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ABSTRA CT

We describe the architecture and implementation of our comprehensive multi-platform collaboration framework
known asColumbia InterNet Extensible Multimedia Architecture (CINEMA). It providesa distributed architec-
ture for collaboration using synchronouscommunications likemultimedia conferencing,instant messaging,shared
web-browsing, and asynchronous communications like discussionforums, shared �les, voice and video mails. It
allows seamlessintegration with various communication means like telephones,IP phones,web and electronic
mail. In addition, it provides value-added servicessuch as call handling based on location information and
presencestatus. The paper discussesthe media servicesneededfor collaborative environment, the components
provided by CINEMA and the interaction among those components.
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1. INTR ODUCTION

In many organizations, e-mail and tele-conferencingare the only meansof collaboration. More recently , instant
messaging(IM) is being usedfor short interactive communication. Even though thesecommunication meansare
not designedfor collaborative work, the limited set of available options causesthem to put all their data such
as meeting notes, documents, conferenceschedulesand reminders into the email system.

We need a collaborative environment that seamlesslyintegrates with the existing communication meansof
email and phone as well as newer methods like IP telephony and instant messaging.Consider an IP telephony
conferencewith someparticipants on phone, and someothers using desktop audio/video clients. Late-arriving
participants can browse through the past meeting proceedings,and non-participating group members can be
automatically noti�ed of meeting minutes and other important document locations via email.

One reasonmany earlier collaboration systemshave not succeededis that they were hard to use for people
when the teams and groups span organizational boundaries. Also, they often require installing a lot of software,
usually only available for limited set of platforms such as Windows, or work for only one vendor tools.1 Col-
laboration tends to the \least common multiple" con�guration supporting all neededtools and platforms, since
groups can rarely say \sorry , sinceyou cannot run this software, we will not include you in the committee".

There are two modesof collaboration. A \synchronous" or tightly coupledcollaboration is highly interactive
and requires the active presenceof the other members of the group. On the other hand, an \asynchronous" or
loosely coupled collaboration is part of somecollective activit y directed towards someshared goal or common
purpose,but doesnot require the active presenceof the other members of the group. A comprehensive collab-
oration environment provides both synchronous and asynchronous collaboration tools and integrates the two so
that userscan easily alternate betweenthe two.

Our systemis di�eren t from other conferencingapplications in that it integrates the two modesof collabora-
tion. For example,samegroup of peoplecan be addressedby video conference,IM and email, with appropriate
archival of interactions. Secondly, it provides device-transparencyby allowing accessand interaction even if
participants temporarily have only a phone or email. Although it is not new, we also provide hybrid interaction
such that one can usephone for audio and PC for IM and document sharing in the sameconference.

Our architecture providesbuilding block tools for any type of multimedia collaboration, instead of focusingon
speci�c typessuch ascollaborativesoftware development. We want to support three kinds of typical interactions:
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long-lived distributed groups that alternate betweensynchronous and asynchronous interactions, such as design
teams, collegeclasses,committees and work teams, asymmetric events such as lecture and lecture series,where
interaction is mostly limited to asking questionsto the speaker, and short-lived spontaneous interaction among
groups of people.

Our collaboration tools are based on standard protocols such as SIP2 and Real-Time Streaming Protocol
(RTSP3) for signaling, Real-time Transport Protocol (RTP 4) for media transport, VoiceXML5 for voice-based
interaction, Call ProcessingLanguage (CPL 6) for network-based service creation, Language for End System
Services(LESS7) for endpoint-based servicecreation and a web interface for asynchronous collaboration.

In this paper, we describe the architecture and implementation of our comprehensive multi-platform collab-
oration framework. While the previous work (8{10 ) focused on the telephony aspects, this article focuseson
collaboration. We describe the requirements for comprehensive multimedia communication and collaboration
environments in Section 2. Somerelated work is listed in Section3. Section 4 provides an overview of the archi-
tecture and the user interface. Section 5 describesthe synchronous collaboration architecture whereasSection 6
details the asynchronous collaboration. Finally, we present the conclusionsand future work in Section 8.

2. REQUIREMENTS

The basic requirements for the comprehensive collaboration systemconsistof a personalizedview of the system,
real-time or interactive multimedia collaboration (called synchronous) and loosely tuned sharing of information
(called asynchronous). A web-baseduser interfaceprovidesa portable and personalizedway to accessthe system.

The per-user calendar for appointments and conferencesshould allow sharing, �ltering and accesscontrol.
The multi-part y audio, video and text conferencingmay alsoallow sharedapplications, accesscontrol, moderated
conferences,recording and �le sharing among the participants. Additional sharing of information via E-mail,
voice or video mails should be possible. The various tools should be accessiblefrom email or telephone, if
possible.

3. RELA TED W ORK

The computer-supported collaborative work (CSCW) hasbeenstudied even beforethe web.11{14 ACM's special
interest group on supporting group work, SIGGROUP,15 explores topics related to computer-basedsystems
that a�ects team or group in workplace settings. However, the focus remained mostly on web-baseddocument
sharing and concurrent editing in systemssuch asBSCW,16 Lotus Domino,17 Hyperwave18 or Livelink.19 Many
researchershave exploredspeci�c typesof collaboration such ascollaborative software development, 20 electronic
classrooms,21 network gamesand sharing health-care information.

Multimedia conferencingusing audio, video, and data communication using IM and email, have indepen-
dently evolved and becomepopular over the years.22{25 Using audio and video for collaborative work is not
new.26, 27 There are a number of audio/video collaboration systemssuch as MBone tools,28, 29 MeetingPlace30

and GnomeMeeting.31 The ITU-T's H.32332, 33 provides video conferencingsystemsalong with T.120 for data
conferencingand T.128 for application sharing.34

Most of the technologiesusedin our architecture, such as sharedweb-browsing,35 conference
o or control, 36

application sharing37, 38 and web-basedcollaboration39 have been investigated extensively. A number of web
portals such asYahoo! and MSN provide online calendaring,and sharingof information to someextent. However,
the concept of group is rarely used. Our work is the �rst demonstration of a SIP-based comprehensive and
extensible collaboration system. Our approach comes from a multimedia communication background, that
extendsthe previous CINEMA communication suite10 to support di�eren t kinds of collaboration acrossdi�eren t
platforms. Our architecture integrates together the conferencingand collaborative computing approaches.



4. CINEMA AR CHITECTURE

The architecture consists of a set of distributed server components and user agents as shown in Fig. 1. The
SIP registration and proxy server (sipd) is used for user location and forwarding of signaling messages.The
multi-part y conferenceserver, sipconf,40 forms the core of the synchronous collaboration infrastructure. The
media server, rtspd, allows streaming of multimedia content for playback and recording. The uni�ed messaging
server, sipum, provides centralized answering machine, and multimedia mail service.41 A web-basedinterface
providesasynchronouscollaboration support. Useragents such asregular PSTN phonevia a SIP/PSTN gateway,
IP-phone, or desktop basedSIP user agents like sipc are used for synchronous collaboration. Interactive voice
dialogue via the VoiceXML browser, sipvxml,42 allows easyaccessto a telephoneuser. The SIP server and the
SQL database43 form the core of the infrastructure for basic call 
o w (Fig. 2).
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Figure 1. SIP-based collaborativ e work environment
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Figure 3. Personal calendar

4.1. W eb in terface

The web-baseduser interface allows managing user accounts, voice-mails and conferences.The web pagesare
generatedusing the HTTP CGI44 scripts that accessthe SQL databasefor con�guration and pro�les. The web
pagesprovide intuitiv e user interface components and context-sensitive help. There are multiple levels of details
in di�eren t user expertise levels. For example, a beginner-level user accessesonly basic features to get started
whereasan advanced-level usercan con�gure and managedetailed information. The interface allows con�gurable
layout of the web pagesso that a particular installation of the systemcan be adapted asper the serviceprovider.

The call-routing pro�le is used to manage current phone locations, accesscontrol for incoming calls and
programmable call handling. The uni�ed messagingincludes voice, video mails, emails and discussionforum.
There is a per-user event calendar, addressgroup and accessgroup management. Finally the administrator
interface allows con�guring the servers, gateways, phone tari�s, and visual layout of the web pages.

4.2. Personal calendar and address book

When the user logsin from the web, it shows the most recent appointments and voice-mails. A personalcalendar
shows the various appointments or conferencesscheduled for the useror his group (Fig. 3). The usercan seethe
day, week,month or year view for di�eren t levels of information.



The per-useraddressbook allows organizing the contacts into local or global accessgroups. A local group is
visible only to the owner, e.g., \m y friends", whereasa global group is visible to everyone,e.g., \net work research
group". An addressbook entry can belong to zero or more accessgroups. An event, such as an appointment or
a classschedule, can have a group-name with given group-privileges. The read or write accessprivilege for an
event can be owner, group or everyone, similar to Unix �le permissions. The read accessspeci�es who can view
the description and details of the event. The write accesstells who can modify the event attributes. A personal
appointment typically has owner privileges for read and write, whereasa seminar serieshas group read access
and owner write access.

4.3. Ev ents and event-groups

An eventis an individual event or appointment. An eventgroupis a collection of related events, e.g.,an university
course for which individual classes,or events, happen weekly. Every event can belong to an eventgroup. An
eventgroupcan have zero or more events. An eventgroupcan optionally have a repeat indicator, e.g., every
month, every year. The repeat indicator is useful if one doesnot want to itemize individual events, e.g., yearly
birthda y reminders.

An event-group may be associated with an optional conferencename, e.g., on-line lecture series. While an
eventgroupde�nes a group of events used in calendar, a conferenceis strictly a synchronous collaboration with
additional attributes like supported media-types,dial-in number, recording formats, default audio sampling rate,
public or private conferencetype and public or private participant list. Various SQL tables for storing the
information are explained in CINEMA technical report. 10

5. SYNCHR ONOUS COLLABORA TION

A multi-part y multimedia conferenceis the simplest form of synchronous collaboration. In the absenceof
multicast, centralized conferenceservers provide an attractiv e solution for small to medium scaleconferences.40

Moreover, a centralized control integrates easily with other collaboration requirements such as 
o or control. For
example, the organizer can control who gets to speak at any instant if there are multiple speakers, and enforce
the policy at the server.

The participants dial the conferenceURL, e.g., sip:sta�-meet@cs.columbia.edu, to join the dial-in confer-
ence. The conferencescan be pre-scheduled from the web interface, or created on the 
y , e.g., by dialing
sip:letsmeet.adhoc@conference-server. For centralized conferencing,we needa central conferenceserver such as
sipconf and user agents such as sipc as described below.

5.1. User agent

Sipc is a SIP user agent that can be usedfor Internet telephony calls, multimedia conferences,presence,instant
messaging,and sharedweb browsing. It supports a range of media types, such as audio, video, text and white
board (Fig. 4), and can be easily extended to handle additional media types. It usesexternal media tools such
as vic,45 RAT46 and wb.47 We are currently developing our own low-latency audio tool. Beyond multimedia
communication, it can also perform network appliancecontrol, or act as SAP-basedInternet radio or TV. 48 We
are extending it to support emergencyservices.49

The participants can also useother SIP-phonesor regular telephonesto join the conference.We are imple-
menting another SIP user agent, sipz, for handheld devicesto allow mobile multimedia participants.

5.2. Audio mixing

When the participants join the conference,the server mixes and redistributes the audio such that a participant
hearseveryoneelseexcept herself from the server. The server decodesthe incoming audio from the participant,
and puts it in a per-participant queueas shown in Fig. 5. On periodic interrupt, the participant audio is mixed,
and redistributed back to the participant after encoding. Optimizations reduce the number of encoders and
decoders.40 The server acts as an RTP mixer4 for the audio. Each call leg in the conferenceforms an RTP
sessionwith the participant.



Figure 4. Columbia SIP User Agent (sipc)
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Meet me at Tom's at 8:00.
...
Content-Type: text/plain
To: Alice <im:alice@office.net>
From: Bob Wilson <im:bob@home.com>
...
Content-Type: Message/CPIM
To: <sip:alice@office.net>; tag=Uo18a
From: <sip:staff-meet@servers.com>
MESSAGE sip:alice@office.net SIP/2.0

SIP headers

IM headers

IM text

Figure 6. Example SIP MESSAGE for instant messaging

5.3. Video forw arding

Unlike audio, mixing doesnot make sensefor video. Every participant may want video from everyoneelsein the
conference.The server implements transparent packet forwarding for video. A video packet from a participant
is distributed to every other participant in the conferencewithout modi�cation. In this case,the server does
not implement the RTP stack for video session.The lip synchronization betweenthe audio and video sessionsis
done at the participant's user agent on receiving the two streams.

5.4. White-b oard sharing

The White-b oard is a conferenceapplication for shared drawing. It allows synchronous collaboration using
graphic information. The ITU-T Recommendation T.126 de�nes a protocol to manage the conference-wide
synchronization of multi-plane and multi-view graphical workspace.However, In our system, we usean existing
simple white-board application developed at UCL47 in sipc and are planning to support the sharing in sipconf.
The sipconf server simply forwards the drawing commands to all the participants except the sender. By this
way, it doesnot needto maintain a sharedgraphical workspaceinternally. To allow new joiners getting historical
drawings, the server can cache the drawing commandsfor late-arriving participants.

5.5. Instan t messaging

The instant message(IM) handling in the conferenceserver is similar to video forwarding. When alice@o�c e.net
sendsan IM to bob@home.com, the SIP server at home.com domain proxies it to the current location of Bob's
phone. An IM sent to the conferenceURL sip:sta�-meet@servers.com is intended for all the conferencepartici-
pants. If the conferenceis not active or there is no other participant, then the server indicates the error to the
sender. If the senderis not already in the conference,then the server can either indicate an error to the sender,
or still continue to distribute the IM to the participants. In a way, the server provides a group addressto send
IM to, similar to email-groups. An example SIP MESSAGE sent by the server is shown in Fig. 6. The server
can also forward indications50 that allows Alice's useragent to display status such as \Bob is typing a message".

The server should allow transitioning from an IM sessionto a full multimedia session,and vice-versa,when
the participant changesher media capabilities accordingly.



5.6. Shared web bro wsing
The SIP MESSAGEmethod can be usednot only for instant messaging,but alsofor someadditional control. For
example, sipc can capture the browser event on navigation and indicate that HTTP URL to the remote party.
The server forwards the messagelike any other IM, thus, readily supports sharing among multiple participants.
In sipc, we have implemented an application to control Internet Explorer and Netscape for sharedbrowsing.

5.7. Screen sharing
We have added support for the open sourceVirtual Network Computing (VNC 51)-basedscreensharing in both
sipc and sipconf. VNC is a client server protocol, wherethe server sharesits screento a viewer or client. To avoid
authenticating the client, we initiate the sessionfrom the VNC server to the listening client. If a participant
sharesher screen,her user agent invokes the VNC server application whereasall the other participants invoke
the VNC client application. The conferenceserver merely forwards packets similar to video forwarding. The
data packets containing the screenbu�ers are forwarded from the VNC server to all the VNC client applications
where as the control packets such asmouseand keyboard input are sent from the VNC client to the VNC server
application.

5.8. Conference control
In a hybrid conferenceusing phonefor audio and PC for IM, it should be possibleto control the conferencefrom
either phone or IM. Simple IM to the server can be used as control commands,e.g., if a participant sendsIM
text as \list", the server returns the IM text containing list of all the active participants. Similarly, when a new
participant joins or one leaves,all the existing participants are noti�ed by the server via IM.

Conference
o or control means controlling who gets the exclusive accessof the shared media channels or
resources. For example, typically only one participant should speak in a conference. In caseof multiple con-
tenders, the conferencechair can decidewho gets to speak. There are many ways to do advanced 
o or control
such as using Simple Object AccessProtocol (SOAP) to run Remote Procedure Calls (RPC) 52 on the server,
web interface, and via touch-tone phones. We are implementing the SOAP-based 
o or control in our server and
user agent.

5.9. Dial-in vs dial-out conferences
Although most of our earlier discussionfocusedon dial-in conferences,dial-out mode is equally important. For
example, if a participant wants to invite another user in the conference,or the server wants to send out call
invitations to the intendedparticipants at the scheduledtime. Usually someform of audio and text announcement
indicates the purposeof the call to the user. To avoid the dialed-out call going to answering machine, the server
may prompt the user to presscertain digits to actually join the conference.

6. ASYNCHR ONOUS COLLABORA TION

There are a number of related events during or after the conference,that need to be shared with others even
when the conferenceis not active. For example, the recordedconversation or meeting minutes may be neededin
subsequent meetings,o�-line discussionon the topics covered in the conferenceneedsto be co-ordinated in the
sameway as the conferencewas controlled or the notes may be edited remotely using WebDAV.53 The primary
objectivesof thesecollaboration mechanismsare to avoid duplicating shareddata and to provide someform of
changecontrol on shareddata.

Use of RTSP, instead of the traditional download-and-view web model, enablesthe recording of the content
once and the use of the pointer or the URL when forwarding the content without actually forwarding the
multimedia �le. This is desirable for low bandwidth situations where downloading a whole media �le is very
expensive, particularly if the recipient decidesthat shedoesn't want to listen to the audio after hearing the �rst
few seconds.Moreover, the multimedia content can be accessedwith any RTSP basedmedia player, e.g.,Apple's
QuickTime.

As mentioned earlier, every conferenceis associated with some eventgroup. An eventgroupcan be associ-
ated with various forms of asynchronous collaboration mechanisms, such as �le sharing and discussionforum.
Conferenceparticipants can sharemeeting notes, agendaor other documents via the web.



Figure 7. File sharing

Figure 8. Web interface for conferencerecording

Figure 9. Web-baseddiscussion forum

Figure 10. Voice messages

6.1. File sharing

The web interface allows uploading shared �les as shown in Fig. 7. The userscan register to get noti�ed via
email when the shared �le is modi�ed or deleted.

6.2. Discussion forum

Messageboards and discussionforums facilitate asynchronous discussionon a particular topic. One advantage
over email-baseddiscussion is that it can systematically display the various discussionthreads, postings and
replies.

The userscan alsoregister to receive new postsor repliesin their email. They can useemail to post a message
or reply to the discussionthread. Fig. 9 shows an exampleweb interface.



6.3. Conference event recording
The systemallows recording of the audio, video and IM communications in a conference.The audio recording at
the conferencecan be done either when the media packets (RTP) are received from the participant or when the
mixed stream is created as in Fig. 5. In the former case,the recording is done by dumping the raw RTP (and
RTCP) packets along with packet sizeand time-stamp, in a �le. On the other hand, a mixed audio stream can
be recorded in standard Sun \snd" or Microsoft \w av" �le format. Only rtp dump recording format is needed
for video, sincethe server doesnot generateany mixed video stream. The systemallows recording in a local �le
or to remote media server using an RTSP URL.

We are developing a web interface to display the conferenceproceedingsin a time-line as shown in Fig. 8.
The �rst time-line indicates the complete conferenceduration with the important events, such as the new user
join, leave, �le uploads and instant messageinteraction. The secondtime-line is the zoom-in view of a part of
the conferenceduration as selectedin the �rst time-line.

6.4. Uni�ed messaging
The abilit y to sendmultimedia messagesto other individuals or a group is an important feature of collaboration
systems.Registereduserscan listen to their voice/video messages,recordedconferenceproceedingsor view their
emails from the web. An exampleweb pageis shown in Fig. 10.

The voice/video mail is recordedat the media server, rtspd, by the centralized answering machine and voice
mail server, sipum.41 The server noti�es the user of new incoming messages,e.g., using email, and indicates the
pointer or URL to listen to the message.It should allow sendingthe media content instead of the pointer in the
email, if the user wants that way.

6.5. Noti�cations and announcemen ts
The system can notify the user of various appointment reminders, conferencesschedulesor changesin shared
�les, messageboard or incoming multimedia message. The user can schedule the samenoti�cation to multiple
destinations.

It supports di�eren t kinds of noti�cations such as reminders for birthda ys or appointments where the no-
ti�cation is generated before the event, wake-up call kind of one time noti�cations, and noti�cations for the
eventgroupfor its all individual events.

While an email or IM is an one-time event with no interaction, a phone-basednoti�cation can prompt the
userwith more options via IVR. For example,\press 1 to get noti�ed again after 5 min, or press2 to listen to the
details of the event". The system can allow scheduling the noti�cations from the web interface or via telephone
using the touch-tone input.

7. ADDITIONAL SERVICES

There are other interesting servicesthat assistboth synchronous and asynchronous collaboration. For example,
a conferenceserver can dial-out a scheduledmeeting only when all the required participants are on-line. An IM
usercan join a tele-conferenceand interact via speech-to-text and text-to-speech conversionbetweenthe IM text
and other participants' audio.

7.1. Presence

The presenceinformation gets used quite often in people'sdaily life. Peopleare used to checking online status
before starting a conversation with their IM \buddies".

In our system, we base our presenceinformation handling on the SIP event noti�cation architecture.54

Beyond the existing implementations' presencestatus of online, o�ine or away, we consider both current and
future communication availabilit y via timed-status, a number of place-types, such as \home", \o�ce", and
\public" as well as a privacy classi�cation into \public", \priv ate" and \quiet". 55 The user can also indicate
whether the communication is likely to be overheard or whether audio is consideredundesirable.

The web interface displays the list of subscribed users(buddies) as well as all the others who are interested
in knowing the presencestatus of this user as shown in Fig. 11. The client's user interface is shown in Fig. 12.



Figure 11. Web-basedpresence
Figure 12. IM and Presencesupport in sipc

7.2. In teractiv e voice resp onse (IVR)

We have discusseda number of examples involving user interaction via touch-tone input from a telephone.
VoiceXML5 is an XML-based languagedeveloped by the W3C to create voice dialogs that feature synthesized
speech, digitized audio, recognition of spoken and DTMF key input and recording of audio for telephony appli-
cations. Our sipvxml is a SIP-basedVoiceXML browser that allows a SIP-phone, or a regular telephonevia a
gateway, to interact with the back-end application logic.42

We have developed someCGI-based applications for voice-mail accessand conferenceparticipation. Each
registereduser gets a unique telephonePIN (personal identi�cation number) for authentication. The voice-mail
script announcesthe number of new and old messages,and prompts the caller to listen to the messages.

7.3. In teraction among email, telephone and IM

Today, email is the most common form of electronic communication. However, the convenienceof email is
limited by the necessity of an Internet connectedcomputer. A system that allows interworking of email with
other communication meanssuch as telephoneor IM, will enhanceuser experience. Such systemcan be usedto
reach those userswho only have email accessvia IM, de�ne certain incoming emails as important and forward
them to IM, get a virtual-IM account to interact with other IM usersvia email, accessemails via phone, get
noti�ed of any important email on phone, and text-chat with other IM usersor in a conferencevia phone.

8. CONCLUSIONS AND FUTURE W ORK

We have discussedseamlessintegration between two types of collaboration modes: synchronous and asyn-
chronous. The conferenceserver and user agent in our CINEMA infrastructure allow synchronous multi-part y
multimedia collaboration via audio, video, instant message,screensharing and shared web-browsing. The per-
sonalizeduser pro�le, calendaring, addressbook management, event and conferencemanagement, and system
con�guration can be done from the web interface. It also facilitates document sharing and asynchronous discus-
sions among the group members. Moderators can monitor and control various synchronous and asynchronous
activities. The messagingand noti�cations are usedto reach the userswhen they are o�-line.

A SIP-basedarchitecture allows easily extending the infrastructure with new features,e.g., presence-enabled
calls and programmable call routing. Interactive voice responseprovide easyaccessto the system from a tele-
phone, whereas various text-to-speech tools allow interaction via plain email. This facilitates accessto the
system transparent to the end user device. Hence, we claim CINEMA to be a comprehensive multi-platform
collaboration architecture. Moreover, the systemallows hybrid interaction, e.g., phone for audio, PC for IM and
document sharing in the sameconference.



Although, CINEMA's main focusis on real-time synchronouscommunication, wealsocorrelate the two modes
of collaboration for an enhancedend-userexperience. CINEMA can be used within an organization as well as
in portal mode by application serviceproviders. In future, we plan to support replicated databases,distributed
mixing and other fail-over features such as automatic fail-over of a conferenceto a back-up mixer.

We have not implemented everything described in the paper. In particular, we are working on recording of
conferenceevents such as join or leave, programmableend systemservices,conference
o or-control, performance
measurement and improvement of the multimedia conferenceserver, load balancing and scaling techniques for
the servers,and optimizations for distributed multi-site collaboration. This paper is a continuation of our earlier
work.8{10

Details on a number of important aspects such as security, email/IM integration, and databaseschema are
skipped in this paper for spaceconstraints. Interested readerscan refer to the detailed technical report. 56

A CKNO WLEDGMENTS

Wenyu Jiang and Sankaran Narayanancontributed in the coredesignand implementation of CINEMA. A number
of other students have contributed to various components in the architecture. The work � is supported by grant
from SIPquest Inc.

REFERENCES

1. J. Schwartz, \Collab oration: More hype than reality," InternetWeek (online newsletter) , Oct. 1999.
http://www.in ternetweek.com/trans/tr99-bp1.h tm.

2. J. Rosenberg, H. Schulzrinne, G. Camarillo, A. R. Johnston, J. Peterson, R. Sparks, M. Handley, and
E. Schooler, \SIP: sessioninitiation protocol," RFC 3261, Internet Engineering Task Force, June 2002.

3. H. Schulzrinne, A. Rao, and R. Lanphier, \Real time streaming protocol (RTSP)," RFC 2326, Internet
Engineering Task Force, Apr. 1998.

4. H. Schulzrinne, S. Casner, R. Frederick, and V. Jacobson,\R TP: a transport protocol for real-time appli-
cations," RFC 1889,Internet Engineering Task Force, Jan. 1996.

5. S. McGlashan, D. Burnett, J. Carter, S. Tryphonas, J. Ferrans, A. Hunt, B. Lucas, and B. Porter, \V oice
extensiblemarkup language(voicexml) version 2.0," tech. rep., World Wide Web Consortium (W3C), Feb.
2003. http://www.w3.org/TR/v oicexml20/.

6. J. Lennox, X. Wu, and H. Schulzrinne, \CPL: a languagefor user control of Internet telephony services,"
internet draft, Internet Engineering Task Force, Aug. 2003. Work in progress.

7. X. Wu and H. Schulzrinne, \Programmable end system servicesusing SIP," in Conference Record of the
International Conference on Communications (ICC) , May 2003.

8. W. Jiang, J. Lennox, S. Narayanan, H. Schulzrinne, K. Singh, and X. Wu, \In tegrating Internet telephony
services," IEEE Internet Computing 6, pp. 64{72, May 2002.

9. W. Jiang, J. Lennox, H. Schulzrinne, and K. Singh, \T owards junking the PBX: deploying IP telephony,"
in Proc. International Workshop on Network and Operating System Support for Digital Audio and Video
(NOSSDAV) , (Port Je�erson, New York), June 2001.

10. K. Singh, W. Jiang, J. Lennox, S. Narayanan, and H. Schulzrinne, \CINEMA: columbia internet extensi-
ble multimedia architecture," technical report CUCS-011-02,Department of Computer Science,Columbia
University, New York, New York, May 2002.

11. M. Ste�k, G. Foster, D. G. Bobrow, K. Kahn, S. Lanning, and L. Suchman, \Bey ond the chalkboard:
computer support for collaboration and problem solving in meetings," Communications ACM 30, pp. 32{
47, Jan. 1987.

12. J. Conklin, \Hyp ertext: An intro duction and survey," in Groupware | software for computer-supported
cooperative work, D. Marca and G. Bock, eds., IEEE Computer Society Press, 1992. IEEE Computer,
September 1987.

� More information about CINEMA is at http://www.cs.colum bia.edu/IR T/cinema



13. A. Dix, \Computer-supp orted cooperative work - a framework," in Design Is-
sues in CSCW, Eds. D. Rosenburg and C. Hutchison, Springer Verlag, 1994.
http://www.comp.lancs.ac.uk/computing/users/dixa/pap ers/cscwframework94/.

14. A. Dix, \Challenges and perspectives for cooperative work on the web," in An Interna-
tional workshop on CSCW and the Web, ERCIM/W4G, (Sankt Augustin, Germany), Feb. 1996.
http://orgwis.gmd.de/pro jects/W4G/pro ceedings/challenges.html.

15. Association for Computing Machinery (ACM), \A CM special interest group on supporting group work
(SIGGROUP)," 1996. http://www.acm.org/siggroup/.

16. W. Appelt, \WWW based collaboration with the BSCW system," in SOFSEM (SOFtware SEMinar) ,
pp. 66{78, Springer-Verlag in the Lecture Notes in Computer Science1725,(Milo vy, Czech Republic), Nov.
1999. http://bscw.gmd.de/P apers/SOFSEM99/sofsem.pdf.

17. \Lotus domino." http://www.lotus.com.
18. \Hyp erwave." http://www.h yperwave.com.
19. \Op entext corporation." http://www.op entext.com/liv elink.
20. G. Kaiser and S. M. Kaplan, \CSCW and software process.sessionsummary in ninth international software

processworkshop: The role of humans in the process," in Ninth International Software ProcessWorkshop,
pp. 9{11, Oct. 1994.

21. M. M•uhlh•auser, \In terdisciplinary development of an electronic class and conferenceroom," Journal of
Universal Computer Science (J.UCS) 2, pp. 694{710, Oct. 1996.

22. E. Schooler, S. Casner, and J. B. Postel, \Multimedia conferencing: Has it comeof age?," in 24th Hawaii
International Conference on SystemScience, 3, pp. 707{716, IEEE, (Hawaii), Jan. 1991.

23. M. Handel and J. Herbsleb, \What is chat doing in the workplace," in Proceedings of ACM Conference on
computer supported cooperative work(CSCW), (New Orleans, Louisiana, USA), Nov. 2002.

24. P. V. Ranganand D. C. Swinehart, \Soft ware architecture for integration of video servicesin the etherphone
environment," IEEE Journal on Selected Areas in Communications 9, pp. 1395{1404,Dec. 1991.

25. S. Sarin, \Computer-based real-time conferencingsystems," IEEE Computer 7, pp. 33{45, Oct. 1985.
26. H. Schulzrinne, \Conferencing and collaborative computing," in Dagstuhl Seminar on Fundamentals and

Perspectives of Multimedia Systems, (Dagstuhl Castle, Germany), July 1994.
27. E. A. Isaacs and J. C. Tang, \What video can and can't do for collaboration: a casestudy," in ACM

Multimedia, pp. 199{206, (Anaheim, California), Aug. 1993.
28. S. McCanneand V. Jacobson,\vic: A 
exible framework for packet video," in ACM Multimedia, Nov. 1995.
29. V. Kumar, MBone: Interactive Multimedia On The Internet , Macmillan Publishing (Simon & Schuster),

1995.
30. \MeetingPlace." http://www.meetingplace.net/.
31. \GnomeMeeting." http://www.gnomemeeting.org.
32. J. Togaand J. Ott, \ITU-T standardization activities for interactive multimedia communications on packet-

basednetworks: H.323and related recommendations,"Computer Networks and ISDN Systems31, pp. 205{
223, Feb. 1999.

33. J. Ott, \T eleconferencingin the ITU-T," in IETF , (San Jose,California), Dec. 1994.Multipart y Multimedia
SessionControl WG (MMusic), Talk (c).

34. P. Balaouras, I. Stavrakakis, and L. Merakos,\P otential and limitations of a teleteaching environment based
on H.323 audio-visual communication systems," Computer Networks 34, pp. 945{958, Dec. 2000.

35. S. Greenberg and M. Roseman, \Group web: A web browser as real-time groupware," in Conference on
human factors in computing systems,companion, proceedings, pp. 271{272, ACM SIGCHI'96, (Vancouver,
Canada), Apr. 1996.

36. H.-P. Dommel and J. J. Garcia-Luna-Aceves,\Flo or control for multimedia conferencingand collaboration,"
Multimedia Systems5(1), pp. 23{38, 1997.

37. \p cAnywhere by Symantec, Inc.." http://www.syman tec.com/pcanywhere.
38. \GoT oMyPC by Expert Cit y, Inc.." http://www.gotom ypc.com/.
39. \VirtualPlaces." http://www.vplaces.com/vpnet/index.h tml.



40. K. Singh, G. Nair, and H. Schulzrinne, \Centralized conferencingusing SIP," in Internet TelephonyWork-
shop, (New York), Apr. 2001.

41. K. Singh and H. Schulzrinne, \Uni�ed messagingusing SIP and RTSP," in IP Telecom Services Workshop,
pp. 31{37, (Atlanta, Georgia), Sept. 2000.

42. K. Singh, A. Nambi, and H. Schulzrinne, \In tegrating VoiceXML with SIP services.," in Conference Record
of the International Conference on Communications (ICC) , May 2003.

43. MySQL AB Co., \MySQL home page," http://www.m ysql.com.
44. D. Robinson and K. Coar, \The common gateway interface (CGI) version 1.1," Internet Draft draft-coar-

cgi-v11-04.txt,.ps,, Internet Engineering Task Force, Oct. 2003. Work in progress.
45. UCB/LBNL, \vic { video conferencingtool." http://www-nrg.ee.lbl.go v/vic/.
46. UCL Multimedia, \Robust audio tool (RAT)." http://www-mice.cs.ucl.ac.uk/m ultimedia/soft ware/rat/.
47. \Wb d: Whiteb oard from University College London." http://www-

mice.cs.ucl.ac.uk/multimedia/soft ware/wb d/.
48. M. Handley, C. E. Perkins, and E. Whelan, \Session announcement protocol," RFC 2974, Internet Engi-

neering Task Force, Oct. 2000.
49. H. Schulzrinne and K. Arabshian, \Pro viding emergencyservicesin Internet telephony," IEEE Internet

Computing 6, pp. 39{47, May 2002.
50. H. Schulzrinne, \is-composing indication for instant messagingusing the sessioninitiation protocol (SIP),"

internet draft, Internet Engineering Task Force, Feb. 2003. Work in progress.
51. T. Richardson, Q. Sta�ord-F raser, K. R. Wood, and A. Hopper, \Virtual network computing," IEEE Inter-

net Computing 2, pp. 33{38, January/F ebruary 1998.
52. X. Wu et al., \Use of sessioninitiation protocol (SIP) and simple object accessprotocol (SOAP) for confer-

ence
o or control protocol (SOAP) for conference
o or control," internet draft, Internet Engineering Task
Force, Mar. 2003. Work in progress.

53. Y. Goland, E. Whitehead, A. Faizi, S. Carter, and D. Jensen,\HTTP extensionsfor distributed authoring
{ WEBD AV," RFC 2518, Internet Engineering Task Force, Feb. 1999.

54. A. B. Roach, \Session initiation protocol (sip)-speci�c event noti�cation," RFC 3265,Internet Engineering
Task Force, June 2002.

55. H. Schulzrinne, \RPIDS { rich presenceinformation data format for presencebasedon the sessioninitiation
protocol (SIP)," internet draft, Internet Engineering Task Force, July 2003. Work in progress.

56. K. Singh, X. Wu, J. Lennox, and H. Schulzrinne, \Comprehensive multi-platform collaboration," technical
report CUCS-027-03,Department of Computer Science,Columbia University, New York, New York, Oct.
2003.


