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Abstract— Session Initiation Protocol (SIP) is being widely
adopted for VoIP, IM and other collaborative applications due
to its simple yet rich functional design. However, one of the
main drawbacks has beenits per-application deployment (each
application usingits own SIP stack), leading to narr owly focussed
development of SIP based sewices. In this paper, we propose
a client-side SIP sewice and supporting network infrastructur e
blocks that provide uni ed mechanismsto executegeneric SIP
functions. The composition of these building blocks allows for
creating richer applications, e.g a conferencing sewer coupled
with a gaming sewer provides dynamic conferencing between
current occupants of a game room. The main feature of our
framework is its availability to all applications including the
onesnot inherently based on SIP. Also, the SIP sewice API is
designedto be extensibleand in addition to providing novel higher
level functional primiti veslik e adhoc conferencing and seamless
transition of sessions,t also exports a low level interface for
specialized applications. Another feature of the sewice is that
it allows a user to plug-in an end device of his/her choice on
a per-sessionbasis. We demonstrate the richness of the API by
describing prototypesfor enhancingvarious applications as well
as new corverged applications.

I. INTRODUCTION

Sessionnitiation Protocol(SIP) [1] is a popularchoicefor
establishingmedia sessionsand Instant Messaging|[2], [3].
Thereare several IP softphonesand hardphonesvailable in
the market today that are SIP capableand are being used
for VolIP (Voice over IP). In addition to point-to-pointcalls,
SIP is also being usedfor multi-party conferencecalls [4],
[5]. Typically, eachSIP applicationsuchasan IM client or
a softphonerolls out its own implementationof SIR based
on an API like JAIN [6], which providesa low-level API for
invoking SIP call ows.

We view SIP as a new control pipe to the client desktop
beyond just IM and VolP, and offer SIP asa genericsystem
servicethat is available to all applications.We describethe
designandimplementatiorof a SIP service(Section-Il)which
provides a genericAPI in the form of a set of SIP-specic
primitiveslike point-to-pointcalls, conferencinggvent noti -
cation etc. In addition, the serviceis designedsuchthatit is
easyto plug-inanenddevice of users choice,therebyoffering
the opportunityto selecton a persessiorbasis,oneof multiple
softphonesan IP or a regular PSTN phone.We demonstrate
the richnessof this APl by enhancingexisting applications
suchasnative SIP click-to-call in web browsersandenabling
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ad-hocconferencingn a non-SIPaware messaging:lient, as
well as describingnen corverged applicationssuchas web-
browsing with out-of-bandcontrol information passedria the
SIP service,as well dynamic multi-conferencingsupportfor
multiplayer network games(Section-V). This client service
is supportedon the network side by prototyping a number
of building blocks suchas a conferencingsener with event
noti cation supportand the ability to createconferencesn-
the- y, web sitesthat useappletsto control client SIP service
and a gaming sener that maps changing gaming contets
to one of multiple conferencegSection-IIl). A commercially
available paclet-audiomixer was integratedinto the network
for mediasupport.

Il. CLIENT-SIDE SIP SERVICE

Our SIP serviceactsasa client side systemservicerunning
on a particular port. It offers an API to applicationsat a
higher functional level than the one offered by existing SIP
APIs suchas JAIN SIP [6]. However, in orderto meetthe
demandsof specializedapplicationsthat requirea lower level
control, we also provide a tunnelthroughour API providing
directaccesgo SIPcall o ws. Importantlyour APl is tarmgeted
at the operatingsystemsdevel to ensureits availability to all
applicationandependenbf the applicationexecutionerviron-
ment such as a JVM. There are two modes(see Figure-1)
in which applicationscan invoke this API: (a) by directly
sendingmessagego the speci ed port of the service, and
(b) using SIP as a protocol in the operating systems(by
registering a protocol handler for Windows basedsystems,
for example). The second mode can also be provided in
Linux basedoperatingsystemseitherby encodingappropriate
pluginsor insertingmoduleswithin the OSitself. It allows ary
existing or new application thatlooksinto the OSto determine
registeredprotocols,to automaticallybe able to handle SIP
URLSs by invoking the associategbrotocol handler(similar to
mailto or http).

An important requirementof our SIP serviceis that the
supportingAPI beextensible Thus,the currentsetof functions
which will be describedater, is not by ary meanscomplete,
but ratherto illustrateaninitial setthatwe found usefulacross
multiple applicationscenarios.

A secondmotivation for a client-side SIP serviceis to
offer all control functions that SIP has to offer, within a



Fig. 1. Client SIP Service

single service, instead of separateapplication bundling in
speci ¢ subsetsof full SIP functionality. For example, an
IM client may incorporatepublish-subscribenechanismsf
SIP but may not allow an audio call to be setup,while a
softphonemay incorporatecall control functionality but not
necessarilsupportPresencandIM functionality. In addition,
whentwo suchapplicationsareexecutedconcurrentlythereis
often a problemwith sharingcommonport numbers(suchas
port 5060). More importantly though, this leadsto narravly
focusedSIP applications.Our motivation for an application-
independentSIP serviceis to enablenew applicationsthat
combinemultiple control featuresof SIP in interestingways.

Lastly, a requirementof our proposedSIP serviceis the
ability to offer a choiceof end-deice (SIP User Agent UA)
for userinteraction.A usermay choosea device with features
that is bestsuitedfor the type of session,e.g. a cell-phone
may have a built-in camera,or the desktopphonemay offer
good spealerphone support. This requirementhas several
adwantages:rstly, it frees the SIP service from providing
media I/O capability which is best offered by specialized
devices, while retainingthe control of suchdevicesfrom the
SIP service.In termsof realizing this requirementjt implies
that the SIP service be designedto allow integrating end-
devicesin differentways.In addition,whenan externaldevice
is used,the usermay still like to retaincontrol of the session
(ratherthan of oading both mediaand control to the device).
Thisis especiallytrue,whena userwantsto utilize specialSIP
functionslike SUBSCRIBE/NAIFY, which a non-SIPdevice
cannotprovide.

The SIP servicealso allows usersto switch devicesin the
midst of a session.This requirementplacesa burdenon the
designof SIP Servicein thatit shouldallow easyintegration
of other SIP devicesandalsoPSTNdevices.This is achieved
through device-speci ¢ wrappers,which are responsiblefor
translatingsuchhigherlevel functionaldemandsgo lower level
device commandsgitherthroughSIP or non-SIPmethodssuch
asHTTP POST

I1l. NETWORK INFRASTRUCTURE

Before we describethe detailed API, we rst explain the
building blocks usedto facilitate SIP network services.

A. ConfeenceServer

The rst of theseis a conferenceontrol sener, whichwhen
coupledwith a commerciallyavailable SIP-controllablemedia
mixer, provides a network servicefor settingup conferences
and mixing audio streams.For every participant,the mixer
combinesthe voice signals of every other participantinto
a single signal. There are various off-the-shelf SIP-enabled
mixers available suchas[7]. The conferencesener usesSIP
signalingwith the useragent(UA) andthe mixer to establish
media paths betweenthe two. The unique propertiesof our
conferencecontrol sener are the ability to createad-hocon-
the-y conferences and also to support event noti cation
servicesfor eventsrelatedto conferencing.

To establisranad-hocconferencea usergenerates unique
ID (e.g.ausernameppendedy a randomnumber),creates
a conferenceURL of the form “sip: ID @ conf-sener
address” and sendsan INVITE. To route such messages
which have not beenregisteredat the SIP proxy (as donefor
normal SIP routing), we setup the SIP proxy to forward ary
unregisteredSIP URLSs to the machinein the domain eld of
the URL (the conferencesener in our case).On receving the
INVITE, the conferencesener (CS) createsa new conference
if no suchconferenced exists; elsethe useris addedto an
existing conferenceas a participant(Figure-2).
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Fig. 2. SIP Workfow for a Conferenceloin

Event notication is achived using the SUB-
SCRIBE/NOIFY messagindeatureof SIP by implementing
a new event packagefor conferencingcontexts.

B. GamingServer

A secondapplication building block that we introduced
is modeled as a primitive gaming sener which usesthe
conferencingsener to enhancethe multiplayer gaming ex-
perience.The purposeof this building block is to shav that
SIP allows multiple servicesin the network to be composed
in interestingways, rather than to demonstrategaming per
se. The gaming sener should be viewed as representingan
applicationsener with multiple concurrentstates,such that
applicationclients are eachdynamicallyassociatedvith one
of the sener states.This basic abstractionis augmentedby

1Such conferencesdo not resere resourcesn adwanceand are initiated
on-the- y, thus not registeringconferenceSIP URL at SIP proxies.Routing
messagefor the conferencds the main challenge.



associatingclients sharinga commonstateat the application
sener with a common conference,demonstratingthat the
conferencingserviceis usefulnot just asa standaloneservice
but perhapsmore so, when combinedwith anothernetwork
service. This service compositioncan be achieved either by
couplingthe gameand conferenceseners,or by couplingthe
gameclient with the SIP serviceAPI at the client-side.Both
approachesre feasible.

In a corporate enterprisesetting, the “game service” is
offered as an add-on service to conferencingthat allows
employeesto participatein multiple simultaneougonferences,
presentedrisually to the useras a setof boxes: draggingthe
mouseto a speci ed box seamlesslyswitchesthe employees
current active conferencewithout ary perceptiblebreak in
audio (i.e. without requiring the employee to hang-upand
dial in to the new conference).The feature of the gaming
servicethat we wish to highlight is the ability to seamlessly
and automatically switch the associatecconferencewhen a
gameclient changedts gamingcontet (suchasa dungeon).
To perform such seamlessand dynamic switches,we create
appropriateAPI function primitives(discussedn Section-1V).
The overall architecturds shown in Figure-3.We demonstrate
the applicationof this building block in Section-V.

Gaming
service

Corferencing
service

Server-side
association

S1, 52, 53 : Concurrent states of the game server
C1, C2, C3 : Corresponding Conferences

U1, U2, : Clients

G : Gaming client

S : 5IP Service

Fig. 3. Gamingand ConferencingComposition

C. SIP-awae Web Server

The nal building block we introduceis a web-site that
is cognizantof the SIP service API at the client. It can
use embeddedappletsin its pagesto instruct usersto join
particular conferencesassociatedvith thoseweb pages.For
example,a discussionforum web site, using this mechanism
will instructthe viewersof a particularforumto bein a single
audioconferenceandhenceexchangeheir views via voice. In
addition, to keepusersaware of other participants SIP event
noti cation is implementedusing the SUBSCRIBE/NTIFY
features.For example, when a new user joins a particular
forum, the existing participantsare noti ed of the new par
ticipant and displayedaccordinglyby the SIP service.

The ideais to creategreatercollobarative ervironmentsby
utilizing the SIP serviceat the clients. Embeddinga signed
appletin a web page allows a web sener to co-ordinate
client audio sessionsand create meaningful groupings.The
applet writes SIP APl commands(as discussedn Section-
IV) to the SIP serviceports and userscan join conferences
basedon thoseweb pages.Note that sincewe usethe client-
side SIP service,the userstill getsto enjoy the call control
featuresprovided by the SIP service.Moving to a different
web page will seamlesslytransition the user into a newn
conferencebasedon that web page.It is importantto notice
the distinction of control pathsbetweenthe web sener and
the gamingapplicationsener examples.While in the gaming
sener the call control was donevia the sener itself (based
on client gamingactions),in the web sener the call controlis
throughthe client-sideSIP service.This building block helps
createinterestingapplicationslike communityweb browsing,
demonstratedn Section-V.

V. API

Applicationscommunicatewith the SIP serviceusing XML
messageswhich encodeSIP service API calls. The use of
XML allows standardizednechanism®f interactionwith the
SIP serviceand also provides extensibility to the APl. New
functions can be easily added by using appropriate XML
messagingags.Below, we de ne aninitial setof API calls:

— ExternalJoin: This commandis usedto call a particular
party when no end-userdevice is selected.The format for

sucha messageés:

ExternalJoinid=SIP URL /

This indicatesthat a call is to be madeto a SIP URL such
as sip:arup@research.ibm.conThe action associatedwith

this function is that the SIP service pops up a dialog box

asking the user to select from one of a set of end-user
devices suchas softphone |P phonesetc. Oncea device has
beenselected the SIP service usesthe appropriatewrapper
for that device to make the call. The wrapperswere small

Javaimplementation®f primitive SIP functionsfor thedevice.

— Join: This commandis usedto call a particular party by
using a particulardevice. The formatis:

Joinid=SIP URL1

Use dev=dev-id/

/Join

This indicatesthata call is to be madeto destinationURL1
using a end-userdevice pointed to by dev-id. The dev-id
is either the local softphoneidenti er, which indicatesthe
SIP serviceto launch the appropriatesoftphone,or the SIP
URL for an external hardphonedevice (appropriatelySIP-
gatevayedif required).Softphonesreespeciallydistinguished
in this mannersince we can easily launch them using their
speci ¢ wrappersHowever, it is alsopossibleto usea similar
hardphonemechanisnusingthe SIP URL for the softphoneas
the chosendevice. In casesvhena SIP URL is used,the SIP



serviceneedsto establisha control path with the appropriate
devicesand setup a connection.This canbe achiezed in two
modeseferringto the SIP serviceinvolvementin the process.
1. TransferMode: In this case,the SIP serviceestablishes
sessiorbetweenthe end-deice (identi ed by URL2) andthe
calledpartyURL1. Thecall is completelytransferredo URL2
usinga SIP REFER.In this scenariothe SIP servicehasno
further control on the call and the mediatransfertakes place
betweenendpointsidenti ed by the two URLs (Figure-4).
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Fig. 4. TransferMode

2. Loop Mode: The SIP serviceacts as a Back2BackUser
Agent [8] betweenthe two endpoints.The mediapathis still

end-to-endbetweenthe two URLSs; however, the SIP service
staysin the control path betweenthe two end-points.This

is useful for the SIP serviceto receve event noti cations.

For example,in a conferencecall, a user may subscribeto

join/leave events(using SIP SUBSCRIBE)andbe noti ed of

other participantsjoining/leaving the conference Stayingin

theloop allows the SIP clientto displayarny suchnoti cations.

This would not be possible using the transfer mode since
the device representecby URL2 may either be incapable
of handling the events or exposing them to the userin an
appropriateway and then capturing user responseto those
events. The loop mode is also useful in the contet of the
next API call describedbelow.

Fig. 5. Loop Mode

— SameDeiceJoin: SameDeiceJoinallows a userto seam-
lessly switch the called endpoint (e.g. conference)without
changingthe end-deice currently in use. The format for a
SameDgiceJoinmessages:

SameDegiceJoinid= SIP URL/
This functionality cannotbe realizedby droppingthe entire
call andsettingup a new call from the sameend-deice to the

new target, since this would mean hanging up the external
device and picking it up again, i.e. the switch would be
perceptible We needto provide a seamlesswitch, i.e. never
terminatethe sessionwith the external device. We use the
loop mode SIP service,i.e. the SIP serviceis on the control
path betweendevice Dev-ID and say confl createdby an
earlier Join commandin loop mode. The stepsinvolved in
realizing this functionis to drop the leg to the currentcalled
party (confl), setupa new call to the endpointreferredto
by the URL in the SameDgiceJoin messaggmaybea nen
conferenceconf2), and then exchangethe IP addressesnd
port numbersof the two mediaendpoints(Figure-6).

A
A4

Fig. 6. SIP Work ow for SameDeiceJoin

— Multi-In vite: This API calls is specic to conferencing,
and instructs the SIP service to invite speci ed additional
participantsto the current conferenceln casethe invoking
user is not in a conference,a new ad-hoc conferenceis
createdanddesiredparticipantsareinvited to that conference.
The format of the messages asfollows:

Invite

Add id=SIP URL1/

Add id=SIP URL2 /

— Tunnel: This API call provides a tunneledaccessto low

level SIP work ow commands(speci ¢ SIP messages)The

motivationfor providing suchanaccesss to allow specialized
applicationsto take greatercontrol of the SIP call o ws. This

mechanisnis provided throughan add-onplugin implement-
ing the interface providing accessto low level SIP APIs.

Using the tunnelingfeaturewould requiredevelopersto write

code (as opposedto exchangingXML messages)however,

consideringthe target of specializedapplications this should
not be a major hindrance.

V. PROTOTYPE APPLICATIONS

In this section, we describe some of our prototype
applicationsthat combinethe SIP service APl and building
blocksin the network infrastructure.

SIP URLs in web-browser. Since now, SIP is a protocol
recognizedby the Windows registry, browser programsthat
refer to the registry invoke the SIP protocol handler when



an userclicks on a SIP URL embeddedn a web-page.The
protocol handlerinitiates an ExternalJoin SIP Service API

call, which asksuserinput for device selectionandthen sets
up a sessionto the URL. Note that the browser code was
unmodi ed.

>

Fig. 7. SIP URLs in Web-Bravser

Enabling a non-SIP aware IM client: We selectedan IM
client and sener system[9] that usesa proprietarynon-SIP
protocol, modi ed the client code to recognizeSIP URLs
within messag®odies,highlightedthe SIP URLs asclickable
links (Figure-8),and on userclick, invoked the Join SIP Ser
vice API to createan ad-hocconferencevia the conferencing
service.We followed certainnamingcorventionsto identify a
URL asa conferencdJRL (e.g.the hostnamein the URL is
conf.ibm.com),and hence the userwould needto supplyjust
the conferencename(e.g.abcin the example).The key points

Multi-confer encing/Gaming with seamlessconferencing

The “game” consistsof four quadrantsand a usercan move

in ary of the four directions.Whena usercrossesa quadrant
boundary he is seamlesslyconferencedn with usersin the

new quadrantusing the SameDeiceJoin API call. In the

screenshoshownn, arup and edie are able to heareachother,

while aameekis not ableto heareither If arupwereto move

into the top-left quadrant,then arup would be addedto the

conferencassociatedvith thatquadrantandarupandaameek
will heareachother (if aameekcontinuesto remainin that
guadrant).

Fig. 9. Multi-Conferencing/Gamigp

Community Web Browsing: This applicationcomprisesof
a group of web-pages,such that viewers of a web-page
are informed of all concurrentviewers of that web-page
using SIP's event noti cation mechanismas well as being

to note: (a) the functionality of the IM systemwas enhanced conferencedtogether In addition, whenever a user moves

without changingthe applications native client-sener protocol
(b) the messagingcapability of the applicationis used to
inform other participantsof a conferencg(SIP URL) and (c)
this highlights how the SIP client and network servicesare
useful for a classof applicationswhoseclient code may be
amenablgo modi cation but not the sener code.
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Fig. 8. EnablingIM Client

to a different page, her conferenceautomatically switches
to the one associatedwith the nev page.To facilitate this

switching, we again use the client SIP API. All “enabled”
web pagescontain a signed applet which simply writes a

SameDeiceJoin messageto the client SIP service soclet.

As a result whenever a client loads the page, the applet
writes the SameDgiceJoincommandand the useris brought
into the conferenceof that particularweb page.Note that in

casethereis no active device, the SameDgiceJoin acts as
an ExternalJoin,requiring userinput for device selection.In

addition,to provide userswith informationaboutotherviewers
atthattime, we useSIP basedSUBSCRIBE/NQIFY features
notifying usersof all JoinandLeave events.This applicationis

an attemptat communitybasedcommunicationFor example,
this would allow a community of movie fans reviewing a
particularmovie to participatein a voice discussionramongst
online fansin real-time,as opposedo text chat.

V1. RELATED WORK

There have beenother efforts in designingAPls and lan-
guagedor SIP servicesCall Processindg.anguaggCPL) [10]
is an XML-based scripting languagefor describingand con-
trolling call services.UserscreateCPL scriptsand theserun



on signaling seners. Since CPL is essentiallya sener side
utility, it focuseson network servicesandnot end-useservice.
In contrastour SIP APl is aclient sideutility andaimsto bring
SIP to the client desktop.

JAIN SIP [6] is a low level API and provides a standard
portableinterface to shareinformation betweenSIP Clients
andSIP Seners.Sinceit's alow level API, it doesnot provide
high-level abstractionssuchas SameDgiceJoin. Coexistence
of a rangeof serviceson a single end systemall using the
sameSIP stackand API is alsonot de ned by the JAIN API.

Languagefor End SystemServices(LESS) [11] is XML
basedlanguagefor end system services.It mainly differs
from our utility in the fact thatit is a languagenot an API.
As demonstratedoy us, a wide range of applicationscan
effectively useour APIs to useSIP effectively andef ciently.
In contrast,applicationswill have to be programmedusing
LESS,thusmakingit muchharderfor existing applicationgo
exploit the richnessof SIP

VII. CONCLUSIONS

In this paper we designeda SIP basedsystem service
which provides an extensibleclient-side APl. Sucha mecha-
nism provides a uni ed mechanisnof executinggenericSIP
functionsand makes them accessibleo all applications.The
infrastructureis supportedby a numberof network building
blocks like conferencesener and the “gaming” sener. We
demonstratedthe utility of such a service by enhancing
existing collaborative applicationsas well design of new
applicationssuch as seamlessconferencingfor gaming and
community-basedveb-bravsing. In the future, we intend to
broaderthe SIP serviceAPI andprovide greatemprogramming
supportfor customizableactions.
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