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Standardizing video, audio, anddataexchange formats under the auspices of
the International Telegraph andTelephone Consultative Committee (CCITf)
will make possible a largenew market in standard videoconferencing
devices. This paper describes a possible solution for multipoint, multimedia
conferencing in such an environment.

Introduction
Current trends in information sys­

tems technology include integrating comput­
ing and communications, multimedia multi­
partyconferencing, distance learning, com­
puter supportedcollaborative work (cscw),
hypermedia systems, and other distributed
multimedia services.

The impact ofthese advances may
revolutionize society. Multimedia conferenc­
ing is not onlya way to reduce travelso peo­
ple canwork together in a global market­
place; it also is a methodto help people work
together more effectively and more produc­
tively, regardless oftheir locations. Bybring­
ing computertoolsand on-line information
access to the meetingroom, the decision­
making processcan be improved, and intel­
lectualpropertysuch as designsor docu­
ments can be created duringthe meeting.

The volume of information bombard­
ing us is overwhelming. Hypermedia systems
(Le., multidimensional, multimedia docu­
ments), mayneed to interactively access
information located at manyplacesovera net­
work. Computer-based information process­
ing toolswill soon becomeessentialto assimi­
late this information.

Video compression and the Inte­
grated Services Digital Network (ISDN) are
"enabling" technologies that help makethis
revolution possible. Anotherrequired
enabling technology is a set ofstandards, pro­
tocols, and a signaling systemto access these
revolutionary newservices.

These newservicespresent two
major communications requirements.

Multimedia Requirements. The network
must transportmultimedia rather than today's

primarily audio-oriented unimedia. Multi­
mediaincludes audio, video, and other data,
i.e., alldigital equipment excluding audio and
video, eventhough the audio andvideo may
be digitized. To transportmultimedia infor­
mation, multiple network connections may
need to be associated witheach other and
alsosynchronized. An ISDN Basic Rate Inter­
face (BRI) provides two 64kilobytes per sec­
ond (kb/s) B channelsplusa 16kb/s D (sig­
naling) channel, to offer 128 kb/ s ofusable
bandwidth. Because multichannel callrout­
ing is notyet generally available, a user may
haveto request two separateB channelcalls.
These maybe routed overthe network
through totally different routes and hence
incurdifferent delays.

Multiparty Operation Requirements. Group
workimplies multiparty operation. Thus, two
newrequirements mustbe considered:
- Signaling formanaging multimedia, multi­

partycalls. The signaling aspectis complex.
There is a need for flexible conference
dynamics, e.g.,addingor dropping parties,
and changing mediabandwidth allocation.
Also, each user mayhavemore than one line
to the network, and each site mayhavemore
than one user. Access privileges (e.g., pass­
wordcontrol for enteringa conference) and
billing alsomustbe considered.

- There must be provisions for media­
specific bridging, i.e., audio bridging, video
bridging, and databridging. These media­
specific bridgingrequirementsare covered
in detail in the next section.

Implementation Problems. The prob­
lemswithimplementing these multimedia,
multiparty services on today's ISDN network
include:
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- Signaling on the D channel is only between the end­
point and the nearestnetwork termination (i.e., the
private branchexchange [PBX] or the local central
office). User-to-user signaling is limited at best, and is
not universally supported throughexisting networks.

- All basicunrestricted digital network services are
point-to-point.

Multimedia Conference Bridge System Architecture
This section introduces a solution basedon a

multimedia conference bridge, or, usingccrrrterminol­
ogy, a multipoint control unit (MCV). The MCV is con­
nectedto the network viaone or more digital trunk inter­
faces. It can be connected to a centraloffice switch, a
PBX, or anyother convenient pointthat is accessible via
dial-up point-to-point services from the user terminals.
Figure 1 illustrates the configuration.

To conduct a multiparty, multimedia conference,
point-to-point clear-channel circuit connections basedon
the conventional (Q.931) ISDN signaling procedures are
established between the user terminals andthe MCV.
The MCV performs several basicfunctions.

Conference Management. Conference manage­
ment involves making and receiving calls, negotiating
anddynamically managing the bandwidth allocated to
eachmedia, adding and dropping conferees, and manag­
ingthe media-specific bridges.

Audio Bridging. In addition to the basicaudio
bridging function ofaudio summation andgaincontrol, a
multimedia audio bridgeshouldperform the following
extrafunctions:
- Audio energylevel monitoring, for optional video con­

trol and talkerindication.
- Transcoding between different typesofspeechcod­

ings. Transcoding allows conferees with different qual­
ityspeechencoding methodsto talktogether, without
dropping to the lowest common denominator in terms
ofquality.

- Muting idlechannels to reducebackground noise.
- Delaying the audio to matchanyvideo delay intro-

ducedbyvideo processing at the video bridge.
Video Bridging. Video compression hardware

takes rawdigitized video at approximately 45megabits
per second (Mb/s) and compresses it to a lower data
rate (56 kb/s to 1.536 Mb/s) for transmission overthe
network. The hardware is still expensive, thoughvery­
large-scale integration (VLSI) technology is expected to
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Panel 1. Terms and Acronyms in This Paper

AGC AudioGraphic Conference (application)
AVPS audio visual protocol stack
BAS bit rate allocation signal
BRI Basic Rate Interface
CCITf International Telegraph andTelephone

Consultative Committee
CELP code-excited linearprediction
CIF common intermediate format
cscw computer supported collaborative work
GCC genericconference control
HSD high speeddata
ISDN Integrated Services Digital Network
JPEG JointPhotographic Experts Group
LSD low speeddata
MCS multipoint communications service
MCV multipoint control unit
MLP multilayer protocol
PBX private branchexchange
PCM pulsecodemodulation
VLSI very-large-scale integration

bringthe cost down rapidly. The compression and
decompression causesa delay ofseveral hundredmilli­
seconds, and the picture quality is generally inferior to
TVquality, especially for rapidly moving objects or
images-such as normal printed text-with highly
detailed content. Quality dependsgreatly onbandwidth:
128 kb/s video is muchbetter than 56kb/s video.

Given a conference whereeachpartyhas only
one sourceofcompressed video and onedisplay, one
video bridging technique allows allusers to view a partic­
ularuser's video source. This meansthat the contents of
the single compressed video sourcemustbe multicast
(i.e., copied) to multiple destinations. The switching
could be controlled eitherbya chairperson, who decides
who sees what, or automatically byaudio energylevel,
i.e. everyone sees the current loudesttalker, excepthim­
selfor herself, who sees the previous talker. Each
viewer could also be allowed to makehis or her choice of
video source. Multi-window video, wherethe viewer can
simultaneously cansee multiple video sourcesinwin­
dows, is possible, but is currently expensive, addsdelay,
andcausesloss ofquality.

Data Bridging. The type ofdatabridging required
dependson the application. Some applications may only
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requireeach partyto receive datafrom a single source.
Here,as with video bridging discussed earlier, the
MCV mustbe able to multicast streamsofdatafrom
one sourceto multiple destinations. Neitherflow control
nor contention resolution is needed. To receive data
from a different source,the databridgehas to be
reconfigured. Moredemanding applications, such as
CSCW, mayrequireanypartyto be ableto send data to
anyset ofdestinations at anytime. To satisfy this need,a
true multipoint packetdataprotocol is presently being
defined by the CCIIT, and will be described morefully
later in this paper.

Returning to the overall systemarchitecture (see
Figure 1), the MCV canbe deployed anywhere in the

network, including the customer's premises or the prem­
ises ofa thirdpartyservice provider. Multiple MCVs can
be linked togetherin oneconference, andoneMCV can
simultaneously supportmultiple conferences. All interac­
tionswith the network use only existing point-to-point
services. Conference andapplication-related signaling
between users and the MCV, andbetween users, is con­
ducted "in-band" within the B channel circuits between
the users and the MCV,and is transparent to the network.
This implies a layered signaling schemewhereprotocols
such as Q.931 are used for signaling between the net­
workand the user/Met) forconnections. In-band signal­
ing is usedformultimedia, multipoint call control and
higher level service control.
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Emerging Multi-Media Standards
Late in 1990, the CClIT approved the Px64

recommendations for point-to-point video conferencing,
including H.221 (framing), H.230 (control and indication),
H.242 (channel setup), H.261 (video compression), and
H.320 (endpoint description). Collectively, the point-to­
pointPx64 recommendations were an initial planfor stan­
dardized videophone services. Until recently, allvideo
codecswere based on proprietary algorithms and technol­
ogy. Withthe arrival ofthe Px64 recommendations, inter­
operability betweenand amongequipmentfromdifferent
manufacturers is nowpossible. The expectation is that
this eventwill lead to lowervideo codeccosts,just as
Group 3 faxstandards led to lowerfaxequipment costs
and an explosion in market penetration.

In May1991,14 manufacturers (including one
from the U. S.) passed interoperability tests inJapan.
ByMarch 1992, severalAmerican manufacturers (Com­
pressionLabs, Inc., PictureTel, and VideoTelecom)
demonstrated Px64 interoperability. H.320 provides a
goodstartingpointfor understandingthe Px64 specifica­
tionsbecause it contains an overview ofthe component
elementsofa videotelephony device.'

In May1992, text wasfrozen on H.231, H.243
(multi-point controlunits), and H.233 (privacy). Also,
G.728 [16 kilobits per second (kb/s) toll-quality audio]
wasaccepted in its final form. These new recommenda­
tionsprovide for a widerrange ofstandardized video ser­
vices. Additional recommendations for encryption key
exchangeandJoint Photographic Experts Group (JPEG)
still imagetransferare being developed. Thus, Px64
continues to gather momentum.

Media Standards: Video. The core ofthe Px64
series of recommendations is H.261,2 a specification for
usinga hybridofdiscretecosinetransform (DCT) and dif­
ferential pulsecode modulation (PCM) to compress real­
timevideo down to rates varying from56to 64kb/s to
1.92 Mb/s. H.261 coversboth Px56/64 kb/s (p = 1,
2, ...6) and Mx384kb/s (m = 1,2, .. 5).Two video qual­
itymodesare provided for: ClF (common intermediate
format) and QClF (quarter-err), ClF provides for a 288
linesby 352 pixel picture, and QClF for a 144 lineby 176
pixel picture.

Media Standards: Voice. Several audio standards
are encompassed in the Px64 recommendations. How­
ever, allendpoints are required to supportG.711 pulse
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code modulation (PCM). Other audio options likely to
be widely used include G.722 sub-band adaptive differen­
tialpulsecodemodulation (ADPCM) of7 kilohertz (kHz)
speechfor higher fidelity (at rates of48,56, and 64kb/s)
and G.728 low-delay (LD) codebook excited linearpredic­
tion (CELP).

G.728 is a newrecommendation that provides for
near-PCM quality audio at a data rate of16kb/s usinga
CELP algorithm. Usingthis algorithm is especially impor­
tant forvideo telephony becauseit makesavailable more
bandwidth forvideo and data.

Media Standards: Data. Two standardsare pro­
vided forbridgingdata,simple broadcastand Multi­
Layer Protocol, described in detail later.Simple data
broadcastis provided at two rates, lowspeed data (LSD)
and high speed data (HSD). LSD ranges from 300 b/s to
64kb/s and HSD from64kb/s to 384 kb/s.

Bandwidth Management. Although H.261 is the
mostpublicized part ofPx64, H.2213 is at the coreof its
effectiveness. This framing protocol allows the following
elementsto be combined flexibly intoa single multi­
mediamultiplex:
- Audio
- Video
- HSD and/or LSD
- Multilayer protocol (MLP)
- Control signals, including: frame alignment signal

(FAS) , bit rate allocation signal (BAS), andencryption
controlsignal (ECS).

H.221 alsosupportsbundling 56to 64kb/s pipes
to formwiderbandwidth connections, replacing a function
now performed by a variety ofproprietary devices that
do not interoperate. Thus, H.221 is an internationally
accepted openarchitecture for"inverse" multiplexing.

For example, in a 128 kb/s call we mightobserve
7 khz audio encodedat 56kb/s, with the remaining band­
width allocated to video andcontrol. Dynamically, this
mightchange to 16kb/s CELP audio and 14.4 kb/s LSD
withthe remaining bandwidth allocated tovideo. HSD at
64kb/s could be provided with the video turned off. Fig­
ure 2 showsa sample allocation of384 kb/s ofbandwidth
on an HO channel.

Point-to-Point Conference Control. Point-to-point
conference control is covered byH.2304 and H.242.5

There are two kindsofBAS codes, commands and capa­
bilities. Each capability, when sent,informs the far end
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Figure 2. A specimen
384 kb/s bandwidth
allocation.

FAS - Frame alignment signal
BAS- Bit-rate allocation signal
ECS- Encryption control signal

that the sender can accepta givenset ofcommands. For
example, the audio capability "A-law" showssupportfor
G.711 A-law rCM. Sucha terminal could be expectedto
respond to the commands A-law, OU, and A-law OF
(unframed andframed A-law rCM).

Asession beginswitha capability exchange.
Eachendpointsends the other a set ofcapabilities that it
wishesto disclose. The session is then presumably held
at the highest common rates.The capability exchange
mayoccurat anytime during the call, and maybe used
to add or remove capabilities dynamically.

LSD - Low-speed data
HSD- High-speed data
MLP- MultiLayer Protocol

Multi-Point Conference Control. The MCV recom­
mendation for Px64 has been frozen sinceMay 1992.
Final approval by the ccrrris expected earlyin 1993. Its
majorcomponents are:
- H.231, multi-point control unitsfor audiovisual sys­

tems using digital channels up to 2 Mb/s.
- H.243, basic MCV proceduresfor establishing commu­

nications between three or more audiovisual terminals
usingdigital channels up to 2 Mb/s.

H.231 describes the overall architecture ofan MCV, illus­
trated in Figure3. H.243 addresses differences in
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operation between multi-point and point-to-point. It also
describes management features that are significant only
in a multi-point situation. Areas covered include:
- Terminal numbering
- Chaircontrol ofvideo broadcast
- In-band identification ofendpoints for security

purposes
- Multi-point control ofLSD and HSD databroadcast, with

the Meu controlling a tokenfor each type ofdata



- Cascading ofMCUs, a feature that allows custo­
mers to conference a larger group than a single
MCU would normally support, or possibly to save
on tollcharges.

The overall philosophy is to provide a useful but
simple set ofcommands, while leaving more complex
features such as multi-level hierarchiesofMCUs to the
control ofMLP.

Multilayer Protocol. The G- and H-series recom­
mendations ofStudyGroup XV described above focus on
audio-video encodings and provide rudimentary support
fordata. They specify howthe LSD and HSD channelsof
H.221 can be allocated to one transmitterat a time, allow­
ingit to broadcastan arbitrary bit streamto other par­
ties. Although H.221 permitsopening another datachan- .
nellabeled MLP (including a high-speed component, H­
MLP) , its use is not detailed. H.231 merelystates that MLP
datahandling in an MCU consistsofprocessing telematic
information and conference control signals. The implied
requirement, a distinguishing characteristic ofMLP, is
that it supportinteractive data exchange amongmultiple
transmitters.

Study Group VIII has been developing a full MLP
specification. The current studyperiodculminated in a
framework offive projected recommendations:
- T.121 AGe. AudioGraphic Conference, a core applica­

tionthat givesterminals a shared visual spaceofstill
images, annotations, and manipulations.

- T.122 MCS. Multipoint Communication Service, a new
typeofdatacommunication offering on-demand point­
to-point and multipoint virtual datachannels, an option
ofuniformly sequenceddelivery, and tokens to arbi­
trate resourcecontention.

- T.123 AVPS. Audio Visual Protocol Stack, a specified
set oflowerlayerprotocols to supportMCS, for ISDN
and forother important networks.

- T.124 GCe. Generic Conference Control, an applica­
tioncombining terminal-to-terminal, terminal-to-MCU,
and MCU-to-MCU commands and indications.

- T.125 MCSP. Multipoint Communication Service Proto­
col, detailing howcontrol information is exchanged
overAVPS to implement the MCS service definition con­
tainedinT.122.

Figure4 represents the relationship ofthese compo­
nents. Agreement has been reached so far on the con­
tents ofT.122 andT.123. These are beingsent to the
CCITf plenary for approval in the first halfof1993.

MCS is implemented through a hierarchy of
MCUs that cooperate to replicate and distribute the data
ofmultiple transmitting terminals. Participants are
assigned individual, addressable user identifiers. Desti­
nation channelnumbersare indexes intodistribution
lists heldby the MCUs. Receivers are allowed to join
channelswith dataofinterest to them (eitherknown
beforehand or advertised overother channels). Reliable
connections between individual terminals and MCUs, as
provided by AVPS, are combined intoan overall flow that
respects the rate ofthe slowest receiver. MCS is designed
to bridgeheterogeneous lower layers, allowing datacon­
ferences to include terminals on both ISDN andlocal area
networks. MCS has the potential to become an openinter­
face for multipoint interactions. It can supportgroupware
applications other than AGe.

Services Architecture
The typeofservices offered by an MCU are not

specified by the Px64 recommendations. MCU'S services
are expected to offer bridging features similar to those
provided by audio-only bridges,including:
- Meet-me conferences, where conferees get a number

in advance that will connectthem to the conference.
Anoptional password maybe requiredto joinit.

- Dial-out conferences, wherethe MCU calls each con­
feree to initiate the conference.

- Progressive conferences, inwhich a conferee calls
successive partiesand adds them to the conference
one at a time.

- Reservation systems.
- Remote maintenance.
- Attendant screeningofconferees for addedsecurity.

Limitations and Future Directions
The current standardshavesomelimitations:

- Deployed ISDN networks do notfully supportthe
multi-use information transfercapability foraudiovi­
sualservices (previously designated 7 kHzaudio) with
interworking to ordinary telephone services.

- The bandwidth allocated to different media under
H.221 is constantfor longperiods oftime. It cannot
expand to accommodate instantaneous demands for
video or dataduringpeaksin use, nor contract during
intervals whena signal is idle.

- H.221 packages a singleset ofmedia streamsintoa
Px64 digital connection. Transporting multiple video
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streamswithin a conference requires that multiple
Px64 connections be set up.This affects the ability of
cascaded MCUs to offer viewers a choice ofvideo
sourcesoriginating outside their respective parts ofa
conference.

- Encryption key management and authentication are
not provided for in H.233 (privacy). A separaterecom­
mendation for these areas is currentlybeingprepared.

- Standards for transferofJPEG imagesin the contextof
video teleconferences havenotyet been completed,
but are currentlybeing developed.

Future developments mayredress these limita­
tionsand expand servicesin other ways:
- Audiovisual calls can be endowed with featuresthat

makeordinary telephony more convenient to use,
including call forwarding, additional calloffering,
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hold, transfer, and conference.
- Packetswitched framing, which is naturalfordata, can

alsobe applied to the audio encoding. Audiographic
streamsmaybe transported in this way through a
multi-service frame relay network or a local area net­
work. Many logical streamscould be accessed
through a single network interface, with efficient use
ofbandwidth on demand.

- Broadband ISDN applies similar concepts ofcell relay to
higher transmission speeds.It supports the multiplex­
ing ofseveral virtual circuits overa virtual pathbetween
endpoints. Withthe completion ofH.261, workonvideo
coding in Study Group XV (where the Px64 recommen­
dation originated) has shifted to this domain.

- The multipoint communication ofMCS, currently built
on a set ofpoint-to-point connections between



terminalsand MCUs, couldevolve to usingfuture
switched multipoint networkservices. This would
require workin advance on multipoint transport layer
protocols.

- Newserviceofferings can be builtaround repositories
for storing multimedia information. These mayinclude
message recordingfor later retrieval, broadcast distri­
bution to large numbers of subscribers, or interactive
sequencingthrough audiovisual programs.

Summary
We have presented an open architecturefor

implementing a newgeneration ofmultimedia, multi­
partyapplications and serviceson the current network,
usingexistingsignaling and services. The signaling
modelis layered, using the existingmessages to signal
for point-to-point connections to a MCU, then using in­
bandsignalingfor higher-layer services.

The key to success and interoperability is to
defineand adhere to the right set ofstandards. Each
layer should be powerful enough to support the sophisti­
cated applications of the future,yet general enough to
supportarbitraryapplications including the multimedia
equivalent to "plain old telephoneservice."

We expect the development ofnewand powerful
multimedia applications will develop hand in hand with
the deployment ofMCUs.
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