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ACCESS TRANSFER FOR A DRVCC MOBILE TERMINAL
Technical Field

The present invention relates to the Packet Switched to Circuit Switched transfer of a
voice or video call involving a Dual Radio Voice Call Continuity mobile terminal.
More particularly, the invention concerns the handover of a Dual Radio Voice Call
Continuity mobile terminal on the terminating call side during a call alerting phase.

Background

IP Multimedia Subsystem (IMS) is a standardised and established architecture for
delivering IP multimedia services to end users. IMS is to a large extent agnostic
concerning the access network used by the end users: access networks may be
wireless or fixed line. In the context of IMS, it is important to allow end users to
seamlessly move between access networks and access technologies, e.g. to allow

voice and video call continuity during such movements.

3GPP TS 23.237 v11.4.0 specifies Single Radio Voice Call Continuity (SRVCC) as a
functionality defined for the Long Term Evolution (LTE) architecture to allow voice
and video calls to be transferred or “handed over” from the LTE packet switched (PS)
domain to a legacy circuit switched (CS) domain, in the case where a mobile terminal
has only a single radio interface available to it. Such a transfer might be required, for
example, when a call is established by a user terminal over a packet switched (PS)
LTE connection and it becomes necessary, due to a deterioration in the LTE radio
quality, to transfer the call to a 3G UMTS circuit switched (CS) connection. Figure 1
illustrateé schematically the reference architecture for SRVCC (using the Access

Transfer Control Function, ATCF, enhancements).

SRVCC relies upon a network (LTE) determination that a PS to CS handover for a
given UE is required. The UE is instructed to perform the handover by way of a (SIP)
message sent to it over the PS access (i.e. over the Gm interface), and as a result
disconnects from the PS access and connects instead to the CS access. A serving
MSC within the CS network is caused to send a setup signal to the UE over the now
established CS access in order to establish a CS voice call between the UE and the

MSC, whereupon the call is transferred to the CS access. A special case arises
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when handover is required at the call terminating side during the call alerting phase,
i.e. after an INVITE has been received by the UE but prior to the user answering the
call. This special case is considered in 3GPP TS 23.237 v11.4.0 section 6.3.2.1.4c.

3GPP TS 23.237 also specifies Dual Radio VCC (DRVCC) as a mechanism
analogous to SRVCC but concerned with mobile terminals that have dual radio
interfaces, i.e. radio interfaces that can be used in parallel. As with SRVCC, DRVCC
makes provision for handover of a voice or video call from a PS to a CS access
following call establishment. [In contrast to SRVCC, a determination to perform such
a handover in the case of DRVCC is made by the UE rather than within the network.]
However, the DRVCC specifications have not previously provided a means to handle
a PS to CS handover during a voice or video call alerting phase and in particular

have not addresses the call terminating side case.

In the context of DRVCC, Figure 2 illustrates a possible mechanism for handling PS
to CS handover of a voice or video call at the call originating side, during the alerting
state. An originating user UE-A sends an INVITE towards a terminating user (not
shown) and receives a Ringing response: this exchange uses the PS access. At this
point, UE-A determines that the quality of the PS access is not suitable for the call,
and a DRVCC process is initiated by UE-A in order to transfer to a CS access. UE-A
sends a setup request, via the CS access, to the MSC on the originating side. The
request includes a Session Transfer Number (STN), a number statically configured
on the UE which is used to route the transfer to the SCC AS. The MSC in turn sends
an INVITE to the SCC AS (serving UE-A), with the STN being included within the
INVITE. [NB. Figure 2 assumes that the MSC comprises some interworking function
able to provide interworking between the IMS side and the CS signalling side.] The
SCC-AS uses the STN contained within the INVITE to detect that the request is a
request to transfer the session from PS access to CS access, and uses additional
information in the signalling (such as the calling party number) to correlate the
transfer request with the INVITE previously sent over the PS access. As a result of
sending the INVITE, the MSC knows to expect an Answer. When the Answer is
received from the SCC AS, the MSC sends an Answer to UE-A and call set up over

the CS access proceeds as usual.

Figure 3 illustrates a problem that might arise when handling DRVCC on the

terminating side during a call alerting phase. In this case, the called party, UE-B,
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which is initially connected to a PS access, receives an INVITE from UE-A, and
sends a Ringing response. At this point, UE-B determines that the quality of the PS
access is not suitable for the voice call, and a DRVCC process is initiated by UE-B in
order to transfer to a CS access. UE-B then sends a Setup message (standard CS
signalling) to the MSC to initiate the transfer. The MSC reacts to the Setup message
by sending an INVITE towards the SCC AS. [NB. The MSC may alternatively use
CS trunk signalling, e.g. ISUP, in which case the trunk signalling setup message will
be routed via a Media Gateway Controller]. At this point, the MSC is awaiting an
Answer from the remote end, i.e. from the SCC-AS. In the event that a user answers
at UE-B, causing an Answer to be sent to the MSC, this unexpected answer causes
an error case to arise at the MSC due to un-matched states existing at UE-B and the
MSC.

Whilst it would be possible to solve this problem by introducing new logic into the
MSC, this is in practice difficult to achieve due to the large number of already
deployed MSCs. A preferred solution is one that involves modifications at only the
mobile terminals and the SCC-AS. On the one hand, it is relatively easy to upgrade
and deploy terminal software whilst on the other relatively few SCC-ASs have been

deployed and it will be a relatively easy task to update those ASs.

Summary

It is an object of the present invention to overcome or at least mitigate the problems
discussed above. This may be achieved by allowing a terminating mobile terminal to
notify a SCC-AS that a PS to CS transfer in alerting phase is required. The SCC-AS
may then ensure that the MSC is placed in the correct state to receive an answer

from the mobile terminal.

According to a first aspect of the present invention there is provided a method of Dual
Radio Access Transfer of an IP Multimedia session, IMS, in an alerting phase for the
Packet Switched to Circuit Switched direction. The method comprises initiating an
IMS media session towards a terminating mobile station, UE and, during a session
alerting phase, making a determination at the UE that a DRVCC transfer is required
from a Packet Switched, PS, to a Circuit Switched, CS, access. The method
comprises sending a SIP message from the UE to a Service Centralization and

Continuity Application Server, SCC-AS, over the PS access, informing the SCC-AS
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of the DRVCC transfer, and responding to receipt of the SIP message at the SCC-AS
by sending a SIP INVITE from the SCC-AS towards a Mobile Switching Centre,
MSC, serving the UE in the CS access, the INVITE including an identity of the UE as
a called party identity and the STN as the calling party identity. The method further
comprises responding to receipt of said INVITE at the MSC, or to receipt of
associated CS signalling, by sending from the MSC to the UE a CS Setup message,
whereupon the MSC is placed in a state in which it expects a CS Answer from the
UE.

The SIP INVITE may be received by a Media Gateway Control Function, MGCF, with
the MGCF translating the INVITE into associated CS signalling, and sending that
associated CS signalling to the MSC.

According to a second aspect of the present invention there is provided Dual Radio
Access mobile terminal, UE. The terminal comprises a Dual Radio Voice Call
Continuity, DRVCC, module for determining that a DRVCC transfer is required, from
a Packet Switched, PS, to a Circuit Switched, CS, access, in respect of an IMS
session in alerting phase and for which the UE is a terminating UE, and a session
transfer initiator, responsive to a determination that such a DRVCC transfer is
required, for sending a SIP message to a Service Centralization and Continuity
Application Server, SCC-AS, over a PS access, informing the SCC-AS of the
DRVCC transfer.

The mobile terminal may comprise a CS session establishment module for receiving
a CS Setup message from the CS access, identifying an STN contained within the
CS Setup message and correlating the CS Setup message with said IMS session
using the STN, and for returning a CS connect to the CS access indicating that the
CS call has been answered, whereupon the mobile terminal is placed into an active

state.

According to a third aspect of the present invention there is provided Service
Centralization and Continuity Application Server. The server comprises a SIP
message handler for receiving over a PS access from a mobile terminal, UE, a SIP
message informing the SCC-AS that a DRVCC transfer from a Packet Switched, PS,
to a Circuit Switched, CS, access, in respect of an IMS session in alerting phase is

required, and a session transfer controller responsive to receipt of said SIP message
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to send a SIP INVITE from the SCC-AS towards a Mobile Switching Centre, MSC,
serving the UE in the CS access, the INVITE including an identity of the UE as a
called party identity and an STN as the calling party identity.

Brief Description of the Drawings

Figure 1 illustrates schematically the reference architecture for SRVCC (also
applicable to DRVCC);

Figure 2 illustrates a flow associated with a successful DRVCC transfer from PS to
CS for an IMS session in alerting phase, where the UE being transferred is on an
originating side;

Figure 3 illustrates a flow associated with an unsuccessful DRVCC transfer from PS
to CS for an IMS session in alerting phase, where the UE being transferred is on an
terminating side;

Figure 4 illustrates a flow associated with a successful DRVCC transfer from PS to
CS for an IMS session in alerting phase, where the UE being transferred is on an
terminating side;

Figure 5 illustrates the flow of Figure 4 in more detail;

Figure 6 illustrates schematically a UE architecture for implementing the flow of
Figures 4 and 5;

Figure 7 illustrates schematically an SCC-AS architecture for implementing the flow
of Figures 4 and 5;

Figure 8 is a flow diagram illustrating a general procedure for handling DRVCC
transfer of a session from PS to CS in an alerting phase; and

Figure 9 illustrates a flow associated with a successful DRVCC transfer from PS to
CS for an IMS session in alerting phase, where the UE being transferred is on an

originating side.

Detailed Description

A procedure is proposed here for handling the transfer of a call in an alerting state for
DRVCC, assuming a PS to CS transfer on the terminating call side. The procedure
comprises, upon a determination at a terminating UE that a DRVCC transfer is
required, placing the MSC within the CS access into a state in which it expects an

answer from the terminating UE. As such, when the MSC receives an answer from
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the UE, no error state arises at the MSC. The procedure is such that no changes are
required at the MSC.

The terminating UE may send to the SCC AS a message indicating that a DRVCC
transfer should be started, whereupon the SCC AS sends an INVITE towards the
MSC (this may be converted to a CS trunk signalling message on its path towards
the MSC). The MSC sends a setup request to the terminating UE. This process

causes the MSC to be placed in the correct state.

A user terminal is proposed that is capable of sending an appropriate notification to
the SCC AS to cause the SCC AS to place the MSC into the correct state.

An SCC AS is proposed that is able to receive a notification that a DRVCC transfer is
necessary for a terminating UE in alerting state, and to start the DRVCC procedure
by sending an INVITE towards that UE. This INVITE causes the MSC to be placed
into a state in which it expects an answer from the terminating UE (the INVITE may

be translated to a related CS trunk signalling message on its way to the MSC).

Figure 4 illustrates a solution to the problem identified above and illustrated in Figure
3, in line with this approach. Instead of step 4 in Figure 2, the UE sends a SIP
message — Start DRVCC - to the SCC AS over the Gm interface indicating that a
DRVCC PS to CS transfer should start. The SCC AS will then start the session
transfer procedure. This solution does not require any changes to be made to the
MSC.

Referring now to Figure 5, this shows in more detail an information flow for Dual
Radio Access Transfer of media of an IMS session in alerting state for the PS to CS
direction. The flow requires (a) that the user is active in a terminating IMS session
and that the SIP session is in alerting state, and (b) that there is no other ongoing
session and the UE has not yet responded over the access leg. With reference to
Figure 5, the following steps can be identified:

1-4. Standard procedures are used to initiate a SIP session towards the
terminating UE-B. UE-B alerts the user to the incoming voice or video-call
session.

5. UE-B determines a need for Access Transfer to CS. If the user is not attached

to the CS domain at this time, UE-B performs a CS Attach as specified in
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TS 23.292, clause 7.2.1.

6. In the ongoing SIP session, UE-B sends a SIP message — Init PS-CS transfer -
towards SCC AS which includes a request to initiate session transfer from PS
to CS. This SIP message might be, for example, a SIP INFO or SIP REFER in
which case the message includes the STN in order to allow it to be routed to
the (correct) SCC-AS. The message may alternatively be a SIP 488 in which
case the message will automatically be routed back to the SCC-AS via the path
followed by the INVITE and it is not necessary for the STN to be included.

7. Standard procedures are used at the I1/S-CSCF to route the SIP message to the
SCC AS.

8. The SCC AS starts the Session transfer procedure by sending a SIP INVITE
towards UE-B via the CS access, i.e. with user B’s identity as called party
identity to which it is addressable over the CS access (i.e., the MSISDN). The
SCC AS uses the STN as the calling party ID so that the UE-B can correlate
the INVITE with the ongoing session. [Note that in some cases it will not be
possible to route the call directly to UE-B using UE-B's MSISDN, in which case
so-called CS breakout procedures may be used to route the call to UE-B via
the MSC in the CS access. This could be achieved, for example, using so-
called pre-fix routing or using a CSRN (see e.g., 23.292 Annex F.3).]

NOTE: The SCC AS can direct the session to the CS access over Mg or 12, see

TS 23.292.

9. Standard procedures are used at the I/S-CSCF to route the INVITE to the MSC
Server. If the MSC Server is not enhanced, CS signalling will be used via an
MGCF (possibly an IAM message sent between the MGCF and MSC, which is
then translated to a CS SETUP by the MSC and sent towards the UE).

10. The MSC server sends a CS Setup to UE-B. UE-B determines that Access
Transfer using DRVCC is requested when the calling party received is its own
STN.

10a. At sending of the CS Setup the MSC puts itself in a state ready to receive an
answer from UE-B. This is standard MSC behaviour.

10b. At receipt of the CS Setup, UE-B puts itself in a state ready to receive an
answer by the user.

11. The user answers.

12. UE-B uses the standard procedure to send the CS connect message to the
MSC Server as described, for example, in TS 24.008.

12a.UE-B moves to an active state.
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12b.The MSC Server moves to an active state.

13. The MSC sends an answer message in the SIP session started in 8.

14. Standard procedures are used at the I/S-CSCF to route the answer to the
SCC AS.

15. The SCC AS creates the corresponding SIP request to the remote end and

updates the remote leg.

In the procedure described above, new functionality is introduced into the UE and the
SCC-AS in order to implement steps 6 and 8. In particular, new functionality is
introduced into the UE in order to cause the UE to send the SIP message, identifying
the transfer, towards the SCC-AS. New functionality is introduced into the SCC-AS
in order to cause the SCC-AS to react to receipt of this SIP message by sending the
SIP INVITE towards the UE (and the MSC). Other steps are achieved using already
standardised functionality. Indeed, a significant advantage of the procedure is that

no modifications are required to the MSC or to any other intermediate nodes.

Considering the UE, Figure 6 illustrates schematically certain components of a
DRVCC mobile terminal, UE, enhanced in order to handle DRVCC PS to CS transfer
during an IMS session alerting phase. It will be appreciated that the UE will comprise
certain standard functionality implemented using various software and hardware
components including a processor, memory, etc. The UE comprises a user interface
1 comprising, for example, a display, keypad, speaker, microphone etc. The user
interface allows a user to interact with the UE. In particular, the interface allows the
user to be alerted to an incoming voice or video call and to answer such a call. The
UE also comprises a SIP/IMS client 2 that is responsible for establishing and

controlling IMS sessions including voice and video calls.

A CS access controller 3 is responsible for performing CS attach and detach in
dependence upon control signals provided to it by the SIP/IMS client 2. The CS
access controller also relays control signalling between the CS access and the
SIP/IMS client. A PS access controller 4 is similarly responsible for performing PS
attach and detach, and for relaying control signalling between the PC access and the
SIP/IMS client. The CS access controller 3 and PS access controller 4 communicate

with the CS and PS access network via respective radio interfaces 5,6.

Considering further the SIP/IMS client 2, as well as certain know standard functions,
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this implements a DRVCC module 7 adapted to determine that a DRVCC transfer is
required, from a Packet Switched, PS, to a Circuit Switched, CS, access, in respect
of an IMS session in alerting phase. The client 2 further comprises a session transfer
initiator 8 coupled to the DRVCC module 7. When the DRVCC module makes a
determination that an IMS session in alerting phase is to be transferred from the PS
to the CS access, it indicates this to the session transfer initiator 8. The session
transfer initiator 8 responds by sending a SIP message to a Service Centralization
and Continuity Application Server, SCC-AS, over a PS access, i.e. via the PS access
controller 4 and associated radio interface 6, informing the SCC-AS of the DRVCC

transfer and optionally including a Session Transfer Number, STN, of the UE.

Considering now the SCC-AS, this is illustrated schematically in Figure 7. The SCC-
AS includes an ISC interface 10 that allows the SCC-AS to send and receive SIP
messages, e.g. with an I-CSCF or S-CSCF, relating to IMS subscriber sessions. It
further comprises a SIP message handler 11 for receiving, via the PS access, from a
mobile terminal, UE, a SIP message informing the SCC-AS that a DRVCC transfer
from a Packet Switched, PS, to a Circuit Switched, CS, access, in respect of an IMS
session in alerting phase is required. As already noted above, this SIP message
optionally includes a Session Transfer Number, STN, of the UE. The SCC-AS
comprises a session transfer controller 12, coupled to the SIP message handler 11
and responsive to receipt of said SIP message to send a SIP INVITE from the SCC-
AS towards a Mobile Switching Centre, MSC, serving the UE in the CS access. The
session transfer controller 12 is configured to include in the INVITE an identity of the

UE as a called party identity and the STN as the calling party identity.

Figure 8 is a flow diagram illustrating in general terms the transfer procedure
described above. At step S1, an IMS media session is initiated towards a terminating
mobile station, UE. Then, at step S2, during a session alerting phase, a
determination is made at the UE that a DRVCC transfer is required from a Packet
Switched, PS, to a Circuit Switched, CS, access. At step S3, the terminating UE
sends a SIP message to a Service Centralization and Continuity Application Server,
SCC-AS, over the PS access, informing the SCC-AS of the DRVCC transfer and

optionally including a Session Transfer Number, STN, of the UE.
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At step S4, the SCC-AS receives the SIP message and responds by sending a SIP
INVITE from the SCC-AS towards a Mobile Switching Centre, MSC, serving the UE
in the CS access, the INVITE including an identity of the UE as a called party identity
and the STN as the calling party identity. At step S5, the MSC receives the INVITE,
or CS signalling relayed by the MGCF, and responds by sending to the UE a CS
Setup message. At step S6 the MSC is placed in a state in which it expects a CS

Answer from the UE.

Of primary interest here is the case of DRVCC arising at the terminating side
(Figures 3 and 4). However, it may be helpful to consider also DRVCC at the
originating side. Figure 9 illustrates an example information flow for the DRVCC
transfer from PS to CS, considering the originating side case (outgoing voice or video
call, IMS session, in alerting phase). The flow requires that the user is active in a
terminating IMS session and that the SIP session is in alerting state, there is no other
ongoing session and the UE has not responded over the access leg. Figure 9
illustrates in particular the following steps:

1-4. Standard procedures are used to initiate a SIP session on behalf of UE-A.
UE-A is alerting the user for the incoming voice or video-call session.

5. UE-A determines a need for Access Transfer from PS to CS. If the user is not
attached to the CS access at this point in time, UE-A performs a CS Attach as
specified in TS 23.292, clause 7.2.1.

6. UE-A starts the Dual Radio Access Transfer procedure by sending a CS setup
message destined to STN according to TS 24.008 .

7. MSC Server routes the call towards the STN received in 6. If the MSC is not
enhanced, SC signalling will be used and the call setup message will be routed
through an MGCF.

8. Standard procedures are used at I/S-CSCF for routing of the INVITE to the
SCC AS.

9. The SCC AS uses the STN to determine that Access Transfer using Dual
Radio VCC is requested. The SCC AS may retrieve the C-MSISDN from the
HSS. The SCC AS identifies the correct anchored session. The SCC AS
proceeds with the Access Transfer of the recently added active session with bi-
directional speech or bi-directional speech and synchronised video for the UE-
A by updating the Remote Leg with the media description and other information
using the Remote Leg Update procedure as specified in clause 6.3.1.5 (with

reference to the current 3GPP proposal).
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NOTE 1: It is assumed the initial SDP negotiation has been completed prior to
triggering the (v)SRVCC, thus the SCC AS can update the remote leg.

10. The SCC AS sends a Ringing message towards UE-A

11. The S-CSCF forwards the Ringing message to the MSC Server.

12. The MSC server sends a CS Alerting message to UE-A according to
TS 24.008 [24].

12a.The MSC moves to alerting state, see TS 24.008.

12b. UE-A moves to alerting state and ensures that the same ring back tone is
played to the end user.

13. The remote end answers the call.

14. The SCC AS sends an Answer message towards the MSC.

15. Standard procedures are used at S-CSCF for routing the Answer message to
the MSC.

16. The MSC uses the standard procedure to send the CS connect message to
UE-A as described in TS 24.008.

16a.The MSC moves to Active state.

16b.UE-A moves to Active state.

Considering now the case of a CS to PS Access Transfer: CS to PS - Dual Radio,
incoming voice call in alerting phase, this procedure is handled according to the
existing “PS-PS Access Transfer with full media transfer for an incoming call in early
dialog phase” (6.3.2.2.3) with the following amendment for step 1-4. An MSC server
has started a CS session towards the UE which is centralized in IMS according to in
TS 23.292. The UE is awaiting answer from the User. Before the user answers, the
UE decides to move to PS. The procedure follows as from step 5 in 6.3.2.2.3. IP-
CAN 2 represents the new PS leg. The UE uses the statically configured STI for the

transfer.

Considering now the case of CS to PS Access Transfer: CS to PS - Dual Radio,
outgoing voice call in alerting phase, this procedure is handled according to the
procedure in 6.3.2.2.4 “PS-PS Access Transfer with full media transfer for an
outgoing call in early dialog phase” with the following amendment for step 1-4. The
UE has started a CS session that is centralized in IMS according to in TS 23.292.
The UE is awaiting answer from the remote end. Before the remote end answers,
the UE decides to move to PS. The procedure follows as from step 5in 6.3.2.2.3. IP-
CAN 2 represents the new PS leg. The UE uses the statically configured STI for the
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transfer.

It will be appreciated by the person of skill in the art that various modifications may

be made to the above described embodiments without departing from the scope of
the invention.
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Claims

1. A method of Dual Radio Access Transfer of an IP Multimedia session, IMS, in
an alerting phase for the Packet Switched to Circuit Switched direction, the method
comprising: ‘
initiating an IMS media session towards a terminating mobile station, UE;
during a session alerting phase, making a determination at the UE that a
DRVCC ftransfer is required from a Packet Switched, PS, to a Circuit
Switched, CS, access;
sending a SIP message from the UE to a Service Centralization and
Continuity Application Server, SCC-AS, over the PS access, informing the
SCC-AS of the DRVCC transfer;
responding to receipt of the SIP message at the SCC-AS by sending a SIP
INVITE from the SCC-AS towards a Mobile Switching Centre, MSC, serving
the UE in the CS access, the INVITE including an identity of the UE as a
called party identity and the STN as the calling party identity; and
responding to receipt of said INVITE at the MSC, or to receipt of associated
CS signalling, by sending from the MSC to the UE a CS Setup message,
whereupon the MSC is placed in a state in which it expects a CS Answer from
the UE.

2. A method according to claim 1, wherein said SIP INVITE is received by a
Media Gateway. Control Function, MGCF, the MGCF translating the INVITE into
associated CS signalling, and sending that associated CS signalling to the MSC.

3. A Dual Radio Access mobile terminal, UE, comprising:

a Dual Radio Voice Call Continuity, DRVCC, module for determining that a
DRVCC transfer is required, from a Packet Switched, PS, to a Circuit
Switched, CS, access, in respect of an IMS session in alerting phase and for
which the UE is a terminating UE; and

a session transfer initiator, responsive to a determination that such a DRVCC
transfer is required, for sending a SIP message to a Service Centralization
and Continuity Application Server, SCC-AS, over a PS access, informing the
SCC-AS of the DRVCC transfer.

4, A mobile terminal according to claim 3, wherein said SIP message is one of a

RECTIFIED SHEET (RULE 91) {SA/EP
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SIP INFO, SIP 488, or SIP Refer.

5. A mobile terminal according to claim 3 or 4 and comprising a CS session
establishment module for receiving a CS Setup message from the CS access,
identifying an STN contained within the CS Setup message and correlating the CS
Setup message with said IMS session using the STN, and for returning a CS connect
to the CS access indicating that the CS call has been answered, whereupon the

mobile terminal is placed into an active state.

6. A Service Centralization and Continuity Application Server comprising:

a SIP rﬁessage‘ handler for receiving over a PS access from a mobile
terminal, UE, a SIP message informing the SCC-AS that a DRVCC transfer
from a Packet Switched, PS, to a Circuit Switched, CS, access, in respect of
an IMS session in alerting phase is required; and

a session transfer coniroller responsive to receipt of said SIP message to
send a SIP INVITE from the SCC-AS towards a Mobile Switching Centre,
MSC, serving the UE in the CS access, the INVITE including an identity of the
UE as a called party identity and an STN as the calling party identity.

7. A Service Centralization and Continuity Application Server according to claim
6, wherein said SIP message is one of a SIP INFO, SIP 488, or SIP Refer.

RECTIFIED SHEET (RULE 91) ISA/EP
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S1. Session initiated over IMS to terminating
Dual Radio Access UE, using PS access

S2. While still in alerting phase, terminating UE determines
that DRVCC transfer is required from PS to CS access

S3. Terminating UE sends SIP message to SCC-AS over the PS access to
inform SCC-AS of the DRVCC transfer. UE’s STN is included in SIP message.

S4. SCC-AS receives SIP message and responds by sending a SIP INVITE,
towards an MSC serving the UE. The INVITE includes an identity of the UE
as a called party identity and the STN as the calling party identity.

S5. MSC receives SIP INVITE, or CS signalling relayed by MGCF,
and responds by sending a CS Setup message to the UE.

S5. MSC receives SIP INVITE, or CS signalling relayed by MGCF,
and responds by sending a CS Setup message to the UE.

A
S6. MSC is placed in a state in which it expects an answer from the UE

Figure 8
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