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The latest extension of
the Etherphone project
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multiple conferences
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raditionally, voice, video, and data communications have been handled
by different communication networks. The public telephone network
has been the primary voice carrier. Cable TV has transmitted video.
Specialized computer networks have handled data. This historical separation is
due to fundamental differences in these media. Audio and video characteristics —
such as sensitivity to delay, high bandwidth requirements, and tolerance of high
error rates — contrast markedly with the requirements of data. Hence, transmis-
sion of audio and video has typically involved circuit switching of analog signals,
whereas data has been transmitted through digital packet-switched networks.

Although these media could not be integrated physically, various efforts were
made to integrate them logically. One such example is the Etherphone system,'?
developed several years ago at the Xerox Palo Alto Research Center. The original
system’s primary goal was to integrate the user’s view of telephony, other audio
applications, and conventional workstation applications. It used Ethernet for
audio transmission and control, but separated the two functions, transmitting
audio packets over a separate Ethernet via specialized audio hardware. Separate
audio hardware improved the system’s reliability, performance, and flexibility,
and was largely a response to the limited performance of workstations of the time.

The Etherphone system was recently extended to incorporate video. Because
networks were not available to carry high-quality digital video, we continued the
earlier approach of logical integration in lieu of physical integration. Analog
techniques were employed for transmission and switching, while the Etherphone’s
original flexible control methodology, or connection management architecture.
sustained the integrated user view.

Limitations of specialized hardware and software prevented full physical inte-
gration and further functional extensions of the Etherphone system. However,
advances in communication and computer technologies now offer high bandwidth
at modest cost and high-performance workstations with multimedia capabilities.
For example, Sun Sparcstations include hardware for telephone-quality audio at
64 kilobits per second, and Next workstations implement CD-quality audio at 1.44
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megabits per second. Workstations sup-
porting limited-quality motion video are
also beginning to appear.

This article describes the latest exten-
sion of the Etherphone system. This ex-
tension replaces the earlier specialized
audio components with Sparcstation-
based audio, while retaining the newer
video capabilities. We chose to integrate
computing with audio processing on the
same hardware for three reasons:

« to make Etherphone features avail-
ablc tomore users by employing a wide-
ly available platform;

 to ease the development ot new fea-
tures by using powerful development
environments; and

 to obtain sufficient computing pow-
er for additional experiments. such as
mixing arbitrary numbers of audio
streams or providing independent vol-
unie control for each stream.

Evolution of the Etherphone environment

The Etherphone system provides a
flexible basis for investigating the man-
agement of telephone and video con-
nections and of stored media within a
distributed computing environment.
These objectives, rather than the ex-
ploration of any particular form of me-
dia transport (transmission and switch-

ing), have determined the design ap-
proach. The goal has been to provide ba-
sic multimedia capabilities for use by a
variety of workstation applications.

Figure A shows the system architecture
at three stages of growth: the original
Etherphone system, the Macaw exten-
sion, and the Phoenix extension. We will

We have used the hardware enhance-
ments to provide the following new fea-
tures:

e Users can participate fully in one
conference while listening passively to
others, providing a flexible means of
interacting in a collaborative but dis-
tributed work environment.

e A user can establish a multimedia
conversation or conference in which both

describe the hardware and user-level ca-
pabilities of each stage, then explain the
underlying system design that allowed
these extensions to plug in with little cen-
tral change.

Hardware and user capabilities.
The original Etherphone system was
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Figure A. Evolution o' the Etherphone system architecture.

70

rep  OJule we!

Due tc g lach ¢f ontesr

L-M-1

DETWwEe! (41 dWT Lo RGTULTRT

COMPUTLER



full and passive conferencing modes are
available in audio, video, or both.

This article emphasizes the software
mechanisms that support these new fea-
tures: first, a Sparcstation facility called
Phoenix that extends the Etherphone
software architecture to permit more
flexible conferencing and to control
Sparcstation-based Ethernet audio
transmission, and second, the integra-

constructed in the early 1980s. The cus-
tom-designed Etherphone hardware
(known as a Lark) consists of a tele-
phone/speakerphone instrument that in-
cludes a microcomputer, encryption hard-
ware, and an Ethernet controller. Larks
digitize, packetize, and encrypt telephone-
quality voice (64 kilobits per second, with
silence suppression), and send the voice
packets to each other directly over an
Ethernet. Each Lark also has a connec-
tion to a standard telephone line. Central
services include a connection manager
server and a voice file server, both run-
ning on a dedicated workstation, and a
commercial speech synthesizer config-
ured as a text-to-speech server. A voice
manager controls the voice file server and
supports sharing and editing of recorded
voice via database functions. From a work-
station, a Lark user can place and receive
telephone calls, maintain private telephone
directories, and manage a database of
voice messages. An annotation package
allows voice to be added to text docu-
ments (including electronic mail) and pro-
vides a simple direct-manipulation inter-
face for editing voice. In addition, the
system can “speak” text under user or pro-
gram control via the text-to-speech server.
The Macaw extension replaces the au-
dio-only system with a video/audio capa-
bility by connecting the Etherphone sys-
tem to the Media Space, a preexisting
network-based control system for Palo
Alto Research Center's analog video/au-
dio infrastructure. An analog video switch,
controlied by a network server over an
RS-232 link, routes video signals from
any camera to any set of monitors. An an-
alog video multiplexor, such as a four-way
screen splitter, combines multiple video
streams into a common view. A commer-
cial videodisc recorder replaces the voice
file server for video storage and playback;
the video manager is a software database
package that supports sharing and editing
of recorded video. The original Ether-
phone connection manager continues to
control and coordinate the extended sys-
tem. Macaw users can place and receive
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tion of the Phoenix capabilities with
Macaw, the earlier video extensions.
We also describe our multicast packet
protocol for audio transmission, which
reimplements and extends the earlier
special-purpose protocols, adding per-
channel volume control and full sup-
port for the extended conferencing
modes.

The sidebar entitled “Evolution of
the Etherphone environment” describes

analog video/audio phone calls from their
workstations. The voice annotation and
editing package was extended to permit
video annotation and editing as well.

The Phoenix extension replaces the
specialized Lark telephones with the au-
dio capabilities built into each Sparcsta-
tion, which can digitize audio signals at 64
kilobits per second. A Sparcstation may
also have associated camera and video
monitors, controlled by integrated Macaw
software. Again, the resulting system is
controlled and coordinated by the Ether-
phone connection manager, which has
been modified slightly to permit the con-
ferencing extensions. The Phoenix audio
protocol is sufficiently compatible with the
earlier Lark-based protocol that it would
be easy to provide a protocol translator
permitting Sparcstations and Larks to ex-
change voice. Phoenix capabilities in-
clude flexible muitimedia conferencing
and simultaneous participation in multiple
conversations.

The Etherphone connection manager.
The Lark-based system used Ethernet
packet communication for voice transport.
However, anticipating the need for other
transports as new technologies devei-
oped, we designed the system around a
transport-independent connection manag-
er. The connection manager provides the
basic support for negotiation of call states
among the participants in each call. It pro-
vides a common notion of state transitions
representing the various phases of signal-
ling, connection establishment and hold-
ing, and termination. It supports a com-
mon approach to reaching parties by
name or number. It provides a notification
service used to inform each participant of
significant actions taken by the others. Fi-
nally, it provides registration and notifica-
tion facilities that permit specialized
agents to provide services such as audio
recording, audio playback, or voice syn-
thesis.

To achieve transport independence, the
components responsible for maintaining a
model of the current call state are sepa-

the genesis and growth of the Ether-
phone system and its underlying soft-
ware architecture.

Before proceeding, we want to high-
light other recent efforts to investigate
the mechanisms for managing and con-
trolling person-to-person conversations
and shared text-oriented workspaces.
Lantz® proposes a text/graphics confer-
encing architecture whose goal is to fit
into existing systems with minimal im-

rated from the components responsible
for implementing and controlling
the individual media connections.
Within the connection manager are
objects called parties that know noth-
ing of the details of media, transport,
or other local aspects, and therefore
abstractly represent each telephone,
user window, video terminal, etc., in-
volved in a conversation. Associated
with each party is an object called an
agent, which acts as an intermediary
between the connection manager and
the specific implementation, convert-
ing the individual aspects of a particu-
lar transport or of a particular work-
station user interface to a standard
set of state-management interactions.
Agents register dynamically with the
connection manager, communicating
with it using a remote procedure call
protocol, and may thus reside any-
where within the network. Agents re-
tain whatever state is necessary to
manage both their participation in
conversations and their particular
physical configurations.

Two classes of agents are defined.
Transport agents are associated with
actual media terminals such as tele-
phones. They are responsibie for con-
trol interactions with the connection
manager, management of the actual
media, and response to local user in-
teractions such as telephone pushbut-
tons. Control agents represent user
interfaces such as workstation win-
dows and are responsible only for
connection control and user interface
support. A new transport is added by
creating a corresponding transport
agent to represent it. Unless new
functionality is also being provided, it
is unnecessary to modify the connec-
tion manager or the control agent rep-
resenting the workstation interface.
We expect to extend the existing
agent set with additional agents in the
future, as new networking methods
become available to provide superior
transports.
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pact. Sarin and Greif* have also studied
conferencing architectures for text and
graphics only. Forsdick et al. at Bolt,
Baranek, and Newman,® Ahuja et al. at
AT&T Bell Laboratories,® and Aguilar
et al. at SRI” propose architectures for
person-to-person audio and/or video
conferencing. Casner et al. at the Uni-
versity of Southern California’s Infor-
mation Sciences Institute® have devel-
oped an audio/video conferencing
system integrating all media transport
on the same wide-area packet network.
Their research has focused on network-
ing and protocol issues of conferencing
among geographically distributed sites,
rather than on flexible capabilities for
user participation in conversations.

Angebranndt et al.? provide a client-
server architecture analogous to X Win-
dows for integrating audio and telepho-
ny into a graphics workstation. Its
emphasis is on lower level audio-re-
source management rather than onrich
conferencing capabilities. The PX sys-
tem,' developed at Bell Northern Re-
search’s Computing Research Labora-
tory, is perhaps most like the
Etherphone. Personal workstations co-
operate with a flexible control program
for a digital switch to explore worksta-
tion-controlled telephony and capabili-
ties for editing and distributing record-
ed voice messages.

Phoenix conferencing
capabilities

Voice and video differ fundamentally
from data in their semantics and usage,
and hence require different paradigms
for access. In our system, media inter-
actionsamong participants take the form
of conversations, by which we mean any
connection between two or more users
or between users and multimedia ser-
vices. A conference is a conversation
involving more than two participants.
The Etherphone/Macaw system, facili-
tated by the connection manager, per-
mits a wide range of user actions in the
management of conversations:

e Simple conversations. A user can
make ordinary telephone calls or video
phone calls, including multiparty con-
ference calls.

o Conversations with software servic-
es. A user can establish a conversation
with a radio service; monitor a remote
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meeting; record, play, and edit record-
ed audio or video; or cause selected
text to be spoken by a voice synthesizer
server.

e Call filtering. Users can filter in-
coming calls based on urgency, subject
matter, etc.

¢ Dynamic membership control. Us-
ers can dynamically join or leave con-
versations.

e Call forwarding and visiting. People
do not always remain in their offices.
Call forwarding automatically forwards
calls to the workstation where a user is
logged in. Visiting causes calls to ring
simultaneously at the user’s original site
and at a temporary site, which is identi-
fied either by explicit command or by
locator devices.

¢ Background conversations. The sys-
tem can automatically place background
calls, such as meeting broadcasts, on
hold to accept higher priority incoming
calls.

The Phoenix extensions provide the
following additional features:

o Full audio/video conferencing. Ma-
caw video is combined with Phoenix
audio to provide full audio/video con-
ferencing. The analog audio in the ear-
lier Macaw system could not automati-
cally support voice conferencing; it
required manual control of an audio
mixer.

e Best-effort conferencing. Users can
participate in conferences using only
audio, only video, or both. Each user
can choose a different mix.

® Multiple simultaneous conversations.
Each user may now participate in more
than one conversation simultaneously.
For example, while participating in a
conference, a user may converse with
someone else (termed a side chat) with-
out disturbing the rest of the confer-
ence.

The accompanying sidebar, entitled
“Phoenix user interface,” demonstrates
how to invoke these features.

Multimedia conversations. The lack
of audio-mixing hardware limited the
Macaw analog audio/video conferenc-
ing. The Phoenix extensions combine
analog video with digital audio (that
included more flexible software mix-
ing), and extend connection manage-
ment to support conversations in acom-
bination of media.

The ability to create conversations in
multiple media gives rise to the concept
of best-effort conversations. Two main
approaches could be used in creating
best-effort conversations:

e Use the media supported by every
participant. The system would create a
conversation in the intersection of the
media set that each participant could
support. The system would determine
the mediaset dynamically based on hard-
ware availability, forcing all participants
to use the same media. If even one could
not support video, an audio-only con-
versation would result.

» Use the desired media. This more
general model permits asymmetric par-
ticipation in conversations. For instance,
alecture may be broadcast in the audio-
visual domain, but students can partici-
pate by viewing only the slides (video
only), listening only to the lecture (au-
dio only), or doing both. We have taken
this more lenient approach due to its
generality and flexibility.

When a participant engages in multi-
ple conversations involving audio, the
system digitally mixes all the audio
streams received for each conversation.
Similarly, if the conversations involve
video, the system displays the video
streams received for each conversation
simultaneously, using a videoimage mul-
tiplexor that places up to four video
images on the screen.

Multiple simultaneous conversations.
In real-life situations, a person general-
ly participates in only one interaction at
a time, but can passively monitor many
other things while doing so. To repre-
sent this mode of interaction, the Phoe-
nix extensions permit users to partici-
pate in multiple conversations
simultaneously, providing a convenient
environment for collaborations. For ex-
ample, during a multiperson meeting,
participants forming a subcommittee
may convene privately and later report
to the meeting (see Figure la), or a
participant may consult privately with
an outside party (see Figure 1b). Partic-
ipants in either of these side chats con-
tinue to monitor the original meeting.
The Etherphone system originally pro-
vided only simple two-way conferenc-
ing and special one-way supportfor mon-
itoring meetings.

There are two models for supporting
these extensions. The first permits ac-
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Phoenix user interface

Figure B shows a view of Harrick
Vin’s telephone management window.
Vin is calling his coauthors — Swine-
hart, PolleZ (who is currently on hold),
and Venkat — about this article. Dur-
ing the call, he has placed a side chat
call to his secretary, Fear, to resolve
a timely question. Vin continues to lis-
ten to Swinehart and Venkat converse
while he talks with Fear.

To place a conference call, a caller

types a list of recipients in the dialing
area or selects several recipients from
the conversation log. If desired, the caller
can fill in a subject or cycle among sev-
eral choices for the Priority and Media
fields. The control menu includes confer-
encing features that let callers terminate
ringing for recipients who have not an-
swered, add new recipients to an ongo-
ing call, or place side chat calls (which
automatically place the old conversation

in a Recv-only state). Additional ac-
celerators and features, such as man-
ually toggling the Recv-only condition
to mute the conversation, are avail-
able via mouse clicks on conversation
log entries. The conversation log dis-
tinguishes between Active and Recv-
only states for the current user only.
To protect privacy, conversation logs
of other participants display both
states as “active.”

Phone  Answer Disconnect peak Text topSpeech  Directory Comment
ConfEstablished Invite  SideChat  SetPriority
Called Party: Fear.pa Calling Party: Pier.pa
Subject: release forms? Priority: urgent
Media: Audio
June 25, 1991 10:36:42 am PDT
42: Placing sidechat call to Fear.pa
42: Subject: release forms?
24Jun9]l  4:54:41pm completed  00:05:23 conference call from Swinehart.pa
Subject: Phoenix meeting  Priority: normal Media: AudioVisual
idle Swinehart.pa
idle Vin.pa
idle PolleZ.pa
25 Jun 91 9:13:37am abandoned  00:00:23 from Want.pa
25 Jun 91 9:48:49am busy 00:00:14  to Terry.pa
25 Jun 91 10:27:12am  active 00:10:15  conference call from Vin.pa
Subject: IEEE paper  Priority: important Media: BestEffort
receiveonly  Vin.pa
active Swinehart.pa
on hold PolleZ.pa
active Venkat.pa
25 Jun 91 10:36:42am  active 00:00:45  to Fear.pa
Subject: release forms? Priority: urgent Media: Audio

Figure B. Workstation telephone management window. The Phoenix user interface includes (from top to bottom) a
control menu, a dialing area, a system status area, and a conversation log. The log shows a permanent history of this
user’s calls, including the current state of each conference participant. In this example, the last two calls are still in
progress.

Main
conference

Main
conference

Rm“"‘*&‘ Recvonly
T ; Figure 1. Side chat within a confer-
ence: (a) Users A, and A, partici-
pating in C, are engaged in a side
chat C, while also listening to the
main conference C,; (b) A, is con-
: 1 H versing with A, (in C,) while also
listening to C,. None of the other
(b) participants of C, can hear the side
chat.

(a)
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(a)

(b)

Figure 2. Active participation in multiple conferences. In (a), a participant is sending to more than one conversation si-
multaneously (to-many, from-many). In (b), the example in (a) is reduced to a to-one, from-many case by introducing
dummy conversation C,. Arrows show the direction of transmission in each conversation.

tive participation in multiple conver-
sations. yielding a (rransmit)-to-many.
(receive)-from-many modcl of collab-
oration. The sccond permits active par-
ticipationin only one conversation with
passive listening to any others (a to-
one. from-many model). Phoenix con-
ferencing employs the to-one. from-
many model because it captures most
collaborative scenarios and is straight-
forward to implement. It is also func-
tionally complcte. since to-many. from-
many scenarios can be reduced to a
combination of to-one.from-many con-
versations. as shown in Figure 2. In
fact, both these models can also be
implemented by a composition of one-

to-many simplex communication chan-
nels, such as those described by Crutch-
er and Grinham."

Software architecture

This section describes the major soft-
ware components and activities of the
Phoenix version of the Etherphone sys-
tem. Figure 3 shows the following com-
ponents:

o The connection manager. Cooper-
ates with transport agents and control
agents (o control the progress of multi-
media conversations. (The earlier side-

bar on the evolution of Etherphone dis-
cusses the underlying system architec-
ture.)

e The Finch conirol agent. A user
workstation module that provides a win-
dow interface for placing, joining. and
terminating conversations. It also main-
tains a persistent conversation log.

o The media transport agent. Controls
media transmission. Two modules pro-
vide its functionality: PhoenixAudio.
which implements the multicast audio
packet protocol. and MacawVideo.
which communicates with the videoserv-
er to control the switching of analog
video and audio. A top-level softwarc
module works with the connectionman-

ager lo coordinate the activities

Control

Control

Media transport

___ agent
SN
/Phoenix | Macaw)
\audio video /

Transport

Multicast
server
Video
server

1 Finch control
agent

Media transport

agent
7 N l/ N
/Phoenix, | Macaw)
\.audio ;  video

of the two media-specific mod-
ules.

o The multicast server. Helps
implement the Phoenix audio
protocol.

e The video server. Connects
MacawVidco to the analog vid-
eo switching infrastructure.

The multicast server and vid-
eoserverare examples of trans-
port-dependentservices. These
servicesare implemented assep-
arate serversrather thanascom-
ponentsof the individual agents
fortworeasons. First, cach man-
ages contention for a shared
resource. Second. each can thus
be used for applications other
than conferencing.

Agents and servers commu-
nicate using a remote proce-

Figure 3. Phoenix software architecture.
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dure call protocol. Several RPC
implementations are available.
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but all of the agents described in this
article use Sun RPC.

Transport-dependent servers. The
multicast server supports PhoenixAu-
dio. When there are more than two par-
ticipants,internetwork packet-multicast-
ing techniques are used to avoid
transmitting more copies of each audio
packet than necessary. The multicast
server has two management functions
to centrally manage the address space
for the multicast groups supporting these
conferences: GetMulticastAddress()
creates a new multicast group; Free-
MuiticastAddress() frees one.

The video server is the interface be-
tween MacawVideo and the Media
Space, PARC’s existing analog video/
audio infrastructure. The video server
provides a channel allocation function
for analog media and translates Ma-
cawVideo requests into sequences of
simple commands to control the video
switch andrelated peripherals. Reserve-
Multiplexor() reserves a video multi-
plexor for a conversation; FreeMulti-
plexor() makes one available for reuse.
ConnectCamera() routes video origi-
nating from a specified camera or other
video source to amultiplexorinput port.
Lastly, ConnectMonitor() routes video
from a multiplexor output to a specified
destination. The current implementa-
tion always uses the four-way video mul-
tiplexor, although the video server can
support direct, full-screen connections.

Connection manager concepts. Con-
nection management includes the fol-
lowing basic principles:

® Negotiated conversation establish-
ment. Setting up a conversation is a
negotiation between the caller’s agent
and the agents of the other participants,
whom we call recipients.

* Autonomous participation in con-
versations. Every agent is autonomous
in that each one can independently de-
cide whether to participate in a conver-
sation and when to leave it.

The connection manager provides
functions to create conversations and to
control the progression of agents through
conversations. Anagentcanrequest the
creation of a conversation by calling the
function CreateConversation(),and can
then invite other participants to join by
calling Alert(). (The recipient party
enters the state Notified, after which its
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own agent controls all further activity.)
An agent informs the connection man-
ager about its state changes using Ad-
vance(), and the connection manager
uses ProgressReport() to report these
transitions to all other agents. Similar
functions allow agents to register spe-
cialized services (for example, speech
synthesis) and to be notified when these
services generate distinguished events
(for example, the completion of one
synthesized utterance or the beginning
of the next one).

When an agent A wishes to change its
state in a conversation, it issues an Ad-
vance request to the connection manag-
er. The connection manager verifies that
the transition is permissible and up-
dates the official version of the conver-
sation state to the new value. Subse-
quently, agent A takes any necessary
local actions to meet the requirements
of the new state, while the connection
manager concurrently sends Progress-
Reports to the other participants. Oth-
er agents can respond by merely noting
the state change. or they can repeat the
process by issuing their own Advance
requests. The sidebar entitled “Ether-
phone conversation model” describes
the meanings of the states that agents
use to control their progress through
conversations.

Functionality of the media transport
agent. We now describe the media-spe-
cific actions performed by PhoenixAu-
dio and MacawVideo to properly main-
tain the state of the media transport
agent in a conversation.

e Idle — Initiating. When the caller’s
Finch control agent makes this transi-
tion, the caller’s media agent responds.
The media agent’s PhoenixAudio takes
no action, but its MacawVideo makes
two requests of the video server: first, to
route the caller’s camera to one of the
input ports of a video multiplexor as-
signed to this conversation and, second,
toroute the output of the multiplexor to
the caller’s own monitor. The appear-
ance of the caller’s camera image on the
monitor is a video equivalent of a “dial
tone.”

® [dle — Notified. In the Notified
state, the agents perform call-filtering
decisions. No transport-specific actions
are taken by PhoenixAudio or Ma-
cawVideo.

* Notified — Ringing. PhoenixAudio
starts playing a personalized ring tune
through the recipient’s workstation

speaker. MacawVideo connects the call-
er’scamera to the recipient’s monitorin
a one-way connection that is the video
equivalent of a ringing telephone.

e [nitiating — Ringback. 1f no other
audio conversation exists, the caller’s
PhoenixAudio also starts playing the
recipient’s ring tune. MacawVideo takes
no action. Thus, a video-only user will
receive only limited feedback, in the
Finch workstation window, during call
setup.

® Ringing — Active or Ringback —
Active. The media agent’s PhoenixAu-
dio directs the audio protocol imple-
mentation to begin sending and receiv-
ing packets for the connection or to mix
the new party’s audio into any ongoing
conversation. If the transition is from
Ringing, then MacawVideo requests the
video server to establish a video con-
versation by routing its camera to the
multiplexor assigned to this conversa-
tion. If the transition is from Ringback,
MacawVideo takes no action. If the user
is already participating in a video con-
versation, an additional per-user multi-
plexor could simultaneously display vid-
co streams being received from all the
conversations. Figure 4 (on the next
page) illustrates how two users estab-
lish a video conversation.

e Active —» Recv-only. In the Recv-
only state, PhoenixAudio stops trans-
mitting audio packets to the multicast
group associated with the conversation,
and MacawVideo requests the video
server to disconnect the user’s camera
from the multiplexor associated with
the conversation.

® Recv-only — Active. PhoenixAudio
resumes transmitting audio packets to
the associated multicast group, and Ma-
cawVideo requests the video server to
route the user’s camera to the next avail-
able input port of the multiplexor as-
signed to the conversation.

e Active — Inactive: This participant
is putting the conversation “on hold.”
PhoenixAudio terminates voice trans-
mission and reception, and MacawVid-
eo directs the video server to discon-
nect all connections to or from the
assigned multiplexor. The agents main-
tain call information, such as the multi-
cast group address, for use in rejoining
the active conversation later.

* Any state — ldle. PhoenixAudio
and MacawVideo terminate all connec-
tions and transmissions, then delete all
information regarding the conversation
from their information bases.
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Static connection
Connection created due to RCP1
Connection created due to RCP2

Video
multiplexor

AAAA

Workstation

Video !
switch

Workstation

Camera .~

Figure 4. Establishing video connections:

(1) MacawVideo asks the video server

to create a video channel. (2) The video server calls a procedure in the video
switch controller, a network service that directly manages the video switch con-
nections. (2a) The switch controller executes the switching request. As a result,
(2b) the video camera is connected to the multiplexor and (2¢) the multiplexor
is connected to the monitor. (3) The switch controller sends result information
to the video server, (4) which reports it to the media agent.

Phoenix audio
transmission protocol

The original Etherphone system uses
Ethernet packet transmission between
the specialized Lark processors. The
audio protocol supports communications
between Larks and between Larks and
other services, including limited con-
ferencing. Thissection describes the au-
dio protocol. derived from the Lark pro-
tocol, that we developed for the
Sparcstation.
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Once the system establishes audio
connections for a conversation, audio
communication can take place among
the participants. Audio communication
between useis is a real-time problem.
Audio transmission is distinguished by
the following characteristics:

¢ The perceived end-to-end delay must
be constant and small (ideally. below 50
milliseconds).

eIn ordinary conversations, people
usually take turns speaking. Further-
more, speech alternates “talk spurts”

with silence. Averaged over many voice
conversations, less than 50 percent of
the full-duplex channel capacity is used.

e The human ear can tolerate brief
distortions in speech. Thus, occasional
transient errors in the digital represen-
tation of speech can be ignored. Simi-
larly, dropouts of up to several millisec-
onds are perceived as pops and clicks,
and are tolerated.

These characteristics, the most criti-
cal of which is the delay requirement,
must be accounted for when designing a
datagram-based audio transmission pro-
tocol.

In Phoenix, each participant trans-
mits audio packets to the multicast group
assigned to the conversation. Every par-
ticipant receives packets transmitted by
every other participant and then digi-
tally mixes them before playback. This
approach permits each participant to
determine which of the received audio
streams to include in the result, and at
what volume.

Figure 5 shows the format of audio
protocol packets. Each packet contains
up to 160 mu-law-encoded bytes (20
milliseconds of audio, sampled at 8,000
bytes per second). Thus, at most, 50
audio packets are transmitted on the
network every second for each call par-
ticipant.

Before transmitting an audio packet,
the sender computes an “energy” value
for it. The energy value is related to its
volume level. To perform silence sup-
pression, the protocol defines an “ener-
gy threshold” below which it asserts
that the packetissilentand, hence, does
not transmit the packet. However, to
achieve smooth sound-to-silence tran-
sitions, the sender continues to transmit
packets with energy below the thresh-
old until a certain number of such pack-
ets have been transmitted. In addition,
the amplitude of sound in these packets
is attenuated by a quadratic reduction
function. This attenuation technique was
first described to us by D. Sincoskie and
J. DeTreville, who were then at AT&T
Bell Laboratories, where it was used in
their Packetphones.

At the beginning of a new talk spurt,
the sender prepends 10 milliseconds of
sound from the previous “silent” pack-
et and then transmits the larger packet.
This provides asmoothssilence-to-sound
transition by capturing the audible but
low-energy beginnings of each utter-
ance. The amount of audio captured
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Etherphone conversation model

Each agent participates in negotia-
tions to establish conversations. In this
process, the agent progresses through
the sequence of states shown in Fig-
ure C. The meaning of each state in
this transition diagram is as follows:

*Error. An audible error notification,
such as a busy signal, is being given
to the user. The user must take explicit
action to terminate this condition.

s/dle. An agent is no longer patrtici-
pating or has never participated in this
conversation.

e/nitiating. The caller's agent enters
this state in the process of alerting a
recipient’s agent of an attempt to es-
tablish a conversation.

*Notified. A recipient’s agent is be-
ing alerted about an attempt to estab-
lish a conversation. This agent then
uses call-filtering information specified
by the user to determine its next state.
For example, if a user has declared
calls from a caller as “hotline” calls,
then when alerted by that caller, the
user’s agent directly enters the Active
state. Otherwise, the recipient's agent
normally enters the Ringing state, but

from the previous packet also deter-
mines the anti-jitter delay that is intro-
duccd at the beginning of cach talk spurt.
This delay provides the buffering nec-
essary to accommodate network delay
variations.

Thereceiver coordinates its local time
with the reccipt of the first packet of a
talk spurt and uses the coordinated real
time to predict the scheduled playback
time of packets from that sender. The
packetNumber and transmissionTime
fields in the packet header are used to
enforce the ordering of received pack-
ets and to correct for differences in the
clock rates of sender and receiver. If the
sender’s clock rate is slower than the
receiver’s clock rate, then the sender’s
packets will arrive at the receiver after
the receiver’s clock has passed its pre-
dicted playback time. Rather than drop-
ping all such packets. the receiver peri-
odically resynchronizes with the sender’s
packets (after receiving a fixed number
of late packets) by incrementing the
predicted playback time by one packet.
Similarly. the protocol detects packets
arriving too early. When a packet is
received with a scheduled playback time
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might instead decide, based on other
user specifications, to reject the call by return-
ing to Idle.

*Ringing. When receiving an attempt to
establish a conversation, a recipient’s
agent enters the Ringing state from the
Notified state, indicating that an attempt is
being made to alert a user.

*Ringback. The caller’'s agent enters
Ringback upon learning that the recipi-
ent’s agent has entered Ringing, indicat-
ing to the caller that the recipient is being
alerted.

sActive. This is the receive-transmit
state. All Active agents have bidirectional
channels established among them. The
recipient’s agent enters Active from Ring-
ing as soon as the recipient or a pro-
grammed agent has indicated an intent to
do so; the caller's agent enters Active af-
ter learning that the recipient has an-
swered.

e/nactive. This is the “hold” state. An
agent enters Inactive to place a conversa-
tion on hold. Thereafter, it transmits or re-
ceives no information for this conversa-
tion. In multiparticipant calls, the agents of
other Active participants may continue to
converse.

too far in the future, the receiver syn-
chronizes with the sender’s stream by
dropping all the buffered packets and
then playing this “too early™ packet.
Both procedures result in noticcable
click-like interruptions, which are tol-
erable if they are not too frequent. The
sending and receiving clocks mustagree
well enough for the typical talk spurt to
be shorter than the time it takes the
receive buffers to underflow or over-

*Recv-only. In this state, an agent
does not transmit in any media to a
conversation. However, the agent con-
tinues to receive information from the
other participants.

Figure C. State diagram for conver-
sation model. In addition to the tran-
sitions shown, there is an implicit
path from all the other states to the
Idle and Error states. Initiating and
Notified are parallel states

flow. It is easy to achieve this accuracy
with current crystals.

Performance
evaluation

The Phoenix extensions have been in
operation at Xerox PARC for several
months. and the system’s performance

Voice
protocol

/Voice packet
Datagram
multicast

P

conversation|D: integer
agentiD: integer

energy: real
firstPacket: boolean
keepAlive: boolean
packetNumber: integer
transmissionTime: integer

voiceData: array of
mu-law bytes

Figure 5. Protocol stack and packet format.
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Table 1. Typical performance measurements for connection management

operations.

Connection Management Actions

Time (in milliseconds)

Delay between caller initiating a

Delay between caller initiating a

Delay between recipient clicking

conversation and recipient being alerted

conversation and receiving ringback

Answer and caller going to active state

Audio Video Audio
Domain Domain +Video
100 172 172

180 252 252

100 172 172

Table 2. Performance measurements for

voice protocol.

Time
Factors

(in milliseconds)

first and third rows in Table 1 sum
the times required for an agent to
receive a ProgressReport and to

End-to-end delay for

Processing delay for each
packet at the sender

Time required to mix and adjust
volume of two audio packets

voice samples 50

Advance its state in response. The
second row also includes the time
required for a ProgressReport,
resulting from the recipient’s Ad-
vance, to reach the caller. Estab-
lishing a conversation involving
videorequires communication with
the video server (hence, with the

has been within the tolerable limits of
commercial telephones. This section
describes performance measurements
to validate this claim.

Table 1 summarizessome notable state
transition times for our conferencing
system. Note that the transition times of
an agent with respect to a conversation
are dependent on the media, since dif-
ferent techniques and hardware are used
to perform state-specific actions in the
audio and video domains. In evaluating
these performance measurements, be
aware that a Sun-to-Sun RPC averages
10 milliseconds, the hardware response
time of the video switch controlled by a
Sun workstation averages 62 millisec-
onds, connection manager operations
such as Advance take about 20 millisec-
onds, and a ProgressReport reaches oth-
er agents in about 80 milliseconds. Mul-
tiple processes in the connection
manager allow sending ProgressReports
to multiple agents in parallel.

In the audio domain, delays result
purely from the overhead of communi-
cating state transition information. The
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video switch controller), which
causes additional delays.

Table 2 summarizes the most
salient performance measurements
of the voice protocol. The end-to-end
delay is the sum of the packetization
delay (20 milliseconds), the transmis-
sion delay (including sender processing
delay, packet transmission, reception
and receiver processing time), and the
anti-jitter delay (10 milliseconds). The
sender’s processing overhead includes
the voice energy computation, silence
detection, and other functions per-
formed for smooth silence-to-sound
transition.

Future work

We have identified areas for further
work, including access control, a light-
weight connection management model,
and media synchronization.

The Etherphone connection manage-
ment should be enhanced to support
different types of conversations. For ex-
ample, in classroom conversations, each
user may have different participation
(or access) rights. These rights deter-
mine the type of media transmission

channels that must be created for that
conversation. For example, if a partici-
pant only has permission to receive,
then it is necessary to create a simplex
communication channel. It is possible
to simulate a simplex channel by dis-
carding packets received from a partici-
pant with no transmission rights. How-
ever, to actively prevent such a
participant fromsending requires lower
level access control (for example, mul-
ticast group membership controls).

We believe that future applications
such as video browsing will require a
lightweight approach to establishing and
managing connections. An interesting
research issue is the integration of such
lightweight applications with our cur-
rent, more deliberate, negotiation-based
models.

Since our system transmits digital
audio and analog video, the correspond-
ing delays can vary. The current imple-
mentation does not yet provide explicit
means to synchronize these media
streams. Media synchronization is re-
ceiving attention fromseveralresearch-
ers, among them Nicolaou.”

he Phoenix extensions to the
T Etherphone system are a step

toward integrated multimedia
conferencing. They are built on Sparc-
stations, widely available platforms that
can support powerful user interfaces,
direct digital conversion and transmis-
sion of audio, and advanced telephone-
like control functions. Video is trans-
mitted over aseparate cable TV network.
The overall system achieves physical
integration of audio and logical integra-
tion of video.

The enhanced conferencing paradigm
extends Etherphone telephone confer-
encing to let users participate in multi-
ple conversations employing multiple
media. The Phoenix extensions support
a collaboration model in which users
can participate actively in one conver-
sation while participating passively in
others. The model permits ready exten-
sion to active participation in multiple
conversations. In addition, the Phoenix
control methods permit asymmetric con-
versation participation (with respect to
media used).

We believe that the experience gained
from building the Macaw and Phoenix
extensions will prove valuable in the
future design of completely digital mul-
timedia conferencing systems. M
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