| SYSTEM AND METHOD FOR MANAG NG CALL CONTINUITY IN I Ms NETWORK
ENVI RONVENT USI NG SI P MESSAG NG FI ELD OF THE DI SCLOSURE [ 0001] The present
pat ent disclosure generally relates to call processing in comunications

net wor ks. More

particularly, and not by way of any limtation, the

present patent disclosure is directed to a systemand nethod for managi ng
call continuity in a network environnent including a circuit-swtched (CS)
network and an IP multinedia subsystem (I MS) network using Session
Initiation Protocol (SIP) messaging. BACKGROUND [0002] Mobile
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present patent disclosure 1is directed to a system and

method

for managing call continuity 1in a network

environment including a circuit-switched (CS} network and

an IP multimedia subsystem (IMS) network using Session

Initiation Protocol (SIP) messaging.

BACKGROUND

[0002

1

Mcbhile wvoice-over-IP (VoIP) handover 1is the

process of continuing a voice call as a user moves
between IP-based packet-switched (PS) networks (e.g.,
wireless LAN {(WLAN) or Wi-MA¥X 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 1is
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



| P mul timedia routing nunber (IMRN), also referred to as Voice Cal
Continuity (VCC) Domain Transfer Nunber (VDN) in the 3GPP TS 23. 206

speci fication. However, when call reference identity digits are appended
to the E. 164 nunber, it results in a nunber that is |onger than the
15-digit length limtation specified under the ITUT standards. It is
therefore possible that the extra digits may be | ost when such a nunber is
routed via a network. Further, if thete is a reliance on the Caller 1D
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CCCF element in the IMS network, this information may be
lost in the international ISDN infrastructure using the
ISDN User Part (ISUP) signaling. Additionally, since IMS
is designed to support multiple registrations of a common
Public.Identity from different UE devices, establishing
correct call legs becomes paramount in effectuating call

continuity.

SUMMARY

[0003] The present patent disclosure 1is broadly
directed to a scheme for managing call continuity in a
network environment including a c¢ircuit-switched (CS)
network and an IP multimedia subsystem (IMS) network
wherein a Session Initiation Protocol (SIP) Invite
message (or another SIP Request) having a URI contained
in the Request-Uniform Resource Identifier (R-URI) field
that 1s known at an application server as an indication
to provide a routable number that can be used in the CS
domain is wutilized. 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



to be provided by the application server. Exanples of 3 such routable
nunbers i nclude VDNs, | MRNs, E.164 nunbers, etc. Responsive to the SIP
Invite message from a UE device, a network node provides a SIP response
nmessage, e.g., Alternative Service Response nessage (also referred to as
SI P 380 Response), which includes one or nore radi o access technol ogi es
(RATs) and an alternative domain available to the UE device for continuing
a call fromone domain to another dorain. Preferably, the avail able RATs
and al tersathve donantalbhé or matnwwoaerey ivelusks e&Ddis ,t héMREsat i Bnl6E t he UE
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[0004] Included in the SIP Invite message is certain
unique ID informetion that may comprise an Address of
Record (ACR), a Globally Routable User Agent Uniform
Resource Identifier (GRUU), and/or an Instance ID for
identifying an on-going call, or any combination thereof.
The Instance ID could be IMEI, IMEISV, MIN, ESN, UUID,
MAC address, a software 1D (suchl 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 1n 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 Volce Call Continuity (VCC) Dbmain Transfer Numbers or
VCC Directory Numbers (VDNs) in the 3GPP TS 23.206

specification) that can be dynamically allocated for



mul ti media routing nunmbers (I MRNs) (which are also knowmn as Voice Call
Continuity (VCC) Domain Transfer Nunmbers or VCC Directory Nunbers (VDNs)
in the 3GPP TS 23.206 specification) that can be dynam cally allocated for
4 association with at least a portion of the call information received
fromthe UE device in order to identify ongoing calls, for exanple. For
pur poses of the present patent disclosure, "VDN' and "I MRN' are used

i nterchangeably (nore generally "routable nunber"), wherein basically both
refer to asSFegiablent élidghoat leawtera wvartian usedofo rothe to aallMs
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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 1life 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 1s 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



RATs, an alternative domain as well as additional information as
applicable. Preferably, the body of the SIP 380 Response nessage is coded
in a suitable Markup Language (e.g., Extensible Markup Language or XM.).
When the dynamically allocated IMRNis transnmtted by the UE device back
to the network node for call setup in the other domain, the network node
utilizes the IMRN mapping 5 to effectuate call continuity with respect to
the called party. The I MRN may then be® rel eased back to the pool of |MNs
for futureouse. AppEepgtiiate ti mer scadal copd ipugiydedigh t hesgeetcetand
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although the embodiments set forth 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 in the present patent application that is
operable with a UE device in associlation with a call in
an IMS network. The claimed embodiment comprises one or
more of the following: providing, wvia a S8IP 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 wvalid; and
upon verification, providing the dynamically allocated

routable number by the UE device to the network node for



SIP application server, e.g., a VCC application server, as an indication
to provide a routable nunber such as IMRN or VDN (i.e., the URI is
operabl e as an invocation for call continuity); responsive to receiving a
dynami cally all ocated routable nunber fromthe network node via a SIP
response nessage (e.g., SIP Alternative Service 380 Response nessage),
verifying that a call reference nunber associated with the call is valid,
and upon verification, providing the @ynamcally allocated routable
nunber byefhectBagénbce to the netowtk qwddrfuoits efféecpuaresgscafl
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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 1s 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 wverification,
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 URTI 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 1s operable



a call reference nunber associated with the call is valid; and neans,
operabl e responsive to verification, for providing the dynamcally

al | ocated routable nunber to the network node for effectuating cal
continuity. [0008] In yet another aspect, disclosed herein is an

enbodi nent of an | M5 network node, conprising one or nore of the
follow ng: neans for verifying that a SIP Invite nessage received froma
UE device includes a URI that is operable with respect to call continuity
at a Sl P tapphicdadieomtsdredst, angy.qf aa VoG apptdldat | ed loseied, aMBYN, neans

for generatin% a SIP response nessage %ftg:,.%JP Qiterna 'ge Service 380
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nmessage i goppghabberdbltowingl yde ar leastceane of a dynamically allocated
| MRN, one or nore radio access technol ogies and an alternative domain

operable with the UE device. BRI EF DESCRI PTION OF THE DRAW NGS [ 0009] A
nor e conpbg&gFu%gggﬁggﬁgbﬁgo f otipe pr@iigdigqrent s of the present patent

di scl osur e may y reference to the followi ng Detailed Description
when takéf0DA®]conj @nct imerren t hcohpel ateonpamdens tédmaltinggs  @her eche [ 0010]
FIG 1 depicts.a network environnment including, circuit-swtched, network
infra;trugpgpngﬁH%FM I??%EBnge§ﬁb§?%?%%F(gkgfiPﬁFFﬁsFFﬁEt ?ehﬁﬁerein an
enbodi meny0fre i@ sent thal end1 theches et s8R @cipeash [H841] FIGS.
2A-2C depict flowharts associated with one or nore exenplary enbodi nents

of the pr&aémn pafentcondgiweitdsur e;with the accompanying drawings
wherein:
[0010] FIG. 1 depicts a network environment ircluding
circuit-switched network infrastructure and IM multimedia
subsystem (IMS) infrastructure wherein an embodiment of
the present patent disclosure may be practiced;
{0011} FIGS. 2A-2C depict flowcharts associated with
cone or more exemplary embodiments of the present patent
disclosure;
[00121] 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.

DETATILED 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



[0012] FIGS. 3A and 3B depict exenplary nessage flow diagrans for
effectuating call continuity by enploying a SIP Invite nessage with a
DTR-URI in the Request-URI field; and [0013] FIG 4 depicts a bl ock

di agram of an enbodi mrent of a communi cations devi ce operabl e for purposes
of the present patent disclosure. DETAILED DESCRI PTI ON OF THE DRAW NGS
[0014] A system and nethod of the present patent disclosure will now be
described with reference to various ekanples of how the enbodi ments can
best be nedemecamnd wswd.ndl keecedsrehby duswr ate asealsed t Redaghooy the
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FIG 1, an _exenplary network environnment 100 is depicted wherein an
enbodi nenEMBPIERENSr eSdnt Thdt eMISAYEY osRFECy BESCHPRGTEceda¥or PRanagi ng

call contj.nui it SReed a 1. ari:gi ; i . As
depi ct ed, bfn' %Igtt%ec)t@\?\lo?k&eenw r%fn n?a%go Cio(ril)lg Ilglggggfggﬂgglcggésg%%%%eggoi
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UE devices 102-1 thro 102-.N. . For rposes of the resent .di scl Qsure, a
UE dovi cotnty toBmapy 18 dredtses Al A Res s Soantnt ol FoRB 48sRce and’ may

i ncl ude apy nuR@feSONR £O8BYE CLeLBNB1ogdeEKIARS:,1 dIARE ORS, 2 PRL TR £ yOr
handhel d conputing devices) equipped with a suitable wreless nodemor a

mobi | e comfuMEcad¢ohecdelléel(&hgouglcel Pitlhr phoFePwiP TR - ehabhed
handhel d S%g%%%% Q%%@%é%ure, a UE device may be any tethered or

untethered communications device, and may include any
perscnal computer {e.g., desktops, laptops, palmtops, or
handheld computing devices) equipped with a suitable
wireless modem cr 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 1integrated
information appliance capable o¢f 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
CSs 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
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refers to_broadband acce net wqr ks . i ncl udi wirel ess | gcal ar
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broadbandgrgh@bakBy's. eter purppsgs ototkheppipsgst difsctpsur grekhfgtraccess
technol ogi es may conprise radio access technol ogi es selected from

802.11a €éenheFBEy, |'BFE RCZeFEh technelegies| Bl 3EPMHTE Se eEAfldPOgy,

| EEE 802.

4BLECNQ Q9 \QMEPE 8fliOted  from  IEEE  802.11a
technology, IEEE 802.11b technology, IEEE 802.11g
technology, IEEE 802.11ln technology, GSM/EDGE Radio
Access Network (GERAN) technology (both CS and PS
domains), and Universal Mobile Telecommunications System
{UMTS) technology, and Evolution - Data Optimized (EVDO)
technology, and so on. Additionally, alsc exemplified as
part of the access space 104 is the conventional wireline
PSTN infrastructure 110 illustrated in FIG. 1.

[001l6] An TP multimedia subsystem ({IMS) core network
112 is coupled to the warious access networks set forth
above, including any CS-based networks. As is well
known, the IMS standard defined by the 3GPP is designed
to allow service providers manage a variety of services
that can be delivered wvia IP over any network type,
wherein IP is used to transport both bearer traffic and
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 is capable of providing multimedia services. IMS
defines an “application server” as a network element that
delivers services subscribers use, e.g., voice call

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

net wor ks
abl e
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Access Network (GERAN) technol ogy (both CS and PS donains), and Universal
Mobi | e Tel ecomruni cati ons System (UMIS) technol ogy, and Evolution - Data
Optim zed (EVDO) technol ogy, and so on. Additionally, also exenplified as
part of the access space 104 is the conventional wireline PSTN
infrastructure 110 illustrated in FIG 1. [0016] An IP multinedi a subsystem
(IM5) core network 112 is coupled to the various access networks set forth
above, including any CS-based networkd? As is well known, the | MS standard
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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. In addition, fixed network
standards for NGN (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.

[o018] 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



defining a closely anal ogous architecture referred to as Miltinedia Donain
(MVD). MWD is essentially an IM5 for CDMA networks, and since MVD and | M5
are roughly equivalent, the term"I M5 nmay be used in this present patent
di sclosure to refer collectively to both M5 and MDD where applicable. In

addition, fixed network standards for NGN (Next Generation Networks) that

are based on and/or reuse |IMS are al so being devel oped by bodies such as

ETSI Tl SPAN, Cabl elabs and the ITU-T. INGN and | MS are roughly equival ent,
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e.g., VCC, PTT, etc., as alluded to hereinabove. Particularly, a VCC AS

node 114- Nria§képéﬁéb|6éltlo sefsfsecnmtand ar¢ 1 alord  nebi e avidicappreprift e
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continuitg contro] function (CCCF) 116 and network 11 domain selection

(NeDS) 11814TH esk®ncé&esPReséear poffFon PAARHILIE 1140465 oféidbl e as a

new | M5 a@@l;hgaﬂaemonmév%g%%ﬁ@mﬁh%aﬁsaéﬂ@ﬁtI hd e d10 MR HMBrfigt wor k
and tracks al sessions and rel ated nbbile voice-over-1P (VolP)
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dormai ns. gggen E@l??r“§¥££§5 éﬁ %§nctions, it is possible to
integrate both the CCCF and NeDS functionalities into a
single IMS~compatible network element 114-N as
illustrated in FIG. 1. Also, a suitable session control
function (SCF) 120 may be provided as part of the VCC AS
node 114-N with respect to applicable radio access
technology, e.g., gsmSCF. Additional VCC-related
functional entities may include the following: Domain
Transfer Function (DTF) (also referred to as Functional
Entity FE-A}, CS Adaptation Function  (CSAF) {also
referred to as FE-B), CAMEL Service {also referred to as
FE-C), and Domain Selection Function {(DSF) (also referred
to as FE-D), which form a “vCe 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 functiocnalities 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



114-N is responsible for performng, inter alia,

regi stration/de-regi strati on managenent between the IMS and CS networks
(e.g., GSMor CDMVA). Despite being potentially separate functions, it is
possible to integrate both the CCCF and NeDS functionalities into a
single I M5-conpatible network el ement 114-N as illustrated in FIG 1.

Al so, a suitable session control function (SCF) 120 nay be provided as
part of the VCC AS node 114-N with ré&pect to applicable radi o access
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referred EguaﬁmanHOEaeﬂﬂ@% | peMET Ser Mehi0k HSBsdrS I OViding Asmpart of the
honme I M5 1 network 112, for supporting the various I M network entities

that act udMfyShllhagdrdatarsadrl sedsians sidentalsf iarCC(RBER) 114N wehl gener al
the HSS dggab%ﬁﬁﬁﬁﬂ%ﬁéynaﬁ&s—specific identities such as IM

Multimedia Private Identity (IMPI) and IP Multimedia
Public Identity (IMPU) that are implemented as Tel-
Uniform Resource Identifiers (URIs) or SIP-URIs. Whereas
the IMPI is unigque to a particular user in a 3GPP system
(i.e., (I)SIM) or could be unique to a particular UE
device in another technology, it 1s 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), alsco 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



user profiles (i.e., subscription-related information), including various

user and
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DB 122 is also operable to store a nunber of URI's that ar

logic/structure/software/firmware module (s) for
performing the following: verifying that a SIP Invite
message received from a UE device includes in the
Request-URI field a URI that 1is operable as a VCC
invocation (i.e., DTR-URI); and generating a suitable SIP
response message (e.d., SIP Alternative Service 3890
Response message) to be provided to the UE device,
wherein the SIP response message is operable 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 IMS node or VCC
application 1is 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 1identified 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

y.
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i nspection of the Request- UR that the requesting UE device is desirous
of invoking VCC service. As will be described in greater detail bel ow,
when a SIP Invite nmnessage is transnmtted by a UE device to the VCC node,
appropriate service logic at the node is operable to interpret and process
the Invite message as a request for a VDN in order to effectuate call
continuity. [0021] In accordance with the teachings of the present patent
di scl osure, the I M5 network node havia§ the CCCF capability is preferably
provi ded devhcapprgst i apeovidgng/ stthectsekdsihf t wad¥RNi r mmare noduhe(s) for

performng_the follow.ng:, verifyin .gzhat a. SIP Invite . ness recei ved
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| MRNs, the network node also includes suitable .
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ynam cal 'y all ocating a
is operable to determine what the IMRN/VDN is for.
[0022] To manage a pool of dynamically allocable
IMRNs, the netwerk 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.
Ancother 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
guarantine 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.



select IMRN to a called party nunber and/or certain unique ID information
(e.g., GRUW) received froma UE 14 device and providing the select IMRNtO
the originating UE device; verifying that the select I MRN has not tined
out when that select IMRNis returned to the network node for effectuating
a call routing/continuity process with respect to the called party nunber;
and optionally, quarantining the select IMRN for a period of tine upon
releasing it back to the I MRN pool fod5future wuse. Thus, the I MRN or group
of I MRNs ©f92B¢ stofadone erbhedNOENdppltilati doldeawierg as stpesat | anal

configurable. data, .or i.nspect| f the for , the. V application is
oo o o EeShetrd B anteal He% MRt e T oo S AR e B pool . of
dynam cal tyeaklrecakissagiMdNs, when nehwouk RRAE dee.dbte MEGAS 414e8) may be
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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 ncde is operable to wverify 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
uniguely identifies the existing call in the domain
currently active (e.g., an IMS/PS domain call via a
WLAN), based on the «c¢all ID/SIP dialog information
provided by the UE device (e.g., based on the dialog
information contained in the Invite message 1in 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.g.,

SIP Alternative Service 380 Response). It should be



reference nunbers at the originating UE device allows for dynamc

provi sioning of IMRNs that could be used for call routing/continuity

wi t hout having to append extra digits to the E 164 nunber to create an

| MRN. 15 [0023] In one enbodinment, the followng steps are typically
involved for effectuating call continuity using the SIP nessaging. Wen
the UE device determnes a need for domain transfer (i.e., an existing
call needs to be continued in a donmailé that is different fromthe domain
in which apprasiatedi ndted) otifersents ardpoiswitedesressahe dlseched to a

PSI, i.e., a Request-URL _that contains.a URI _that is operable t rovide a
VDN back. "S§fle SF®r| nv?f@eﬁ’é‘égﬁb’égposgﬁbpy c¥htaj n@o?lﬂf’grnaif?%ﬁs?ﬁg
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SIP dialog of the call to be transferred (e.g., using a SIP Header such as
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message, PhecORrireEd dgf et ERe dDBHar ubhe dBad e Toms S o
determ necshatttdeh aeiadtd nende gRefagsrigimateguest vbacea ¥oNL The VCC

application node is operable to verify that there is a_SIP dial ogue (i.e.,
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[0024] FIG. Z2A 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 Reguest-URI 1is a SIP
identifier or field that contains a URI {(i.e., DTR-URI or
VVNU) that is known as an operable trigger to return a
VDN that the UE device lcgic uses 1in invoking domain
transfer. With respect to provisioning the PTR-URIs, a
number of implementations are possible. In one
embodiment, one or more DTR-URIs in 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.



information contained in the Invite nessage in a SIP Header (such as the
Target - Di al og header or the Sanme- Session header) or contained in the body
of the Invite (such as in SIPfrag body) ) . The dynamic VDN as well as
avai |l abl e RATs and alternative domain information is sent back to the UE
device via a SIP response nessage (e.g., SIP Alternative Service 380
Response) . It should be 16 appreciated that other 3xx response codes
coul d also be used for effectuating tihis VCC donmi n transfer
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another SIP Header in a SIP 200 OK message. In a still
further embodiment, if there is 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 ID, etc. Examples using

IMSI 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>fhomenetwork. com

<VDN-tag >Username @homenetwork.com

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

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

¢ <VDN-tag>@homenetwork.com



identifier or field that contains a URI (i.e., DITIRURI or WWNU) that is
known as an operable trigger to return a VDN that the UE device | ogic uses
in invoking domain transfer. Wth respect to provisioning the DTIR-URI's, a
nunber of inplenmentations are possible. In one enbodinent, one or nore
DTR-URIs in the formof SIP-URIs or Tel-URI's nay be stored in a renovabl e
storage nodule (Universal Subscriber lIdentity Module (USIM or Renovabl e
User ldentity Module (RUM). Alternat$vely, they nmay be stored in a
nmenory ciFeutherpt ejeatBlswinbdfii het he dewoded U7 mdRegay Hess, the DIR-URIs
may be provi 5| d for a ul af UE devi ce using Open Mbbi | e Alliance
(OWR) De%?‘%@p é@grréﬂt t'(‘%l\/# bieﬁt hghj OBver-the-Air (OTA) mechanisns using
Short Message Service (SM5), Unstructured Suppl enentary Service Data
(USSD) nessaging, or |P transport such as GPRS, |-WAN, etc., or

provi si oned using the SIP Confi gur dt@kdme Framework. In a further

enbodi nent, the DTR-URIs nmay be dynamically allocated to a UE device by
the IMS network at the time of registration using P-associated UR header
or in another Sl P Hedelerifiemn: S| P|20GtGHamssagel. ingnma s Mandafugrtyher
enbodi nent, if tihere i semdYStored DTR-URl afdatddbl e for @ VDN request, it
may be generate fromtthIuse«lxyer Information associated wth the UE
device such as [NRl,o Ry LLoON. R TN &s U3 b2 EECacEX@NPyeS 18wl No| | MBI
i ncl ude: " <VDN- tfag><tvBt>@nsmme<NC> ce<MECs3gpprietwor K- o1 g
" <| MBI ><VDN- t ag>@aree 33 GO herescMCC>. 3gppnet wor k. org  Exanpl es usi hg

Private User | D} ncl uRBAD PIN
UPDATE ADM
DEACTIVATE ADM
ACTIVATE ADM
Bytes Description M/ Length

1 to ¥ |URI TLV data object M X bytes




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

[ 0025] Where stored, the textual representation of DITR URIs may be as
follows: <VDN-tag>@ abel .| abel Usernane<VDN-tag>@onenetwor k. com

<VDN-t ag >User nane@onenet wor k. com <VDN-t ag>@onenet wor k. com 18 Furt her,
the URIs may be coded in nmenory as exenplified in the Tables bel ow. Table
| Identifier: Structure: linear Mandatory '6FXY' fixed SFI: XY Record

| ength: X bytes Update activity: |ow 1#Access Conditions: READ PIN UPDATE
ADM DEACTI VATE ADM ACTI VATE ADM Byt es Description 1 M Length 0 1 to X
URI TLV data object M X bytes 19 Table [lf Identifier: Structure: |inear
Mandatory '6FXY' fixed SFI: “~XY' Record length: X bytes Update activity:

| ow 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
0
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 1s generated and
forwarded to the network node. At the network ncde, 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



Access Co
Descri pti
object M

| dentifie
| MBI, an

nditions: READ PIN UPDATE ADM DEACTI VATE ADM ACTI VATE ADM Byt es

on M Length O 1 Nunber of VDNs M1 byte 2 to X URI TLV d
X bytes [0026] The unique ID information relating to a cal

r (1D, wherein the Instance ID may include at |east one o
| MEI Software Version (IMEISV), a MAC address or a uni que

ata

| may
conprise a GRUU associated with the user and UE device and/or an |Instance

f an

Layer-2 address, an Electronic Serial 2Bunber (ESN), a software ID such as
nmobi | e sofeepaed tepm ha¢ iaentidast, a apdntvensal | pfUni gbbkel dentkfiler

UUI D), and_.a_Mobi,l | denti fj_cation N M i.ded with
he" 11 ustPAPEIAERoRr ofk D02 S 1 (1At tmy bet P rF7EE ckPoRnEnRE 0T
that is ugedobtar 20mani.t oring ata lE€asdr amPerbéostaptelihgrcahk hakgpprtion.

particular, the timer is inplenented for nonitoring the el apsed tinme since
a partichPde cBPF memdteidahumrberine-fenki vt edandbor aaraedatedt he

h de, qt P It 1.t h
Request-U% %PSA%?%CgiSG aékgﬂPV%ﬁ%égahéﬁ.l gﬁ%rgiﬁgﬁﬁ%%zﬁ%§WIkgﬁ

sel ect ed HiyoamtibellpoallafcataM | NMRRE bs dyrldmaal hytassetiatedomath respect

network n

to the call reference nunber or, _wherein the INRNis, 2 mapped to _the at
| east a pBPFioﬁva?T $§ £ PRRe ' OE

?Héeca T information 1s provide

device using an appropriate SIP 380 Response message.
Upon receipt of the dynamically allocated IMRN at the UE
device, the elapsed time associated with the <call
reference number is monitored to ensure that it is not
stale (block 206). The dynamically allocated IMRN is
accepted by the UE device if the time elapsed satisfies a
select condition, e.g., within a time-to-live value
(block 208). Appropriate setup is then initiated by the
UE device using the dynamic IMRN, whereby the accepted
IMRN is returned to the network node since it terminates
on the network node. Upon receipt of the IMRN at the
network node, its time-to-live variable is monitored to
ensure that it 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 avallable 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

devi ce.

vi ce

In



information, e.g., SIP dialog ID, Instance ID and/or GRUU (bl ock 204).
Also, atimer nay be started at the network node for nonitoring a
time-to-live variable associated wth the dynamcally allocated | MRN
Thereafter, the dynamcally allocated IMRN as well|l as alternative domain
and avail able RAT information is provided to the UE device using an
appropriate SIP 380 Response nessage. Upon receipt of the dynamcally
allocated IMRN at the UE device, the2t&lapsed tine associated with the cal
referenceenampéarys pobbtldmedtt.o endur ebidak 222j sapptropsiate Lbyodck 206).

The dynam cated IMRN,s accepted by the UE device if t time
el apsed s8 F%g b% s SedEE (NﬁﬁtlQﬁFr%¥%F %ﬁth?ﬁoﬁ?g?ne the.- IF@Efvalue
(bl ock 20§hf04:\aawehl Hea et ¢S Eh%l'lméﬂl@t eHebh TR RTUE €leyt Cesusi ng
the dynamic I MRN, whereby the accepted IMRN is returned to the network

node si nclnpwnt éeninedres aonV Bibe h@tﬁoﬁ@cn@@§e Yo razehpt Lbf-Nhenl MRN at
the netwpsk nade, dis.didrsloshiveowauiall o i3, 0m0i Lored Loy gnsuge that

it has n iméd out eéreaftér, the ca nd/ or
| nst ance VDN{TMBN, wmdmnﬂddélnwﬁmm aﬁﬁﬁcrmaedomnthlbheeﬁynanpcaBBy
allocated IMRN is utilized for continuing the call ¥%nak|n t he

appr opr i aR&SPREER: dbREI NECSRTESS drF 1Rt § heP cBEFLtvgshatppoER1210). In

one i npl eg@@&%hee iy N385 6} YRR MRM t1oPEhON@bhy Deedeidd ned; bgck to
the pool of IMRNs wherein it nay be quarantined for a certain period of

time beforlkloprk 2§4ﬂeus@@qm'WﬁamﬁmnathnAabm@ Yordévioeethseegbtock 212).
[ 0027] Referrlgg no é&%#;%q$ﬂ§ %pd %%e d%&bcenoggntééc aqg up an

net wor k- cBhtY 2% por e abdve
outgoing call leg to maintain continuity with an existing

call in a different domain (block 226).

[0028] With respect to the cperations at the network
node, e.g., AS 114-N, upon recelving the Request-URI as
well as call information including GRUU and/or Instance
ID 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 UE
device exists in 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 1is allocated and associated with an
ongoilng 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 1in XML to provide various pieces of



met hodol ogy are set forth in additional detail in an 21 exenplary

enbodi nent. At bl ock 222, appropriate logic of the UE device is operable
to provide the call information relating to a call and the DIR-URI (that
is known to return a VDN) to a VCC node such as AS 114-Nin FIG 1.
Responsive to receiving a dynam cally allocated VDN I|NMRN and domai n/ RAT
information via a SIP 380 Response, the UE device is operable to verify
that a call reference nunber associated with the call remains valid

(bl ock 224nfoYpaniwvear rkileatingntot RATEE alevweklt hier ehtéenat proevidesrt he

VDN I MRN to the VCC node to set up. an ut goi all leg to intain
cont i nui t §owi PTRF i s"i“i""?fglak?:]fﬁl pFﬁ atgﬁ ?ewggt 888ﬁﬁan(bl 298§ . [0028]

Wth respegbibRehRgt9BRl at i 9AShat {hEARIMDEK RRAe, ©ed. . mASuidded, upon
receiving the Request-UhI as well as call information including GRUU

and/ or | n§uzahber,| bassforemt tbe, U cdevigehsSilpdEiiione fssagample.

appropria | ogi¢c.at ,the node interrogates. it se .perform a
nnber of DUGPERREATPRNS . NOGER 1oy et R Pkt B Bt ner
the user pgedklewad anal/cabtf) rbMAesengteerkAnatrkerawerlidbileattonthel ates to
whet her the unique ID information received fromthe UE device exists in

the net woPRIHBEE" & UWHIAbASedheomEtEXBRpPEFei R4 HatOt e FetEFYRBTUNI que
ID al reada((ﬁgastﬁe SERafieal gkey & N R0gS f§5’38i‘ﬁ_dR%EpéHsea N JRN; that

coul d be amc 1s allocated and associated with an ongoi ng cal
corr espondingabdyt e aoetsel .vedWhanqudid Dlynafide maMRYN. 1sTheseumetetses are

exenplifi ggei rrlle@w%?: n205 e a-rshe;gg?{tg%’ t‘i’lge U%Mnsar{}ézc Vc%\!u Nfé\lgaggt%gf ernative

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 wverify 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 incliludes 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 inveocation, the contents of the Request-URI are not
utilized by the VCC node for call completion. Instead,
the application logic verifies if there is an ongoing
call for the received User ID or GRUU or based on the
dialog information contained in the Invite in a SIP
Header or contained in the body as described previously.
In one implementation, if there is no ongoing call, the
received SIP 1Invite message may be rejected. As
described in detail previously, a dynamic IMRN/VDN is
assigned to the GRUU based on the determination that



domai n/ RAT information are provided to the UE device via a suitable SIP
380 Response nessage (block 254) . As alluded to previously, the body of
the SIP 380 nessage nay be coded in XML to provide various pieces of 22
information relating to RATs as well as alternative CS or PS donains
available to the UE device. In one inplenentation, such information may be
nodul ated further, based on the UE device's |ocation for exanple.

Al ternatively, where subscriber profibkes relating to preferred and/or

f or bi ddenthetworks are avajdialy e chd 1t hewhiseh vineg |logi mapbetiheeanetmor k node,

additional_filterin may tak | ace before the SIP _380, Response nessage is
sui tabl y BRtBd&f \7\%3—391 t 8§'E§Ei PI3ERE | ©5 et n&d ito l‘ﬁf‘l‘éPIH%H\B?k node as

part of theqUE's YOGGalltd£g sebup, pathfeRetwor k nodggoirel atgs-the
returned | I\/E%N against the GRUU Instance ID record created previously in

order to AfifiakichelVeC ddld Veg wirrhicesgect legihemsmgdingpravidedbl ock

256). Al sg he_,net wor k. node ipclude appropriate,logic to verjfy that
t he receiV%EBI h‘é@nc%.gn@lﬁ%& og?, eaf%anyel? f% eha%e%%?%%%oégtw?’ﬁ%w]
Based on iheckmaegohnfeatibes&oskiildeed iiAyitrhe thay t1lovddi@ppsectiaé euthat the

VCC application logic at the network node preferably includes the
functi onaflf¥yCBo exanirhEethe M?Q{O-QJRPI}&@?WI‘H @ SIPLFPviPe nessage

to deternj k Rl, .¢Qpt ai i eAuasts i i S.AS jated with
VCC i nvoggl??%%f.lelajf hggggc?‘g?gg’ﬂvﬁutbtﬁ%ycg I nvocoar%J:?%)%%ﬂt Iej()%%nct)gn?gﬁ% t he

Request - Urkvar beaot entierkdz ey et s dCRmb deorfiroun bed  ed oopl €hé 0¥ViICCI nst ead,

the applicatlhon. 1 9g,cLeridifs Tydifg e ls 302092 Y nrormation of
the UE device and the state of the device in the CS
network that may be obtained from the DSF (FE-D), the
application logic may appropriately set or select the
RATs for use by the UE device. The access technologies
to which the call handover is to be made may include,
without limitation, well-known technologies such as IEEE
802.11; IEEE 802.1la; IEEE 802.l1lb; IEEE 802.11g; 3GPP-
GERAN-CS; 3GPP-GERAN-PS; 3GPP-UTRAN-FDD; 3GPP-UTRAN-TDD;
ADSL; ADSLZ2; ADSL2+; RADSL; SDSL; HDSL; HDSL2; G.SHDSL;
VDSL; ID3L; 3GPP2-1X; 3GPP2-1X~-HRPD; DOCSIS; EVDO,
CDMAl¥, WiMAX, etc., as well as any heretofore unknown
wired and wireless access types.
[0030] Set forth below 1s an example of a SIP 380

Response message containing XML coded body for purposes

of the present disclosure:



call for the received User ID or GRUU or based on the dialog information
contained in the Invite in a SIP Header or contained in the body as

descri bed previously. In one inplenentation, if there is no ongoing call,
the received SIP Invite nmessage may be rejected. As described in detai
previously, a dynamic IMRNNVDN is assigned to the GRUU based on the
determ nation that 23 there is an ongoing call, which nay be mapped to the
GRUW as well as other pieces of the cdl information, e.g., P-Asserted ID
paranmeters, B-nunber, etc. Additionally, the VCC application |ogic may be
provided wth the functionality to exam._ne the P-Access- Network

i nformati on header for identifyin I tion of the UE device. Further,
| ocation information may al so be obtained using network-based | ocation
technology or could have been entered by the user and comunicated to the

VCC appl$f§yg QN385 gﬁ%érngggb@gsépﬁukpcatlon information of the UE|device
and the state of the device in the network that may be obtai ned|from

the DSF ‘fﬁ@D)SIP(ﬁeO/%Ppmcéétﬁ&hamw@ﬁnﬁyaaﬂm%ﬁ%éwh%%& or select the
RATs for |use-divebkeod)p devi ce. The access technologies to which the cal
handover [is to be pade may include, wthout limtation, well-known
t echnol ogf¥s B kS AR PRSP 11863 - 49™> 4 4892868594 a; | EEE 802. 11b: | EEE
R T o il
B & ; ;
3GPP2- | X; @@?I?@W e\ﬁé&éPs EVDO, CDVAI X, W MAX, etc., as welll as any
her et of of@ntdctioOwWAte W +IEXB4aBd8BLF €l ess access types.

CSeq: 314159 INVITE

Content-Type: application/3gpp-ims+xml
Content-Length: 657
<?xml version="1.0"7?>
<!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>
</vcec~domain-tx>
</type>
<reason>VCC domain transfer to CS domain</reason>
</alternative-service>

</ims-3gpp>




[0030] Set forth belowis an exanple of a SIP 380 Response nessage
contai ning XM. coded body for purposes of the present disclosure: 24
Table 11l SIP/2.0 380 Alternative Service Via: SIP/2.0/UDP

pc33. atl ant a. com branch=z9hG4bKnashds8 ;received=192.0.2.1 To: Bob

<si p: bob@i | oxi . conr; t ag=a6¢c85cf From Alice <sip:alice@tlanta.conp,

t ag=1928301774 Call-1D: a84b4c76e66710 Contact: <tel:+1234567890> CSeq:
314159 I NVITE Content-Type: applicatiofn/ 3gpp-ins+xml  Content-Length: 657
<?xm  ver §00BET 1. 0"29 <IBEEEYPE | BBEL3gpEd Bng <i necBgpgsyer si vasl dud”

<alternati serV| e> <vcc-donai n-t x> <ur|>tel +1234567890</ uri >
<access- t§%§¥ %E ERs 1Y et Sy Hifai REQYPEST <c&p> L Q&HS ABFn-t ype>

</vcc- dO”@h@r&éﬁc <%@ﬁ¥%ﬁﬁ§eaéﬁ@féggkd@BﬁEEgﬁEéBiEe&éé%(¥%§§§§é§</reason>
</alternative- serV|ce>

etc.
[0032] Overall, the VCC application logic is cperable
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 Invocatiocn> element, set to the parameters of

the VCC invecation;

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

- a <CS8>» 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



</inms-3gpp> 25 [0031] In other XM codi ng schenes, various additional
el ements may al so be provided to indicate energency sessions,

operat or-configurabl e text nessages, etc. [0032] Overall, the VCC
application logic is operable to include the following elenents in the XM
body of an exenplary SIP 380 Response nessage: - an <alternative-service>
el enment, set to the paraneters of the alternative service; - a <VCC

| nvocati on> el ement, set to the parameters of the VCC invocation; - an
<VDN> el epefiveecsetthe "MWEN' trodddNamdnbetie -vEC <Coxieel eneskr sebrth "cs" to
Indicate the CS domain as the alternative domain; - a <type> child

el ement, BELO¥o Moo} geFRYPLI2EY iREIEBEBLRRAPT Pﬁm@@aﬂ%ﬁ%@@%né}%an; and
- a <reasgpz.ghid@ %gg%?&inéetantcf | POREERL D) a4 (?.%fc'a%ﬁabﬂl\ﬁu\ffaé%z e.g.,

in a text nmessage. 't “shou e recogni zed by those skilled in the
art that theélmessagéof| i batweeninde ddd ldeviosd iagd comé inomy | MBthet wor k' s

VCC networ k node nay be di at.ed hr.ough n er qf other appropriate
net wor k FﬁFP§§£r58tar8a eﬁEﬁ?&PaiﬁS #gytﬁg ﬁﬁgpgﬁﬁﬁFéd_in a nunber of
ways depepdosgion tkecdeBhcRicgapAY |d tidssafe #Ebl asayhemnebdomr Kofeat ures

and protocol s being used. Typically, the nessage flow may be nediated via
network efépehtatsneh exlh mebitiaudWt chY neredmeEmq MsC)S thdIavikedi a

gat eway Cﬁggggbefqgf{ﬂoQi(ngghnelfggﬂgfg£§BR§GQJ1 the Request-URI
field in accordance with an embodiment. Exemplary UE
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 dialeog 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



bet ween the UE device and its honme I M5 VCC/ network node. Also, there may
be additional I M control plane nodes such as Interrogating Call Session
Control Function (I- CSCF) nodes and Serving CSCF (S-CSCF) nodes disposed
26 between the MSCF node and the VCC node. Set forth belowis an

exenpl ary inplenmentation of the nessage flow where SIP nessagi ng and
dynam cally allocated IMRNS are wutilized for effectuating cal
routing/continuity with respect to a2eall originated by the UE device.

[ 0034] FIEhvaéadephctxltmrmfﬁﬁﬁgcﬁIGMtdangoaqmﬂﬂ@Acébl, ehéentuabrkhg cal

continuity by e ing a SIP_ Invite nessige with a Domain Transfer-URl in
t he Reque8PdeRI4 rfal“éiccf‘ i agtdPHINEE i t ReARCENDSHheREPPERerif aF e UE

devi ce 303&@%%&@&@% npaef 1HMS gy imRdesy o vihungid oBgbity is
operable to generate a SIP Invite message 312 to a network node 308,

wher ei n tmesbayet Slaessaffeci ni:ilajd& unéolmatwan i porbheliRedudst - URE as wel |
as applic | . cal,l _i.nformat.io C erence entity.or nunber,
or the Sl Bﬁgﬁog Befeoﬁ lnbra%lgd t(?ié %l?%l ]E)%VJr%?orP%??%nuF%dtﬁ% Invite
in a SIP Headelaee wntaaned inat fsmlmdmeoftixh@rl feich@hd st Guay Nbaddi tion

to the GRUU and/or Instance ID information. A suitable  tinmer nechanism
310 may bEtRRFEHat(®d ok tHed UERHeFNGe 19V rEerofs oS tidr 2rdshelPo-1ive

vari abl e ASAOELA! o Wilifie e 108ld RELErAPGE NMBRALiatdashRULY Dene

appreciated that this tinmer eprov tion to normal SIP
ti mers asdyhamiopéigt mhlcvcsaike]@vm‘[MRN.pr ovAﬂéea Sréx BBPindRe gphartsethet h

speci i c boloromiion WlRLY ASelidlly SLImLatE oRoeRanah el octhg I nite

timer mechanism, responsive to receipt of the SIP 380
Response message 316, UE device 302 initiates a call
setup message 320 that includes the dynamic IMRN. In
response, MSC 304 generates an Initial Address Message
(IAM) 322 towards MGCE 306. A SIP Invite message 324
that contains the IMRN is generated by MGCF 306 towards
the network node 308, which then uses the IMRN-GRUU
mapping for continuing the call to the called party (not
shown). The network node 308 is operable to look up its
ongoing calls to see if the GRUU and/or Instance ID can
be found. It should be reccognized that various
intermediate SIP messages and resource
allocation/reservation negotiations may take place
between MGCF 306 and the called party subsequent 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



may be nediated via I-CSCF and/ or S-CSCF nodes, a network node 308

di sposed in the user's hone IM5 network is operable to | aunch DTR- UR

l ogic 313 for verifying, generating and populating a suitable response
nessage (e.g., SIP Alternative Service 380 Response nessage) as described
above. Upon verifying that the user is allowed to do a VCC call and the

I nvite nessage includes VCC 27 invocation with respect to an ongoi ng call,
the network node dynamically allocates a select | MRN napped to the cal
and returmsayi t bbackisecaldHedeviatel 3@2evi @a Bl Pr38@ingessage s Guayheedi al og

information contai ned | tqﬁ% Invite Header Qre%f the body of the Invite
may be usE§FESNALEr el Gie BARY  hasspetahiided myt- nFsT nB9Y be

started (Bkeckp3ile atathe 8gt waLkgnede 308 Jih0r ded1idy ARAbL LT aAg
time-to-live variable associated with the dynamcally allocated | MRN

After veriliypkngt hatth hehecaingaigferemseltrasbasedt iaredtiveit GBEYedMBN t he UE

device's i hani s responsive .to i of t SI P _380. . Response
Tessage 378 ORHeu o J05° T BoATEs B Catlis @y Fbkagar So0 FRRY

i ncl udes bhe cdymgmict |HRN. ben rJREPENS et o VBRe 3AMRIENRIG eSwiddrd v t fal
Address Message (1AM, 322 towards MSCF 306. A SIP Invite nessage 324 that
cont ai ns ERBTPRRNLFs CdBREr BRdd b5y Nt <sde(h e 03281 heurkt bRk RAbBe 308,

whi ch t hemiges of he: MR  SRPRLIGNEET SANLIAUING: hOeGabhnt onthe

called party (not =~ shown). The network node 308 Is operabl’e to ook up its

ongoi ng califert dssetoppetihe fGRYUUaape/rard pst dnce {Dloak 336 )f.ound. |t

should be pggagni zegst NAL MY O%e LRESLIRG 3! e (PP MRRSRIRS ANG LgSource
at the device side may also be used to ensure that the
call 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



al l ocation/reservation negotiations nmay take place between MCF 306 and
the called party subsequent to SIP Invite 324, which are not described in
particular detail herein. Also, additional |SUP nessaging that takes pl ace
before a bearer path is established between the UE device 302 and the
called party is not shown herein. [0035] Upon receipt of the dynamcally
allocated IMRN or VDN via SIP Invite 324 at the network node 308, the

ti mer nmechani sm may be stopped (block2826) to verify if the IMRN has tined
out. If sprophgaBER I nvitetoressage VZ& amylbeatdiscar deddand t bethakl

routing process_may be _termnated, |f the |IMRN has nﬁ% ti med out, the CCCF
may set OpTEREL¥AIAS |RLF udPNdtene i gFnditacat et hunBlr P¥nd™@Yi Rk it with

the ongoi ggpsessipnHasgdsgagbie GRA-INRN coggel ati oy ARbSEYBLRY the
| MRN for call correlation by CCCF, it nay be returned to the I MRN pool,

wher ei n aprguargsivne tSTRr @8 be(Zlheredtibveoclksd28)ceguchRebponshe | MRN

is prohibited fromjfurther use until .the quarapntine . tiner is stopped after
a period OF tfie (bﬁféglckh@aéﬁipg [ §@]lnAs %6 nt gﬁi’hout”bﬁoe]fﬁ%ﬁfs?@, ?Ee timer
mechani smyeatrhheddeniycevet deagplyiddsiohe 3med towaasur g-tlatr t Be4, cal |

ref erence nunber has not tined out (e.%., using the tinmer mechani sm 318),
whi ch ref 8RéfBe ASnmbERens BgeRaggtethetOE HBvi E8ViEScoPPEl avéat h&8IP

v ch el g | i “SLf th
ror ey SRoEBAEEY ST DR J MR ndiiad 360 nYIAY Enb MY 5b] 11T

timer expir before the sanme ref isre romthe
net wor k npdeyvitkd Ut déiCce3bhy ndditdtenpnithetesal & glfSocessganptédet er mi ned

nunber of LLIERuLE B0/ VEmP SRS lag Y MRLENuEL "4 °pBYNRG has been

MGCF 306 is operable to generate SIP Invite 374 towards
I-CSCF 352, which may be directly propagated to VCC
application 308 as Invite message 380 having the VDN.
Alternatively, I-CSCF 352 first provides a SIP Invite 376
to S-CSCF 354 which then propagates a SIP Invite 378 to
VCC application 378. Regardless, once the VDN is
received at the VCC application 308, appropriate call
correlation i1s made for effectuating call continuity in
the selected domain.

[0038] FIG. 4 depicts a block diagram of an embodiment
of a communications device operable as a wireless UE
device, e.g., UE 302, for purposes of the present patent
disclosure. It will be recognized'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 wvariations and
modifications, in hardware, software or firmware, with
respect to the wvarious 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



the call procedure nmay be deened to have failed. In other words, if the UE
devi ce receives a reference nunber that is no longer valid, it nay be

di scarded and the call procedure nay be term nated. [0037] FIG 3B depicts
a message flow diagram 300B for effectuating call continuity by enploying
a SIP Invite message with a DTR-URI in the Request-URl field wherein
certain internmediary nodes in a hone network 350 are exenplified. Simlar
to the flow di agram enbodi ment 300A descri bed above, UE device 302 is

oper abl e B02g&BebpteablyStBublett € omes segamBbbcs ole dsulbs§SEem35204 wher ei n
the SIP Invite nmessage_includes GRUU and a URI contained in the R-UR
known to Fh%keli/céap?ﬁ% |9ivi P8 ﬁés?é’&@ %0@9“%)?%55@%%&9((9 VoS

appli cat! ganadf e ther qfi6rt |y, SLE | Msle 62 AopdaS CSChrgat by way
of SIP Invite nessages 358 and 360. As describe previ ously, SI'P 380

(Al t er nat comm8aiviatépnResposgetemestdye BB taling MmialdesanngDl\br
information_ is ener at ed Q% chsagglication 30% tomatgg C§§£ 354, which
is then pP8pEgdiEEHTHE 480 A8RIPVi 8191 T eSPBRSHY BEsA 4 | aEet up
nmessage 3@81havsnthddwcMANd Scompevbted tsndbG804neWdiChnd i t Latgs a CS
origination Erocedure 370. IANInessaglng4372 from MSC 304 towards MSCF

306 is op@ﬁﬁb ¢2tprgdhdy amod ey n{1¢ eas qmsunm@ﬂ%@ SWﬁhch may
oo\ b, LRl 81 M on (308 Seut L ngesaage g0 vl no
S- CSCF 354ppharehtt Inentpbeaagacuﬂﬂeai SIirP ﬁmlfBeBcTBOfocoM@ﬁhapatn.oas;on 378.
Regardlessh OB%%tEE%lX?Nde51gn of the communication module 404 may
be dependent upon the communications networks with which
the mobile device 1is intended to operate (e.g., a CDMA
network, a GSM network, WLAN, et ceteral. 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 receilver 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/A) conversion, frequency up conversion,
filtering, amplification and transmission over the air-
radio interface via antenna 416.
[0039] 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,



received at the VCC application 308, appropriate call correlation is nade
for effectuating call continuity in the selected domain. [0038] FIG 4
depicts a bl ock diagram of an enbodi nent of a communi cations device
operable as a wireless UE device, e.g., UE 302, for purposes of the
present patent disclosure. It will be recognized by those skilled in the
art upon reference hereto that although an enbodi nrent of UE 302 nay
conprise an arrangenent simlar to ongt shown in FIG 4, there can be a
number of ggaeiralligns andabedid i cat iensrefaracdwarimersaf ty@age orThi r maar e,
with respect to the various nodul es depicted. Accordingly,  the |

ar r angemeRPNEEOEl GCe Sshoufd el /Fekeh é§4i MaYst3 b3 vee rREMerdqthah?l i miting

Wi th respeghmnhaikAes 8APOGEBNt S 1  HiNe pat eqy, di scl pgurgn A
m cr opr ocessor Alf % lpr ovi chi ng for the ovcggrlzﬁS csi)ntro{.(5 of an errbogflﬁent of
UE 30 302mpdewmpatablipncodfMeRUId! d rammiaticadldnisubsysslehe 404ththat is

capable o L-mode conmuni cations .(e.g. domajn, |P domain such as
B et cetlrsprinRe e AR Ear JHs yaF ekAo A GEHEA 5 TR 4ds oneor
nore recexMar So#Rér anih QiEn D i ST e 4d aRsFNt t 85S #ldras el leay agsoci at ed
conmponents such as one or nore local oscillator (LO nodules 410 and a

processi ngdRBA&FEc3téRn agdasybgrrdbesi-gedlatgcodesgor (DSP) 412. As will be
Ges; gn of LORROTST bErAiRS L oSYEtiy nay T tha Reperdint CBBACFRIE
communi caseonscaetariks wbfhwaltechnay hbenohideiideyi da is parsndednto
operate (g,8rsgd SO YK, (B SRMMSIET g VAN, oL, 88t o)y Tpardi ess
of g ’ g
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 1is 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
constructicon 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 wvarious changes and modifications could



the particul ar 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. Simlarly, signals to be transmtted are
processed, including nodul ati on and epncodi ng, for exanple, by DSP 412,
and provi gded tmadle anstiditein 414riftiout gdéphrt Ongafabag (HY Adceeaversi on,
frequency up conversion,, filtering, anplification and transm ssion over
the air- FBBi PTRAPERFact SFLORMRNHS 456T [608OF MRr dftCocéedéPWADY may

al so intephaggwith further device subsystens such as auxiliary

i nput / out put fI/C» 418, serial port 420, display 422, keyboard/keypad
424, speaker 426, m crophone 428, random access nenory (RAM 430, a
short-range communi cati ons subsystem 432, and any ot her device subsystens,
e.g., tinmer nechanisns, 31 generally |abeled as reference nuneral 433. To
control access, a SIMRU M 434 may al so be provided in conmunication with
the m croprocessor 402. In one inplenmentation, SIMRUMinterface 434 is
operable with a SIMRU M card having a nunber of key configurations 444
and other information 446 such as R-URIs as well as identification and
subscriber-rel ated data. [0040] Operating system software and applicable
service logic software may be enbodied in a persistent storage nodul e
(i.e., non-volatile storage) such as Flash



menory 435. I n one inplenentation, Flash nmenory 435 may be segregated into
different areas, e.g., storage area for conputer prograns 436 (e.g.
service processing logic), as well as data storage regi ons such as device
state 437, address book 439, other personal information manager (PIM data
441, and other data storage areas generally |abeled as reference nuneral
443. A transport stack 445 may be provided to effectuate one or nore
appropri ate radi o-packet transport prétocols. In addition, a DITR-UR

gener at i ofBARdIEaFLAIRBRJEYer/ continuity | ogic nodul e 448 is provided for
effectuating DTR-URI and call reference |ID generation, validation
verification, and correlation with MRNs, etc. as set forth hereinabove.
[0041] It is believed that mdchapereaatdartiangd oconsat rusér oreqiigrent

enbodi nents_of t e,presengygatent agglication will be apparent fromthe

Detail ed ‘BBScrigtiisit set@®Forfh gbovBIOWRPPRTt het YxenpPary tL1B8/bodithent s

shown and,dgselhbedn may chave haehiddacact erhzed andsing prefssed, it
shoul d be readily understood that various changes and nodifications could

32 be madiéPt herelnimpgdhaut sdepusteng { FUM t eeteope, of saithe npridsuht

disclosurggﬁérfgi %Qrth inthe followng clains. 33 WHAT IS CLAIMED | S:
1. A nmetho xecut hg on a user equi pnent (UE) device having a processor
for operating phrovadsngj atiien av thsan opngdh higi £l dn i Pramokater (etp)Pr ot oco

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 an
indication operable as an invocation for call continuity;

receliving a zroutable number from said network node
via a SIP response message;

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

sending a message containing said routable number to
salid network node for effectuating call continuity with

respect to said ongeoing call in another domain.

2. The method as recited in claim 1, wherein said
SIP response message comprises a SIP 380 (Alternative

Service) Response.

3. The methed as recited in claim 1, wherein said
SIP response message further includes an alternative
domain available to said UE device for continuing said

call.



(I'P) nmultinedia subsystem (I M5) network, said nmethod conprising:
providing, via a Session Initiation Protocol (SIP) Invite nessage, cal

i nformation associated with said ongoing call in one domain to a network
node disposed in said IMS network, said SIP Invite nmessage including an
i ndi cati on operable as an invocation for call continuity; receiving a
rout abl e nunber fromsaid network node via a SIP response nessage;
verifying that a call reference nunbep4 associated wth said ongoing cal
is valid; and $endi Aigea nexsdmd congai mar & dinogiabme Jhwrbeeren sai d
network n for in .l c Lnuity w respect i d ongoi ng
call in a%%?%eraég%%ﬁﬁggg% T%g%%%%hoggééqﬁgg%teéﬁ?h éﬁ;IﬁZLééﬁggéin said
SI P resposséet oredag@seonutivgas ad&hdiB88nfAkt erinaddite-swlaratieer) (Besponse.
3. The method as recited in claim1l, wherein said SIP response nessage
further |RBFUAEYX dA™afPernative domain available to said UE device for
continuing said call. 34 4. The nmethod as recited in claim3, wherein
said alternative domain conprises one of a packet- swi tched (PS) network
domai n and a chrcui Thewinethed EES)remietewr kndotain. 15. Witergmst howi s

ited i im1, wh [ id | nb [ VCC Domai
ranster RGHDEPLE (VERIEE, TR REERo ad CFect Ra n IERRSHCE, BV n Sai d

(VDN) .

6. The method as recited in claim 1, wherein said
routable number comprises an IP multimedia routing number

(IMRN]) .

7. The method as recited in c¢laim 1, wherein said
call information includes at least one unique identity

(ID) parameter associated with said UE device.

8. The method as recited in claim 7, wherein said
unigue ID parameter comprises at least one of a Globally
Routable User Agent (UA) Uniform Resource Identifier
(URI) (GRUU), an International Mcbile station Egquipment
Identity (IMEI), an IMEI Software Version (IMEISV), an
Electronic Serial Number (ESN), a Universally Unique
Identifier (UUID), a Mobile Identification Number (MIN),
a unicue Layer-2 address, a mobile software terminal
identifier, and an Instance ID associated with said UE

device.



rout abl e nunber conprises an IP nultinedia routing nunber (IMRN). 7. The
method as recited in claiml1, wherein said call information includes at

| east one unique identity (I1D) paranmeter associated with said UE device.
8. The method as recited in claim7, wherein said unique |ID paraneter
conprises at |east one of a Gobally Routable User Agent (UA) Uniform
Resource ldentifier (URI) (GRUU) , an International Mobile station

Equi pnent  ldentity (IMEl), an IMEI Séftware Version (IMEISV), an

El ectroni c SerPal NihBer (ESN)od a Usisveraallisgd Ui gqgéalirddnt i #he¥eiul D), a

Mobi | e | dent i,f Leat | . r N)., i er s S bile

sof twar e ?gﬁﬁiﬁg? Iﬁ%é##??%@ﬁ%%%n&%aﬁﬂrﬁgfgﬁge aﬂé&éﬁ%ﬁi&ﬁ%ﬁfﬁ?@aid UE
devi ce. 35aif. ofigeimnet vad l1asi g ece tled tonchiausdl fromerseifisai dd&GhLinnvite
nmessage i s provided upon determning that said ongoing call is to be

conti nued™Pr8nt&CPPHstOBBMBIn to a second domain. 10. The nethod as
recited in claim9, wherein said first domain conprises one of a PS
network domain and a CS network donmain. 11. The nmethod as recited in claim
9, wherein sai d0.se€tbadmgsimeidn scconprd slesd ohe eflaampg, nettwordkirdosmich and a

CS networ k; domaig, 12 The Method as recited in plaim dhoouherefn, said
i ndi cation~conprises a UnitormResource ldentifrer f Rﬁf that®1% St ored
| ocal |y i psaneewoyabtemstarage nodul e associated with said UE devi ce.

11. The method as recited in claim 9, wherein said
second domain comprises one of a PS network domain and a

CS network domain.

12. The method as recited in claim 1, wherein said
indication comprises a Uniform Resource Identifier (URI)
that 1s stored locally in a removable storage module

associated with said UE device.

13. The method as recited in c¢laim 1, wherein said
indication comprises a Uniform Resource Identifier (URI)
that 1s stored locally in a memory circuit integrated

within said UE device.

14. The method as recited in claim 1, wherein said
indication comprises a Uniform Rescurce Identifier (URI)
that is dynamically allocated to said UE device by said
IMS network.

15. The method as recited in c¢laim 14, wherein said
URI is provided in one of a SIP header or a body of a SIP

messade.



13. The method as recited in claiml, wherein said indication conprises a
Uni form Resource ldentifier (URI) that is stored locally in a nenory
circuit integrated wthin said UE device. 14. The nmethod as recited in
claiml1, wherein said indication conprises a Uniform Resource ldentifier
(URI) that is dynamcally allocated to said UE device by said |M
network. 15. The method as recited in claim 14, wherein said URl is
provided in one of a SIP header or a Bbdy of a SIP nmessage. 36 16. The
nmet hod as reci t&d i AD€l ai MAthether et sEFEL T Bt iICdA 18orfpr i $@8T@1 NI f or m

Resour ce tifier WRl) -Lhat i Lsscreaggd Ry sad Mevige,pased, on a
user ID %grﬁgmelt ecﬁcaasgsl(l)gcﬁ a?e@swltﬁsséal d %E devi ce. OIELAI% The metﬁ%d as
recited i nUBLaI mhkt wherereasad dbyi rdiichtiondeoipei besed Um farusd&esour ce

ldentifier (URI). 18. The ne had ag retheg ig cl.aim 2, wherein said SIP
380 (AIteFHaPP53m95?6iéﬁfoﬁég%S slithcPaddsUE FR¥LCEF  radio access
technol ogies. 19. A user equipnent (UE) device operable in an Internet
Protocol (IP) multinmedia subsystem (I M5) network, said UE device
conprising: a prece$bsr MeGHOCy A @l eont 1Bl Cdeiledst WiRron asapfiural ity
of SUb'SyihﬁgEakﬁ Br8¥@§?iségaaauﬁﬁ%g&%PFeEBhEb%tﬁ&@nﬁﬁ%ﬁg%Phuﬁ§gP) | nvite
nessage, ca i'nformatton assoclated w th an ongoing call " in oné domain
to a network node disposed in said | M5 network, said SIP Invite nessage
i ncluding an indicatjon operable as an , , , ,
18. The method as recited in claim 2, wherein said
SIP 380 (Alternative Service) Response includes a list of

radio access technologies.

19. A user equipment (UE} device operable in an
Internet Preotccol {IP) multimedia subsystem (IMS)
network, said UE device comprising:

a processor configured to control at least one of a
plurality of sub-systems to provide, via a Session
Initiation Protocol (SIP) Invite message, call
information associated with an ongoing call in one domain
to a network node disposed in said IMS ﬁetwork, said SIP
Invite message including an indication operable as an
invocation for call continuity;

the processor further configured to contrecl one of
the plurality of sub-systems to process a routable number
received from said network node wvia a SIP response
message;

the processor further configured to control one of
the plurality of sub-systems to verify that a call
reference number associated with said ongoing call 1is

valid; and



invocation for call continuity; the processor further configured to control
one of the plurality of sub-systens to process a routable nunber received
fromsaid network node via a SIP response nessage; the processor further
configured to control one of the plurality of sub-systens to verify that a
call reference nunber associated with said ongoing call is wvalid; and 37
the processor further configured to control one of the plurality of
sub-systens to send a nmessage contai nfhg said routable nunber to said

net wor k node fbhe ebfecegapritng feathegoromiui Iyrsd te reedpeed!l tonsaPf ongoing

call In appehen domay 20T bk daviice a8, erifet Ln; cLahm 19 yherein

said SIP response mes € conprrses a ernative rvic
Response. s21d TheoWkaldewi cenasb¢eci ted | macldi Mm@ wowntker enndesai flosl P
response nessage further _includes an alternative domain ayailable to said
UE devi ce®f6FCEBAELREI AGLaic®N QUL Y22 i g WP HE Vi IR S317 eRPIRU P n cl ai m
19, wherepn;sapd abtgerayibmgidomai n conprises one of a packet- sw tched
(PS) network domain and a circuit-switched (CS) network domain. 23. The UE
device as recited in claim19, wherein said routable nunber conprises a

ch Rﬁg?;?nTraaaterThQUQR?rdéQ&c 'a%4rég¥%égz9§VEﬁ%i%§]&ECi&ﬁgréfnC|aim
said S1p response message comprises a SIP 380

(Alternative Service) Response.

21. The UE device as recited in claim 1%, wherein
said SIP response message further includes an alternative
domain available to said UE device for continuing said

call.

22, The UE device as recited in claim 19, wherein
said alternative domain comprises - one of a packet-
switched (PS) network domain and a circuit-switched ({(CS)

network domain.

23. The UE device as recited in c¢laim 19, wherein
said routable number comprises a VCC Domain Transfer

Number (VDN).

24, The UE device as recited in claim 19, wherein
said routable number comprises an IP multimedia routing

number (IMRN).

25. The UE device as recited in claim 19, wherein
said call information includes at least one unigue

identity (ID) parameter associated with said UE device.



sai d routabl e nunber conprises an IP nultinmedia routing nunber (IMN). 25.
The UE device as recited in claim19, wherein said call information

i ncludes at |east one unique identity (ID) parameter associated with said
UE device. 38 26. The UE device as recited in claim?25, wherein said

uni que | D paraneter conprises at |east one of a G obally Routable User
Agent (UA) Uniform Resource Identifier (URI) (GRUU), an International
Mobi |l e station Equiprment ldentity (1REl), an | MEl Software Version
(IMEISV), a Universally Unique Identifier (UU D), an Electronic Serial

Nunber (ESN), ggMbbihe kfengificati Lan dée%;i@; er (M g%gigntg@dggﬁhé%% 2

address, a nobile software “fterm na 1 er, ance
associatedamﬁihunsqmellmE dpuiremet2¥. d&mpii%&hﬂname asasecidred bd chaim 19,

wherein i vite e is provide on determning that said
ongoi ng cgﬁpgﬁi %@Wﬁﬁ#ﬁ%ue $To aePFrsﬂ égwmq?l D SREIAY GO mai n.
28. The UEdeﬁ\atL@@e@s (U8Q)t ety ) ahM 2 A WgRIoRa1SakShf1id St £ONBH N
conprises one of a PS netmork domain and a CS network donain. 29. The UE

devi ce asEpuépmenti nldeattdmty7, WNEIdin agai dMEkondHomia cémpsiees one of

a PS net ﬁ aan r in %} e as_recited
¢ ) E ) .
inclaim 5 mﬁqﬁéln sngvln8?§%??o§“g§ﬁ§r|£%§951 ?orﬁggg Urc%r1
| denti fi eEleCURbhithaterisalst Buedelkoc@dny) ,i naa Mcavabt @est OF aget : sdul e
aSSOC|ated wth said UE device. ,
Number (MIN), a unique Layer-2 address, z mobile software
terminail identifier, and an Instance ID associated with

salid UE device.

27. The UE device as recited in c¢laim 19, wherein
said SIP Invite message is provided upon determining that
said ongoing call is to be continued from a first domain

to a second domain.

28. The UE device as recited in ¢laim 27, wherein
said first domain comprises cne of a PS network domain

and a C3 network domain.

29. The UE device as recited in claim 27, wherein
salid second domain comprises one of a PS network domain

and a CS network domain.

30. The UE device as recited in claim 19, wherein
said indication comprises a Uniform Resource Identifier
(URI) that is stored 1locally in a remcvable storage

module asscciated with said UE device.



39 31. The UE device as recited in claim19, wherein said indication
conprises a Uniform Resource Identifier (URI) that is stored locally in a
menory circuit integrated within said UE device. 32. The UE device as
recited in claim19, wherein said indication conprises a Uniform Resource
Identifier (URI) that is dynamcally allocated to said UE device by said

| MS network. 33. The UE device as recited in claim32, wherein said URl is
provided in one_of a SIP_header or a B%dy of a SIP nessage. 34. The UE
devi ce as recited i A8l al’m BEViftfer &5n Te&H R nti &t 3 bR %gnpvh§€%l% Uni f or m

Resource Ldentifi®rcadidy) cgmahgéscra¢a9ﬁ9f8¥m$qie%o%c%evt&@npfﬁfgrOn a
user | D paraneter associated wth said UE device. 35. A network node
oper abl e WIRABI N daltnt ermetst®redocobcglPy mint i mediremsetisy stentil Vb)

network, .c rising: .a,component._canfigured to verify that a Session
Initiatioﬁngg558§8ﬁ (é?B}HFEQ?gebﬁegggégereceived froma user equipnent
(UE) device includes an indication that is operable as an invocation for

cal | continuit%; a conponent configured to generate a SIP response nessage
to be provided3fo saP@ UE désvtes @ffereiditad dinsrpaisspchsevnesshige is

oper abl e 9;hnc e At d aéBm@E?sle i‘”uffﬁ&'}nt iﬁ%@u@:d&“i&é‘ﬂtff‘f@fr .
(1 , one or nore radio access technol ogies and an alternative donain
oper abl e WiRA ) sdahétUR sdedyrceni@ndl 0allocated to said UE device by

said IMS network.

33. The UE device as recited in claim 32, wherein
said URI is provided in one of a SIP header or a body of

a SIP message.

34. The UE device as recited in claim 19, wherein
said indication comprises a Uniform Resource Identifier
{(URI) that is created by said UE device based on a user

ID parameter associated with said UE device.

35. A network node operable within an Internet
Protocol (IP) multimedia subsystem (IMS3) network,
comprising:

a compeonent configured to verify that a Session
Initiation Protocol (SIP}) Invite message received from a
user equipment (UE) device includes an indication that is
operable as an invocation for call continuity;

a component configured to generate a SIP response
message to be provided to said UE device, wherein said
SIP response message 1s operable to include at least one
of an IP multimedia routing number (IMRN), one or more
.radio access technolecgies and an alternative domain

operable with said UE device; and



a conmponent configured to verify that said I MRN recei ved back via a nessage
fromsaid UE device with respect to effectuating call continuity renains
valid. 36. The network node as recited in claim35, further conprising: a
conponent configured to associate said IMRN with a unique identity (ID)
paraneter received fromsaid UE device with respect to an ongoing call.

37. The network node as recited in claim35, wherein said radio access

t echnol ogi es i ncl ude technolo%Les seffcted from | EEE 802. 11a technol ogy,

| EEE 802. 11b fecHiBPUMWAL | ERPRIGERIECy t@chidrbhy, EoM EDRELd RalBN Access
Net wor k ( CERAR e%gﬂ%Lo - and I al bi Telwec i.catipns System
(UMTS) tegﬁﬁép%ag, an éb u?iéﬁg%g %aﬁ%ﬁ%?n?égg ?E%D%%%Fgghﬁ% ggy. 38.
The networkspedé as eécetedaiingl aril35ontwhernéiyn readnal tvednat.i ve domai n
conprises one of a packet-switched (PS) network domain and a circuit-

swi tched (CS) network domain. 39. The network node as recited in claim 35,
wherein said indicarhen ¢eWRLIr%eS ndddni fy mRaspusLe id deptafher3¢UR) that
is stored in a database associated w th said network node. 40. The network
node as r&BirtBEri GOBPELMIBE: wherein said alternative domain is identified
insaid SIP res S I .- U : - . et wor k node
as recited in %I ggﬁlﬁgggﬁ\j}hg%gfﬁ%g%e?étﬂ ?rsngaog‘lrl\r;%gedo%%%Rgggh I f%{\gd in
sai d SI P unegpenskdarssage (IDan fadbdetar mateceived from said UE

device with respect to an ongoing call.

37. The network node as recited in claim 35,
wherein said radio access technologies include
technologies selected from IEEE 802.1la technoclogy, IEEE
802.11b technology, IEEE 802.1lg technology, GSM/EDGE
Radio Access Network (GERAN) technology, and Universal
Mobile Telecommunications System {UMTS) technology, and

Evolution - Data Optimized (EVDO) technology.

38. The network node as recited in c¢laim 35,
wherein said alternative domain comprises one of a
packet-switched {PS) network domain and a circuit-

switched (C8) network domain.

39. The network node as recited in <¢laim 35,
wherein said indication comprises a Uniform Resource
Identifier (URI) that is stored in a database associated

with said network node.

40. The network node as recited in ¢laim 35,
wherein said alternative domain is identified in said SIP

response message in a Tel-URI format.



42. A nethod executing on a network node having a processor for
effectuating call continuity, said nethod conprising: verifying that a
Session Initiation Protocol (SIP) Invite nessage received froma user
equi pnment (UE) device includes a Request-Uniform Resource ldentifier
(RURI) field that contains a URI that is adapted to operate as an

i nvocation for call continuity;, generating a SIP response nessage towards
said UE device, wherein said SIP respbnse nessage includes at |east one
of an IP multinmedia routing nunber (IMRN), one or nore radi o access

t echnol ogi es a@g.anTﬁ%EEEg@R5¥% g%@%ina%pe@%@f%égtt&@mﬂ&hé%ﬁde i ce; and

verifying that "Said recei ved back via a nmessage rom sai d devi ce
Wi th respghtrtonetbéct natemgatalvke doartinnuid Vi denmifisd/aln dsa43. SThe net hod
as recited in claim42, wherein sai% %Iternative domai n conprises one of a
packet - swrEEREBSe( PSFSABEWORk2Bofralt A4ah8TR2Ei r cui t - swi t ched (CS) networ k
domain. 44. The nmethod as recited in claim42, wherein said alternative
dormain is identified in said SIP response nessage in a Tel-URl format. 42
45. The net hod4ds racimeddiacon etedyt U2y whertei mesedtk ahpdendtawigrcdorain i s

tdentified in sald S LEPROPSS:MESSAYE 1 el Fud®8y ! OWIBY method

comprising:

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

generating a SIP response message towards said UE
device, wherein said SIP response message includes at
least one of an IP multimedia routing number (IMRN), one
or more radio access technologies and an alternative
domain operable with said UE device; and

verifying that said IMRN received back via a message
from said UE device with respect to effectuating call

continuity remains wvalid.

43, The method as recited in claim 42, wherein said
alternative domain comprises one of a packet-switched
{PS) network domain and a circuit-switched (CS) network

domain.

44. The method as recited in claim 42, wherein said
alternative domain 1s identified in said SIP response

message in a Tel-URI format.



42
45, The method as recited in claim 42, wherein

sald alternative domain 1is identified in said SIP

response message in an E.164 format.



