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Abstract

Session Initiation  Protocol (SIP) is being widely
adopted for VolP, IM and other collaborative appli-
cations due to its simple yet rich functional design.
However, one of the main drawbacks has beenits per-
application deployment (each application using its own
SIP stack), leading to narrowly focusseddevelopment
of SIP based services. In this paper, we propose a
client-side SIP service and supporting network infras-
tructure blocks that provide unied medanismsto ex-
ecute generic SIP functions. The composition of these
building blocks allows for creating richer applications,
e.g. a conferencing server coupled with a gaming server
provides dynamic conferencing between current occu-
pants of a game room. The main feature of our frame-
work is its availabilit y to all applications including the
onesnot inherently basedon SIP. Also, the SIP service
API is designedto be extensibleand in addition to pro-
viding novel higher level functional primitiv eslike adhoc
conferencing and seamlesstransition of sessions,it also
exports a low level interface for specialized applications.
Another feature of the serviceis that it allows a user to
plug-in an end device of his/her choice on a per-session
basis. We demonstrate the richnessof the API by de-
scribing protot ypes for enhancing various applications
as well as new converged applications.

1 Intro duction

Session Initiation Protocol (SIP) [8] is a popu-
lar choice for establishing media sessionsand In-
stant Messaging[3, 4]. There are sewral IP soft-
phonesand hardphonesavailable in the market to-
day that are SIP capable and are being used for
VolIP (Voice over IP). In addition to point-to-p oint
calls, SIP is also being usedfor multi-part y confer-
encecalls [10, 7]. Typically, each SIP application
sud as an IM client or a softphone rolls out its
own implementation of SIP, basedon an API like
JAIN [1], which provides a low-level API for invok-
ing SIP call ows.
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We view SIP as a new cortrol pipe to the client
desktop beyond just IM and VolIP, and o er SIP
as a generic system service that is available to all
applications. We describe the design and imple-
mentation of a SIP service (Section-2) which pro-
vides a generic API in the form of a set of SIP-
speci ¢ primitiv eslike point-to-p oint calls, confer-
encing, event noti cation etc. In addition, the ser-
vice is designedsud that it is easyto plug-in anend
deviceof user'schoice,thereby o ering the opportu-
nity to selecton a per-sessionbasis, one of multiple
softphones,an IP or a regular PSTN phone. We
demonstrate the richnessof this APl by enhanc-
ing existing applications such as native SIP click-
to-call in web browsers and enabling ad-hoc con-
ferencing in a non-SIP aware messagingclient, as
well as describing new cornverged applications such
as web-browsing with out-of-band control informa-
tion passedvia the SIP service, as well dynamic
multi-conferencing support for multipla yer network
games(Section-5). This client serviceis supported
on the network side by prototyping a number of
building blocks such as a conferencingserver with
evert noti cation support and the ability to create
conferenceon-the-y, web sitesthat useapplets to
cortrol client SIP serviceand a gaming server that
maps changing gaming cortexts to one of multiple
conferences(Section-3). A commercially available
padket-audio mixer wasintegrated into the network
for media support.

2 Client-Side SIP Service

Our SIP serviceacts as a client side system service
running on a particular port. It o ers an API to ap-
plications at a higher functional level than the one
o ered by existing SIP APIs sudh as JAIN SIP [1].
Howewer, in order to meet the demandsof special-
ized applications that require a lower level cortrol,
we also provide a tunnel through our APl provid-
ing direct accesgo SIP call ows. Importantly our
API is targeted at the operating systemslevel to
ensureits availability to all applications indepen-



dent of the application execution ervironment such
as a JVM. There are two modes (see Figure-1) in
which applications can invoke this API: (a) by di-
rectly sendingmessageso the speci ed port of the
service,and (b) using SIP asa protocol in the oper-
ating systems(by registering a protocol handler for
Windows basedsystems,for example). The second
mode can alsobe provided in Linux basedoperating
systemseither by encaling appropriate plugins or
inserting moduleswithin the OSitself. It allowsany
existing or new application, that looks into the OS
to determine registered protocols, to automatically
be able to handle SIP URLs by invoking the asso-
ciated protocol handler (similar to mailto or http).
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Figure 1: Client SIP Service

An important requiremert of our SIP serviceis
that the supporting APl be extensible. Thus, the
current set of functions which will be described
later, is not by any meanscomplete, but rather to
illustrate an initial set that we found useful across
multiple application scenarios.

A second motivation for a client-side SIP ser-
vice is to oer all control functions that SIP has
to oer, within a single service, instead of sepa-
rate application bundling in specic subsetsof full
SIP functionality. For example, an IM client may
incorporate publish-subscribe mechanisms of SIP,
but may not allow an audio call to be setup, while
a softphone may incorporate call cortrol function-
ality but not necessarilysupport Presenceand IM
functionality. In addition, when two suc appli-
cations are executed concurrertly, there is often a
problem with sharing common port numbers (such
asport 5060). More importantly though, this leads
to narrowly focusedSIP applications. Our motiva-
tion for an application-independert SIP serviceis
to enable new applications that combine multiple
control features of SIP in interesting ways.

Lastly, a requiremert of our proposed SIP ser-
vice is the ability to oer a choice of end-device
(SIP User Agent UA) for userinteraction. A user
may choosea devicewith featuresthat is bestsuited

for the type of session,e.g. a cell-phone may have
a built-in camera, or the desktop phone may o er
good speakerphone support. This requiremert has
seweral advantages: rstly , it freesthe SIP service
from providing media /O capability, which is best
o ered by specialized devices, while retaining the
cortrol of such devices from the SIP service. In
terms of realizing this requiremert, it implies that
the SIP servicebe designedto allow integrating end-
devicesin dierent ways. In addition, when an ex-
ternal deviceis used,the usermay still liketo retain
cortrol of the session(rather than o oading both
media and control to the device). This is especially
true, when a userwants to utilize special SIP func-
tions like SUBSCRIBE/NOTIFY, which a non-SIP
device cannot provide.

The SIP servicealsoallowsusersto switch devices
in the midst of a session. This requiremert places
a burden on the design of SIP Servicein that it
should allow easyintegration of other SIP devices
and also PSTN devices. This is achieved through
device-speci ¢ wrappers, which are responsible for
translating sucd higher level functional demandsto
lower level devicecommands,either through SIP or
non-SIP methods such asHTTP POST.

3 Network Infrastructure

Beforewe describe the detailed API, we rst explain
the building blocks usedto facilitate SIP network
services.

3.1 Conference Server

The rst of these is a conferencecontrol server,
which when coupled with a commercially available
SIP-cortrollable media mixer, provides a network
servicefor setting up conferencesand mixing audio
streams. For every participant, the mixer combines
the voice signals of every other participant into a
single signal. There are various o -the-shelf SIP-
enabledmixers available such as[5]. The conference
sener usesSIP signaling with the user agert (UA)
and the mixer to establishmedia paths betweenthe
two. The unique properties of our conferencecon-
trol server arethe ability to createad-hoc on-the-y
conference$, and alsoto support evert noti cation
servicesfor everts related to conferencing.

To establish an ad-hoc conference,a user gener-
ates a unique ID (e.g. a username appended by
a random number), createsa conference URL of

1Such conferencesdo not reserve resourcesin advance and
are initiated on-the-y , thus not registering conference SIP
URL at SIP proxies. Routing messagesfor the conference is
the main challenge.



the form \sip: <ID> @x conf-sener address" and
sendsan INVITE. To route such messageswhich
have not beenregisteredat the SIP proxy (as done
for normal SIP routing), we set up the SIP proxy
to forward any unregistered SIP URLs to the ma-
chinein the domain eld of the URL (the conference
sener in our case). On receiving the INVITE, the
conferencesener (CS) createsa new conferenceif
no such conferenceid exists; elsethe useris added
to an existing conferenceas a participant (Figure-
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Figure 2: SIP Workfow for a Conference Join

Event noti cation is achieved using the SUB-
SCRIBE/NOTIFY messagingeature of SIP by im-
plemerting a new event package for conferencing
contexts.

3.2 Gaming Server

A secondapplication building block that we intro-
ducedis modeledasa primitiv e gaming server which
usesthe conferencingsener to enhancethe mul-
tiplayer gaming experience. The purpose of this
building block is to shaw that SIP allows multiple
servicesin the network to be composedin interest-
ing ways, rather than to demonstrategaming per se.
The gaming sener should be viewed as represerit-
ing an application server with multiple concurrernt
states, such that application clients are ead asso-
ciated with one of the sener states. This basic ab-
straction is augmerted by assaiating clients shar-
ing a common state at the application server with
a common conference,demonstrating that the con-
ferencing serviceis useful not just as a standalone
service but perhaps more so, when combined with
another network service. This service composition
can be achieved either by coupling the game and
conferenceseners, or by coupling the game client
with the SIP service API at the client-side. Both
approachesare feasible.

In a corporate enterprise setting, the \game ser-
vice" is o ered as an add-on serviceto conferenc-

ing that allows employeesto participate in multiple

simultaneous conferencespreseried visually to the

userasa setof boxes: dragging the mouseto a spec-
i ed box seamlesslyswitchesthe employeescurrent

active conferencewithout any perceptible break in

audio (i.e. without requiring the employeeto hang-
up and dial in to the new conference). The feature
of the gaming servicethat wewish to highlight is the

ability to seamlesslyand automatically switch the
assiated conferencewhen a game client changes
its gaming context (such as a dungeon). To per-
form such seamlessand dynamic switches, we cre-
ate appropriate API function primitiv es (discussed
in Section-4). The overall architecture is shown in

Figure-3.

Conferancing
service

Gaming
service

Server-side
association

S1, 52, 53 : Concurrent states of the game server
€1, C2, C3 : Corresponding Conferences

U1, U2, : Clients

G : Gaming client

S : SIP Service

Figure 3: Gaming and Conferencing Composition

3.3 SlIP-aware Web Server

The nal building block we introduce is a web-site
that is cognizart of the SIP service APl at the
client. It can use embedded applets in its pages
to instruct usersto join particular conferencesas-
sociated with those web pages. For example, a dis-
cussionforum web site, using this medcanism will

instruct the viewers of a particular forum to be in

a single audio conferenceand henceexdangetheir

views via voice. In addition, to keepusersaware of
other participants, SIP event noti cation is imple-
mented using the SUBSCRIBE/NOTIFY features.
For example, when a new user joins a particular

forum, the existing participants are notied of the
new participant and displayed accordingly by the
SIP service.

The idea is to create greater collobarative envi-
ronmernts by utilizing the SIP serviceat the clients.
Embedding a signed applet in a web page allows
a web serer to co-ordinate client audio sessions



and create meaningful groupings. The applet writes

SIP APl commands (as discussedin Section-4) to

the SIP serviceports and userscan join conferences
basedon those web pages. Note that since we use
the client-side SIP service,the user still getsto en-

joy the call cortrol featuresprovided by the SIP ser-

vice. Moving to a di erent web pagewill seamlessly
transition the userinto a new conferencebasedon

that web page. It isimportant to notice the distinc-

tion of cortrol paths betweenthe web sener and

the gaming application server examples. While in

the gaming sener the call control was done via the

sener itself (basedon client gaming actions), in the

web sener the call cortrol is through the client-side

SIP service.

4 API

Applications communicate with the SIP serviceus-
ing XML messageswhich encale SIP service API

calls. The useof XML allows standardized mecda-
nisms of interaction with the SIP serviceand also
providesextensibility to the API. Newfunctions can
be easily added by using appropriate XML messag-
ing tags. Below, we de ne an initial set of API

calls:

{ ExternalJoin:  This command is used to call

a particular party when no end-user device is
selected. The format for such a messagss:

< ExternalJoin id=SIP URL />

This indicates that a call is to be made to a SIP
URL such as sip:arup@researc.ibm.com. The
action assaiated with 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 such

as softphone, IP phones etc. Once a device has
beenselected,the SIP service usesthe appropriate
wrapper for that device to make the call. The
wrappers were small Java implementations of
primitiv e SIP functions for the device.

{ Join: This commandis usedto call a particular
party by using a particular device. The format is:

<Join id=SIP URL1>

< Usedev=dev-id/ >

</Join >

This indicates that a call is to be made to desti-
nation URL1 using a end-user device pointed to
by dev-id. The dev-id is either the local softphone
identi er, which indicates the SIP serviceto launch
the appropriate softphone, or the SIP URL for
an external hardphone device (appropriately SIP-
gatewayed if required). Softphonesare especially
distinguished in this manner since we can easily

launch them using their specic wrappers. How-
ewver, it is also possibleto use a similar hardphone
medianism using the SIP URL for the softphone
as the chosendevice. In caseswhen a SIP URL
is used, the SIP service needsto establish a con-
trol path with the appropriate devicesand set up
a connection. This can be achieved in two modes,
referring to the SIP serviceinvolvemert in the pro-
cess.

1. Transfer Mode: In this case,the SIP service
establishesa sessionbetweenthe end-device(iden-
tied by URL2) and the called party URL1. The
call is completely transferred to URL2 using a SIP
REFER. In this scenario, the SIP service has no
further cortrol on the call and the media transfer
takesplace betweenendpoints identi ed by the two
URLs (Figure-4).

Figure 4: Transfer Mode

2. Loop Mode: The SIP serviceacts asa Back2Back
User Agent [9] betweenthe two endpoints. The me-
dia path is still end-to-end betweenthe two URLSs;
however, the SIP service stays in the cortrol path
betweenthe two end-points. This is useful for the
SIP serviceto receive evert noti cations. For ex-
ample, in a conferencecall, a user may subscribe
to join/leave everts (using SIP SUBSCRIBE) and
be noti ed of other participants joining/leaving the
conference.Staying in the loop allowsthe SIP client
to display any such noti cations. This would not
be possible using the transfer mode since the de-
vice represerted by URL2 may either be incapable
of handling the events or exposingthem to the user
in an appropriate way and then capturing user re-
sponseto thoseeverts. The loop modeis alsouseful
in the context of the next API call described below.

{ SameDeviceJoin: SameDeviceJoin allows a
user to seamlesslyswitch the called endpoint (e.g.
conference)without changing the end-device cur-
rently in use. The format for a SameDeviceJoin
messagsés:

< SameDeviceJoinid= SIP URL/ >

This functionality cannot be realized by dropping



Figure 5: Loop Mode

the entire call and setting up a new call from the
sameend-deviceto the newtarget, sincethis would
mean hanging up the external deviceand picking it
up again, i.e. the switch would be perceptible. We
needto provide a seamlesswitch, i.e. never termi-
nate the sessionwith the external device. We use
the loop mode SIP service,i.e. the SIP serviceis
on the cortrol path betweendeviceDev-ID and say,
confl created by an earlier Join command in loop
mode. The steps involved in realizing this func-
tion is to drop the leg to the current called party
(confl), setup a new call to the endpoint referredto
by the URL in the SameDeviceJoirmessagémaybe
a new conferenceconf2), and then exchangethe IP
addressesand port numbers of the two media end-
points (Figure-6).
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Figure 6: SIP Work o w for SameDeviceJoin

{ Multi-In vite: This API calls is specic to con-
ferencing, and instructs the SIP service to invite
speci ed additional participants to the current con-
ference.In casethe invoking useris not in a confer-
ence,a new ad-hoc conferencds createdand desired
participants are invited to that conference.The for-
mat of the messagss as follows:

<Invite>

<Add id=SIP URL1 />

<Add id=SIP URL2 />

</In vite>

{ Tunnel: This API call provides a tunneled ac-
cessto low level SIP work o w commands(speci ¢
SIP messages).The motivation for providing such
an accessds to allow specializedapplications to take

greater control of the SIP call ows. This meda-
nism is provided through an add-on plugin imple-
merting the interface providing accessto low level
SIP APIs. Using the tunneling feature would re-
quire dewelopers to write code (as opposedto ex-
changing XML messages)however, consideringthe
target of specializedapplications, this should not be
a major hindrance.

5 Protot ype Applications

In this section, we describe someof our prototype
applications that combine the SIP service API and
building blocks in the network infrastructure.

SIP URLs in web-bro wser: Since now, SIP
is a protocol recognizedby the Windows registry,
browser programs that refer to the registry invoke
the SIP protocol handler when an user clicks on a
SIP URL embeddedin a web-page. The protocol
handler initiates an ExternalJoin SIP Service API
call, which asksuserinput for device selectionand
then setsup a sessionto the URL. Note that the
browser code was unmodi ed.

>

Figure 7: SIP URLs in Web-Browser

Enabling a non-SIP aware IM client: We se-
lected an IM client and sener system[2] that uses
a proprietary non-SIP protocol, modi ed the client
code to recognizeSIP URLs within messagéeodies,
highlighted the SIP URLSs asclickablelinks (Figure-
8), and on user click, invoked the Join SIP Service
API to create an ad-hoc conferencevia the confer-
encing service. We followed certain naming con-
vertions to identify a URL as a conferenceURL
(e.g. the host namein the URL is conf.ibm.com),
and hence, the userwould needto supply just the
conferencename (e.g. abc in the example). The
key points to note: (a) the functionality of the IM
systemwasenhancedwithout changingthe applica-
tions nativ e client-server protocol (b) the messaging
capability of the application is usedto inform other



participants of a conference(SIP URL) and (c) this
highlights how the SIP client and network services
are useful for a class of applications whose client
code may be amenableto modi cation but not the
sener code.

-

Figure 8: Enabling IM Client

Multi-conferencing/Gaming with  seamless
conferencing : The \game" consistsof four quad-
rants and a user can move in any of the four direc-
tions. When a user crossesa quadrant boundary,
he is seamlesslyconferencedin with usersin the
new quadrant. In the screenshotshown, arup and
edie are able to hear eat other, while aameekis
not able to hear either. If arup wereto move into
the top-left quadrant, then arup would be addedto
the conferenceassaiated with that quadrant, and
arup and aameekwill hear eat other (if aameek
cortinuesto remain in that quadrant).

Figure 9: Multi-Conferencing/Gaming

Comm unity Web Bro wsing : This application
comprisesof a group of web-pages,suc that view-
ers of a web-page are informed of all concurrent
viewers of that web-pageusing SIPs evert noti -
cation medanism as well as being conferencedto-

gether. In addition, whenewer a usermovesto a dif-

ferent page, her conferenceautomatically switches
to the one assaiated with the new page. To facili-

tate this switching, we again usethe client SIP API.

All \enabled" web pagescortain a signed applet

which simply writes a SameDeviceJoinmessageto

the client SIP servicesocket. As aresult whenewer a
client loadsthe page,the applet writes the SameDe-
viceJoin command and the useris brought into the

conferenceof that particular web page. Note that

in casethere is no active device, the SameDevice-
Join acts as an ExternalJoin, requiring user input

for device selection. In addition, to provide users
with information about other viewers at that time,

we use SIP based SUBSCRIBE/NOTIFY features
notifying usersof all Join and Leave events. This

application is an attempt at community basedcom-
munication. For example, this would allow a com-
munity of movie fans reviewing a particular movie
to participate in a voice discussionamongst online
fansin real-time, as opposedto text chat.

6 Related Work

There have beenother e orts in designingAPls and
languagesfor SIP services. Call ProcessingLan-
guage (CPL) [6] is an XML-based scripting lan-
guage for describing and cortrolling call services.
Users create CPL scripts and these run on signal-
ing serers. Since CPL is essetially a serner side
utilit y, it focuseson network servicesand not end-
userservice. In contrast our SIP API is aclient side
utilit y and aims to bring SIP to the client desktop.

JAIN SIP [1] is a low level APl and provides a
standard portable interfaceto shareinformation be-
tweenSIP Clients and SIP Seners. Sinceit's a low
level API, it does not provide high-level abstrac-
tions such as SameDeviceJoin. Coexistence of a
range of serviceson a single end system all using
the same SIP stack and API is alsonot de ned by
the JAIN API.

Language for End System Services(LESS) [1]]
is XML basedlanguagefor end system services. It
mainly diers from our utilit y in the fact that it is
a languagenot an API. As demonstrated by us, a
wide range of applications can e ectiv ely use our
APIs to use SIP e ectively and e cien tly. In con-
trast, applications will have to be programmed us-
ing LESS, thus making it much harder for existing
applications to exploit the richnessof SIP.

7 Conclusions

In this paper, we designeda SIP basedsystem ser-
vice which provides an extensible client-side API.



Sudch a mechanism provides a uni ed mechanism of
executing generic SIP functions and makes them
accessibleto all applications. The infrastructure is
supported by a number of network building blocks
like conferencesener and the \gaming" sener. We
demonstrated the utilit y of such a service by en-
hancing existing collaborative applications as well
design of new applications such as seamlesscon-
ferencing for gaming and community-based web-
browsing. In the future, we intend to broaden the
SIP service APl and provide greater programming
support for customizableactions.
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