
WO 2008/002997 PCT/US2007/072278  1 METHOD AND
APPARATUS FOR MAINTAINING  CALL CONTINUITY IN WIRELESS
COMMUNICATION  1. Claim of Priority under 35 U.S.C.
119 [0001] The present Application for Patent claims
priority to Provisional Application  Serial No.
60/817,216, entitled "SINGLE RADIO VOICE CALL
CONTINUITY," filed  June 27, 2006, assigned to the
assignee hereof, and expressly incorporated herein by
reference. BACKGROUND  1. Field [0002] The present
disclosure relates generally to communication, and
more specifically  to techniques for maintaining call
continuity in wireless communication. II. Background
[0003] Wireless communication networks are widely
deployed to provide various  communication services
such as voice, video, packet data, messaging,
broadcast, etc.  These networks may be multiple-access
networks capable of supporting communication  for
multiple users by sharing the available network
resources. Examples of such  multiple-access networks
include Code Division Multiple Access (CDMA) networks,
Time Division Multiple Access (TDMA) networks,
Frequency Division Multiple  Access (FDMA) networks,
Orthogonal FDMA (OFDMA) networks, and Single-Carrier
FDMA (SC-FDMA) networks. [0004] A CDMA network may
implement a radio access technology (RAT) such as
Universal Terrestrial Radio Access (UTRA), cdma2000,
etc. UTRA includes  Wideband-CDMA (W-CDMA) and Low
Chip Rate (LCR). cdma2000 covers IS-2000,  IS-95 and
IS-856 standards. A TDMA network may implement a RAT
such as Global  System for Mobile Communications
(GSM). These various RATs and standards are  known in
the art. UTRA and GSM are described in documents from
an organization  named "3rd Generation Partnership
Project" (3GPP). cdma2000 is described in  documents
from an organization named "3rd Generation Partnership
Project 2"  (3GPP2). 3GPP and 3GPP2 documents are
publicly available. WO 2008/002997 PCT/US2007/072278  



2 [0005] Different RATs typically have different
capabilities, and different releases of a  given RAT
may also have different capabilities. For example, GSM
is a second- generation (2G) RAT that supports voice
and low rate data services. W-CDMA is a
third-generation (3G) RAT that supports concurrent
voice and data services, higher data  rates, and other
enhanced features. Each RAT may support
circuit-switched (CS) and/or  packet-switched (PS)
calls. Circuit-switched refers to transfer of data for
a user via  dedicated resources (e.g., a dedicated
traffic channel) assigned to the user. Packet-
switched refers to transfer of data for a user via
common resources (e.g., a shared traffic  channel)
that may be shared by multiple users. [0006] A user
equipment (UE) may be capable of communicating with
wireless  networks of different RATs such as W-CDMA
and GSM. This capability may allow a  user to obtain
the performance advantages of W-CDMA and the coverage
benefits of  GSM with the same UE. The UE may have a
voice call with one wireless network and  may roam
throughout the network or to another wireless network.
It is desirable for the  UE to maintain the voice call
even as the user roams about. [0007] There is
therefore a need in the art for techniques to maintain
call continuity in  wireless communication. SUMMARY
[0008] Techniques for performing packet-switched to
circuit-switched (PS-to-CS)  handover and
circuit-switched to packet-switched (CS-to-PS)
handover in order to  maintain call continuity for a
UE are described herein. In one design of PS-to-CS
handover, the UE may communicate with a first cell in
a radio access network (RAN)  for a PS call, e.g., for
Voice-over-Internet Protocol (VoIP) via High-Speed
Packet  Access (HSPA) in W-CDMA. The UE may send
measurement reports to the RAN and  may receive a
trigger from the RAN. In response to the trigger, the
UE may establish a  CS call with the first cell while
the PS call is pending at the first cell. The UE or
the  network may then terminate the PS call after
establishing the CS call. The PS call and  the CS call
may be for a voice call, and the UE or the network may
switch data path for  the voice call from the PS call
to the CS call after establishing the CS call and
prior to  terminating the PS call. The UE may then
perform handover of the CS call from the  first cell
to a second cell. The first cell may be a W-CDMA cell
that supports VoIP, and 



WO 2008/002997 PCT/US2007/072278  3 the second cell
may be another W-CDMA cell or a GSM cell that does not
support  VoIP. [0009] In another aspect, a UE may
receive broadcast information from a cell indicating
whether the cell has VoIP capability. The UE may
update registration with a network  based on the
broadcast information. The UE may register with the
network to receive  calls in the PS domain if the cell
has VoIP capability and may register with the network
to receive calls in the CS domain if the cell does not
have VoIP capability. The UE may  update registration
while it is in an idle mode so that pages and calls
can be properly  delivered to the UE. [0010] Various
aspects and features of the disclosure are described
in further detail  below. BRIEF DESCRIPTION OF THE
DRAWINGS  [0011] FIG. 1 shows a deployment of a RAN
and a core network.  [0012] FIG. 2 shows an example
deployment scenario for 3GPP. [0013] FIGS. 3A to 3E
show HSPA VoIP to W-CDMA CS handover for a UE.  [0014]
FIG. 4 shows a process for performing PS-to-CS
handover by a UE. [0015] FIG. 5 shows a process for
performing PS-to-CS handover of a UE by a RAN.  [0016]
FIG. 6 shows a process for performing CS-to-PS
handover by a UE. [0017] FIG. 7 shows a process for
performing CS-to-PS handover of a UE by a RAN.  [0018]
FIG. 8 shows a process for updating network
registration by a UE. [0019] FIG. 9 shows a block
diagram of a UE and some network entities in FIG. 1.
DETAILED DESCRIPTION [0020] The handover techniques
described herein may be used for various wireless
communication networks such as CDMA, TDMA, FDMA,
OFDMA, and SC-FDMA  networks. The terms "network" and
"system" are often used interchangeably. For  clarity,
the techniques are specifically described below for
3GPP-based networks. [0021] FIG. 1 shows an example
deployment 100 of a Universal Terrestrial Radio
Access Network (UTRAN) 120 and a core network 130 that
support communication for  UEs. For simplicity, only
one UE 110 is shown in FIG. 1. UE 110 may also be
referred  to as a mobile station, an access terminal,
a subscriber unit, a station, etc. UE 110 may 



WO 2008/002997 PCT/US2007/072278  4 be a cellular
phone, a personal digital assistant (PDA), a wireless
device, a wireless  modem, a handheld device, a laptop
computer, etc. [0022] UTRAN 120 includes Node Bs
coupled to Radio Network Controllers (RNCs).  For
simplicity, only three Node Bs 122a, 122b, and 122n
are shown coupled to a single  RNC 124 in FIG. 1. In
general, UTRAN 120 may include any number of Node Bs
and  any number of RNCs. Each RNC may couple to a
respective set of Node Bs and  possibly to one or more
other RNCs. A Node B may also be referred to as an
evolved  Node B (eNode B), a base station, an access
point, etc. Each Node B supports radio  communication
for the UEs within its coverage area. As used herein,
a "cell" can refer  to the smallest unit of coverage
in a wireless network and/or a Node B responsible for
this coverage area, depending on the context in which
the term is used. The terms "cell"  and "Node B" are
used interchangeably in the description below. RNC 124
provides  coordination and control for Node Bs 122.
For example, RNC 124 performs radio  resource
management, some mobility management functions, and
other functions to  support communication between UEs
and UTRAN 120. [0023] Core network 130 includes a
Serving General Packet Radio Service (GPRS)  Support
Node (SGSN) 132, a Gateway GPRS Support Node (GGSN)
134, a Mobile  Switching Center (MSC) 136, and a Voice
Call Continuity Application Server (VCC  AS) 138 that
can anchor CS and PS calls. SGSN 132 facilitates
exchanges of data  packets between UTRAN 120 and GGSN
134 and performs mobility management for  UEs with PS
calls. SGSN 132 interfaces with RNC 124 in UTRAN 120
and supports  PS services for UEs communicating with
the UTRAN. GGSN 134 performs routing  function and
exchanges data packets with external data networks.
MSC 136 supports  CS services (e.g., for voice) and
performs mobility management for UEs with CS calls.
VCC AS 138 supports voice call continuity for UEs and
provides capabilities to transfer  voice calls between
CS domain and IP Multimedia Subsystem (IMS), which
utilizes PS  domain. IMS is an architectural framework
for delivering IP multimedia services to  users. All
voice calls for UE 110, which may be CS calls and/or
PS calls, may be  anchored in VCC AS 138. VCC AS 138
may perform functions to handover a voice  call to the
appropriate domain as UE 110 moves about. VCC AS 138
allows UE 110 to  



move between CS and PS domains by "calling into" VCC
AS 138 and moving the voice  call to the new domain.
WO 2008/002997 PCT/US2007/072278  5 [0024] For
simplicity, SGSN 132, GGSN 134, MSC 136, and VCC AS
138 are shown  belonging in the same core network 130
in FIG. 1. In general, these network entities  may
belong in the same network or different networks. For
example, VCC AS 138 may  belong in a home network for
UE 110, and the other network entities may belong in
the  home network (e.g., if UE 110 is not roaming) or
a visited network (e.g., if UE 110 is  roaming).
[0025] The network entities in UTRAN 120 and core
network 130 are described in  3GPP TS 23.002, entitled
"Network architecture," March 2006, and in TS 23.206,
entitled "Voice Call Continuity (VCC) between Circuit
Switched (CS) and IP  Multimedia Subsystem (IMS),"
March 2007. These documents are publicly available.
[0026] UTRAN 120 implements W-CDMA since 3GPP Release
99. 3GPP Release 5  and later support High-Speed
Packet Access (HSPA), which includes High-Speed
Downlink Packet Access (HSDPA) introduced in 3GPP
Release 5 and High-Speed  Uplink Packet Access (HSUPA)
introduced in 3GPP Release 6. HSDPA is a set of
channels and procedures that enable high-speed packet
data transmission on the  downlink. HSUPA is a set of
channels and procedures that enable high-speed packet
data transmission on the uplink. HSPA supports PS
services such as packet data  services, VoIP, etc. A
VoIP call is a PS call for voice in which voice data
is sent in  packets that are routed like other packet
data instead of on a dedicated traffic channel. [0027]
FIG. 2 shows an example deployment scenario for 3GPP.
GSM supports CS  services for UEs and may be deployed
over a wide geographic area. W-CDMA  supports CS and
PS services for UEs and may be deployed over a smaller
geographic  area than GSM. The coverage area for
W-CDMA may lie completely within the  coverage area
for GSM (as shown in FIG. 2) or may overlap partially
with the coverage  area for GSM (not shown in FIG. 2).
HSPA supports PS services (e.g., VoIP) for UEs  and
may be deployed over a smaller geographic area than
W-CDMA. The coverage  area for HSPA may be a fraction
of the coverage area for W-CDMA. [0028] UE 110 may be
located within the HSPA coverage area and may
establish a  



VoIP call with UTRAN 120. The VoIP call may be
established via IMS entities using  Session Initiation
Protocol (SIP), which is a signaling protocol for
initiating, modifying,  and terminating IP-based
interactive user sessions such as VoIP. UTRAN 120 may
ascertain that UE 110 has an HSPA VoIP call based on
radio access bearers (RABs)  established for the voice
call, e.g., RABs for conversational traffic class with
SIP WO 2008/002997 PCT/US2007/072278  6 signaling. In
alternative, UTRAN 120 may ascertain that UE 110 has
an HSPA VoIP  call based on explicit signaling
exchanged with the UE or with the core network. UE
110 may exchange voice data packets with UTRAN 120 via
HSPA for the VoIP call.  UE 110 may be roaming and may
move from the HSPA coverage area into either the
W-CDMA or GSM coverage area. It is desirable to
maintain the voice call for UE 110  in such a
situation. [0029] In an aspect, an HSPA VoIP to W-CDMA
CS handover may be performed for  UE 110 in order to
maintain voice call continuity for the UE when moving
outside of  the HSPA coverage area. In one design of
the HSPA VoIP to W-CDMA CS handover,  UE 110 may first
establish a CS call with the same cell while the VoIP
call is pending  and may transfer the voice call to
the CS call. UE 110 may then perform W-CDMA CS  to
W-CDMA CS handover or W-CDMA CS to GSM CS handover, as
appropriate, in  order to maintain the voice call. The
HSPA VoIP to W-CDMA CS handover is  described below.
[0030] FIG. 3A shows communication between UE 110 and
various network entities for  a VoIP call with a
remote terminal 150, which is also referred to as an
other end party  (EOP). The VoIP call may be anchored
in VCC AS 138. UE 110 may exchange voice  data packets
via serving cell 122a and RNC 124 in UTRAN 120, SGSN
132, GGSN  134, VCC AS 138, and remote terminal 150.
Packets may be exchanged between UE  110 and serving
cell 122a via HSPA. [0031] FIG. 3B shows initiation of
HSPA VoIP to W-CDMA CS handover for UE 110.  While in
communication with serving cell 122a in UTRAN 120 for
the VoIP call, UE  110 may detect for pilots from
other cells and may make measurements of the pilots
received from serving cell 122a as well as the other
cells. UE 110 may send  measurement reports to UTRAN
120, e.g., periodically or when invoked by a reporting



event. Alternatively or additionally, UE 110 may send
location update messages to  UTRAN 120 when
appropriate. [0032] UTRAN 120 may receive the
measurement reports from UE 110 and determine  that
the UE is moving out of the HSPA coverage area. For
example, the measurement  reports may indicate that UE
110 receives the pilot from cell 122b stronger than
the  pilot from serving cell 122a by a sufficient
amount to merit handover from cell 122a to  cell 122b.
UTRAN 120 may also recognize that cell 122a supports
HSPA whereas cell  122b does not support HSPA. UTRAN
120 may then send a trigger to initiate the CS WO
2008/002997 PCT/US2007/072278  7 call establishment by
UE 110 and the PS to CS handover for UE 110. The
trigger may  be considered as a command, a VCC HO
command, a directive, an indication, etc. [0033] FIG.
3C shows setup of a CS call while a PS session for
VoIP is pending for UE  110 at cell 122a. UE 110 may
receive the trigger from UTRAN 120. UE 110 may then
establish a CS call with cell 122a via MSC 136 in
response to the trigger and may  anchor this CS call
at VCC AS 138. UMTS (or W-CDMA) allows UE 110 to
establish  the CS call using the same radio link used
for the PS session. For a brief moment, UE  110 may
simultaneously have both the CS call and the PS call
with the same cell 122a  and may have both calls
anchored at VCC AS 138. Voice data packets for the PS
call  may be routed through SGSN 132 and GGSN 134
while voice data for the CS call may  be routed
through MSC 136. VCC AS 138 may recognize that both
the CS call and the  PS call are for the same voice
call for UE 110, e.g., based on the use of the same UE
identifier (UE ID) for the CS call and PS call, the
same OEP, etc. [0034] FIG. 3D shows transfer of the
voice call for UE 110 from HSPA VoIP to CS.  Once the
CS call has been successfully established, VCC AS 138
may switch data path  for the voice call for UE 110
and may release resources for the PS call in the
source  side. UTRAN 120 may release radio resources
for the PS call and may maintain only  the CS call for
UE 110. At this point, UE 110 would have only the CS
call via the same  serving cell 122a. Data for the CS
call may be exchanged via UTRAN 120, MSC 136,  and VCC
AS 138. [0035] FIG. 3E shows completion of the HSPA
VoIP to W-CDMA CS handover. Once  UE 110 completes the
switch of the voice call to the CS call at cell 122a,
UE 110 may  



perform W-CDMA CS to W-CDMA CS handover from cell 122a
to cell 122b, which  does not support HSPA. The W-CDMA
CS to W-CDMA CS handover is described in  3GPP TS
23.060, entitled "General Packet Radio Service (GPRS);
Service description,"  June 2006, which is publicly
available. Although not shown in FIG. 3E, UE 110 may
also perform W-CDMA CS to GSM CS handover from cell
122a to a GSM cell using  inter-RAT handover
procedures defined by 3GPP. [0036] The following
handover scenarios may be supported:  HSPA VoIP ->
W-CDMA CS -> W-CDMA CS, and  HSPA VoIP -> W-CDMA CS ->
GSM CS. WO 2008/002997 PCT/US2007/072278  8 In each
handover scenario given above, the first transfer HSPA
VoIP -> W-CDMA CS  occurs in the current serving cell.
The subsequent handover may be from the current
serving cell to another W-CDMA cell or a GSM cell.
[0037] The HSPA VoIP to W-CDMA CS handover design
shown in FIGS. 3A through  3E may be supported with
small impact to network entities in 3GPP. Steps 1, 4,
5 and 6  are supported by current capabilities of
UTRAN 120 and VCC AS 138. For step 2,  UTRAN 120 may
implement a network-controlled handover mechanism with
appropriate algorithms to determine whether to
initiate HSPA VoIP to W-CDMA CS  handover and possibly
a new event to initiate this handover. For step 3, a
trigger or  some other new UTRAN message may be used
to initiate CS call establishment in UE  110. The
trigger may be implemented with an information element
(IE) that may be  sent in an existing Radio Resource
Control (RRC) message, e.g., a paging message.  RRC
resides at the link layer (or layer 3) in W-CDMA and
is responsible for controlling  the configuration of
lower layers 1 and 2. [0038] UE 110 may be located
within the W-CDMA or GSM coverage area and may
establish a CS voice call with UTRAN 120. UE 110 may
exchange voice data in the  normal manner for the CS
call. UE 110 may be roaming and may move into the HSPA
coverage area. It may be desirable to continue the
voice call for UE 110 using HSPA in  such a situation.
[0039] In another aspect, a W-CDMA CS to HSPA VoIP
handover may be performed  for UE 110 in order to take
advantage of HSPA for a voice call for the UE. The W- 



CDMA CS to HSPA VoIP handover may be performed in a
manner complementary to  the HSPA VoIP to W-CDMA CS
handover described in FIGS. 3A through 3E. UE 110  may
make measurements for pilots received by the UE and
send measurement reports to  UTRAN 120. UTRAN 120 may
determine that UE 110 has moved into the coverage of
a VoIP capable cell based on the measurement reports.
UTRAN 120 may send a trigger  to initiate handover by
UE 110. Upon receiving the trigger, UE 110 may perform
handover of the CS call from the current serving cell
to the VoIP capable cell, which  becomes the new
serving cell. The UE may then set up a PS call for
VoIP (or VoIP  call) with the serving cell and may
anchor this VoIP call at VCC AS 138. Once the  VoIP
call has been successfully established, VCC AS 138 may
switch data path for the  voice call for UE 110 and
may release resources for the CS call in the source
side.  UTRAN 120 may release radio resources for the
CS call and may maintain only the WO 2008/002997
PCT/US2007/072278  9 VoIP call for UE 110. At this
point, UE 110 would have only the VoIP call via the
new  serving cell. Data for the VoIP call may be
exchanged via the new serving cell in  UTRAN 120, SGSN
132, GGSN 134, and VCC AS 138. [0040] In the designs
described above, UE 110 may send measurement reports
to  UTRAN 120, and UTRAN 120 may initiate handover
when UE 110 moves out of or  into the HSPA coverage
area. In these designs, UTRAN 120 may have knowledge
of  cells with HSPA VoIP capability and cells without
HSPA VoIP capability. To assist  UTRAN 120 with
handover decision, a buffer zone of cells with HSPA
VoIP capability  may be defined at the edge of the
HSPA coverage area. In the example shown in FIG.  2,
the HSPA coverage area may be defined by a solid line
212, and the buffer zone may  be defined as the area
between solid line 212 and a dashed line 214. When UE
110  enters the buffer zone, UTRAN 120 may configure a
new measurement event in UE  110. UE 110 may
periodically send measurement reports to UTRAN 120 or
based on  events. UTRAN 120 may use the measurement
reports to initiate either (1) HSPA VoIP  to W-CDMA CS
handover if UE 110 has a VoIP call and is leaving the
HSPA coverage  area or (2) W-CDMA CS to HSPA VoIP
handover if UE 110 has a CS call and is  entering the
HSPA coverage area. [0041] In another design, UE 110
may make measurements and autonomously decide  



handover from HSPA VoIP to W-CDMA CS or from W-CDMA CS
to HSPA VoIP  based on the measurements. UE 110 may
ascertain whether a given cell has HSPA  VoIP
capability based on information broadcast by the cell,
as described below. [0042] UE 110 may operate in a
connected mode or an idle mode at any given moment.
In the connected mode, UE 110 may have a pending call
and may communicate with  UTRAN 120. While in the
connected mode, the whereabouts of UE 110 may be
tracked via measurement reports and/or other
mechanisms, and UE 110 may be handed  over to
appropriate cells based on the UE location. [0043] In
the idle mode, UE 110 typically does not have a
pending call with UTRAN  120. While in the idle mode,
UE 110 may be powered down much of the time to
conserve battery power and may wake up periodically to
receive pages and/or other  information. UE 110 may
register with VCC AS 138 for IMS (e.g., at power up)
and  may provide the domain (e.g., CS, PS, HSPA VoIP,
etc.) via which pages and calls can  be delivered to
the UE. WO 2008/002997 PCT/US2007/072278  10 [0044] In
yet another aspect, cells in UTRAN 120 broadcast their
HSPA VoIP  capability. In one design, a single bit may
be used to indicate whether or not a given  cell
supports HSPA VoIP. For W-CDMA, a cell may
periodically broadcast  information regarding its HSPA
VoIP capability in a system information block (SIB),
e.g., SIB3 and/or some other SIB in 3GPP. [0045] UE
110 may receive broadcast information regarding the
HSPA VoIP capability  of a cell on which the UE is
currently camped and/or other cells. UE 110 may
determine whether its domain has changed based on the
received broadcast information  and may update its
network registration whenever a change in domain is
detected. For  example, UE 110 may determine that it
has moved out of the HSPA coverage area  based on the
broadcast information and may update its network
registration from HSPA  VoIP domain to CS domain. By
updating the network registration as needed, the
network can ascertain whether idle UE 110 is in the
HSPA coverage area and can  appropriately deliver
pages and calls to the UE. [0046] For clarity, the
handover techniques have been specifically described
for 3GPP- based networks. The techniques may also be
used for 3GPP2-based networks and other  



networks. A 3GPP2-based network may include cells that
support High Rate Packet  Data (HRPD) and cells that
support CDMA2000 1X. HRPD is also referred to as
1xEV-DO, lx-DO, etc. CDMA2000 1X is also referred to
as 1X, etc. The HRPD cells  support VoIP, and the 1X
cells support CS and PS calls. HRPD to 1X handover may
be  performed in an analogous manner to the HSPA VoIP
to W-CDMA CS handover  described above. 1X to HRPD
handover may be performed in an analogous manner to
the W-CDMA CS to HSPA VoIP handover described above.
[0047] FIG. 4 shows a design of a process 400 for
performing PS-to-CS handover by a  UE. The UE may
communicate with a first cell for a PS call, e.g., for
VoIP via HSPA  in 3GPP (block 412). The UE may send
measurement reports to a RAN, e.g., in  response to a
measurement event from the RAN (block 414). The UE may
receive a  trigger from the RAN, which may issue this
trigger based on the measurement reports  from the UE
(block 416). Alternatively, the UE may obtain
measurements for the first  cell and other cells in
the RAN and may autonomously decide to perform
handover  based on the measurements. [0048] The UE may
establish a CS call with the first cell while the PS
call is pending at  the first cell (block 418). The UE
may terminate the PS call after establishing the CS WO
2008/002997 PCT/US2007/072278  11 call (block 420).
The PS call and the CS call may be for a voice call,
and the UE may  switch data path for the voice call
from the PS call to the CS call after establishing the
CS call and prior to terminating the PS call. The UE
may then perform handover of the  CS call from the
first cell to a second cell (block 422). The first
cell may be a W- CDMA cell that supports VoIP, and the
second cell may be another W-CDMA cell or a  GSM cell
that does not support VoIP. [0049] FIG. 5 shows a
design of a process 500 for performing PS-to-CS
handover of a  UE by a RAN. The RAN may communicate
with the UE for a PS call (e.g., for VoIP  via HSPA)
at a first cell (block 512). The RAN may determine
that the UE is at  coverage edge for the PS call and
may send a measurement event to the UE to invoke  the
UE to send measurement reports. The RAN may receive
measurement reports from  the UE (block 514), make a
decision to handover the UE from the first cell to a
second  cell based on the measurement reports (block
516), and send a trigger to the UE (block  



518). [0050] The RAN may establish a CS call for the
UE at the first cell while the PS call is  pending at
the first cell (block 520). The RAN may terminate the
PS call for the UE  after establishing the CS call
(block 522). The PS call and the CS call may be for a
voice call, and the data path for the voice call may
be switched from the PS call to the  CS call after
establishing the CS call and prior to terminating the
PS call. The RAN  may then perform handover of the CS
call for the UE from the first cell to the second
cell (block 524). The first cell may support VoIP, and
the second cell may not support  VoIP. [0051] Some or
all of the steps in FIG. 5 may be applicable to a
given network entity in  the RAN. For example, the
first cell may perform steps 512, 520, 522, 524, etc.
An  RNC may perform steps 514, 516, 518, etc. [0052]
FIG. 6 shows a design of a process 600 for performing
CS-to-PS handover by a  UE. The UE may send
measurement reports to a RAN (block 612) and may
receive a  trigger from the RAN (block 614). The UE
may perform handover of a CS call from a  first cell
to a second cell (block 616). The UE may then
establish a PS call with the  second cell while the CS
call is pending at the second cell (block 618). The UE
may  terminate the CS call after establishing the PS
call (block 620) and may communicate  with the second
cell for the PS call, e.g., for VoIP via HSPA (block
622). WO 2008/002997 PCT/US2007/072278  12 [0053] FIG.
7 shows a design of a process 700 for performing
CS-to-PS handover of a  UE by a RAN. The RAN may
determine that the UE is moving into PS coverage and
may send a measurement event to the UE to invoke the
UE to send measurement  reports. The RAN may receive
measurement reports from the UE (block 712), make a
handover decision for the UE based on the measurement
reports (block 714), and send a  trigger to the UE
(block 716). [0054] The RAN may perform handover of a
CS call for the UE from a first cell to a  second cell
(block 718). The RAN may then establish a PS call for
the UE at the second  cell while the CS call is
pending at the second cell (step 720). The RAN may
terminate  the CS call for the UE after establishing
the PS call (block 722). The RAN may  thereafter
communicate with the UE for the PS call (e.g., for
VoIP via HSPA) at the  



second cell (block 724). [0055] FIG. 8 shows a design
of a process 800 for updating network registration by
a  UE. The UE (e.g., while in an idle mode) may
receive broadcast information from a  cell indicating
whether the cell has VoIP capability (block 812). The
broadcast  information may comprise a bit indicating
whether or not the cell has HSPA VoIP  capability or
may comprise other information. The UE may update
registration with a  network based on the broadcast
information (block 814). For block 814, the UE may
determine a domain to use for a new call based on the
broadcast information and may  update registration
with the network if a change in domain is detected.
For example, the  UE may register with the network for
PS domain if the cell has VoIP capability and may
register with the network for CS domain if the cell
does not have VoIP capability. [0056] FIG. 9 shows a
block diagram of a design of UE 110 and various
network  entities in FIG. 1. On the uplink, UE 110 may
transmit data and signaling (e.g.,  measurement
reports) to one or more cells/Node Bs 122 in UTRAN
120. The data and  signaling may be processed by a
controller/processor 910 and conditioned by a
transmitter (TMTR) 914 to generate an uplink signal,
which may be transmitted to the  Node Bs. At each Node
B 122, the uplink signals from UE 110 and other UEs
may be  received and conditioned by a receiver (RCVR)
924 and further processed by a  controller/processor
920 to recover the uplink data and signaling sent by
the UEs. [0057] On the downlink, each Node B 122 may
transmit data and signaling to the UEs  within its
coverage area. At each Node B 122, the data and
signaling (e.g., trigger,  VoIP capability
information, etc.) may be processed by processor 920
and conditioned WO 2008/002997 PCT/US2007/072278  13
by transmitter 924 to generate a downlink signal,
which may be transmitted to the UEs.  At UE 110, the
downlink signals from Node Bs 122 may be received and
conditioned  by receiver 914 and further processed by
processor 910 to recover the downlink data  and
signaling. [0058] Memories 912 and 922 may store
program codes and data for UE 110 and Node  B 122,
respectively. A communication (Comm) unit 926 allows
Node B 122 to  communicate with RNC 124. Processor 910
at UE 110 may perform process 400 in  FIG. 4, process
600 in FIG. 6, and/or other processes for handover.
Processor 910 may  



also perform process 800 in FIG. 8 and/or other
processes for updating network  registration. [0059]
RNC 124 includes a controller/processor 930, a memory
932, and a Comm unit  934. VCC AS 138 includes a
controller/processor 940, a memory 942, and a Comm
unit 944. For each network entity, the
controller/processor may perform pertinent  processing
for that network entity, the memory may store program
codes and data, and  the communication unit may
support communication with other network entities.
Processor 920 at Node B 122 and/or processor 930 at
RNC 124 may perform process  500 in FIG. 5, process
700 in FIG. 7, and/or other processes for handover.
[0060] In general, each entity may include any number
of processors, memories,  communication units,
transmitters, receivers, controllers, and so on.
[0061] Those of skill in the art would understand that
information and signals may be  represented using any
of a variety of different technologies and techniques.
For  example, data, instructions, commands,
information, signals, bits, symbols, and chips  that
may be referenced throughout the above description may
be represented by  voltages, currents, electromagnetic
waves, magnetic fields or particles, optical fields or
particles, or any combination thereof. [0062] Those of
skill would further appreciate that the various
illustrative logical  blocks, modules, circuits, and
algorithm steps described in connection with the
disclosure herein may be implemented as electronic
hardware, computer software, or  combinations of both.
To clearly illustrate this interchangeability of
hardware and  software, various illustrative
components, blocks, modules, circuits, and steps have
been  described above generally in terms of their
functionality. Whether such functionality is
implemented as hardware or software depends upon the
particular application and  design constraints imposed
on the overall system. Skilled artisans may implement
the WO 2008/002997 PCT/US2007/072278  14 described
functionality in varying ways for each particular
application, but such  implementation decisions should
not be interpreted as causing a departure from the
scope of the present disclosure. [0063] The various
illustrative logical blocks, modules, and circuits
described in  connection with the disclosure herein
may be implemented or performed with a general- 



purpose processor, a digital signal processor (DSP),
an application specific integrated  circuit (ASIC), a
field programmable gate array (FPGA) or other
programmable logic  device, discrete gate or
transistor logic, discrete hardware components, or any
combination thereof designed to perform the functions
described herein. A general- purpose processor may be
a microprocessor, but in the alternative, the
processor may be  any conventional processor,
controller, microcontroller, or state machine. A
processor  may also be implemented as a combination of
computing devices, e.g., a combination of  a DSP and a
microprocessor, a plurality of microprocessors, one or
more  microprocessors in conjunction with a DSP core,
or any other such configuration. [0064] The steps of a
method or algorithm described in connection with the
disclosure  herein may be embodied directly in
hardware, in a software module executed by a
processor, or in a combination of the two. A software
module may reside in RAM  memory, flash memory, ROM
memory, EPROM memory, EEPROM memory,  registers, hard
disk, a removable disk, a CD-ROM, or any other form of
storage medium  known in the art. An exemplary storage
medium is coupled to the processor such that  the
processor can read information from, and write
information to, the storage medium.  In the
alternative, the storage medium may be integral to the
processor. The processor  and the storage medium may
reside in an ASIC. The ASIC may reside in a user
terminal. In the alternative, the processor and the
storage medium may reside as  discrete components in a
user terminal. [0065] The previous description of the
disclosure is provided to enable any person  skilled
in the art to make or use the disclosure. Various
modifications to the disclosure  will be readily
apparent to those skilled in the art, and the generic
principles defined  herein may be applied to other
variations without departing from the scope of the
disclosure. Thus, the disclosure is not intended to be
limited to the examples and  designs described herein
but is to be accorded the widest scope consistent with
the  principles and novel features disclosed herein.
[0066] WHAT IS CLAIMED IS: WO 2008/002997
PCT/US2007/072278  15 CLAIMS  1. An apparatus for
wireless communication, comprising: 



at least one processor to communicate with a first
cell for a packet-switched (PS)  call, to receive a
trigger from a radio access network (RAN), to
establish a circuit- switched (CS) call with the first
cell while the PS call is pending at the first cell in
response to the trigger, to terminate the PS call
after establishing the CS call, and to  perform
handover of the CS call from the first cell to a
second cell; and a memory coupled to the at least one
processor. 2. The apparatus of claim 1, wherein the PS
call and the CS call are for a  voice call, and
wherein the at least one processor switches data path
for the voice call  from the PS call to the CS call
after establishing the CS call. 3. The apparatus of
claim 1, wherein the PS call is for
Voice-over-Internet  Protocol (VoIP), and wherein the
first cell supports VoIP and the second cell does not
support VoIP. 4. The apparatus of claim 1, wherein the
at least one processor sends  measurement reports to
the RAN, and wherein the trigger from the RAN is based
on the  measurement reports. 5. The apparatus of claim
4, wherein the at least one processor receives a
measurement event from the RAN and sends the
measurement reports in response to the  measurement
event. 6. The apparatus of claim 1, wherein the at
least one processor obtains  measurements for the
first cell and neighbor cells and makes a decision to
perform  handover based on the measurements. 7. The
apparatus of claim 1, wherein the at least one
processor  communicates with the first cell via
High-Speed Packet Access (HSPA) for the PS call. WO
2008/002997 PCT/US2007/072278  16 8. The apparatus of
claim 1, wherein the at least one processor
communicates with the first cell via High Rate Packet
Data (HRPD) for the PS call. 9. The apparatus of claim
1, wherein first cell is a W-CDMA cell and the  second
cell is another W-CDMA cell or a GSM cell. 10. A
method for wireless communication, comprising:
communicating with a first cell for a packet-switched
(PS) call;  receiving a trigger from a radio access
network (RAN); 



establishing a circuit-switched (CS) call with the
first cell while the PS call is  pending at the first
cell in response to the trigger; terminating the PS
call after establishing the CS call; and performing
handover of the CS call from the first cell to a
second cell.  11. The method of claim 10, further
comprising: sending measurement reports to the RAN,
and wherein the trigger from the RAN is based on the
measurement reports. 12. The method of claim 10,
wherein the communicating with the first cell  for the
PS call comprises communicating with the first cell
via High-Speed Packet Access (HSPA) for the  PS call.
13. An apparatus for wireless communication,
comprising: means for communicating with a first cell
for a packet-switched (PS) call;  means for receiving
a trigger from a radio access network (RAN); means for
establishing a circuit-switched (CS) call with the
first cell while the  PS call is pending at the first
cell in response to the trigger; means for terminating
the PS call after establishing the CS call; and means
for performing handover of the CS call from the first
cell to a second cell.  14. The apparatus of claim 13,
further comprising: means for sending measurement
reports to the RAN, and WO 2008/002997
PCT/US2007/072278  17 wherein the trigger from the RAN
is based on the measurement reports. 15. The apparatus
of claim 13, wherein the means for communicating with
the first cell for the PS call comprises means for
communicating with the first cell via High-Speed
Packet Access  (HSPA) for the PS call. 16. A
processor-readable media for storing instructions
operable in a user  equipment (UE) to: communicate
with a first cell for a packet-switched (PS) call;
receive a trigger from a radio access network (RAN);
establish a circuit-switched (CS) call with the first
cell while the PS call is  



pending at the first cell in response to the trigger;
terminate the PS call after establishing the CS call;
and perform handover of the CS call from the first
cell to a second cell.  17. An apparatus for wireless
communication, comprising: at least one processor to
communicate with a user equipment (UE) for a packet-
switched (PS) call at a first cell, to send a trigger
to the UE, to establish a circuit- switched (CS) call
for the UE at the first cell while the PS call is
pending, to terminate  the PS call for the UE after
establishing the CS call, and to perform handover of
the CS  call for the UE from the first cell to a
second cell; and a memory coupled to the at least one
processor. 18. The apparatus of claim 17, wherein the
PS call and the CS call are for a  voice call, and
wherein the at least one processor switches data path
for the voice call from the PS call to the CS call
after  establishing the CS call. 19. The apparatus of
claim 17, wherein the PS call is for
Voice-over-Internet  Protocol (VoIP), and wherein the
first cell supports VoIP and the second cell does not
support VoIP. WO 2008/002997 PCT/US2007/072278  18 20.
The apparatus of claim 17, wherein the at least one
processor receives  measurement reports from the UE,
makes a decision to handover the UE from the first
cell to the second cell based on the measurement
reports, and sends the trigger to the UE  in response
to the decision. 21. The apparatus of claim 20,
wherein the at least one processor determines  that
the UE is at coverage edge for the PS call, and sends
a measurement event to the  UE to invoke the UE to
send the measurement reports. 22. The apparatus of
claim 17, wherein the at least one processor
communicates with the UE via High-Speed Packet Access
(HSPA) for the PS call. 23. The apparatus of claim 17,
wherein the at least one processor broadcasts
information indicating that the first cell has
High-Speed Packet Access (HSPA) Voice- over-Internet
Protocol (VoIP) capability. 24. A method for wireless
communication, comprising: 



communicating with a user equipment (UE) for a
packet-switched (PS) call at a  first cell; sending a
trigger to the UE, establishing a circuit-switched
(CS) call for the UE at the first cell while the PS
call is pending; terminating the PS call for the UE
after establishing the CS call; and performing
handover of the CS call for the UE from the first cell
to a second  cell. 25. The method of claim 24, further
comprising:  receiving measurement reports from the
UE; and making a decision to handover the UE from the
first cell to the second cell based  on the
measurement reports, and wherein the trigger is sent
to the UE in response to the decision. WO 2008/002997
PCT/US2007/072278  19 26. The method of claim 24,
wherein the communicating with the UE for the  PS call
comprises communicating with the UE via High-Speed
Packet Access (HSPA) for the PS  call. 27. The method
of claim 24, further comprising: broadcasting
information indicating that the first cell has
High-Speed Packet  Access (HSPA) Voice-over-Internet
Protocol (VoIP) capability. 28. An apparatus for
wireless communication, comprising: at least one
processor to receive a trigger from a radio access
network (RAN), to  perform handover of a
circuit-switched (CS) call from a first cell to a
second cell in  response to the trigger, to establish
a packet-switched (PS) call with the second cell
while the CS call is pending at the second cell, to
terminate the CS call after  establishing the PS call,
and to communicate with the second cell for the PS
call; and a memory coupled to the at least one
processor. 29. The apparatus of claim 28, wherein the
at least one processor sends  measurement reports to
the RAN, and wherein the trigger from the RAN is based
on the  measurement reports. 



30. The apparatus of claim 28, wherein the at least
one processor  communicates with the second cell via
High-Speed Packet Access (HSPA) for the PS  call. 31.
An apparatus for wireless communication, comprising:
at least one processor to send a trigger to a user
equipment (UE), to perform  handover of a
circuit-switched (CS) call for the UE from a first
cell to a second cell, to  establish a packet-switched
(PS) call for the UE at the second cell while the CS
call is  pending at the second cell, to terminate the
CS call for the UE after establishing the PS  call,
and to communicate with the UE for the PS call at the
second cell; and a memory coupled to the at least one
processor. WO 2008/002997 PCT/US2007/072278  20 32. An
apparatus for wireless communication, comprising: at
least one processor to receive broadcast information
from a cell indicating  whether the cell has
Voice-over-Internet Protocol (VoIP) capability, and to
update  registration with a network based on the
broadcast information; and a memory coupled to the at
least one processor. 33. The apparatus of claim 32,
wherein the at least one processor receives  the
broadcast information from the cell while in an idle
mode, determines a domain to  use for a new call based
on the broadcast information, and updates registration
with the  network if a change in domain is detected.
34. The apparatus of claim 33, wherein the at least
one processor registers  with the network for
packet-switched (PS) domain if the cell has VoIP
capability, and  registers with the network for
circuit-switched (CS) domain if the cell does not have
VoIP capability. 35. The apparatus of claim 32,
wherein the broadcast information comprises  a bit
indicating whether or not the cell has High-Speed
Packet Access (HSPA) VoIP  capability. 36. A method
for wireless communication, comprising: receiving
broadcast information from a cell indicating whether
the cell has  Voice-over-Internet Protocol (VoIP)
capability; and updating registration with a network
based on the broadcast information. 



37. The method of claim 36, wherein the broadcast
information is received  from the cell while in an
idle mode, and wherein the updating registration with
the  network comprises determining a domain to use for
a new call based on the broadcast information,  and
updating registration with the network if a change in
domain is detected.  38. An apparatus for wireless
communication, comprising: WO 2008/002997
PCT/US2007/072278  21 means for receiving broadcast
information from a cell indicating whether the  cell
has Voice-over-Internet Protocol (VoIP) capability;
and means for updating registration with a network
based on the broadcast  information. 39. The apparatus
of claim 38, wherein the broadcast information is
received  from the cell while in an idle mode, and
wherein the means for updating registration  with the
network comprises means for determining a domain to
use for a new call based on the broadcast
information, and means for updating registration with
the network if a change in domain is  detected. 


