complete software control system for synchronizing multiple data streams generated from
distributed media storage database servers. The control system developed will be used to support

the Multimedia News-on-demand, the target presentational application of the major project.

1.3 Thesis Outline

Recent research in our group and elsewhere has focused on the architecture design and
implementation of the real-time multimedia synchronization control system.

A review of the multimedia synchronization research is given in Chapter 2. Both the
application requirements and synchronization technologies are addressed. On the broadband
network {e.g., ATM network), data sireams of different media may be transferred on different

virtual connections, according to their traffic characteristics and QoS requirements. Furthermore



the Synchronization QoS parameters(Ste92] are applied to describe the multi-stream mismatching
that can be tolerated by applications of different types. In stored information retrieval, a delivery
schedule can be made before the real-time transmission starts based on a priori presentational
requirements represented in a temporal model. Moreover, synchronization error recovery applies
to the data streams upon their arrivals. The synchronization control schemes can be applied to a
variety of synchronization control “granularity” units. Research on layered synchronization
architectures is also introduced.

Chapter 3 describes the conceptual design of a complete software synchronization control
system for a target real-time presentational application, the Multimedia News-on-demand service.
Temporal models are discussed in the aspect of their capabilities to support synchronization
scheduling. The functional entities required to perform the synchronization consist of a data
delivery Scheduler and pairs of Media Synchronization Controllers (MSCs) at both ends of each
stream connection, i.e., the server MSCs at the Media Server's site and the client MSCs at the
client’s site. The problem of synchronizing distributed servers in an integrated document delivery
is partly solved by connection QoS guarantees and delivery scheduling. The other concerns lie in
the synchronization recovery performance, such as, fast accommodation to the random network
disturbance, efficient buffer management, the impact of data loss which may occur when the
buffer overflows, etc. A Stream Synchronization Protocol (SSP) is introduced to the client MSCs
to deal with the synchronization errors among the data objects when late packets are received at the
client’s workstation via separate stream connections. A priority-based synchronization control
scheme for a coded stream, the Pre-decoder Synchronization Controller (PSC) and MSC control
over a MPEG-2 video stream in particular, is also investigated. In the network transmission
architecture, the SSP which is an application protocol, resides above the QoS supporting network
protocol, such as ST-2, which in turn resides above the ATM transmission subsystem.

Chapter 4 presents the implementation issues related to the above design. The data
structures of the scenario specification, the temporal mode! of Time Flow Graph, the schedules,

and a set of scheduling algorithms are provided. In the software implementation, the UNIX



supported interprocess communication mechanisms are fully utilized for concurrent process
control, such as shared memory, semaphores, sockets, and signals. The receiving buffer (e.g.,
the buffer controlled by the client synchronization controllers) structure is implemented by a linked
list. User interactions are also considered. The experimental prototype is going to demonstrate
the synchronization control system over an ATM-based network.

Chapter 5 concludes the thesis by summarizing the contributions and suggesting future

work.

1.4 Publications Arising from this Research

1. L. Lamont, L. Li, N. D. Georganas, “ Centralized and Distributed Synchronization
Architectures for Multimedia Presentational Applications”, Proc. the 3rd International Conference

on Broadband Islands, Hamburg, Germany, June 1994,

2. L. Li and N. D. Georganas, “ MPEG-2 Coded- and Uncoded- Stream Synchronization Control
for Real-time Multimedia Transmission and Presentation over B-ISDN”, Proc. ACM

Multimedia’94 Conf., San Francisco, U.S., Oct., 1994,

1.5 Technical Terminology and Definitions

Media Object

An information item in mono-media. One page of text file, a segment of audio, and a video frame

can all be media objects.



Presentational Scenario

A document structure specifying the temporal relationships among the multimedia objects, which
characterizes the time ordering of the media objects in a multimedia presentation. For instance, a
multimedia article which consists of video and text objects is requested, by its document
presentational scenario, to present the video object immediately after the presentation of the text

object. The presentational scenario is created by the document designer and is stored in the

multimedia database.

Temporal model
A mathematical specification which represents the temporal relationships among the media data
objects. The temporal relationships can be either implicit for the live data which are generated

simultaneously, or explicit as specified by a document presentational scenario.

Presentation Schedule

A temporal specification of the presentational scenario in terms of the presentation start time for

each object in a multimedia document,

Delivery Schedule

A temporal specification in terms of the start time for the delivery of each object in a multimedia

document from the media-storing database server machines.

Transport Data Unit

The application specified data unit of a media object, which is transferred between the application

layer and the underlined transport network.



Presentation Interval

The time period between the presentations of two subsequent transport data units. For a
continuous media type object such as video, the interval can be the average holding time of each
video frame on the screen; for a discrete media type object such as text, the interval can be the

holding time of displaying a whole page of text on the screen.

Jitter

The delay variation in a single data stream.

Skew

The time lag between related data streams,



Chapter 2

Multimedia Synchronization Review

2.1 Multimedia applications and their requirements

Powerful and cost-effective personal computers and workstations, high-capacity storage
devices, high-speed integrated services digital networks [Her92] have made multimedia system
development technically feasible. In this section, the general requirements of the multimedia
applications will be addressed. The impacts on the high-speed networks and data compression

techniques will be discussed afterwards.
2.1.1 Application Requirements

The requirements of multimedia applications include the following aspects, which are

demanding technology development in the areas of storage, processing and network transmission.

10



.Real-time Performance

Multimedia information requires real-time performance in handling a number of media
types. This is particularly true for the continuous media types such as audio and video. The real-
time distributed multimedia applications rely on bounded end-to-end delays. For instance, a two
second delay in an interactive video-on-demand service is acceptable to the clients, while the same
amount of delay is unacceptable in teleconferencing. The research on improving real-time
performance involves fast processors, real-time operating systems, high-speed networks, light-

weight protocols, and video and audio compression algorithms.

.Dynamic and Flexible Management

In order to help meet a variety of performance requirements, a multimedia system needs
flexibility in the way it utilizes the available resources. The system management should support
allocating requested resources according to a number of quality of service criteria. This task may

provide a reduced service to the applications which are willing to accept a level of degradation.

Untegration

Multimedia encompasses a wide range of data types. In addition, within each type there
exists a variety of qualities of service. As discussed previously, one of the key challenges of a
multimedia system is to integrate the various types and qualities of service within one system
framework. In addition, multimedia communication implies that several data streams may have to
be handled in parallel. Since these data streams belong to a single application and are therefore not

independent, ways for synchronizing the streams must be found(Shep90],

2.1.2 Related Technical Advances

Before focusing on the area of the synchronization control in the following section, we will

first discuss some important issues which are mostly relevant to multimedia synchronization.
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1) Multimedia Network Communications

Many applications, such as video-on-demand, video conferencing and collaborative work
systems, require networked multimedia. In these applications, the multimedia objects are
generated from the server and played back at the clients’ sites, Existing telecommunications
facilities do not significantly support multimedia communications. They do not offer a common
access to different networks or encourage collaboration. From the network’s points of view, the
most important requirements of multimedia communications are:

. High speed and changing bit rates

. Synchronization of different information types

. Suitable standardized services supporting multimedia applications

. Various service qualities
Multimedia applications place new communication requirements on the existing communications

networks and protocols(Fur%4),  These issues are discussed in more detail below.

Bandwidth

The presentation rate of a sequence of objects, such as video frames, is nominally equal to
the rate at which they are recorded. In a real-time network presentational application where the
objects (e.g. the video clips) are continuously retrieved, transferred and played back at the destined
end machine, network bandwidth requirements can be very high. Multimedia networks require a
very high transfer rate or bandwidth, even when the data are compressed. For example, an
MPEG-1 session requires a bandwidth of about 1.5 Mbps. MPEG-2 through JPEG will take 4 to
10 Mbps, while the projected required bzndwidth of HDTV is 5 to 20 MbpslAm92]. Besides being
high, the transfer rate must also be predictable. Networks must provide a variety of constant,
variable, and burst-oriented bit rates of up to about 100 Mb/s per connection, as required by
different and changing needs. Typical bit rates to be expected for the various information types

have been compiled in [Arm92].
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.Reliability

Another important communication requirement is the “reliability” of communication
services, which can be viewed at multiple levels: per bit, frame, packet, channel, or connection.
The reliability, expressed in terms of Bit Error Rate (BER) and Packet Error Rate (PER),
represents the number of errors per time unit for bits and packets, respectively. The detected error
rate of a communication channel is dependent on factors including the transmission medium,
check-sum algorithm, and expected rate of packet loss from buffer overflows. The effect of packet
and bit errors can have very different consequences, depending on the data transmitted. For
example, an error in digitized voice can result in an audible click in a phone connection. For inter-
frame coded video, lost bits or packets can interrupt image display for several seconds{it0},

The level of error provision also impacts time performance. To provide an error-free
service, error control protocols are required. These protocols must provide error detection and
retransmission and/or correction, which reduce ability to meet real-time performance specifications.
Traditional networks are used to provide error-free transmission, since the traditional data file
transfer can tolerate delays but can hardly tolerate any error. However, most multimedia
applications tolerate errors in transmission without retransmission or correction, Typical limits of
acceptable bit error rates are 10-10 to 10-12 for still image, 10-8 to 109 for moving pictures using
an intra-frame compression technique, and 10-10 to 10-11 for moving pictures using an inter-frame
compression techniquelAmM92, Meanwhile the fast developing optical network link is far more
reliable than the traditional copper link. The ATM network which is built on optical transmission
media can provide services with BER in the range of 10-8to 10-12. In future multimedia
communications protocol design, the importance of the real-time performance may outweigh the
reliability requirement. Light-weight network protocols are desired which do not provide error-

correction to the network users.
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.Network Delays and Delay Variations

The continuous media traffic such as audio and video often requires more network
throughput and more stringent delay bounds than the conventional discrete media traffic does. A
late audio packet may be of no use in a conversation and can be discarded. Delay jitter is the
variation of the time which packets spend on a network connectionlFe92].  For good quality of

reception, continuous media streams require that the jitter be kept below a sufficiently small upper

bound.

Network Quality of Service Supports

CCITT (now ITU-TS) defined the Quality of Service (QoS) as the “collective effect of
service performance which determines the degree of satisfaction of the user of the services”[CCl],
The network quality of service parameters specified by the application include: throughput, delay,
delay jitter, BER, etc. The multimedia network must avoid or compensate the undesired impacts in
order to guarantee the required service quality. In the case of multimedia applications, this can lead
to separate connections with different performance parameters for data on the one hand and for
video and audio on the other[Arm92],

The network must also be flexible in a quantitative way, providing suitable service quality
on demand. Asynchronous Transfer Mode (ATM) is suitable for multimedia traffic; it provides
great flexibility in bandwidth allocation by assigning fixed length packets, called ceils, to virtual
connections. ATM can also increase the bandwidth efficiency by buffering and statistically
multiplexing bursty traffic at the expense of cell delay and loss. ATM thus provides an integrated
communications service in Broadband Integrated Services Digital Networks (B-ISDN). The ATM
Adaptation Layer (AAL) produces AAL-PDUs from the application transport units. Four types of
services have been defined as the ATM AAL services, i.e. conneciionless delay insensitive,
connection-oriented delay insensitive, connection-oriented delay sensitive & CBR traffic, and

connection-oriented delay sensitive & VBR traffic transmission services. The ATM AAL also
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allows network users to specify a variety of QoS for the requested virtual connections. The ATM-

based network and its QoS supports are essential for the multimedia application system design.

.Multi-channel Dependency

In a multimedia environment, the various types of information which travel on different
communications connections may have mutual dependencies. For instance, the video and the
corresponding audio in video teleconferencing, or the separately stored image and voice annotation
components of a multimedia document which are retrieved to the client in real-time. System and
network support for multi-stream synchronization becomes a necessity for most multimedia

applications.

.Standardization

The OSI/RM model is the standard model for computer networks and has gained very
broad acceptance. This model reflects the conventional communications infrastructure which is
suitable for applications such as remote terminal access and file transfer. With the emergence of
new high-speed network standards such as B-ISDN, one of the challenges that OSI must meet is to
show that it can be extended or adapted to support the wide range of traffic across the
networks[Shep90], The multi-connection synchronization and multi-casting features are of great

concem.

2) Multimedia Compression

Present multimedia systems require data compression for three reasonsFur94]; the large
storage requirements of multimedia data, the relatively slow storage devices that cannot play
multimedia data (specially video) in real time, and the network bandwidth that does not allow real-
time video data transmission. For example, a single frame of a color video , with 620*560 -pixel
frames at 24 bits per pixel, would take up about 1 Mbyte. At a real-time rate of 30 frames per

second, that equals 30 Mbytes for one second of video. Medern image and video compression
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techniques reduce these tremendous bandwidth requirements. Advanced techniques can compress
a typical image at a ratio ranging from 10:1 to 50:1, achieving video compression up to
2,000:1 Furd4],

The MPEG standard is intended for compressing full-motion video. It uses inter-frame
compression, achieving compression ratios of up to 200:1 by using motion compensation between
successive frames. MPEG specifications also include an algorithm for compressing audio data at
ratios from 5:1 to 10:1. The present standard, called MPEG-1, compresses 320*240 full- motion
video which requires a minimum data rate of 1.5 Mbps. MPEG-2 will compress 720*480 full-
motion video in broadcast television and video-on-demand applications. It will require a data rate
in the range of 4 to 10 Mbps and will provide VCR-quality videolFur4l,

The compression algorithms reformat the data stream structures in various ways.
Moreover, the inter-frame compression algorithms introduce correlation between the frames in a
video sequence. Consequently, the synchronization among the compressed streams becomes more
complicated than the synchronization of the natural form data streams, such as the uncoded video
frame sequences.

Intensive activity is being carried on by the Moving Pictures Experts Group(MPEG) for
designing a generic multi-stream synchronization standard. In the MPEG-1 standard™FEG-1], 5
video stream and its associated audio stream can be multiplexed together according to their
temporal relationships. The MPEG decoder, by using its internal buffers, will provide a complete
solution for synchronization among its elementary streams, €.g., video and audio. However,
network transmission introduces random delays and jitters to the MPEG stream, causes overflow
or starving in the decoder internal buffer, and thus degrades the presentation quality. MPEG has
recently produced its Committee Drafts of the MPEG-2 Standard™PEG-2], The MPEG-2 takes aim
at supporting a wide range of broadcast, telecommunications, computing, and storage applications.
A Transport Packet Stream, which is composed of fixed length Transport Packets, is introduced

for the transportation environment where errors are likely. However, ATM AAL connection-
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oriented stream transmission has to adapt to MPEG and ATM Forum is studying these

2.2 Multimedia Synchronization Technology Review

The reported multimedia temporal synchronization studies focus on three major aspects:
temporal modeling of synchronization constraints in the multimedia presentation, synchronization
algorithm design based on the temporal models, and extending network protocols for multimedia

data transfer with synchronization requirements.
2.2.1 Temporal Modeling of the Multimedia Data Integration

The temporal relationships between the media may be implied as in the simultaneous
acquisition of voice and video, or may be explicitly formulated as in the case of a multimedia
document which possesses voice annotated text. In order to properly schedule the synchronization
of media with vastly different presentation requirements, the relationship between media must be
established. In information retrieval, a “scenario” specifies the desired time ordering of the
document media components in the presentationfLiLi%4.2-1],

The temporal model which mathematically specifies the temporal relationships can be
classified into two catalogs(liLi%4.2-11 One is based on time intervals and the other is based on
time points. A temporal interval is characterized as a nonzero duration of time in any set of units,
for example, “a week” or “100ms” . This is contrasted with a time instant which is a point

structure with a zero length duration, e.g., “12:00 am”.
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Figure 2.2.1 The seven basic relations between temporal intervals

Hamblin(Ham] presents a logic of intervals which is very useful in the development of a
synchronization scheme, Given any two intervais, there are thirteen distinct ways in which they
can be related. These relations indicate how two intervals relate in time; whether they overlap, or
precede, etc. In Fig.2.2.1 we show seven of the thirteen relations since the remainder are inverse
relations. For example, after is the inverse relation of before, or equivalently, before! is the
inverse relation of before. Note that the equality relation has no inverse.

In the following, two interval-based temporal models are described, i.e., the OCPN and the

TFG models.

1) OCPN

The Object Composition Petri Nets (OCPN) model was proposed by Little and
Ghafoor[Li90], The OCPN is an extension of a marked PetriNet , which, in turn, is derived from
a simple PetriNet. PetriNet is chosen as the modeling tool for its ability to specify real-time

process interaction based on hard, interprocess timing relationships as required for multimedia
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presentation. Processes are represented by places and are assigned duration and resources. The
duration determines the length of time for which a place locks its token and the resource.
Additionally, a PetriNet is amenable to analysis including Markov process modelingfLit90], The
OCPN [Lit90] is defined as a directed graph (N=(T,P,A,D,R,M)) where:

. T ( set of transitions) = {tl, t2, ..., tn};

. P (set of places) = {pl, p2..... pm};

A (are) : {PxTIU{T xP} -> 1, I={1,2, ...,}

. M (mark): P -> 1, I={0,1,2, ...}

. D(duration) : P-> R

. R (resources) : P -> {ry, r2, ..., tk}

M is a mapping from the set of places to the integers, which represents the tokens in the places in
the net. D and R are mappings from the set of places to the set of real numbers representing the
duration values, and from the set of places to a set of resources, respectively.

Transitions are represented by vertical lines. Places are shown by circles. Arcs are
directed lines between places and transitions. A place is marked if it has a token, indicated by a
dark dot. A transition fires when each of its input places has a token. A transition occurs
instantaneously. Upon firing, the transition removes a token from each of its input places and adds
a token to each of its output places. After receiving a token, a place remains in the active state for
the interval specified duration. During this interval, the token is locked. When the place becomes

inactive, or upon expiration of the duration, the token becomes unlocked.

Figure 2.2.2 The OCPN of the multimedia slide presentation
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For example, a multimedia slide presentation (Fig.1.1.b) consists of a sequence of
synchronized voice and visual elements of varying duration. The presentation of the two streams
of information occurs concurrently. Fig. 2.2.2 shows the corresponding OCPN representation.

The corresponding OCPN representations for the seven basic temporal relationships are
shown in Fig.2.2.3. It is possible to represent arbitrarily complex synchronization requirements
with this technique. Various degrees of granularity are possible to be represented in the OCPN. In
addition, the OCPN model can well support the packet scheduling at the transport level(Lit91],

Research has also been done to extend the OCPN to incorporate user’s interactions in interactive

multimedia applications.
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Figure 2.2.3 The seven basic temporal relations and the OCPN
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2) TFG

In [LiLi94.2-1], the model of interval vectors and the involved temporal information are
maintained in a Time Flow Graph (TFG). The TFG provides distinct graphic structures for the
basic interval relationships, as shown in Fig.2.2.4. In contrast, the OCPN model relies on the
duration information in the representation. The basic OCPN models for the relations of “during”,
“finishes” and “overlapping” can only be distinguished by the different duration values of the
involved intervals. Because of the strength of representing the relative temporal relationships with
the unknown interval values, the TFG model can handle the “fuzzy” scenarios that contains
imprecise synchronization constraints, such as unknown object presentation durations and relative

event occurring times[LiLi94.2-2],
A TFG is defined [LiLi94.21] a5 a directed graph {4y, 4,, E}, for a scenario which has an

object interval set N. Ay is a set of nodes for the object interval vectors. 4, is a set of transit

nodes and E is a set of directed edges.

For an object interval vector n, its model A, is composed of an interval node Ny,

representing the interval of the object, and 5 node(s), representing the flexible time intermission

between this object interval and the other intervals. A, can be one of the following forms:

(8x, Nx, 8x), (8x, Nx), (Nx, 8x), (Nx)
If the start time of n, has been specified in the scenario, for example nx(s)ny or ny(m)nx » Ay will
not have a 8x ahead of Ny; if the end time of n, has been specified in the scenario, for example
nx(f)ny or nx(m)ny , A, will not have a 8x behind the Ny; if neither the start time nor the end time
of n, has been specified in the scenario, A, will have 5x nodes at both ends of Ny; At last if both
the start time and the end time of n, have been specified, no 8x node is in the A,. In the model,
the 3x nodes do not exist independently and only belong to the node Ny.

The fixed intermissions between object intervals in the scenario are represented by a special
type of nodes N¢. Nt has a duration of 7. Ny is included in 4, in ny(o)nx (or in Ay in nx(o)ny ).

The transit nodes have zero durations. There are two special types of transit nodes in the

Ap Ngand Ne. The TFG can be decomposed into a sequence of activity vectors, the ACs, which
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are aggregated sub-graphs of the nodes. Each activity starts with one and only one Ng, and ends
with one and only one Ne. The start time of Ng is earlier than any other node in that activity. The
Ne node is a common end node in a TFG representing an activity. The start time of Ne is later than

any other node in that activity.

Relation Time Flow Graph Model
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Figure 2.2.4 The basic temporal relationships and the TFG representation
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Considering that in the distributed multimedia system, the precise time values such as the
prescntation durations may not be globally known at the early stage of the presentation scheduling,
the temporal model should allow scheduling functions to perform with an uncertainty of
information. Additionally, the network fluctuation will bring in delay variations to the reinote
presentation. The presentation start time and the duration should be adjustable, in order to
accommodate the synchronization errors and preserve the high quality of presentation. This
requires the temporal model to preserve its consistency and correctness in face of modifications on
the involved interval values. The TFG, on the one hand can represent all types of interval
relationships without the precise knowledge of the interval durations; On the other hand, this
interval-based model supports temporal scheduling with the temporal knowledge it has acquired.
Therefore, the TFG model becomes a good candidate in distributed synchronization control. A
fully distributed delivering schedule algorithm was proposed in [LiLi94.2-2] based on the TFG

model.

2.2.2 Real-time Synchronization Control Schemes

There are two basic approaches to multimedia communications synchronization. One is a
real-time synchronization control scheme, the other is a storg-and-forward scheme. In the latter
approach[For931Mil93], the multimedia components of a document are transmitted to the destination
and stored until all components arrive. Then the multimedia document is played back according to
the temporal relationships defined in the document scenario. Multimedia data delivery is performed
as file transfer. It requires simple synchronization control, but needs huge buffer storage ( esp. for
video components) and causes large response delay for user interactions.

The real-time application requires information to be transmitted in continuous mode. Real-
time synchronization control is adopted to guarantee a continuous delivery and the required
temporal relationships among the multiple data streams. Several synchronization control methods

have been introduced for solving the problem of stream synchronization.
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1) Synchronization Ceontrol Units

When the data objects are delivered onto the communication network as data streams, the
temporal relationships have to be maintained during the transmission in order to realize a real-time
data presentation at the receiver site. Therefore, synchronization is required not only at the object
composition level, but also at the multimedia stream transmission level.

There are continuous media (CM) streams, such as voice data stream or video data stream,
as well as discrete media (DM) streams, such as computer /O data [St921, The concept of Logical
Data Unit (LDU) was introduced to the CM streams in [Ste92] as the “granularity” of a media
stream in the synchronization control. For instance, the LDU of a video stream can either be a
single frame or a well-defined sequence of frames (Fig.2.2.5). Each kind of medium has an
associated LDU. The CM streams thus are viewed as sequence of LDUs. The temporal

relationships among the LDUs of different media can be described.

@ M ;I

Figure 2.2.5  The granularity of LDUs

2) Intra-stream & Inter-stream Synchronization

Because of the random network delay, the continuity of the data stream will be interrupted.
As shown in Fig. 2.2.6 [LiLi92.6], the random network delay introduces jitters (delay variations) to
the data stream during transmission. These jitters destroy the presentation quality at the receiver.
This continuity problem, called “intra-stream synchronization”, exists in all kinds of packet

switching networks. To solve this problem, network supported delay variation guarantee and a
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jitter smoothing buffer at the receiver are essential. In [Fer93), Ferrari proposes a delay jitter
control scheme that ensures media synchronization as long as a bound on delay can be guaranteed
and the source and destination clocks are kept in synchrony. Every node on the transmission path
in the network is involved in the synchronization control by regulating the random delay which has
been introduced to an arriving packet by the previous hop. However, it might be difficult to
implement this scheme on an ATM network because it introduces too much workload on the

intermediate nodes that carry thousands of connections.
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Figure 2.2.6 Delay variations introduced by the random network delays
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Figure 2.2.7 Mismaiches in the simultaneous multi-stream delivery

The variable network delays also give rise to mismatches among the multipie data streams
which are delivered simuitaneously (Fig. 2.2.7) [LILiS2.6], The synchronization constraints among
the related streams are required in various multimedia applications, therefore “inter-stream

synchronization” should be provided. “Tight coupling” is required in some applications. A
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typical example of strict time matching is the “lip-sync” problem in video conferencing. The
movements of the speakers’ lips have to match exactly their voice. On the other hand, sometimes,
tight coupling is not strictly required. In the case of a music service application, for instance, the
Hi-Fi music and a background video are sent to a remote user for the purpose of entertainment.
The display of the video showing, e.g. views from nature, does not require any strict matching
with the music. In this case, a “loose coupling” is sufficient. In video conferencing, for example,
voice data may couple the video with a tight “lip-sync” while short text annotations loosely couple

the voice by displaying the summary of the speech [LiLi%4.5],

Media Mode, Applicatlon QoS
video animation correlated +/- 120 ms
audio lip synchronization +/- 80 ms__|
image overlay +/- 240 ms
non overlay +/- 500 ms
text overlay +/- 240 ms
non overlay +/- 500 ms
audlo animation event correlation { e.g. dancing) +/- 80 ms
audio tightly coupled (stereo) +/-11 us

loosely coupled
(dialog mode with various participants)|  +/-120 ms

( e.gl.og:zll{g‘l:':tzgdmuslc) +/- 500 ms
image tightly coupled ( e.g. music with notes}  +/-5ms
loosely coupled ( e.g. slide show) +/- 500 ms
text text annotation +/- 240 ms
pointer audio relates to showed item - 500 ms

+ 750 ms

Table 2.2.1  Quality of service for synchronization purposes

The “tight” and “loose” coupling should be described quantitatively for synchronization

control, This is a very important issue in multimedia synchronization studies. From the
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experiments conducted recently by Steinmetz in YBM Heidelberg!St93], the synchronization errors
that can be tolerated by human perception vary in different application scenarios. For instance, 80
msec mismatching in lip-sync of voice and video can be perceived as disturbing by the application
users. On the other hand, if the text annotation is played out 200 msec earlier than the voice, the
presentation can still be well accepted. We call these application defined parameters the “skew
tolerance parameters”. Skew tolerance parameters determine the inter-stream synchronization goal.
The issue of specifying the different coupling types and the corresponding skew tolerance
parameters, and also the derivation of the parameters between the indirectly rélated data streams
have been thoroughly studied by Steinmetz[S%93], According to his study, Steinmetz has proposed
that the skew tolerance parameters be taken as the Synchronization QoS (S-QoS) parameters and

included in the QoS requirements for the multimedia transmission network (see Table 2.2.1).

3) A Single Virtual Connection or Multiple Virtual Connections

A straight-forward approach to solving the inter-stream mismatching problem is to
multiplex the data (LDU) from different streams onto a single virtual connection (Fig.
2.2.8)(8te92] These combined LDUs are time-stamped at the source and demultiplexed at the
destination according to the time stamps. Since the combined LDUs are delivered in order, this
scheme greatly simplifies the synchronization control. However, this solution would demand from
the network connection the most stringent QoS parameters of all involved media. A more efficient
solution is to carry each medium stream on a specific highly matched connection.

Different data streams have very different characteristics. For instance, voice data are very
sensitive to the response time but can tolerate certain data transmission errors. On the other hand,
video data are very sensitive to transmission errors and also require a very high throughput. Data
of different media by nature cannot possibly be described by one set of traffic parameters and
located on a single connection. In many distributed multimedia applications, data streams can
originate from sources at different sites. For example, they may be retrieved from distributed

server machines. Then, it will not be efficient to put all the data streams on one connection. On
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Figure 2.2.8 Multiplexing related streams onto a single network connection
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Figure 2.2.9 Multiple virtual connections over an ATM network

broadband ISDN, such as ATM (Asynchronous Transfer Mode) networks, a connection is
assigned to a certain class of traffic, for example, a voice connection or a video connection etc., as
shown in Fig.2.2.9 [5t¢92] | For efficient utilization of the bandwidth, as well as for flow and
traffic control on the ATM network, connections are managed according to the traffic
characteristics, such as the average peak rate, the burst length of the source, etc. Meanwhile, the
QoS (Quality of Service) parameters required by every connection, such as the tole:able cell
transfer delay, cell loss and the smoothing requirement have to be supporied by the underlying

ATM network.
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4) Synchronization Control Markers or a Synchronization Control
Channel

When multiple data streams are transferred on separate virtual connections, the matching
among the data sireams becomes a problem. Extensive work has been done on this
subject[Ste921{Shep92][Lit91.12][LiLi%4.5},

The main idea is to synchronize multiple streams according to control units, i.e., all the data
belonging to the same control unit should be displayed at the same time. Synchronization actions
are carried out on the multiple streams at the beginning of each control unit. There are two types of
synchronization actions, either to delay the presentation of the data units on the fast stream, or to
skip a few data units on the slow stream. Because of the random network delays, the mismatching
among the streams probably accumulates inside a coatrol unit. The smaller the synchronization
control units are, the tighter will the multipie stream be synchronized, though smaller control units
also cause more transmission overhead and require more synchronization actions. Performance
evaluation for different segmentation schemes to produce synchronization control units can be
found in [LiLi94.5].

The synchronization control unit can be identified by the “synchronization markers” which
are inserted by the source into the data streams. These markers modify the user data and the
modification may not be easy to carry out on the live data in a real-time system. The
synchronization channel scheme described in [Shep90] uses an additional channel to carry
synchronization information. As a result, the user data need not be modified. However, it

introduces overhead in the network since an additional real-time control channel is required.

5) Synchronization Scheduling

It is worth noting that the data storage sources give us more freedom in controlling the
packet production times than that of the live data sources. With the retrieval schedule, the data
from separate sources will arrive at the destination just before their playback deadline. Therefore,

there are less mismatches among the arriving streams and smaller receiving buffers are required.
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In [Lit90], Little et al. proposed a computing schedule before transmitting the data packets. Based
on the a priori knowledge of the temporal specification using OCPN model, a playout deadline for
each media components can be generated. A thorough analysis was also given on the end-to-end
delay over a packet switching virtual connection of either a packet or an object (which contains a
large number of packets). A retrieval schedule was in turn generated which would compensate

major delay mismatches among the separate data streams (Fig. 2.2.10).
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Figure 2.2.10 Compensating the mismatches by the delivery schedule

6) Synchronization Error Recovery

Although schedules and estimates can be made for the multimedia data to be transferred,
random network disturbances and synchronization errors are inevitable. Scheduling the traffic
alone is not sufficient to maintain a simultaneous multi-stream delivery. Therefore, at the receiver,
certain compensation is still necessary, when the synchronization error occurs.

The synchronization error recovery performed on the synchronization control units relies
on the deadline meeting mechanism. A Logic Time System (LTS) was introduced[And30] o the

continuous media synchronization control, in which the data units with the same time stamp are
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displayed or collected at about the same time. The rate of running LTS is either device driven or
connection driven. A logic device adjusts its rate by skipping and pausing. Skipping speeds up a
device while pausing slows it down. For example, a video output device can pause while re-
displaying the last frame, or skip a frame and start to display the successive frame in order ‘0 speed
up. The pausing and skipping are primitive synchronization operations at a receiver. Skipping
data due to the violation of deadline introduces data loss to a stream. Since the compressed data
streams are very sensitive to the data loss, the synchronizatior: control over the coded streams need
further studies.

Instead of the local synchronization recovery, Rangan et al. present a feedback technique
for multimedia on-demand services(Ran91], The centralized multimedia server uses feedback units
transmitted by the receivers to detect the asynchrony among them. Correction of the asynchrony is
made at the source (the multimedia server) by speeding up or slowing down the traffic on the
various media streams. When using this scheme, it might be difficult to detect and correct the
asynchrony before the user can notice them when the network is heavily loaded. A real-time
synchronization method is needed to display the document in real-time and to preserve the

synchronization among the different streams.

7) Layered System Model for Synchronization Control

Different levels of synchronization control can be employed at different layers in a
multimedia architecture. In [Lit91], Little et al. proposed a two-level synchronization control
architecture. The lower level, called the Network Synchronization Protocol (NSP), provides
functionality to establish and maintain individual connections with some specified synchronization
characteristics. The upper level, the Application Synchronization Protocol (ASP), supports an
integrated synchronization service for multimedia applications. The ASP uses temporal
relationships of an application’s data objects and manages the synchronization of arriving data for
playout. The proposed NSP and ASP are mapped to the session and application layers of the OSI

reference model, respectively.
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Nicolaou proposed a three layer multimedia architecture in [Nic90]. The muliimedia
mechanism layer provides the multimedia communications supports. The distributed computing
systems layer controls the applications. The interface between the distributed computing systems
layer and the multimedia mechanism layer is referred to as the Orchestration layer which
implements the heterogeneity management mechanism.

Considering the various tightness of synchronization requirements, the synchronization
control can be performed at different control unit granularities. For example, the application
wishes to control a video stream by the video frame level, while the video stream is implemented
using a protocol which transmits four samples per frame. These samples are referred to as Physical
Synchronization Frame (PSF)INicS0], which are intended as the unit of synchronization within the
communication sub-system, i.¢., in the multimedia mechanism layer. The video frames are served
as Logical Synchronization Frames (LSF), which are buffered, displayed or re-displayed under the
application synchronization control. The LSF is the control unit of the Orchestration layer.

Research work has been carried on in the areas of realizing multi-channel synchronization
at the application or session layer, designing the light-weighted transport protocols, integrating the
multimedia application with the ATM transmission services, and the QoS negotiation and

enforcement at the various network levels.

Further research is required to design suitable synchronization control sub-systems to meet
the various requirements of the multimedia services, and to incorporate with the other components
in the multimedia system. The issues which relate to the ATM communications services, the QoS
negotiation, and the data coding/decoding schemes need to be fully investigated. After all,
prototype experiments of synchronization schemes on ATM-backbone networks are highly desired

for system development and implementation.
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Chapter 3

Design of the Real-time
Synchronization Control System

3.1 The Multimedia News-on-demand System

The CITR Multimedia News-on-demand is being considered as a target multimedia
presentational application. In the following part of the thesis, the real-time synchronization
aspects related to the Multimedia News-on-demand system are investigated.

Multimedia news may include components such as video, audio, image, graphics, text, etc.
The multimedia news is delivered to its users through a broadband network. This provides a
much more expressive, animated and timely service than a traditional newspaper does. Moreover,
the users have an interactive environment over which the flow of information can be controlled.
They can survey the news database taking advantage of world-wide news sources, choose the
topics they are most interested in, “read” the news content in the same way as if they were viewing
tapes from a VCR. This user-interaction feature distinguishes multimedia news-on-demand from
TV news broadcasting. An integrated multimedia news system over a broadband network is

introduced as follows (Fig.3.1):
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User's Workslation

Figure 3.1 A Multimedia News-on-demand presentational application

In a Multimedia News system, multimedia news is created, edited and stored in a
distributed news database. The database consists of a special database server and multiple media
servers, e.g., an MPEG video & audio server, a voice server, a text and graphics server, an image
server, etc. These media servers perform storage and retrieval operations, which are adapted to
specific media types or data formats. By introducing the media servers, the performance
bottleneck in centralized multimedia storage and retrieval could be removed. The database server
stores all the document structures (esp. the temporal structure called document scenario). It also
handles database management for news generating and updating.

The user’s workstation is capable of a multimedia presentation. It has a screen, a
loudspeaker, hardware decoders, as well as decoding and displaying software. The presentation is
characterized by the spatio-temporal integration of the multimedia objects[Lit%0.9], The temporal
integration produces the required presentation sequence of the objects. The document scenario
represents the temporal relationships(-it90-41 among the data objects involved in the document.
Through a user interface, the user is able to issue commands to browse the index and select a topic,

and to a play-back a news clip in chosen speeds forward or backward.

34



The remote users’ workstations are connected to the Multimedia News database through a
Broadband-ISDN. Considering that the user may not have gigabytes of memory or disk space
dedicated to multimedia news retrieval, the multimedia news article is progressively transmitted
over the network and is presented to the user simultaneously. Data in different media are
transferred over different ATM virtual connections or streams according to their traffic
characteristics and transmission requirements. For instance, voice is transferred on a 64 kbits/sec
connection while high quality uncompressed digitized video requires a connection of more than 30
Mbits/sec. In order to support this real-time application, a real-time Stream Synchronization
Protocol (SSP) is required to preserve the temporal presentation of the data objects at the
receiverlLam94.5), A priority-based synchronization control scheme is provided for coded streams.

The stream synchronization control integrates into the multimedia communication architecture.

3.2 The Time Flow Graph for Scheduling

Before we discuss the architecture of the real-time synchronization control system, we have
to first choose an appropriate temporal model in order to capture the various synchronization
requirements and to support the real-time synchronization operations. To compare the temporal

models, we have considered the following important characteristics that are relevant to our work.

1) Interval-based vs. Point-based

In [Ste92], the “relative synchronization operation” was defined, referring to the imprecise
and relative temporal requirements involved in a presentation scenario. Contrasted with the
“absolute synchronization operation”[St92], which is required directly through the time parameters,
the “relative synchronization operation” is described only by certain references without explicit time

parameters in terms of the start and end times, or durations. For example, “present object A at the
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time Tp” is an absolute synchronization operation. On the other hand, “present object A

simultaneously with object B” is a relative synchronization operation.

In order to provide a presentation time schedule, the system must internally translate the
requirements in the relative synchronization operations to the absolute operations. It is necessary
for a temporal model to represent the relative and fuzzy temporal requirements, and to support the
scheduling operation.

The “point based” models represent relatively rich temporal relationships that can be
involved in a multimedia presentation{Heo921[Buc92] Byt they do not take into accounts the interval
durations. Therefore this type of models cannot readily generate a time schedule for the absolute
synchronization operations. In contrast, the “interval based” temporal models, which provide
support to the interval scheduling, were thus chosen for the real time synchronization sysiem

design.

2) Fixed Intervals vs. Flexible Intervals

We observed that in many applications the time relationships among the objects are
imprecise and flexible. For example, a scenario may require that subtitles be presented during the
presentation period of a video show (Fig. 3.2.a). The time difference, T, between the start time of
the text subtitle and the corresponding video clip is not specified. This scenario implies that the
start time of the subtitle display can be delayed by a certain amount as long as the subtitle st#ys on
the screen for a sufficient period and disappears before the video clip ends. Such temporal
flexibility of the scenario allows the application to tolerate certain amount of the network delay
variation which is inevitable in the remote presentational multimedia applications. The temporal
model we choose should be able to represent this type of relaxed synchronization constraints
among the media objects. The synchronization recovery operations based on such a temporal
model can thus become more efficient, by taking advantage of the application tolerance of certain

time shifting.
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(a) Present B during A:

T

(b) The OCPN representation: o b
gﬂ—v @)

(¢) The TFG representation:

Figure 3.2 The temporal relationship and the corresponding models

In the OCPN model, the time interval with a fixed duration value is taken as the primitive.
The flexible intermissions among the objects are converted to the fixed ones as the OCPN model is

built up. For example, in the scenario mentioned above, if the duration of the object A and the

object B are D, and Dy respectively, the OCPN model (Fig. 3.2.b) will specify an intermission
node between the node A and the node B with a duration value of 7, T < D,-Dy. Consequently the
presentation schedule specifies the start time of A is T, and the start time of B is Tg=Tx+1. With
the tight dependence on the interval duration values, the OCPN model loses much of the tolerance
which is possessed in the original presentational scenario. The OCPN model for the relationships
of “during”, “finishes” and “overlaps” can only be distinguished by the different duration values of
the intermission intervals. For example, in the Fig.3.2.b, if the value of © equals DA-Dg, the
relationship between A and B becomes “A finishes together with B”; If 7 is larger than DA-Dg, the
relation becomes “B overlaps A”. Therefore, in order to maintain the consistence of the model,

change of the duration value of the intermission 7 in the OCPN is not allowed. In the example of
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“B is presented during A”, if the data of A arrives late for the scheduled start time Ta by a value of
E, the start time of B has to be postponed by & since the intermission between T and Ty has been
fixed to a specific value of T. As a result, the start time of B is postponed and additional buffer
space is required to store the data from B’s network connection.

The TFG models, on the other hand, support the flexible temporal relationship
specification. Therefore, if one object is late for its scheduled start time, the synchronization error
is accommodated by the flexible intermissions, so that the unnecessary synchronization error
recovery operations are avoided. The consequent buffer requirement of the postponed schedule is
also reduced. The TFG model introduces a & node to represent the flexible intermission between
the object nodes. The model distinguishes the different relationships by different graph structures.
The relationships of “during”, “finishes” and “overlaps” are specified in different graphic
structures instead of the duration values of intermissions. Fig.3.2.c shows the TFG representation
of the example scenario “B is presented during A”. If the data of A arrives late for the scheduled
start time T by a value of &, the start time of B remains the former value Ty as long as the value of
¢ is smaller than that of Da-Dp. The display of the object B is not postponed and no additional B
buffer is necessary.

Based on the above considerations, we chose TFG to be the temporal model in the
synchronization system design and implementation, From the multimedia document scenario, a

Time Flow Graph is generated on which the scheduling algorithm can be executed.

3.3 Synchronization Control System Design Overview

In the Multimedia News-on-demand service, the real-time performance and the buffer space
demand on a remote user’s workstation are both constraints on the system design. Instead of
synchronizing the multimedia components in presentation in a store-and-forward manner, we

designed a real-time synchronization contrul system to guarantee a continuous delivery and
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presentation and, in the meanwhile, to maintain the required temporal relationship during
presentation. ‘The functional entities required to perform the synchronization consist of a data
delivery Scheduler and pairs of Media Synchronization Controllers (MSCs) at both ends of each
connection, i.c., the server MSCs at the Media Server's site and the client MSCs at the user’s site

(Fig. 3.3).

R, Scheduler

Client Workstation

Figure 3.3  The functional entities of the multi-stream synchronization

Real-time stream synchronization control is built on the concepts of prevention and
recovery. The prevention schemes are employed before the start of the document delivery. When
the database server accepts a document presentation request from one of its remote clients, a
scheduler at the client's site is invoked and starts to develop a delivery schedule. Appropriate
connections from the distributed media servers to the client’s workstation are set up to reserve the
network resources for the performance guaranteed transmission. A pair of MSC processes at both
ends of each media stream connection are invoked, which are responsible for the data delivery and

receiving respectively. Each object component involved in the requested multimedia document will
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be sent at a scheduled delivery time, so that it will reach its destination around the time when the
component is required for the document presentation. As the delivery schedule takes into account
the network connection characteristics and provides compensation for variable delays over separate
streams, major synchronization errors among media components in a target document presentation
are thus prevented. In addition, fine-tuning operations are taken at the receiver, the client’s site, to
deal with problems caused by the network delay fluctuation, clock mismatches, and any inaccurate
estimations in the delivery scheduling. Given that some late arrivals may occur in one of the
streams, the client MSC processes have to adjust the target presentation schedule for the
subsequent media objects so that the synchronization constraints among them will still be held true
at the time when the subsequent objects are played back. Consequently, recovery buffers are

necessary. An efficient buffer management scheme can be developed based on the knowledge of

the presentation schedules.

3.4 The Prevention Operations
3.4.1 QoS Negotiation for the Virtual Connections

ATM network connections support guaranteed Quality-of-Service(QoS) to network users.
This feature greatly assists the connection-oriented multimedia transmission. The multimedia data
streams have far different characteristics. For instance an uncoded voice stream requires small
delay jitter, but it can tolerate packet loss. On the contrary, a coded video stream demands high
bandwidth and is very sensitive to packet loss, but it can tolerate delay jitter around 100 ms with
the aid of recovery schemes such as replaying the previous picture. To achieve efficient network
utilization, different media streams are transmitted though separate network connections which

guarantee certain quality of service. The description of each data object specifies the desired QoS



for the presentation and transmission. For example, a piece of coded video object may have an
object Id, the transmission requirement class of delay-sensitive & loss-sensitive traffic, the object
size of certain number of frames, the data-unit-size which is the decoded frame size(in bytes), the
playback rate of 30 frames/sec., the playback jitter of 3 frames/sec. The desired network

transmission QoS parameters can be derived as follows:

1. The class of traffic, is the same as the class of the transmission requirements in the object
description;
2. The transmission rate requirement of an object Cj can be calculated as follows: If the data
object is of the continuous media type, such as video and voice,

C; = playback rate (units/sec) * (unit-size + overhead) (bytes);
If the data object is of the discrete media type, such as text and graphics,

Cj = 1 (units/sec) * (unit-size + overhead) (bytes).
If there are more than one object to be retrieved from the same media server in the same
presentation request, the transmission rate of the connection is chosen as the highest transmission
rate requirement of the involved objects,

C =max(Cy);

3. The delay variation ¢ = playback jitter (bytes).

A QoS negotiator deduces the network transmission QoS from the application specified
presentation QoS. It is also responsible for the three-party quality of service negotiation among the
client, the servers and the network management module [V08931. Tt is possible that several tuples of
QoS parameters are stored for a certain media object, which correspond to different levels of
presentation quality. The network may provide the transmission service as request or a degraded
service according to the network traffic load. The client can also be involved in the QoS
negotiation by specifying the user’s preference on the services and the cost. The QoS negotiator

determines the tuple of presentation QoS which is acceptable for the client, the servers and the
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transport system. It specifies the transmission characteristics for each medium stream, the stream
connection may be opened up in the QoS negotiation phase. Guaranteed connection average delays

and delay variances are fundamental for the data delivery scheduling.

3.4.2 Delivery Scheduling

The data delivery schedule is used to compensate the different delays experienced by the
data objects over the separate streams. For a data unit, Dygta is the total delay from the server
delivery to the presentation at the remote client workstation. To meet a target presentation schedule
at the client workstation, the data unit should be delivered to the connection Dyga; time units
earlier.

Tpresentation = Tdelivery + Diotal -

Duqya1 is composed of three types of delays:

Diotal = De-e + Ddecoding + Dbuffering
where De. is the end-to-end network delay on the connection; Dpyffering is the synchronization
buffering delay to compensate the predictable network delay variations; and Dgecoding is the
average decoding delay for the coded data stream. De.e is approximated by a Gaussian distributed
random variable, which can be measured by the mean p and variance 62. In order to prevent the
data unit from missing the presentation schedule due to the end-to-end delay variation, the data unit
should be put into the connection Dyyffering time units in advance. Dpuyffering is determined by the
probability P(fail) which is the acceptablc late arrival probability specified by the multimedia
application,

P[ ( De-e - U - Douffering ) > 0] < P(Fail);
For example,

P[(De.e- 1) > 0] < 16%,
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so that setting the Dyyffering 10 © will guarantee the late arrival error to be less than 16%. The
buffering delay is spent at the recovering buffer of the synchronization controllers at the client’s
workstation. Given the W, Ddecoding and Douffering for each connection, the Dyal can be found by

Diotat =M + Ddecoding + Dbuffering-

The delivery schedule can be derived from Diotal and the presentation schedules. By
opening up appropriate connections and using media object delivery scheduling, major

synchronization errors among multimedia components are prevented.

3.4.3 Interactions during the Delivery Scheduling

A scheduler on the client's site schedules the media object delivery so that the data will
experience very little buffering at the destination before being played back. When the multimedia
database receives a request for viewing a specific news document, it sends the document
presentation scenario to the scheduler on the client workstation. The scheduler determines which
media types are involved in the scenario and creates the corresponding client MSCs. A client MSC
is responsible for receiving and transferring to the user interface the object(s) of a particular media
type which arrived from a single stream connection. The scheduler opens up 2 control channel to
each media-server involved in the scenario. Several server MSC processes are activated on each
media server's site, corresponding to the client MSC processes at the client’s site. The scheduler
gets the QoS parameters for each media stream from the QoS negotiator. It notifies the server
MSCs to open a unidirectional communication stream to a peer client MSC. The MSCs at the
different servers’ sites open up a connection to the client site with the proper transmission
characteristics for each media stream. After the connections are opened, the server MSCs return
the QoS that will be guaranteed by the network. The returned end-to-end average network
delays(t) and delay variations(o) are the parameters that the scheduler will use to compute the start

time of each object. The average decoding delay is also an important parameter when calculating
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the total delay on a coded stream. Then the scheduler calculates the total delay on cach stream
connection based on the network delay values and the decoding delay value. The scheduler
extracts the temporal relationship information from the scenario and generates a Time Flow Graph
(TFG), on which the scheduling functions can be performed. The scheduler produces a
presentation schedule which allows the client MSCs to present objects at presentation start times so
that the synchronization requirement in the given scenario is satisfied. Then a delivery schedule is
produced which allows the server MSCs to deliver the media objects at the specified delivery times
so that the objects will arrive at the client MSC at the presentation times after experiencing the
different total delay over the stream connections. The scheduler then sends the delivery schedule to

all the server MSCs involved in the document delivery.
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Figure 3.4  The delivery scheduling scheme



For example, in the Fig. 3.4, if the object Textl is the first object to be delivered, the
delivery time offset of Text1 is t;=0, the Video/audio object has t,, the Voice object Voice has t3,
and so on. The server MSCs are informed of these delivery time offsets. When the user requests
to start the presentation, the scheduler informs the involved server MSCs and thus triggers the
document delivery. Each server MSC then delivers the data object(s) according to the scheduled
time offset specified in the delivery schedule.

During the above procedures, if any of the involved server MSC is not able to open up a
connection because of unacceptable transmission characteristics, it will notify the scheduler. The

scheduler in turn notifies the client that the session is aborted.

3.5 The Stream Synchronization Protocol for Client
Synchronization Error Recovery

3.,5.1 The Stream Synchronization Protocol

Scheduling and predicting the traffic are not sufficient to maintain a simultaneous multi-
stream delivery since the networks introduce random network disturbances. Random network
delay destroys the continuity of the data stream by introducing gaps and jitters during the data
wransmission. Therefore certain compensations at the receiver are necessary when synchronization
errors occur. A Stream Synchronization Protocol(SSP)[Lam94.5] describes the protocol recovery
operaticns of the client MSCs. The concept of an “intentional delay” is used by the various streams
in order to adjust their presentation time to recover from network fluctuations. The document
scenario specifies the temporal relationships among the media components in a particular document
presentation. These relationships are modeled by a TFG. Based on the TFG model, a presentation
schedule for every involved media data object (media component) is derived. The common
presentation schedule is shared by the concurrent client MSCs. The client MSC processes are

required to start and end their operations according to the shared schedule, so that the multimedia
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news article will be played back in synchrony. SSP control is implemented by mutual process state
checking and presentation re-scheduling.

Communication between the client MSCs is required when the client MSC receives the first
transport unit of a media object, and when synchronization error recovery is needed because of late
data unit arrivals (units not being received in the allowable time frame).

The synchronization errors that can be tolerated by human perception vary in different
application scenarios (referring to section 2.2.2 of this thesis). Different skew parameters are
defined and stored in the presentational scenario. The client MSCs use the skew parameters (o
determine the mismatching tolerance time admitted by the application before applying
synchronization error recovery.

When arriving data units exceed the skew tolerance parameters, a less rigid policy may be
applied. The application is aborted only when the skew between related streams has been exceeded
a number of times indicating that there is a problem on one or many of the streams. These control

policies are application dependent.

3.5.2 The Shared Presentation Schedule and the Intentional delays

To prevent the tolerated synchronization errors from being rampant to the following stream
presentation, the client MSC which detects the late arrivals should make necessary changes in the
shared presentation schedule, according to the synchronization requirements extracted from the
TFG model. Certain amount of “intentional delay” is placed on the presentation of the related
media objects. While the intentional delay is in effect, each affected client MSC may have to
handle the extra buffering demand or it may have to extend the object display by an additional
period of time.

By performing such a presentation re-scheduling operation, the multimedia presentation
will be adapted to the random network disturbances. The presentation schedule is stored in a table

in the shared space, and it is accessible to one client MSC process at a time. Therefore the
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consistency of the shared schedule is guaranteed through the re-scheduling operations of the

concurrent client MSCs.
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Figure 3.5.1b Mismatch and recovery

For instance[Lam94.5] in Fig.3.5.1a, the MSCs involved in the first activity of the scenario,
get the video duration time length Ty, the starting time difference for the text and voice activity Tg
and the text and audio duration time Ty & T from the presentational scenario. The skew tolerance
time between the audio and the text objects Tgq, and between the video and the audio/text objects
Tz are also retrieved. The client MSCs accept late arrivals as long as the mismatching does not

exceed the tolerance Tq41 and Tqz. Late arrivals in at least one of the objects cause gaps in the
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display. In order to filter the gaps and thus decrease the mismatching at the end of an activity, an
“ntentional delay” Tj is placed on the objects involved in the following activity. The intentional
delay Tj for the objects that are delayed by Tq in the previous activity will correspond to Tgmax - Ta,
where Tgmax corresponds to the longest delay encountered in the previous activity. While the
intentional delay Tj is in effect, each MSC involved should help decrease the interruption caused by
the filling gaps. The MSC associated with the video, fills in the gaps by repeating the last frame
received in the previous activity while the other MSCs simply pause their display to the screen. In
Fig.3.5.1b, the audio and text are delayed by Tgaudio and Tgext in the first activity, where Tgaudio
>Tatext- In the second activity, intentional delays of Tgaudio @nd Tdaudio -Tdtext are placed on the
picture and text objects in order to preserve the temporal relationship between these objects.

In certain situations, one can also filter the gaps by adding an intentional delay within an
activity. For instance, if the video object in Fig.3.5.1a arrives late, the audio and text MSCs can
adjust their presentation within this activity by adding an intentional delay equal to the video
object's delay.

The first transport unit that arrives on a stream triggers the MSCs to start executing the
predefined presentation schedule. When no late arrivals occur, the signaling traffic between the
MSCs is reduced to a minimum. Alternatively, when network delay fluctuations occur, the MSCs
will communicate to one another and a new presentation schedule will be produced. The idea of
adding intentional delays to the subsequent objects allows for the synchronization to be recovered
without having to discard or skip late packets. This method, which can also be referred as a “time
expanding policy”[LiLi92.6]_ is very well suited for applications such as Multimedia News-on-
demand services, since it ensures a high quality multimedia presentation at the receiver.

Figure 3.5.2 illustrates the operations taken by one of the concurrent client MSC processes.
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Figure 3.5.2  The flow chart of one of the concurrent client MSC processes

Ts: the scheduled start time of the object presentation

Te: the scheduled end time of the object presentation
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Concerning the relative long propagation delay in high-speed networks, no re-schedule
message is fed back to the scheduler or the media-servers at the sending end. As the recovery
scheme relies on additional local buffering, efficient buffer management is required. With
knowledge of the scheduled or re-scheduled start times and end times, the client processes can
predict the future buffer requirements and request for more buffer allocation in advance. Also the
processes can periodically skip a few low priority data to avoid buffer overflows during the
waiting time of the stream. Otherwise, without re-scheduled times, the processes at the client will

have to wait blindly for certain signals and cannot predict buffer requirements in advance.

3.5.3 The TFG model’s Impact on the Efficiency of the Recovery

Operations

Because the TFG model introduczs the flexible time intermission to preserve the flexibility
of the synchronization requirements, late arrivals occurring on one object can be accommodated by
the tolerance of the application, so that the number of objects whose schedule are to be affected by
the recovery operation and the amount of the intentional delay to be added are reduced to the
minimum,

For example, the TFG model in Fig. 3.5.3a shows the object B can start any time after the

object A finishes, while the object C has to start immediately after the object A finishes, There is

no constraint in the time difference between the presentation start time of B and that of C. In the

initial presentation schedule (Fig. 3.5.3b), the presentation of object B is at 5, which equals to the
2 3

Figure 3.5.3a The TFG of a presentational scenario
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start time of C. If the client MSC of video/audio detects late arrival in the object C and decides to
extend the scheduled presentation by 1 time unit, consequently the start time of P and F is
postponed by 1 time unit too. But the presentation of the object B is not affected. Moreover, the
activity can still finish at the scheduled time 8. No intentional delay need to be added to the

following activities.
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3.6 Synchronization Control over Coded Data Streams

In multimedia communication, transmission bandwidth constraints and storage capacity
limitations impose a reduction on the number of bits representing a data stream. Advances in
coding techniques are the key to reduced bandwidth requirements. For instance, a raw full motion
video requires up to 100 Mbps bandwidth. The MPEG video coding algorithm is capable of
providing compression ratios of 100:1 with a picture quality that resembles that delivered by
standard VCR tapes[For93], As the transmission of coded data becomes a practical solution for
multimedia real-time applications, we look into the coded stream characteristics, to develop
synchronization control schemes which are suitable for their new requirements. Our
synchronization control system handles both coded and uncoded streams. A continuous coded
stream should be decoded and presented continuously and correctly. Inter-stream synchronization,
as discussed in the last section, also applies to the coded streams. Therefore, the decoder should
support bounded decoding delay and jitter. Some coding schemes also provide other
synchronization support. For example, MPEG-1 coding can guarantee synchronization between a
video stream and its associated audio stream™PEG-11, However, the MSC pairs are still employed
since they can adapt to each type of coded stream and maintain the synchronization among all
involved streams.

The important parameters induced by a particular coding scheme are: the throughput, the
nature of the bit stream (variable or constant), the compression/decompression delay and jitter
bounds, and the structure of the stream(Taw93], The network transmission bit error rate and delay
jitter also have an impact on the coded stream and may lead to quality degradation of the decoded
data. We must consider the decoder’s capability to adapt to the degradation of its input stream and

apply the necessary corrective measures.
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3.6.1 The Pre-decoder Synchronization Controller

The client synchronization control system for a coded continuous stream consists of a client
MSC and a Pre-decoder Synchronization Controller (PSC). The system diagram is shown in
Fig.3.6.1. The client MSC maintains the multimedia synchronization requirements through the
Stream Synchronization Protocol (SSP), and the PSC smoothes out the network jitter and provides
support to the MSC.

The PSC gets its input from the network and passes the coded data to the decoder
according to their target decoding time-stamps. With continuous media coding schemes, the target
decoding time-stamps are generated by the encoder and are stored in the coded data unit’s
structure. When the first coded transport unit of a stream arrives at the client PSC, it is buffered
for a predetermined time (the initial PSC delay) and then it is delivered to the decoder for decoding.
The PSC checks the difference between the time-stamp of the subsequent unit and that of the
previous one to determine the subsequent delivery time. The PSC reconstructs an acceptable
timing stream, in order to prevent the decoder’s internal buffer from overflows. With the PSC,
the decoder is isolated from network delay fluctuations. Therefore, one can choose and combine

various types of decoders and notwork transport facilities.

increase/decrease delay

Stream Syn. Protocol

data loss *
MsC
po| Decoder
Transporl stream imi
( eochp?l')‘ Coded iming stream Deooded stream. Synehonized stream

Figure 3.6.1 The client synchronization control scheme for a coded stream

The PSC employs buffering and occasionally skipping to reconstruct a timing stream
according to the given time-stamps. When a transport unit arrives early, it is buffered until its

target scheduled decoding time is reached. When the PSC detects that a unit is too late for its target
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scheduled decoding time, it may skip the unit if the subsequent unit is already stored in the buffer.
Considering the limited size of the PSC buffer, possible large network delay tluctuations and the

tight timing requirements for the decoder input stream, data may have to be occasionally discarded

due to PSC buffer overflows.
Bidirectlonal m
Inierpolation

Prediction g/‘

Figure 3.6.2 Temporal picture structure of MPEG video

The data units in a coded stream have different significance for data decoding quality.
Priority control should be considered in the PSC, so that the occasional data skipping or discarding
does not dramatically degrade the presentation quality. For example, the MPEG-2 [MPEG-2]
standard has a presentation unit of pictures, which are coded into three types of coded pictures of
different compression ratios. An I-picture (Intra-frame picture) is independently coded and
provides reference for P and B pictures. A P-picture is predictive coded, which requires reference
of past I-picture for its decoding. A B-picture is a bidirectionally-predicted picture, which requires
reference of past and future I-picture and/or P-picture for its decoding(Fig. 3.6.2). Compared to
that of P and B-pictures, the data units of the I-picture are of foremost importance for video
decoding and displaying quality. If some transmission units of an I-picture are lost, the
presentation quality of a group of pictures that require reference to the lost I-picture will be
degraded. If some transmission units of a B-picture are lost, only the quality of the present
picture will be degraded. If all transmission units have the same priorities, thé units
corresponding to I-pictures will face higher probabilities of loss than those of B-pictures that are

composed of a smaller number of data units. Referring to section 3.6.2, the PSC can extract the
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priority informaticn from the particular data structure of the coded stream. In the case of buffer

overflow, only the low priority units are discarded.

3.6.2 Priority-extracting Algorithm for MPEG-2 Video Streams

The transport units for an MPEG-2 stream are “Transport Packets™. The target decoding
time-stamps are derived from the pregram-clock-reference fields in the Transport Packet header. If
the priority control at the granule of a picture is desired, the PSC will apply the priority extracting
algorithm to detect the picture coding type. The PSC will assign higher priority to the Transport
Packet which carries video data of the I frame, and lower priority to the packet which carries the
data of the B or P frames.

The MPEG-2 standardMPEG-2] has defined start codes in its video stream. These start
codes are reserved bit patterns that do not otherwise occur in the video stream. The start code fora
coded picture (either of the I, P or B picture format) is 00000100 in hexadecimal. After this
picture_start_code and a 10-bit code for temporal_reference, there follows a 3 bit
picture_coding_type code which identifies whether a picture is an intra-frame coded picture(I),
predictive-coded picture(P), bidirectionally predictive-coded picture(B), or of other coding types.

001 intra-coded(I)

010  predictive-coded(P}

011  bidirectionally- predictive-coded(B)

The coded video stream is carried in packetized elementary stream (PES) packets. As
shown in Fig. 3.6.3, the PES packet consists of a PES packet header followed by packet data.
PES packets are carried by Transport Packets. The Transport Packet is of a fixed length of 188
bytes. PES packets may be much larger than the size of a transport packet. The first byte of each

PES packet header is located at the first available payload location of a Transport Packet.

55



et [ header”, toad  header 4 Toad F header foad
packe [ payloa B paylon [» Dead payioa
ot 77577 bz 77
S — -—
e R -—
transport FayTC ke
ST g PID dapiation load
flasclée':w " e it start N"‘m’; ﬁe!g pey I
3011 2 13 6 )
/ \

daptatio
eld
ngth

strean

/’(”’f
PESpacker | Pocket il;'f;sk,. %"“”% stofting

code |7y [lleogth ’//bea% byies PES packel data byics
e 7
L 16/ e
N
/ ~
IE&H optioaal
data fleids
Tength

Figure 3.6.3 MPEG-2 transport stream syntax

A PES packet contains coded bytes from one and only one elementary stream. On
decoding, de-multiplexing is required to reconstitute elementary streams from the multiplexed
Transport Stream with the aid of Packet ID (PID) codes in the Transport Stream.

When the payload of the Transport Packet contains PES data, the payload_unit_start
_indicator is set to ‘1’, if the Transport packet commences with a PES packet header, or ‘0" if no
PES header in this Transport Packet payload.

The transport_priority field in the Transport Packet header is a one bit indicator. When set
to ‘1’, it indicates that the associated packet is of greater priority than other packets having the
same PID which do not have the bit set to ‘1’. In the MPEG-2 specificationlMPEG-2}, this field
may be changed by data link specific encoders or decoders. In our priority-based synchronization
control at the PSC, the transport_priority field of the Transport Packet which carried the data of the

coded video stream, will be set to ‘1’ or ‘0’ through our priority extracting algorithm.
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Referring to Fig.3.6.4, the PSC priority extracting algorithm is done by checking the
Transport Packet header and the PES packet header to locate the data of the video stream, and
scanning them for the picture_start_code so that the picture_coding_type of video picture can be
found. Then the transport_priority field in the Transport Packet header is set to ‘1’ if the
picture_coding_type shows the video picture is an I-picture, or ‘0’ whether it is a P-picture or a B-
picture. If the picture_start _code is not found, the transport +_priority will keep the same value as

that of the last found priority which is stored as the old_priority.
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Figure 3.6.4 The priority extracting algorithm for the transport packets in a MPEG-2
video stream
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The PID code in the Transport Packet header identifies the video stream. If the PID doesn’t
match the specified video stream PID, no priority extracting operation will be applied to the
Transport Packet. The payload_unit_start_indicator shows if the PES header appears in the
Transport Packet’s payload before the video stream data. If there is no PES header in the payload,
the whole payload is used by video stream data; otherwise, the video stream data appear in the
PES_packet_data_bytes field after the PES header in the Transport Packet’s payload. With the
information in the PES header, such as the PES_header_data_length, it is easy to skip the PES

header and locate the PES_packet_data_bytes field.

3.6.3 PSC Priority-based Stream Timing Control

Priorities obtained from the transport unit structures make the PSC synchronization control
more efficient and provide better presentation satisfaction. The MPEG-2 PSC, for example, will
manage its buffer overflow and starving based on the Transport Packet priorities.

Work of the MPEG video committee suggeststMPEG-11 that ailotting P-pictures about 5
times as many bits as B-pictures and allotting I-pictures up to 3 times as many bits as P-pictures
gives good results for typical natural scenes. For simplicity, here we assume the number of the
Transport Packets carrying data of a B-picture is N, the number of the Transport Packets carrying
data of a P-picture is 5N, and the number of the Transport Packets carrying data of an I-picture is
15N . There are 2 B-pictures between each pair of I or P pictures.

When the PSC buffer is full, the PSC scans its buffer from the end of the queue. A
Transport Packet of the lowest priority is removed from the queue to prepare an empty space for
the next Transport Packet coming from the network. Alternatively, the to-be-removed packet

could be kept until the new packet which is of a higher priority is ready to come in.
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Table 3.6.1 PSC buffer overflow control

The transport

stream ordering: 1, 4P, 2B, 3B, 71, 5B, 6B, 10P, 8B, 9B,
(In pictures)

The Larget presentation

stream without loss: 11, 2B, 3B, 4P, 5B, 6B, 71, 8B, 9B, 10P,
{In pictures)

Transport stream;: 111 112 ..1115N, 4P1 .4P5N, 2B1..2BN, 3B1 .. 3BN, 711 #2 .7I15N, 5B1..

(in Transport Packet)
buffer full

discarding
The presentation stream 11, 2B, 3B, 4P, 4P, 4P, 4P, 4P, 4P, 4P,
with loss:

The transport stream: 111 112 ..1T15N, 4P1 .4P5N, 2B1 .2BN, 3B1 .. 3BN, 7I1 712 .. 7I15N, 5B1..

(in Transport Packet)

Control priorities: . O 0 O .0 0. O, O @D . QL ©O.
discarding, buffer full

The presentation stream

with priority-based 11, 2B, 2B, 4P, 5B, 6B, 7, 8B, 9B, 10P,

loss control:

In the example shown in Table 3.6.1, the PSC buffer is full when the second Transport
Packet of an I-picture arrives. From the end of the queue, the PSC fings a priority 1 packet of the
I-picture 71 which follows a priority 0 packet of the B-picture 3B. The priority 0 packet of 3B is
removed from the buffer. A new arrival Transport Packet of priority 1 is then added in the buffer.
Only one picture (3B) is damaged in the resulting display stream. The previous picture 2B is re-
displayed to smooth the video presentation, If the PSC applies synchronization control without the
knowledge of priorities, the in-coming Transport Packet of the I-picture 71 will be discarded due to
buffer overflow. By losing the data of an I-picture(7I), the B-pictures (5B and 6B) and the P-
picture (10P) which have references to 71 are also damaged. The damage will cause a remarkable
pause in the resulting video display.

When the PSC buffer is empty, the PSC checks the arriving data unit to decide if it is
beyond the delay tolerance. If it violates the tolerance, the unit is skipped; otherwise it is sent
directly to the decoder. By skipping a late transport unit, the transport unit which follows the

skipped one will be decoded right away so that the stream speed could catch up. Here are some
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concerns of the tolerance values. If the delay tolerance is zero, every late unit will be dropped, but
before the stream speed catches up there could be a significant pause in the video presentation. If
the delay tolerance is set too large, too many late units may be accepted and occupy the decoder,
thus the catching up speed will be slowed down. The worse situation is that, if all units are of the
same control priority, some important data units are skipped along with less important units, thus
when the stream speed finally catches up to the target presentation schedule it may not be properly
decoded since data which provides reference did not enter the decoder. Therefore, we define a
relatively larger delay tolerance for higher priority data units. That implies the speed catching-up is
mainly achieved by skipping the less significant data for presentation. If a higher priority data unit

is skipped, all its immediately following units of lower priorities will also be skipped without delay

tolerance checking.
Table 3.6.2  PSC buffer starving control
The transport
stream ordering: 11, 4P, 2B, 3B, 71, 5B, 6B, 10P, 8B, 9B,
{In pictures)
The target presentation
stream without loss: 11, 2B, 3B, 4P, 5B, 68, 71, 8B, 9B, 10P,
(In pictures)
Transport stream: 1I1..1115N, 4P1 .4P5N, 2B1 ..2BN, 3B1 .. 3BN, 71 712 .7I15N, 5B1 5B2..
(in Transport Packet) late, late
discarding
The presentation stream i1, 2B, 2B, 4P, 4P, 4P, 4P, 4P, 4P, 4P,
with loss: '
The transport stream: 111..1115N, 4P1 ..4P5N, 2B1 ..2BN, 3B1 .. 3BN, 7It 712 ..7I15N, 5B+ 5B2
(in Transport Packet)
Control priorities: M.OW®. ©® O .0, ©. O 0qa.q O O
late, late late .. late, late
discarding discarding
The presentation stream
with priority-based 11, 2B, 2B, 4P, 4P, 6B, 71, 8B, 9B, 10P,
loss control:

In the example shown in Table 3.6.2, the PSC notices that its buffer is starved when it
waits for the Nth Transport Packet of a B-picture (3B). Then a packet of priority 0 and a packet of
priority 1 arrive one after another, both late according to their time stamps. The PSC skips the

priority 0 packet because the packet delay tolerance is violated, while accepts the priority 1 packet
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of the I-picture (7I) because the packet delay tolerance is not yet violated. The following priority 1
packets meet the same situation. Then a packet of priority O arrives, being late and also violating
its delay tolerance. The PSC again skips the packet. Finally, the presentation stream catches up
its speed at the 2nd packet of the picture 5B. During the process of speeding-up, there is a 2
picture pause in video displaying. On the contrary, without this priority-based control, the
Transport Packet of the I-picture may be skipped together with the Transport Packets of the B-
picture. When the stream speed catches up at the 2nd packet of the picture 71, the following P and
B pictures could not be decoded without correct reference to the previous I-picture. The resulting

video presentation will be badly damaged.

3.6.4 Communication between the Client PSC and MSC on a Coded

Stream

The client MSC maintains the multimedia synchronization according to the presentation
schedule through the SSP. The functions of the client MSCs are generic for all types of streams.
The presentation schedule is characterized in terms of uncoded data units, such as the number of
pictures, the duration of audio playing, etc., which is only meaningful to the M5C.

The client MSC may inform the PSC to adjust the initial PSC delay. Therefore, the PSC
timing control can be set up with respect to the presentation schedule. According to the inter-
stream synchronization requirements, a client MSC may have to delay the presentation of its next
media object since an intentional delay has been added to scheduled presentation start time of that
object. Due to the extremely high throughput of the decoded continuous data stream, the client
MSC buffer may not be sufficient for buffering the delayed data. For instance, one second delay
of a TV standard video sequence will accumulate 150 Mbits. Therefore the client MSC has to
inform the PSC to buffer the delayed data in their compressed formats before decoding, by adding
the intentional delay to the previous PSC delay. On the other hand, when the PSC skips or

discards transport unit, it should notify the client MSC of the data loss.
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3.7 Network Architecture for Remote Presentational
Applications

3.7.1 Integrating to ATM-based Networks

ATM is a high-bandwidth, low-delay cell-transport techniquelBouS21, It is proposed to
provide an integrated communication service in B-ISDN. Given the importance of quality and
service guarantees in multimedia communication, ATM seems to be an adequate technology for
future applications. For the last few years, ATM has been adopted as the basis for most
standardization efforts of networking technology in the local, metropolitan and wide area
environments. Through ATM user-network interfaces, ATM connections could be set up to
support specified QoS requirements of the netwozk users. The multimedia communication system
for news document progressive presentation is based on an ATM network. The scheduling and
stream control functions rely on the service provided by the underlined ATM virtual connection,

As we are considering a multimedia multi-stream transmission, the applications would
require a large variety of QoS which is beyond the scope of the ATM QoS specification. A QoS

selector may be introduced in order to map network users’ QoS requirement to the ATM network

servicesDub%4},

3.7.2 Internetworking user premise network with B-ISDN

There are many proposals for high speed LAN/B-ISDN internetworking(Fit93](Sut93]. An
ATM-LAN is considered as a good candidate for future high speed LAN design, as it can integrate
today’s LAN as well as ATM networking. In our remote multimedia presentational application, the

most important issue relating to internetworking is how could an interetworking protocol support
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end-to-end bounded QoS (such as delay and loss). The ST-2 standard[CIF92} is designed as an
internetwork protocol to replace IP for high-speed networks. The ST-2 protocel supports end-to-
end connection-oriented transmissions, based on the concept of stream. Users can specify
FlowSpec to describe :he required characteristics of a stream, including bandwidth, delay, and
reliability parameters, with both desired values and minimal allowable values. We see these QoS
features of ST-2 necessary (if not yet sufficient) for our application. The MSC and PSC are
needed in case of ST-2 or ATM .ot being sufficient to bound their statistic QoS in given

tolerances.

Distributed Multimedia News Dalabase Remote user's workstation

News Application News Appilcation

Stream Syn. Control
Strears Syn. Control

ST-2 ST.2 ST-2
ATM-LAN arian A AL
ATM ATM
N
Figure 3.7 The protocol stack for stream synchronization control

Figure 3.7 shows the communication protocol stack in which our stream synchronization
- control system ’s sitting above the ST-2 protocol to provide multi-stream synchronization support
to the multimedia presentational application. With respect to the focused multimedia applications,
a multimedia transport service is assumed that could exist between the ST-2 and the stream

synchronization control system. The QoS negotiator will be in effect before the connections are set

up.
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Chapter 4

Implementation

4.1 System Hardware and Software Components

In Fig, 4.1, the synchronization control system is shown in conjunction with the other
software components in the Multimedia News-on-demand application,

The synchronization control software system consists of the processes of the scheduler, the
client Media Synchronization Controllers (client MSCs), the Pre-decoder Synchronization
Controller(PSC), and the server Media Synchronization Controllers (server MSCs). These
processes are linked with control channels. Interfaces are required between the synchronization
control system and the other sub-sysiems, such as the QoS negotiator ( QoS Negot), the decoder,
the database server, the media—storing servers (e.g. the Continuous Media file servers, the Non
Continuous Media file servers, or the Archive storage servers). The Application Programming
Interface (API) functions are required for system integration. Additionally, some control channels
are needed among the geographically distributed software modules. The messages exchanged on
the conirol channels should be specified.

The implementation will be done based on the recently developed hardware and software

techniques. The system platform is built on IBM RS/6000 PowerPC workstations. Ultimedia
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servers will provide powerful muitimedia handling facilities. MPEG coding and decoding are also
supported. Token ring LAN and an ATM backbone WAN environment are considered for the
multimedia data transportation. ST-2 and the multimedia transport protocols will provide QoS
negotiation and enforcement. The C** programming language has been selected for system
integration. The work described in this chapter is part of the prototype development for the

synchronization control sub-system. The implementation has been done in C in a UNIX system.

| User Interface |
A A A Userjateraction
Data Streams X
- MM . client MM - Server
Access Vb
MsC |msc] mscScheduler [——X005 Negot | » :crver
pecoder] '
] LS
L
Database
Synchroc¥sgtion Management
Network
Management
MSC MSC |_msc_ |
CM flle perver NCM file server Arch. storage
Storage/Retrieval T T

-

‘— Connection with QoS

fuarantee
i  Contro} Channel

Figure 4.1  Software components in the Multimedia News-on-demand service
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4.2 The data structures and algorithms

Overall, the basic data structures consist of the specifications for the scenario, the TFG, the
shared presentation schedule table, and the delivery schedule. The basic algorithms include TFG
generating, presentation scheduling, presentation re-scheduling and delivery scheduling. We will

discuss these data structures and algorithms in the following seci:ons. (Refer to Fig. 4.2.1)

Presentational Scenario

TECQ_generaling

Copy Lo Lhe
cliant MSCs

[ Titms Flow Graph 4!————’[ ‘Tima Flow Graph l

' Copy o tha
thared memorny
P Sehadul
+ Pre
Defivery
Scheduling
[ Delivary Schedule ]

,._> Execute the algorithm

——  Copy the computing result

e Trigger the execution of the aigorithm

Figure 4.2.1 The relation of the data structures and the algorithms
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4.2.1 Scenario Specifications

Requirements for a scenario specification

1) It describes rich temporal relationships among the multimedia objects, including the flexible
intermissions, skew tolerances of the relationships, etc. If a scenario is satisfied, all the
synchronization requirements of the application are met.

2) A scenario can be satisfied by at least one presentation time schedule.

3) The scenario is well structured and efficient in order to facilitate message exchanging in

distributed database environment.

Scenario specification

The scenario specification proposed in [LiLi94.2-1] has the strengths of flexibility and
efficiency. However, the skew tolerances are not included in the specification. Additionally, we
simplified the scenario by taking advantage of the a priori knowledge of the duration values and the
pre-defined activities.

Refer to the appendix for the scenario specifications in BNF style description. The
scenario is a single thread of activities. Each activity is braced with “{ }". The activity is
composed of a number of objects and the various relations among them.

The object is represented as a tuple of (media_Id, cbject_ld, duration). The media_Id
identifies the media-server where the component is stored. The object_Id is unigue for each
component on the same media-server. The duration is the presentation duration. If the component
is of a continuous media type, its duration is the playback duration. If the component isofa
discrete media type, its duration is the playback duration plus the holding time.

The relation is represented by the relation_Id, the involved two objects, a possibly pre-
defined fixed intermission and/or a skew tolerance. The relation_Id can be either “b”, “m”, “e”,
w?. “d”, “s”, or “f”, which stands for the seven basic mutual relationships, “before”, “meets”,

“equal”, “overlaps”, “during”, “starts together”, and “finishes together” respectively.
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A Scenario Example

Scenario-1:

<start> { [(Audio, A, 2), (Audio, B, 3), (V/A, C, 1), (Text, D, 5), (Text, F, 1), (V/IA, P, 1) ],

[ A(b)B(,), A(m)C(,), A(OD(K2), DDIF(), C(m)P(), P(SF(x3) ] } <end>

where:

1). There is only one activity, including the objects A, B, C, D, F, and P.

2). The audio object A has a duration of 2 time units, the audio object B has a duration of 3 time
units, the video/audio object C has a duration of 1 time units, the text object D has 3, and so on.
3). The mutual relationships include: the object A plays back before B, with a flexible intermission
between A and B; A finishes together with D, with a skew tolerance of k2; A meets with C; D

plays back before F, with a flexible intermission between D and F; C meets with P; and P starls

together with F, with a skew k5.

4,2.2 Time Flow Gu:zph

Figure 4.2.2 The TFG of Scenario-1

The mathematical model of interval vectors and the involved temporal information are
maintained in a Time Flow Graph (TFG)LiLi%.2-1} In the synchronization control system under
development a major simplification was made to the TFG. In the simplified TFG, the activities are

always in sequential order without time overlapping. The rich temporal relationships among the
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media components can still be re;ilesented by the relationships among the objects (nodes) within
the activity. We assume that the aggregation of objects into an activity has been done off-line, i.e.,
at the time when a scenario is created. The real-time scheduling operation at the activity level was
thus greatly reduced. The simplified TFG of a scenario becomes a directed link of activity sub-
graphs. The end time of an activity, Te, always equals the start time of its following activity, Ts.

There is no node shared by more than one activity.

A TFG Example:
Scenario-1:  Refer to Fig. 4.2.2.

TFG Definitions:

TFG {
number_of_activities,
activity_pointer -> { activities}
/* the pointers to the activities which are list in a sequential order */

b

Activity {
number_of_objects,

StartTime_activity, /* scheduled start time for presentation, */
/* time offset to the start time of the first activity *f
components -> { nodes} /* the pointers to a set of nodes *f
/* the first node of the components is always the common start node Ns, ¥/
/* while the last one is the common end node Ne *f
b
Node {

object_Id, /* a unique node ID in an activity */
media_Id, 1* source MSC ID */

duration, /* presentation duration */

jitter, /* presentation jitter tolerance */
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StartTime_node,
/* scheduled start time for the object presentation */
/* Tt is the time offset to the start time of the activity */
Ready-to-start, /* The address of the shared variable which is set to TRUE
after the enough data units arrive at the receiver */
Number-of-ancestor,
Ancestor(Number-of-ancestors) -> {pointer_to_node, 8},
{* 8 is TRUE if there is a flexible intermission between the object
and its ancestor*/
Number-of- children,
Children (Number-of-children) -> {pointer_to_node,8},
/% § is TRUE if there is a flexible intermission between the
object and its children*/
Skew /* which is min[k(r;)], where rj is any parallel
relationship the object involved in */

b

Property of simplified TFG:
Any node N in a TFG satisfy all the following rules:
Let N.Ts= N.StartTime_object, N.Te stands for the end time of the presentation.

Rule-1: N.Te = N.Ts + N.duration.
Rule-2: if N.ancestor(j).0 = FALSE.

N.Ts = N.ancestor(j).Ts + N.ancestor(j).duration.
Rule-3: if N.ancestor(j).0 = TRUE,

N.Ts >= N.ancestor(j).Ts + N.ancestor(j).duration.
From rule-2 and rule-3 we have:
Rule-4: N.Ts > = max[ N.ancestor(j).Ts + N.ancestor(j).duration]

4.2.3 TFG Generating Algorithm

This algorithm generates a TFG specification from a given scenario. Refer to the appendix

for the TFG_generating algorithm.
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4.2.4 Presentation Scheduling Algorithm

Although various temporal relationships can be involved in a scenario, the major issue of
scheduling is to determine the start time for each object which is related of other objects. Thus the
start time which involves multiple objects should be captured from the TFG model. The
presentation scheduling is to define the absolute time operation from the relative temporal
relationships specified in a scenario.

A presentation schedule is composed of the start times of all nodes in the TFG of an
scenario, where all the rules of TFG apply. A presentation schedule is in the tuples of ( media_Id,
object_Id, StartTime_activity, StartT ime_node).

The fuzzy temporal requirements specified in a particular scenario or the corresponding
TFG can be translated into more than one absolute presentation schedules. A presentation
scheduling algorithm will produce one and only one presentation time schedule from a TFG model
conditioned on the given duration parameters. The components in the distributed system will thus
posses a common target presentation schedule which is locally derived from the scenario
information through the TFG presentation schedule algorithm. Besides, the resulting presentation
schedule is always the one which has the shortest total presentation duration among all other
satisfactory schedules. This restriction is based on the observation that an ideal presentation does
not have display gaps or frozen screens, and that the synchronization controller will recover the
mismatch among the multiple streams by expanding the initial presentation schedule.

The presentation algorithm applies to two levels of TFG, i.e., the activity level and the
object level. Since the simplification has been made that the activities are played back in sequential
order, the main issue of scheduling become that of deriving a sub-schedule for the object nodes
within each activity. In the following, we shall focus on the algorithm which applies to the sub-

graph of nodes in an activity.
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Algorithm Design

A schedule of start times satisfies the three rules in the TFG property at every node through
every edge. It can be exhaustively verified through all existing paths from Ng to Ne. We combine
the schedule generation and verification together in an exhaustive path search operation. While
searching for a new path, all flexible intermission values are initialized to zeros, and the start time
of each encountered node is set. A path search operation stops when it reaches a node which it has
reached in previous paths searches. If the new value of the start time is not larger than its former
value, then the old value is verified as true; Otherwise, update the start time to be the larger value,
according to Rule-3, and propagate the changes to a minimum number of nodes which have to
change their start time so that the rules of a TFG will still hold true. The change propagating
operation is done by a recursively re-scheduling algorithm (i.e., the recur_resch algorithm,
referring to the appendix). Through re-scheduling, some flexible time intermission values are

updated to non-zero ones. As a result, the schedule will be compnted and verified.

4,2.5 The Presentation Re-scheduling Algorithm

The presentation re-scheduling algorithm is the same as the presentation scheduling
algorithm, except that a short-cut calculating is employed which takes advantage of the previously
existing schedule. For example, if the changes of the schedule are isolated within an activity, in
other words, if the end time of the activity keeps its former value, no re-scheduling will be
performed on the following activities. In the activity to which the re-scheduling algorithm applies,
changes are only made for a minimum number of objects; the other objects will stick to their former
scheduled times (by taking advantage of the flexible time intermissions in the TFG). Therefore,

the re-scheduling calculation is fast enough for real-time synchronization control.
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4.3.6 Delivery Scheduling Algorithm

A Delivery schedule is the tuple of (media_Id, object_Id, T;), where the media_Id and the
object_Id are the same as those in the scenario. The T is the delivery start time of a media object,
i.e., the time offset to the beginning of the document delivery.

The scheduler receives the document scenario from the database-server. It produces the
presentation schedule in terms of ( media_ld, object_Id, StartTime_activity, StartTime_node) using
the Presentation Scheduling Algorithm. In the initial presentation schedule, the start time of the
document presentation is set to zero. The Tpy; is the time offset of the presentation of the ith
document component, Tp; = StartTime_activity + StartTime_node. In order to satisfy the timing
order specified in the presentation schedule, the scheduler derives a delivery schedule for the server
MSCs 1o start their object component deliveries. Such a delivery schedule compensates the
variable delays over separate stream connections.

Letting the carliest delivery time to be zero and the delivery time offset of the ith
component to be Tg;, then the target presentation time of the ith component is defined in equation
[13:

Ty; = Tgi+ D outi [1]
where D |ga1.i is the total delay of the ith media component starting from the delivery. onto its
stream connection until its presentation time. The equation [2] represents that the timing
relationship among the target presentation times is the same as that in the presentation schedule:

(Ty; - Ty ) = (Tpi - Tpk ) [2]

Refer to the appendix for the Delivery Scheduling Algorithm. The total delay is obtained
through steps 1 and 2 in the Delivery-Scheduling Algorithm for each stream. Considering both the
total delays and the presentational deadlines, the media object which is to be delivered at the earliest
time can be found by step 3 in the algorithm. Step 4 records the earliest delivery time 1o be zero,
and derives the corresponding target presentation time. Applying the equation [2] to step 5, all

other streams’ target presentation times are obtained. Consequently, all streams’ delivery times are
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derived through the equation {1} in step 6.  For the stream which has more than one sequential
object components, we can derive the delivery schedule for the subsequent object components by

step 7.

4.3 The SSP implemented among the client MSCs

To implement the Stream Synchronization Protocol (SSP) among the concurrent client

MSC processes, we have to solve the following problems:

1) Transfer data from the network stream connection to the client MSC’s synchronization control
buffer upon data arrival, and transfer the data from the buffer to the user interface upon scheduled
presentational deadline;

2) Support dynamic buffer management;

3) Guarantee mutual exclusion on access to shared presentation schedule;

4) Allow the state variable of a clieni MSC process to be accessible to other client MSC processes.
4.3.1 Timing Control

The client MSC process receives data from the connection and periodically plays-back the
data at the user interface. To solve the synchrony problem between the receiving and the playing
back operations, a playback alarm clock process is introduced which sends alarming signals back
to its parent process periodically according io the playing back time interval. At the start time of the
continuous presentation of a media object, the client MSC forks a child process, the playback alarm
process with a specified time interval value. Refer to Fig. 4.3.1. Upon catching an alarm signal
(implemented by SIGUSRI in the UNIX system) sent back from the playback alarm process, the

client MSC interrupts its receiving operation and transfers a data unit from the synchronization

74



control buffer to the user interface for presentation. Then the client MSC continues its receiving
operation until the next alarm signal arrives. The client MSC keeps track of the number of the data
units being played back and the number of the data units being received. When the end of the
object presentation is reached, the client MSC process kills the playback alarm process. If there is
a subsequent object to be presented by the same client MSC, another playback alarm process will

be created while the corresponding time interval value is being specified.

L Client-MSC Process
Init.] Start | Playback End l Start | Playback
init !! ! s ' reset init
Playback Playback

slarm 1 alarm 2

Figure 4.3.1 The interaction of a client MSC process and the playback alarm processes

An alternative process structure consists of a pair of producer and consumer processes for
each client MSC. The producer process keeps on receiving data from the connection, while the
consumer process periodically transfers the data from the buffer to the user interface. Because the
client MSC’s synchronization control buffer should be accessible to these two processes, a shared
memory control mechanism is required. Considering the dynamic buffer management required by
the SSP implementation, we were determined to avoid the unnecessary complexity of the buffer
management introduced by using a shared memory control mechanism on the client MSCs’
synchronization control buffers. Therefore, the widely used producer/consumer process structure
was rejected in our system implementation. Refer to Fig. 4.3.2 for the process structure

implemented.
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Figure 4.3.2 The process structure

4.3.2 Buffer Structure

The data arriving before the scheduled presentation deadline are stored in the client MSC’s
synchronization control buffer. Buffer space must be provided to absorb a certain amount of
network delay variation. Based on the statistic delay variation value which is guaranteed by the
underlined network stream connection, the scheduler calculates the buffering delay, i.e. Dyyfering,
which is brought by the data buffering at the client MSC in order to smooth out the variable
network delay. The initial buffer size is determined by the data unit size and the buffering delay.

The dynamic buffer management issue is raised by the re-scheduling operation, If a
presentation schedule is extended to a later time point, additional volume of data may accumulate at
the buffer during the time difference between the former presentation schedule and the updated
one. Additional buffer space should be allocated to prevent buffer overflows. In the meanwhile,
the operations of reading from and writing to the buffer should remain generic in spite of the
changes in buffer allocations. We chose the buffer structure to be a linked list, which may consist
of a variable number of buffer units. Each buffer unit is connected to a subsequent buffer unit by a

pointer. The last buffer unit links back to the first unit, and a circled linked list of buffer units is
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thus formed. The buffer anits do not have to be allocated with a continuous physical memory
address. They can be dynamically added to or removed from the linked list.

Each buffer unit has the same size as that of a data unit which is specified by the
presentation requirement for the object, such as a frame of a decoded video or a page of text. A
client MSC initializes a linked list structured buffer for each of its sequential object. The MSC can
play back the data of one object while receiving data of another object. A write-pointer records
the address of the data unit in the linked list in which new arrived data will be put by the receiving
function, while a read-pointer records the unit address which contains the data being lastly
displayed. The two pointers proceed in the same direction around the circled linked list. The two
pointers are not allowed to overrun each other. When the write-pointer catches up to the read-
pointer, the buffer overflows. In case that buffer overflows, either more buffer allocation is
required or some data are discarded. When the read-pointer is going to catch up to the write-
pointer, the buffer starves. Then the read-pointer stops at the previous address without proceeding

to the next buffer unit, and the client MSC is allowed to playback the last data unit.

4.3.3 Exclusive Access to the Shared Presentation Schedule

The presentaiion schedule is initially produced by the scheduler and is stored in the shared
memory. The shared memory is accessible to concurrent client MSCs (Fig. 4.3.3). The shared
presentation schedule regulates the playback procedures of the different client MSC processes, so
that the presentation could remain in synchrony. If a re-scheduling operation is completed by one
of the client MSC, an updated presentation schedule will overwrite the previous one in the shared
memory. The shared memory mechanism eliminates the need for complex message exchanges
among the client MSCs in supporting the SSP control.

In UNIX, a shared memory space can be allocated and the exclusive memory access is
achieved by a binary semaphore. Only when the semaphore value equals to 1, can a process

access the shared memory. The semaphore value decreases by 1 and will remain 0 until the
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process releases the shared memory. In our software implementation, the scheduler allocates a
shared memory space from the system and sets up a semaphore for exclusive memory access
control. When it is created, each client MSC process inherits a copy of ID of the shared memory
and the ID of the related semaphore. Whenever a client MSC receives the first data unit of its first
media object, it accesses the shared memory after obtaining the semaphore value. If the
presentation schedule is still composed of the relative time offsets initialized by the scheduler, the
client MSC updates the schedule by converting the time offset O to the current value of the system
time clock, and converts other time offsets accordingly. Then the client MSC releases the shared

memory and increases the semaphore value by 1.

Shared
RN Shared Memory Y
Ts |_ACL AC2 .

biatlvi 2| wazlTslot \
"

Concurrent Client
MSC Processes:
Video/sudio Text/Graphics
MSC MSC
Stream of
objects :
VIAL VIAZ, .. Vi, .. T1,72,G1, T3, ...

Figure 4.3.3 Client MSCs’ exclusive assess to the share presentation schedule

The concurrent client MSCs also access the shared memory to check the current system
clock with the presentation schedule. After performing a re-scheduling algorithm, a client MSC
produces a new presentation schedule and writes it to the shared memory so that other client MSCs
are able to synchronize their presentation operation accordingly.

After the whole document presentation is completed, the scheduler removes the shared

memory and the related semaphore before the scheduler exits.
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4.3.4 State Variables

Each object has a binary state variable, “ready-to-start”. The “ready-to-start” variable of
cach object is reset to zero before any data unit is received. When the first data unit of an object is
received and is ready to be sent to the presentation device, the client MSC sets the state variable of
this media object to 1. After the object has been played back, the value is reset to zero again.

The start time of a late object is not predictable. Thus if an object X is supposed to meet
with the subsequent object Y, object X may have to extend its presentation until the object Y is
“ready-to-start”.

If the skew tolerance between the parallel objects is specified, each of the involved objects
should check the “ready-to-start” states of the other. If the object X is supposed to start together
with the object Y and the first data unit of X arrives later than that of Y, the client MSC in charge of
the object Y sets its state “ready-to-start”, and it puts the current clock value to the shared schedule.
It then proceeds to start presentation. Then the client MSC of X will find the state of Y is “ready-
to-start” and it will have to make sure the time difference between the current system clock and the
start time read from the shared schedule doesn’t exceed the skew tolerance.

The “ready-to-start” state variable of one client MSC can be read by other client MSCs.
This shared variable is implemented as a semaphore. The address of the “ready-to-start”
semaphore of an object is specified in the corresponding object node in the TFG. The scheduler
initializes the semaphore array for the “ready-to-start” variables and store their addresses in the
TFG. The client MSC gets a copy of the TFG when the client MSC process is created. Through
the exclusive access control of the semaphore, the client MSC is able to update its own “ready-to-
start” variable and to check other client MSC’s current state without conflicting.

After the presentation is completed, the scheduler removes the *‘ready-to-start” semaphore

array before the exiting by itself.

79



4.4 User Interactionsitamo45.2]

In a Multimedia News-on-demand service, the user may cheose a multimedia document
from the database for viewing, then start and close the presentation. The user may also request to
pause the presentation to view a certain portion, to skip a portion of the document, or to scan the
presentation backward and forward. The scheduler and the client and server MSCs are involved in
dealing with these user interactions, which are related to the document presentation. The scheduler
performs the delivery scheduling only once for each document, at the time when the user selects

the document for viewing. The scheduler serves as a master who dispatches relevant commands to

the MSCs.

4.4.1 Selecting a Document for Viewing

This is the phase in which the scheduler invokes the client and server MSCs, and initiates
the multimedia presentation. The synchronization error prevention described in section 3.4 is
activated. Data streams are set up with negotiated QoS parameters. A delivery schedule is
produced and sent to the server MSCs. Messages are exchanged between the scheduler and the |
database server, the scheduler and each involved media-server, and the scheduler and each server
MSC. API calls are needed to retrieve the document scenario from the database server, to get QoS
parameters for the negotiation, to create a MSC process on the client and server machines, to open
up virtual connections, and to send and receive messages form the connections. The

query_decoding_time API provides the scheduler with the average decoding delay to schedule

delivery.

4.4.2 Starting the Presentation
When the user wishes to start viewing the article, the scheduler multicasts a start_request
message to the server MSCs. The server MSCs return the start_confirm massage and start

executing the delivery schedule. The starr_delivery API funciion is called by the server MSC every
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time an object has to be retrieved by a media-server. Each server MSC sends its data object to a
peer client MSC according to the delivery time schedule. The client MSCs execute the SSP 1o

control the presentation and use the API calls to display the data objects on the user interface.

4.4.3 Pausing the Presentation

When a user wishes to pause the presentation of the article, the scheduler multicasts a
pause_request message to both the client and server MSCs. When the client MSC processes
receive the message, they start buffering the data received on their streams. Upon reception of a
pause_request message, the server MSCs return a pause_confirm massage to the scheduler and
stop executing the delivery schedule. The server MSCs call the stop_delivery API function which

will have the media-servers stop retrieving their respective data objects.

4.4.4 Scarning the Presentation Forward or Backward

When a user selects to scan the presentation backward or forward, the speed of the motion
must be selected. The scheduler process multicasts a scan_request message and the server MSCs
return a scan_confirm message to the scheduler. The video server MSC calls the scan API
function. The video media-server uses the speed to determine how many frames to skip before
transmitting a frame. The other server MSCs simply call the stop_delivery API function which
will make the media-servers stop transmitting the data until the server MSCs are notified of the next
start point in the delivery time schedule. = Meanwhile when the client MSCs receive the
scan_request message, they stop applying the SSP until they are advised to proceed to the display
from a new start point in the presentation time schedule. Only the client MSC associated with the

video stream displays the frames that it receives while other client MSCs discard the received data.
4.4.5 Starting the Presentation after Pausing

When a user wishes to start the presentation of an article after pausing, the scheduler

multicasts a start_request message to both the client and server MSCs. The message contains the
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status of the presentation {(e.g., pausing). When the client MSC processes receive the message,
they start displaying the buffered data and accepting data received on their stream connection.
Upon reception of the start_request message, the server M3Cs return the start_confirm message to
the scheduler and call the start_delivery API function which will have the media-servers resume the

retrieval.

4.4.6 Starting the Presentation after Scanning Backward or Forward

When a user wishes to start the presentation of an article after scanning backward or
forward, the scheduler multicasts a start_request message to both the client and server MSCs. The
message contains the status of the presentation (e.g., scanning). Upon reception of the
start_request message, the server MSCs return the start_confirm message to the scheduler and call
the seek API function which will inform the media-servers of the new start point in the delivery
schedule. The media-servers will derive the number of units that should be scanned. When the

client MSC processes receive the start_request message, they resume executing the SSP

4.4.7 Closing the Document Presentation

When a user wishes to close the presentation of the document, the scheduler multicasts a
close_request message to the server MSCs. Upon reception of the message, the server MSCs
disconnect their respective stream (o their peer client MSC. Once a stream has been disconnected,
the media-servér removes its server MSC process by calling the kill_server_msc API and returns a
close_confirm message to the scheduler. When the scheduler receives the close_confirm message

it removes the client MSCs.
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4.5 Protoiype Implementations

For the first prototype of the real-time synchronization control systemn for the Multimedia
News application, we make several simplifications to the general problem of the network document
presentation.
1) Documents are delivered from a single server workstation to a single client workstation, The
database server and the media servers all reside in the same server workstation. They are
implemented as concurrent independent processes which are running all the time in the server
workstation. Multiple virtual connections are set up between the servers and the client workstation
over a single physical network link. In the future system, the database server and thc media
servers will be geographically distributed in the computer network.
2) The database server and media servers are simulated by the servers which retrieve the requested
objects from the corresponding files on the magnetic disk and deliver the file context over virtual
connections.
3) The network virtual connections are over a dedicated token ring link. The virtval connections
over an ATM backbone wide area network are going to be implemented as the project proceeds and
as the relevant hardware and software components becomes available.
4) The client workstation is dedicated to the task of the Multimedia News presentation. In a real

system environment, a workstation must perform many tagks simultaneously.

Note that these simplifications are made to eliminate much of the resource contention for the
network, operating sysiem and some workstation resources, such as buffer space. We expected
the implementation of the multimedia synchronization schemes to be difficult even under these
conditions. We determined to make our first step manageable. With the technical progress made
together by the research groups of the CITR Multimedia News application, we are going to
integrate the database server, the continuous media servers, the multimedia transport system over

ATM networks and our real-time multi-stream synchronization system into a sophisticated

83



Multimedia News network presentation system. By that time, the conditions on our first prototype
system will be removed.

In addition, because we were determined to demonstrate the outcome of the
synchronization contro! system, we are in the process of developing a user interface which is
capable of presenting MPEG-1 video/audio and text captions simultaneously.

The specific cases of the various multimedia document presentation scenarios that are
investigated for the purpose of system testing and demonstration are:

1) MPEG video/audio show along with text captions in another language.
'The lower part of the video window is overlapped by a text window. The captions context is
refreshed and updated from time to time corresponding to the video/audio context. The scenario is

shown in Fig. 4.5.a.

Videofaudio-1 | Video/audio-2 | Video/audio-3 |

Text-1 Text-2 Text-3 l
| : ) Time

! : ! >

Figure 4.5.a The parallel presentational scenario for demonstration

2) An MPEG-1 video/audio clip such as a part of the latest video record of a football game
followed by a page of text such as the current season scoreboard. The video window is

immediately replaced by the text window. The scenario is shown in Fig. 4.5.b.
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Figure 4.5.b The sequential presentational scenario for demonstration
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These two scenarios demonstrate the basic multi-stream synchronization requirements in the
multimedia document presentation, i.e., the parallel inter-stream synchronization and the sequential
inter-stream synchronization.

We are now in the early stages of the first experimental prototype implementation. Module
coding and testing have been carried out for the supporting functions which were discussed in the
previous sections of this chapter, Application Programming Interface (API) calls are provided for
the algorithm executions, the SSP controls, and the network transportation. We are building up
the synchronization control system by using these supporting functions. An experimental system
will integrate the synchronization control sub-system with the user interface, the simulated database

server and media servers.
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Chapter 5

Conclusions

5.1 Summary of the Thesis

The thesis presents a complete software control system for synchronizing multiple data
streams generated from distributed media-storing database servers. The different media are
transmitted through an ATM network for presentation on the client workstation. A scheduler at the
client workstation derives a stream delivery schedule to compensate variable network delays.
Besides the traffic prediction and scheduling of the objeci delivery, synchronization recovery is
performed at the receiver, the client’s workstation, before the playback of the multiple data
streams. A stream synchronization protocol (SSP) prevents the synchronization errors form being
rampant in the display, even during network delay fluctuations.

The SSP uses skew tolerance parameters to guarantee the control for the different types of
parallel data streams. In addition, the differences between the characteristic of coded and uncoded
streams are taken into account. We extend the synchronization mechanism to support the control
over the coded data streams,

The contributions of this thesis work are as follows.
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1) Applying the Time Flow Graph Mode! to the Synchronization Control System

The temporal models are compared in terms of their capabilities in supporting
synchronization scheduling. The TFG model is able to represent the temporal relationships among
the media objects without precise interval values. The TFG can also represent the flexible
intermission intervals which is a favorable feature for improving the efficiency of the
synchronization rccovery. On the other hand, it can accommodate modification of the interval
values while keeping the relative temporal relationships in consistency. Therefore, the TFG is
found very useful for synchronization recovery control of the SSP. Additionally, in future
research work, the TFG model will be required for a fully distributed scheduling algorithm to
perform[LiLi%.2-2) Thus the TFG is chosen for the current system development. It becomes a

fundamental mathematical mode! which is applied to the complete software synchronization control

system.

2) Developing a Complete Real-time Synchronization Control System

In our real-time synchronization control system, the synchronization requirements
specification ( i.e., the scenario) is extended to include the Synchronization QoS parameters [51€93],
The TFG was chosen as a generic temporal model. The two aspects of a real-time synchronization
control, i.e., the traffic prediction and delivery scheduling, and the synchronization error recovery
are both investigated. The QoS is assu:ned to be provided by the ATM-based virtual connections.
No feedback message is needed for the real-time recovery. Presentation re-scheduling to
accommodate the mismatches among the multiple data streams at the client’s workstation is
conducted through the Stream Synchronization Protocol (SSP). Moreover, we also consider the
integration problem if the synchronization stream control system joins with the database servers,
coding/decoding algorithms, and user interactions, The relevant API and message exchanges are

also considered in the implementation.
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3) Synchronization Control over Coded Streams

In the system under consideration, the data objects are of different types of media and in
different coding formats. Only video and its associated audio are in MPEG-2 format controlled by
an MPEG video/audio. Synchronization between an MPEG stream and other streams is
investigated in this thesis. Some overlapping between the functions of our MPEG stream
controller and the proposed MPEG-2 decoder is suggested. Our MPEG stream control, as one part
of the overall synchronization control facilities, supports external stream synchronization of the
MPEG stream with other streams. Moreover, by introducing a Pre-decoder Synchronization
Controller between the network interface and the MPEG-2 decoder, the decoding quality is
enhanced by avoiding decoder internal buffer’s starving and overflow which are caused by the
network delay fluctuation conditions. A priority-based synchronization control mechanism for the
coded data streams is provided. The investigation of the MPEG-2 video stream provides insights
on coded stream behavior. The control scheme elaborated in this thesis can be adjusted to apply to
other formats of coded streams. Our work contributes to the generic multimedia synchronization

control for both coded and uncoded data streams in a real-time distributed environment.

4) Implementation
As part of the prototype development, implementation has been done in the following three
aspects.
. the data structure specification and scheduling algorithm design
. the SSP control mechanism implementation and testing

. the programming flow chart is also provided for the scheduler and the client MSCs
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5.2 Suggestions for Future Work

The synchronization system described in this thesis is based on several assumptions:
1) QoS supported by ATM-based virtual connections. In the real world, the ATM network is
currently being constructed and tested. QoS negotiation support is not fully available.
2) We rely on the ST-2 networking protocol for our internetworking connections passing an ATM
backbone network. Yet the ST-2, as an experimental protocol, is far from being mature, it needs
to support a variety of existing LAN environments, and its enforcement of QoS guarantees are not
yet fully implemented.
3) A multimedia real-time transport protocol is supposed to be available, which provides the MSC
with transport units and reports the possible data loss or error to the upper layer, such as the MSCs
or the PSC.

All the above network protocol support problems need in-depth investigation. A QoS
negotiator is also supposed in the system design which will deal with the network QoS negotiation.

Moreover, the synchronization prototype implementation requires the system integrating
with the decoder, the user interface and the simulated database server machines. The experiment
over an ATM-based network should be carried out. The impacts of the real-world network
fluctuation on the compressed data streams is an important subject. The experiment will provide
valuable experience in choosing synchronization QoS parameters, understanding the impacts of

applying rigid or loose control rules in synchronization recovery.
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Appendix

A.l The Scenario Specifications in the BNF Style Description:

<scenario> ::= <start> <activity> {,<activity>} <end>
<activity> ::= <object_in_activity> <relation_in_activity>

<object_in_activity> ::= <object> {, <object>}
<object> ::= <media_Id> <object_Id> <duration>

<relation_in_activity> ::= <relation> {, <relation>}
<relation>::=<object_Id><relation_Id><object_Ild>{<fixed_intermission>][<skew>]
<relation_Id> ::= blmleloldIsif

B.1 TFG_generating Algorithm:

1. Initialize a TFG.
1.1 Generate a TFG, set number_of activities.
1.2 Generate activities, set number_of_objects.
1.3 Generate nodes.
Set: media_Id, object_Id, duration, jitter and skew as specified in the given scenario.
Reset: StartTime_activity, StartTime_node =0;
Ready-to-start = False;
Number-of ancestors = Number-of-Children = 0,

2. Link the pairs of nodes according to the mutual relationships

Assume X,Y is a pair of nodes with a relationship r, X(r)Y
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2.1 Link the pairs of nodes which have sequential relationships.

Case(r=b):

Case(r=m):

/* call function before(X,Y, 1); */
if ( the fixed intermission T =0)
then link X to Y as Y’s ancestor with 6 = TRUE;

else {

generate a transit node Ny with the duration equal to T;

call function meet(X, Nt );
call function meet(Nt, Y); }
/* call function meet(X,Y); */

link X to Y as Y's ancestor with 8 = FALSE;

2.2 Link the pairs of nodes which have paraliel relationships.

Case(r=s):

Case(r=f):

/* call function start(X,Y) */
if ( an ancestor of X{or'Y) with & = FALSE is found)
then call function meet(X’s ancestor,Y)
or meet(Y’s ancestor, X)
else |
generate a transit node N;
call function meet(N,X);
call function meet(Nt,Y); }
/* call function finish(X,Y); */
if ( a child of X(or Y) with 8 = FALSE is found)
then call function meet(Y, X’s child)
or meet(X, Y’s child);
else |
generate a transit node Nt;

call function meet(X, Np);
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call function meet(Y, Np);  }
Case(r=e): {
call function start(X,Y);
call function finish(X,Y); }
Case(r=0): if ( e fixed intermission T=0) and (X’s duration < Y’s duration)
then set T=(Y’s duration - X’s duration );
if ( an ancestor of Y with 8 = FALSE is found)
then call function before(Y’s ancestor, X, 1);
elses {
generate a transit node Ng;
call function before(Ng, X, 1);
call function meet(N¢, Y); }
if (a child of X with & = FALSE is found)
then  call function before(Y, X’s child, 0);
else {
generate a transit node Ng;
call function meet(X, Ny);
call function before(Y, Ni, 0); }
Case(r=d):  if (an ancestor of Y with 8 = FALSE is found)
then  call function before(Y’s ancestor, X, 1);
else {
generate a trahsit node Ny;
call function before(Nt, X, 1);
call function meet(Nt, Y);  }
if ( a child of Y with & = FALSE is found)
then call function before(X, Y’s child, 0);
else
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generate a transit node Ng;
call function before(X, N, 0);
call function meet(Y, N¢); }
3. Repeat step 2 for all mutual relationships in an activity.
4. Form boundary of the activity, assuming the current activity is ACi
4.1, Generate ACi.Ng, insert it to the beginning of the ACi.components
if X.number-of-ancestors = 0, any node X in ACi{components}
then  call function before(Njg, X, 0);
4.2. Generate ACi.Ne, append it to the ACi.components
if X.number-of-children = , any node X in ACi{components}
then cali function before( X, Ne, 0);

5. Repeat steps 2 to 4 for all activities.
B.2. Presentation Scheduling Algorithm
B.2.1 Presentation Scheduling Algorithm:

In each activity, the initial start time of all nodes are zeros.

1). Start an OPEN list with only one node Ng. Start an empty CLOSED list and an empty
UPDATED list. ‘

2). If the OPEN list is empty, succeed in presentation scheduling of the activity.

3). Denote the first node in the OPEN list to be N. Remove N from the OPEN list. The new start
time of N is stored in ts_new. The head node of N is stored in hd.

4). If N has already been in the CLOSED list, then go to 7)

5). Append N to the CLOSED list.
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6). Expand N to all its children nodes, insert them to the beginning of the OPEN list. In the OPEN
list record the new start time of them as N.StartTime_node + N.duration, and record the node N as
the head of the newly expanded nodes. Return to 2).

7). If ts_new is not larger than N.Ts, then return to 2);

8). Store the increment parameter, x= (ts_new - N.StartTime_node). Empty the UPDATED list.
9). Apply a recur_resch algorithm in order to recursively propagate to the nodes which are
related to N and add x to their former start times. At the same time move N and other updated
nodes from the CLOSED list to the UPDATED list.

10). Append the nodes in the UPDATED list to the CLOSED list. Return to 2)

B.2.2 Recur_resch Algorithm:

Assume Nj is the node being calculated.

1) If the CL.OSED list is empty, return TRUE.

2) If the node Nj is not in the CLOSED list, return,

3) Move Nj from the CLOSED list to the UPDATED list.

4) Update the node N; by adding x to its former start time;

5) For each of N;’s ancestor with which d is equal to FALSE, except the node which is Ad, call
recur_resch with increment parameter of x and 2d. Whenever all the recur_resch being called
return TRUE, return TRUE.

6) For each of Ni’s children, set x_new = Nj.StartTime_node + Nj.duration - the child's former
start time. If x_new is larger than zero, call recur_resch with increment parameter of x_new.
Whenever the recur_resch being called returns TRUE, return TRUE.

7) Return.
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B.3 Re-scheduling Algorithm

B.3.1 Re-scheduling Algorithm for the Activities:
Assume the object i encounters an arrival which is x time unit late. The client MSC which

is in charge of this object will locate its corresponding node N in the TFG.

1). Store the start time of the Ne node in the current activity to be ts_old.
2). Call the re-scheduling algorithm for the nodes in the current activity.

3). . If the start time of the Ng node is larger than ts_old, then extend the start times of the

following activities by x.

B.3.2 Re-scheduling Algorithm for the Nodes( in an activity):

1). Start a CLOSED list with all the nodes in the activity where the node N is in. Start an empty
UPDATED list.

2). Extend the duration of the object node N corresponding to the object i, by x

3). Set the head node as the node N. For each child of the node N, apply recur_resch
algorithm,

4). Succeed.
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B.4  Delivery Scheduling Algorithm:

To be performed by the scheduler, assuming there are n media types (streams) in the requested
document scenario:
1) Find the buffering delay of each stream:
P[(De.¢ - 1) > Dyyffering | < P(Fail);
2) Find the total delay of each stream:
Digtat =M +Dgecoding + Pbuffering >
3) Among the media object components which is the first one to be delivered on its stream
connection, find the component which has the earliest delivery time:
Get k, if (D topatk - Tpk) =max (D a1 - Tpids
4) Set Ty, =0, get the target presentation time for the kth component:
Tie=D wtalk 3
5) Get the target presentation time for the ith component, O<=i <n
Tii= Tyt Tpi- Tpxs
6) Get the target delivery schedule for the ith component., O<=i<n
Tgi= Tii- D totali -
7) For the stream which has m sequential object components following the first
component, derive the delivery schedule for the Ith object components, O0<l<=m

Tair= Tai +Tpi - Tpis
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