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Preface

Technological advances are revolutionizing computers and networks to support
digital video and audio, leading to new design spaces in computer systems and
applications. Under the surface of exciting multimedia technologies lies a mine of
research problems. The goal of this workshop, which was sponsored by 1EEE
Computer and Communication Societies, in cooperation with ACM SIGCOMM,
SIGOIS and SIGOPS, was to bring together the leading researchers in all aspects of
multimedia computing, communication, storage, and applications.

The field of multimedia has witnessed an explosive growth in the last few years.
This workshop, the third in the series (the first was in November 1990 at Berkeley,
California, and the second in November 1991 in Heidelberg, Germany) atiracted a
record number of 128 submissions from four continents (America, Asia, Australia
and Europe). Each submission was reviewed by three program commitice members.
The selection of papers was extremely competitive, with enly 26 full papers and 14
short papers being accepted. There were seven full paper scssions and five short
paper scssions. In addition, there was an illuminating invited keynote banquet
address by Professor Edward A. Fox of Virginia Polytcchnic and State University
on the topic “Progressing Towards a Hypermedia National Library”. In order to
keep the workshop environment conducive te in-depth interactions among active
researchers, atendance at the workshop was by invitation only. The number of
attendees al the workshop was about 95 from 15 countries.

This book constitutes the formal proceedings of the workshop, Authors of the best
papers of the workshop have been encouraged to submit full papers for early
publication in the ACM/Springer-Verlag journal Multimedia Systems (the first
journal to focus exclusively on issues relating to multimedia), and also to ACM
Multimedia 93, the first ACM intcrnational conference on multimedia, August 2-6,
1993, Anaheim, Calilormia.

1 would like to thank the program committee members for their timely and in-depth
reviews, which contributed greatly to constituting what was a very solid workshop
program. My thanks also go to my students, Harrick Vin and Srinivas
Ramanathan, and my secretary, Ida O'Neil, for their help and involvement in
making arrangements for this workshop.

In closing, I am pleased to present this beok reporting on the state-of-the-art
research in multimedia systems.

June 1993 P. Venkat Rangan
Program Chair
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Session 1: Network and Operating System Support for
Multimedia

Chair: Domenico Ferrari, University of California at Berkeley

The first scssion of the workshop consisted of four presentations that covered a wide
varicty of topics: from a new type of local-area network for multimedia applications
to LAN support for video conferencing, from an implementation of an internetwork
real-time protocol to priority inversion countcrmeasures in the context of multimedia
applications.

Kevin Jeffay of the University of North Carelina described one of the many current
projects intended to explore what can be done with present-day networks and protocols
in the area of multimedia applications. Unlike other efforts, this one relied on a real-
time operating system, YARTOS, developed by Jeffay and his coauthors. As long as
their results arc not interpreted in a much more general and long-term prospective than
warranted by their here-and-now, ad-hoc scope (for example, if they are not used to
"demonstrate” that admission control is not needed because "the system works even
without it"}, these studies are useful, as they often enhance our understanding of the
requiremendts of continuous-media applications and our experience with them. The case
described in the presentation was the one of deskiop conferencing between two users
across an Ethernet or another 1LAN. Particular attention in the talk was paid to the novel
transport protocal designed to manage adaptively the scarce and time-variant available
bandwidth, deliver audio packets reliably, reduce end-to-end delay and jitter, and deal
satisfactorily with packet losses. The protocol runs on top of IP, and uses some more
bandwidth than UDP, but is obviously better than UDP for conferencing applications.

The second presentation was given by Gerard Smit of the University of Twente
in the Netherlands. It provided an overview of, and some of the details about, a new
type of local-area network called Rattlesnake, which has been designed considering the
needs of real-time applications as well as those of the more traditional oncs, Like DEC's
AN, it is charucterized by an aggregate bandwidth much greater than that of each link;
however, Rattlesnake is based on a fixed topology, that of a Kautz graph, and is not self-
reconfiguring; on the other hand, AN1 does not make any distinction between real-time
and non-rcal-time traffic, whereas Rattlesnake relies on hybrid TDM to provide circuit
switching to the former and packet switching to the latter. Also, cut-through is used
for real-lime packets, while the non-real-time ones arc stored in the switches and then
forwarded. The choice of hybrid TIXM was, in the opinion of some of the attendees,
not sufficiently motivaled in the presentation, as the main argument seemed to ignore
the existence of a number of schemes that can provide hard real-time guarantecs even
with ATM or, more generally, packet switching. The properties of Kautz topologies
were considered interesting; in particular, the fixed degree, the fault tolerance, and the
self-routing capabilities even in presence of Jink failures,

Ralf Herrtwich of the IBM liuropean Networking Center in Heidelberg, Germany,
talked about the implementation of the ST-II protocol that was done at ENC. He sum-
marized the reasons for choosing ST-II as the intemetwork protocol in the Heidelberg
Transport System (1eiTS), which has been built to support a distributed multimedia
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platform. He also discussed the addidons and enbancements made by him and his ccau-
thor to 8T-II {0 complete it and make it better snited to the needs of multimedia walic: in
particular, resource managemcnt mechanisms, characterized by optimistic {non-worst-
case) reservation and graceful degradaiion, and a feedback scheme to allow rates to be
controlled without having to keep all clocks in synchrany. This implementation of ST-II
is probably the most complete and interesting to date. It is to be hoped that its authors
will soon report on their experiments and experience with it

The fourth and last paper of the session was presented by Akire Makamura of Cam-
bridge University in England. The connection between the two parts of the presentation
was not easily grasped by the audiencs, In its first part, moch longer than the second,
the paper describes 4 new algorithm t0 deal with the priority Inversion problem; the
algorithm is less conservative than the priority ceiling protocol, which may cause wait-
ing on a shared lock even when it is not necessary. In the second part, the question is
raised whether the scheduling problems that may be caused by shared locks are really
encountered in multimedia applications. The authors of ihe paper argue, unfortunately
without providing any experimental evidence, that these applications may encounter
lock conflicts, if any, between processing stages for the same stream rather than for
access to data structures shared by several independent streams. Thus, in 2 sense, oper-
ating systems should not be extended, but rather reduced, and in any case, rethonght and
redesigned, for multimedia applications. The arguments presented in the second part of
tite talk sparked a heated debated between those who agreed and those who disagreed
with the main thesis of the authors; the discussion was unfortunately cut shori by the
expiration of the scssion’s deadline.



BIBLIOTHEQUE DU CERIST

Adaptive, Best-Effort Delivery of Digital Audio and
Video Across Packet-Switched Networks’

K. Jeffay, DL. Stone, T. Talley, F.D. Smith

University of North Carclina at Chapel Hill
Department of Computer Science
Chapel Hill, NC 27599-3175 USA
{jeffay stone talley smithfd} @cs.unc.edu

Abstract: We present an overview of a “best-effort™ wansport protocol that supports
conferencing with digital audio and video across interconnected packet switched
networks. The protocol delivers the highest quality conference service possible given
the current load in the network. Quality is defined in terms of synchronization between
audio and video, the number of frames played out of order, and the end-to-end latency
in the conference. High quality conferences are realized through four ransport and
display mechanisms and a real-time implementation of these mechanisms that
Inlegrates operating system services (e.g., scheduling and resource allocation, and
device management) with network communication services {g.g., transport protocols).
In concett these mechanisms dynamically adapt the conference frame rate to the
bandwidth available in the network, minimize the latency in the displayed streams
while avoiding discontinuities, and provide quasi-reliable delivery of audio frames.

1. Introduction

The focus of this work is on the real-time transmission of live digital audio and video
across interconnected packet-switched networks. Our goal is to support high-fidelity
audio/video conferences, e.g., conferences with high quality audio and full-motion
color video. The approach one adopts for the real-time communication of audio and
video will depend on numcrous factors including the architecture of the avdiofvideo
subsystem, the encoding and compression technologies employed in the audio/video
subsystem, the available network bandwidth, and the degree of physical layer support
in the network for real-time communication. As a starting point we consider existing
local area networks (i.e., ethemets, token rings, and FDDI rings) interconnected by
bridges or routers, and an andio/video system that acquires and compresses individual
frames of video at NTSC rates.

One technical challenge in this environment is to manage and accommodate jitter in
the audio/video streams seen by the processes responsible for displaying the streams,
In order to sustain a high-fidelity conference, frames of audiofvideo data must arrive
at a displaying woikstation so as to be played at a precise rate (e.g., one frame every
33 ms for NTSC video). Although these frames can be generated at the desired rate by
the originating audio/video hardware, the exact rate at which frames arrive at a
receiver can be grossly distorted by poor operating system schednling and resource
allocation on the transmitting and receiving workstations, and varying load in the
network. Jitter is problematic becanse it can cause discontinuities in the playing of
audiofvideo streams and can increase the latency of the conference. Jitter therefore
directly impacts conference quality.

* This work supported by the National Science Foundation {grant numbers CCR-9110938 and
ICI-9(15443), and by the Digital Equipment Corporation and the IBM Corporation.
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It ig instructive 0 view a video conferencing system as & distributed pipeline. Frames
of audio/video data are acquired, digitized, and compressed at one machine,
transmitted over 2 network 1o a sccond machine where they are decomprassed and
displayed. ideally esch stage of this pipeline should operate in real-Hme, that s, each
stage should process 2 frame before the previous stage ovtputs the following frame,
Through the use of z real-time operating system that provides comyputation and
communication services specifically tailored to the neecs of applications that process
continuous-time mediz streams such as digital audio and video [4), we can closely
control the processing of audicfvideo frames on a transmitting workstation {0 ensure
that frames progress from acquisition and compression hardware to the network
interface with minimal jitter. Cormrespondingly, on the receiving machine, we epsare
the arriving frames are deliversd to the avdio/video subsystems for display with jitter
no warse than in the arriving sieam. However, in our environment we cannok control
other nses of the network ard hence we cannot provide the same level of control over
the transmission of individual frames.

We have developed a set of techniques for the tramsmission and display of
audio/video frames that yield the highest quality conference possible given the
corditions prasent in the network. First, in the transport layer, andic is transmitted
redundantly (i.e., units of audio dats are transmitted multiple times). This allows a
corforence receiver to fonction well in the face of packet loss. Second, real-time
scheduling and queve management echnigues are used in the transport and network
interface layers to manage conference latency and automatically adapt the data rate of
the conference to varying network bandwidth, At a conference receiver the display of
audin and video data follows a protocol 10 {further) manage conference fatency and
amelicrae dzviations in inler-arrival times of audio/video data. The third mechanism
dynamically varies the synchronization between displayed audio and video. This
atlows a receiver to trade off synchronization betweoen avdic and video for low
conference latency and the ability to accommodate large deviations in interarrival
times of andiofvideo data. Lastly, a data aging mechanism is used to reduce the
latency in a conference after periods of high network load. Together, these
mechanisms form a transport and display protocol for conferencing. 1t is argued that
these mechanisms, in concert, provide the best possible conference service given the
available network bandwidth at any point in time,

Thess techniques have been implemented in a muttimedia transport protocol (MTP)
that has been ysed o ransmit live digital audio and video across packet-switched
netwozrks wsing Intemet (P protocols [7]. We have investigated the effects of these
wransport and display technigues on the gquality of the audio and video streams
displayad at the receiver under a variety of network configurations and icading
conditicns. In this paper we survey two of the techaiques we have developed to
amelicrate the effects of jitter. These are the dynamic variation of audiofvideo
syncironization and the adaptation of the conference frame rate 1o that currently
susiainable in the network. The following section presents our requiremenis for
audio/video wansmission and describes the technologies oo which our work is based,
and describes the salient communications problems this work addresses, We follow in
Section 3 with a description of the transport and display mechanisms that address
jitter. We conclude in Scection 4 with a review of ouar resulis.





