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ABSTRACT 

With the personalization of computers and the ad\'ances of communications tech-

nolog}'. it becomes possible for people to work together productively in new ways. 

One such outcome is the electronic collaborative workspace - an organization-wide 

system that integrates information processing and communication activities. The 

recent advances of the multimedia technology' along with the availability of the high

speed. high-bandwidth network, such its .\TM network, make it possible to develop 

and deploy the distributed collaborative workspace systems which use the multime

dia informations. We call the system as a Multimedia Collaborative* Workspace 

.System (MCW.S). Its features include the multimedia teleconferencing and other 

useful functions from e-mail, whiteboards, group decision support system and Web 

browsers. In this research. MCWS is designed using the object-oriented approach 

and design, and implemented using C'-|-+ language, .\mong the many benefits of the 

object-oriented programming, the inheritance is explored to design and implement 

the multimedia devices and communications devices. The flexibility of the system 

was achieved by the use of the dynamic binding at the run time, and the abstract 

data type and inheritance made it to be more reliable and reusable. The overall 

maintenance and modification of the collaborative system became easier with the 

object-oriented programming approach. The multimedia synchronization mechanism 

has been also developed for the synchronization of the multimedia streams in tlif 
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collaborative workspace system, which suffered a different transmission delay over 

the network. By using time-stamping, Network Time Protocol, and shared memory 

with semaphore, three different algorithms were developed for three different system 

environments. The synchronized memory, inherited from the shared memory and 

semaphore, was also implemented by the object-oriented programming method. The 

synchronization mechanism was tested by the human subjective test and also by the 

network simulation using the real Internet data. The object-oriented programming 

in many aspects of the .VICVVS makes it flexible and reusable, and extensible. .\lso 

it will facilitate the prototyping and an iterative approach to software development 

of the next version of the system. 



i;} 

CHAPTER 1 

INTRODUCTION 

1.1 Problem Description 

While science has benefited greatly from the computing revolution of the last 

decades, scientific collaborations have been relied heavily on face-to-face interaction, 

group meetings, and written reports and comments. Now with the personalization of 

computers and the advances of communications technology, it becomes possible for 

people to work together productively in new ways. One result of this technological 

marriage is the electronic collaborative workspace - an organization-wide system that 

integrates information processing and communication activities. The study of such 

systems is part of a new multi-disciplinary field: Computer Supported C'oopemtive 

Work (CSCW) [o]. 

CSCW is the combination of communications and computing technologv' to sup

port work in groups. The groups can vary in size, permanence, structure, and lo

cations. Many computing tools must be brought together and integrated to allow 

seamless interaction. Some of these tools are already in use. such as electronic mail, 

whiteboards. World Wide Web (WWW) browsers, group decision support systems 

and project management tools. Figure l.l illustrates how the current CSCW tools 



1-1 

provide different functionalities depending on the space/time environment. The tools 

may be distributed over the network or local to the geographically limited area, and 

the sessions involved with the tool can be synchronous or asynchronous. Synchronous 

session means the participants of the session react to the response of the others within 

a short time, if not in realtime. 

The University of Arizona has a long history in group support system, including 

the development and operationalization of GroupSystems software intended to en

hance meeting productivity through the application of information technology [10]. 

The studies have focused primarily on the context of face-to-face meetings. Less 

attention has been given to the implications of GroupSystems in geographically and 

temporally distributed environments [3]. 

Figure 1.1 shows that most of current CSCW tools are working on local or 

asynchronous environment. .A collaborative workspace system which can work syn

chronously over the distributed environment is not widely available. It is also ob

served that the current systems usually use texts, and sometimes image informations 

to help the collaboration. 

The recent advances and availability of the multimedia technology* along with the 

high-speed, high-bandwidth network, such as Asynchronous Transfer Mode (ATM) 

network, make it possible to develop and deploy the collaborative workspace sys

tems which u.se the multimedia informations. We call the system as a Miiltimrdia 



lo 

SPACE 

Distributed 

Locai 

Asynclironous Synchronous TIME 

Figure l.l: Examples of CSCVV 

Collaborative Workspace System (MCWS). Its features include the multimedia tele

conferencing and other useful functions from e-mail, whiteboards. GroupSystem and 

Web browsers, as shown in Figure l.l. 

These application areas of MCWS include high-end telemedicine system, desktop 

teleconferencing system, distributed simulation, and telescience [4. 6. 11. 61]. The 

desktop teleconferencing system is usually using the Ethernet connection for the local 

area network (LA.\) users or the telephone network through the modem. The large 

scale telemedicine systems are expected to be implemented over the .ATM or Fiber 

Distributed Data Interface (FDDI) network to support the high bandwidth and speed 
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needed for the transmission of the tremendous amounts of data from the multimedia 

sources. 

The functional features of MCWS are summarized as follows: 

• Multimedia Objects : The system uses multimedia data, including text, image, 

audio and video, for the effective collaboration. 

• Realtime : The system supports the realtime multimedia tools such as the 

teleconferencing and annotated shared screen, as well as the non-realtime tools 

like e-mail. 

• Compression : The compression of multimedia information is necessary to save 

the storage space and communications bandwidth capacity, since the amount 

of multimedia informations (such as image, audio, and video) is huge. 

• Synchronization : .Multimedia informations (text, audio, and video) should ho 

synchronized with each other. 

• Multiple Collaborators : When there are more than two collaborators using 

the system, a session manager is needed to administrate the operations and 

options. .Also a multicasting of the information is highly recommended to ease 

the network congestion. 

• Distributed : The collaborators are distributed over the network not only on 

the local area network, also anywhere on the Internet. 
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• Security : In addition to the authorization and authentication of the system 

users, the multimedia data transmitted between the distributed collaborators 

should be secure from the bad activity. 

• Database : Distributed database provides a mechanism for the realtime multi

media information retrievals. 

• Integrated system : The L'S West Telecollaboration System [4] is an example of 

multiple system. It uses the standard telephone line for its audio transmission, 

while the video uses leased DS-3 (45 .Mbps) line. If the system is a multi

ple system with heterogeneous subsystems, the synchronization between the 

multimedia is more difficult than the integrated system where one broadband 

multimedia network can supply the same capabilities as the I'S West system. 

The .MC'WS is designed to work as an integrated system, rather than a multiple 

system. 

Electronic collaboration must occur in an environment that lets collaborators work 

intimately with one another. The cross-plat form multimedia tools include shared 

electronic laboratory notebooks, videoconferencing system, electronic whiteboards, 

shared screen, and instrument-control tools. Figure 1.2 illustrates how different tools 

provide various functionality depending on the static or dynamic nature of the infor

mation exchange as well a.s on the realtime or non-realtime nature of the session. 
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Figure 1.2: .Multimedia Collaboration Tools in MCWS 

Global Picture .-Vrchiving and Communications System (P.\C.S) is a medical 

imaging system which enables the doctors to capture, archive, and retrieve medical 

images over wide area networks [12]. .\ Global P.\CS environment provides new and 

beneficial operations between radiologists and physicians, when they are located in 

different geographical locations. \ prototype multimedia collaboration system for 

the P.ACS area, called Remote Consultation and Diagnosis (RCD) system \ersion 

1.0. has been developed by the Computer Engineering Research Laboratory of the 

I'niversity of .\rizona [2. 12. 13]. 

The problems with the development and maintenance of the previous RCI) system 

Version 1.0 come from the procedural structure of the system software. A lot of work 
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is needed to modify or add new features to the RCD system. Also the new system 

should be able to accomodate any changes on the underlying network. For exam

ple. the resource reservation, synchronization and video standard should be adjusted 

according to the network changes. These problems can be solved by the reliability, 

modifiability, and extensibility of the object-oriented programming approach. The 

system is. therefore, designed using object-oriented design method, and implemented 

by the proper object-oriented language. 

In addition to the software re-design of the system, some issues should be solved 

for the wide use of distributed multimedia systems. One of such issue is the synchro

nization between the media over the distributed network [8, 9]. Since the multimedia 

streams suffer different transmission delays in the distributed application like the 

collaborative workspace system, the multimedia informations must be synchronized 

with each other. When text, audio and video from different servers are to be played 

synchronously, several problems might occur [58]: 

(a) The transmission start time of each stream and network delays may differ. 

(b) Because of the differences of the multimedia device mechanism, the screen output 

of the video device might not appear, whereas the audio device starts playing 

audio data cis soon as they are received. 

(c) The media stream may not be processed in realtime because of the limited system 

resources. 



The synchronization mechanism for the text and voice in the limited applications 

has been developed for a telemedicine application [61]. It. however, applies only 

on the live multimedia data streams (image, text, audio) which were generated in 

realtime, or on the retrieval (playback) of informations from local data server. In this 

research, a general synchronization mechanism is developed, which can be applied on 

the geometrically distributed multimedia (image, text, audio, and video) information 

systems. 

The goal of this research is to design and implement a robust and flexible col

laborative workspace system which can work with any changing environment with a 

minimum change of the system software. To achieve this goal, the Object-Oriented 

Programming (OOP) approach was used to design the system. The concepts of class 

and object, the inheritance of the hierarchy, and the dynamic binding of the OOP 

make the system more reliable and flexible. 

1.2 Objective 

The purpose of this work is to design the multimedia collaborative workspace 

system (MCVVS) using object-oriented design approach. A new structure of the 

multimedia collaboration system is needed for the object-oriented system, so that the 

system can be used with any type of the new multimedia applications. The result of 

this research should provide the robust framework for any changing environment of 

the applications. 
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For one example, the system adjusts easily to the changes of underlying network, 

such as Ethernet, Internet, ATM network, telephone line. Integrated Services Digital 

Network (ISDN), or wireless communications. The buffering capability of realtime 

information and the parameters for the synchronization of multimedia should be 

optimized according to the underlying network on which the system is operated. 

1.3 Approach 

To meet the research objectives, the MCWS is designed using the object-oriented 

approach and design, and implemented using C++ language. Among the many ben

efits of the object-oriented programming, the inheritance is explored to design and 

implement the multimedia devices and communications devices. Also the polymor

phism and dynamic binding is used so that the system can adjust its options and 

parameters at the runtime. 

The MCWS will use part of the previous RCD Version I.O.. which was implemented 

using C language. Since the legacy RCD system is going to be used along with the 

new OOP-based MCWS, C++ language (object-oriented version of C language) is 

used to implement the system. 

The MCWS cannot work without confusion between collaborators unless the 

proper synchronization is provided. The multimedia synchronization mechanism is 
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developed in this research, so that the multimedia informations play after synchro

nized with each other. Again the object-oriented programming is used to implement 

the synchronization mechanism. 

The object-oriented programming in many aspects of the MCWS makes it flexi

ble. reusable, and extensible. Also it will facilitate the prototyping and an iterative 

approach to software development of the next version of the system. 

Chapter 2 explains the object-oriented design of the multimedia collaborative 

workspace system, and Chapter 3 shows the multimedia synchronization algorithms 

in the distributed multimedia applications. The implementation of the system pro

cesses and the sychronization mechanism using the object-oriented programming is 

presented in Chapter 4. Chapter 5 shows the system evaluation results and the syn

chronization algorithm performance test results, and the summary and conclusions 

of this research are presented in Chapter 6. 
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CHAPTER 2 

MULTIMEDIA COLLABORATIVE WORKSPACE 

SYSTEM DESIGN 

2.1 Overall System Architecture 

The MCWS is designed to retrieve multimedia data interactively from the dis

tributed database and allows a collaboration session between the participants. The 

system consists of several hardware and software components which, when integrated 

together, perform the functions of a collaborative workspace. The system compo

nents consist of a collaboration manager (CM), two or more participants, several 

multimedia data servers, and a network which connects the components, as shown in 

Figure 2.1. 

In a medical applications, the system works as follows. Local participant can be a 

doctor or a specialist at a medical center, and remote participant can be a referring 

doctor at the rural clinic. Each participant has a multimedia workstation which is 

equipped with microphone/speaker and video camera. They discu.ss on a patient's 

case over the microphone, while annotating on the shared medical image screen. Thry 

use the video camera to see the other participants during collaboration. 
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Figure "2.1: Multimedia Collaborative Workspace System 



The multimedia data servers, which are used to store the text informations, im

ages, audio, and video files, can be located anywhere over the network. The servers 

can be at the same machine, but it is assumed that they are distributed over several 

machines. They send the multimedia data to the collaboration participants, and may 

receive the feedback information from them and control the transmission rate. 

All the above components are connected to each other through wide area network 

(WAN) such as the Internet. The physical network can be ATM network. Ethernet, 

wireless network, or an internetwork combination of them. The design of a robust 

system regardless of the underlying network is one of the most important design 

issues. 

2.1.1 Collaboration Manager 

The Collaboration Manager (CM) works as a coordinator of the overall operation. 

When this system is used for multiuser collaborative workspace system, the CM plays 

an important role as a coordinator and scheduler of the session. 

Before the session, the CM collects the available schedules from the participants, 

and sets up the collaboration time and preloads any multimedia files available off

line. to reduce the unnecessary transmission time during the session. The CM can be 

run at the same workstation as one of the participants, or at other workstations. In 

either case. CM can be operated by a technician, not necessarily by the collaboration 
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participants. The process of joining a session dynamically or departure during the 

session is controlled (allowed) by the CM. 

2.1.2 Underlying Networks 

The MCWS is designed to work well with any underlying network infrastructures. 

The communications networks considered in this research include Ethernet. Internet. 

•Asynchronous Transfer Mode (.ATM) network, telephone network. Integrated Services 

Digital Network (ISD.N). and wireless network. 

Since the bandwidth and the delay of each network are different, one implemen

tation of the collaboration system may not work well with the other network. For 

example, while the voice communication program of the collaboration system works 

perfectly over the Ethernet, it suffers long delays over the Internet when tested across 

the country. Therefore, the buffering and synchronization scheme of the voice com

munications over the Internet should be different from that for the Ethernet. 

In the Internet, the bandwidth is shared by hundreds of thousands of users, and 

the realtime multimedia collaboration has bren very difficult to achieve: The video 

transmission rate of .VIPEG frames cannot exceed I frame/sec and the voice quality 

is degraded by the effect of delay and jitter. (An end-to-end delay is a time difference 

between a packet being sent and the same packet being received in the distributed 
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system. Jitter is defined to be the maximum difference between end-to-end delays ex

perienced by any two consecutive packets. [63]) However, the emerging .ATM network 

can support enough bandwidth and speed for the realtime multimedia applications. 

ATM stands for "Asynchronous Transfer Mode" [.31, 34]. It is primarily driven by 

networking companies and is proposed as a telecommunications standard for Broad

band ISDN. In essence. .ATM is a version of cell relay that works with very short, 

fixed length (-53 bytes) cells. Figure 2.2 illustrates the .ATM packet and the I'ser 

Network Interface (UNI) header format. This makes it possible to design switches 

with very low. fi.xed delay - important for carrying voice - that also are bandwidth-

efficient when it comes to data. .An additional ad\'antage to ATM is that it allows cell 

switching to be handled in hardware. Packet switching, in contrast, is best be done 

by software. Thus .ATM designers can create very fast, cost-effective equipment. 

.Since .ATM supports many kinds of services with different traffic characteristics 

and systems requirements, it is necessary to adapt the different classes of applications 

to the ATM layers. This function is performed by the .ATM .Adaptation Layer (.A.AL), 

in Figure 2.3. which is service dependent [30]. 

In the .ATM network. Virtual Channel Identifier (VCI) and Virtual Path Identifier 

(VPI) handles let .ATM interleave cells from multiple connections (see TNI header 

format in Figure 2.2). However, the transport protocols, such as TCP/IP. IP.X, 

.N'etBEri. cannot communicate with VCIs and VPIs. so current applications rannot 
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specify message priorities or bandwidth requirements. The machines with vendor-

specific ATM adapters and software provide control over all aspects of transmission 

characteristics. The problem with this proprietary approach is that it works only 

within a single hardware environment. 

To use the multimedia applications software based on those transport protocols 

over the ATM network, we may choose one of three API choices - Winsock 2.0. LA.N' 

Emulation (LANE), or IP over ATM [43]. 

2.1.2.1 Winsock 2.0 

.Vlicrosoft and Intel codeveloped Winsock 2.0. the new 32-bit edition of the Winsock 

interface. To support ATM, Winsock 2.0 accomodates quality of service, which lets 

applications negotiate required service levels for bandwidth and latency as well a.s 

use socket grouping and prioritization. It introduces the notion of a socket group as 

a means for an application to tell the underlying service provider that all sockets in 

a particular set are related and that the resulting socket group has certain common 

.\TM attributes. For example, applications running on different .-KTM nodes that 

want to exchange streams of multimedia data can give an audio stream a higher 

priority than a video stream. 
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VVinsock is a relatively easy specification for programming. However. Winsock 

works only for Windows, for now. Hence, the system where the cross platform imple

mentation is very important like the collaborative workspace system, needs to find 

another .\PI. 

2.1.2.2 LAN Emulation 

While Winsock 2.0 offers a new ATM-aware API, LAN Emulation (L.ANE) focuses 

on making e.xisting applications run on ATM. LANE is particularly suited for helping 

.\TM act as a LAN backbone for Ethernet or token-ring hubs, bridges, switching hubs, 

and routers. LANE specifies ways for LAN traffic to Bow between client computers 

and .\TM-attached file server without the need for separate router. To do this, the 

specification hides .ATM from the LAN nodes, so that each client and server uses a 

non-ATM-specific protocol stack. 

LANE does not replace routers or routing. However, it provides a complementary 

•MAC-level service. This service works with the MAC-layer switching that occurs 

in the hubs and wire closets of large LANs. The MAC-layer service also provides 

interoperability between current applications and ATM network. It also lets the 

user use existing drivers and popular LAN communications .\PIs. such as .NetBIOS. 

TCP/IP, and IPX. However. LANE does not take advantage of ATM's potential to 

provide particular connections with a higer quality of service. 
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LANE can slow down the communications links because it is an extra insulating 

layer of software, but existing IPX, NetBIOS, and TCP/IP programming techniques 

work with LANE, and it is now available. 

2.1.2.3 IP over ATM 

Based on work by the Internet Engineering Task Force (IETF) and others, two 

Request For Comments (RFCs) have helped IP become .\TM-aware [3-5. 36]. The 

specification defines how to put IP packets and .Address Resolution Protocol (.ARP) 

requests directly into protocol data units and convert them to .ATM cells. This is 

necessary because IP does not recognize conventional MAC-layer protocols, such as 

those that are generated on an Ethernet LAN. 

RFC 1483 [.3o] defines the encapsulation of IP datagrams, while RFC 1577 [36] 

specifies how IP-oriented address resolution works for .ATM. Both standards treat 

.ATM as a direct replacement for the local LAN segments that connect IP nodes and 

routers in a non-.ATM IP-based LAN. In its discussion of address resolution. RFC 

1577 defines an .ATM-oriented protocol for logical IP subnets (LISes). Within a LIS. 

IP addresses map directly into .ATM Forum's UNI 3.0 addresses. 

PVom a programming point of view, the programmer will interface to IP over 

.ATM with a socket-oriented .API similar to the version 1.1 set of standard WinSock 

function calls. These calls open sockets to establish TCP/IP communications link, 

send and receive mes.sagos across those links, and tear down the links when finished. 
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IP over ATM makes better use than LANE of larger packet sizes and handles uni-

cast trafRc more efficiently. However, IP multicast traffic will likely require tunneling 

over ATM, which might make IP over .ATM less efficient than LANE. Vendors are 

currently developing drivers for IP over ATM. When it is available. IP over ATM will 

be as easy as Winsock. 

2.1.3 Multicast Communication 

For a collaboration involving more than two participants, an additional commu

nication problem arises - how to distribute different media informations to collab

oration participants. Multicasting and bridging are two common methods for this 

distribution. Multicasting is the replication of a single input signal and its deliv

ery to multiple destinations. Bridging is the combination of multiple input signals, 

which are then delivered to their destinations [9]. Figure 2.4 shows the comparison 

of multicast with unicast or broadcast. 

Recently IETF defined three types of addresses in the Internet Protocol Version 

6 (IPv6) as follows [37]: 

• Unicast : .An identifier for a single interface. A packet sent to a imicast address 

is delivered to the interface identified by that address. 

• Anycast : An identifier for a set of interfaces (typically belonging to different 

nodes). .A packet sent to an anycast address is delivered to one of the interfaces 
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(a) Unicast (b) Multicast 

• •  • O  • • •  

(c) Broadcast 

Figure 2.4: Multicast Compared with I'nicast and Broadca.st 

identified by that address (the "nearest one. according to the routing protocols" 

measure of distance). 

• Multicast : .-^n identifier for a set of interfaces (typically belonging to differ

ent nodes). packet sent to a multicast address is delivered to all interfaces 

identified by that address. 

Most of the current communications networks do not provide direct support for 

multicast or bridging of messages in more than one medium. Therefore, most multi

media collaboration systems must multicast and bridge messages through upper-level 

programs. E.xperience with these systems suggests that multicasting and bridging 

should be done directly supported by communication networks. This support rouUl 
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obviate the need for a process, executing as a network client, to write repetitively 

each message to be multicast. 

Several existing protocols provide varying levels of support for multicasting, in

cluding IP/Multicast [18]. the Xpress Transfer Protocol (XTP) [16], and Experimen

tal Internet Stream Protocol Version 2 (ST2-f) [21. 22]. While the Versatile Message 

Transaction Protocol (VMTP) [19] also supports multicast, it has been designed to 

support the transfer of small packets, and so is not appropriate for large multimedia 

data communications. Additionally, a specification exists for the .Multicast Transport 

Protocol (MTP) [20]. 

IP/Multicast addressing is an Internet standard [18]. categorized offlcially a.s an 

IP Class D address. An IP multicast address is mapped to the underlying hardware 

multicast services of a LAN. 

XTP [16] is a combined network and transport level protocol that offers signifi

cant support for multicast transfers. As with IP/Multicast, XTP offers no inherent 

address management scheme, so that an outside authority is required. XTP is also 

similar to IP/Multicast as there is no explicit set-up processing between the sender 

and the receivers prior to the establishment of group communications. In contrast 

to IP/Multicast. XTP does require explicit handshaking between the sender and 

receivers that wish to join an existing group: however, there is no parallel commu

nication for receivers dropping out of groups, and the only mechanism for a sender 



to know if there are any receivers is the polling scheme used for error control and 

recovery. 

ST2+ [21] is another network protocol that provides support for multicast com

munications. Figure 2.0 illustrates the Stream Protocol and its relationships with 

the Internet Protocol. Similar to IP/Multicast and XTP. ST2-I- requires a separate 

application-specific protocol for assigning and communicating multicast group ad

dresses. Since ST2-f- supports the resource reservation scheme, this protocol is also 

discussed in the next section. While ST2+ is a network level protocol, it guarantees 

end-to-end bandwidth and delay, and so obviates the need for many of the functions 

of a transport protocol. The guarantee is provided by requiring bandwidth reser

vations for all connections, which are made at set-up time, and ensuring that the 

requested bandwidth is available throughout the lifetime of the connection. 

The MCWS is going to use the IP/Multicast, and the multicasting capability 

of IPv6 when it is available, for its multicast communications of the multimedia. 

MBone (Multicast backBone) is using Distance Vector Multicast Routing Proto

col (DVMRP). while the routers from Cisco Systems are implementing Protocol-

Independent Multicast (PIM) for its IP/Multicasting. The collaboration system will 

be operated first over the MBone. and then later it will run over any part of the In

ternet once the multicast-capable routers are deployed at most of the Internet nodes. 
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2.1.4 Resource Reservation 

It is becoming clear that current Internet's point-to-point best-effort service model 

is inadequate for the new realtime multimedia applications. First, many of these 

applications are very sensitive to the quality of service their packets receive. Second, 

these new applications are not solely point-to-point, with a single sender and a single 

receiver of data: instead, they are often multipoint-to-multipoint with several .senders 

and receivers of data, as explained in the previous section. 

For a network to deliver a quantitatively specified quality of service (e.g.. a bound 

on delay) to a particular flow, it is usually necessary to set aside certain resources, 

such as a share of bandwidth or a number of buffers. Such operation is accomplished 

using protocols such as STream protocol (ST"2-t-) or resource ReSerVation Protocol 

(RSVP). 

Internet Stream Protocol. Version 2 (ST2-I-) [21] is an IP-layer protocol that pro

vides end-to-end guaranteed service across an internet. ST2-f- has been developed to 

support efficient delivery of streams of packets to either single or multiple destinations 

in applications requiring guaranteed data rates and controlled delay characteristics. 

The motivation for the original protocol was that IP did not provide the delay anrl 

data rate characteristics necessary to support voice applications. 

Similar to ST2-I-. RSVP [17] is a simplex protocol, /.r.. it reserves resources in 

one direction. However several new features in the RSVP design lead to ihr unique 
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flexibility and scalability of the protocol. RSVP is receiver-oriented: The receiver 

of the data flow is responsible for the initiation of the resource reservation. This 

design decision enables RSVP to accomodate heterogeneous receivers in a multicast 

group; specifically, each receiver may reserve a different amount of resources, may 

receive different data streams sent to the same multicast group, and may "switch 

channel"'"' from time to time (i.e., change which data stream it wishes to receive) 

without changing its reservation. RSVP also provides several reservation styles that 

allow applications to specify how reservations for the same multicast group should 

be aggregated at the intermediate switches; this feature results in more efficient 

utilization of network resources. Finally, by using "'soft-state" in the switches. RSVP 

supports dynamic membership changes. This features enable RSVP to deal efficiently 

with large multicast groups. While the motivation for RSVP arose within the Internet 

context, its design is intended to be fully general. 

In summary. RSVP has the following attributes: 

(a) RSVP supports multicast or unicast data delivery and adapts to changing group 

membership as well as changing routes. 

(b) RSVP is simplex. 

(c) RSVP is receiver-oriented, i.e.. the receiver of a data flow is responsible for the 

initiation and maintenance of the resource reservation used for that flow. 
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(d) RSVP maintains **80^ state" in the routers, enabling it to support dynamic 

membership changes and automatically adapt to routing changes. 

(e) RSVP provides several reservation models or "styles" to fit a variety of applica

tions. 

(f) RSVP provides transparent operation through routers that do not support it. 

Because RSVP relies on bandwidth-reservation requests being relayed and ac

cepted from end to end by network entities, it requires both network and client 

implementations. With Release 11.2 of Cisco ISO software, the RSVP capability is 

delivered on a wide range of Cisco ISO-supported platforms and interfaces, including 

ATM, Frame Relay, and LAN interfaces. For the client-side implementation, a num

ber of platform and application vendors, including Intel. Microsoft. Sun. Precept. 

Silicon Graphics, and Hewlett-Packard, are supported. 

From the above discussion, it seems that RSVP is more flexible and powerful in 

reserving resources over the network. Since the emerging multimedia applications, 

such as the MCVVS. are going to use high-speed network, such as .ATM network, the 

interface to the ATM service environment should be considered for the more practical 

comparison [41]. 

ATM uses a signaling protocol (Q.2931) both to establish virtual connections and 

to allocate resources to those connections. It has many of the characteristics of a "con-

ventional' signaling protocol, such as being sender-driven and relying on harrl-state 
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in switches to maintain connections. In the current standards, the Quality of Service 

(QoS) associated with a connection at setup time cannot be changed subsequently 

(i.e., it is static); in a unicast connection, resources are allocated in both directions 

along the path, while in the multicast case, they are allocated only from the sender to 

the receivers. In this case, all senders receive the same QoS. Two protocols • ST2+ 

and RSVP and the relationships to ATM. are summarized in Table 2.1. 

Category ATM (UNI 3.0) ST2-I- RSVP 

Orientation Sender-based Sender-based Receiver-based 
State Hard state Hard state Soft state 
QoS Setup Time Concurrent with 

route establishment 
Concurrent with 
stream setup 

Separate from 
route establishment 

QoS Changes Static QoS Dynamic QoS Dynamic QoS 
Directionality Bidir for unicast 

uni for multicast 
Unidirectional 
resource allocation 

Unidirectional 
resource allocation 

Heterogeneity Uniform QoS to 
all receivers 

Receiver 
heterogeneity 

Receiver 
heterogeneity 

Table 2.1: Comparison of ST2+ and RSVP in .^TM Environment 

2.1.5 Distributed Database 

Like the collaboration participants, the multimedia databases are distributed over 

the network. While the participants may have a local storage to store the multimedia 

informations temporarily, most of the multimedia information comes from the remote 

server at the time of collaboration. Since the multimedia informations are timing-

critical. the synchronization between media from remote server is also important for 
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system's usefulness. The synchronization method for the distributed database should 

be different from that for the interactive conferencing, since it needs to synchronize 

more than two locations. The synchronization algorithm in this project used the 

Network Time Protocol (NTP), which is described in Chapter 3. 

The automatic file searching agency is also recommended so that the user doesn*t 

have to know the exact location of the multimedia information over the network. 

When the user specifies the name of the file, the agency looks for the location from 

its database and retrieves it for remote database. 

.An object-oriented database management system (OODBMS) based on C-t-+ 

makes it possible to support the complex data types needed by sophisticated ap

plication such as the MCVVS. A C-|--t-based object query language lets the developer 

manipulate records seamlessly. Such a query language supports arrays and other 

complex structures and communicates with the underlying DBMS at a higher level 

than SQL-based approaches. Thus, an application in such an environment talks to 

the OODBMS in the context of objects, rather than in terms of strings and numbers 

that describe those objects. 

.An object-oriented database differs from a relational database in the following 

ways [73]: 

(a) Class extensibility: In the relational database, the only parameterizablo type is 

a relation, and the only operations possible on all relations are gct-firld-value 

and set-field-value. In the object-oriented model, user-defined rlassos arc at the 
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same semantic level as built-in classes (types), and the interface to each object 

is customized to that object. 

(b) Data abstraction: In the OODB, the behavior of an object is described by a 

class definition that is created by data abstraction. By incorporating data 

abstractions at the level of the database, it is possible to make changes to the 

way a database class is implemented. 

(c) Ability to store active objects: Since methods associated with an object are 

stored with the object in the persistent store, any operation can be invoked on 

the stored data. .Methods are stored just like objects in the OODB. On the 

other hand, relational query languages are not computationally complete. 

(d) .Automatic type checking at the point of use: The object-oriented database per

forms type checking on the arguments to method calls. Thus, type errors are 

detected at the time of invocation rather than at the end of a transaction. 

Researchers, start-ups. and established relational database vendors have labored 

long and hard since 1985. to either replace the relational model or unify the object-

oriented and relational systems. More than a dozen 00 databa.se products rame 

to market in the late 1980s, but customers were slow to accept these systems [87], 

.Meanwhile, the traditional database vendors extended SQL to embrace 00 concepts, 

while preserving the benefits of the relational model. 
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From the object-oriented software architecture of the MCWS and the complex 

multimedia data types needed by the system, a database with an object-oriented 

approach is highly recommended for the MCWS database system. 

2.2 Multimedia Objects 

Multimedia informations are text, image, audio, video, and so on. The charac

teristics of each media are compared in Table 2.2. The detailed specifications of the 

multimedia informations are described below. 

Media Advantage Disadvantage 

Text 
widely available 
more time-independent 
very cheap 

impersonal 
low media richness 
require extended support 

Audio 
in place 
easy to use 
cheap 

low media richness 
same time 
less useful for large group 

Video 
personal 
fulfill participant expectation 
high media richness 

not universally available 
expensive 
potential for cultural confusion 

Table 2.2: Multimedia 

2.2.1 Text 

The text data can be any text information including image and patient informa

tion. image annotation commands. The text informations in .MCWS will be stored 

in the database archive system and linked with other multimedia objects, such a.s 
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X-rays, Electrocardiograms (ECG), vital signs, and other objects. The image anno

tation command, also known as the framing information, is transmitted in the form 

of text, since only the (x,y) coordinates of the frame are sent to the other participant 

who reconstructs (draws) frames from the received coordinates. 

2.2.2 Image 

The MCWS is designed for the general applications. Any still images such as 

medical, science, space images (with/without compression), can be transmitted to 

the participants from the image server. The proper transmission security scheme is. 

however, recommended for each image depending on the category of the images. In 

the medical applications, for example, the patient information at the corner of the 

X-ray film should be encrypted for the protection of the patient's privacy. 

2.2.3 Audio 

The audio informations in MCWS include real-time and playback audio sequences 

at the user workstation. Digital audio is presented by S-bit or 16-bit digitally en

coded audio using standard audio conversion. The audio sequences are used for 

conversations between application users. Audio sequences can be stored as digital 

files and .synchronized with annotation or video sequence files in the multimedia 

database archive system. The MCWS can use high-quality audio sound as well a.s 

the telephone-(|uality voice data: 
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(a) voice (digital telephone quality); It will use the S-bit /i-law Pulse Code Modula

tion (PCM) at 8 kHz. so bandwidth requirement is 8 KBytes/sec. It is encoded 

by hardware, and decoded by software. Currently software decoding needs less 

than 10 percent of CPl' time on Sun Sparcstation 10. 

(b) CD quality audio sound (44.1 kHz. 16 bits): For the applications where the high 

quality audio is needed, such as heartbeat recording of the patient. 16-bit CD 

quality audio is recommended. Sampled at 44.1 kHz with 16-bit resolution and 

coded by .MPEG audio compression. 8 KBytes/sec (mono) or 16 KBytes/sec 

(stereo) of bandwidth is needed, .\gain. it is encoded by hardware, and decoded 

by software. Maplay. one of the .MPEG audio play program, needs 46 percent 

of CPL' time on Sun Sparcstation 10. 

2.2.4 Video 

Video informations in .MCWS include real-time and playback video sequences at 

the user workstation. The video sequences are in digital format using MPEG, motion 

•JPEG, or proprietary codec compression. Video sequences can also be generated 

from pre-recorded video on VCR or CD disk formats. Video sequences are stored 

in the multimedia database archive system. The quality of the motion video in the 

collaboration system can be much different from that of high-quality TV system. The 

motion videos can be categorized into five classes according to the quality. 
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(a) HDTV (High Definition Television) : resolution of 19*20x1080 at 60 frames per 

second (fps). 

(b) Studio Quality Digital TV : 525 lines at 858 samples per line (NTSC) or 625 

lines and 864 samples per line, at 24 bits per pixel and 30 fps. 

(c) Broadcast Quality TV : 525 lines per frame at 30 fps. 

(d) VCR Quality TV : 230 lines per frame at 30 fps. 

(e) Slow Scan Videoconferencing Quality : 288 lines per frame and 352 pixels per 

line at 5-10 fps. 

Recently, important new international standards for images, audio, and video have 

been accepted by electronics, computer, and communications organizations through 

consensus, with the standards groups actually pushing the limits of state-of-the-art 

research [45, 46]. 

A number of video coding methods have been proposed by both the ISO and 

ITU-T (formerly CCITT) standard bodies. The H.261 p x 64 bits/s video coding 

algorithm for teleconferencing and videotelephony was first initiated by ITI'-T. ISO 

proposed JPEG (Joint Photographic Experts Group) for still picture compression 

and MPEG (Moving Picture Experts Group) for storage and transmission of motion 

video sequences at a bit rate of 1.5 Mbit/s. 
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2.2.4.1 JPEG 

JPEG is named for the Joint Photographic Experts Group, which developed it. 

This work is technically complete, as it was approved as ISO/IEC Standard 10918 

at 1992. Processing usually involves sequential encoding using forward Discrete Co

sine Transform (DCT) scalar quantization, and either Huffman or arithmetic coding 

for compression. The decoder simply reverses the process. .Applications control the 

quantization and Huffman tables. The block diagrams of a JPEG encoder and de

coder are shown in Figures 2.6. 

JPEG was originally designed to be used for the still image compression, but a 

sequences of JPEG images can be used for the motion video compression and trans

mission. Motion JPEG is simply a sequence of JPEG images compressed in real 

time, and is thus an intraframe algorithm unlike MPEG and H.261. which are inter-

frame algorithms. Since JPEG is more easily implemented, most of the workstation 

compression boards come with motion (or sequential) JPEG capability. 

2.2.4.2 H.261 

A second international standard. ITU-T Recommendation H.261. is referred to as 

p X 64. The p is a parameter since the standard can be used to produce compresserl 

video streams at rates of p x 64 kbps. with p ranging from 1 to 30. Given ('IF or 

QCIF input, p X 64 codecs (coder/decoders) will support video telephony. For p = 
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Figure 2.6: Block Diagram of JPEG Encoder and Decoder 
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1 or 2. only QCIF and videophone applications at low frame rates will be possible, 

but for p over 5. use of CIF and video conferencing is possible. 

2.2.4.3 MPEG 

Third important standard is referred to as MPEG, for Motion Picture Experts 

Group. The ISO/IEC committee draft was assigned standard number 11172. There 

are actually three parts to the effort: MPEG-Video, MPEG-.Audio. and .VIPECJ-

System. The first refers to work with video compression of television resolution - ."JBO 

X 240 pixels - down to a bit rate of approximately 1.2 .VIbps. This rate is suitable for 

use with CD-ROM. digital audio tape, and T1 communication channels. .\ll MPECI 

decoders should be able to operate with a "core" bit stream that has the following 

upper bounds: resolution of 720 x 576 pixels, speed of 30 frames per second, bit rate 

of 1.86 Mbps, and decoder buffer of 46 kbytes. 

The first specification to emerge from the .VIPEG. MPEG-1 uses interframe com

pression. This technique achives compression ratios of about 50:1 through the ii.se 

of lossy methods and through storing only the differences between successive frames. 

Whereas a noncompressed digitized video image would require a data rate of about 

27 .MB/s to transfer a screenful of 640 by 480 pixels, with 24-bit color running at .'JO 

frames a second, MPEG-1 reduces this to about 5.50 kB/s. .\ secondary benefit of 

MPEG-1 is that the same specification includes an algorithm for compressing audio. 
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Figure 2.7: Block Diagram of MPEG Encoder and Decoder 

too. at ratios ranging from 5:1 to 10:1. Figure 2.7 illustrates the .MPEG encoder (a) 

and decoder (b). 

In the SunVideo compression card. MPEG compression is implemented by the 

hardware and decompression is done by software. The teleconferencing application 

should, therefore, be careful about the consumption of the CPU power decompressing 

the .MPEG sequence. 
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2.2.5 Multimedia Object Classes 

In this task, we perform an object oriented methodology to the design. Our 

research has shown that the collaborative workspace system and telemedicine system 

require very similar basic functions and processing. In this section, we identify some 

of the common functions and processing by defining the generic objects and object 

classes. In this task, we will also expand the definition of object classes, objects, and 

methods for the design. A sample of the object classes which can be used for the 

MCWS applications is as follows: 

(a) Graphical User Interface Object Class : The Graphical I'ser Interface (Gl'I) 

object class represents the tools used for human-to-computer interface during 

a collaboration or teaching session on a workstation. The GUI includes menus, 

buttons, graphics and image icons, pointer devices (i.e., mouse operations), 

te.xtual and visual information, keyboard entry, collaboration control, image 

annotation, text manipulation, full duplex audio, and video information. The 

GUI object class is enabled by linking to other object classes, such as audio, 

video, image, and management and control. 

(b) Video Object Class : The video object class includes real-time and playback 

video sequences at the user workstation. The video sequences are in digital 

format using MPEG, motion JPEG, or proprietary coder compression frames. 

Video sequences ran also be generated from pre-recorded video on VCR or CD 
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disk formats. \'ideo sequences can be stored as video object classes in the 

multimedia database archive system. 

(c) .Audio Object Class : The audio object class includes real-time and playback 

audio sequences at the user workstation. Digital audio is presented by S-bit or 

16-bit digitally encoded audio using standard telephone audio conversion. The 

audio sequences are used for conversations between collaborators. Audio se

quences can be stored as digital files and synchronized with annotation or video 

sequence files in the multimedia database archive system, .\udio sequences are 

invoked by operations in the GIT object class. 

(d) Image Annotation Object Class : The image annotation object class includes 

user commands which are used by the users to point and annotate a static 

image during a collaboration and teaching session. The commands are issued 

by the user with a mouse device. .Annotation commands may include fixed 

pointing, box outlining, or freehand drawing. These object types are graphical 

in nature and represent functions in a whiteboard frame. 

(e) File Stream Object Class : The file stream object includes several files which must 

be transferred between processes in local and remote workstations. The file 

streams represent a flow of packets between workstations that represent audio, 

image, video, image annotation, textual, security, management and control, 

and mouse movement information. File stream objects inherit the format of 



•53 

the type of object classes they transfer. File stream object classes are invoked 

by operation on other object classes, such as audio, video, image, and security. 

(f) Synchronization Object Class : The synchronization object class includes algo

rithms and procedures for synchronizing different types of multimedia informa

tion. Synchronization objects can include synchronization information between 

other types of object classes, such as between audio and video, image and anno

tation commands, or audio and annotation commands. Synchronization object 

use semaphores, time stamping, and protocols as synchronization algorithms 

between related objects. 

(g) Multimedia Buffer Object Class : The multimedia buffer object classes includes 

a series of buffers which must be managed in order to acquire, receive, and 

transfer objects between workstations. Buffers take on the format of the object 

classes they service. They are dynamically invoked by operations in the Gl'I 

and removed when not in use. 

(h) Security Object Class : The security object class includes several types of secu

rity information required for the management and operation of security services 

in the collaborative workspace system. Security object types may include se

cure node information, authorization and authentication procedures, encryption 

methods and keys, session keys, key distribution methods, and security man

agement information. Security objects can be invoked at rlifforrnt levels, sui-h 



as at the frame level, packet level, static image level, textual information level, 

user access level, and database archive system level. 

Management and Control Object Class : This object class includes control ob

ject types which allow the control and management of the user workstation and 

collaboration sessions between the user workstations. The objects include a list 

of accessible workstation nodes, network addresses, status, type of communica

tions resource required and available, and quality of service for a session. 

Performance Evaluation Object Class : The performance evaluation object class 

includes parameters and criteria that measure the performance of the applica

tion programs. Parameters to be measured are length of message transmitted 

and received, frequency of message, type of message object, type of communi

cations resource used, bandwidth of communications resources used, message 

response time, number of retransmissions, time length of session, actual band

width utilization, and other parameters. This class may require an interface to 

the communications resource management and control functions. 

Textual Object Class : The textual object class includes the textual information 

required to describe the collaborator information, patient's demographics, and 

diagnosis information. The textual object class information will be stored in the 

database archive system and linked with other object cla.sses. such as .X-rays. 
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Electrocardiograms (ECG). vital signs, and other object types which describe 

a case. This class is invoked by user operations in the GUI. 

(1) Acquisition Class : This object class deals with the acquisition of multimedia 

images, static and dynamic from the application specialty. In radiologv'. the 

images come from modalities such as X-ray, CR. CT. and .MRI. Each acquisition 

object class has specific size and formatting characteristics. 

(m) Visi-Broker and Java Object Classes : These classes of objects are defined by 

the Visi-Broker object request broker (ORB) and Java class libraries. These 

two class libraries will be integrated with the collaborative workspace system 

object classes identified above. Application programming interfaces (.APIs) will 

be defined between the ORB and the Java-based applications and the database 

management system. Sybase. 

2.3 Object-Oriented Design 

The MCWS is designed to work well with any changing environment - especially 

with any of the underlying network. Some teleconferencing systems are designed only 

for the telephone line or only for the local area network, and may not work well with 

any other environment. This system is designed using the object-oriented approach 

to achieve the flexibilit}'. extensibility and reliability. 
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The system components and classes relationships of the system are shown in Fig

ure 2.8. The main research goal is to specify the relationships between these classes 

and design an efficient and flexible system which works for any kind of multimedia 

collaborative workspace applications. 

The MCWS should take care of many factors in its design. Those factors are 

different from application to application. The object-oriented design is considered 

as the best approach for this system [75. 77. 78]. The anticipated benefits of this 

collaboration system are explained with the connection to the advantages of object-

oriented design. 

Object oriented design is based on four important concepts as follows: 

• Objects 

Object-oriented design uses objects, as its fundamental building blocks. .-\n 

object has three characteristics: a unique identity, state, and behavior. 

• Abstract Data Typing (Encapsulation and Information hiding) 

Data abstraction is an encapsulation of an object's state and behavior. Infor

mation hiding means that the implementation details of an object's state and 

behavior are hidden from users and other objects to protect from unauthorized 

access. 

• Inheritance (of attributes and behavior) 

Inheritance allows a new class to be derived from one or more existing classes. 
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Subclasses inherit some or all of the properties of their superclasses. Inheritance 

organizes classes into a hierarchy, allowing implementation and structure to be 

shared. New classes inherit both the state and behavior from existing classes. 

• Polymorphism 

In place of the procedure call used in the Structured Procedural Programming. 

OOP uses messages to invoke a method that may produce changes in an ob

ject's state. Polymorphism uses dynamic binding and virtual methods by which 

different descendent objects can respond in their own unique ways to the same 

method. For e.\ample. the message 'transmit-oideo' may be implemented dif

ferently for each video standard, but the same message 'Iransmit-video' ran be 

used for this request. 

2.3.1 Benefits of Object-Oriented Design 

The following benefits are speciRc to the Object-Oriented Programming and can

not be realized using Structured Procedural Programming techniques [81]: 

• OOP provides a better system structure in modeling the real world. 

• The abstract data type concept, along with its associated encapsulation and 

information hiding principles, increases software reliability and modifiability by 

decoupling object specification and object implementation. 
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• Polymorphism and dynamic binding increase flexibility and reusability of code 

by allowing the creation of generic software components and new classes using 

existing code. 

• Inheritance allows software code to be extensible and reusable, since new at

tributes and new operations can be added (or old ones deleted) through the 

creation of new child object classes without modifying the original rode. 

• OOP facilitates prototyping and an iterative approach to software development 

that more closely follows software life cycle. 

• OOP permits the use of reusable .software component libraries to build mod

ules/units of new software applications. 

2.3.2 Distributed Object-Oriented Design Tools 

In the distributed objects system such as the multimedia collaborative system, 

server objects must be connected to the client objects, and the glue is the distributed 

object technology. Depending on the nature of the objects on each side, there are 

three major ways to connect the clients to the servers [82]. 

• Common Buffer 

The client and the server agree on a buffer format and the communication mid

dleware ships the buffers back and forth between them. Although the method 

provides low abstraction level, it is most heterogeneous approach. 
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• Common Middleware 

The client and the server are connected by common middleware service such 

as Object Request Broker (ORB) or Distributed Component Object Model 

(DCOM). It provides higher abstraction at the expense of less heterogeneity. 

• Common Language 

Both sides are implemented in the same language such as IBM Distributed 

Smalltalk. It provides the highest abstraction and productivity, but with less 

heterogeneity. 

2.3.3 Possible Problems 

To make the benefits of the previous section, we need to overcome the following 

obstacles: 

• The object-oriented decomposition of a large hierarchy of classes is complex and 

difficult to manipulate. In a big software applications, a program may have an 

e.vtensive class hierarchy spanning many levels of subclasses. .\ given subclass 

typically inherits methods and instance variables from many ancestors defined 

in separate locations/source files. Unless decomposed using proper OO-based 

tools, the inheritance and polymorphism mechanism can hide a had design 

through the derivation of new classes but not fix the flaw in the underlying 

design. 
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• Polymorphism and dynamic binding also require long processing time. For 

example, sending a message to an object may require execution of an inherited 

method of some remote ancestor of the object in the class hierarchy. 

2.3.4 Object-Oriented Design of the System 

.\s seen in Figure 2.8. many system factors are closely related with each other -

especially with the underU'ing network. .Audio and video standards are affected by 

the bandwidth of the underlying communications network, and the network transport 

protocols are dependent on the choice of the media standards. .Also, reservation and 

synchronization schemes are closely related to the underlying network and the choice 

of the multimedia standards. Therefore, if we take advantage of the relationships 

between those classes and objects, we can build an efficient and flexible software 

system with the help of the object-oriented design. 

Figure 2.9 shows the classes and objects of the system, when they are rearranged 

according to the ISO OSI 7-layer protocol model. One object of a class can be com

bined with an object of other classes to form a system for the selected environment. 

For example. 8-bit audio standard and motion JPEG standard objects are combined 

with a loose synchronization method. RSVP reservation scheme and I'DP/IP proto

col. to form a system which works over the Internet environment. 

This modular design can be implemented using the Structured Procedural Pro

gramming (SPP) or Object-Oriented Programming (OOP). To see the advantage of 



62 

Application 

Presentation 

Session 

Transport 

Network 

Datalink 

Physical 

Figure 2.9: Architectural System Diagram Based on OSI .Model 

Audio Standard 

o 
-a 

o 
•o 3 

< 
m 1 
CO 

m m 1 
CO 

Video Standard 

a 
LU 
a. -3 
C O 

O lU Q. CO o! 
X 

Database 

>> 

§ 0 
1 c 

o 
o £ 
s. 

g 

m 

i s. 
m 

Synciironizatibn 

No Sync Loose Sync Strict Sync 

No Resv 

Reservation 

RSVP ST2+ 

..TCEflP.. 

Networic Protocol 

..UDEflP.. -XTJ;.. 

Underlying Networit 

ATM Ethernet Internet ISDN relephon Wireless 



63 

voice.tcp.c 

maiiK) 

cransiiiic_ccp() ; 

voice_udp.c 
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Figure 2.10: Four Possible Software Design .\lternatives 
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the OOP, take a look at the case of voice program with a choice of TCP or IJDP 

protocol as its transport protocol. We can think of four possible implementation 

alternatives, as illustrated in Figure 2.10. 

(a) Write two separate program codes and compile them to have two separate exe

cutable Rles {t.g.. voice-tcp, voiceJidp). 

(b) Write one source code using C primitive itifdef (TCP or UDP) and compile to 

have two separate executable files (e.g.. voice-tcp, voice_udp). 

(c) Write one source code which needs a command line option input so that the 

user can send an option (e.g., -t TCP or UDP). After compilation, only one 

executable file exists. At the run time, a different part of the e.\ecutable file is 

e.xecuted according to the user option. 

(d) Write one source code which needs a command line option input, using the OOP. 

There is only one executable file after compilation. .At the run time, an object 

is invoked and e.xecuted according to the user option. 

Existence of two files means more complexity and difficulty of maintenance and 

modification. It is a big problem when we manage a large software system surh as 

a collaborative workspace system. When object-oriented design and implementation 

is used for this application, only one executable file needs to exist to perform both 

TCP/l'DP transport functions. TCP socket and I'DP socket clas.sps are inherited 
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from the abstract socket class, and the user request for a transport protocol is dy

namically bound (dynamic binding) to the corresponding object at the run time. 

There is. therefore, no need for two separate executables. and the maintenance and 

modification become easier than with SPP approach. 

2.4 System Design 

The MCWS is a big software system with five separate processes. Even though 

the system is re-designed using the OOP. some part of the program comes from the 

previous RCD system and is written in non-object-oriented language. The software 

reuse of a legacy system [e.g.. RCD system) is one of the issue of the system design. 

The preexisting non-object-oriented software system is called a legacy system [S3]. 

The legacy and reuse software life cycle presented in Figure 2.11 incorporates the 

concepts of application engineering and software reuse [80]. Rectangles represent life 

cycle product and information states. Transformation processes, denoted by arrows, 

convert artifacts in one state to information products in a neighboring state. This 

model fits into the larger scope of the risk-oriented, iterative nature of the spiral 

model originated by Boehm [74]. 

The software life cycle model integrates both top-down forward engineering and 

bottom-up reverse engineering processes for traversing the life cycle. Traversal is trig

gered when new information becomes available in one or more states and concludes 
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when all states become consistent. For instance, assume that a new multimedia ap

plication requirements may be satisfied partly from reengineering legacy software and 

partly from creating new domain components. In this case, both forward and reverse 

engineering traversals occur. First, in reverse traversal, the legacy software (f-.g.. 

RCD system) is reengineered and included as reuse software in a reuse library. Then, 

a forward engineering traversal produces new software components. This traversal 

creates information products for the requirements, component specification, archi

tecture. design, and reuse software states. Fonvard engineering processes produce 

the new software components, which, when integrated with the legacy roniponents. 

produce a customer's new software application. 

The MCWS consists of three major functional components - store, retrieve, and 

conference (Figure 2.12). Store function is used to store the multimedia data into a 

distributed database system, and retriere is used to retrieve the multimedia data and 

display (or play) it from the database. The most important function of the workspace 

system is conference, and it will be e.xplained in detail in the following sections. First, 

the user scenarios of conference function are as follows: 

1. Login the machine which is installed with the .VICWS software. 

2. Select the type of underlying network and other operating options. 

'i. Select a location of remote participant. 

4. .Select a location of distributed databa.se system. 
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Figure 2.12: Functional Diagram of the MCWS 

•5. Select an image or images from the database. 

6. Fetch the selected image file(s) to the conferencing participants. 

7. Start conferencing. 

The conference function consists of five separate processes - .Main Gl'I Process. 

Te.xt Process. .Audio Process. Video Process, and .\udio Record Process, as shown 

in Figure 2.12. Four processes. e.xcept .Main GUI Process, are spanned from .Main 

GIT Process, using the I'nix forkO function. There are two important issues when 

processes are forked from the parent process. 

e In the MCWS. a lot of interaction between the processes are required for proper 

operation, especially for the synchronization between the multimeflia. .Vnd we 
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need to know the process ID (PID) of the process to send a signal. For example, 

the Unix killC) function needs the PID of the target process in its argument: 

int kill (pid, sig) 

int pid; 

int sig; 

In the most operating system, there is no way for a process to know the process 

ID (PID) of the other process. But it is always possible to know the parent's 

PID from the child process. Therefore a new child process should be forked 

from the process which will receive the signal from the forked process. 

• One of the most important design issues of the MCWS is the modularity and 

reusability which can be provided by the object-oriented design. The system 

may not be used with audio or video function depending on the operating 

environment. It would be better if audio or video process is not invoked unless 

it is used in the operation. According to the user selection, therefore, only the 

necessary processes should be forked from the main process. 

The multimedia processes are generated from the main process, as in Figure 2.13. 

.Audio process and video process may not be invoked depending on the user options. 

The audio record process is used to record the user voire conversation during the 

collaboration. It sends a signal to the audio process to selectively record the voice 
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to reduce the amount of the disk space, so it is invoked as a child process of audio 

process. 

Now five processes work together to perform the multimedia collaboration, as in 

Figure 2.14. The five processes are represented by the rectangle, and the subsystems 

inside each process are shown as a circle. The shared memory is also shown in the 

figure, as an oval. 

When the object-oriented analysis (OOA) and design (OOD) are used to develop a 

system, usually the whole system is analyzed and designed. In this research, however, 

we applied the OOA and OOD to each of five processes of the system [77]. The 

advantages of this approach are listed below: 
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• When the system is too large, the classes and objects are difficult to be related 

with each other and some of them have almost no relationships at all. With a 

subsystem or a process, however, the relationships between classes are analyzed 

and defined nicely. 

• In a large system, even a process can be a big software project. If the system is 

analyzed and designed in a unit of process, each process can be developed and 

implemented independently. 

• Even though the whole system is analyzed and designed using OOA and OOD. 

we still can use a subsystem or a process from the legacy software system which 

may be based on the SPP. 

The rest of this section describes the class analysis and design of the system with 

a focus on the Audio process among the five processes. 

2.4.1 Object-Oriented Audio Process Design 

.Among the five major processes, audio process is the only process that is de

signed and implemented solely using the object-oriented approach. The functional 

subsystems of the audio process are shown in Figure 2.14. 

A class diagram is used to show the existence of classes and their relationships in 

the logical view of a system. A. single class diagram represents a view of the class 
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Figure 2.15: Class Icon and Abstract Class Adornment 
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structure of a system. During design, we use class diagrams to capture the structure 

of the classes that form the system's architecture. 

Figure 2.13 shows the icon (a) and its abstract class adornment (b) which are 

from the Booch notations [75]. A name is required for each class, while it is useful 

to expose some of the attributes and operations associated with a class. 

Classes rarely exist alone as they collaborate with other classes in a variety of 

ways. The essential connections among the classes include association, inheritance, 

"has", and '^using'" relationships, whose icons are summarized in Figure 2.16. .\n 

association only denotes a semantic dependency and does not state the direction of 

this dependency, nor does it state the exact way in which one class relates to another. 
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An inheritance is a relationship among classes wherein one class shares the structure 

and/or behavior defined in one (single inheritance) or more (multiple inheritance) 

other classes. 

Each such relationship may include a textual label that documents the name of the 

relationship or suggests its purpose. Associations may be further adorned with their 

cardinality. Unless explicitly adorned, the cardinality of a relationship is considered 

unspecified. 
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The class diagram of the audio process is shown in Figure 2.17. Audio Manager has 

classes Synchronized Memory, two Audios. and two Sockets. Synchronized Memory is 

inherited from both Shared Memory and Semaphore classes. 8-Bit .Audio and 16-Bit 

Audio classes are inherited from the abstract Audio class, and TCP and UDP socket 

classes are inherited from the abstract Socket class which in turn uses Buffer Size 

class. 

Figure 2.IS and Figure 2.19 show the class diagrams of the text and the video 

processes, respectively. In Figure 2.18. Text Manager has an input device (mou.se) 

and an output device (image display screen). Image Display class can display the 

GIF. .JPEG, or PGM format image files, which are inherited from the abstract Image 

File class. Similarly. Video Manager in Figure 2.19 has a Video Input device (camera) 

and a Video Output device (video screen), which can play Motion JPEG. MPEG, or 

H.26I format video sequences, which are all inherited from the abstract Video File 

class. The other classes, such as Synchronized Memory and Socket classes, can be 

used from the audio class design and implementation. 

One difficulty in designing a voice communication program is the fact that there 

is not yet a standardized procedure in generating and handling digitized voice in a 

workstation. Many vendors implement voice or audio communications differently. 

Sparcstation from Sun Microsystems has a built-in speaker as well as simple Digital 

Signal Processor (DSP) for Analog-to-Digital (.\/D) and Digital-to-.\nalog (D/.A) 

conversions. Digital data is sampled at a rate of 8000 samples per seroiid (S kHz). 
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with close to 14'bit precision. The data is then compressed using /i-law encoding to 

S-bit samples. This provides audio quality equal to standard telephone quality audio. 

On the other hand. DEC implements a separate hardware device, called DECaudio 

or LoFi, which can support telephone quality and CD quality audio. 

A couple of audio devices (8-bit audio and 16-bit audio) classes are inherited Trom 

the abstract .Audio class. They perform the audio input and output functions. The 

abstraction of the .Audio class has the following specification: 

Name: 

Audio 

Responsibility: 

Manage the audio device and provide services for reading and vriting 

the audio data. 

Operations: 

Open 

Close 

ReadToBuffer 

ReadFromBuffer 

The communications network functions are accomplished by the Socket class and 

its inherited TCP socket and UDP socket classes. The abstract Socket class uses the 

Buffer Size class for various implementation of the communications socket buffer size. 

Finally the synchronization between audio process and other multimedia processes 

are performed by the use of Synchronized .Memory rla.ss. which is multiply inheritefl 



79 

from Shared Memory class and Semaphore class. The abstraction of the Socket class 

has the following specification: 

Name: 

Socket 

Responsibility: 

Manage the communications socket and provide services for reading 

and vriting the data from TCP or UDP socket. 

Operations: 

Open 

Close 

call 

response 

readn 

vriten 

ReadToBiiffer 

ReadFromBuffer 

Attributes: 

BufferSize 

The Socket classes and Synchronized Memory class can be used in the other mul

timedia processes (text process or video process), since the classes are implemented 

in a modular form. This is a good example of the reusability of the object-oriented 

programming, which is one of the major reasons of using the OOP. For now. those 
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classes are not used in either text or video processes, since the other subsystems of 

the process are designed and implemented using the structured procedural program

ming. When they are implemented using object-oriented programming, however. 

Socket and Synchronized Memory clctsses can be used without change. 

2.4.2 Audio Process State Transition Diagram 

A state transition diagram is used to show the state space of a given class, the 

events that cause a transition from one state to another, and the actions that result 

from a state change. A. single state transition diagram represents a view of the 

dynamic model of a single class or of the entire system. In this section, the state 

transition diagram of the audio process is provided, rather than that of audio state 

or the whole MCWS. The state transition diagram of the audio state is too simple 

and that of the whole system does not have significant event-ordered behavior. 

Two essential elements of a state transition diagram are states and state transi

tions. The state of an object represents the cumulative results of its behavior, and 
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an event is some occurrence that may cause the state of a system to change, and 

this change of state is called a state transition. We use the notation of Figure 2.20. 

for state transition diagram. The state transition diagrams of the audio process are 

provided in Figure 2.21. The server program of the audio process is shown in (a), 

and the client program is described in (b). Two processes are similar except that the 

server program starts to wait for socket ready while the client program starts to wait 

for audio ready. It shows the asymmetric aspect of the client/server program of the 

communications network program. 



CHAPTER 3 

SYNCHRONIZATION OF DISTRIBUTED MULTIMEDIA 

3.1 Need for the Multimedia Synchronization 

In the distributed multimedia system such as MCVVS. each media streams suffer 

different transmission delay because of the shared transmission medium. The syn

chronization of the multimedia stream, therefore, is very important for the distributed 

multimedia applications [57. 58]. In the medical applications, for example, the unsyn-

chronized play of the media may cause misunderstanding between the participating 

doctors, which can be disastrous [61]. 

The synchronization of this collaborative system applies to the relationships be

tween text, audio and video. It does not include the image data, since it is not a 

real-time information. The text information here refers to the (x.y) coordinate data 

of the framing information (image annotation command), since the drawing of the 

frame is transmitted to the other side in the form of text, and the receiver recon

structs the frame from the received information. The reconstructed image annotation 

commands should be synchronized with the audio or video sequences. 

Time stamps are attached to each multimedia packet before being transmitted 

from the sender, and they are extracted and compared to achieve synchronization 
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between the media. When the related media streams are delivered from more than 

one location, the synchronization of the clock of the senders is needed for the overall 

synchronization, which can be achieved by the use of Network Time Protocol (NTP). 

3.1.1 Delay Model 

The delay model of the multimedia communications system is shown in Figure 3.1. 

It consists of four components: Tc. Tn, Ts. and Tp. The sender preparation delay. 

Tc. is the delay for the sender to prepare to send the data packets to the receiver. 

It includes the time for encoding the live data or fetching data from a database, and 

processing the data for synchronization such as attaching time stamp and sequence 

number. The network transmission delay. Tn. is the time for the packets to trans

mit from sender to receiver through the underlying communications network such as 

Ethernet, Internet, or .ATM network. The times required to process the synchroniza

tions algorithm for the delivered data packets are represented by the synchronization 

delay. Ts. It includes the intra-media and inter-media synchronization times. Finally 

the receiver play delay is represented by Tp. which accounts for the delay before the 

actual play of data through the speaker or video screen. 

The technical issues which are related to each step of the above delay model are 

summerized below: 

(a) Tc: .\TP. time-stamping, interactive access, databa.se fetch. 
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Figure 3.1: Delay Model for .Multimedia Communications System 

(b) Tn: resource reservation, flow control, multicast, transport protocol, underlying 

network. 

(c) Ts: sequencing and synchronization, feedback. 

(d) Tp: multi-thread, realtime operating system. 

In most applications environments, the total delay is affected by the nflieork 

transmission delay. Tn. The goal of the synchronization mechanism in this research 

is to accomplish the synchronization when the multimedia suffered different Tn. while 

minimizing the Sender Preperation Delay. Tc and Synchronization Delay. Ts. The 

Receiver Play Delay, Tp can be improved by the use of multi-threaded realtime 

operating system, which is beyond the topic of this research. 

For the transmission of the isochronous data (voice or video). I'DP (I'ser Data

gram Protocol) in TCP/IP protocol suite is widely used because of the fa.st transmis

sion withouT retransmission. But other protocols are investigated for thr transmission 
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of compressed data stream such as MPEG %-ideo output [4o. 46. 47. 49]. since I'DP 

might lose important packets which can cause major degradation. Also, other pro

tocols such as TCP. Xpress Transport Protocol (XTP) [16]. and STream Protocol 

(ST2+) [21] are considered as a possible transport tool. 

3.1.2 Requirements 

Previous studies show the need for synchronization in the range from 100 to 300 

msec for lip-sync [48]. Even tighter synchronization will be required as output device 

fidelity improves. Studies in human perception [bo] show that vision can detect lack of 

synchronization down to approximately 30 msec. For sound perception, experiments 

[56] have shown that the human auditory system can detect lack of synchronization 

down to approximately 1 msec, and down to approximately .30 fisec for stereo sound 

fas sound direction). 

In this research, we assume that the inter-media synchronization within approx

imately 200 msec is necessary for acceptable collaboration quality. It seems likely 

that tighter synchronization (less than 200 msec) will be necessary for systems with 

better resolution and audio fidelity. 

3.1.3 Network Time Protocol 

When the multimedia servers are distributed over the network, a global synchro

nized clock is needed for the same starting time of the retrieval of each media. But 
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Figure 3.2: NTP Time Server Model 

most of the computers use the internal crystal clock which is accurate but differ

ent from machine to machine. Therefore the use of Network Time Protocol (.\TP. 

RFC 130o) was proposed [28] to synchronize the workstation clocks to the Tniversal 

Coordinated Time (UTC). 

Figure 3.2 shows the overall organization of the .N'TP time server model. Times-

tamps e.xchanged between the server and possibly many other subnet peers are used 

to determine individual roundtrip delays and clock offsets, as well as provide reli

able error bounds. The Numeric-controlled oscillator (.NCO) is implemented as an 

adjustable-rate counter using a combination of hardware and software components. 

It furnishes the phase (timing) reference to produce the timestamps used in all timing 

calculations [27. 29]. 

Xntpd is a complete implementation of the NTP Version 3 specification as defined 

in RFC 1.30.5. It also retains compatibility with both .N'TP Version 2. as defined in 

RFC 1119. and NTP Version I, as defined in RFC 10o9. although this compatibility is 

sometimes strained and only semiautomatic. Xntpd supports in principle the ultimate 
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precision of about 232 picoseconds in the NTP specification, and fully implements 

NTP Versions 2 and 3 authentication and a mode-6 control-message facility. 

Xntp software package is available by the anonymous FTP to louie.udel.edu. It 

is installed at the workstations in the CERL. i.e.. gpacsl and dbas machine. They 

are using the strata, ntp-2.cso.uiuc.edu and delphi.cs.ucla.edu. which were selected 

because of their unoverlapped paths to the University of Arizona. While the clocks 

of these machines differed by about 10 seconds each other before installation of NTP. 

they are now synchronized within a few milliseconds by the use of .\TP. Therefore, 

we can now assume the clocks of workstations are globally synchronized to the I'TC. 

3.2 Design of the Synchronization Mechanism 

3.2.1 Objects and Assumptions 

The synchronization method proposed in this research is aimed to make the mul

timedia streams - text, audio, and video, be synchronized with each other after 

suffering indeterministic delay over the network and participating systems. Since 

image is not a real-time requirement object, we consider only text, audio, and video. 

The objects for each media can be one of the followings: 

• Text : 

(1) image annotation commands 

(2) text caption on the image 
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• Audio : 

(1) 8-bit PCM voice communciation (64 kbps) 

(2) 16-bit audio for high quality audio sound 

• Video : 

(1) Motion JPEG 

(2) xMPEG 

(3) H.261 

We assume the environments for the target MCWS as follows. The synchronization 

algorithms of the next subsection are based on these assumptions. 

• The MCWS uses a common image with annotation commands on it. which 

need to be synchronized with the audio or video sequences. 

• The participants use the digital voice communication to converse with other 

participants. 

• The video screen is now used to view the other participants, and does not need 

a high speed, high quality video. 

• The realtime communications are performed between two participants, e.g., 

local participant and remote participant. 

• The .system has no knowledge about the underlying network. 
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3.2.2 System Architecture 

Before designing and implementing the multimedia synchronization algorithm, the 

architecture of the communications channel should be considered, since it determines 

the whole architecture of the synchronization algorithm. We may design the dis

tributed multimedia system which uses only one communication channel for each 

direction as in Figure 3.3. (Flere a communication channel means a socket connec

tion between two locations.) The multimedia (text, audio, and video) data streams 

are combined (interleaved) into one large stream and sent to the destination through 

one communications channel. This system does not need a strict synchronization 

mechanism since the data streams are already interleaved with each other. In spite 
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of the above theoretical advantage, this architecture is not considered as the possible 

system architecture due to the following reasons. 

• A lot of overheads are added in the process of combining and retrieving of each 

media, because each media''s construction rate and time are different with each 

other. 

• The packetization and reassembly process and communications error during 

transmission make the retrieval of each media at the destination difficult. 

• Since all media stream are combined at the source, we do not have any control 

on each media during transmission and it makes the system not flexible. 

We may design the multimedia communications system with separate channels 

for each multimedia and another channel for the synchronization informations. In 

Figure 3.4. a separate channel is provided for the synchronization informations. .\t 

the receiver side, the synchronization informations are extracted from the channel and 

used to synchronize the other multimedia transmitted from the sender before they 

are played at the receiver workstation. This architecture provides more flexibility 

than the previous one. but it still suffers from the overhead of the synchronization 

channel. 

We design, therefore, a system which uses separate channels for each media and 

its synchronization information, as in Figure 3.0. Each media stream is attarhed with 



92 

Local Participuit 

Synch 

mouse 

Remote Participant 

camera 
audio to Remote Participant 

video  ̂

screen 

Figure 3.4: Multimedia Communications Architecture with Synchroiiizat 

timing informations before being sent to the destination through separate communi

cations channels. .At the destination, the timing informations are e.xtracted from each 

media, and used for the synchronization when playing at the destination workstation. 

3.2.3 Synchronization Policy 

One of the multimedia stream is selected as the key medium for the synchroniza

tion process. Usually the most important stream of the application is selected as 

the key medium, .\udio stream is selected in this system, since the audibility of the 

participant's voice is important in the distributed collaboration. The other media 

are synchronized to the key medium, and sometimes deleted or delayed for the over

all synchronization. The followings summerize the policies for each media for the 

.MCWS. 
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• Audio: The most important medium. Text and video should be synchronized 

to this key medium. 

• Text; The text (image annotation command) segment is delayed for the corre

sponding audio segment to arrive. 

• Video: \'ideo must be synchronized to audio segment. Check if the correspond

ing audio arrives. If no. wait until it comes. If yes. send the video segment to 

be decoded and displayed. However, discard the video segment if the delay 

difference between audio and video is too big. 
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3.3 Multimedia Synchronization Algorithm 

In this MCWS, we encounter the synchronization problem in the following three 

occasions: 

(a) Realtime multimedia communications between the participating workstations. 

(b) Play of the multimedia objects at the participating workstations from the dis

tributed multimedia server. 

(c) Playback of the multimedia object from the local storage. 

Figure .3.6 illustrates the above three cases and their corresponding timing rela

tions. Since the operating environment and clock synchronization requirement are 

different for each of three cases, three different synchronization specification methods 

are used to develop an algorithm for each case. 

3.3.1 Synchronization Specification Methods 

Three synchronization specification methods are described below. The synchro

nization algorithms for three cases are based on each specification method, and they 

will be described in the next subsections. 

3.3.1.1 Synchronization Based on the Vitual Time Axes 

The case (a) in P'igure .3.6. shows the .synchronization between the participating 

workstations. The clocks //. /i of each participant don't have to be synchronized 
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with each other, since all media streams arrive to the same destination (Participant 

31 or Participant i2). They don't have to be synchronized to the global clock, ei

ther. The clocks and timing informations of the multimedia objects only need to be 

synchronized to a virtual time axes maintained by the local system. 

The synchronization algorithm for this case can be relatively easily implemented 

without using NTP or feedback mechanism. The feedback mechanism is not used for 

the case (a), since the feedback overhead may affect the performance of the multime

dia workstation which has to take care of all media processes. 

3.3.1.2 Synchronization Based on the Gioba! Time Axes 

In case (b) of Figure 3.6, on the other hand, the media streams from the multimedia 

server are transmitted to more than one destination. Since the media should be 

played with the other media at the other destination, the clocks Tl. Ti? should be 

synchronized with each other and to the multimedia server clock T3 and eventually 

to the global clock. NTP is used to accomplish this clock synchronization. 

The algorithm for (b) uses the feedback, since the multimedia .server is a dedicated 

server which must have enough power and resources for the feedback mechanism. 

3.3.1.3 Synchronization Based on the Timed Petri-Net 

The MC'VVS stores the collaboration session for later reference, and plays back at 

the local workstation. In this case, the multimedia informations are retrieved from 
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the local storage, not from the remote distributed multimedia server, as in Figure 3.6 

(c). The local clocks tl are the same for the workstation and for its local storage 

device, and they do not suffer the network transmission delay or jitter. This case is 

best modeled and explained by the use of timed Petri-net. 

The rules for a timed Petri net are: 

• A transition fires, if all input places contain a nonblocking token. 

• If a transition fires, a token is removed from each input place and a token is 

added to each output place. 

• A token that is added to a new place is blocked for the duration that is assigned 

to this place. 

If we suppose that the stored multimedia collaboration session is to play as in 

Figure .3.7 (a), it can be modeled as shown in (b). 

3.3.2 Synchronization Algorithms 

Three synchronization algorithms are developed for each of three cases of the 

previous section. Each algorithm is based on each of the synchronization specification 

methods, and is explained in this section. 
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3.3.2.1 Between Conference Participants 

The synchronization algorithm of the multimedia streams between the conference 

participants is based on the virtual axes specification. It does not use NTP or feed

back mechnism and is described as follows: 

1. Each packet of the media stream is attached with a time stamp and a sequence 

number and sent to the receiver side through the network, as in Figure .J.S. 

Because of the congestion of the network, each media stream suffers different 

transmission delay. 

2. When Local Participant (Remote Participant) receives the packets, it compares 

the time stamps of each packet and throws away the packets with time stamp 

which exceeds the maximum delay. 

.3. After maintaining the synchronization inside each media stream using the se

quence number, the text and video process compare their time stamps with 

that of audio process (key medium). If the packet arrived earlier than the cor

responding audio packet, the (dis)play of the particular packet is delayed until 

it receives the right packet. 

4. On the other hand, if the video process received a packet which was delivered 

too late, then it just throws the packet away (Figure .3.9 (b)). Since the video 

camera is currently used to view the other participant, it is not worth to a.sk 
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Seq. No Time Stamp Multimedia Data 

Figure 3.S: Multimedia Data Packet with Sequence Number and Time Stamp 

for retransmission or interpolating the missing frame while suffering another 

network delay or use of processing power. 

•5. After this synchronization process, three media streams are played as synchro

nized, while some of the video packet may be discarded (Figure 3.9 (c)). 

3.3.2.2 Between Multimedia Server and Clients 

Under the assumption of the existence of the globally synchronized clock by NTP 

as in the previous section, the algorithm for the synchronization between multimedia 

server and collaboration participants is developed and described in this subsection. 

1. Collaboration participants send a request of the multimedia file to the corre

sponding server. The servers can be located at the same machine or distributed 

over several machines. 

2. The multimedia server sends a pilot packet to the collaboration participants to 

calculate the network delay (Figure 3.10). 

3. Collaboration participants compute the network delay (Dp) and set up the max

imum allowable delay time (Dmax) from it according to the formula below. The 

multiplication constant n is selected differently for each media since video or 
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voice is more sensitive to the delay. It should be adjusted to each media stan

dard and underlying network. The time interval between packets transmitted 

from the media server is represented by Ti. 

Dmax = Dp + n x Ti 

4. Since collaboration participants and multimedia servers are synchronized by 

.VTP. the e.xact starting time of the data transmission can be set up. At the start 

time, the server starts to send the files to collaboration participants, possibly 

through the multicast option. 

5. Each packet is transmitted after attached with a sequence number and a time-

stamp. 

6. When collaboration participant receives the packets, it first checks if they are in 

the right sequence and if any packet is missing. Even if any packet is missing, it 

is not retransmitted except for the text data, since a few missed voice or video 

packet does not affect the overall quality and it is of no use to get late time-

sensitive data. The receiver, then, compares the time stamp of each packet and 

throws away the packets with time stamp which exceeds the maximum delay 

(Dmax). which was given by Step ;J. 

7. .\fter maintaining the synchronization inside each media stream, it rompares 

the time-stamps between each media using one of the Interprocess Commu-

niration (IPC). The synchronization process controls the play of rarh merlia 
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according to the time-stamp: Sometimes it discards some packets, and some

times it delays playing data to achieve the relative synchronization between 

media. 

S. If the synchronization process detects a big delay of the packets over the net

work, it sends the feedback informations to the corresponding multimedia server 

to control the rate of the transmitted data. The feedback informations could 

be the number of discarded packets over a period. 

9. The multimedia server changes the transmission rate according to the feedback 

informations from Local Participant (Remote Participant): Text server does 

not perform any change since text does not consume much bandwidth. .Audio 

and video server speed up or slow down the transmission of the media data by 

controlling the media hardware output. 

3.3.2.3 Between Multimedia Workstation and Local Storage 

The playback of the stored session on the local multimedia workstation from the 

local storage is best described using the timed Petri-net. as in previous section. Since 

video information is not stored because of its huge amount, this algorithm is described 

only with text and audio. 

I. Multimedia objects are stored with the attributes (time, duration) pair (Fig

ure 3.11 (a)). 
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2. The control over the synchronization mechanism is done by one of the multi

media process (for example, text process, in Figure 3.11). 

3. The starting time difference (Ti-Ta) is controlled by the text process. 

4. While the text process plays the text stream according to (ti. pi), it also sends 

the signal to the other processes (audio process) for each (ai) (see Figure 3.11 

( b ) ) .  

o. The audio process starts its audio stream according to the signal from text 

process and plays it for (qi) time duration. 
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CHAPTER 4 

IMPLEMENTATION 

In this chapter, one of the object-oriented languages is chosen for the implemen

tation tool of the MCWS. The implementation of five processes in the system is 

explained, and also the object-oriented implementation of the synchronization mech

anism is discussed at the end of the chapter. 

4.1 Object-Oriented Languages 

Currently, there are over 100 different object-based and object-oriented program

ming languages. A language is considered object-based if it directly supports data 

abstraction and classes. An object-oriented language is one that is object-based, but 

also provides support for inheritance and polymorphism [75]. 

In this section, three object-oriented languages - Smalltalk. Java, and C-f—i- -

are reviewed and compared to select one language which fits the requirement of the 

system. 
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4.1.1 Smalltalk 

Smalltalk is a pure object-oriented language, in that everything is viewed as an 

object. Smalltalk represents both a language and a software development environ

ment. It was built around two simple concepts; everything is treated as an object, 

and objects communicate by passing messages. 

There are five identifiable release of Smalltalk, indicated by their year of release: 

Smalltalk-72. -74. -76. -78. and the most current version. Smalltalk-80. Smalltalk-80 

has been ported to a variety of machine architectures. There is also an impor

tant dialect of Smalltalk provided by Digitalk. Smalltalk/V. that is very similiar to 

Smalltalk-80 and is available on IBM-PC and Macintosh. 

4.1.2 Java 

Java is an object-oriented programming language with a synta.\ similar to C-f—1-. 

Because Java is an interpreted language, the typical C or compile-link-load-

test-debug cycle is reduced. Java development environments actually let the entire 

software-development life cycle take place within a Web browser [84]. 

Java provides a software platform for network-centric computing. The key to its 

power is its write once, run anywhere model. Rather than producing machine-specific 

instructions, the Java compiler produces vendor-neutral bytecode. The Java runtime 
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environment, or virtual machine, then translates the bytecode into actual machine-

specific instructions. The Java virtual machine is installed on the user's machine, 

either as part of a Web browser or as part of the underlying operating system. 

Much like C/C++i Java code can be compiled into a stand-alone executable whose 

integrity is guaranteed by the vendor. But Java's true contribution lies in distributed 

applets downloaded from a public or private network and executed in a Java runtime, 

such as Java-enabled Web browser. In this case, program integrety is guaranteed by 

the run time, shown in Figure 4.1, which verifies that the bytecode corresponds to 

valid Java code and does not contain any viruses. By enforcing strong typing and 

not allowing pointers. Java ensures against many classes of programming error and 

security flaws. 

The Java software platform contains a core set of application programming in

terfaces required in all Java implementations, along with an extended set of .APIs 

covering a set of functionality. The initial version of Java included class libraries for 

five APIs: 

• Java.lang : the basic language types, always imported into any compilation 

unit. This includes the declarations of objects and classes, as well as threads, 

exceptions, and a variety of other fundamental types. 

• Java.io : file and stream I/O. This is the rough equivalent of the standard I'nix 

I/O library. 
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• Ja\-a.net : network I/O. This library provides support for HTTP. FTP. telnet, 

sockets, and other networking protocols. 

• Ja\-a.util : container and utility classes. This library includes classes such as 

date. time, hashtable. and stack. 

• .Java.awt : the Abstract Windowing Toolkit. This library provides an abstract 

layer with classes such as buttons, scrollbars, fonts, colors, and events. This 

library is used by developers to build graphical user interfaces that execute 

across Windows. Microsoft Windows, and Mac desktops. 

Sun Microsystems have defined other APIs for Java, such as .lava'iD. .Iava3D. 

JavaTel. Ja\'a.Anim. JavaMedia. JavaShare. JaxciManagement. JavaEC. Java.Security. 

JavaMedia is an .API for time-critical audio, video, and similar application. 

Even with the several advantages with Java developing environment. Java lan

guage is not selected as the language of choice for the MCWS because of the following 

reasons: 

• In the multimedia collaborative workspace system, most of the design and im

plementation are focused on the multimedia applications, such as audio and 

video. Sun. however, does not support the JavaMedia yet. Because of the vari

ety of the audio and video devices on the personal computers and workstations, 

the fully functioning multimedia .API will not be available anytime soon. With

out Java.Media .API. the system cannot be platform independent, •since some 
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process (mostly, multimedia applications) should be implemented and compiled 

on a specific hardware platform. Thus. Java's the most prominent advantage 

cannot be achieved in this system. 

• The Java compiler and runtime system impose four security layers within the 

application to keep programmers from creating faulty code. However, some 

of the security concerns have been identified by many people. For e.xample. 

Princeton University found the implementation bugs in the Java rlassloader 

and verifier, along with concerns related with hostile applets. Even though 

Sun's Java team examined and fixed those bugs in the recent release of both 

the Java Development Kit (JDK 1.02) and .N'etscape Navigator (3.Qb4). the 

security concern about the Java has not been solved perfectly. 

4.1.3 C++ 

The immediate ancestor of C++ is a language called C with Classes. In turn. 

C with Classes was heavily influenced by the languages C and Simula. C++ is 

largely a superset of C. However, in one sense. C++ is simply a better C. in that it 

provides type checking, overloaded functions, and many other improvements. .Most 

importantly, however. C++ adds object-oriented programming features to C. C++ 

corrects many of the deficiencies of C. and adds to the language support for classes, 

type checking, overloading, free store management, constant types, references, inline 

functions, derived classes, and virtual functions. 
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C++ was selected as a choice of language that implements the MCWS. since C++ 

is a widely used language, and the legacy software (RCD system) which is a big part 

of the system was implemented in C. 

4.2 Main GUI Process 

The main Graphical User Interface (GUI) process is mostly used to get the user 

options about the operation. Ten options can be entered from this GUI process: one 

for underlying network, three for the audio operation, four for video operation and 

two for the overall synchronization (Figure 4.2). Most of the options are set to the 

default values, according to the selection of the underlying network or the choice of 

audio or video standard. For example, with the selection of "Ethernet** and "S-bit 

.'\udio'', the transport protocol of audio is set to the default value "TCP" and the 

audio packet size is set to the default value "512". The user may select a value 

different from the default one when another value is expected to work better than 

the default one over a special environment. The selected parameters are sent to the 

corresponding process as a form of the command line options when we invoke the 

process. 

• Audio Process - audio standard, audio transport protocol, audio packet size. 

• Video Process - video standard, video transport protocol, video packet size, 

video frame rate and video synchronization threshold. 
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Figure 4.2: Options of the System GUI 

• Text Process - text synchronization threshold. 

In the MCVVS. only one of the participants works as a collaboration manager who 

takes care of the selection of the options, so that there is no misunderstanding of the 

options between the participants. All the options are selected by the collaboration 

manager and sent to the participants before the start of the collaboration, as in 

Figure 4.3. 

The Graphical l-ser Interface (GUI) provides the choices for the underlying net

work where the collaboration system is u.sed. .According to the choice of the network. 
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the default values are highlighted by the yellow color. Some of the choices are dy

namically bound to the corresponding object, and others are passed as a command 

line option to invoke the child process which executes the corresponding function. 

From the main GUI. four child processes are invoked to execute a text (and image 

display) process, voice input/output and communication process, and video process, 

and a process for the audio recording of the collaboration session (Figure 4.3). Each 

process takes care of getting input and playing each media (text, audio or video) 

and transmitting/receiving of the data to the corresponding process of the remote 

participant. Also, they collaborate with each other to achieve the synchronization of 

the received multimedia streams, which is explained in the later section. 



116 

The choice of the platforms cannot be added on the GUI. since it should be 

already determined. But OOP still can benefit the portability of platform by the 

ease of modification. 

4.3 Text Process 

This process is named as text process, since it handles the image annotation 

command (framing information) which is transmitted in the form of the text, because 

the (x,y) coordinates of the frame are transmitted. Text process displays the image 

selected by the user and displays (draws) the image annotation command from the 

local user and the other user. A more correct name for this process might be "Image 

Display and Framing Process". The name "'Text Process" is. however, selected to 

compare with "Audio Process" and "'Video Process". 

The flow chart of text process is shown in Figure 4.4. It sets up the communications 

channel with the other collaboration participant and displays the selected image. If 

there is a new frame drawn by the local user, text process draws it on the image. The 

frames (image annotations) have three different forms, which are drawn from each of 

the three mouse buttons of the workstation (Figure 4.5). 

After taking care of the local frames, it receives a framing information from the 

other participant through the communications channel. .Since the framing informa

tion is small and very important to the collaboration, it is usually sent using the 

TCP sorkct rather than ('DP socket. When it receives the framing information, it 



Start 

Setup channel to the other 

Draw the selected image 

Yes 
Quit? 

Send signal to other process 
No 

No 
Oieck if new frame? 

End 

Yes 

Draw frame 

Receive frame info from the other 

No 
No 

Change in other (nune? Any fiame not drawn? 

Yes Yes 

No 
Compare time stamp widi audio's 

Now within In-Sync? 

No 
Yes 

Within In-Sync ? 

Draw Frame 

Yes 

Draw frame 

Save 

Get time stamp 

Send frame info with time stamp 

Figure 4.4: Flow Chart of the Text Process 



118 

(a) Fixed Ftame (b) Variable-sized Frame (c) Freehand Frame 

Figure 4.5: Three Frames of Image Annotation 

compares the time stamp of the framing information with that of the received audio 

stream. If the framing information is within the synchronization threshold with the 

corresponding audio stream, it is drawn on the image. If it is out of synchronization 

threshold it is stored temporarily without drawing, and it is checked for synchro

nization on the next loop. In this synchronization mechanism, the synchronization 

threshold value from the main GUI process is used to determine the range of in-

synchronization. The process now sends its own framing information to the other 

participant after attaching a time stamp. 

During the operation loop, the process checks if the user wants to finish the collab

oration session. If so, it sends the information to the other processes - audio process, 

video process, and main GUI process, and also to the other participants. When it 

sends the information to the local processes, it uses Unix killO function to send a 

signal to the processes. On the other hand, it sends the Quit request to the remote 

participant through the communications channel, so that the processes at the remote 

workstation can be closed properly. 
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4.4 Audio Process 

In the SPP. whether to use TCP or UDP for voice communication is determined at 

compile-time. We need an ability to choose TCP or UDP at run-time, for voice com

munication according to the underlying network, since the default transport protocol 

may not be the best choice for the network and it ha^ to be changed at run-time. 

Therefore we use the dynamic binding concept (virtual function in C+-H) of OOP. to 

select the correct protocol. 

4.4.1 Dynamic Binding of Audio Transport 

The abstract .A.udio class is a superclass of 8-Bit Audio and 16-Bit Audio classes, 

and is defined as follows: 

class Audio.device { 

public: 

Audio.deTiceC); 

'Audio.deTiceO; 

int OpenCint flag); // open audio device vith option fleig 

void Close(void); // close audio device 

void ReadToBuffer(); // read audio device and srite to buffer 

void ReadFromBufferO; // read buffer and nrite to audio device 

} 
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The audio information from the Audiojievice is transmitted to the other participant 

and the audio from the other participant is directed to the Audiojdevice to play the 

voice. The transmission of the audio information is performed through the Socket 

class. The class definition of the Socket class is as follows: 

class Socket { 

public: 

Socket(); 

'Socket(); 

virtual, void callO - 0; // call the server 

virtual void response(} « 0; // response the cadi from client 

virtual int readnCint, char*, int) = 0; // read n bytes from socket 

virtual int vritenCint, char*, int) - 0\ H srite n bytes to socket 

void ReadToBufferO; // read data from socket 

void ReadFromBufferC); // vrite data to socket 

protected: 

int size; 

} 

And TCP .Socket and UDP .Socket classes are inherited from the above abstract 

Socket class as follows: 

class TCP.Socket : public Socket -C 

public: 
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TCP.Socket(int, int}; 

'TCP.SocketO; 

void callC); 

void response(); 

int readnCint, char *, int); 

int sritenCint, char int); 

} 

class UDP.Socket : public Socket { 

public: 

UDP.Socket(int, int); 

'UDP.Socket0; 

void callO; 

7oid response0; 

int readnCint, char *, int); 

int vritenCint, char *, int); 

} 

The four functions callC), response(). readnC).and vritenO should be imple

mented differently depending on the type of the socket (TCP or I'DP). For example. 

vritenO function which writes n bytes to the corresponding socket is implemented 

using different Unix function depending on the socket type as follows; 

class TCP.Socket::«riten(int fd, char *ptr, int nbytes) 
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{ 

int nleft. nnritten; 

nleft = nbytes; 

vhile (nleft > 0) { 

nwritten = Brite(fd, ptr, nleft); 

if (nvritten <- 0) return(nwritten); 

nleft -= nwritten; 

ptr +- nwritten; 

> 

return (nbytes - nleft); 

class UDP.Socket::writen(int fd, char *ptr, int nbytes) 

int n; 

int servlen = sizeof(serv.addr); 

n B sendto(fd, ptr, nbytes, 0, (struct sockaddr *) ftserv.addr, 

servlen); 

if (n !s nbytes) 

cout « "sendto error on socket" « endl; 

return(n); 



In the above implementation of vritenC), the Unix function vriteC) is used for 

TCP^ocket class and sendtoC) is used for the UDP-Socket class, since TCP protocol 

sends a stream data while UDP protocol uses a datagram. 

Those functions are going to be bound dynamically at run time when the user 

chooses to use one of them. That is why those four functions are declared as virtual, 

which is the way of C++ implementation of dynamic binding. By using the dynamic 

binding concept, the system doesn't have to keep two separate executable files to use 

one of the socket (TCP or UDP) functions. This is another major advantage of using 

the object-oriented design. 

4.4.2 l^ansmission of Audio Packet 

The flow charts of the server and client program of the audio process are shown 

in Figures 4.6 and Figure 4.7, respectively. The server program first checks the 

arguments from the Main GUI process, and invokes TCP or UDP socket depending 

on the user selection. It then opens a communication channel with a client program 

of the remote participant and opens its audio device and starts a shared memory for 

multimedia synchronization mechanism. 

After the preparation, it enters into a loop which handles transmission and play of 

audio packets. The loop reads the audio packet from the socket and extracts a time 

stamp and writes it into shared memory before writing the audio data into audio 
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Figure 4.6: Flow Chart of the Audio Process - Server 
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device to play it. .And then it reads its local audio data and writes it into the com

munications socket after attaching a time stamp. Now it checks if it received a 'Quit' 

signal from text process and continues the loop if there is no such signal received. 

When it receives a 'Quit* signal, the audio process closes the communications socket, 

audio device and shared memory. The client program performs the similar operation 

as the server program. 

4.5 Video Process 

4.5.1 Video System and JPEG Streams 

Sun Video is a real-time video capture and compression subsystem for Sun Sparr-

stations. The SunVideo card and its supporting software captures, digitizes, and 

compresses unmodulated XTSC and P.AL or component Y/C video (S-Video) signals 

from video sources such as video cameras. V'CRs. and videodisks. The compressed 

video can be stored on disk, transmitted over networks, or decompressed and dis

played within a window on a workstation. SunVideo is a digital video card - it 

buffers digital video in its data buffer so that the digital data can be downloaded to 

and processed by the host CPU at rates of up to 30 frames per second (fps). The 

SunVideo card's single-chip compression engine supports the following compression 

techniques: CellB. JPEG. .\IPEG-1 (for I and P frames). 
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The JPEG algorithm has been designed to become a general purpose standard 

that may be used by a broad range of applications including networking. number 

of compression chips are axTiilable that implement the baseline JPEG system and 

most of them can process still-image data at full-motion video data input rates. The 

motion JPEG compression, which is a sequence of JPEG streams, is used for the 

\'ideo process of the MCVV'S. 

4.5.2 Video Transmission with Synchronization 

.MPEG standard uses the inter-frame information to compress the video stream, 

and its resulting bandwidth depends on the amount of the movement of the object in 

the video contents. While JPEG standard does not use the inter-frame information, 

the size of the compressed frame can vary, since the compression rate for each video 

frame can change depending on the content of the frame. In the video transmission 

program, one frame consists of six or seven packets, and the size of JPEG data inside 

the packet is selected to 1.150 bytes, as in Figure 4.S. M the beginning of each 

packet, a time stamp is attached to be used for the synchronization with the audio 

stream. 

Since the video is transmitted using the I'DP transport layer, the video informa

tion could be lost during the transmission. To accomplish the intra-media synchro

nization. the frame number is attached to the first packet of each frame sequence. 

The following policies are used for the intra-media synchronization: 
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Figure 4.8: Buffering and Synchronization of Video Data 



• If the first parket of a frame is lost or arrives too late, the whole frame is not 

displayed. Even though the remaining packets of the frame are not processed, 

they are received since the sender continues to transmit them. 

• If a packet of frame |tn — I arrives when the current frame is in. it is discarded. 

• If the first packet of the frame jtn + I arrives when the current frame is in. skip 

displaying the frame jtn and start to process the frame jtn + I. 

The above policies are selected to process the video transmission and display the 

video without a lot of delay which come from the congested network environment. 

After the intra-media synchronization is achieved inside the video sequence, the video 

stream is synchronized to the key-medium, audio stream, according to the following 

policy: 

• After receiving all packets for a frame in. the time stamp of the video frame 

is compared with that of the audio frame through the shared memory. When 

the video frame is inside the synchronization threshold with the audio frame, 

it is displayed on the screen. When the video frame arrives too late, then it is 

discarded and the old frame continues to remain on the screen. 

The synchronization threshold for the video and audio stream over a specific net

working environment can be selected thanks to the object-oriented progranmiing. 
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Figure 4.9: MCWS Operation with Shared Image and Video Window 

Figure 4.9 is a screen dump of the MCWS operation. The system has three major 

functions - store, retrieve and conference, as explained in Chapter 2. along with op

tions selection. During the conference operation, the collaborating participants share 

the image of interest. While conversing with each other through the microphone 

and speaker (or headphone), they annotate on it using three kinds of frames. (In 

Figure 4.9, local participant uses fixed framing, while remote participant uses free

hand framing.) The video window is used to see the other participants during the 

collaboration. 
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4.6 Audio Record Process 

After a collaboration session, the event may be stored in the database for future 

reference of the meeting. In the medical applications, this stored session can be 

included as a patient's study file. The multimedia information used for the conference 

- especially audio and video - takes a lot of storage space. For example, a .30 minute 

conference session with 8 bit PCM audio (8kHz) needs about 15 MBytes of storage. 

Moreover, the MPEG video sequence of 1..5 Mbits/sec for 30 minute becomes almost 

350 MBytes, which requires a whole small PC hard disk. 

In the MCWS, the session is stored along with the image, image annotation in

formation. and voice stream, but not with video. The video stream is not included 

because of the huge amount of storage space needed. Even without the video, a 30 

minute session may need almost 20 MBytes of space, which is still a lot for small 

computer system. In the real collaboration session, the participants may not con

verse ail the time, and some of the talk may not be important for the real purpose 

of the collaboration. An ON/OFF switch is, therefore, provided, which controls the 

recording of the audio stream. The audio data is stored as separate files which con

tain each segment of the audio stream. All the collaboration session is stored only at 

the collaboration manager workstation, since it has the image and movement of the 

image annotation commands, and the local audio as well as the remote audio which 

is transmitted from the other participants. 
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Figure 4.10; Audio Record and Playback Diagram 



Figure 4.10 shows the software architecture of the audio record session (a) and 

playback session (b). The local participant and the remote participant play the 

voice data which was received through the network from the remote participant and 

the local participant, respectively. They maintain the synchronism with the image 

annotation data using the shared memory. In addition to sending the local voice and 

playing the received voice, the local participant stores the local voice (locaLvoice.au) 

and the remote voice (remote_voice.au) from the remote participant into the storage. 

In the playback session, the voice files are retrieved from the database along with 

the corresponding image and image annotation command to the workstation. To be 

played on one audio device, two voice files are added into one composite voice file as 

in Figure 4.10 (b). Because the /z-law PCM is nonlinear, it should be converted to 

linear data, and added, then again converted to //-law PCM data (added_voice.au) 

to be played on the /i-law PCM decoder which is inside the system audio device. 

4.7 Object-Oriented Synchronization Mechanism 

The MCVVS is designed to be able to work well with any environment. I'nder 

some circumstances, the user of this system may not have enough system resources 

to use all of the capabilities of the system. For example, they may not have a video 

camera or enough bandwidth for the full-motion video transmission even if they had 

a camera. The implementation of the synchronization mechanism also considers this 
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Figure 4.11; Process Relationships for Overall Synchronization 

possibility. The system is designed and implemented as modular a.s possible so that 

the synchronization mechanism works with any environment. 

Since the audio process is the key medium process, each synchronization is per

formed with the audio process, not with any other processes, to keep the indepen

dency to each other. .As you can see in Figure 4.11. text process is synchronized to 

the audio process, and video process is also synchronized to audio process. They 

are overall synchronized to each other through the common process (audio process). 

When any of the multimedia process is not used, the synchronization of the overall 

system is still maintained by this architecture. 

The interaction of three processes is illustrated in Figure 4.12. The three multi

media processes need a way of communicating with each other to share important 

informations. Interprocess Communication (IPC) tools are provided for the ('nix 

environment for that purpose. For the synchronization of the multimedia workspace 

system, shared memory is used along with semaphore to control the accessibility of 

the shared memory. 
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4.7.1 Synchronization System Architecture 

As you can see from the shared memory structure in Figure 4.12. the shared mem

ory has two fields inside - offset-time and audio_time_stamp. Three multimedia 

processes attach time stamps before sending the packets to the destination. The 

time stamp comes from the internal clock of the workstation. The C library function 

gettimeofdayC) is usually used to get the current time, which returns the elapsed 

seconds since January I. 1970. Since this \'alue is too big to be attached to each 

packet, an offset value is deducted from the return values of the function. Therefore, 

the return value of the function is written to the shared memory by one process (f.g.. 

audio process), and the other processes use it as an offset value for their time stamps. 

From our synchronization policy and algorithm (as explained in Chapter 3). audio 

stream is considered as the key medium and the other media streams should be 

synchronized to the audio stream. The time stamp of the audio process should be 

available to text and video processes, and it is written at the audio_timejstamp field 

in the shared memory. Since the text and video processes need to be synchronized 

to the audio process, the time stamps from them do not need to be available to the 

other processes. 
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Figure 4.13: Derivation Hierarchy for Synchronized Memory 

4.7.2 Object-Oriented Implementation 

Shared memory is created so that the multimedia processes can access it for the 

shared information. And semaphores are used to synchronize the processes. The im

plementation of the IPCs is a complicated programming and difficult to maintain and 

apply for different applications. Shared memory and semaphore are usually used to

gether, like in our application, to achieve the shared memory region with synchronized 

access. It is quite reasonable and useful, therefore, to implement a combined new 

IPC which is capable of both shared memory and semaphore. We call it a synchro

nized memory, and it can be implemented using the object-oriented programming. 

Since synchronized memory inherits the functionality from both shared memory and 

semaphore, it can be specified and implemented using the multiple inheritance of the 

object-oriented programming. Figure 4.13 shows the derivation hierarchy for syn

chronized memory. The responsibility and operations of each class are summarized 

as follows. 
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Name: 

Shared_Hemor7 

Responsibility: 

Manage the shared memozy and provide services for reading and vritixig. 

Operations: 

GetHemory 

SetHemory 

GetAddress 

SetAddress 

Semaphores are synchronization primitive. As a form of Interprocess Communi

cation (IPC), they are not used for exchanging large amounts of data, as are pipes. 

FIFOs, and message queues, but are intended to let multiple processes synchronize 

their operations. Our main use of semaphore is to synchronize the access to shared 

memory segment. The concept of synchronization of the semaphore should not he 

confused with the synchronization between multimedia streams. The following is the 

responsibility and operations of Semaphore class. 

Name: 

Semaphore 

Responsibility: 

Manage the semaphore and provide services for synchronization. 

Operations: 
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Lockit 

Unlockit 

IsLocked 

IsUxilocked 

LockWait 

After derived from two ancestor classes Shared_memory and Semaphore. Synchro-

nized-Memory class has the following responsibility and operations. 

Name: 

S7nchronized_Heinox7 

Responsibility: 

Manage the shared memoxy using semaphore. 

Operations: 

GetAddress 

GetArray 

SetHemory 

GetHemory 

The Syncjnem template class below is derived from the Sharjnem and Sema tem

plates. It provides a shared-memory segment and a semaphore IPC to synchronize 

access to the shared memory for multiple multimedia processes reading and writing. 

When a Syncjnem object is created, the Sharjnem constructor creates or accesses a 



no 

shared-memory segment, and the Sema constructor creates or accesses a semaphore 

that will be used to provide a synchronization mechanism. 

template <cl£iss T, int shmflags, int senflags, int mkey, int skey, 

int size> 

class Sync_mem 

: public Shar_meiii <shiiiflags, T. mkey, size>, 

public Sema <semflags, skey> 

> 

The synchronization mechanisms are thus implemented using the object-oriented 

programming and used by each of the multimedia (text, audio, and video) processes 

in the MCVVS. 
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CHAPTER 5 

EVALUATION AND TESTING METHODS 

5.1 Evaluation 

Two major contributions of this research are the use of object-oriented design on 

the multimedia collaborative system and the development of the multimedia synchro

nization mechanism. 

The object-oriented design increased software reliability and modifiability by de

coupling multimedia object specification and object implementation. Inheritance 

allowed the software code to be extensible and reusable, since new attributes and 

new operations can be added through the creation of new child object cla.sses with

out modifying the original code. The design and implementation of socket and au

dio device shows the inheritance and its benefits. .Also, polymorphism and dynamic 

binding increased flexibility and reusability of code by allowing the creation of generic 

software components and new classes using existing code. 

On the other hand, object-oriented design may introduce possible drawbacks com

pared to the structured procedural programming. For example, polymorphism and 

dynamic binding usually require long processing time. Some of the functions inside 
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the socket class were implemented using the virtual function which is a ('++ imple

mentation of the dynamic binding. TCP or UDP socket functions require e.xecution 

of the ancestor object, the generic socket object. The time to e.Yecute through the 

dynamic binding, however, is much smaller than the time spent in the communica

tions network. Therefore, the problem of delay with the dynamic binding does not 

affect the overall performance of the MCWS. 

5.2 Testing Methods 

The MCWS was developed and installed in the Sun Sparcstations with Sun Video 

card. Two workstations are connected through the .\TM network and also through 

the Ethernet on the local area network (LAN) environment, as in Figure o.I. 

•ATM switch and adapters from Fore Systems were used for the .ATM network

ing environment, and the optical fiber was used as a physical layer [32]. along with 

Ethernet and lOBaseT L'TP layer, as in Figure 5.2. The Forerunner .ASX-200 .ATM 

switch family provide ATM connectivity to LA.^I workgroup. L.AN backbone, and 

LAN/WAN internetworking applications. The features include 2.5-CJbit/s nonblock-

ing switching capability; connections for up to 24 ATM devices: 100- and l40-Mbit/s 

TAXI, 45-Mbit/s DS-3, .34 Mbit/s E3. and 155 Mbit/s 0C3c/STM-l link. 

ATM .Adaptation Layer (AAL) 5 was used with a Virtual Path Identifier (VPI) 0 

and V^irtual Circuit Identifier (VCI) 254. AAL type 5 supports connection-orionted 

variable-bit-rate bursty data services, although it wa.s proposed for use with both 
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connectionless and connection-oriented data services. (While four types of .\.\L lay

ers have previously been recommended by ITU-T. .\.\Lo has been proposed by the 

computer and data processing industry.) It transfers the data on a "best effort' 

basis and supports the error detection functions, but does not perform any error re

covery. and the lost or corrupted packets will not be retransmitted. However, it has a 

smaller bandwidth overhead and simpler processing requirements. The implementa

tion complexity is thus significantly reduced. Since the transmission error detection 

or retransmission can be performed by the transport or network layer of the .\I('\VS. 

.A.ALo adaptation layer is a reasonable choice for this system environment. 

The performance of the synchronization mechanism between text, audio, and video 

was confirmed through the human subjective evaluations. The subjective test result 
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using either ATM network and Ethernet was good and the users of the MCWS did 

not notice any unsynchronized play of the multimedia during the collaboration. 

The MCVVS is designed and implemented to work over any network environment 

including the wide area network (WAN) environment. Since it is difficult to have two 

active locations over the VVWN environment, the following test was done to verify the 

performance of the synchronization mechanism over the Internet. This test provitles 

the objective test result rather than the human subjective test. 

If the performance of the multimedia system is to be tested over the W.A.\' envi

ronment. three test methods may be possible. 

1. Test the system with each person located at each Internet location, and get the 

subjective test result and also gather the objective test data. 

2. Simulate the WW'S traffic within the L.AN environment. 

3. I'se a real WAS traffic data to simulate the WAX environment. 

In the first method, we need a superuser privilege to synchronize the global clock 

of the workstation to get the precise timing data from both locations, which is not 

easy in reality. 

In the second method, we add a gateway process at each destination host to 

perform proper operation on every packet it receives, which will result in a similar 

behavior as if the packet is transmitted across a WAS [64]. .As in Figure o.:i. a gateway 

process implements a traffic delay model and a packet loss probability for earlj packet. 
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A packet received by the gateway process will be dropped with a probability, or be 

delayed for some time before forwarding the packet to the receiving process. The 

delay time is generated by the delay model. 

The problem with this method, however, is that there is no exact mathematical 

model for the Internet traffic. [64] used a normally distributed delay model for 

the WAN traffic, but the real Internet traffic is far from the normal distribution. 

Figures 5.4 and 5.5 shows the real Internet traffic between the I'niversity of .Krizona 

in Tucson, Arizona, and Wake Forest University in Winston-Salem, .\orth Carolina. 
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The Internet connection between two locations consists of 14 nodes. The follow

ing is the output of traceroute between the University of Arizona and Wake Forest 

University at 2 PM, December 8, 1996. 

1 pancho.telcoia.arizona.edu (128.196.28.1) 6 ms 2 ms 2 ms 

2 Westgate-ARIZ.Telcoiii.Arizona.EDU (128.196.1.1) 2 ms 2 ms 2 ms 

3 sl-ana-9-S2/4-6H.sprintlink.net (144.228.79.29) 14 ms 26 ms 16 ms 

4 sl-ana-l-FO/0.sprintlink.net (144.228.70.1) 15 ms 17 ms 16 ms 

5 sl-fw-6-H2/0-T3.sprintlink.net (144.228.10.29) 42 ms 39 ms 41 ms 

6 sl-fv-S-F/T.sprintlink.net (208.12.128.5) 41 ms 39 ms 39 mi i 

7 sl-dc-8-H3/0-T3.sprintlink.net (144.228.10.17) 75 ms 75 ms 75 ms 

8 sl-dc-18-FO/O.sprintlink.net (144.228.20.18) 74 ms 74 ms 74 ms 

9 sl-mcnc-l-S0-T3.sprintlink.net (144.228.128.10) 85 ms 81 ms 86 ms 

10 rtp8-gv.ncren.net (128.109.70.244) 90 ms 80 ms 81 ms 

11 bgsm7000-gv.ncren.net (128.109.252.1) 85 ms 85 ms 84 ms 

12 152.11.118.2(152.11.118.2) 88ms 84ms 86ms 

13 152.11.202.205 (152.11.202.205) 88 ms 85 ms 85 ms 

14 relito.medeng.bgsm.edu (152.11.1.1) 91 ms * 86 ms 

Figures 5.4 is the histogram of round trip delay of the TCP packet with oI2 bytes 

packet size, and Figure 5.5 is that of UDP packet with 128 bytes packet size. The 

most prominent aspc>ct of the real Internet data is that they are not symmetiral (not 

a normal distribution) and there are very big delayed packet.s or lost packct.s. 
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Because of the drawbacks of the first two methods, the third method was used to 

test the system over the WAN environment. Instead of using the normally distributed 

data, the real Internet trafBc data were used, which had been collected over the real 

Internet, as in Figure 5.6. Two different Internet data were collected for each type 

of system multimedia traffic - TCP 420 bytes packet for text data. I.'DP 128 bytes 

packet for audio data. The examples of each traffic are shown in Figures 5.7. 5.8. 

respectively. 

5.3 Test Results 

The purpose of the test is to measure the performance of the multimedia synchro

nization mechanism of the MCWS in the LAN and W.AN environment. .\s mentioned 

in Chapter 3. the synchronization mechanism is applied between a media and the key 

medium (audio in MCWS). The difference between the delay of a media and that 

of the key medium over the network is of interest. The out-of-synchronization time 

(OoS) is. therefore, defined by the following equation in the LAN environment: 

OoS{LAN) = Dmedia. L — Dkeyjnedium. L (5.1) 

The OoS in the WA.N environment is defined as follows: 

Oo.9( W'.4.V) = Dmedia.W — Dkeyjmedium.W (5.2) 

= Dte.il. H-' — Daudio. H' (5.3) 

= (Dtrxt. L + Dtfxf. w) — (Daudio. L + Daudio. »•) (5.1) 
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In the above equations, Dmedia. L and Dmedia. W are the delay of media packet 

in LAN and WAN. respectively and Dmedia, w is the delay of the media packet in 

simulated WAN environment. This testing environment is illustrated in Figure -5.6. 

The total delay of the text packet is the addition of the delay in the LA.\ and that of 

simulated WAN. Likewise, the total delay of the audio (key medium) is the addition 

of the delay in the LAN and that of simulated WAN. The OoS is calculated by the 

difference between them, as in Figure 5.6 (a). The test was done between two .Sun 

workstations gpacsi and gpacsS in the Computer Engineering Research Laboratory 

(CERL) at the L'niversity of .Arizona, and the WA.M simulated data were collected 

from the real Internet data between gpacsi and relito at Wake P'orest Tniversity. a.s 

illustrated in Figure 5.6 (b). 

First, the OoS in the L.AN was measured with 420 bytes TCP text packet and 128 

bytes L'DP audio packet. The test output is shown in Figure 5.9. where the ^'-axis 

shows Dtext. L — Daudio, L. which is OoS(LA.\'). .Most of the outputs are of positive 

value, which means the audio packets arrive earlier than the text packets in the L.AN 

environment. The text process first checks the X-window event to take care of the 

user inputs, and then sends the framing information packet to the other participant. 

On the other hand, the audio process wastes no time to send the audio packet. This 

explains why the audio packets usually arrive earlier than the text packets. This 

result helps the overall synchronization, because the audio is the key medium for 

the synchronization algorithm. Less than 200 msec advance of the audio packets are 
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tolerable, since the buffer inside audio output device delays the real output of the 

audio packet. 

In the LAN environment, the threshold for the synchronization between audio 

and text is set to 100 msec, with the help of object-oriented programming. (We 

later change the threshold to 200 msec for WAN environment.) Only two packets in 

Figure 5.9 (marked by circles) are located beyond the threshold for LAN. It means 

that those text packets should be waited until the corresponding audio packets arrive. 

This is also taken care of by the synchronization algorithm in the previous chapter, 

and the overall synchronization is achieved. 

To simulate the WAN environment, the real text data of Figure 5.7 and UDP 

audio Internet traffic data of Figure 5.8 were used for (Dtext.w) and (Daudio.w) in 

the above equation, respectively. They are added (delayed) after the real text or 

audio data were received through the LAN to simulate the network delay in the 

WAN environment, as in Figure 5.6 (a). The resulting OoS is shown in Figure 5.10. 

In the W.AN environment, the threshold is set to 200 msec by the object-oriented 

programming. We find that three packets are lost and one packet is beyond the 

threshold. One late packet can be synchronized by the synchronization mechanism, 

while three lost packets cannot be recovered and we have a little discontinuity during 

the voice conversation. 
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CHAPTER 6 

SUMMARY AND CONCLUSIONS 

6.1 Summary 

The multimedia collaborative workspace system (MCVVS) was designed and im

plemented by the object-oriented design approach. The flexibility of the system was 

achieved by the use of the dynamic binding at the run time, and the abstract data type 

and inheritance made it to be more reliable and reusable. The overall maintenance 

and modification of the collaborative system became easier with the object-oriented 

programming approach. 

The multimedia synchronization mechanism has been also developed for the syn

chronization of the multimedia streams in the collaborative workspace system, which 

suffered a different transmission delay over the network. By using time-stamping. 

Network Time Protocol, and shared memory with semaphore, three different algo

rithms were developed for three different system environments. The .synchronized 

memory, inherited from the shared memory and semaphore, was also implemented 

by the object-oriented programming method. The synchronization mechanism was 

tested by the human subjective test and by the network simulation using thr real 

Internet data. 
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The MCVV'S was designed and implemented as general as possible. Therefore it 

can be used for any collaboration applications. Some of the examples are telemedicine 

(including Global P.\CS). group decision support system, distributed simulation, and 

telescience. 

6.2 fViture Work 

The current system works for two participants - local and remote participants. 

For more than two parties to participate in the collaboration, the system architecture 

should be modified to accommodate the multi-participant system. The multicasting 

of the media stream is highly recommended to lessen the burden of the network 

which carries the high volume trafRc. .And a separate collaboration manager process 

is suggested, which can arrange the schedule of the participants and take care of 

the dynamic joining and departure of the participants during the session. .\lso the 

appropriate Quality of Services (QoS) should be set and guaranteed for each network 

communications paths. 

The current Internet architecture supports the best-effort service, which means 

that it sometimes cannot support all the bandwidth requirement of the multimedia 

communications. To solve this problem, a couple of resource reserx'ation schemes are 

being developed by the Internet IETF. One of them is Resource Reservation Protocol 

(RSVP) and the other is Stream Protocol version 2 (ST2+). On the other hand. .\T.\I 

network uses a different signaling protocol called Q.293I. For a guarantcefl quality 
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of the collaboration system over the public network, it is recommended that one of 

the reservation schemes should be included in the next version of the system, as soon 

as they are widely available. 

The synchronization scheme which was developed in this research may be affected 

by the time-sharing nature of the UNIX operating system. .Many of the I'NIX op

erating system (including Sl'N Solaris) now support the multi-threading. If each 

thread is devoted to the processing of each media and the synchronization, the over

all quality of the synchronization can be more improved, since the timing can be 

more precisely controlled without being affected by the time-sharing nature. 

The object-oriented decomposition of a large hierarchy of classes is complex and 

difficult to manipulate. In real-life software applications, a program may have an 

extensive class hierarchy spanning many levels of subclasses. given subclass typi

cally inherits methods and instance variables from many ancestors defined in separate 

locations/source files. Unless decomposed properly using 00-based tools, the inher

itance and polymorphism mechanism can hide a bad design through the derivation 

of new classes but not fix the flaw in the underlying design. The system should he 

repeatedly reviewed and reengineered to accomodate the system requirements and 

new functionality. 

The MCWS is a good example of distributed system with distributed objects. The 

communications between the objects in the participating workstation are performed 

using the socket level programming. Even though the socket programming works 
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Rne for our application environment, the system lacks of the scalability and integrity. 

To solve those problems, the use of middleware should be considered for the future 

system [9.3. 94. 95]. 

The middlewares for the distributed systems include Distributed Computing En

vironment (DCE) from Open Software Foundation, Distributefl Component Object 

Model (DCOM) from .Microsoft Corporation, and Common Object Request Broker 

.Architecture (CORBA) from Object Management Group (OMG). DCE was designed 

to support distributed procedural programming, while CORB.A was designed to sup

port distributed object-oriented programming. Even though DCE currently provides 

more services than the CORB.A implementation. CORBA should be the right choice 

for the middleware for the object-oriented .MCWS. 

DCOM is a Microsoft specific distributed solution, while CORB.A products are 

available from over 20 different vendors. Also CORB.A products support Microsoft 

and non-.Microsoft operating system. Since DCOM is well suited to front end applica

tion development, if the entire system runs under Microsoft platform. DCOM might 

be a good choice. The .MCWS is supposed to work on any platform, so CORB.A is 

recommended over the DCO.M. 

The CORBA objects can be accessed from the Web-based application. The 

pure HTML-based applications are capable of accessing CORBA objects via Com

mon Gateway Interface (CGI). .A pre-compiled application ran dynamically generate 

HTML pages based on the results obtained from arbitrary invocation of operations. 
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Since this solution has the advantage of being based only on HTML, it is not specific 

to a particular Web browser. 

Moreover. Java applets can be downloaded via Web-based applications. These 

Java applets are capable of directly accessing CORBA objects via Internet Inter-

ORB Protocol (HOP). By introducing CORBA communication into a Java applet, 

arbitrary CORBA services can be accssed directly. These services can be developed in 

any language supported by CORBA or on top of any CORB.A product that supports 

HOP. 
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