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Abstract—
In order to ensure quality of service for real-time communication in

a mobile wirelessInternet environment, it is essentialto minimize the
transient packet losswhen the mobile host (MH) is moving betweendif-
ferent cells (subnets)within a domain. A variety of network layer mo-
bility managementschemehave beenproposedto provide fast handoff
for multimedia streamswhen an MH moveswithin a domain. This pa-
per intr oducesapplication layer techniquesto achieve fast handoff for
real-time (RTP/UDP) multimedia traffic in a SIP-basedsignaling en-
vironment. Thesetechniquesare basedon standard SIP components
suchasuser agentsand proxieswhich usually participate to setup and
tear down the multimedia sessionsbetweenthe mobiles.Unlik e network
layer basedtechniques,they do not depend on any additional compo-
nentssuchashomeor foreign agentsin the middle of the network, thus
providing a network-independent solution suitable for application ser-
viceproviders.

I . INTRODUCTION

In orderto provide seamlessmobility supportto clientsin
a mobile wirelessInternetenvironmentseveral variationsof
mobile IP [1] have beenproposed[2], [3], [4], [5]. Internet
telephony usesSIP[6] to establishandteardown multimedia
sessions.ThesemultimediasessionsaremostlybasedonRTP
and thus have different delay and error characteristicsthan
standardTCP-basedapplications.Application-layermobility
management[7], [8] providesanalternativemobility solution
usingSIP for suchtraffic. This schemedoesnot dependon
homeagents(HAs) or foreign agents(FAs) in the homeor
visitednetwork andcanbeeasilydeployedby any third-party
applicationproviderwithoutdependingon thecooperationof
the ISP providing network-layerconnectivity. SIP mid-call
mobility usesSIPINVITE messagesto inform thecorrespon-
denthost(CH) aboutthenew network attachmentpoint.

Whenamobilenodemovesbetweencells(subnets)within
a domain, data in transit may be lost during the time that
it takes to completethe mobile IP registration or SIP re-
INVITE. In order to reducethe datalosswhen the commu-
nicatinghostsarefar apart,it is necessaryto limit themove-
mentindicationto within thedomain.Thereareseveralintra-
domainmobility managementsolutionsat the network layer
[9], [10], [11], [12], [13], [14]. Mostof thesearevariationsof
hierarchicalmobility agentsinstalledwithin a domain. That
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way, thebindingupdaterequestdoesnot travel all theway to
theCH or HA, but ratheris keptwithin thedomain.Similarly,
we want to extendSIP’s mobility managementto provide a
similar intra-domainsolution.Below, we proposeseveralap-
proachesthatrely on interceptingthedatatraffic for a limited
periodduring the mobile’s intra-domainmobility within the
domainitself.

I I . SIP FAST-HANDOFF TECHNIQUES

Eachvisiteddomainmayconsistof severalsubnets.Every
move to a new subnetcausestheMH to senda re-INVITE to
theCH containingits new care-ofaddress.If the re-INVITE
requestgetsdelayeddue to path length or congestion,me-
dia packetswill continueto be directedto the old address.
We assumethat the visited network hasan outboundproxy.
We enhancethis proxy with the ability to temporarily reg-
ister visitors [15]. The visitor obtainsa temporary, random
identity from thevisitednetwork andusesit asits address-of-
recordto registerwith theregistrarin thevisitednetwork. The
MH informsthehomeregistrarof this temporaryaddress.It
thenonly updatesthatregistrationwith its currentlocal IP ad-
dress.This speedsup registrations,but doesnot addressthe
“delayedbinding update”issue. In this section,we describe
severalwaysto achievefasthandoff usingSIP, namely, using
aSIPregistrarandRTPtranslatoror NAT, usingtheoutbound
proxy andB2BUA asa mobility agent.In-transitpacketscan
be redirectedto a unicastor multicastaddressbasedon the
movementpatternof themobilesandusagescenario.

A. SIP registrar and RTP translator or NAT

Each subnetwithin a domain is equippedwith an RTP
translator[16] that providesapplication-layerforwardingof
RTP packetsfor a givenaddresandUDP port to a givennet-
work destination. (RTP applicationsgenerallydo not care
aboutthesourceIP addressof RTPpackets,usingjustthesyn-
chronizationsourceidentifier(SSRC)to identify thesource.)
Figure1 shows a sequenceof operationswhena mobilehost
moves from one network to another. SIP server hereacts
like a registrar. The visited-network registrardescribedear-
lier receivestheregistrationupdatefrom theMH thathasjust
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Fig. 1. Fasthandoff usingRTPtranslator

moved,andimmediatelysendsa requestto the RTP transla-
tor in the network that the MH just left. The requestcauses
the RTP translatorto bind to the old IP addressusedby the
MH andforwardany incomingpacketsto thenew addressof
the MH. After a set interval or after no mediapacketshave
beenreceived by the RTP translator, the RTP translatorre-
linquishesthis old addressandremovestheforwardingtable
entry, assumingthatthere-INVITE hasreachedtheCH.

While elaboratemechanismsto explicitly turnoff thetrans-
lation couldbedevised,thespacingbetweenRTP packetsis
sufficiently small thatRTP translatorcanquickly detectthat
nomorepacketsarelikely to arrive. TheDHCPservershould
beconfiguredto assignaddressesona least-recently-usedba-
sis, to avoid accidentalre-assignmentof the addressto the
new visitor. The SIP registrationdoesnot containthe me-
dia port number, so that this registration-basedschemeonly
works if the media is directedto a well-known port. To
avoid the problem,one can usea network addresstransla-
tor (NAT) insteadof the RTP translatorto rewrite the desti-
nation IP addressfrom the old to the new subnet. We have
implementedthemechanismusingSIP-cgi[17] scriptsin our
registrarwithoutcausingany changesin theendsystems.

B. SIP outbound proxy

SIP requeststypically traversea SIP proxy in the visited
network, theoutbound proxy. This outboundproxy canalso
supportfasthandoff, by usingthe datain the MH-to-CH re-
INVITE to configurethe RTP translatoror NAT. Theadvan-
tageof this approachis that the outboundproxy usuallyhas
accessto theSessionDescriptionProtocol(SDP)information
containingtheMH mediaaddressandport, thussimplifying
theconfigurationof thetranslatoror NAT. On theotherhand,
this outboundproxy hasto rememberthe INVITE informa-
tion for anunboundedamountof time andbecomecall state-
ful, sinceit needstheold informationwhenanew re-INVITE
is issuedby theMH.

C. SIP back-to-back UA

Anotherway of providing fast-handoff is by usinga back-
to-backSIPuseragent(B2BUA). A B2BUA consistsof two

SIP user agentswhere one user agent receives a SIP re-
quest,possiblytransformsit and then hasthe other part of
the B2BUA re-issuethe request.A B2BUA in eachdomain
needsto beaddressedby theMH in thevisiteddomain.The
B2BUA issuesanew requestto theCH containingits own ad-
dressasthemediadestinationandthenforwardsthepackets,
via RTPtranslationor NAT, to theMH. Thisapproachhasthe
disadvantagethat it requiressomecooperationfrom theMH.
As noted,the INVITE requestneedsto be addressedexplic-
itly to theB2BUA, asotherwiseend-to-endencryptionof the
bodymaypreventtheB2BUA from inspectingit.

I I I . IMPLEMENTATION

We have implementedthe register-basedinterceptin our
mobile multimediatestbed.We have usedmodifiedversion
of ColumbiaUniversity’s SIP useragent,Linux 2.4.7based
routerwith iptablesNAT andrtptransfunctionality, vic and
RAT toolsfor measuringvideoandaudiopacketlossandpro-
cessingfor packet redirectionand NIST delay simulatorto
emulatethe distanceandnetwork congestion.We observed
thatthepacketdelayof theiptables-basedNAT waslessthan
1ms,while theRTP translatoradded4ms.of delay.
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