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8 CHAPTER 1) MULTIMEDIA COMMUNICATIDNS

Table 1.4 Selected Videoconferencing Standards (Basic Modes)

Standard Network Video Aundio
H.320 (1990) ISDN H26) G7I1
H.323 (1996 LANsInternet H26) G701
H.324 (1995 PSTN H24% G723}
H.310 (1996) ATM/B-1SDN H.262 MPEG-]

Abbrzviations: ATMB-BDN, Asynchronous Transfer Mode/Broadbind ISDN: MPEG-1, stardard for videotipe qual
ity vileo s high qually awdiv on s CD; PSTN, Public Swikhod Tdephvne Neworh.

quality since MOS ‘or any coder varies according (o tesi conditions. This is why a range of MOS
valuves is given for G.711. The complexity measure is millions of instructions per second (MIPs).
and is also appraximate. In the bit rate column, a range of bit rates is shown for G.726, which
indicates that this eader has selectable rates at 16, 24, 32, and 40 Kbit/s. Ir contrast, 1S-96 and
1S-127 show a range of rates, but these rates are adaptiely varied by the coder based upon the
input speech. These coders are therefore designated variable rate coders, Some of the coders
shown are for wireine telephany, some are tor digital cellular, and several are used n video-
conferencing and rultimedia apolications. Key information presented in Teble 1.3 is typic:l bit
rates that arc possitic and the substantial level of complexity that has become common for these
telephone bandwidh speech coders,

There are also wideband spzech compression methods, such as G.722, and newly evolving
standards in thisarea (G.722.1 ), plus wideband audio. sich as MP3. We leave further discussion
of thesa topics ty later chapters. For completeness, Tahle 1.4 lists important videoconferercing
standards. The vide» and audio codecs listad in Table 1.4 are only for the basic modes, and sev-
eral altamatives arepart of the more complete standard 1nd are often implemerted—see [hepter
6. Note that the stendards listec in Table 1.4 are systems standards, and as such, have multi-
plexing and conrolas part of the specification. These a® not shown in the table, but are led for
discussion in Chaper 6, Considerable effort is also being expended in developing the Mation
Picture Experts Group standards MPEG-4 (for object-based audio-visual represcntation) and
MPEG-T (for multinedia content description interface), which will be important to mukimedia

communications ever networks and these are disenssed in Thanter &

1.8 DUUKLEANL ESTINATIUN TENWVINALY

[n this chapter, we 1se the word rerminal 10 refer to any device that connests a user to the net-
work, For voice comumnunications over the PSTN, the tenminal may sinply be a ielephone hand-
sot, or for the Intemet, it may be a deskiop computer. However, today and certainly for the fuiure,
terminals are go ngto take a host of shapes and sizes and be asked to accommodate & full range
of tasks. Terminsls will thus be classified according to characteristics such as: sources hardled
(messagmg, voice, data, images, video), size and weight, battery power and battery life, input
devices (keyboards microphone, or handset). output devices (handset audio, Jow-resolution
black-and-white display, high-resolution color display), input/output (1/0) and processor speeds.
special signal prcessing capabilities, mobility, and portability One or more of these character-
istics can diciate wiat can and cannot be done in a particular multimedia application

SCALE VIDEO CODING, LLC IPR2024-01371 Ex. 1016, p. 13 of 17
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1.5 APPLICATIONS OF MULTIMEDIA COMMUNICATIONS NETWORKS 9

At the time of this writing, thore are several trends in evidence, First, central processing unit
(CPU) speeds for dasktop machmes are at 850 MHz, and 1.2 GHz speed: are on the near hon-
zon. In fact, Intel projects that by 2011, chips will have 1 billion transistors, 10 GHz clock
speeds, and an addiional 10 times increase in performance. The increases in performance will
be due to innovaiors such as the use of increasing parallelism. Therefore. the 10-GHz chips will
be 100 times more »owerful than the 1-GHz chips soon to be available. Second, mobile, highly
portable terminals such as laptop personal computers (PCs) and palm computing devices are
cvolving rapidly in terms of weight, power dissipation, battery life, and display capabilities, with
palm computing devices certain to be important terminzls of the future, Third, it is evident that
special-purpose signal processing will be a significant part of tomorrow's terminals, and con-
sidering the compression needs as outlined in Tables 1.2-1 4, Digital Signal Processors (DSPs)
are going to be s major component in these terminals. This trend will be secelerated for wire-
less connectivity sich as in third-generation digital cellular and evolving wireless LAN stan-
dards. since considerable signal processing will be needes! to mitigate the effecis of the
time-varying wireless channels and 10 achieve reliable data (hroughput, DSP processor speeds
are mereasing at  jate that tracks rates of increases in CPU speeds, and DSP designs are also
exploiting techniques to extract more MIPS per MHz of processor speeds. There is also sub-
stantial effort being expended to develop low-power DSP designs in response to the need for
DSPs in wireles: devices.

Many differeat types of terminals will be connected to a network at any one time; further-
more, several kinds of terminals will often be involved in a single multimedia communicanons
session. It is casy te imagine such a scenario for streaming applications. For example, a presen-
tatien by a chief exceutive officer (CEQ), a seminar by a rescarcher, or a training scssion for a
picce of equipment may all be available via streamed audio and video from a server. Users inier-
esied in any of these may be spread throughout their organization, out of the office on a busi-
niess wip, or simply working at home. The streamed session would then be accessed by desktop
PCs. laptop PCs. pessibly PDAs, or perhaps, through a wireless phone with audio-only capabil-
ity. Bacause of the yreat popularity of the Internet, the issues involved with transeoding multi-
media content for azcess via a variety of different terminals i¢ under way,

“The widely varying types of terminals and the diverse types of physical layer channels will
create an even mor: heterogeneous environment than we have today in the Internet. This will
keep the pressure on the development of new protocols and network interfaces to maintain infer-
opcrability at the high level expected.

‘WORKS

The heterogeneity mentioned in the previous section becomes explicitly vizible when one con
siders the Multimedia Communications Network shown diagrammatically in Figure |.3.
Network connection speeds range from a few tens of Kilobits per second to more than 100
Mbit/s, and the media that comprise these channels range from optical fiber and coaxial cable
through copper wirc pairs and free space. The terminals may be high-end workstations with
large displays, desioop personal computers, battery-povered laptops, and personal digital assis-
tants (shown as personal communicators in the figure) that have small black-and-white displays.

The two most common multimedia communications applications today and that are foreseen
in the near future are video streaming to multiple users and party-to-party or multiparty video-
conferencing. Inthis section, we present typical scenarios for these two applications and high-
hight some of the 1ssues and challenges.

SCALE VIDEO CODING, LLC IPR2024-01371 Ex. 1016, p. 14 of 17
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10 CHAPTER 1/ MULTIMEDIA COMMUNICATIONS

1.5.1  Vidco Strcaming to Multiple Users

For this applicatior, we assume that the Multimedia Server in the upper left-hand comer of
Figure 1.3 wishes te stream a video lecture 10 any user on the network . The video may be stored
in MPEG-2 format [standard for movie quality video and audio), which is very high quality, but
direct streaming of MPEG-2 video requires a variable rate of from 4 to 10 Mbit/s. Such rates
would be incompatble with many of the network connections shown in Figure 1.3, so the first
inclination might be 10 transcode this information down to a rate that is commensurate with all,
or amajority of, the network links. The video compression method of choice to do this might be
H.263, which offers a wide range of rates and frame sizes, and is widely supported. The result
of the transcoding, however, would be that we would have a least common denominator encod-
ing, so that even these users with higher rate network connections would be forced to accept the
quality produced for the low-rate users.

One approach 1o working around the lowest common denominator limitetion would be to use
a layered coder with multicasting. That 1s. you would cnoose a video coder that allows muitiple
Ccompression rares tat can be obwained by incremenally lmproving the base layer. Coders that
have this capability are sometimes said to be scalable. MPEG-2 has several scalability options,
including signal-to-noise ratio (SNR), spatial, and frame rate scalability. One or more of these
options could be used and combined with multicasting to create (say) three multicast groups.
The first group would be the baseline coded layer, and the other two would use scalability to cre-
ate i tal impi ts in output quality as users join the remaining two multicast
groups. There might be another good to use multicast in this application. Specifically, if
the desired number of viewers is large, unicast transmissions to each of them could flood vari-
ous links in the nerwork. If multicast is employed, users on congested links could reduce the rate
by reducing the nunber of multicast groups that they join.

FIGURE13
Multimedia communi:ations network. (ATM = Asynchronous Transfer Mode )
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1.5 APPLICATION) OF MULTIMEDIA COMMUNICATIONS NETWORKS 11

Ancther appreach to establishing intoroperability betweon notworks would be to transcode at
network gateways. There are three disadvantages usually cited for transcoding: (1) complexity, (2)
delay, and (3) adied distortion. For video streammg, because it is one way, delay is not a seious
concern. Complexity would be an issue at some network interfaces, and in those cases, the
streamed video migat not be trarscoded, thus yielding degraded network performance and poor
delivered video qualty. If complexity does not preclude ranscoding, then the remaining issue is
the distortion added during the transcoding process. Of course, ranscoding to a lower mate will
yield lower qualily, smaeller frame size, and/or slower frame rate, so it is key to add as litle addi-
tional distortion as possible. This implies that we would prefer to not completely decode badk to
video and then re-cacode the video at a lower rate (not:ce that this has implications in terms of
complexity and delay, 100). We would add less distortion if we could directly map the encoded
stream, or at least tle decoded parameters, directly into a lower-rate-coded version. As vou can
imagine, there are rumerous possible opticns corresponding 1o any given network interface and
the particular compression method, and so we do not go into further detail here.

1.5.2  Videoconferencing

One-to-one videocenferences (single party to single party) are relatively easy to deal with.
Compared to vidoo stroaming, the serious new issuc that arises is latency or round trip delay.
During call sctuy, the users can negotiate the particular compression methods to be usod and the
desired transmitied data rates, Usnally the two participants agree on these issues and the con-
ference can be initisted. Each user thus sees and hears the other participaat, subject to distor-
tions or breakup in fie video or audio due to packet losses. In the situation where the totzl video
and audio transmitred data rate cannot be sustamed without packet losses, it is often desirable to
give priority to tie tudio signal. This is because participants are more forgiving of breakups in
video than in audio.

Notice in thiscase that it does not make sense for a participant with a high data rate connec-
tion to request or send high-rate video if the other participant has a much lower rate channel.
The lower-rate caamnel cannot send or receive data at the higher rate. Thus, one-to-one video-
conferences are negotiated to preferences that reflect the lowest common denominator ia trans-
mitted data rate. In Internet videoconferencing, the principal question to be answered before
attempting a coafeence is whether each user supports @ common videoconferencing tool.
Compared to the fimiliar PSTN videoconferencing applications, Intemme! videoconferencing
tools offer more diversity and Iess standardization.

e it i mrembhon af s ' *~ desirable that all par-

: zudio from all of the

it (MCU), and then
retransmutting the combined aud.o to each participant. The drawbacks of such an approach arc
that all of the audio has to be decoded, bined, and re- ded, resulting in high complexity
and possible performance loss. Another alternative is for each participant to transmit audio to
all of the other particpants. This approach requires that all participants cither use the same andio
coding methed, so that an appropriate decoder is available at every location, or that all partici-
pants be able to lecode all compression schemes in the videoconference. Note that the bitrate
over the links does 1ot increase linearly with the number of conference participants since there
is usually only a sinzle speaker at any time instant.

The question of what video is displayed at each location is also important. Preferably ach
participant should b> able to see all other participants at the same time. As long as bandwidth is
not 2 problem, multile received video streams can be presentad on the computer display in what
is often called a “Ha lywood Squares™ arrangement. With reference to Figure | 3, notice thatthis
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may not be posabls for all participants because of their mdividual bandwidth limitations or
because of the resolation of their terminal’s display. This problem can be simplified by adopting
the approach that participants are provided with only the video of the current speaker. This
approach makes szase because there should be only a single speaker at any one time instant:
howaver, this speaker can be ar any of the locations, and the speaker may change fairly often.
There are three standard approaches t accommodating the need for switching the video sup-
plied to participants. The first is what is called director control, where pne participant 1n the
videoconference is designated the director and manually switches between locations as a par-
ticipant begins to speak. For this to work well, 1t is desirable that the director have access 1o all
of the audio. A secend scenario is where the video 15 switched automatically by a volume cue
that selects the location with the loudest audio. To prevent rapid, but inadvertent, switching due
to coughing, dropped objects, doors slamming, etc., there is usually a requirement that the loud-
est audio be preseat for some minimum time interval. A third alternative is for cach participant
to choose which video stream is displayed on his or her individual terminal All three of these
approaches are in wse today.

As in video srezming, network heterogeneity and the variety of devices serving as user ter-
minals present challenges to videoconferencing. Since there is already considerable delay due
to video compressicn and possible audio combining, additional delay due to transcoding at net-
work gateways becomes difficult to tolerate. At the same time, it is much preferred for each par-
ticipant to be able 10 choose the bit rate over its local network link so that the quality of the
videoconference can be kept as high as possible.

Multicast transmussion can be particularly useful in this environment. Of course, the situation
where all participaats are multicasting could also aggravate traffic congestion. However, it
would be unusual for all participants (o be able to multicast their audio and video. either because
they lack multicast capability or because their local link bandwidth precludes sending more than
a single data stream. Multicasting combined with layered video compression methods presents
the best videoconferencing quality to participants, since each participant can choose the quality
received in proportipn to either available link bandwidth or the processing and display capabil-
ines of the participent™ terminal

1.6 CONCLUSIONS

The stated goal of “ubiguitous delivery of multimedia contert via seamless network connectiv-
itv" is becoming a reality. Certainly there are many technical challenges, but new solutions are
haine dovelansd moser Aav and tha coammarecial demand fae tho m:nlﬁn? Sefvim iS largc md

100 and a host of new

aining chapters of this
book develop key topics in greater detail and describe many of the particular applications of
multimedia commuaications over networks that are avoilable today and will be available in the
near future.

1.7 FOR FURTHER READING

The chapters in the 'emainder of this book elaborate on many of the issues raised here, Two addi-

tional references of interest are:

). D Gibson, T. Berger. T Lookabaugh, D. Lindbergh, and R. L. Baker, Digital Comprossion for
Mulzimedic. Prircples and Standerds. Morgan Kaufinann Putlishers, San Francisco, CA, 1993,

L. L Peterson and B. §. Davic, Compuicr Neworks. 4 Syseems Approach, 2od ed., Morgan Kaufmann
Publishers, San Frmcisco, CA, 2000,
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