An OpenSourceH.323-SIPGatavay asBasisfor
Supplementarpervicelnterworking

R. Ackermann, V. Darlagianni$, M. Gortz', M. Karsten, R. Steinmetz?
1 - DarmstadUniversity of Technology
IndustrialProcesandSystemCommunicationgK OM)

2 - GermanNationalResearciCenterfor
InformationTechnology(GMD IPSI)

{Ralf.Ackermann, Vasilios.Darlagiannis,Manuel.Goertz,

Martin.Karsten, Ralf.SteinmetzZ @KOM.tu-darmstadt.de

Abstract— IP telephony is currently evolving from a more or lessstil-
| experimental towards a carrier grade sewice which hasthe potential of
extensie useboth within the Inter net aswell asin Intranets. Curr ently we
seethe two signaling protocol families H.323 and SIP existing and further
evolving simultaneously For both, efforts are doneto not only establishba-
sic calls but to enableso called Supplementary Sewices. This is generally
considered one precondition for replacingthe functionality of existing con-
ventional PBXs on top of a standard protocol. Neverthelesssolutions that
support more then just basic call scenariosare at the moment still often
basedon proprietary protocolsor protocol extensions.

Sinceweassumethat both H.323and SIP aregoingto coexistfor alonger
futur e period, gatewaysbetweenboth protocol families are of largeinterest
and reseach, standardization and development activities have beenspent
on those.

As part of an industry reseach cooperation we have (independently
from other efforts) developedand deployed a fully Open SourceH.323/SIP
gateway The paper shaws its conceptsand describesits useas a power-
ful referenceimplementation basisfor further developmenttargetingat the
mapping and gatewayingof Supplementary Sewices. Our gateway’s mod-
ular, flexible and extensiblearchitecture as well asthe usageof scripting
functionality both for configuration as well as internal protocol process-
ing enablesthe usageof differ ent basic software components(e.g protocol
stacks)in a fast prototyping way. We considerthis especiallyimportant, s-
ince the existing fr eelyavailable stacks(suchas OpenH323)do not support
H.4500r SIP Supplementary Sewicesat the moment.

Keywords—IP Telephony SIP, H.323,Gateway, SupplementarySevices,
Rapid Prototyping and Testingof Sewices

|. INTRODUCTION

Providing gatevay functionalitybetweerdifferentprotocols-
tacksis aongoingtaskandchallenge For makinganoperational
prototypeor evena product,designerandimplementorsio not
only have to find anddescribehe mappingshetweerthe proto-
col primitivesof both signaling“worlds” but alsoto establisha
framawork for “glueing” protocolstacksandtheirimplementa-
tionstogetherIn mostcaseshiswork cannotstartfrom scratch,
but hasto considettheexistingdesignof thecomponentshatget
connectedThus,theirimplementationjnterfacesanddynamic
behaior maybemoreor lesssuitedfor usagewithin acommon
application. In general,combiningtwo software productsthat
have beenimplementedndependentlyandwithout considering
furthercombineduse,is notaneasytask.

In additionto basiccall connectvity IP telephory hasto offer
serviceghatarecomparable®r evenmoresophisticatedervices
thanthoseof the PSTN.

The paperis organizedin the following main parts. After a
shortintroductionof the IP signalingprotocolsH.323andSIR,
their specificsandimplicationsfor interworking we presenthe
requirementdgor the gateavay followed by a descriptionof the

architecturehatwe have developedandimplemented.This in-

cludesa critical evaluationof the specificsof basic software
componentaswell asthefeatureof our system.Thenwe show

ourapproachHor enhancinghegatavay for Supplementarger

viceson the exampleof a H.450to SIP mappingscenario.Fi-

nally we concludeour paperandgive anoutlookon futuretasks
andactities.

Il. IP TELEPHONY SIGNALING PROTOCOLS

Thetwo existing IP telephory signalingprotocolsH.323[1]
and SIP [2] are currently evolving simultaneously Both deal
with the standardizedetup,communicatiorparametenegotia-
tion/exchangeandteardavn of two- or multi-party communica-
tion sessions While H.323 hasbeenwithin the focusof espe-
cially vendorswith a strongPBX andclassicaltelephory back-
groundfor a longer period, SIP meanwhilegainsa very high
attractionboth from the researcttommunityaswell asfrom e-
guipmentand serviceproviders. Therehasbeena numberof
publications[3], [4], [5] thatcritically review andcomparethe
protocolsfeaturesanddo mainly addressompleity andcom-
municationoverhead.

Especiallywhendoing experimenton portingaswell H.323
as SIP softwareto small end systemgsuchasthe mostrecent
generatiorof PDAs runningWIinCE or Linux) we have found,
that the more lightweight and extendableSIP approachhasa
numberof benefitsconcerningeriteriasuchasnecessargom-
puting power andevenmoreseriousmemoryfootprint.

Both protocolfamiliesagreeuponthe usageof RTP [6] for
exchangingmediaandits companiorRTCP for controllingand
specfiyanumberof well-definedaudiocodecqe.qg.[7], [8], [9])
for transmittingmediadata,but differ in the way controlinfor-
mationis exchangedandprocessedvithin the internalprotocol
statemachines.

Sincethe coexistenceof both protocol familiesis expected
for alongerfuture period, gatavaying betweenboth— thusen-
ablinginterconnecte@ndsystemso usetheir specificsignaling
and protocolsemanticsvhile mappingthemtransparently- is
a challengefor appropriatenterworking units. Their concepts
have beendescribedn a numberof publications[10], [11] and
companiesas well as numberof implementorswithin the re-

1OpenH32%hphoneandnecessaryibraries(cross-)compiledor a Compag
iPAQ PDA (StrongARM processqr32MB RAM, 16MB Flash)runningLinux
have asizeof 9236292bytes,abasicSIPUA plusRTP stackcanbeimplemented
considerablysmaller
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searchcommunity[12] areworking on building suchsolutions.

I1l. THE H.323/SIP GATEWAY PROTOTY PE
A. Startingsituation

An interworking unit betweenthe two protocolsthat hasto
meet the requirementsof protocol conformity, call sequence
mappingand direct RTP/RTCP media exchangebetweenthe
communicationendpoints(describedin detail in [13], [14])
shouldtry to useexisting or evolving protocolstacksthuslow-
ering the necessarymplementatioreffort. Out initial require-
mentsfor animplementatiorarelistedin Tablel.

Requirement

Basic Interworking Func-
tionality

| Implications |
Supportfor H.323- as well
as SlIP-originateccalls from
terminals/ UserAgentswith
at leastminimal interopera-
ble mediaencodings

Handling of differentlocat-
ing and addressingmecha-

Supportfor co-locationwith
H.323 gateleepersand SIP

« Usage Conditions (Open Source vs. Evaluation Version
vs.CommercialOnly Version)

After an evaluationof several software packageqaddition-
ally to the usedstackswe consideredhe DynamicSoftSIP s-
tack[15], the software forming the sipd packagd16] andlib-
dissipate[17]) we have chosenthe SIP protocol stackprovid-
ed by Vovida [18] to integratewith the OpenH32319] H.323
implementation. Mainly becausehey are both OpenSource,
supportedy alarge developercommunity have evolvedrather
fast,do supportmultiple platformsandhave meanwhilereached
acertainlevel of maturity.

B. Basicgatevayingapptoac

Figurel shavsthethebasicconcepf interworkingbetween
H.323andSIPusingour H.323/SIP-Gateray [20] aswell asthe
interactionof thecomponents.

The gatevay componenthandlesthe mapping, forwarding
and execution of the appropriatesignaling messageswhere-
asthe RTP mediastreamsare exchangedlirectly betweenthe
callerandcallee.

col stacksas well as addi-
tional featuregsuchasSup-
plementanServiceshsthey
becomeavailable

TABLE |
REQUIREMENTS FOR THE GATEWAY

In orderto meetthoserequirementé anefficientway we did
an evaluationand pre-selectiorof H.323 and SIP basecompo-
nentsthathasbeenbasedn thefollowing criteria:

« Availability, stability andfunctionality of the packag€client-
only vs. full-featuredincluding serner component)

« Developmentand runtime platform (OperatingSystem,im-
plementatioanguageandportability)

« Obtainabilityof programsourcecodeandadaptability

« Interoperability

« Estimateccomplexity of directintegrationwith othercompo-
nents

nisms UAs becoming "virtual” H.323 User Agent = 223Sionaling = Gatekeaper
H.323subscriberaiswell as N e L
for participantsin "protocol e a3 + Admission Control
clouds” with configurable R | ' / * Suppl. Services
way andlocationof address AN !
mapping R
Interoperability with appli- | Supportfor different inter- : SIP i
cationsusing different pro- | working protocol sequences R -
tocolversionsandvariants | depending on what time SIP Signaling
mediaendpointdescription-
sareavailable(e.g.H.323v1 SIP User Agent
vs. H323 versionswith sup-
portfor FastConnect)
Scalability Initial supportfor onecall at
a time as well as for mul- Fig. 1. Interworking betweerH.323andSIP
tiple parallel calls in a full- The gateway is first of all supposedo work in a simple s-
- featuredversion cenariojust using directly connectecH.323 terminalsand SIP
Extensibility Supportfor differentproto-

UserAgents. To bereally usefulin a "real-world ervironmen-
t” it hasto supportclientsattachedsia fully deployed”protocol
clouds” (H.323 terminalsusing the GateleeperMediatedCall
Model, SIP User Agentscommunicatingvia "chains” of Proxy
andRedirectSeners)aswell.

We now provide basicinformationon the building blocksof
ourimplementation.

C. \Wovida SIP Architecture

Implementationsisingthe Vovida SIP stack(suchasthe SIP
UserAgentsua)are usuallybuilt usinganinternalFinite State
Machine (FSM) thatis drivenby events.

The stack originatesand receives messagesvhich are for-
wardedvia an internal FIFO. All the eventsdriving the inter-
nal FSM areencapsulatedsobjects. Existing eventsthat also
carry parameteinformationand canthusbe extendedandnew
eventscaneasily be added. The sameappliesto the addition-
al transitionswhich canbe notatedin a standardizedvay. The
implementationgnulti-threadedasynchronousmessag@assing
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approachwithout the necessityto explicitly call functionsdi-
rectly makesthe approachvery suitablefor looselycoupledin-
teractionandenhancementith otherimplementations.

D. OpenH323Architecture

OpenH323applicationsare built on top of the powerful net-
work, interprocessommunicatiorandthreadinglibrary pwlib.
The sourcepackagealso providesan ASN.1 parsey that auto-
matically generatesodefor parsingand generatingH.323 P-
DUs from their standardized\SN.1 description. The handling
andprocessingf signalingmessagess encapsulateth anob-
jectorientedway which providessimplebut powerful meangor
extensions.The stackis organizedusingmethodcalls andcall-
backsthatareassociateavith the protocolandstatetransitions.

“Primitives” like OnincomingCallor OnOpenLgicalChan-
nel caneasilybe enhancedo addadditionalfunctionality such
asthe extractionandmodificationof sourceor targetaddresses
andportswhenprocessinghe RTP endpointdescriptionsn the
gatevay case.Enhancementbenefitfrom the clearobjectori-
entedstructureof the software aswell asfrom the availability
of not just an OpenH323basedH.323 terminal but also other
componentsik e a H.323/PSTNgatevay (pstngwaspartof the
basepackage}thatshows a possibleinterworking functionality.
As well asan OpenH323basedgateleeper21] asarepresen-
tation how to dealwith requestd§rom multiple communication
partners.

E. Straight-forward Integration

The OpenH323stackusesuniquecall identifiersreferringto
aparticularcall andcanbeenhancedh amore“closecoupling”
way by directly calling its methodsor registeringnev methods
to becalled. We have usedthatapproactor our very first gate-
wayingexperimentsthusintegratingthe SIPstackaswell asthe
OpenH323partin just one commonexecutableholding all the
functionality.

F. More generlizedGatevayArchitecture

While the directintegrationof two protocolstacksis a valu-
ableapproactfor creatinga first prototype,a moregeneralde-
sign mustbe usedfor implementinga systemthat canfulfill its
taskusinga stableandmoreor lesspersistentorelogic, while
combiningit with alternatie protocolstacksor newer versions
of the existing ones.We hadto facearatherrapid development
of bothOpenH323andVovida SIPwith evenchangingandnon
backward compatibleclassesandinterfacesduring our project
period. Thusa redesignof the gatavay hasbeendone,leading
to a highly modularsystemarchitecture.

Alternative protocol stackimplementationscan now be in-
tegratedas “plug-ins”, by implementingthe “glueing” codeto
connecta new componentvith the well-designednterfacesof
the system. Figure 2 shaws the structureof the recentsystem,
with the protocolstacksactuallyusedin grey color andalterna-
tivesindicatedby dashedinesandboxes.

In this architecture,a Configuation Manager provides the
meansto connectthe gatavay with the SIP and H.323 world.
The ConnectionManager handleshe setof the active connec-
tionsbetweertwo end-pointghatbelongto the differentsignal-
ing worlds. For eachnew sessiora Connectiorobjectis created,
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Fig. 2. SIP/H.323Gatavay Architecture

thatencapsulatethe objectswhich performthe “translation” of
the parameterbetweerthetwo protocols.The H2Scomponent
is responsibldor the mappingof the H.323 messageandstate
transitionsto the their SIP counterpartswhile the S2Hcompo-
nentis responsibldor thereversetranslation.

Two interfaceshave beendefinedto increasethe modulari-
ty of the system. The designof the SIPInterfaceand the
H323Interfaceis basedon the set of supportedmessage®f
eachprotocol. Eachdifferentmessagés mappedto a specif-
ic method. For example,in the SIP protocolthe INVITE mes-
sageis mappedn the Invite() command Eachparameteof the
INVITE messagés an argumentin the Invite() method. The
interfacefor the H.323 protocolhasbeendesignedsimilarly. S-
inceH.323is amorecomplex protocolstack,sub-interbcescan
be definedfor eachprotocolincludedin the suite (e.g. H.245,
H.225,etc.).

Theintegrationof the coregatevay componentsvith theim-
plementatiorof the protocolstacksis supportedy the abstrac-
tion of “Linkage” components.Implementationspecific parts
for eachsupportedstackand their adaptionare placedinside
those. In our implementation,there are two specificcompo-
nentsto integratethe systemwith the Vovida SIP protocol s-
tack and the OpenH323protocol stack. For the SIP part, the
LinkageTo\bvida componentnside the LinkageToSIP compo-
nentcommunicatesvith the coreVovida SIP stackthroughthe
asynchronou$IFO that processegvery eventin the protocol
stack.

Similarly, in orderto integratethe OpenH323protocolstack,
anew modulehasbeenrealized the LinkageToOpenH323that
implementshe callbackinterfaceof the OpenH323asit is re-
quired from the specificimplementation.All the modification
andtheimplementatiordetailsregardingtheintegrationwith the
specificprotocolstackshave beenkeptin the“Linkage” compo-
nentsJeaving therestof the systemindependent.

Thearrowsin Figure?2 visualizethe dynamicbehaior of the
componentsA new SIP messagehatarrivesin the gatevay is
recevved from the Vovida componenandthroughthe Linkage-



ToSIPlayer, it is passedo the S2H componentS2Htranslates
the parameterdo the H.323 equivalentsandit calls the Link-
ageDH323 componentwhich implementsthe H323Interfce.
The later components passingthe information to the Open-
H323 protocolstackandthe new messagés transmittedto ad-
dressedecever.

G. Flexibility by meansof Scripting

Within the gatevay developmentandcustomizatiorthereare
a numberof situationswhereflexible meansof describingthe
parsingmodificationor generatiorof signalingPDUsor events
andstateswithin the systemarevery valuable. While this can
be doneusingcompiledcodeit restrictsthe flexibility andop-
portunitiesfor rapid prototypingof new mechanisms.

Scriptinglanguagesansolve someof thesetasksvery well.
Their drawbackssuchasslower executionaswell asjust limit-
ed “compile-time”/statictype and correctnessheckingcanbe
acceptedvithin theervironmentwe have.

Figure 3 shaws the usagefor addressmappingbut the the
approachcanbe usedfor the notationof dynamicprotocolse-
guencesswell.

Scripting Language Interpreter

Producer oTCL Consumer

set sip_incoming_TO argl
set h323_called_party \

[ lookup $sip_incoming_TO ]
puts $h323_called_party ; ...

Interfacing by means of:

calling interface (script name and parameters)

optional data transfer through (named) pipe

Fig. 3. Integratingscriptingfunctionality

We have chosento integrateoTcl, an objectorientedvariant
of Tcl, becaus®f its flexibility , easyintegrationwith Unix IPC
mechanismandevendirectC or C++ linkage. Its mechanisms
have showvn to be well suitedfor the notationand computation
of evencomple algorithms[22]. During the developmentand
test processof the gatavay a certainfunctional block can be
codedasa call to anoTcl function. This oneitself doeseither
usegenericTcl codeor may wrap native codethatis loadedas
asharedibrary atruntime.

This allowsto build anddynamicallymodify dataandsignal-
ing pathsby passinginformationthrough(named)pipe chains
andvia commandine arguments.

H. Gatewvayfeature setandinteropembility

The gatevay is ableto handlemultiple connectionghat are
identified by the persistentcallReferenceslue (CRV) on the
H.323 sideaswell ashy the uniqueSIP call identifierson the
SIP side. Sincejust the control databut no RTP audio paclets
have to be exchangedria the gatavay it doesnot form a perfor
mancebottleneck.

Theimplementatiorhasbeentestedwith differentinfrastruc-
tureandendsystencomponentbothontheH.323andSIPside.

Its currentfeaturesarelisted in Tablell. Naturally it interop-
erateswith the SIP User Agent suathatis part of the Vovida
protocolstack.

| Feature
Mediacapabilities

Conformance |

Supportfor participantsus-

ing G.711(no further codec
negotiationevenif bothpar

ticipants can supportthose,
yet)

SIP andH.323accordingto

the featuresof the build-

ing stacks,supportfor both

H.323v1styleandFastCon-

nectcall setup

H.323 Gateleepefless or

Gateleeperattached mode
using configurable address
mappingwithin the gatevay

Supportfor multiple parallel

calls

Protocolsupport

Environmentintegrationand
AddressMapping

Scalability

TABLE Il
CURRENT GATEWAY FEATURES

OntheH.323sidewe wereableto successfullytestthe gate-
way with anumberof H.323gateleeperdgrom differentvendors
(Tenovis, Siemenshswell aswith the OpenSourcegateleeper
opengatdg21] andthe clientsNetMeeting,OpenH323ohphone
(formerly voxilla) andthe LP5100IP phone.

I. Availability of otherimplementations

By the time we finished the first gatavay implementation
for our researctcontractoranothercomparablémplementation
[23] combiningthe protocolstackusedwithin the ColumbiaU-
niversitysipdandOpenH323ecamevailable. It is distributed
in a binary evaluationversionandsourcecodecanbe obtained
andlicensedor evaluationandfurtheruse.

We seeour implementationasto a certainextent similar to
this one, while our intendedlicensingpolicy will differ. The
gatavay cannow (after we reachedan agreementvith the re-
searchcontractoryeleasedully OpenSource.Additionally we
will useit asanresearctandimplementatiorbasisfor the inte-
grationof Supplementarpervices.

IV. CHALLENGESFOR |P TELEPHONY SERVICE
ENHANCEMENTS

In generalwe can distinguishbetweenSupplementanser
vices(whichimpliesawell definedmeaningwithin theH.450n
protocolframework in the H.323world) anda moregeneralkset
of additionalfunctionality that we can call Value AddedSer
vices(suchase.g. Presencer InstantMessagingServicesas
well asthe descriptionand customizatiorof complex Commu-
nication Workflowg. They differ in both whereand by which
basicmechanismshey areprovided,composedndfurnished.

A. ServiceDescriptionand Parameterization

The Call Processind-anguaye (CPL) [24] approachprimar
ily addresseserviceparameterizatiofy untrusteddevelopers



or userswithin both end aswell asinfrastructuresystems. It
usesXML for notatingthe processingf parametersndthein-
tendedfunctionality. Following the IN-Servicemodel CPL is
strictly formalizedandusesa decisiongraphtechniquehencea
DirectedAcyclic Graph (DAG), to describethe flow of the pro-
gram. This allows methodsfor analyzingworst-casepathsand
aguarantedor well-definedtermination.

CPL scriptscan be transportedand placedeither by out-of-
bandmeansgut preferablyusingcoreprotocolmechanismsuch
asthetransportaspayloadof a SIP REGISTERmessageThe
usageof CPL for creatinganddescribingservicelogic for H.323
telepholy systemsis currently under evaluation and ongoing
discussionwith participationof expertsfrom both the ITU as
well asthe [ETF groups.

B. Integration Mechanisms

Whereaghe CPL approachassumes runtime-ewironment
that hasbeenpre-establisheavithin the infrastructureandend
systemcomponentgand primarily needsto be parameterized),
servicescanalsobe provided at a lower (moreimplementation
centric)level.

At the momenttwo programminganguageandimplementa-
tion mechanismgor SIP areproposed.For trusteddevelopers
an extendedCGI (CommonGatavay Interface)called SIP C-
Gl [25] is considered. The CGI techniqueis well known for
creatingdynamiccontentfor web pagesor triggering external
interactiondn the http ervironment. It is well-suitedfor devel-
opingapplicationsusingary programmindanguageandhaving
accesdo ary resource.

Anotherapproachs the useof the Servlettechnology A SIP
Servlet[26] is a specializedServletwhich executestelephory
servicelogic. It is written in Java codeandinteractswith a SIP
seneror a“Servlet-Engine”. The standardize®ener API [27]
allowsto runthecodeonall Servlet-enabledeners.Becausét
definesa possiblystandardizedrameavork and JAVA compile-
andruntime checkingsaswell assecurityprecautionsye con-
ceptuallyseeit betweerthe stringentrestrictionsof a CPL and
thecomplete(but oftenalsoundesirecanddangerousppenness
of SIPCGIL.

C. Relevancefor Gatewvay Design

Theapproachebuild asolid baseor writting andinstallingin
particularhigh level Supplementanserviceswhereasour ini-
tial focuslies moreon Call Contmol services Thegatevay must
handlethe mappingshetweerthe protocolsH.450and SIP first
of all to ensurean seamlesandtranspareninterworking. De-
sign andimplementatiorshouldconsiderthe abose mentioned
approachethough.

V. PROVIDING GATEWAY FUNCTIONALITY FOR
SUPPLEMENTARY SERVICES

Existing H.323/SIP gatevay implementationsonly support
interworking for basiccall functionality while interworking for
Supplementargerviceds (asfaraspublicinformationis avail-
able)not providedyet. Sinceexactly thoseservicesareconsid-
eredcrucial for widespreaduseracceptancave expectthis to
changerapidly within the nearfuture.

At the momentthe definition of the featureset and appro-
priate protocolmappingq13], [11] areunderdewelopmentand
standardization.The ITU-T Recommendationbl.450 specify
several ISDN-like servicesfor H.323, whereasSupplementary
Servicedor SIParespecifiedwithin the Working Groupsof the
IETF.

A. SignalingProtocol Extensions

Describingand configuringa servicecan only be basedon
thefunctionalitythatthe underlyingprotocolprovides. This in-
volvesboththe specificationand standardizatiomf new proto-
col sequencessingexisting PDUsand methodsaswell asthe
definitionof new ones;|f thisis necessary

Call Transfer[28], Call Park and Pickup [29] and a com-
prehensie setof featurescomparableo thosewell-known for
the classicallSDN [30], [31], [32], [33] aredefinedas Supple-
mentaryServicesfor the H.323 ernvironmentwithin the H.450
protocolseries. The ITU Recommendationlsasicallydefinea
detailed stringentandcompletesetof new (A)PDUsneededor
a service ,whereaghe SIP approachappeargo be more”func-
tionality andmechanisntentric”.

Consequentlya conceptionaframework [34] for enhancing
SIPwith Supplementangerviceshasbeenderived meanwhile.
On this basistwo moredrafts,thataddressledicatedCall Con-
trol services- Call Transfer[35] andCall Diversionindication
[36] —areavailable.

Once protocol primitives are establishedthey have to be
integratedand parameterizedising higher layer mechanisms.
Defining a comprehensie operationalsystemdoesnot needa
"part by part” but an integratedsystemapproach.Designand
implementationdecisionsdefinitely have a generaleffect and
often alternatves can be chosenfor whereto placea certain
functionality. Thereforewe considerthesehigherlayer mech-
anismswithin our interworking scenaricaswell.

B. Analysisof UseCasesand protocolmappings

Whereaghedefinitionanddeploymentof serviceswithin one
protocolworld is alreadya challenge their interoperabilityin
hybrid signalingscenarioss a task,that protocolgatevayswill
have to dealwith in thefuture. Thereforewe will showv anana-
lysis of possiblescenariosand their implicationsfor enabling
appropriatemechanismswithin our gatavay. We have chosen
the following example,becauset involvesgeneralbasicfunc-
tionality thatcanberefoundandadaptedn otherscenarios.

The ITU-T RecommendatiorH.450.2 (Call Transfer) de-
scribegheservicewhich enablegsheseneduserA to transform
anestablishedall (userA - userB) into anew call betweeruser
B andauserC selectedby userA. TheinvolvedH.323andSIP
partiesareshovn in Figure4.

Participantsmay be locatedin threedifferent “zones”, each
with anown Gateleeperor Registrar/ Proxysener.

A SIPclient (SIP) is talking to an H.323 client (H.323)
througha gatevay. This call shouldbe transferedinto a call
betweenthis H.323 and anotherSIP client (SIP,). For sim-
plification we do not explicitly shov Gateleeperor Registrar
interactionfor resolvingsymbolicnamesor addresses.

To enableCall Transferbetweena H.323 and a SIP clien-
t, the SIP side shouldusea modified stacksupportingthe SIP
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REFER([35] call control extensionand mustinteractwith an
H.323stacksupportingH.450.2. The sequencef messagebe-
tweenthe gatavaysandthethreeentities(S1P;, H.323, SIP;)
is describedschematicallywithin thefollowing paragraph Ad-
ditionally signalingdetailsareshovn in Figure5.

In SIP an unattendedransfer(the counterpartto the blind
transferin H.323) of a call is instantiatedby laying the con-
nectionwith the endpoint,which shouldbe transferedpn hold.
Thiscanbeachievedby sendinganINVITE (hold) messagé2).
Whenthisis confirmeda REFERmessagé€3) from thetransfer
or to the transfereds sent. If the transfereas willing to accept
thecall transferit signalsthis by a202 ACCEPTEDmessage.

The REFERmethodindicates thatthe recipientshouldcon-
tacta third party usingthe contactinformationprovidedin the
method. The REFER messages “translated”by the gatevay
into its H.323equialent,a FACILITY reques(3). TheREFER
methodindicates thatthe recipientshouldcontacta third party
usingthe contactinformationprovidedin the method.

To transfer the call the REFER-headersReferTo and
Refered-Byare usedto corvey the necessarynformation. On
theH.323sidethe FACILITY messagés aQ.931messageype
definedwithin the H.225 protocol [37]. Both messagegon-
tain (amongotherinformation)the addres®f thenew endpoint.
With this informationa H.225 SETUPsequencé5) to the new
endpointis initialized, whichis turnedinto anINVITE message
from the H.323/SIP-Gateay.

After a successfuhegotiationbetweenthe H.323 client and
SIP, (messagesequence) andthe receiptof a CONNECT
(6) messageat H.323 theinitial connectioris released8) using
H.225.0RELEASECOMPLETEmessageOnthe SIP sidethe
connectionis torn down by the gatavay, usinga sequencef
NOTIFY (8) and2000K, BYE and2000K (9).

The generallyknown and implementedinterworking tech-
niguescan be usedto performthe appropriatethe H.323/SIP
andH.245/SDP(capabilityhandling)mappings.

The description(with its several mappingsand transitions)
shouldshav thatthe (prototyping)testanddeploymentof Sup-

:SIP1 : Gateway :H.3231 : Gateway SIP 2
i RTP il ! !
L I I
M I I
L INVITE (hald) - } }
I I
|~ 2000K | |
I I
I I
I I
I I
| REFER i L
I
202 Accepted EACILITY !
(CTInitiate) SETUP NVITE
(CTSetup)
200 OK
| CONNECT ACK
I
. I
close logicall !
channels H
I
RELEASE }
COMPLETE i
NOTIFY (200 OK) |
INVITE
200 OK
N 200 OK
BYE H.245
= ACK
200 OK ‘
I
I
L L RTP
; ;
| T L

Fig. 5. Call Transfersignalingwith gatevays

plementaryServicescanbenefitfrom the availability of a flex-
ible notationand runtime supportfor protocol sequencesnd
payloadswithin the gatavay.

C. Integrating Supplementargervicesnto our Gatevay

To enableSupplementargervicesover a gatevay, seeral of
the componentshown in Figure2 areinvolvedandhave to be
changedr enhanced.

First of all, signalingstacksthat provide the low-level func-
tionality for the services(being able to generateand interpret
appropriatePDUssuchasFACILITY andREFERIin our exam-
ple) have to be chosenandintegrated. By interfacingthemvia
Linkagemodulesthis is possibleeitherby enhancinghe exist-
ing stacksor replacingthemwith new oneswithoutbreakingthe
corefunctionality.

The protocolmessagéranslationandtheir semantidnterpre-
tationwill be donewithin the core componentd2S and S2H.
Throughthe usageof scriptingfor notatingboth staticmessage
mappingsaswell asdynamicprotocolstatetransitionsour im-
plementationis well suitedfor doingthatin afastrapid proto-
typing way.

We considethisintegratedscriptingfunctionalityasoneof it-
smainbenefitspecausé enablesisto quickly reactonchanges
in the specificationsand do selectve tests. Additionally the
guestionof whetherunexpectedand undesiredfeatureinterac-
tionsmay occurcanbe practicallymonitored.

VI. CONCLUSIONS AND FUTURE WORK

Within this paperwe have describedthe designand imple-
mentatiorof anextendablgull OpenSourceH.323/SIPgatevay
thatwill form the coreof our ongoingwork on providing Sup-
plementaryServicedor both IP telephoty protocolworlds. We
considettheuseof scriptingwithin thegatavay logic aspromis-
ing approactthatshouldbediscussedswork in progress.

The sourcecodeof the gatavay (in its versionwithout H.450



supportfor Supplementangervices)will be availableasOpen
Sourcefor furtherevaluationandenhancement.
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