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15 FIELD OF THE TECHNOLOGY

The present patent disclosure generally relates to call routing in

communications networks. More particularly, and not by way of any limitation, the
present patent disclosure is directed fo a system and method for managing call routing
in a network environment including a circuit-switched (CS) network and an IP

20  multimedia subsystem (IMS) network, wherein a CS-originated IP call (e.g. based on
the Session Initiation Protocol or SIP) is to be routed using the IMS network
infrastructure.

BACKGROUND

25 Today’s advanced communication devices are capable of seamlessly operating

in a packet-switched IP network domain (using, for example, wireless LAN (WLAN}
or Wi-MAX networks, etc.) as well as a circuit-switched cellular network domain. To
facilitate such capability, current 3™ Generation Partnership Project (3GPP) standards
specify a new, IP-based network architecture referred to as the IP multimedia
30 subsystem (IMS) which allows a communication device (referred to as user
equipment or UE) to initiate calls to both IP-only subscribers and conventional

circuit-switched telephony subscribers using either of the domains. There may arise a



2 situation, however, where a wireless device, i.e. a UE device in 3GPP,
Is able to nmake a voice call to a called party using the circuit-swtched
network domai n only because either no packet-swi tched network is avail abl e
or the avail able networks in the packet- sw tched domain do not support the
Voi ce-over-1P (VolP) service. In such a 5 situation, if the called party
happens to be an | P-only subscriber and i 2 |dent|f|ed with a Uniform
Resource Indicator (URI), the originating UE may not be able to make the
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Indicator {URI) or Tel URI of the called party is sent from the UE device to an
application server (AS) node in the IMS network. At the AS node, a pool of E.164

numbers are maintained as IP multimedia routing numbers (IMRNs) which are
utilized for mapping to or otherwise associating with called party URIs. The AS node
20  dynamically allocates a select E.164 number with respect to the called party’s URI
received from the UE device, and returns it to the UE device in a SIP 380 (Altemative
Service} Response message. Subsequently, the dynamically-allocated E.164 number
is sent from the UE device in a call setup message for identification of the URI and
other suitable call information at the AS node. Thus, the dynamically-allocated E.164
25  number is utilized for routing the SIP call towards the called party upon interrogating
the SIP URI — IMRN mapping, whercupon it may be released back to the pool of
IMRNs for future use. Appropriate timers may be provided at the device and AS
node endpoints so that it can be verified whether a call reference number associated
with the call remains valid (e.g. it has not timed out) or the dynamically-allocated
30 IMRN remains valid (e.g. it has not timed out). Optionally, the released IMRN may

be quarantined for a period of time.



30 IMRN remains valid (e.g. it has not tinmed out). Optionally, the rel eased
| MRN may be quarantined for a period of tinme. 3 BRI EF DESCRI PTI ON OF THE
DRAW NGS A nore conpl et e understandi ng of the enbodi ments of the present
patent disclosure may be had by reference to the follow ng Detailed

Descri ption when taken in conjunction with the acconpanyi ng draw ngs
wherein: 5 FIG 1 depicts a network envirdénnent including circuit-swtched
network infrastructure and IMnultinmedia subsystem (I MS) infrastructure
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15  operable for purposes of the present patent disclosure,

DETAILED DESCRIPTION OF THE EMBODIMENTS

Methods and apparatus for originating a Session Initiation Protocol (SIP) call

from a user equipment (UE) device in a network environment including a circuit-

20 switched (CS) network and an IP multimedia subsystem (IMS) network to a called
party are described herein. When the SIP call is originated from the UE device in the

CS network dorhain, a SIP Invite message which includes a SIP Uniform Resource
Indicator (URI) or Tel URI of the called party is sent from the UE device to an
application server (AS) node in the IMS network. At the AS node, a pool of E.164

25 npumbers are maintained as IP multimedia routing numbers (IMRNs) which are
utilized for mapping to or otherwise associating with called party URIs. The AS node
dynamically allocates a select E.164 number with respect to the called party’s URI
received from the UE device, and returns it to the UE device in a SIP 380 (Alternative
Service) Response message. Subsequently, the dynamically-allocated E.164 number

30  is sent from the UE device in a call setup message for identification of the URI and

other suitable call information at the AS node. Thus, the dynamically-allocated E.164



received fromthe UE device, and returns it to the UE device in a SIP 380
(Alternative Service) Response nessage. Subsequently, the

dynam cal |l y-al | ocated E. 164 nunber 30 is sent fromthe UE device in a cal
setup nessage for identification of the URI and other suitable cal

I nformation at the AS node. Thus, the dynam cally-allocated E. 164 4 nunber
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network environment 100 includes an access space 104 comprised of a number of

access technologies available to a plurality of UE devices 102-1 through 102-N. For

purposes of the present disclosure, a UE device may be any tethered or untethered
communications device, and may include any personal computer {e.g. desktops,

20 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

25  scheduling, information management, and the like. Preferably, the UE device is
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.

30 The access space 104 may be comprised of both CS and PS networks, which

may involve wireless technologies, wireline technologies, broadband access



25 schedul ing, information nmanagenent, and the |like. Preferably, the UE
device is capable of operating in nultiple nodes in that it can engage in
both circuit-switched (CS) as well as packet-swi tched (PS) conmunicati ons,
and can transition fromone node of conmunications to another node of
comuni cations without loss of continuity. 30 The access space 104 may be
conpri sed of both CS and PS networks, which may involve wirel ess

technol ogi es, wireline technol ogi es br oadband access 5 technol ogies, etc.
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15 framework for managing the applications (i.e. services) and networks (i.e. access) that
is capable of providing multimedia services. IMS defines an “application server” to
be the network element that delivers services subscribers use, e.g. voice call
continuity (VCC), Puéh-To—Talk (PTT), IMS Centralized Services (ICS) etc. IMS
manages applications by defining common control components that each application
20 server (AS) is required to have, e.g. subscriber profiles, IMS mobility, network
access, authentication, service authorization, charging and billing, inter-operator
functions, and interoperation with the legacy phone network.
It should be understood that whereas IMS is defined by the 3GPP standards
body which mainly addresses GSM networks, another group, 3GPP2, is involved in
25  defining a closely analogous architecture referred to as Multimedia Domain (MMD).
MMD is essentially an IMS for CDMA networks, and since MMD and IMS are
roughly equivalent, the term “IMS” may be used in this present patent disclosure to
refer collectively to both IMS and MMD where applicable.
Continuing to refer to FIG. 1, reference numerals 114-1 to 114-N refer to a
30  plurality of AS nodes operable to support various services, e.g. VCC, PTT, ICS efc. as

alluded to hereinabove. Furthermore, in order to effectuate call control of a SIP call



functions, and interoperation with the | egacy phone network. It should be
under st ood that whereas IM5 is defined by the 3GPP standards body which
mai nl y addresses GSM networ ks, another group, 3GPP2, is involved in 25
defining a closely anal ogous architecture referred to as Miultinmedi a Domain
(MWD). MWD is essentially an I M5 for CDOVA networks, and since MVD and | M
are roughly equivalent, the term"IM" ny be used in this present patent
disclosure to refer collectively to both I M5 and MVD where appl i cabl e.
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15 bandwidth limitations). 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) from which a select IMRN may be dynamically-atlocated
for purposes of SIP call routing as will be described in greater detail below.

20 In accordance with the teachings of the present patent disclosure, AS 114-N is
preferably provided with appropriate logic/structure/software/firmware module(s),
such as call continuity control function (CCCF) 116, network domain section (NeDS)
118, and gsm service capability feature (gsm SCF) 120 for performing the following:
maintaining a pool of E.164 numbers that are operable as IMRNs which terminate on

25 the AS node, wherein a select E.164 number may be mapped to the received
information in the SIP Invite message, including but not limited to, a called party’s
SIP URI or Tel URI, P-Preferred Identity, Privacy Indication, and Network Access
Info header; dynamically allocating the select E.164 number to a received called
party’s URI (e.g. SIP URI or Tel URI) and other received information and providing

30 the select E.164 number to the originating UE device via a SIP 380 (Alternative

Service) Response message; verifying that the select E.164 number has not timed out



for purposes of SIP call routing as will be described in greater detai
below. 20 In accordance with the teachings of the present patent

di sclosure, AS 114-Nis preferably provided with appropriate
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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 AS 114-N and timers associated
with call reference numbers at the originating UE device allows for dynamic

20  provisioning of IMRNs that could be used for effectuating SIP calls by the UE device
operating in the CS domain.

FIG. 2 depicts a flowchart of an exemplary embodiment of an overall
methodology of the present patent disclosure for effectuating a CS-originated SIP call
by a UE device with respect to a called party identified by a URI (e.g. a SIP URI or

25 Tel URI). The SIP call is initiated by the end user of the UE device, or the originating
party. Preferably, the originating party either enters the URI via a suitable interface
(e.g. MMI) or selects it from a list stored in the UE. As is well known, a typical SIP
address may take on the form of sip: <username>@ <hostname>, which may include

additional syntax elements and parameters such as those described in, e.g. RFC 3261

30 entitled: SIP: Session Initiation Protocol and Internet Draft entitled Obtaining and



valid (e.g. they have not tined out, that is, they are used within
appropriate tine limts) or suitable quarantine tinmes are applied. As wll
be described in detail below, nanagenment of tiners associated with I MRNs
at AS 114-N and tiners associated wth call reference nunbers at the
originating UE device allows for dynam c 20 provisioning of I MRNs that
could be used for effectuating SIP calls By the UE device operating in the
CS domain. FIG 2 depicts a flowhart of an exerrpl ary errbodi ment of an

vt T e oo T BTN D o B AR
| denti fied Woﬁcy%ﬂf)?dﬁﬁ—l@tf-%kﬂ: gﬁBI-O (EdpirckeApiR3 20062 SIP call is

initiated by the end user of th evice, or thé originating party.
Preferably, the Motgilahui‘Tgl b’&d‘f ys plresth‘é}y dﬂﬂnedsn Bh:&uetsRFOr/Cam@tﬂ (Rdtsle

interf t t f t t E [
wel | known, S56€ jpetbeCoestS., G Llammraraet S A PoPHpEs L el 861 ©
<user nang>@she:h PRMFRis VW ntdBY a gﬂ@hélﬁﬁnbétdﬂ itHd Unidd Stifek a’I‘h@hﬁEﬂ%ﬁﬁ greand

paranmeters such as those describe e.g. RFC 3261 30 entitled: SIP:
Sessi on | ni inchededrio maécpéh@nmah@r menedurean r@ﬁ@aﬂe, dRRYI SepargteCyouair ep edele 8

Usi ng d obal out.

Initiation aﬁ&‘ D0 er( er’((gfgei%dée??@ Sl pngerx uj@gﬁgplé(%xrﬁ re?ﬁ‘g‘p g?befS,
2006) . Not e gt laeil phonbehuhlRlr” valil pithenhd Yofieki Nexhniple.Baatieaid B tel863veNt S
(RFC) 3966 (Decenber 20042 Sone exanples of Tel URIs are as follows: (1)
tel : + - 201- 1834 phonyigtexh 159151%55%0%”21&1&6&0%@19?@%@@% pumbgr thab Sed

St at es. a‘he QM’WR r@ﬁzﬁh&ﬁ&]%‘ggp}éﬁgﬁke t he nunmber nore hunan readabl e;

- they separate coun area co and subscriber nunber; (2) tel:7042;
phone- cont ext exam:pﬂleck:@m ﬂnmuyﬁiecdesﬁnmﬂoﬁaamm tednimlg qohha§mwaﬁe(whm1 id

w thin the context co t el
phone- cont efpay e 9‘11?"35%3?‘ Feg i 4 i ‘%ergnglqno o%e Setinformation | o

10 valid w hmgmnema@&ﬁfoﬁumn RN Ss erc%ﬁ%feré{oe tﬂlﬂ?&e ?a%aav@r aHshPicgtes of
I nformation ting to the SIP call (which nmay be collectively referred
to as "cal | callddopaty’s GHP W& glon) theTRARB) Opagie patameater (ihayailabld)u§RID
| nfor mit I on gr%n%te%s(lf‘ avalllabler)?fa%m RSl rEHﬁbr Slated> B rn?é[t%% eé hdltsp ay Cn%lrrlxeo

calling party’s SIP URI (or, the A-URI), Opaque parameter, privacy indicator,

network access info header etc. If the calling party sends a B-URI that comprises an
Address of Record (AOR) as well as Opaque and GRID parameters, they will be
provided as part of the call information. Additionally, if the calling party sends its

20  own URI comprising AOR, Opaque and GRID parameters, they will also be provided
in the call information.

A timer may be initiated on the UE device that is used for monitoring at least a
portion of the call information that is transmitted by the originating UE device as
described above. In particular, the timer may be implemented for monitoring the

25  elapsed time since a particular call reference number is generated and forwarded to
the IMS network node. At the IMS network node, an IMRN selected from the pool of
IMRNSs is dynamically associated with respect to the call reference number, wherein
the IMRN is mapped to the at least a portion of the call information, e.g. the received
called party’s SIP URI (block 204). In some embodiments, the IMRN may be

30 mapped to all the received SIP call information. Also, a timer may be started at the



called party's SIP URI (or, the B-URI), Opaque paraneter (if avail able),
GRID 15 paraneter (if available), additional URI-related information (e.qg.
di splay nane), <calling party's SIP URI (or, the A-URlI), Opaque paraneter,
privacy indicator, network access info header etc. If the calling party
sends a B-URI that conprises an Address of Record (AOR) as well as Opaque

and GRID paraneters, they will be providéd as part of the call
information. Additionally, if the calling party sends its 20 own URI
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Is not stale (Dbl ock 206). The dynam cally-allocated |MRN . is accepted by
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Upon 1 eclzfe | p%llc?cfatedkﬁ/[ﬁWis utlhzeH %y the AS node for effectuating the SIP session with the
called party by producing and sending a SIP Invite message (¢.g. inserting the A-party
URI, Privacy indicator, B-party URI, Opaque parameter, efc., in the SIP Invite
message and causing it to be sent to the called party). In one implementation, the
dynamic IMRN may optionally be returned back to the pool of IMRNs, wherein it
20 may be quarantined for a certain period of time before it is reused or becomes
available for future use (block 212).
Based on the foregoing, those skilled in the art will appreciate that when the
call information, i.e. called party’s SIP URI or Tel URI, call reference number, etc. is
sent by the UE device to the serving AS node, appropriate logic at the AS node may
25 create a record that maps the received call information to an E.164-based IMRN,
which is transmitted back to the UE device. Upon correlating the IMRN with the call
reference number, the UE sets up a call using the IMRN that terminates on the AS
node. The IMRN is then interrogated against the record to retrieve the called party’s
URI for establishing a SIP session with the called party (i.e. between the calling party
30  (UE device) identified by the A-party address and the called party identified by the B-

party address).



AS node, its tine-to-live variable is nonitored to ensure that it has not
timed out (block 210). Thereafter, the called party's SIP URI or Tel UR
(and any other suitable SIP information originally received that is napped
to the dynamcally 15 allocated IMRN) is utilized by the AS node for
effectuating the SIP session with the <called party by produci ng and
sending a SIP Invite nessage (e.g. insertilfig the A-party UR, Privacy

i ndicator, B-party URI, Opaque paraneter, etc., in the SIP Invite nessage
and causing it tg be sent to the called party). .lL.n_one | enent ation, the
dynami ¢ | MRN ray ! mmwhgere?@’eﬁeﬂia tﬁ%ﬂ@ksm&d%@eﬁs’&hg&e eRaRES 3ier ei n
It 20 may bg.QHanant thedelge AdGhE R 51 Rdwaficd WP & 81§ bd rdediat@used
or becones %gval Pg'g%y?ore 1f uturgtﬁﬁse bpgck 212) . Basreld on a?he forleagoi ng,

t hose ski | | éldtoigh tmandet ofiotter appropdatatretwdrktinfuhstmictune eleowhts, and ovaydtei on,
I.e. called, ty's SIP URlL or_.Tel URI, .call reference nunber, etc. .is
sent by t he IBRCHEIdIn paEHET SERGYRETRad G S HRHEDHRaPINeSk weles el as
node mays25 pefiik Fefufed Gl dproRRbls"BdiRg &L T S6PIcARY, GRl hedsREOTIGRL 1 HeO an
E. 164-based | MRN, which is transmtted back 'to the UE device. Upon

corr el at i ng mdddatedAN narwdrk iehesnentd $uchae hgnelnleswiighisgreenteh@MBE) ged 8 mediaa cal |

using the | t hat rm nat he AS de.. T | ' h .

i nt e?r ogat ed? &&V&P&&hﬁﬂ?@%ﬁﬁﬁb&[ )rez?rp?‘g\f{]égqoﬁeed E%ﬁrleee"% ﬁairjﬁy&eg ?crélﬁﬁfi ¥or

est abl i shi NgomeIMY ASTHHOBpMHIBIB t4 RRilaale|CTofginktyd SIP eallsbet ween the calling
8p gl

party 30 (UE device) identified by the A-party address and the called party
i dentified by thd&l8- 3padenjctaddmessege fhogv embodimsnt 3098 foy effeetuating afrdzed by

t hose skill i1, th Fht e 0 h tce-and

t he horrlébl I\/ﬁégiﬁientq\t/\%lr Eﬂ’;‘ cé% b%gé e%{r}rad e %qu{%* e%iogﬁko\ﬁgg)gﬁ}eaglr#d%b%%\ﬁg (l)ssher

appropri at e imglenehted] NAreBElesic UBr devidee B8N havingnhe @8yddiain i amdl DA% dbmdin N a
nunber of ways, dependi ng on _the device capabiljties as well_as the, 5

net wor k f eatfdes of AgncHpPBalEY ds §Pﬁéblﬁgfotg§§‘éf'?‘t&r%/§kpc Vite mes§ag &S Bl may
be nediate L a.net bl & 1SV [ ; O

and a nedi ang%‘?‘g\agf%ﬁt@gfgﬁgigg ?ggr}?ﬁl\/%%% [Hélaéethglnrt@\gl}aggosggd&gg% \?ggf'\évtshe
UE devi ce armitiated fronokiE deviceA®nmdhe djfedabhie. tAs deaciibddt earleerOBediIP divitet ed

SIP calls.
15

message 312 includes applicable call information such as call reference number,
called party’s SIP URL additional URI information, and the like, e.g. A-party AOR in
the P_Preferred Identity, Privacy Indicator Opaque parameter, GRID parameter, etc.
As described above, the originating party either enters the URI {or SIP address) or Tel
URI via a suitable interface (e.g. MMI) or selects it from a list stored in the UE to
20  initiate the call.

The SIP Invite message 312 may further include an indicator in an indicator
field that indicates whether the message is for a circuit-switched (CS) mobile-
originated (MO) call (i.e. whether UE device 302 intends to make this call via CS
domﬁin). For example, a new Network-Access-Info value such as “GERAN-CS” may

25  be utilized. Altematively, a new feature tag or new URI parameter may be provided
in the SIP Invite message. Note, however, that an indication may be assumed merely
from the inclusion of the SIP URI or Tel URI of the called party (“B-party™) in the
SIP Invite message. In one preferred embodiment, the TARGET address in the SIP
Invite message is populated with the SIP URI or Tel URI of the called party or B-

30 party. In this case, a SIP URI field of the SIP Invite message is populated with a

public service identifier (PSI) of the AS node. A cause value in the SIP Invite



FI G 3A depicts a nessage flow enbodi nent 300A for effectuating a CS- 10
originated SIP call based on dynamc |IMRN allocation where SIP nessaging is
i npl emented. A wirel ess UE device 302 having the CS dormain and | M5 domain
nodes of functionality is operable to generate a SIP Invite message 312
towards an application server (AS) node 308 in response to detecting that
a SIPcall is being initiated from UE de¥lce 302 in the CS donain. As
descri bed earlier, the SI P Invite 15 nessage 312 includes applicable call
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nor | Sl P tltnE rastlo(i‘lsort {)]arameters (e.g. A-party AOR in the P_Preferred Identity, Privacy

Indicator Opaque parameter, GRID parameter, etc.) and returns it back to UE device

302 via SIP 380 message 316. Again, the dynamically-allocated IMRN may be

referred to as an IMS Centralised Service Routing Number or “ICSRN.” The dialog

information contained in the Invite Header or in the body of the Invite may be used to
20  correlate the call.

A suitable timer mechanism may be started (block 314) at the AS node 308 in
order to monitor a time-to-live variable associated with the dynamically allocated
IMRN. After verifying that the call reference has not timed out based on the UE
device’s timer mechanism, responsive to receipt of the SIP 380 Response message

25 316, UE device 302 initiates a call setup message 320 that includes the dynamic
IMRN (or ICSRN). In response, MSC 304 generates an Initial Address Message
(IAM) 322 towards MGCF 306. A SIP Invite message 324 that contains the IMRN is
generated by MGCF 306 towards the AS node 308, which then uses the IMRN
mapping for establishing the SIP session or call to the called party (not shown). It is

30 recognized that various intermediate SIP messages and resource allocation/reservation

negotiations may take place between MGCF 306 and the called party subsequent to



operation is known to provide a SIP 380 Response with specific information
within a certain tinmefranme. Responsive to the Invite nessage 312, which
may be nediated via |-CSCF and/or S-CSCF nodes, AS node 308 di sposed in
the user's home I M5 network is 10 operable to launch SIP-URl |ogic 313 for
generating and populating a suitable SIP 380 (Alternative Service) Response
nmessage (e.g. SIP 380 Response nessage) a descri bed above. Upon verifying
that the user is allowed to do a SIP call and the Invite nmessage includes

t he proper andicator, the network.node. (jn.thi exanpl e, ,the |.M5 AS
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detail herein. Also, additional messagi ng that may take place before
a bearer patbed & estmithatsthe dalbetfoxsoec npmber has not timed out (e.g., using the timer

15  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

20 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.

FIG. 3B depicts a message flow diagram 300B for a mobile-originated SIP
call by employing a SIP Invite message with a SIP-URI in the Request-URI wherein
certain intermediary nodes in a home network 350 are exemplified. Similar to the

25 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 a SIP-URI of the called party contained in the TARGET field. This
Invite message is propagated to AS node 308 either directly as SIP Invite 362 or via
S-CSCF 354 by way of SIP Invite messages 358 and 360. As described previously,

30  SIP 380 (Alternative Service) Response message 364 having the ICSRN is generated
by AS node 308 towards S-CSCF 354, which is then propagated to UE device 302 via



UE device 302 and the called party understood by those skilled in the art
I's not shown herein. 5 Upon receipt of the dynam cally-allocated I MRN vi a
SIP Invite 324 at the AS node 308, the tinmer mechani sm nay be st opped
(block 326) to verify if the IMRN has tinmed out. If tinmed-out, the SIP

I nvite nmessage may be di scarded and the caII routing process may be
termnated. If the I MRN has not tined out!3the AS node 308 may establish
the SIP session based on the | VRN correlatlon After using the IMRN for 10
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hone ne? rEAB % glf%errp T Igbe g@?%ﬁchfe}w%’ge% |§g%é5qm9&€®
enbodi nent m&ﬁe@&ﬁrcuhmﬂ ab@CYIEI;WlkESdﬁ&V&Cﬁﬁ aa&&damemﬂmi;d saltabie gkodthm.e a
SIP Invite nessage 356, tovvards | - CSCF ?@é Wner‘g‘ ri t he, %g}.‘:&ﬁ nessage
i ncl udes a SI P- URabgratingonciap fergmiseies 9 s mreicRd sy RS @0 eF'FL Thi s
Invite Wessag@e%@gagcg@%%%qﬂaé@?@%s 19 WAL bl Stieih B e e ProBheR dfavi te

362 or via way o I nvite nmessages 8 an
descri bed psend auSIPynvi@ tﬁbﬁa%ﬂb (@Al RéﬂlhhlthaiesSlmowm@) tRedpth gt thedki®ge 364

[] ﬁ\e/hngr éggg lg?cxgglﬂlzgf Ej%w&er at dé@ g}l'\;/f:age nt(ﬂd ﬁ"arge pgrgrvr\% ef of %e%?lglznw?e rhes\:/svgg'ec his
is populated with the B party address (SIP URI or Tel URI) and the Cause value of
the SIP Invite message is set to indicate that the call needs to be set up over CS.
Alternatively, the R-URI may be populated with the B-party address, and may further
include an indicator in an indicator field that indicates whether the message is for a

20  circuit-switched (CS) mobile-originated (MO) call (i.e. whether UE device 302

intends to make this call via the CS domain). For example, a new Network-Access-

Info value such as “GERAN-CS” may be utilized. Alternatively, a new feature tag or

new URI parameter may be provided in the SIP Invite message. In the first case, the

SIP Invite message contains the GRUU of the UE/Public ID combination. The P-

25 Preferred-ID is set to the calling line identity (CLI) associated with the user or

subscriber of the UE device for identification in the CS network. The B-Party Public

user address (Tel URI, SIP URJ) is set in SIP URI Target parameter, and the cause
value indicates CS bearer required = YYY.

Note that when the Target parameter is used to carry the B party address, the

30 SIP R-URI may be one of many that has been provisioned in the UE device to

indicate the ICCF. If so, the UE device could choose one of these at random, the URI



13 SIP response 366. A call setup nessage 368 having the ICSRN i s provided
to MSC 304, which initiates a CS origination procedure 370. | AM nessagi ng
372 from MsC 304 towards MGSCF 306 is operable to generate SIP Invite 374
towards |-CSCF 352, which may be directly propagated to AS node 308 as
Invite nmessage 380 having the 5 ICSRN. Alternatively, I-CSCF 352 first
provides a SIP Invite 376 to S-CSCF 354 whi ch then propagates a SIP Invite
378 to AS node 308. Regardless, once the ICSRN is received at the AS node
308, appropri t call correlati i.s made.to establish the SIP call

bet ween t he® g‘ﬁ‘tﬁ"?%‘@é%"?él&?tb‘%“f@es ABRAYIRLYT- i n one variation of the

techni que descri XlaH]P it Gs. 2, 10 3A, and 3B, the E. 164
nunber is not dy%‘a‘é‘:ﬁlQ ca Feﬁggﬁﬁgﬁt%d&%ut rather nerely identified,

cal cul ated, or otherw se selected in accordance with any suitable

al gorithm El ab g on the techni of th resent disclosure in
further detail, %@ﬁéh% £hHE *OES 'W@é:]%é}dze gt T*"Heeds to invoke CS cal l
or|g| nat? on, |t may produce and a SIP Invite nmessage tqQ an R URI that
i s known tOtlaélgﬁltﬁ§tl@ §t15t5l§é5l5l@§of§4@m%ez€@“§éﬁﬁrcé§“%e In this
case, the Target paranmeessest Yithe SIEFA-Avite nessage is populated with the
B party address PEBreigrirec ITentuyRly): aivglit:he 1Chbse MAlge of the SIP Invite
nmessage i s set PoAicogiscatie toatk—tineg ccal IGEeEdRANG be set up over CS.

Al ternatovel y, trevRcYRl nomy be popul ated with the B-party address, and nmay
further i n@r@dﬁgandendi cator in an indicator field that indicates whether

t he nmessage «iss pf; @11 5& 520 0Qigletlairio1 B doat et (rCPh I [ tereprd Gidwai gk ( MO) cal |
(i.e. whether B devireeq30g rduntends to nake this call via the CS domain).
For _exarrpl e, a %W @%Fmﬁlsa%%%%%%nzl@f&&ra@&%&u%&& pHEERAN- CS" may be
utili ze Al ter @%F&V%Dy A RWHeatdy® f1agQrn new URI paraneter may be

prowde |nthe sage. Int eflrst case, the SIP Invite
nmessage cont ai nﬁ t ﬁit&e UE/ PubI ic I D conbination. The P 25
Preferred-1D is wtaﬁgCal ity (CLI) associated with the
user or subscri Bélrt th@‘llBEa& (g%%r? {(ﬁa]t on |n th %Sp_ net wor k.
The B-Party PubliféiPudes éﬂ’&reess<u(r1"elu des 9% LR

Target B&r aRfRECI1&88TRe cause val ue indicates bearer reqU| red = YYY.
Content- Type: application/sdp

Content-Length: *Body length goes here*

If the R-URI is set to the B-party, the invite shall contain the GRUU of the

25  UE/Public ID combination. The P-Preferred-ID shall be set to the calling line identity

that the user wants to be known as in the CS network. The Network-Access-Info

header shall be set to a value to indicate that the call is SIP controlled, but the radio

bearer goes over the CS domain, in this example the setting is 3GPP-GERAN-CS,
another example could be 3GPP-UTRAN-CS.

30 An example is provided below:
INVITE sip:
sip:+15555551002%40example. com;user=phone; \
SIP/2.0
35 P-Preferred-Identity: <tel: +1-555-1001>

P-Access-Network-Info: 3GPP-GERAN-CS;
Privacy: none
From:Alice
<sip:+15551001@example. com; user=phone>;tag=9fxced76sl
40 Supported: gruu



Not e that when the Target paranmeter is used to carry the B party address,
the 30 SIP R-URI may be one of nmany that has been provisioned in the UE
device to indicate the ICCF. If so, the UE device could choose one of
these at random the URI 14 could have sone indice that identifies a
priority order. An exanple is provided bel ow |NVITE

si p:icenetwor knode@xanple.com\ 5 targetls-si p: +15555551002%10exanpl e. com
user =phone;\ cause=YYY SIP/2.0 P-Preferred-ldentity: <tel: +1-555-1001>
P- Access- Networ k-1 nfq: 3GPP-GERAN; .10 Privacy: none FromAlice

<si p: +15551001 @Ranpie & ,%5&%,5% ﬁgkgﬁwgﬁﬁ?&%fph@ﬁﬁported: gruu To:
si p: +1555555100 8@ samh:e CoFf d<dt2erd 1989 1¢al | - I DI ¢3x842276298220188511
CSeq: 1 INVITE CRes=Fdr wdVddE 70 Contact: <sip:alice@92.0.2.1>

. +si p. i nst ance=Magrioywiaddisg| dff ae- 7dec-11d0O a765- 20 O0aCc9l e6bf 6>"
Cont ent -Jype: apphiteatti:orksdp a lComtCa-.10egtlt: *Body | engt h goes here* |f
the R-URl is set;+sdpt HesBapaet) <urne uuiv :tf8 Islidlde Clalteai N dhex &V of t he
25 UE/ Publ i gokRcoqrisiEatimon. The P-Preferred-1D shall be set to the calling
line identity thakechReTygrr 1S da@ ke Agapwn as in the CS network. The

Net wor k- Access- ki@ enltea@elgtihaldp R s@indt®h o W i ndicate that the
call is,;sl P controlled, but” the radio

Upon receipt of a 380 (Alternative Service) response to the SIP Invite message, the
UE shall use the ICSRN that was provided in the 380 (Alternative Service) response
as the E.164 number to set up a CS call to. This E.164 number shall be in the contact
header of the 380 (Alternative Service) or in fact it could be in the XML body.

15 Upon receipt of the R-URI, the S-SCSF recognizes that the Invite is for the
IMS centralized services node that has been assigned to the UE and forwards it to the
this AS node. IMS centralized service node configuration information includes (a)
the ICSRN E.164 start address number; and (b) number of ICSRN to be allocated or
the last E.164 start address number. To allow for flexibility in numbering plan, there

20  maybe more occurrences of (a) and (b) allowing pools of ICSRN to be allocated from
different number ranges. In addition to (a) and (b), other configuration information
may include (c) life time an ICSRN can live for; and (d) quarantine time of an ICSRN
— how long after an ICSRN has been assigned back to the ICSRN pool it cannot be
used for.

25 Behavior at the IMS ceniralized service node is discussed. If the IMS
centralized services node receives an Invite that contains an R-URI is shall examine
that R-URI to determine if that R-URI is associated with a request to initiate a MO
call over CS. An alternative implementation is that the IMS centralized services node
will examine the P-Access-Network-Info header. If it is set to GERAN-CS or some

30  other value to indicate call-set-up over CS, the IMS centralized services node shall
assume the received Invite shall be terminated here and the behaviour as follows shall
take place.

The IMS centralized services node will assign a ICSRN to the received
GRUU. The following represents a possible mapping of the ICSRN to the other



bearer goes over the CS domain, in this exanple the setting is

3GPP- GERAN- CS, anot her exanpl e coul d be 3GPP-UTRAN-CS. 30 An exanple is
provi ded bel ow. I NVITE sip: sip:+15555551002%10exanpl e. cony user =phone; \
SIP/2.0 35 P-Preferred-ldentity: <tel: +1-555-1001> P-Access- Network-Info:
3GPP- GERAN-CS;  Privacy: none From Alice <sip:+15551001@xanpl e.com

user =phone>; t ag=9f xced76sl 40 Support ed: 16r uu 15 To:

si p: +15555551002@xanpl e. con user =phone Call-1D: ¢c3x842276298220188511
CSeq: 1 INVITE WMax-Forwards: 70 5 Contact: <sip:alice@?92.0.2.1>

. +Si p. i nst afMeERANEINIENS f 8 d4f ae- 7dec- | | dO- a765- O0aQC9l e6bf 6>

Content - Type: application/sdp Content-Length: *Body |ength goes here* 10

Upon recei ptICg%Ea__%O (Al'ternative Service) response to the SIP Invite
nessage, the S

hal | the ICSRN t hat was provided in the 380
(Al'ternative Service) o?i s the E. 164 nunber to set up a CS call to.
This E. 184 nunber shal[ gﬁgﬂfongﬁ M Eeader of the 380 (Alternative
Service) or in fact i tB-NYmbgr MRL % ody. 15 Upon receipt of the
R-URI, the S-SCSF recognizes that the Invite is for the |IM centralized

services nodg R AR IHEFRerdfl 4888 ViR rbipBntto 3 HEOIFR ekt wh? ol 380
(Alternative Service) response. An example of coding of this response can be found
10 below, which shall include the ICSRN, the Radio Access type that the handover shall
be made to that includes (but is not limited to) "IEEE-802.11" / "IEEE-802.11a" /
"IEEE-802.11b" / "IEEE-802.11g" / "3GPP-GERAN" / "3GPP-UTRAN-FDD" /
"3GPP-UTRAN-TDD" / "ADSL" / "ADSL2" / "ADSL2+" / "RADSL" / "SDSL" /
"HDSL" / "HDSL2" / "G.SHDSL" / "VDSL" / "IDSL" / "3GPP2-1X" / "3GPP2-1X-
15 HRPD"/"DOCSIS" / token, 3GPP -GERAN CS, 3GPP -GERAN PS, 3GPP-UTRAN
CS, 3GPP-UTRAN PS, 802.11b, 802.11a, 802.11g, EVDO, CDMA1X , WiMAX| efc.
The ICSRN is also contained in the Contact Header. It will start a timer against the
allocation of the ICSRN that will be cancelled on receipt of an Invite that origination
was from a MGCF with the ICSRN as the R-URIL If the timer expires the ICSRN

20  shall be put into a quarantine pool.
If the IMS centralized services node receives a subsequent request from the
same UE, identified by the GRUU in the Invite, the IMS centralized services node
may do the following: (a) Resend the same ICSRN and reset the timer; (b} Allocate a
new ICSRN, start a timer associated with that ICSRN and put the old put into the
25  quarantine pool; and (c) Reject the request altogether and put the old put into the

quarantine pool.

The following is exemplary code for coding a 380 Alternative Service

Response:

30 <!ELEMENT ICSRN EMPTY>
<!ATTLIST ICSRN
TYPE (SIP URI | Tel URI) #REQUIRED
>



this AS node. |IMs centralized service node configuration information
includes (a) the ICSRN E. 164 start address nunber; and (b) nunber of | CSRN
to be allocated or the last E. 164 start address nunber. To allow for
flexibility in nunbering plan, there 20 maybe nore occurrences of (a) and
(b) allow ng pools of ICSRN to be allocated from different nunber ranges.
In addition to (a) and (b), other configuﬂétion information nmay include
(c) life time an ICSRN can live for; and (d) quarantine tine of an | CSRN -
how | ong after an | CSRN has %% n aSS|gned back to the I CSRN pool it cannot
be used foi. E26MENHaGAdr B e | MBS centralized service node is discussed.
1f the | MS <dEATEdFTzE8Tser vi ces node recejves an Invite that contains an
R-UR is shafllYP&xdFEEE-80Ratl IR IURIERE &2 e¥ Fa nel i FEERaBOR: URP il s 1BE&Gci at ed
with a requédR.1ladg ni t 3GER-GEREN dal3GERBITREY -FAD al t FRBrPYRAN-TDD |

i mpl enens at B@SL sl t RBELEhd |IAMBSL2ht dal RZE sér ildds hod8SLwi |l | HRXad#i e t he
P- Access- NetbwaHDSINflo WDsdder . IDIL it 3G8PB2t1X0| GERARZESX6HREONM BOCSLRer

val ue to indi catkergal Iceet -cprRAENeCSCS, Jdrr |-MERFaNtPS| | zBAPBeUYRABSCBode
shal |  assune sdve—aeanved |nvigveo haoMAie tiemmiMat)ed drag Bmb t he

behavi our as follows shall take place. The I M5 centralized services node
wi Il asghgn a ICSRN to the received GRUU. The follow ng represents a

possi bl e nagﬁgng of the ICSRN to the other 16 information el enents. | CSRN
- GRUWU 5 P-Asserted ID(s) B-Nunmber (SIP URI or Tel URI) The | M5
centralized d respond to the INVITE request with a 380
(Alternatlve§§§¥@&®§ %& g%@ﬁ?é' An exanple of coding of this response can
be found 16 I&WS Tch shal | include the | CSRN, the R% cess._type
that t héS hand P8 GERH-9E riddel tH-Eha10% niltided 3555 POZnadhl i miEE (o)

"| EEE- 802. 1802/ 1 geEE- $8PP1GBRAY I I 3SHESIERAN (DL | EEPB%RM

" 3GPP- GERANADSL' 3GPRDETRAN- FEpPL2+ | RADSL | SDSL | HDSL 8SL2
G.SHDSL | VDSL | IDSL | 3GPP2-1X | BGPP2—1X—HRPD | DOCSIS

| token| 3GPP -GERAN CS | 3GPP -GERAN PS | 3GPP-UTRAN CS
20 | 3GPP-UTRAN PS | EVDO |CDMAIX | WiMAX) #REQUIRED
>

<?xml version="1.0" 7>
<!1-- Draft DTD for the IMS XML body. -->
25
<IDOCTYPE ims-3gpp [
<!-- ims-3gpp element: root element -->

<IELEMENT ims-3gpp (alternative-service?, service-info?)>
30 <IATTLIST ims-3gpp version CDATA #REQUIRED>

<!1-- service-info element: The transparent data received from HSS for AS -->
<IELEMENT service-info (#PCDATA)>

35 <!-- alternative-service: alternative-service used in emergency sessions -->
<!ELEMENT alternative-service (type, reason)>
<IELEMENT type ‘ (emergency | vee-domain-
tx, MO call)>
<!ELEMENT reason (#HPCDATA)>
40  <!ELEMENT vcc-domain-tx (uri?, access-type?, domain-type?)
<IELEMENT uri ({PCDATA)>
<IELEMENT access-type EMPTY>
<IATTLIST access-type
access-technology (IEEE-802.11 | IEEE-802.1la [ IEEE-
45 802.11b | IEEE-~802.11g | 3GPP-GERAN | 3GPP-UTRAN-FDD |
3GPP-UTRAN~-TDD | ADSL | ADSL2 | ADPSLZ2+ | RADSL | SDSL |



"3GPP- UTRAN- TDD" / "ADSL" / "ADSL2" / "ADSL2+" / "RADSL" / "SDsSL" / "HDSL"
[ "HDSL2" / "G SHDSL" / "VDSL" / "IDSL" [/ "3GPP2-1X" | "3GPP2-1X 15 HRPD' /
"DOCSI S" / token, 3GPP -CGERAN CS, 3GPP - CERAN PS, 3GPP-UTRAN CsS,

3GPP- UTRAN PS, 802.1Ib, 802.1 la, 802.11g, EVDO, CDMAI X, W MAX, etc. The
ICSRN is also contained in the Contact Header. It will start a tinmer
against the allocation of the I CSRN that 1% 11 be cancelled on recei pt of
an Invite that origination was froma M3CF with the ICSRN as the RURI. If

the timer expires the I CSRN, 20 shal | pyt Jjngo |n If the
| M5 central FPed deriHiis hode ek ¢ ve¥%§L Hb nl? ?‘gggi fo?ﬁg? — sane
UE, identifil&aHByDt He DORSYS n taR<9hvi IEEE t TR C@ni FEeaGEB{% Eés node
may do the f|oIﬂQﬁﬂ‘N@"RANa)CSRebe?@PPh@T%ﬁePﬁCEtRNFa‘fﬂprb%@ﬂmf%eltww (b)

Al l ocate a #REQUEBBRN, start a tinmer associated with that | CSRN and put the
old put $nte the 25 quarantine pool; and (c) Reject the request altogether
and put the<oEUENENT Abeat he tygpeaEMPTIYRe pool. The followi ng is exenplary
code for codi'pgTaI1880dAkennatidee Service Response: 30 <! ELEMENT | CSRN

EMPTY> <! ATEuhSInl GSRN TYPE)( $ITRPURED Tel URI) #REQUIRED 17 <! ELEMENT
RAT EMPTY> <! ATTLI ST RAT TYPE (I EEE-802.11 | |EEE-802.11a | |EEE-802.11b |

| EEE- 8Q¢.11g 13GPP- GERAN 13GPP- UTRAN- FDD 13GPP- UTRAN-TDD | 5 ADSL | ADSL2
| ADSL2+ | DSL | SDSL | HDSL | HDSL2 | G SHDSL | VDSL | |1DSL 13GPP2-1 X
13GPP2-1 X-HRPD | DOCSIS | tokenl 3GPP - GERAN CS 13GPP - GERAN PS

13GPP- UTRAN CS 3GPP- U'IE'RAN PS | EVDO | COVAI X | W MAX) #REQUI RED 10
<vcc~domain-tx>

<uri>tel:ffff</uri>
15 <access-type access-technology="IEEE-802.11"/>
<domain-type domain="IMS"/>
</vcc-domain-tx>

END
20
FIG. 4 depicts a block diagram of an embodiment of a mobile communication

device operable as a wireless UE device, e.g., UE 302, for purposes of the present
patent disclosure. Tt will be recognized by those skilled in the art upon reference
hereto that although an embodiment of UE 302 may comprise an arrangement similar
25  to one shown in FIG. 4, there can be a number of variations and modifications, in
hardware, sofiware 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 fo the embodiments of the present patent disclosure. A
microprocessor 402 providing for the overall control of an embodiment of UE 302 is
30  operably coupled to a communication subsystem 404 that is capable of multi-mode
communications (e.g., CS domain, IP domain such as IMS, et cetera). The
communication subsystem 404 generally includes one or more receivers 408 and one
or more transmitters 414 as well as associated components such as one or more local
oscillator (LO) modules 410 and a processing module such as a digital signal
35 processor (DSP) 412. As will be apparent to those skilled in the field of
communications, the particular design of the communication module 404 may be
dependent upon the communications networks with which the mobile device is

intended to operate (e.g., a CDMA npetwork, a GSM network, WLAN, et cetera).



O <! ELEMENT AT EMPTY> <! ATTLIST AT 15 TYPE (I EEE-802.11 | | EEE-802.11a I
b I IEEE- 802.11g 13GPP- GERAN 13GPP- UTRAN- FDD 13GPP- UTRAN- TDD |

| EEE- 802. | |

ADSL | ADSL2 | ADSL2+ | RADSL |I SDSL | HDSL | HDSL2 | G SHDSL | VDSL |
| DSL 13GPP2-

-GERAN PS 1

#REQUI RED <?xnl version--" 1.0" ?> <!-- Di%ft DTD for the | MS XM. body.

1X 13GPP2-1 X-HRPD | DOCSIS | token[ 3GPP - GERAN CS 13GPP
3GPP- UTRAN CS 20 13GPP-UTRAN PS | EVDO | CDVAI X | W MAX)

-->

25 <! DOCTYPE ins-3gpp [ <!-- ims-3gpp element: root elenent --> <IELEMENT
i ms-3gpp (alternative-service?,

f.o? 30 <I ATTLI S
ver si on CDARgsgaissy pikpparticular Q‘*eﬁ?g{s %é%gﬁérgS‘gﬂl W“’e;hé a?'ilélﬁ?ér mﬁ@%at a
ep@&é Yeodsy mﬁﬁtmau%%@tg%s%51Yﬁ1&ebasefs@atbﬁmm&ﬁ wdt- -

used I n energency sessions -->

recei ved fr
alternative-

ternative-servic

<! ELENVENT akgpcets, nead.) m@-prevmlecteo fecyiver 40%agininl) may! [ErfoMBENTIch gpmnicamsegyesicy |

vcce- domai n-
vcce- donmi n-

< ELEMENJ a
(I EEE-802. 1

tx,. MO call)> <l

eason PCDATA) > 0 <! ELEVENT
inctigns 85 Fson.  BRarey s, conteroReGFeurs TEReRATA) >

t T c I
ae&f%&éi?%o%%ﬁ[ ;éﬁ?l gaLE/g doh PdrsRAC 85 tHeY g, ASHRiBAHL @rgaa@ t0 G

| 3GPP- UTRANafmDtted are processed, including modulation and encoding, for example, by DSP

10

15

20

25

30

412, and provided to transmitter 414 for digital-to-analog (D/A) conversion,
frequency up conversion, filtering, amplification and transmission over the air-radio
interface via antenna 416.

Microprocessor 402 may also interface with further device subsystems such as
auxiliary input/output (I/O) 418, serial port 420, display 422, keyboard/keypad 424,
si)eaker 426, microphone 428, random access memory (RAM) 430, a short-range
communications subsystem 432, and any other device subsystems, e.g., timer
mechanisms, generally labeled as reference numeral 433. In this example, display
422, keyboard/keypad 424, speaker 426, microphone 428 are part of the user interface
of the mobile communication device through which calls may be initiated by and
maintained for the end user. 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 URIs as well as identification
and subscriber-related data. Note that, without a SIM/RUIM, the UE device is
referred to as mobile equipment (ME) but techniques of the present disclosure are
applicable to either device.

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 call

45 802, 11b | | EEE- 802. ||g 3GPP- GERAN



3GPP- UTRAN-TDD | ADSL | ADSL2 | ADSL2+ | RADSL | SDSL | 18 HDSL | HDSL2 |
G SHDSL | VDSL | IDSL 13GPP2-1X 13GPP2- 1X-HRPD | DOCSIS | tokenl 3GPP

- GERAN CS 13GPP - GERAN PS 13GPP- UTRAN CS 13GPP- UTRAN PS | EVDO | CDVALX |

W MAX) #REQJI RED 5 > <! ELEMENT donmi n-type EMPTY> <! ATTLI ST donmi n-type
domain (IMS | CS) # MPLIED 10 1> <vcc-domain-tx> <uri>tel:ffff</uri> 15
<access-type access-technol ogy="1EEE-802. #"/> <domai n-type domai n="1Ms"/>
</vcc-domai n-tx> END 20 FIG 4 depicts a block diagram of an errbodi ment of
a nobile com‘rum cat lon Vi ce oper abl e ?s a wreless UE device, e. UE

302, for pufpeEdslagfc t“h%l &48nts PRt | SPPIGRTAtE. ol r‘?ﬂsﬁgebﬁmf@é ni zed
by those KoL\t B Febrk MO Ele! eﬂe&uat g SIFRURK AadPbdIN98Hnan 1D

enbodi ment o onprise an arrangenent simlar 25 to one shown in
FI G 4, thegenaation)evalidation)eerififations; izat i emnslaiod withii IMRNSs,i @énsas iset forth

har dwar e, Sﬁft e or firmvare, with respect to the various nodul es

depi ct ed. P¥yly, the arrangement of FIG 4 should be taken as

il lustragive rat Rghst hahodd ialll tdpparatdst for’ §SARRIngt 8 YRG0k NBRELHIE Hibt00d! t he
present patent disclosure. A m croprocessor 402 providing for the overall

control of £9IP3 mbbcfmms atusesf equipraaR (UE) @@mpem ablepvarl yvisenmentgncluding a
comuni cati %ﬂ‘c&i %cszhe%r?clés) Evpo%ﬁ ana an mu m?ff:dxartnsflllbsystemdﬁMS) network to a

called party have been described. When the SIP call is originated from the UE device
in the CS network domain, a SIP Invite message which includes a SIP Uniform
10 Resource Indicator (URI) or Tele URI of the called party is sent from the UE device
to an application server (AS) node in the IMS network. At the AS node, a pool of
E.164 numbers are maintained as IP multimedia routing numbers (IMRNs) which are
utilized for mapping to or otherwise associating with called party URIs. Thus, the AS
node dynamically allocates a select E.164 number with respect to the called party’s
15 URI received from the UE device, and returns it to the UE device in a SIP 380
(Altemative Service) Response message. Subsequently, the dynamically-allocated
E.164 number is sent from the UE device in a call setup message for identification of
the URI at the AS node. Thus, the dynamically-allocated E.164 number is utilized for
routing the SIP call towards the called party upon interrogating the URI — IMRN
20  mapping, whereupon it may be released back to the pool of IMRNs for future use.
Appropriate timers may be provided at the device and AS node endpoints so that it
can be verified whether a call reference number associated with the call remains valid
(e.g. it has not timed out) or the dynamically-allocated IMRN remains valid (e.g. it
has not timed out). Optionally, the released IMRN may be quarantined for a period of
25  time.

At the AS node, the technique may include the acts of maintaining access to a
pool of E.164 numbers as IP multimedia routing numbers (IMRNs); receiving a SIP
Invite message for a SIP call originating from a user equipment (UE) device through a
circuit-switched network domain, the SIP Invite message having call information

30  which includes a SIP URI or Tel URI of the called party; selecting one of the E.164

numbers and storing a mapping between the selected E.164 number and the call



communi cations (e.g., CS donmain, |P domain such as | M5, etcetera). The
communi cati on subsystem 404 generally includes one or nore receivers 408
and one or nore transmtters 414 as well as associated conponents such as
one or nore local oscillator (LO nodules 410 and a processing nodul e such
as a digital signal 35 processor (DSP) 412. As will be apparent to those
skilled in the field of communications, the particular design of the
comuni cati on nodul e 404 nay be dependent upon the comuni cati ons net wor ks

with which the nobile device is |ntendedtoo é %DIVAnetwork
a GSM net woHKOrmMAtiaR; causinge 2Pa380 (fdte%’dﬁrstﬂ"ég "Efgﬁeigec,tﬁl SreefedSi gn,
however, si a@a%gggﬁevlﬁdrgé?@@tw% tehy osfshmﬁ@%e& a! 102862380
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and encodi ng, r exa by DSP 412, and provided to transmtter 414 for
digital -to- aeiadtegE(llﬁktA)umhmyeieahbmg, Wmleqsmnﬁ;hmw@mﬁk/ﬁﬂﬂawmbrer vigettieng,
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subsystenms sueiinas beaMblidt Vit et dafled Euﬁy whthOlseoGhe BRI iddntifRAtvid 8L,

di spl ay 422, keyboard/ keypad 424, speaker 426, mcrophone 428, random
access rrermsi;bre(dRA&l)PmBO a short-range communications subsystem 432, and
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as URIs as well as identlflcta
15  present disclosure as set

mn the following claims.



and subscriber-related data. Note that, wthout a SIMRUM the UE device
is referred to as nobile equipnent (ME) but techniques of the present

di sclosure are applicable to either device. Operating system software and
applicable service logic software nay be 25 enbodied in a persistent
storage nodule (i.e., non-volatile storage) such as Flash nenory 435. In
one inplenentation, Flash nenory 435 nay be segregated into different
areas, e.g., storage area for conputerafrograns 436 (e.g., service
processing logic), as well as data stéfage regions such as device state
437, address book 439, other personal information manager (PIM data 441,
and ot her data storage areas 30 generally | abeled as reference nuneral 443.
A transport stack 445 may be provided to effectuate one or nore

appropri ate radi o- packet transport protocols. In addition, a call 20
control Igéﬁéygbdule 448 is provided for appropriate call nessage
processing according to the present techniques, effectuating SIP-UR and
call reference ID generation, validation, verification, and correlation
with MRNs, etc. as set forth hereinabove. 5 Thus, nethods and apparatus
for originating a Séswmetbed iferi udeain rontimy atSession Iniitpn Katocok (R ealliBed

equi pnent (UE) device in a network environnment including a

ci rcui § - swktirokie envioBmenemvlndiogendraait-switched (CSjecttwork dnd \agtleterret BB} ogokt wor k
to a called party have been described. Wien the SIP call is originated
fromthe UB)dRittii&lia kubsjdiem QMSaicnostk, o SHP tull weify Gidinated @ the€Sagevorki ch
includes a SIP Uniform 10 Resource Indicator (URI) or Tele URI of the

cal | ed pagyy hehikeBémibRithtRCdddecdBWakR a tdledhathRlidfiel Y 81N BhifbAP) node
in the | M5 network. At the AS node, a pool of E. 164 nunbers are

mai nt ai ne%eg&méeﬁﬁgﬁgﬁ)} gﬁgfg%r@g%ﬁp%er}ﬁ &{:gql\gﬂergﬁg?r\? é\aggp are utilized for

mapping to0 or otherws sociating wt UR's. Thus, the AS

node dynam cal |y al |l ogates..a_sel ect . E. ro .t call ed
party o35 U et LS RS RSt R SR e PRl 48 callo GOL O
ina SIP 380 (A ternative Service espanse nessage. . Subs ent | t he
dynamilfal | 9-S%I}t|(‘6&‘§t nﬁ.""fé‘ﬁ“&ﬁ&ﬁ’d’é‘%‘? E’sﬁ%&ﬂf’mﬁ Pt Reorigiaed Flgomet g o
setup nmessage for identification of

the SIP call, the call information including at least one of a call reference number related to

the SIP call and the URI of the called party;
receiving a SIP 380 (Alternative Service) Response message from the IMS network
in response to sending the SIP Invite message, the SIP 380 (Alternative Service) Response
15  message including at least one of a call reference number and an E.164 number; and
verifying that the call reference number returned from the IMS network remains
valid; and
after receiving the SIP 380 (Alternative Service) Response message and upon
verifying that the returned call reference number remains valid, causing a CS call setup
20  message to be sent to the IMS network for the SIP call, the CS call setup message

including the E.164 number for routing the SIP call to the called party.



the URI at the AS node. Thus, the dynam cally-allocated E 164 nunber is
utilized for routing the SIP call towards the called party upon
interrogating the URI - I MRN 20 mappi ng, whereupon it may be rel eased back
to the pool of IMRNs for future use. Appropriate tiners may be provi ded at
t he device and AS node endpoints so that it can be verified whether a cal
reference nunber associated with the call remains valid (e.g. it has not
timed out) or the dynam cally-allocated IMRN remains valid (e.g. it has
not timed out). Optionally, the releas&d | MRN may be quarantined for a
period of 25 tine. At the AS node, the technique may include the acts of
mai nt ai ni ng access to a pool of E 164 nunbers as IP multinmedia routing
nunbers (I MRNs); receiving a SIP lnvite nessage for a SIP call originating

froma user equip i.ce throu .circuit-sw tched network
domain, the S zaﬂ%éﬁﬁﬁgéggﬁmﬂbbjyﬂPQS W‘T%?%rnatron 30 which includes a
SIP URI or Tel URI of the called part seIectln nunber s
and storing a Pﬁﬂb‘ﬂﬂ gagARfeeh figkdeot SEp g’-ﬁ’tﬂéﬁmﬁa%&“ Wﬁﬂebgg-f[ aﬁ@efﬁﬁm 21
information; causing a SIP 380 (Alternative Service) Response nessage to be
sent to the UE device in response to receiving the SIP Invite nessage, the
SIP 380 (Alternative Service) nessage including the selected E. 164 nunber;
and afser the 3.sendlmgnahod bfcl8hPl, I@thet Mbmprisizg:i ve Servi ce) Response
nessage, receiving a call setup 5 nessage fromthe UE device for the SIP
call, the cal |l pgriating ESRaGeldeliviha SIP hevitesatwageedith.alfidlio sedoire identifier
identifying, wth use of the selected E. 164 nunber via the stored nmapping,
the UR i gedy boff dnehphido@ioh t&9aqalsh no®! 4iRhd RIS a@sioriand causing a SIP  session

to be establrshed with the called party with use of the URI identified via
the stored mapping. 10 It is believed that the operation and construction

of the enbodi nents of the present patent application will be apparent from
the Detail ed Eﬁscrlfﬁr §§Bf%85}Pf Mﬁh%e t he exenpl ary enbodi nents
shown and descr’ bed ave een arac rirzed as being preferred it

shoul d be readil I's t hat varro s eh drfr S could
be nad® thereif° 1%13# E}t‘ S@O&V{tf’ H55$3e% PHI %8 ?lﬁt%e fridicafed Wil
the SIP Invite message is for a circuit-switched mobile-originated call from the mobile

communication device.

5. The method of claim 1, wherein the act of identifying the mobile-originated
15 call request which includes the URI of the called party comprises receiving a selection of

the URI at a user interface of the mobile communication device.

6. The method of claim 1, wherein the E.164 number is a dynamically-
selected E.164 number from a pool of E.164 numbers in the IMS network and mapped to

20  the URI in the IMS network.



15 present disclosure as set forth in the followng clains. 22 CLAIMS 1. A
nmet hod for use in routing a Session Initiation Protocol (SIP) call ina 5
net work environnment including a circuit-switched (CS) network and an
Internet Protocol (IP) nultinedia subsystem (IMS) network, the SIP cal
being originated in the CS network by a nobile comunication device
towards a called party identified by a SIP Uniform Resource Indicator

(URI') or Tel URI, the method conprising the acts of: causing a SIP Invite
message with call information associatétd with the SIP call to to be sent
to the I M5 network in response to identifying a nobile-originated cal

request for the SIR call e, cal.l nforna n InC|UdI ar | e of a
call reference nurrbg}'l F@Fg’@eg 6 lt’ll'lvéu%ll1 ¢ ?(?wd %népiﬁlprégrarﬁﬁ%&%ugﬁ ed
party; receiving a SIP 380 ter atlv Servi ce onse  message fromthe
| M5 net woPRTPISING 2EYBRIE FYIADETRPRY A C@wt?w%tf%ﬁﬂﬁfs%fﬁé in i SO—pRER 5
(Al'ternative Service) Response 15 npessage including at |east one of a cal
r ef er encerqadaiemedivan, he compyE insliHESs beiRg exesptablei iyPreIR margRrogessers of
reference nunber returned fromthe I M5 network remains valid; and after

r ecei vi ngthieheolBicRod80m{catioredevate foepstormingdhc mehpdnse message and upon
verifying that the returned call reference nunber remains valid, causing a
CS calk setup 20 nessage to be sent to the IMS network for the SIP call,
the CS call setup nmessage including the E. 164 nunber for routing the SIP

call to the caRl ed pamidpile Zdmnduniddiion niitecbpefabld & Briginateud tIIRrcattompa i Si Ng:
popul ating a TARGET field of SIP Invite nessage wwth the URI of the called

party. 5y oIlbénJﬁ%hﬁl@Ht i?lt:lu@jné'a%lﬂoultfs’?uiﬁcﬂ&f (CRYRRISTk H8d aRQRehRE PREocdl UR!
field of t e SIPInvite nessage with a public service identifier (PSI) of

" appl i Cfﬁg%ﬁﬁéc}{?%uﬁsﬁémopu )Hétwfoh? ﬂh@’%lgﬁé%ﬁﬁeaéi towafds éaﬁ!@@' g%y claim

1, furthe onprising ating the Ite nessage wth
I ndi cat or i(Ien’ghed ng Chshpdﬂh% fgS esglgrgee Indicator (URI) or Tel URI, the mobile

10 communication device comprising:
ONE Or MOTe Processors;
a wireless transceiver coupled to the one or more processors,
the wireless transceiver being adapted for communications via the CS network;
the one or more processors being adapted to:

15 ~cause a SIP Invite message with call information associated with the SIP
call to be sent, via the wireless transceiver and the CS network, to the IMS network
in response to identifying a mobile-originated call request for the SIP call, the call
information including at least one of a call reference number related to the SIP call
and the URI of the called party;

20 receive, via the wireless transceiver and the CS network, a SIP 380

(Alternative Service) Response message from the IMS network in response to



the SIP Invite nessage is for a circuit-switched nobile-originated call
fromthe nobile conmunication device. 5. The nethod of claim1, wherein
the act of identifying the nobile-originated 15 call request which
includes the URI of the called party conprises receiving a selection of
the URI at a user interface of the nobile comunication device. 6. The
nmet hod of claim 1, wherein the E 164 nunber is a dynamcally- selected E.
164 nunber froma pool of E 164 nunbers in the I M5 network and mapped to
20 the URI in the IMS network. 24 7. The nethod of claiml1l, which is
enbodied in a conputer program product conprising a conputer readable
medi um and conputer instructions stored in t uter .read tﬂe nedi um
the conputer i Fdlgcthicodd BRIt gMESsaRt BI@PbgﬁoE atley gelb’}cgﬁeseg Ts° of
the nobile communication device for performng the nethod, 8. A nobile
communi cati on thessageinglydingist baﬁt@nepfgpﬂhteéerawsmmg% E}ndiaﬁ%al‘%rﬂé’% Sk
environnment including a circuit-switched (CS) network and an_ | nternet
Protocol (I P) nult verifgi thats tHesyalt eefexenssnumbenvsstiined Heong dhe IVE mgt Ik ect ed
towards a called party identified by a SIP Uniform Resource Indicator
(UR) or Tel URmaitheliapdid e 10 communi cation device conprising: one or
nore processors; a wireless transceiver coupled to the one or nore
procesgors; the Wi r gh§Sgcdiviap IEE SR B30 gANgmatap BedickD Resmmmel niessage and Vi a
the CS network; the one or nore processors being adapted to: 15 cause a

SIP Invite mesg véﬁ‘if}vﬁ GRLt thée RitQHER P Ref@SaQCHALIRE rithdihs VAR, ShiRe a0@$| to
be sent, via the wire egs transcei ver and the CS network, to the | M5

network  in resa %gtglpfrgeg;sgﬁeenw B%( | Bl biviaeﬂlgr\izvm': BR! fghsC@ldr ROMRSES T Or

the SIP call, £ ormation Including at [east one of a call
reference nunber, rel ated the Sl I and..t I ; L party;
20 receive, Vi é‘ett“f?ék’\ﬁﬁ)%éel léggn%}ygﬁgg)éﬁ@%éma%l > e s %@Eﬁa@é{;@&g 0

the E.164 number for routing the SIP call to the called party.

10
9. The mobile communication device of claim 8, wherein the one or more
processors are further operative to populate a TARGET field of SIP Invite message with
the URI of the called party.
15 10. The mobile communication device of claim 8, wherein the one or more

processors are further operative to populate a URI field of the SIP Invite message with a

public service identifier (PSI) of an application server (AS) node of the IMS network.

1. The mobile communication device of claim 8, wherein the one or more
20  processors are further operative to populate the SIP Invite message with an indicator field
which indicates whether the SIP Invite message is for a circuit-switched mobile-originated

call from the mobile communication device.



(Al'ternative Service) Response nessage fromthe I M5 network in response to
25 sending the SIP Invite nmessage, the SIP 380 (Alternative Service)
Response nessage including at |east one of a call reference nunber and an
E. 164 nunber; verify that the call reference nunber returned fromthe IM
network remains valid; and 5 after receiving the SIP 380 (Alternative
Servi ce) Response nessage and upon verifying that the returned cal
ref erence nunber remains valid, cause a CS call setup nessage to be
transmitted, via the wireless transcei ¥&r and the CS network, to the IM
network for the SIP call, the CS call setup nessage including the E. 164
nunmber for routing the SIP call to the called party. 10 9. The nobile
comuni cation device of claim8, wherein the one or nore processors are
further operative tq popuylate a TARGET field OE.SI | nvi.te nessage with
the UR of thel#all e%qﬁh copmnucation dewiss of S B rHRSCR | B OB OF S0
claim8, wherein the one or nore rocessors are_ further operative to
popul at e RIAORISONs|aEs @PWVFH@CQSP"herﬁP feviteanessaps tobe penh In pospanse tosdstepting
identifier (PSI) of an application server (AS) node of the |IM5 network. 11.
The nobi | @ usormtiaied gtll taquckt vt the mubile cemusicatiedayios Wineh ippladesrthebiRd of 20
processors are further operative to populate the SIP Invite nessage with an
i ndi cat or tHeicalled pastyi. ch i ndi cates whether the SIP Invite message is for a
circuit-switched nobile-originated call fromthe nobile comunication
device. 26 12. The nobil e conmmunication device of claim8, wherein the one
or nore processors are operative to cause the SIP Invite nessage to be sent
in response tojgetect tafhod dptiabiewitd id Aptidatfdl dervie ASSHoda ort dfRechiltihg £
conmmruni cation device which includes the 'URI of 5 the called party. 13. A
met hod oper e W: a [ [ erv E : uatlrg a

P SRR R CPrsRaRl (Gt L A B A IR i B g

Sgssipn I NI i a network environ
cireurt- switched (CS) network and an Internet Protocol (IP) multimedia subsystem (IMS)

10 network, the SIP call being directed towards a called party identified by a SIP Uniform
Resource Indicator (URI) or Tel URI, the method comprising the acts of:
receiving a SIP Invite message for the SIP call originating from a mobile
communication device through the CS network, the SIP Invite message having call
information which includes the URI of the called party;
15 mapping between an E.164 number and the call information for the SIP call;
causing a SIP 380 (Alternative Service) Response message to be sent to the mobile
communication device in response to receiving the SIP Invite message, the SIP 380
(Alternative Service) message including the E.164 number;
after the sending of the SIP 380 (Alternative Service) Response message, receiving
20 a CS call setup message from the mobile communication device for the SIP call, the CS

call setup message having the E.164 number;



switched (CS) network and an Internet Protocol (IP) nultinedia subsystem
(IM5) 1o network, the SIP call being directed towards a called party
identified by a SIP Uniform Resource Indicator (URI) or Tel URI, the

met hod conprising the acts of: receiving a SIP Invite nessage for the SIP
call originating froma nobile conmunication device through the CS

network, the SIP Invite nessage having call information which includes the
UR of the called party; 15 mappi ng between an E. 164 nunber and the call
information for the SIP call; causing?a SIP 380 (Alternative Service)

Response nessage to be sent to the nobile comunication device in response

message | nel udh oy bhandkthd B RBRR r<P ey tome 08 andle ShPARer Bl

(Al'ternative Service) Response nessage, receiving 20 a CS call setup

message fFEMRHE@ldObI | e communi cation deV| ce for the SIP call, the CS call
setup message having the E. 164 number; verifying that t]g I%H:é64 nunber
recei ved from idsetifiyg; with yemefihe Eahéf‘élﬁmé‘éwlé@e PRI g SRS identifigd feam yi ng,

with use of the E. 164 nunber via the mapping, the UR identified from the
CS cal | séteufs relsshgencssags; Sdcausi ng a SIP session with the called party to
be established with use of the URI identified via the mapping. 14. The

met hods of cl ai caulidg o SIPt desviorc ovithrths callpd pactgrid be yestalglishbe witRl usofof theeUBAI | ed
party a TARGET field of SIP Invite nmessage. 10 15. The nethod of claim 13,
wher ei n aldéﬁhﬁédﬁhﬁleqﬁaﬁﬂﬁ% SIP Invite message is populated with a public
service identifier (PSI) of the AS node of the IM5s network. 16. The net hod
of claim 13, further conprising: 15 reading an indicator in an indicator
field in the SIP Invite nessage; identifying whether the indicator is set

to i ndi cate a ghrC“'ﬁe%tﬁo%*h‘?@laﬂﬂ%'Rurth&rdoﬁip%ﬁxgd call fromthe nobile

conmmuni cati on devi ce
identifying the URI of the called party a TARGET field of SIP Invite message.

10
15. The method of claim 13, wherein a URI field of the SIP Invite message is
populated with a public service identifier (PSI) of the AS node of the IMS network.
16. The method of claim 13, further comprising:
15 reading an indicator in an indicator field in the SIP Invite message;

identifying whether the indicator is set to indicate a circuit-switched mobile-
originated call from the mobile communication device;
if the indicator is set to indicate the circuit-switched mobile-originated call, then
performing the subsequent acts of selecting the E.164 number, storing the mapping, and
20 causing a SIP 380 (Alternative Service) Response message to be sent to the mobile

communication device; and



if the indicator is set to indicate the circuit-sw tched nobile-originated
call, then perform ng the subsequent acts of selecting the E. 164 nunber,
storing the mapping, and 20 causing a SIP 380 (Alternative Service)
Response nessage to be sent to the nobile comunication device; and 28
otherw se, if the indicator is not set to indicate the circuit-swtched
nobile originated call, then refraining fromperformng the subsequent

acts. 17. An application server (AS) node for use in an Internet Protocol
(IP) 5 nultinedia subsystem (1 M) netébrk for effectuating a Session
Initiation Protocol (SIP) call originated by a nobile comunication device

in a network enyirannment,including a  circuit-sw t.ched (CS). t he
call being di r%%f’@ﬂset d@éP%én%“g%ﬁ ?Se(‘}obﬁ?tt& LGRS %}lleealr%yt'% tc@?é?‘%t%ﬂiebr m
Resource Indicator (URI) ar, Tel URI, the AS node conprising one or nore

pr ocessor 8riginaies call: fﬁdﬁ%@%@%#@@quﬁﬂﬁﬂgﬁ PR e ng%age for the SIP cal
originating from 10 the nobile communication device via the CS network, the
SIP Invite nmessage having call information which includes the URI of the
called party; store a mapping between an E. 164 nunber and the cal

i nformation fol7.the A3l Bppmhtion sawse (ASBhPdader 3 iterap alnfeyeet Sotacele (IP)
Response nessage to be sent to the nobile comuni cation device in response
to recei ViMi@timédig ssBsHstbm(INS) nesedgfor dffeetuBifg 886ss{ofl Indiatien Prsodé (VP e)
nmessage i ncluding the E 164 15 nunber; after the sending of the SIP 380

(Al t er nat ighe oSeihikd 8) ARASHRNSENTBSEADR, dvRe 8h Wenetworkentiddimée infudiBs sage
fromthe nobil & communi cation device for the SIP call, the CS call setup

message h%}f'&ﬂﬂs&i&%eﬁcr@;he%%é MEhdihy dikbadd thirdEa bifed PR edentifisebyd from

the nobile communica ce remains valid; identify, wth use of the
© 164 nurgs oty S BLO S IPRKR HIS il AP BAL L e
The AS nod@<BroRrdinh & st ros RerohyTordrare O PReabERy o BB e,
vt t S0medieagen samyean dGtise 5 BF AT, e Ahdnris g g el
Processor Sinfgirgatfog rvghrllghr includes the URI of the called party; store a mapping between an E.164
number and the call information for the SIP call; cause a SIP 380 (Alternative Service)
Response message to be sent to the mobile communication device in response to receiving
the SIP Invite message, the SIP 380 (Alternative Service) message including the E.164
15 number; after the sending of the SIP 380 (Alternative Service) Response message, receive
a CS call setup message from the mobile communication device for the SIP call, the CS
call setup message having the E.164 number; verify that the E.164 number received from
the mobile communication device remains valid; identify, with use of the E.164 number

via the stored mapping, the URI identified from the call setup message; and cause a SIP

20  session with the called party to be established with use of the URI identified via the stored

mapping.



5 adapted to select the E. 164 nunber by dynam cally allocating the E 164
nunber froma pool. 20. The AS node of claim 17, wherein the one or nore
processors are further adapted to read an indicator in an indicator field
inthe SIP Invite nessage; identify 1o whether the indicator is set to
indicate a circuit-swtched nobile-originated call fromthe nobile
comuni cation device; if the indicator is set to indicate the
circuit-switched nobile-originated call, then performthe subsequent acts
of selecting the E. 164 nunber, storing the mappi ng, and causing a SIP 380
(Alternative Sgrvice) Response nessage to be sent to the nobile
comuni cati on device d oth the.indicator is n
i ndi cate the ct¥cui {l“hg% r‘?%’i“ Y 8"#%“&%3‘?&8%’61?’}"“’ Pﬁoé:ﬁ%%)resf r%u Ir:'Lgm
perform ng the subse%uent act

adapted to identify the URI of the called party a TARGET field of SIP Invite message.

19. The AS node of claim 17, wherein the one or more processors are further
5 adapted to select the E.164 number by dynamically allocating the E.164 number from a

pool.

20. The AS node of claim 17, wherein the one or more processors are further

adapted to read an indicator in an indicator field in the SIP Invite message; identify

10 whether the indicator is set to indicate a circuit-switched mobile-originated call from the
mobile communication device; if the indicator is set to indicate the circuit-switched
mobile-originated call, then perform the subsequent acts of selecting the E.164 number,
storing the mapping, and causing a SIP 380 (Alternative Service) Response message to be

sent to the mobile communication device; and otherwise, if the indicator is not set to

15 indicate the circuit-switched mobile-originated call, then refrain from performing the

subsequent acts.



