1 SYSTEM AND METHOD FOR MANAG NG CALL CONTINUITY IN I M5 NETWORK ENVI RONMENT
USI NG SI P MESSAG NG FI ELD OF THE DI SCLOSURE [ 0001] The present patent

di scl osure generally relates to call processing in comunications

net works. More particularly, and not by way of any limtation, the present
patent disclosure is directed to a system and nethod for managi ng cal
continuity in a network environnent including a circuit-swtched (CS)
network and an IP nultinmedia subsystem (I M5) network using Session
Initiation Protocol (SIP) nessagi ng. BACKGROUND [ 0002] Mobi |l e voi ce-over-1P

(Vol P) handoversysrinends ages00f r6RNMAREERRGACKLCeof@ihiyagya user noves
bet ween | P- basegy pﬂm@gmm@%ﬁlvfﬁ@amﬁﬁweﬁggsg 3¢ v RS LAN (VLA

or W-MAX networks, etc.) and circult-switc etworks. To
ef fectuate such handover, current 3rd Generation Partnership Project (3GPP)
standards specify that when a dual node w rel ess user equi pnent (UE) device

ori gi nat c%¥ requesting inter-domain continuity, the call be routed to
a call cﬁﬁvﬁﬂﬁi é %ﬁﬁn?%ﬁc}§%%$?on (CCCF) elenment that is disposed in a
new, | P- brsool net worke ap shiER6t Bhe ohef &K 4 Q188 &@ﬁekg’my' eABdia
subsystem (I M5). One of the proposed solutions to inplenment the cal
routing priocess li npgloges sgmavi dinng camPutliica tSema cexdtdentlis.y i nMolre f or m of
an E. 164 er (e.9.,, a.called party nunber) to which, all reference
identityp%a%@lbéeulaap% ’deciir}%‘ dleogcer Yoo MRY of) any Illml%a%lon, t%e
present patent disclosure 1is directed to a system and
method for managing call continuity in a network
environment including a circuit-switched (CS) network and
an IP multimedia subsystem (IMS) network using Session

Initiation Protocol (SIP) messaging.

BACKGROUND

[0002] Mobile wvoice-over-IP (VoIP) handover is the
process of continuing a voice call as a user moves
between IP-based packet-switched (PS) networks (e.qg.,
wireless LAN (WLAN) or Wi-MAX networks, etc.) and
circuit-switched (CS) cellular networks. To effectuate
such handover, current 3*® Generation Partnership Project
(3GPP) standards specify that when a dual mode wireless
user equipment (UE) device originates a call requesting
inter-domain continuity, the call be routed to a call
continuity control function (CCCF) element that is
disposed in a new, IP-based network architecture referred
to as the IP multimedia subsystem (IMS). One of the
proposed solutions to implement the call routing process
involves providing a Public Service Identity in the form
of an E.164 number (e.g., a called party number) to which

a call reference identity may be appended to generate an



2 1P nmultinmedia routing nunmber (IMRN), also referred to as Voice Call
Continuity (VCC) Domain Transfer Nunmber (VDN) in the 3GPP TS 23. 206

speci fication. However, when call reference identity digits are appended to
the 5.164 nunber, it results in a nunber that is longer than the 15-digit

|l ength limtation specified under the ITU T standards. It is therefore
possible that the extra digits may be J ost when such a nunber is routed via
a networ kip Feit Penedih tBerenigs rAunifld anekon thesCallegt R4 nEQrnation

bei ng provided to the VCC application or el enent in the | M5 network,

t hi s i nf of9eEs oRa by Joa tigsti tivh {WeC) nPemaani dhaind fSDN Nwfbast (WONOr e usi ng
the |1 SDN .Use a I )+ S ling..Additionally, since | is designed to
support mu tIEI?J egt;;ePgi s%:érpa ?’o%géo?pgcégjﬁﬁ% Bltel i S ERhTT Y ?Bmcd‘ﬁﬁf er ent
UE devi cessfeasdradd | shiage oy r eetgcasl hegs bppenBsdpacanduRt i |, 164
effectuating call continuity. SUMVARY [ 0003] The present patent disclosure

i s broad P Rfirected G55 W Sthéfe o opURRRAgitIG tcal §  domgiedui £§an n taenet wor k
environ —dingiudi i rcu | Lche . nat nd I timedi a
subsystrenr%r% Idl ﬂrjletlr\/\\t/%}[filt}\({\/\/I1egjge}?£nf%1 %Igsi %ﬁé%ﬁggt Y\g%ﬁsgot Sg(%l ?gﬁgir Invite
message (sdrarghotder Sl EtRedsesthehlafiong apdRls ikdrt aithed | mhisheextra

Request - "cJﬁ' fiqcrsm Reso rcell dgnti fier (RhURI ) fi@gl d that is known at an

appl i cat (0 56t vBFYaLAn PRl dHtSHnSEEPprov PHBEPS Y okt aBPE thGNber2 t Rat can
be used ikt iGS denmichelrs Ut | tB8de TRAtsi se1tA8ERILOML QI pgdiin the
Request-URI field is hosted by the application server and is operable as a
request fiot BNESTHBRAPR PGitebl Rravhded tie behr §ECdexblyi¢diei appbircat i on
server. bkl 3.suchro I s ipcl.ude VDNs,. I MRNs, E, 164
numbers, etc. %Z%Ig%%%i \llg ?glet lIi}Lte[\)fleJgIYEJ :nv?Eé lﬁ@@?agie“ TR VE BaYi B8, a

net wor k dode piovittes antStFhaespoase ITERsagrfresgrucAlutrer nadivg Sgevi ce
Response ggﬁ\]sz%%%céaéso rﬁf erred to as .SIP 380 Response), which includes one
or more rado ss?techhol BYi 8LIPRAEEF -and dh G eea hhY i velaefailHs

avai | abl e st aiddieylde deyi sephott CARLEAYIRY xaegﬁaét!rafﬁﬁn&n@fdgﬁeb L@ anot her
domain. Preferably, the avail able RATs and alternative domain information
may be b&s¥€disn tRentéeHt iforrrof dihéeyEngeVige devi0®4],| nestdedishinhe S|P

Invite is taLn. uni IDinformation _th conprise.an

Addr essmg:? e%glr d %ﬁ&?gag ée%%gqelgj %ﬁ?%%PrellCUslélr %gfeeg?aélﬁﬁzﬁq mcﬁéiour ce

| denti fi epnftGRUU)LY .and/ or an Instance ID for identifying an on-going call,
or any conbi nation thereof. The Instance ID could be IMEI, IMEISV, MN,

ESN, UU D, MAC address, a software ID (such as, e.g., a nobile software
term nal gsysemicivf i er) or any other unique Layer-2 address that could be used
to uniquely identify the UE device. Wien a call is originated by the UE
devi ce, @Q\ﬁp:ﬁ]nf or s onPass6Bfat e ek t bl saldsuiecl udi ngbtbedlimi que | D

i nf t] [ i ded [ node. di di he | et k. Thi
may b6 bASRT 5L HeS a0 T okt 1 Bh EGALAI KRBT rCOREL TRY P 1h & Sip |

Header (sathoak tkeviaogeterd alieg-lhesdes o tderSare-Sesstpagheader) or
contained in the body of the Invite nessage (such as in a SlIPfrag body). At
the net wBFk¥REHe, 28% 08 of PE.BGUt HiRBéRs arkSHarRTai héYShs MPLwWarki nedi a

routing pHabens (IIRNSYsEMBhCh @8 1al15Q, knopn ice ! bpuity
(VCC) Domain 'IL'r ansf er NtSaners or JLVC;:LC D rect or?e%ﬁg‘ger s(s(q?tgl\ls&?%?%e 3GPP
TS 23. 208c5pecefi cat i enpthhat Tedh Begdyréan daldinal bodiledcdotained

in the Request-Uniform Resource Identifier (R-URI) field
that is known at an application server as an indication
to provide a routable number that can be used in the CS
domain is utilized. That is, the URI contained in the
Request-URI field is hosted by the application server and
is operable as a request for a CS domain routable number

to be provided by the application server. Examples of



4 association with at |least a portionofthecall information received from
the UE device in order to identify ongoing calls, for exanple. For purposes
of the present patent disclosure, "VDN' and "I MRN' are used interchangeably
(more generally "routable nunber”), wherein basically both refer to a

rout abl e tel ephone nunber that is used to route to an | M5 application
server where the ability to handover fyrom one domain to another exists.

Fur t her i al | oGadhomiof a roikahl.e Duiherd s yman 6kt hepsepge t hat

it is unique in sone formthat identifies a unique dngol ng éalF? he nunber
coul d be rfurdraizs poetcof Remperssiore ito cobnkdSH® somel ad goss$dge c fronber t hat
may be creat.ed Hsing specific var'ablgi. A chief characteristic of the

r f h

rout abl e ®hurtber AP FRat ft FSEURT Qued'der P PRFHiGF of? tPe, WRPRANESN be

vari abl y ne@nfdgur ab) %:,Aﬁﬁﬁé@hﬁghye tolairSy il %W’I@@rm@@é’a$§ dgeged as a
"revol ving" nunber that has a life span defined by a suitable tinmner
mechani smee0008] Regpassi VEP t 88Pedsisrianga)he ®hbchniinad udess agree when t he UE

devi ce delrdm nes; Lo gantinue 4

ecald _in ifferent_domajin t?e net wor k
node associ ates a sel 6ct rou 4@9%\ %$ (?Ag§§ I Bt %@kﬁrﬁf hV&t | east

a portiomonfaitrheacallabbhéormattilon UR alewmippi ngof elcalnitdmshing, @ndaneturns it
to the UE device via the SIP 380 Response nessage that may al so i ncl ude

) y
avai | abl &TRRTs O8n SCMérifat itPe @BREDS Fas IRBRI1INas addiref6rablynf ofRati on as

appl i cablga iArgfer abhys LRe bodye Ofadfe SiBn3IBA ResRAMSR iMRSSAYS Le coded
in a suitable Markup Language (e.g., Extensible Markup Language or XM)

When t hebépeghiaralihe aldorated ¢ VRMN¢sUErdasaiceted by the UE device back to

t he net de f etup ,.n t ot.her. domai n, .t he network node
utilizegqpﬁe QNRN %%B%ﬁ%%x§ in" the Q?P nvite mesksage is cer a%n

toef f ect uatiecal | Toontn feihyt Wohh tRSPeak vt ocbhpreakl esh padate sEheckMRN may
then be rel eased back to the pool of |IMRNs for future use. Appropriate
tinmers mBFCREDr diOfdd af t Féokavilde BRYCtAGLRor KsexdpdpRns sBntharmit can

be V_erifh%@_owe'id@n%@flierre‘c?Eﬁﬂ%?,nugp?r/oﬁss ated Mdd the el
remains valid (e.g., 1t has not tinmed out) or the dynamcally allocated
| MRN r emaides tvdlyiichd earg. onigohag nefllti wed aout )cor@pi nanabh ytheéheof .
The Instance ID could be IMEI, IMEISV, MIN, ESN, UUID,
MAC address, a software ID (such as, e.g., a mobile
software terminal identifier) or any other unique Layer-2
address that could be used to uniquely identify the UE
device. When a call is originated by the UE device, call
information associated with the «call, including the
unique ID information, 1is provided to a server/node
disposed in the IMS network. This may be based on the
dialog information contained in the Invite in a SIP
Header (such as the Target-Dialog header or the Same-
Session header) or contained in the body of the Invite
message (such as 1in a SIPfrag body). At the network
node, a pool of E.164 numbers are maintained as IP
multimedia routing numbers (IMRNs) (which are also known
as Voice Call Continuity (VCC) Domain Transfer Numbers or

VCC Directory Numbers (VDNs) in the 3GPP TS 23.206

specification) that can be dynamically allocated for



r el eased

[ 0006] al though specific Response |IMRN may be quarantined for a
period of time. Those skilled in the art should appreciate that the

enbodi ments set forth above describe SIP nessages (i.e., Invite requests
and SI P 380 nessages), the functionalities may be obtained in other
nmessagi ng i npl enentations as well.ln one aspect, an enbodi nent of a cal

continuity method is disclosed in the,present patent application that is

oper abl e
cl ai med

Mt i s deyi 68 i a§é9§tata' gar\eﬂ bh ac

enbodi nent conpri ses one or fthe fg#{omnng provi di ng

York. The

, via a

SI P I nvi tefiregwdden caldcdinfept meiticon agsocildt edewiitde t he cakbeby the UE

device t
nmessage

Kk de di d the | t k, the SIP Invjte
R lGin SR hat TLS. kAN TR L8P B | BAPGRE Sep bekhoe.

g., a

VCC appl iggalsicon S@avtent asiaklidadiat i oo puev de rarieut ghke puaher such

as | MRN

or VDN (i.e., the URl is operable as an invocation for cal

contlnU|ﬂFFeQQQﬁﬂﬁﬁﬁthto ﬂé@é1V|ﬁgnér@}dahlcétbytabﬂ@catEUMbeufable

nunber f
Al t er nat

|
|ve ervp%%@§§%lg s ghgé'ﬁggggbef%%82§?f§PHg EES Bg%%Pﬁg?Ef

erence

nunber assobieat echati tis theedatd irsuval itd; aandMpapYRIEdt Lot i 98rverovi di ng
nhpallxlallocated rout abl e nunber by the UE device to the network

the dyna
node for¥

he ability to handover from one domain to another
exists. Furthermore, allocation of a routable number is
dynamic in the sense that it is unique in some form that
identifies a unique ongoing call. The number could be
from a pool of numbers or it could be some algorithmic
number that may be created using specific variables. A
chief characteristic of the routable number is that it is
unique for a period of time, which can be variably
configurable. Accordingly, this unique number may be
deemed as a “revolving” number that has a life span
defined by a suitable timer mechanism.
[0005] Responsive to receiving the SIP Invite message
when the UE device determines to continue the call in a
different domain, the network node associates a select
routable number (i.e., IMRN or VDN) with at least a
portion of the call information in a mapping
relationship, and returns it to the UE device via the SIP
380 Response message that may also include available
RATs, an alternative domain as well as additional
information as applicable. Preferably, the body of the
SIP 380 Response message is coded in a suitable Markup
Language (e.g., Extensible Markup Language or XML). When
the dynamically allocated IMRN is transmitted by the UE
device back to the network node for call setup in the

other domain, the network node utilizes the IMRN mapping



6 effectuatingcall continuity. For purposes of the present patent

di sclosure, the URI that is operable to be treated as a VCC i nvocati on
involving a request for a routable nunber nay be denoted as a Donain
Transfer-URl (DTR-URI) or a VCC Domain VDN Number URI (VVNU) that is
processed at a VCC node or Domain Transfer Function (DTF). [0007]1n anot her
aspect, disclosed herein is an enbodi nent of a UE device operable to

continue . call uskagi ol eL-domainqanbhaulty,y anLs petugrk. The cl aimed
enbodi nent conpri Ses one Or nore of the follow rYg. means Tor provi di ng, via
a S|P | nuee aeSlkagiepacall i mher MMROMmagsoabkeat e widlheddwl cedtkt 6ca

net wor k g%de di sposed in the I M5 network, the SIP Invite nessage including
a UR thdt"§ PUPerdbl BENE hIPESHEEN o 'WEC | ISR oIt F frela i8S dperabl e

responsi ve to-secgbyi ng amlynanieak! v Rl | sl Sty %ﬂh@%‘ﬁt@ur@&rtés' g.., IMN
or VDN) fromthe network node via a SIP response nessage (e.qg., rp
Al t er nat iite Senvi ¢ 38GmRdsimhseyheflorrveni fgahy thafeaecvakl nefmbeence

nunber associated with the call .i.s valid; and.oeans, operable responsive to
verifi cataisgr?,c?%reagr%ﬁkdi ﬁaet 7€ Iy e T =S yvﬁlliqgcgtee@'r’o %ab}P%S niitber to
the net werikaodeufor eff eehuat Hpgagakhiegnt bbbyt eHO0B8RNN yehaangt her
aspect, disclosed herein is an enbodi nent of an | M5 network node,

conpri si ¥§léske 6F-fore bE RS f Gtowt Agednedws) for POLilPpicAd Wwhatha SIP
Invite %ﬁ%%%eraecﬁﬂw%gm@a%&ﬁggygﬁgd' BeLugeRed iR JleNdlins operab) ©

with respect to call continuity at appl'i cation server, g., a VCC
appl i cat i[6@0&dr ver ;Tharmk nelanbl ¢dr igenéeatintg shBl1RI rasponseatesshge (e. g.,

SIP Al terﬁgﬁqi ve Serv%ce ?»q%gggl?{g%gonse) to be P(govtilded t%the UE devi ce,
wherei n EHEPESY eshbfise CR'sS op&fdbl etOFth  above describe
specific SIP messages (i.e., Invite requests and SIP 380
Response messages), the functionalities may be obtained
in other messaging implementations as well. In one
aspect, an embodiment of a call continuity method is
disclosed 1in the present patent application that 1is
operable with a UE device in association with a call in
an IMS network. The claimed embodiment comprises one or
more of the following: providing, via a SIP Invite
message, call information associated with the call by the
UE device to a network node disposed in the IMS network,
the SIP Invite message including a URI that is known to a
SIP application server, e.g., a VCC application server,
as an indication to provide a routable number such as
IMRN or VDN (i.e., the URI is operable as an invocation
for call continuity); responsive to receiving a
dynamically allocated routable number from the network
node via a SIP response message (e.g., SIP Alternative
Service 380 Response message), verifying that a call
reference number associated with the call is valid; and
upon verification, providing the dynamically allocated

routable number by the UE device to the network node for



to include at | east one of a dynamcally allocated | MRN, one or nore radio
access technol ogies and an alternative domain operable with the UE device.
BRI EF DESCRI PTI ON OF THE DRAW NGS [ 0009] Anor econpl et eunder st andi ngoft he
enbodi ments of the present patent disclosure nay be had by reference to the
foll owi ng Detailed Description when taken in conjunction with the
acconpanyi ng drawi ngs wherein: [0010] Rl G 1 depicts a network environnment

i ncl udi ng {HJd Gy 15 t ched net wor k. Jinf pastructuce angy LLoed]
subsyste%ifﬂl MB) | n@rﬁastructure whereli n-an enbo iyerrent o% %%p%%%e%? pat ent
di scl osurdenayrbeept apkiteed; {UOALPFLES, 2AL2UREpittttf |iowchaetsbassoci at ed

wi th one or .nore exenplary e{}g di,ments aof the \pres.ent atent dijscl osure;

[0012] FI &S, PSA airief S8 ddpi 8t ke mplV&y o8k ags’ 416w @i agF aeef br for
ef f ect uatd ngh el 1 £ ONGhBE tMa DY bemeledyitRd & SIP hoWiie fessagerWhkh a

DTR-URI in the Request-URlI field; and [0013]FIG 4 depicts a bl ock diagram

of an enddFiRMEMI) or a VCC Domain VDN Number URI (VVNU) that is
processed at a VCC node or Domain Transfer Function
(DTF) .
[0007] In another aspect, disclosed herein is an
embodiment of a UE device operable to continue a call
using inter-domain continuity in an IMS network. The
claimed embodiment comprises one or more of the
following: means for providing, via a SIP Invite message,
call information associated with the call to a network
node disposed in the IMS network, the SIP Invite message
including a URI that is operable with respect to VCC
invocation; means, operable responsive to receiving a
dynamically allocated routable number (e.g., IMRN or VDN)
from the network node via a SIP response message (e.g.,
SIP Alternative Service 380 Response), for verifying that
a call reference number associated with the call is
valid; and means, operable responsive to verification,
for providing the dynamically allocated routable number
to the network node for effectuating call continuity.
[0008] In yet another aspect, disclosed herein is an
embodiment of an IMS network node, comprising one or more
of the following: means for verifying that a SIP Invite
message received from a UE device includes a URI that is
operable with respect to call continuity at a SIP
application server, e.g., a VCC application server; and
means for generating a SIP response message (e.g., SIP
Alternative Service 380 Response) to be provided to the

UE device, wherein the SIP response message is operable



of a communi cations device operable for purposes of the present patent

di scl osure. DETAI LED DESCRI PTI ON OF THE DRAW NGS [ 0014] A system and net hod
of the present patent disclosure will now be described with reference to
vari ous exanples of how the enbodi nents can best be nade and used. Like
reference nunerals are used throughout the description and several views of
the draw ngs to indicate |ike or corregsponding parts, wherein the various

8 el ement soanacnotenagessaldt Yokl ayn 5%%&%&5@19”&1‘%8&%&0 18,
drawi ngs, and nore particularly to FIG 71, an exenplary network environnent

100 is depiét &F erei Redho eabodisrertedindheypresentl pat eritt edirscd Dsdir e may
be practiggg.fiar nggggilggwg%lhl t%%”Ué“éjﬁt(vV‘ wWith respect to a call originated
ep t

by a UE devi ce. i Cted, the netwo Sivi ronnent 100 i ncl udes an access
space 104 conprised of a nunber of access technol ogies available to a

plurality_of UE devices 102-1 through 102-N. For purposes of the present
di scl osurBRLEFUREGERT EE TRy Obe THEY DRAYHAIGT or unt et hered communi cati ons

devi ce, apgoosy i nchude @W persgn canput kt ops, | aptops,
pal nt ops, or hgndhel d conputing de@?ges) eqﬁ%%%%&ﬁ?%?g st?abl g%vﬁ rel ess

nodem or empodilrenteomniittx | pmeseeni geafeny. dicelllosate phopeseorhad

dat a-enabr!)edrré%%drhel d devi %ES C szﬁl e, of receiving and sendi ng nessages,
web brows? hg et EEE a5° ean’?g R4heed DeBa cBEBF I LRt égRatvden

i nfor mat i pakeppl Lancecegpakie f il . vhdeosPRbhpahRtidgnety AGH

corporate data, access, nessaging, calendaring and schéduling, In mat i on
managemeDe5fd Nt he |ike. Preferably, the UE device is capabl e of operating

in nultiptgoi@fes i prghaty i ngage, i th circuit-sw.tched .(CS) as
wel | as pgcketj-jswi t ched (lP efﬁl%nlgcg%%}r%}sﬁ?agavéﬁﬂn??% sitions one
nmode of cohmamitcasvbnshéd anowbek node oft cormune cahions widihawedioss of

continuity., [0015]T cess_space 104 may be conprised of both CS and PS
netmrks,%ﬁﬁgc%sﬁﬁ‘i} ir}ﬁ\[\ﬂ%ﬁvelﬁ)\ff PEEUCLHERNOTRRTRED Wiy efipediBeRROIGYi es,

br oadbandt1a GesSsé g€ POt 06t €8i s€16suker XA ¢ J&f Kl ence nuneral 106
refers to wireless technol ogi es such as G obal "System tor Mbile

Cormuni cakqQ&hk] ( GSM I het werksGandecade DEVpecbarts associated with
one or more exemplary embodiments of the present patent
disclosure;

[0012] FIGS. 3A and 3B depict exemplary message flow
diagrams for effectuating call continuity by employing a
SIP Invite message with a DTR-URI in the Request-URI
field; and

[0013] FIG. 4 depicts a block diagram of an embodiment
of a communications device operable for purposes of the

present patent disclosure.

DETAILED DESCRIPTION OF THE DRAWINGS

[0014] A system and method of the present patent
disclosure will now be described with reference to
various examples of how the embodiments can best be made
and used. Like reference numerals are used throughout
the description and several views of the drawings to

indicate like or corresponding parts, wherein the various



9 MultipleAccess(CDVA) networks, al though it is envisaged that the teachings
hereof may be extended to any 3rd Generation Partnership Project

(3GPP) -conpliant cellular network (e.g., 3GPP or 3GPP2) as well. Reference
nuneral 108 refers to broadband access networks including wreless |ocal
area networks or WLANs, W-MAX networks as well as fixed networks such as
DSL, cable broadband, etc. Thus, for pgurposes of the present disclosure,

t he acce Rehhol ogie L Lg.~access. technol ogi ct edf rom
| EEE 802.%’];.1](.% techn%lg%gé?g?éﬁég%f%%ﬁf ?géﬁ”ﬁmg‘gy,ssﬁ%% sozfﬂ!ﬁgr?gé nol ogy,

| EEE 802rbkn techhel dgywiGSM, ERGEE Redi® pecessuletrwyr ko GERAN) 1t eehnol ogy

(both CS and RS donai ns and Uni ver sal % ile Teleco ni.cati ons System
(UMTS) pgmloag?{ %‘ﬁgw%{:/ﬂ ﬁln!V&_r]fo-mﬁé]tta ({)ji Pz EF X YRHHOT 0§y, and so
on. Addi @l inknl sor exenpl | piredeas P Lt t Ne ACLOSSrSPaAREy 104.i s the
conventional wireline PSTN infrastructure 110 illustrated in FYG 1.

[ 0016] An PR GRildsdreliPn BaBsgsnemqaING) cent ennet womk thl rdspaguptedat o t he

vari ous Ss.net ) or;t.h ve, ingcl udi an - based net wor ks.
As is mﬁ%q%noﬁé%%gﬁ%t%nggr 8%§gipi%ﬁed Sy %fgg%t@% F‘?‘%efs}?g“ﬁ%&t o allow
servi ce proMirdemsmaneye dnvandetyaaf asersscepddmtl canchepdekédened via | P

over any networ%%t%ge, wherein IP is used to transport both bearer traffic
a

and SessiPorf¥ 0RCPESEodSIC S MRS e@ Vi dABIENG @ raf PLEraBiéxdl y, | MS

S a fragpuask bat;6BIagioNg. it hen ApRLACAARE (1 8y, CRRipHEes)o AN, Ret works

(i.e., access) that is capable of providing nmultinedia services. M5

defines awessgmdl i dascbnsseeverd HE aawtawr kagl dmenanyhdtetdediader srser vi ces

subscri b%rnstel{%eéree 90 V%i ce Qcal | continuity (V )m Push-Tg- Tal k gPTT),

etc. | MBURERAGRE ©90 SRBBIN & or¥hy deti Ty ¢ n&&nt FBFLESRpoABHt s
personal computer (e.g., desktops, laptops, palmtops, or

handheld computing devices) equipped with a suitable
wireless modem or a mobile communications device (e.g.,
cellular phones or data-enabled handheld devices capable
of receiving and sending messages, web browsing, et
cetera), or any enhanced PDA device or integrated
information appliance capable of email, video mail,
Internet access, corporate data access, messaging,
calendaring and scheduling, information management, and
the 1like. Preferably, the UE device 1is capable of
operating in multiple modes in that it can engage in both
circuit-switched (CS) as well as packet-switched (PS)
communications, and can transition from one mode of
communications to another mode of communications without
loss of continuity.

[0015] The access space 104 may be comprised of both
CS and PS networks, which may involve wireless
technologies, wireline technologies, broadband access
technologies, etc. For example, reference numeral 106
refers to wireless technologies such as Global System for

Mobile Communications (GSM) networks and Code Division



that each application server (AS) is required to have, e.g., subscriber
profiles, IMs nobility, network access, authentication, service

aut hori zation, charging and billing, inter-operator functions, and
interoperation with the | egacy phone network. [0017]1t shoul d be understood
t hat whereas IMS is defined by the 3GPP standards body which mainly
addresses GSM net wor ks, another groupg 3GPP2, is involved in defining a

cl osel arc ure r e Mul t n
IS essgntla |39§i I 5§§ ngﬁﬁg HeEQO S|nceégﬁﬁég%%bn3§'are roughly

eqU|vaIe@myﬂdagd&wnhétwﬁwmnayebehusge|metémﬁ pregsebe pattentdedi sebosure to

refer collecti M@' to both IMs and re applicable. In addition, fixed
net wor k §Fﬁhd§rds FOFIREN O NeX P T EBREF PonPRBﬂgﬁst ¢hRt ~SPBPHAERH on

and/ or reuse JdiMs argeal,8ekbei pg. devel opag byOQOd'%P@IFh as ETRL1TI SPAN,
Cabl el abs and the ITU-T. NGN and i M5 are roughly equival ent, and

accor di nflefetrignceermnte (v h@§ aE§@rbet@eédqaﬁhan¢;Qﬂ@%%mtnpawenks
dlsclosure 49, fﬁerwggliectlvm%éfcggoth % word NGN apﬁ ﬁ%%
[0018]Cbnt|nU|ng o refer ref éfenice nun%rals

refer tona2tplosial i &y GfeIAS aedesiRPer alwidrkSuppent yar ID@ILS, seamees

e.g., VCC, PTT, etc., as alluded to herei nabove. Particularly, a VCC AS
node 114PNopsogpehabisddo ef fEdtat ef@al IPEERRF RS t 9L anbhappPBREFAEe domai n
selectio ec o] or V Vi
TyplcalI3‘,\gzéc(tsl%gd’%—%Jo n%?gbe§%$%§Fdéﬁggga%§g?P ? gﬁgpsggg%?ﬁ%%rsggﬁone | MS
core netwucbswhlchtem@mehegnesfuncﬁﬂ&nakuiy r ékemr ed IREFas c@bb.tdatinuity

contro] LGl bl R nshier .,  famLD, S0l ccLin (MBS gte. I

appl i cat icerhsRNIvRfy el ement t lyakz nasi desekinbheghome dIWy meimor kaand tracks
all call sessions and related nobile voice-over-1P (VolP) bearer traffic,

|ncIud|néC€§ﬁﬁ hafRfovert r ouEERGNDet i ires- efid | MBo@bmaiGys. am@ NBPS
portion S 4 n 0
reglstra§%§n ﬂeé%%?rg?ﬁgﬁgﬁgﬁaggﬁéﬁ%ébgFQEEnwwgﬁgﬁﬁgfg%gCg&%g?&orks

(e.q. GSNMGE CﬂM@hndImmwxeab&lﬂyqﬂummnna+l@a$epmmﬂ1mimmttlﬂnsont IS
p033|ble to rate both the CCCE functlonalltlfs into a single

VB ConpAEFBrE 19Btiore bl ettt TR R st e T Sk 5L 8 ed %

sui t abl eps@esidan wRNtd@tef4NsHEER (8GF) s130, dTeyoDee P pYh edy 8scpant of the
VCC AS node 114-N wth respect to applicable radi o access technol ogy, e.g.

gsnSCF. R&ENtM@%ﬂaSMQQQQH%Reﬁlquhb W%ﬁé@t@ﬁtiﬂ|§§Gnaﬁ |ncIude t he
foll t I
ol low n XQ%qaln E{anfger éqg(%%éﬁﬁg%Fﬁf gr gtﬁggﬁ i ona

Entity FE- CS Adaptatlon nctlon erre to as

CAMEL Sen\cheLs( ad:sthiLeﬁertrcedtme &s rEbuE) , ac&m@ls@or[&ltIWoSGﬂseCEtetOnfEHﬂﬁtl on

( DSF) (aI 0 referreg tqQ as FE-D “ngh forma "VYCC Application”

Accor di nf ﬁveﬁorlﬁﬁ H8§8§'oﬁnﬁhec e dPEENES e, th@steﬁﬁ1 "Hethor k
node” w kRokef erancers %&Adﬂ%f&"@eﬁ@ﬁ@@r%nisﬁﬁ@ agpre. % » dbSididaN) may
conprise one or nore of the follow ng functionalities in any combination as
appl i cabke: aiEWtﬁﬁeugneF@rmvmmae@ee antdaNeBSy axf weekvases

addi tion er gi escribe n ai her i nbel
[0019]Fu?bﬁ§rn§re tH%%P ' fio gshomn ﬂﬁ$Fl %Eyha8§%%06§ert&8?abase,
ref erredwheragna ]HOI'TESSM i tb@l’ t PanE@o rar Hrdﬁ&h beapeaViweds &isc panhtt of the
hone | M5

Session Initiation Protocol (SIP)~based signaling
traffic. Broadly, IMS is a framework for managing the
applications (i.e., services) and networks (i.e., access)
that 1s capable of providing multimedia services. IMS
defines an “application server” as a network element that

delivers services subscribers wuse, e.g., voice call

continuity (VCC), Push-To-Talk (PTT), etc. IMS manages



12 network 112, for supporting the various IMS network entities that
actual ly manage calls or sessions such as VCC node 114-N. In general, the
HSS dat abase nay contain user profiles (i.e., subscription-related
information), including various user and device identifies such as

I nternational Mobile Subscriber Identity (IMSI), Tenporal Mobile Subscri ber
| dentity (TNBI) I nternational Mbile, Fquipnent Identity (I MEl), Mobile

Subscri ber é%%r}%vs k!;gl S%@ 111 erc%%r@ﬁ Un H%Fﬁ/ﬁenu{‘gd&é&éu D), as

wel | as a5§1t|o CIfIC | i t1es such as ara Privat e

| denti ty thlaMPl ¢aa@nd adp IMd &t insedi aeEuI@Lrl c(Aglentiist yréyOWPERdt hat Asee,

i npl emented as Tel -Unjform Resource ldentifiers (URIs) or SIP-URI's. Wereas
the | MPl Si-§ -uni YRS oL e paPErddil&s useiS | ROR1ZEPE: sy ALK . @CCeEF) SIM or

coul d be akh%'h%%%ltc%t%oqﬁ”' Gl ar; AE d‘é‘é't%%rl'}a%ﬁ%%f)ﬁlraug:%%ﬁggghggy1 ahl 1S

possible to have nul'tiple Public ldentities(i.e.,| 'MPI . Further,

t he | MPUbddd ialgso bentsharaoe natbr| MPunstidlontshat danwb oinherepeesttes can be
reached WI h the sane ident |té/ a single phone nunber for an entire

fam ly). "G00 add é’neﬁ a’é)%‘?"g%ﬂ(at e database structures (e.g., DB

122), ti F[BIOIWEChaI’NISHYBS(IQqu, bemeind24srand suidablendregi< IR mpy be
provided in association with AS 114-N for purposes of configuring and

managi ngdﬁfr%@@ld oFY I@W@??feéiian?ﬂéﬁﬁﬁn@oﬁi}’nﬁéﬁscf( VRS Y & @éefﬁéﬁérred to
as VCC Dy 9{ ?H}%ﬁ whi gly g osel et | INRN VP, ma
ocat e for purposes 0 n

dynam cal I y al aging ¢all " routing and ca?l
conti nui tiefEwritiyerg OBod22yi anallsmmmerabd:leltecsnoee refreureer 05 RIS t hat

are used t |nvo e VCC service %\t t he VCC node. }(/)ge as alluded to
previ ousMy Pt (HEDY reat M¥Rt 67 %%ﬁlré%’ta Y s 0% H18/CEChode

knows fr@m%AeCQieFHw@ﬂ@s 135haspesticen ofvb heaRequasis Lﬂeth%u{ﬂ@§
requesting UE device i s desirous of invoki ng VCC service %e

descri be@dui vgrieatter et aitletyel OWISThamya SpPused t ennddsagerFesentinsni tted
by a UE Bg‘é' ¢ 19 0e VCL node, . ap rOB hale ger 'Cet$°% %hathH‘e ngde is

operabl et o I nterpre °And process PAvite mes a e as a request for a VDN

i n order MMD efdtectalat gppalbababti nui tyn [Qaalkhbnacccmdaence methothe

teaChlngS ggd%@%spr%ggntNGN (Next Generation Networks) that are
based on and/or reuse IMS are also being developed by
bodies such as ETSI TISPAN, Cablelabs and the ITU-T. NGN
and IMS are roughly equivalent, and accordingly the term
“IMS” may also be used in this present patent disclosure
to refer collectively to both IMS and NGN where
applicable.
[0018] Continuing to refer to FIG. 1, reference
numerals 114-1 to 114-N refer to a plurality of AS nodes
operable to support various services, e.g., VCC, PTT,
etc., as alluded to hereinabove. Particularly, a VCC AS
node 114-N is operable to effectuate call continuity and
appropriate domain selection with respect to calls
originated by VCC-capable devices. Typically, AS 114-N
may be provided as part of the subscribers’ home IMS core

network which implements functionality referred to as

call continuity control function (CCCF) 116 and network



patent disclosure, the I M5 network node having the CCCF capability is
preferably provided with appropriate |ogic/structure/software/firmare
nodul e(s) for performng the followi ng: verifying that a SIP Invite nessage
received froma UE device includes in the Request-URl field a URl that is
operable as a VCC invocation (i.e., DIR URI); and generating a suitable SIP
response nessage (e.g., SIP AlternatiYF Servi ce 380 Response nessage) to be

provi ded the UE devi ce, i he SI P response_pnes i S erable to
i ncl ude é%oqu‘aelasts%lneec% R &%/\%gréwfcgﬂ y ajlsrf ocat e ?W?/Di,ﬁggng%gg%re radi o

access tedmobggies and-an akt espativee dormi B oper abhve wapp1thetr Ysndevi ce.
The I M5 node or VCC apgl ication is accordingly operable to analyze the
Request - SRT Y5 %] 8l aRa Heftdr necshAesi dnj st URPMEhdMSr aepiiwesk aawBN t o be

al l ocated t ol c « U ' jfle t he CR
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t he net wolMlo Tfdde balese ri ntlradés csui iabllediogi ctalliuchanebsot ¥ watneihyr mar e

for maintaining a pool of E. 164 nunbers that are operable as | MRNs which
term nat%> d_ﬁ'etgﬁé (ﬁgt #BFk Iﬁgde,ora‘?/h’éﬁi caliiF a¥¢BeaPPagianseigetof MR to a

cal l ed partgenunber aﬂ@é@éng%nai N £oF qued,d Aot i an s 9. 5 R
received froma UE 14 device and providing the selectl MRNtothe originating
UE devi c&edigrtnafiimpidatrediesseseton| MR dgenaot  thateteeut tieenIMAat

sel ect | i Sof e o] e_net node ef fectuati.n call
routing/ clgc%n i%&i t§’%9§g]ét§s &ngfﬂ‘fe\é\%élgt To ti@hc)m I edbﬁgptlﬁgnﬁ}i’?ﬁé?? and
opt i onal Ipytequaradnty ni sgphbateel ettinddVROhEPr awperioed @foddim 1pono

rel easi ng‘L it back to the | MRN pool for future use. Thus, the | MRN or group
of | MRNs R e t& orelili Ahene® appl NGRS ofuBELenadd tdpsr atttohap

confi gur ahlgdat a, 1195 BYmbASPBEL ON f S ey f or paL hhe V licgtionis
oper abl e .t(gl%det erm ne V\hrgﬂt) the IMRNVVDN 1's for. [8823’] Toqrc%a%é%ge ag%ool of
dynam calily usitimedatsl ein MRNS,; flhe nklswr kancde tadlg ,sAQO RS dddeNplmay be

xamp 6. 8k B R e o NS st e DTG o Pabahe 4 “Hiar 17 g addr ess”

nunber ohoale | NRM -nangei t Anot 8epeEr 164 onundins] iyb1aperai @i &S ackange
delimter with respect to the IMRN range. To allow flexibility, it may be
desi r abl £SCETYRIYde f 6r 9dirf f eFSAEFool s of AARRECOPBLbe ¥ORT FgLREELf r om

di f f er ent pe), Jnanges i thWd ek, apprepLiat [ apL. s y be
i npl enent gd at tnﬁe net Wt:)LrliL nsodeaiyn orgeir21 teo g%%upgg%gggtﬂ?ﬁé %?%%gﬁed | MRNs
remai n vakeasfery. Funheyohau®iot (ahed owtfenrtrmt teo, ashejumaceiosed within

appropriate.time Lim¢ts) sui tabl e, .quarantine, tines applied. As w ||
be descrlg g&ttiyn dﬁél%g%’f’ bel%réw, ﬁ%@ﬁég’tﬂ of ‘tl??rjéjr%nass(gg%)ed W ERC1 MRNs  at
t he net weekeredel aid 44 MeEspassamEedsav-thcealbh1kef elcange JHInher ssat the
originating UE device allows for dynam c provisioning of | MRNs that could

be used FB&FCeal RYORIRREoPELAGEEPRWELRGEL aviiRF )t ol @bpentetsrraddi gits
to the E 164 gunbergle)creatg an, IMP ., 5 “vcc  Application”.

Accordingly, for purposes of the present disclosure, the
term "network node” with reference to an IMS core network
(such as, e.g., AS 114-N) may comprise one or more of the
following functionalities in any combination as
applicable: FE-A through FE-D, gsmSCF, CCCF, and NeDS, as
well as additional service logic described in detail
hereinbelow.

[0019] Furthermore, although not shown in FIG. 1, a
master user database, referred to as a Home Subscriber

Server or HSS, 1is provided as part of the home IMS



15 [0023]In one enbodi nent, the following steps are typically involved for
ef fectuating call continuity using the SIP nessagi ng. Wien the UE device
determ nes a need for domain transfer (i.e., an existing call needs to be
continued in a domain that is different fromthe domain in which it was
originated), it sends a SIP Invite nmessage directed to a PSI, i.e., a
Request-URI that contains a URI that i.s operable to provide a VDN back. The

SIP | nvi g ossi hly ains informatiaqn that bl es the VCC
net wor k %1% e Otsrggcg:rl‘rgél ?tote} t%%BQEéﬁEég? vnﬁrf% t hE exi st i ngplgl P 8?%W8§kof t he
call to ketiransf ethed Get@hallysingnagsl RaHeadesr syebsasnishesda ggt- Di al og
header or_ the Sane- Session_header, or contained in the body of the Invite

such as MrSIM%%ag bbdy) . TpoAcpesailpt W6re theS IRtk HesBagecorhgiser vi ce
logi c at fhe VECRetwar k pode i Ss9195&99#?%5@6%‘353'&%”63‘.&P@Eméggolﬁ cei ved

Invite nmessage is a request for a VDN application no "operabl e
to veri fyndiatdirher ears caisS| Rsdiral egue deve.ce cakdenséssiesn) sunhpr agress for

the received call. infornation in the SIP Invite nes e and_thereafter, the
ot wor k. TOTE S Te oy PP EooBRiDRg TRt | DSt T4 1 BEMPAELGxT o1 i ng
call in M®idemagobeurt gatl yz@@ﬁty@?/(emgqsz)a,n MBLRS sdamian cabbivka a

W.AN), based on the call ID/SIP dialog information provided by the UE
devi ce (Eapirmededl@antheydi(@MEd)inf¥elal¢osubsetrabead T3PN hdunhert e

nmessage i He a Tar - Di_al h or_ the

Sanme- Sessf?lgfifsh%é\gder?ggﬁeégﬁggynzld&?ﬁu? hg%%gl&?%&?hégﬁgggfe Ssu‘(”:'ﬁl%s in

Sl Pfrag bedy) addheidynam cINONspscwelilc asiavatlabke RASRscrand =&l terpati ve
domai n inf(i mation is sent back to the UE device via a SIP response nessage

(e.g., sMB kllf‘@rdr?‘o?ti Ve 1SR ot It Re¥pohddy L) | t2RRouf B vauLlismagprec at ed
that ot heqpdxx rasrense codesmpul deighs0 e usedf obnehfegt ugki ngetbi s

VCCdormai n transfer

Uniform Resource Identifiers (URIs) or SIP-URIs. Whereas
the IMPI is unique to a particular user in a 3GPP system
(i.e., (I)SIM) or could be unique to a particular UE
device 1in another technology, it 1is possible to have
multiple Public Identities (i.e., IMPUs) per IMPI.
Further, the IMPU can also be shared with IMPI such that
two or more devices can be reached with the same identity
(e.g., a single phone number for an entire family).

[0020] Additionally, appropriate database structures
(e.g., DB 122), timer mechanisms (e.g., timer 124) and
suitable logic 126 may be provided in association with AS
114-N for purposes of configuring and managing a pool of
IP multimedia routing numbers (IMRNs), also referred to
as VCC Directory Numbers or VDNs, from which a select
IMRN/VDN may be dynamically allocated for purposes of
managing call routing and call continuity. Further, DB
122 is also operable to store a number of URIs that are
used to invoke VCC service at the VCC node. However, as
alluded to previously with respect to the treatment of

Request-URIs, the VCC node knows from receipt and



functionality. If the UEis not attached to the CS domain (assum ng that
t he ongoi ng PS donain call needs to be continued in the CS domain), the UE
first performs a CS Attach procedure and then originates a voice call setup
using the dynami cally assigned VDN. A particular RAT and network may be
sel ected based on the information provided in the SIP 380 Response. These
processes will be described in additiqgpal detail below. [0024]FI G 2A

”gﬁ’gt

depi cts afdouchask Qfr an rexeqplaLy enof manl..of g0 avarall. et hodol ogy of
q ti ng? ont i

the present patent disclosure for managing ca rou U7 t ith
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the UE, and a Request-URI are provided by the originating UE devicé to an
| MBS net witHP Tfgfel 2 lee g . seaC hethusriic nede Lhé- Nnogea s Slopdmawdltee message.

As poi nt Vi OlIS uest--URl is a SIP identifier or field
t hat conteigiit%sg%lpéu% é;?ﬂ&'%}%c%gg Eﬁfg (;%rv\#ﬁbm?%sa?gpf SPkndwh©48e8h &R&r abl e
trigger teo VIt urm erd@N thatffbetlbtdevhte kogitGnuses .in invoki ng domain

transfer.\q&%réespglct to (Br Vi Si oni'ng\ the DTR-URI's, a nunber of
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(Uni ver sg Subscri b(ér | 1éenti ty Modul e (Ggg)ﬁmoﬁoggﬁégglng 3;5% ggg%l ty
Modul e (REEADLLIAIY er Aat | vietgferaeyymayp ey sded ed virtha neppeypeikbeyi t

i nt egr at it hi device. _17,Regardl ess, the DIR-URI s may
bepr ovi sﬁg)rﬁgé%}oyr%%% riec)tj %ft‘fﬁr%/egfg%wﬁﬁng Operf® § €A 1'i ancéorovn)
Devi ce Mpragfemening Diheor fot hetiQger - F8ei Ak nGOTE) 2 FeGharifgs 14$h pg Short

Message Service (SMS), Unstructured Supplenentary Service Data (USSD)
nessagi n§CSHPIP thfspttd stERmasaGPRS, [danimg ~ etrcludes prowi stbaed usi ng

the SIP @eefiegur-aidion dFHranewa K.;4 ther e Lyent, the DTR-URI's may
be dynamically all ocat eld to a UE di;v?%ﬁe y ’?%e %g%gﬁ%rﬁsatath “time of
regi st ratingeogdiyivg Priassoci RTRUURRI ; headegeorerat ianpthesu St Headep in a

SIP 200 sage._ In a still furth e dinent, if there is no stored
DTR- UR| %&?ﬁ%ﬁ e foOr 4 VDN f%q%eSt,gﬁtP gg&tﬁérbaé?fe‘feate%elf‘fb?ﬁth%%ser I D
i nf or mat Respasseci aicedald)h the We devioei sagh as | Mk, fubl hg oL Private

User I D, etc. Exanples using IMSI include:
" <VDN- t alf BEFRBI> @M . fhE<MINCP ITXMIES S3§Epnict woPkrebge to include

at least one of a dynamically allocated IMRN/VDN, one or
more radio access technologies and an alternative domain
operable with the UE device. The 1IMS node or VCC
application is accordingly operable to analyze the
Request-URI field and determine that it is a URI that
requires a VDN to be allocated to an ongoing call for UE
and user identified by the GRUU received in the SIP
Invite message. To assign and manage the VDNs or IMRNs,
the network node also includes suitable
logic/structure/software/firmware for maintaining a pool
of E.164 numbers that are operable as IMRNs which
terminate on the network node; dynamically allocating a
select IMRN to a called party number and/or certain

unique ID information (e.g., GRUU) received from a UE



" <] M5l ><VDN-t ag>@ ns. mc<MNC>. ntc<MCC>. 3gppnet wor k. org Exanpl es usi ng
Private User ID include: Usernane<VDN-tag>@onenetwork.com <VDN-t ag .
>User nane @ onenet wor k. com [ 0025] Where stored, the textual representation
of DTR-URIs nmay be as follows: <VDNtag>@ abel .| abel

User name<VDN-t ag>@onenet wor k. com <VDN-tag >User nane@onenet wor k. com

<VDN- t ag>@onenet wor k. com 14
device and providing the select IMRN to the

originating UE device; verifying that the select IMRN has
not timed out when that select IMRN is returned to the
network node for effectuating a call routing/continuity
process with respect to the called party number; and
optionally, quarantining the select IMRN for a period of
time upon releasing it back to the IMRN pool for future
use. Thus, the IMRN or group of IMRNs may be stored in
the VCC application server as operational configurable
data, or by inspection of the format, the VCC application
is operable to determine what the IMRN/VDN is for.

[0022] To manage a pool of dynamically allocable
IMRNs, the network node (e.g., VCC AS 114-N) may be
configured in a number of ways with respect to the E.164
numbers. For example, a particular E.164 number may be
provided as a “starting address” number of an IMRN range.
Another E.164 number may operate as a range delimiter
with respect to the IMRN range. To allow flexibility, it
may be desirable to provide for different pools of IMRNs
to be configured from different number ranges. Further,
appropriate timer mechanism(s) may be implemented at the
network node in order to ensure that the allocated IMRNs
remain valid (e.g., they have not timed out, that is,
they are used within appropriate time limits) or suitable
quarantine times are applied. As will be described in
detail below, management of timers associated with IMRNs
at the network node and timers associated with call
reference numbers at the originating UE device allows for
dynamic provisioning of IMRNs that could be used for call
routing/continuity without having to append extra digits

to the E.164 number to create an IMRN.



18 Further, the URIs may becoded in nenory as exenplified in the Tabl es .
below. Table I Identifier: '"6FXY' Structure:linear fixed Mandatory SFI:' XY’
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[0023] In one embodiment, the following steps are

typically involved for effectuating call continuity using
the SIP messaging. When the UE device determines a need
for domain transfer (i.e., an existing call needs to be
continued in a domain that is different from the domain
in which it was originated), it sends a SIP Invite
message directed to a PSI, i.e., a Request-URI that
contains a URI that is operable to provide a VDN back.
The SIP Invite message possibly contains information that
enables the VCC network node to correlate the request
with the existing SIP dialog of the call to be
transferred (e.g., using a SIP Header such as the Target-
Dialog header or the Same-Session header, or contained in
the body of the Invite such as in SIPfrag bédy). Upon
receipt of the Invite message, the service logic at the
VCC network node 1is operable to determine that the
received Invite message is a request for a VDN. The VCC
application node is operable to verify that there is a
SIP dialogue (i.e., call session) in progress for the
received call information in the SIP Invite message and
thereafter, the network node allocates a dynamic VDN that
uniquely identifies the existing call in the domain
currently active (e.g., an IMS/PS domain call via a
WLAN), based on the «call ID/SIP dialog information
provided by the UE device (e.g., based on the dialog
information contained in the Invite message in a SIP
Header (such as the Target-Dialog header or the Same-
Session header) or contained in the body of the Invite
(such as in SIPfrag body)). The dynamic VDN as well as
available RATs and alternative domain information is sent
back to the UE device via a SIP response message (e.qg.,

SIP Alternative Service 380 Response). It should be
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appreciated that other 3xx response codes could also be

used for effectuating this VCC domain transfer
functionality. If the UE is not attached to the CS
domain (assuming that the ongoing PS domain call needs to
be continued in the CS domain), the UE first performs a
CS Attach procedure and then originates a voice call
setup using the dynamically assigned VDN. A particular
RAT and network may be selected based on the information
provided in the SIP 380 Response. These processes will
be described in additional detail below.

[0024] FIG. 2A depicts a flowchart of an exemplary
embodiment of an overall methodology of the present
patent disclosure for managing call routing/continuity
with respect to a call by a UE device. At block 202,
various pieces of information relating to the call (which
may be collectively referred to as “call information”
herein), such as a call reference number or SIP dialog
associated with the call as well as unique ID information
associated with the UE, and a Request-URI are provided by
the originating UE device to an IMS network node, e.g.,
VCC network node 114-N, via a SIP Invite message. As
pointed out previously, the Request-URI is a SIP
identifier or field that contains a URI (i.e., DTR~URI or
VVNU) that 1is known as an operable trigger to return a
VDN that the UE device logic uses 1in invoking domain
transfer. With respect to provisioning the DTR-URIs, a
nunmber of implementations are possible. In one
embodiment, one or more DTR-URIs 1in the form of SIP-URIs
or Tel-URIs may be stored in a removable storage module
(Universal Subscriber Identity Module (USIM) or Removable
User Identity Module (RUIM)). Alternatively, they may be

stored in a memory circuit integrated within the device.
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Regardless, the DTR-URIs may be provisioned for a

particular UE device using Open Mobile Alliance (OMA)
Device Management {DM) or other Over-the-Air (OTA)
mechanisms using Short Message Service (SMS),
Unstructured Supplementary Service Data (USSD) messaging,
or ip transport such as GPRS, I-WLAN, etc., or
provisioned using the SIP Configuration Framework. In a
further embodiment, the DTR-URIs may be dynamically
allocated to a UE device by the IMS network at the time
ot registration using P-associated URI header or in
another SIP Header in a SIP 200 OK message. In a still
further embodiment, if there 1is no stored DTR-URI
available for a VDN request, it may be generated from the
user ID information associated with the UE device such as
IMSI, Public or Private User 1ID, etc. Examples using

IMST include:

"<VDN-tag><IMSI>@ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org
"<IMSI><VDN-tag>@ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org

Examples using Private User ID include:

Username<VDN-tag>@homenetwork.com

<VDN-tag >Username @homenetwork.com

[0025] Where stored, the textual representation of
DTR-URIs may be as follows:

¢ <VDN-tag>@label.label
¢ Username<VDN-tag>@homenetwork.com
s <VDN-tag >Usernamelhomenetwork.com

e <VDN-tag>Chomenetwork.com
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Further, the URIs may be coded in memory as

exemplified in the Tables below:

Table I
Identifier: Structure: linear Mandatory
'6FXY! fixed
SFI: ‘XY’
Record length: X bytes Update activity: low
Access Conditions:

READ PIN

UPDATE ADM

DEACTIVATE ADM

ACTIVATE ADM
Bytes Description M/ Length

O

1 to X |URI TLV data object M X bytes




Bytes Description M O Length 1 Nunber of VDNs M1 byte 2 to X URI TLV data
obj ect
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Table IT
Identifier: Structure: linear Mandatory
'6FXY! fixed
SEFI: ‘XY’
Record length: X bytes Update activity: low
Access Conditions:
READ PIN
UPDATE ADM
DEACTIVATE ADM
ACTIVATE ADM
Bytes Description M/ Length
O
1 Number of VDNs M 1 byte
2 to X |URI TLV data object M X bytes
[0026] The unique ID information relating to a call

may comprise a GRUU associated with the user and UE
device and/or an Instance Identifier (ID), wherein the
Instance ID may include at least one of an IMEI, an IMEI
Software Version (IMEISV), a MAC address or a unique
Layer-2 address, an Electronic Serial Number (ESN), a
software ID such as mobile software terminal identifier,
a Universally Unique Identifier (UUID), and a Mobile
Identification Number (MIN) provided with the device. As
illustrated in block 202, a timer may be initiated on the
UE device that is used for monitoring at least a portion
of the call information. In particular, the timer is
implemented for monitoring the elapsed time since a
particular call reference number 1is generated and
forwarded to the network node. At the network node, the
SIP Invite message with the Request-URI is processed as a
VDN request. Accordingly, a VDN/IMRN selected from the
pool of VDN/IMRNs is dynamically associated with respect

to the call reference number or, wherein the IMRN is
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dynam cakieyigid,ocatletl | ¥RNPaedt he U dewssecithedel apsdd tilme assbti at ed

with the |l refer nurher is.ponitored to ensure that it, is not stale
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I MRN at the network node, its tine-to-live variable is nonitore 0 ensure
that it Kasogdt A0Ged obpprihereskt ergtuheisakhed parittyiatenbdry GRWU and/ or

| nstance,.L.D (i.e.. uni.que |ID data) assocjated with the nani cal |
al | ocat eHEI V\%\Yll%é utuislligligedt?%r %’6#%%% ﬁgﬁhhe ‘Y’E\péﬁekw r?g%i n@c?‘ﬁ%tgd
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one inplementation, the dynamc |IMRN may optionally be returned back to the
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porti onsepfurkethlbdvet has not timed out. Thereafter, the called
party number, GRUU and/or Instance ID (i.e., unique 1ID
data) associated with the dynamically allocated IMRN is
utilized for continuing the call by making the
appropriate inter-domain connection between the call legs
(block 210). In one implementation, the dynamic IMRN may
optionally be returned back to the pool of IMRNs wherein
it may be quarantined for a certain period of time before
it is reused or becomes available for future use (block
212).
[0027] Referring now to FIGS. 2B and 2C, device-

centric and network-centric portions of the above

methodology are set forth in additional detail in an



met hodol ogy are set forth in additional detail in an of the UE device is
operable to provide the call information relating to a call and the DIR- UR
(that is known to return a VDN) to a VCC node such as AS 114-Nin FIG 1.
Responsive to receiving a dynamcally allocated VDN I MRN and donai n/ RAT
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whet her t£H& -usker | BeARenRéveydrqd freagivhng a dynamically allocated
VDN/IMRN and domain/RAT information via a SIP 380

Response, the UE device is operable to verify that a call
reference number associated with the call remains valid
(block 224). Upon verification, the UE device thereafter
provides the VDN/IMRN to the VCC node to set up an
outgoing call leg to maintain continuity with an existing
call in a different domain (block 226).

[0028] With respect to the operations at the network
node, e.g., AS 114-N, upon receiving the Request-URI as
well as call information including GRUU and/or Instance
1D information, etc. via a SIP Invite message,
appropriate logic at the node interrogates its databases
to perform a number of verifications. A verification may
be made to determine whether the user is allowed to
obtain VCC service. Another verification relates to
whether the unique ID information received from the URE
device exists 1in the network node’s databases, one
example being that the received unique ID already has a
SIP dialogue in progress, and if so, a VDN/IMRN that
could be dynamic is allocated and associated with an
ongoing call corresponding to the received unique 1ID
information. These processes are exemplified in block
252. Thereafter, the dynamic VDN/IMRN and alternative
domain/RAT information are provided to the UE device via
a suitable SIP 380 Response message (block 254). As
alluded to previously, the body of the SIP 380 message

may be coded in XML to provide various pieces of
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the network node as part of the UE’s VCC call leg setup,
the network node correlates the returned IMRN against the
GRUU/Instance ID record created previously in order to
link the VCC call leg with respect to the ongoing call
(block 256). Also, the network node may include
appropriate logic to verify that the received IMRN has
not timed out, as set forth hereinabove.

[0029] Based on the foregoing, those skilled in the
art will appreciate that the VCC application logic at the
network node preferably includes the functionality to
examine the Request-URI received via a SIP Invite message
to determine if URI contained in that Request-URI field
is associated with VCC invocation. If associated with
VCC invocation, the contents of the Request-URI are not
utilized by the VCC node for call completion. Instead,
the application 1logic verifies if there 1is an ongoing
call for the received User ID or GRUU or based on the
dialeg information contained in the 1Invite in a SIP
Header or contained in the body as described previously.
In one implementation, if there is no ongoing call, the
received SIP Invite message may be rejected. As
described in detail previously, a dynamic IMRN/VDN is
assigned to the GRUU based on the determination that
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11 SIP/2.0 380 Alternative Service .

without limitation, well-known technologies such as IEEE

802.11; IEEE 802.1la; IEEE 802.11b; IEEE 802.11g; 3GPP-

GERAN-CS; 3GPP-GERAN-PS; 3GPP-UTRAN-FDD; 3GPP-UTRAN-TDD;

ADSIL; ADSLZ2; ADSL2+; RADSL; SDSL; HDSL; HDSL2; G.SHDSL;

VDSL; IDSL; 3GPP2-1X; 3GPP2~1X-HRPD; DOCSIS; EVDO,

CDMAlX, WiMAX, etc., as well as any heretofore unknown

wired and wireless access types.

[0030] Set forth below is an example of a SIP 380

Response message containing XML coded body for purposes

of the present disclosure:



Via: SIP/2.0/UDP pc33. atl anta. com branch=z9hGibKnashds8 ;received=192.0.2.1
To: Bob <si p: bob@i | oxi . conp; tag=a6¢c85cf From Alice
<sip:alice@tlanta.conr;tag=1928301774 Call-1D:. a84b4c76e66710 Cont act:

<tel : +1234567890> CSeq: 314159 I NVITE Content - Type: _ ) )

appl i cati on/ 3gpp-inms+xm Content-Length: 657 <?xm version="1.0""?>

<! DOCTYPE i ns- 3gpp > <i ns-3gpp versiop="2.0" <alternative-service> <type>
<vcc-domai n-tx> <uri>tel:+1234567890</ uri >

<access-t ype>3GPP- GERAN</ access-t ype> <domai n-type> <CS/ >
Table III

SIP/2.0 380 Alternative Service
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bKnashds$§
jreceived=192.0.2.1
To: Bob <sip:bob@biloxi.com>;tag=a6c85cft
From: Alice <sip:aliceRatlanta.com>;tag=1928301774
Call-ID: aB84b4c76e66710
Contact: <tel:+1234567890>
CSeqg: 314159 INVITE
Content-Type: application/3gpp-ims+xml
Content-Length: 657
<?xml version="1.0"?>
<!DOCTYPE ims-3gpp >
<ims-3gpp version=“2.0"
<alternative-service>
<type>
<vcc-domain-tx>
<uri>tel:+1234567890</uri>
<access-type>3GPP-GERAN</access-type>
<domain-type>
<CS/>
</domain-type>
</vcc-domain-tx>
</type>
<reason>VCC domain transfer to CS domain</reason>
</alternative-service>

</ims-3gpp>




</ domai n-type> </vcc-domai n-tx> </type> <reason>VCC domain transfer to CS
domai n</reason> </alternative-service> </ims-3gpp> 25 [0031] I nother XM
codi ngschenes, vari ous additional elenents nmay al so be provided to indicate
energency sessions, operator-configurable text nmessages, etc.

[ 0032] Overall, the VCC application logic is operable to include the
follow ng elenents in the XM. body of,an exenplary SIP 380 Response

message: [od317al ternati vessgeyi ce>xatenenty set tadfagduarameers gf the
alternative service;
additional elements may also be provided to indicate

emergency sessions, operator-configurable text messages,
etc.
[0032] Overall, the VCC application logic is operable
to include the following elements in the XML body of an
exemplary SIP 380 Response message:

- an <alternative-service> element, set to the

parameters of the alternative service;

- a <VCC Invocation> element, set to the parameters of

the VCC invocation;

- an <VDN> element, set to "VDN" to VDN number;

- a <CS> element, set to "cs" to indicate the CS domain

as the alternative domain; '

- a <type> child element, set to "emergency" to

indicate that it was an emergency call; and

- a <reason> child element, set to an operator

configurable reason, e.g., in a text message.
[0033] It should be recognized by those skilled in the
art that the message flow between the UE device and the
home IMS network’s VCC network node may be mediated
through a number of other appropriate network
infrastructure elements, and may be implemented in a
number of ways depending on the device capabilities as
well as the network features and protocols being used.
Typically, the message flow may be mediated via network
elements such as a mobile switching center (MSC) and a
media gateway control function (MGCF) element disposed
between the UE device and its home IMS VCC/network node.
Also, there may be additional IMS control plane nodes
such as Interrogating Call Session Control Function (I-

CSCF) nodes and Serving CSCF (S-CSCF) nodes disposed



a <VCC I nvocation> elenent, set to the paraneters of the VCC invocation;
an <VDN\> el enent, set to "VDN' to VDN nunmber; a <CS> elenent, set to "cs"
to indicate the CS donain as the alternative domain; a <type> child

el enent, set to "emergency” to indicate that it was an energency call; and
a <reason> child elenment, set to an operator configurable reason, e.g., in
a text nessage. [0033]It should be reg gnized by those skilled in the art
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device 302 having the CS domain and IMS domain modes of
functionality 1is operable to generate a SIP Invite
message 312 to a network node 308, wherein the Invite
message includes the DTR-URI in the Request-URI as well
as applicable call information such as call reference
identity or number, or the SIP Dialog ID (e.g., based on
the dialog information in the Invite in a SIP Header or
contained in the body of the Invite), etc. in addition to
the GRUU and/or Instance ID information. A suitable
timer mechanism 310 may be initiated at the UE device in
order to monitor a time-to-live variable associated with
the call reference number. It should be appreciated that
this timer may be provided in addition to normal SIP
timers as this operation is known to provide a SIP 380
Response with specific information within a certain
timeframe. Responsive to the Invite message 312, which
may be mediated via I-CSCF and/or S-CSCF nodes, a network
node 308 disposed in the wuser’s home IMS network is
operable to launch DTR-URI 1logic 313 for verifying,
generating and populating a suitable response message
(e.g., SIP Alternative Service 380 Response message) as
described above. Upon verifying that the user is allowed

to do a VCC call and the Invite message includes VCC



[0034] FIG 3A depicts a nessage flow di agram 300A for effectuating cal
continuity by enploying a SIP Invite nessage with a Domain Transfer-URl in
the Request-URlI field in accordance with an enbodi nent. Exenplary UE device
302 having the CS domain and I M5 domai n nodes of functionality is operable
to generate a SIP Invite message 312 to a network node 308, wherein the

I nvite nmessage includes the DIR-UR ip,the Request-URl as well as

appl i cabl; if o io as.call r e.ldent] er, or
The S P B a6 5 e g baSShcoh the dim e oreat on h CReMARTe Th a
S| P Headerodsr dpnéminedliyn aheodmidysofa tbeléovi tTIé)RN ehepped addi then to the
GRUU and/ or, .I nstance I D info tiaon. A suitable tiner. nmechanism 310 may be
Initi at e ¢ RBTUECAAASe Th G1Afr £8 rbini BOF LSt i TR2 1 1P Vi RarFabl o
associ at efbs¥dde t heecal | Tef enengegnuIRes rmht i SHou & e ADRr 66 atgd that
this timer may be provided in addition to normal SIP tiners as this

oper at i odNvs endlgnder priovidethe SPPA380 fRédsoge Mig maypdet f isedntor mat i on

within a in ti r .. Responsi. v the Invite ssage 312, which may
be nediaf%ﬁa%ﬁf ?-dg%% gh 1o s@tSEﬁlﬁ%égé, éﬂﬁﬁimB?EHEBaé 36%Ydi Bposed in
t he user'ssaharel | VB oekt wol k)i satoperhabhe tte Hkaunede DIR8URN | ©gier 383 for
verifying, generating and popul ating a suitable response nessage (e.g., SIP

Al t er nat P8 1S6Vi Ge FBERESPohsBE Me¥sEdeP1as eGP hboveth Upbhe '
verifyi ngyhat; £he Wsel 168 a@ld0Wetiri0 do 2 MEC %@ﬂi%%gt hepLpvi { fe Message

i ncludes VCC 27 invocation wth respect to an ongoi cal I, the néetwork

node dyn&wrildaldefealdroratiess ansel ecineVENtnmigeed! tan ttiee c@ll | dandceesurns it

back to UE _device ﬁoz.via SI P 380 message 316. .The d%ahag i%forngébon
55 REET ATt & HedteFPBP S 1Rt he” bS&ySdF Yt h8L I nvi e Sty used to

contained inth

correl at @etshencal | mebssuykt abhe,tiver aeehadi Soamay he istard ed (bhock 314)
at the network node 308 in order to nonitor a time-to-live variable

associ at E§tHPt Heheadynadditalthptal ivehedds| Ne¢ AvhemigerI¥§¥ng that t he
|1 f tdmed d t-he ice s . ti hani
cal| refetepeedhas met Hdiedygiib-hased o ﬂ%tql:ape%fd%%f%,s B HBEnan S

responsive to receipt Response nessage ce 302
initiatesIdMgal 323 etopameissafeéCB82@Bahat iZcladesIthetdynassaddvVRBR4 1 n

response C 304 generates nitial Address Message (J 322 towards
MGCF 306.th/'%\/§sﬁ9f} it% %ségﬁ*%zhstﬁﬁpecf&ﬁteﬁs r@ytwg%FNﬁl@/’st%‘éﬁ’é‘?%t ed by
MSCF 306thevandswbhe ngbuer kzogde RA8cnwhigBnt hggedseshther MR &RYU
mappi ng for continuing the call to the called garty]égft shown). The

net wor k M88E1308 fiog gpettabneing ek amll 150 ohfsi g ldald Pantwebndt the
GRUU andLgp, 49St 356, HR. 640, e okndod L Should b scoan zed i hat var ous

i nt er medi at eSI Pressagesandr esour ce ocati on/reservati on neg i 5tF ons may
t ake pl acegbethweeraINMECF-306ecandi £ hehealdred patid yosuhsequent t1 St&hlnvite
324, mhigh aﬁg Qﬁ% described in ggrticular det aj | Qerein. Al so, . addi ti onal

| SUP nmes88gi ngtht t akéd pl FeRUDET o8 a HRAPEFIHEEh id'odst abPFEMed bet ween

the UE dewieend@2aand the gald ed parﬂé@ﬁé@t showgy, fer ei n. - 003pfLpon
recei pt of the dynamcally allocated I or VDN via SIP Invite 324 at the

net wor k AddeC8b8oNY e seirmat irgcharfieTe et benst opped (btakk 328)ate verify
if the IB@%&Q@E Md@%’Q&é'gkdﬂ%héh%a§hg&'Eg}§§ng§%gg%uent to SIP

Invite 324, which are not described in particular detail

herein. Also, additional ISUP messaging that takes place

before a bearer path is established between the UE device

302 and the called party is not shown herein.

[0035] Upon receipt of the dynamically allocated IMRN

or VDN via SIP Invite 324 at the network node 308, the

timer mechanism may be stopped (block 326) to verify if

the IMRN has timed out. If so, the SIP Invite message



28 may be discarded and the call routing process nmay be termnated. If the
| MRN has not tined out, the CCCF may set up the call |eg using the original
call ed nunber and link it with the ongoing session based on the GRUU- I VRN
correlation. After using the IMRN for call correlation by CCCF, it nay be
returned to the I MRN pool, wherein a quarantine tinmer may be started (bl ock
328) such that the IMRN is prohibitedzgron1further use until the quarantine

timer is opped afiter riod.of time (-bl ock 330). 0036] As_poj nt ed out
previ ousfn%,g/ tﬁ)ee tiaJrrleSrcarrlgic ani%?r?att%‘ﬁe cc‘f‘el\t/li creo%?ld%% rrgﬁgglessé 5%8383 g to

ensure thatrntibeteal | ref ecreceMruThesrs hast netntdme@dtQuttHee. gecF Uahpg the
timer nmechani sm 318), which reference nunber is used by the UE device to
correl at 8StheR nf? nad i bn LegceIsiaty f Foth PKéIhBRMOAR IGHe TWRer dydani c

| VRN T 166 U L3 eXPihes Belorhgtiesams nelatgnes mibesxhs. fARRT ved
back fromthe network node, the U% evice may reattenpt the call process a
pr edet er wioree ldntwer. of Afitees eimg, thievel MRN efiptrs)caldf tesrwhighibh no

response (&en treceived, the call procedure eened to, have

h b
failed. | Hygf%£ wot dsMaYf Reher SELHRGPcd S ?v%@gé ng reft& ithbe? that is

no | ongegusdlantidd diebansl sgar dedrand tipa cal 1309 0ca0u e HRY bBe
termnated. [0037]FIG 3B depicts a nessage flow di agram 300B for

ef f ect uatitiy ciett | PEORtPhbedy thprenploiieny BsS| PtAi tdheregsagenting a

DTR- URI i e :Re -URI_field [ el rrain i [ Lary nodes in a
hone net \l%oqr teq3§§ g’%g)%?xle&?rﬁgéeﬁge : %ﬁt%ﬂgrgfo&?h% f‘?%\gvc igér%%r'n enbodi nment
300A desdoioB&d abowe, it devd ceud0dhisvipeshpl ethe generateeanShPshnvite
nmessage 356 towards . |-CSCF 352, wherein the SIP Invite nessage includes

GRUU and®& Umte cORVarfedide tHRYRAURC KRoWHSES it oRBSYEE, trHt Fheite

Message k§11 reference number has not timed out (e.g., using the
timer mechanism 318), which reference number is used by
the UE device to correlate the information received from
the network node (e.g., dynamic IMRN). If the timer
expires before the same reference number is received back
from the network node, the UE device may reattempt the
call process a predetermined number of times (e.g., five
attempts), after which if no response has been received,
the call procedure may be deemed to have failed. In
other words, if the UE device receives a reference number
that is no longer valid, it may be discarded and the call
procedure may be terminated.

[0037] FIG. 3B depicts a message flow diagram 300B for
effectuating call continuity by employing a SIP Invite
message with a DTR-URI in the Request-URI field wherein
certain intermediary nodes in a home network 350 are
exemplified. Similar to the flow diagram embodiment 300A
described above, UE device 302 is operable to generate a
SIP Invite message 356 towards I-CSCF 352, wherein the
SIP Invite message includes GRUU and a URI contained in

the R-URI known to invoke VCC. This Invite message 1is



29 propagat edt oVCC application308either directly as SIP Invite 362 or via
S-CSCF 354 by way of SIP Invite nmessages 358 and 360. As descri bed
previously, SIP 380 (Alternative Service) Response nessage 364 having
dormain and VDN information is generated by VCC application 308 towards
S-CSCF 354, which is then propagated to UE device 302 via SIP response 366.
A call setup nessage 368 having the VDN is provided to MSC 304, which

initiate iginatio rocedu 0 AM nmessagi n 72 from MsC 304
t owar ds %[%“—pc%)%{%cg oper a%log to ge(r{grcataep%#%trﬁn?e 373O owar 8¢ "1*EscF 352,
whi ch maydibeeati Yectby SOrophgat ed B62VEr appki catdsor 3084a%y nvh{ e oressage

380 havi r%;he VDN. Alternatively, |-CSCF 352 first provides a SIP Invite
376 to SCSCF 3BXThRi cHTHRATPT opagdt es2BISI PaGwite 378 t8eveciagplication
378. Regardlessisopce e VIBhps Tacalyed alvlhe G- apnl | caLLan 308,
appropriate call correlation s made tor effectuating call continuity in

t he sel ectestbadamai A64( 0088]iFIG. dodepinct sarad bl §OK diiagfamaofian enbodi nent
of a communi cat.i ons .devi operahl e as a w reless UE device, e.g., UE 302,
for pur pgseélsero‘?t(?ﬂebd’regggg:t SEPgﬁtca&il?cﬂ osiite. %Pf”a\ﬁl ! éé%rsggog%i%ed by
those skiWHieth i nid hecrat upsbdgdes@nceohepet ogthateal thoughian erbodi ment
of UE 302 may conprise an arrangenent simlar to one shown in FIG 4, there
can be aLARABIS®I3Vari obi 6AslafetRbditeseadonse8 i anbrawahe, VEYf tiwar e or
firmvare ik spect t var.i | € picted. Accaqrdingly, the
arrangengrﬁ%%]?mégeug% Dg%e(;ul e nggﬁ ggg?}:‘r?éggrgatigvg%ra %é l?ﬁggo imting
wi t h respectcadurtdhe3@fbodi Mt smeafsddiengpr 8gentf pat eMscdi 314 osuvardA
m'cropro&%scépr 402 provi driéagsq‘tfor the overall control of an enbodi ment of UE
30 302 1S Gper @Bl yScRii o BOcHFfTitia i DhFs dBSy<ten 4baterhardps

capabl e of-gndst i 3mde ¢oREANI gali 0Be (8if%ectGS dPMRLAGaRAORRI Nysuch as

| M5, et cetera). The communication subsystem 404 generally includes one or
nor e rece@PPdrisu®mnd08neawr Irorid « r aeswiaeer §8414@eingl Ithes ¥B¥oci at ed

- | . il at LQ .410_and
o7 o0ossl B LUl e ot B G of Ca1 4f Shal rOCKESal (DRP) 150 Adowi 11 be

appar ent too S-+oser skbkl ediian thieeh i phrdpeiyaaemsmuni sabi ans,i dhe3par tbeul ar
desi gn of the communi cation_nodul e 404 nmay be dependent upon the
communi cdEonSHRBMAKL™ tH Wi ch FRESFHIESS devinte® i sthiit ehB¥d €6 operate

(e. 9., arCOMARRf WaKkK, £ Re GSM MWy K,c MLAN, efpgcet %b@op@%@redl EE_SL%O]: the

particul ar design, however, signals received by antenna 406 throug
appropri gegrededsison ni g agedgct ive £05 qatuptinel talar dyaseirstidty onnt owers,

W.AN hot . §R0t.$, £1:%d A& Rrovided to receiver 408, which may perform such

common receiver functions as signal anplification, frequency down

conver si goO3®ill t er ifg;. chadwel csel ecbhilork arialggmt i ght ahbbAMBEnt
conversion, and the like. Simlarly, signals to be transmtted are
processedf i ficl GAPRG” Hod bl 8B F orf ARHC N coR AP L€ oraex dhpé reBy ssSPUA12, and

P oA uddghor 40 pbganen GO M SOMNETBUORRC oy e
ai r-radi disptlersiase vi dtarmiehhalgl6recognized by those skilled in
the art upon reference hereto that although an embodiment
of UE 302 may comprise an arrangement similar to one
shown in FIG. 4, there can be a number of variations and
modifications, in hardware, software or firmware, with
respect to the various modules depicted. Accordingly,
the arrangement of FIG. 4 should be taken as illustrative
rather than limiting with respect to the embodiments of

the present patent disclosure. A microprocessor 402

providing for the overall control of an embodiment of UE



[ 0039] M croprocessor 402 may also interface with further device subsystens
such as auxiliary input/output (I/0O 418, serial port 420, display 422,
keyboar d/ keypad 424, speaker 426, m crophone 428, random access nenory
(RAM 430, a short-range conmuni cations subsystem 432, and any ot her device
subsystens, e.g., timer nmechani sns, 31 generallyl abel edas reference
nunmeral 433.To control access, a SIMRU M 434 may al so be provided in

comuni cat{on W e, mcroprocessor~402. |n. one.inplenentation, SIMRU M
i nterf acg}défg} él""ségg%%%‘% eg%ugraeé %?I\/FR&‘?\I}IH%%I%JGIC Aavthg Se‘tlbﬁﬁlr%eerm of ey
confi gur athzans i 444cansh D& herr | nhot Mmakbas 44enusuehcasi bRl & ap. webklk as

identification and subscriber-related data. [0040] Operating system
sof t war e&RR3gbl i chbl edoBEAY ceULbyi @Sof IMAre wdy beetesodi ed i Ahg

per si st enlor&horage. mpdulg,(d Qv Ol AL 8 SLOT age) iU Fl agh memory
435. I n one irrpll enent ati on, yFﬁecaesI% rrermrf%43§%rrafbe segr e;sgt gglei ntg%

di f f er entmcareeasgceigersstidragendr emd oprcompid ek rpnegrianer4361 (4. gs,
service pro essing | ogi.c as_dat a ?‘;torage regi ons such as _device

)., as well
state 437°'ddd?&s8 560K 456 UM DRI SofACH mor RBET OF MEGel °EPEM) dat a
441, and Ridien fdada $1.0r agedqaneas genes k!l ¥ Iakelead as; rebeneace pyner al
443. A transport stack 445 may be provided to effectuate one or nore

appropri @Se fadiodbarkets itaspbrocpsergcolBSP) n 4Ldi ti ohs aiDTR- LRI
gener | Apean e e IO SPILNAL 00 £ PO oA P BB 000 o
veri f i catthen paand ©ordel @t s dgnWorh th¥RNemnetrcl.casi setméaitd hesemagbove.
[0041] I1tisbelieved thattheoperati on and construction of the enbodi nents of
t he preSI% eReYmient upon the communications networks with which
the mobile device 1is intended to operate (e.g., a CDMA
network, a GSM network, WLAN, et cetera). Regardless of
the particular design, however, signals received by
antenna 406 through appropriate access infrastructure 405
(e.g., cellular base station towers, WLAN hot spots,
etc.) are provided to receiver 408, which may perform
such common receiver functions as signal amplification,
frequency down conversion, filtering, channel selection,
analog-to-digital (A/D) conversion, and the like.
Similarly, signals to be transmitted are processed,
including modulation and encoding, for example, by DSP
412, and provided to transmitter 414 for digital-to-
analog (D/R) conversion, frequency up conversion,
filtering, amplification and transmission over the air-
radio interface via antenna 416.
[00389] Microprocessor 402 may also interface with
further device subsystems such as auxiliary input/output
(I/0) 418, serial port 420, display 422, keyboard/keypad
424, speaker 426, microphone 428, random access memory

(RAM) 430, a short-range communications subsystem 432,

and any other device subsystems, e.g., timer mechanisms,



applicationw | | beapparentfromtheDetail ed Description set forth above. Wile
t he exenpl ary enbodi nent sshownanddescri bed mayhavebeen characterized as
being preferred, it should be readily understood that various changes and
nodi fications could 32 be made therein wi thout departing fromthe scope of
t he present disclosure as set forth in the followng clains. 33

31
generally labeled as reference numeral 433, To

control access, a SIM/RUIM 434 may also be provided in
communication with the microprocessor 402. In one
implementation, SIM/RUIM interface 434 is operable with a
SIM/RUIM card having a number of key configurations 444
and other information 446 such as R-URIs as well as
identification and subscriber-related data.

[0040] Operating system software and applicable
service logic software may be embodied in a persistent
storage module (i.e., non-volatile storage) such as Flash
memory 435. In one implementation, Flash memory 435 may
be segregated into different areas, e.g., storage area
for computer programs 436 (e.g., service processing
logic), as well as data storage regions such as device
state 437, address book 439, other personal information
manager (PIM) data 441, and other data storage areas
generally labeled as reference numeral 443. A transport
stack 445 may be provided to effectuate one or more
appropriate radio~packet transport protocols. In
addition, a DTR-URI generation and call
handover/continuity logic module 448 is provided for
effectuating DTR-URI and call reference ID generation,
validation, verification, and correlation with IMRNs,
etc. as set forth hereinabove.

[0041] It is believed that the operation and
construction of the embodiments of the present patent
application will be apparent from the Detailed
Description set forth above. While the exemplary
embodiments shown and described may have been
characterized as being preferred, it should be readily

understood that various changes and modifications could



VWHAT IS CLAIMED | S: 1. A nethod for managi ng continuity of an ongoi ng

call in an Internet Protocol (IP) multinedia subsystem (I M5) network, said
met hod conpri sing: providing, via a Session Initiation Protocol (SIP)
Invite nmessage, call information associated with said ongoing call in one

domain to a network node disposed in said I M5 network, said SIP Invite
nmessage i ncluding a Uniform Resource ggentifier (URI') adapted to operate as
an i nvocati on c ati nuj ty,; receivin rout abl e nunber from
sai d net&%}k ﬁ%gg v?ghgg%?b regéﬁﬁggtnégiéﬁéfjml 9r89e%%€yfﬁﬁxﬁﬁa?%a cal

ref er encehrunpersassocdatedowutre sakd eagoimg-waal lind stval i 851 a8din

sending a_call setup nessage to said network node using said routagle
nunber f&r-@ffectuating continuity of said ongoing call in an alternative
dormai n based on one or nore avail able radi o access technol ogies identified
in said SIP response nessage. 2. The nethod as recited in claim1l
wherein said alternative domain conprises one of a packet-sw tched (PS)
network domain and a circuit-switched (CS) network domain. 3. The
nethod as recited in claim1, wherein said routable nunber conprises one of
a VCC Domai n Transfer Nunber (VDN) and an I P nultinedia routing nunber

(I MRN) . 4. The nmethod as recited in claim1l, wherein said SIP Invite
nmessage i s provided by said UE device upon



- 34 determning that said call is to be continued in an alternative domain.
5. The nmethod as recited in claiml1l, wherein said URI is stored locally in
a renovabl e storage nodul e associated with a user equi prent device.

6. The nmethod as recited in claiml1, wherein said URl is stored locally in
a nenory circuit integrated within a user equi pnent devi ce. 7. The
nmethod as recited in claiml, wherein said URI is dynamcally allocated to
a user equi pnent device by said I M n&t wor K. 8. The method as
recited vmzad aismcZATwiEr €sn said URI is provided in one of a SIP header or
a body of a SIP nessage. 9. The nethod as recited in claim1,
wherein said URI is created based on a user |ID paraneter associated with a

user equi pment; . devixCenet¥®d for mndPaghHSbn@GulLRRENt, £ UB) Q§Né&§h%
conpri si ng: ‘ nmeans for providing, via a Session Initiation Protocol
(SIP) | nFtld mé8sage, taternef orftrstticsiplasddéi at dlwinhdan omgoivgteal | to a

net wor k nagg )di gp %%,iQa%B,RBEEBBGEoﬁ£959%8é-(|P) mul ti nedi a subsystem
u

(I'M5) network, sai [P Invite nessage iInc ing a Uni f or m Resour ce
| dentifier (URkpvadapued vodaoper diessioman linnydeatioon Pootcabl cotknuity;

Invite message, <call information associated with said
ongoing call in one domain to a network node disposed in
said IMS network, said SIP Invite message including a
Uniform Resource Identifier (URI) adapted to operate as an
invocation for call continuity;

receiving a routable number from said network node via
a SIP response message;

verifying that a call reference number associated with
said ongoing call is wvalid; and

sending a call setup message to said network node
using said routable number for effectuating continuity of
said ongoing call in an alternative domain based on one or
more available radio access technologies identified in said

SIP response message.

2. The method as recited in claim 1, wherein said
alternative domain comprises one of a packet-switched (PS)

network domain and a circuit-switched (CS) network domain.

3. The method as recited in c¢laim 1, wherein said
routable number comprises one of a VCC Domain Transfer

Number (VDN) and an IP multimedia routing number (IMRN).

4., The method as recited in c¢laim 1, wherein said

SIP Invite message 1is provided by said UE device upon



means for receiving a routable number fromsaid network node via a SIP
response nessage; nmeans for verifying that a call reference nunber
associated with said ongoing call is valid; and nmeans for sending a
call setup nmessage to said network node using said routable nunber for
effectuating continuity of said ongoing call in an alternative domain based
on one or nore available radi o access technologies identified in said SIP
response nessage. 11. The UE dévice as recited in clai m 10, wherein
sai d alt eéenatrimveidomathatonpaidescaohe ofs a fpacket - swirttchetdd PSh natwor k
domain and_a _circuit-swtched (CS) network domain. 36 12. A network
node, cofipFt&lAGIVe d°MaBans for verifying that a Session Initiation
Protocol (SIP) Invite nessage received froma user equi prment (UE) device

i ncl udes a Request-Uniform Resource ldentifier (RUR) field that contains a
UR that is agapteah?onﬁﬁéﬁﬁtea%sr&ﬁlFﬁQOGQEi6%3#@rjoalwhééﬁ%@néﬁﬂﬁ-mﬁth
respect H@ran;igngaiRgeqal hocandy in ,@eaQ%n&Q%kQ%neﬁﬁkh%%ea rloRungsponse
nmessage to be provided to said 6E device, wherein said SIP response nessage
i s operabbeotoatnd| udehaa wremeqihpnlat ragmiary nunber (1 MRN) and one or
nore radi o access technol ogi es operable with said UE device, wherein said

I MRN is mapped to at |east a portion of call information related to said
ongoi ng call . 6. The l%ethoel net warkinede ias ceeiined ,i nwebacim 12aivherein
said SIP &Efgons% negszge fErther i ncludes an al.ternative domain qperable
wi th sai HRUE*GeVit€ES%saPG At terfati VE dNaiT T€SHPT IS 05§ 16r& do v ifhin

packet - sy igbede {RPSHmaet Waskicomai n and a circuit-sw tched (CS) network

donwai n. 14. The network node as recited in claim 12, wherein said
URI is stored in a database associated with said network node.
7. The method as recited in claim 1, wherein said

URI is dynamically allocated to a user equipment device by

said IMS network.

8. The method as recited in claim 7, wherein said
URI is provided in one of a SIP header or a body of a SIP

message.

9. The method as recited in claim 1, wherein said
URI is created based on a user ID parameter associated with

a user equipment device.



- 15. The network node as recited in claim13, wherein said alternative
domain is identified in said SIP response nessage in a Tel-URl formt.

16. The network node as recited in claim13, wherein said alternative
domain is identified in said SIP response nessage in an E. 164 format. 37
17. A method operable with a network node for managi ng continuity of an
ongoing call in an Internet Protocol (IP) nmultinedia subsystem (IM5), said
met hod conpri sing: verifying tHat a Session Initiation Protocol (SIP
I nvite nmessagelr eckiwsesr fa@mmanarser (EQUidaenrie , ( doppdeviieg :i ncl udes a
Request - Uni form Resource ldentifier (R UR) field that contains a URl that
i s adapt ed t 0"OPRT at @7 aBT QK HVBcalt i ondf GFSEAPP dBAFTAGIPY WEPROF8ipect to

an ongoi ngreal invaRd messag@§necat i NGn&oShRth 88PN JTRSSAYE L 0n benprovi ded
to said UE device, wherein said SIP response nessage is operable to include

an | P nuPRYPedd a Goddt | A rfunBEt "OEKRNIC@hd Bri@csednote raddi dnaecess
t echnol og} 550 0pLT Abbe Wl R ;AL UE dovice S mealy ML1g gmpped to
at least a portion of call Information reF%te to said ongoing call.
Invite message including a Uniform Resource Identifier
(URI) adapted to operate as an invocation for call
continuity:
means for receiving a routable number from said
network node via a SIP response message;
means for verifying that a call reference number
associated with said ongoing call is valid: and
means for sending a call setup message to said network
node using said routable number for effectuating continuity
of said ongoing call in an alternative domain based on one

or more available radio access technologies identified in

sald SIP response message.

11. The UE device as recited in claim 10, wherein
said alternative domain comprises one of a packet-switched
(PS) network domain and a circuit-switched (CS) network

domain.



36
12. A network node, comprising:

means for verifying that a Session Initiation Protocol
(SIP) Invite message received from a user equipment (UE)
device includes a Request-Uniform Resource Identifier (R-
URI) field that contains a URI that is adapted to operate
as an invocation for call continuity with respect to an
ongoing call; and

means for generating a SIP response message to be
provided to said UE device, wherein said SIP response
message 1is operable to include an IP multimedia routing
number (IMRN) and one or more radio access technologies
operable with said UE device, wherein said IMRN is mapped
to at least a portion of call information related to said

ongoing call.

13. The network node as recited in claim 12, wherein
said SIP response message further includes an alternative
domain operable with said UE device, said alternative
domain comprising one of a packet-switched (PS) network

domain and a circuit-switched (CS) network domain.

14. The network node as recited in claim 12, wherein
said URI 1is stored in a database associated with said

network node.

15. The network node as recited in claim 13, wherein
said alternative domain is identified in said SIP response

message in a Tel-URI format.

16. The network node as recited in claim 13, wherein
said alternative domain 1is identified in said SIP response

message in an E.164 format.



37
17. A method operable with a network node for

managing continuity of an ongoing call in an Internet
Protocol (IP) multimedia subsystem (IMS), said method
comprising:

verifying that a Session Initiation Protococl (SIP)
Invite message received from a user equipment (UE) device
includes a Request-Uniform Resource Identifier (R-URI)
field that contains a URI that is adapted to operate as an
invocation for call continuity with respect to an ongoing
call; and

generating a SIP response message to be provided to
said UE device, wherein said SIP response message 1is
operable to include an IP multimedia routing number (IMRN)
and one or more radio access technologies operable with
said UE device, wherein said IMRN is mapped to at least a

portion of call information related to said ongoing call.



