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First Change
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2]
3GPP TS 22.278: "Service requirements for the Evolved Packet System (EPS)".

[3]
3GPP TS 23.292: “IP Multimedia System (IMS) centralized services; Stage 2”

[4]
3GPP TS 23.237: “IP Multimedia Subsystem (IMS) Service Continuity; Stage 2”

[5]
3GPP TS 23.401: "GPRS enhancements for E-UTRAN access".

[6]
3GPP TS 23.060: "General Packet Radio Service (GPRS); Service description; Stage 2".

[7]
3GPP TS 23.216: " Single Radio Voice Call Continuity (SRVCC): Stage 2".

[8]
3GPP TR 23.856: "Feasibility study of SR-VCC enhancements"

[9]
3GPP TS 23.221: “Architectural requirements (Release 9)”

[10]
3GPP TS 24.301: “Non-Access-Stratum (NAS) protocol for Evolved Packet System (EPS); Stage 3”

[X]
3GPP TS 23.401: “General Packet Radio Service (GPRS) enhancements for Evolved Universal Terrestrial Radio Access Network (E-UTRAN) access3”

[Y]
3GPP TS 25.413: “UTRAN Iu interface Radio Access Network Application Part (RANAP) signalling”

Second Change
6.5
Solution 5: IMS procedure is initiated by MSC Server to ATCF

6.5.1
Architecture Reference Model


6.5.1.1
General
Figure 6.5.1.1-1 provides the reference architecture for reverse SRVCC. The figure only depicts the specific reference points for reverse SRVCC.
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NOTE 1:
MSC Server shown in the figure is enhanced for reverse SRVCC
NOTE 2:
The MSC server enhanced for reverse SRVCC may not be the source MSC which connects to the source cell.

Figure 6.5.1.1-1: Reference Architecture for reverse SRVCC.

6.5.1.2
Concepts of reverse SRVCC
For facilitating session transfer (reverse SRVCC) of the voice component to the PS domain, the IMS multimedia telephony sessions needs to be anchored in the IMS (ATCF).

For reverse SRVCC from UTRAN/GERAN to E-UTRAN/UTRAN (HSPA), MSC Server enhanced for reverse SRVCC receives the CS handover request of UTRAN/GERAN with the indication that whether PS handover is initiated and this is for reverse SRVCC handling. If PS handover is initiated, the Source SGSN sends PS handover request to the MSC Server enhanced for reverse SRVCC. MSC Server enhanced for reverse SRVCC synchronises the CS and PS handover requests and triggers the CS to PS Handover procedure with the target MME via the Sv reference point. MSC Server enhanced for reverse SRVCC then initiates the session transfer procedure to IMS (ATCF) and coordinates it with the CS to PS Handover SRVCC procedure. Target MME then sends CS to PS handover Response to MSC Server enhanced for reverse SRVCC, which includes all the components information including voice for the UE to access the E-UTRAN/UTRAN (HSPA). After UE tunes to the target access, it initiates the session transfer procedure to IMS (ATCF), and ATCF coordinates the two session transfer procedures.
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Figure 6.5.1.2-1: Overall high level concepts for reverse SRVCC
6.5.2
Functional Entities



6.5.2.1
ATCF 

The ATCF shall be based on the functionality specified in TS 23.237 [4], with the following enhancements:

NOTE 1: 
For transferring emergency session, the ATCF can be co-located with E-SCC AS.

-
Based on operator policy, decide to
-
allocate a STN-rSR; 

-
Perform the Access Transfer and update the ATGW with the new media path for the new (PS) access leg, without requiring updating the remote leg;

-
Make anchoring decision with additional criteria of UE's reverse SRVCC capability;

-
Forward the originating call destined to an IMRN pointing to the ATCF;

-
Forward the terminating call to CS domain if CS identity is received for the call;

-
Inform the MSC Server enhanced for rSRVCC that the Access Transfer is success after response to the Session Transfer message sent by UE;

-
Correlate the Session Transfer procedures initiated by the UE and the MSC server enhanced for rSRVCC.
6.5.2.2
SCC AS

The SCC AS shall be based on the functionality specified in TS 23.237 [4], with the following enhancements:

-
Clear any existing STN-rSR that has been set to the HSS if a third-party register without a STN-rSR is received;

-
Provide the STN-rSR received in a third-party register to the HSS;

-
When an ATCF is used, provide during session establishment the PUI registered by the UE to the ATCF;

-
If the session is originated from CS domain, instruct the serving network to redirect the call to an number point to the ATCF or instruct the serving network to resend the call via the ATCF, which allocates the STN-rSR;
-
Route the call to the ATCF during terminating session establishment if T-ADS selects CS domain.
-
Monitor the IMS re-registration of the UE as described in clause 6.5.3.3 and inform the HSS to de-register the UE if needed.

6.5.2.3
S-CSCF
The S-CSCF shall perform IMS Registration procedure for the rSRVCC UE as described in clause 6.5.3.5.

6.5.2.4
MSC Server enhanced for reverse SRVCC

The MSC Server enhance for reverse SRVCC shall be based on the functionality specified in TS 23.216 [7] and TS 29.292 [Y], with the following enhancements:
-
Perform the session transfer procedure or emergency session transfer procedure from CS to IMS as described in clause 6.5.3.8.1;

-
Initiating the CS to PS handover procedure for handover of the voice component to the target cell via the Sv interface and including an emergency indication if this is an emergency session. This procedure is only triggered once regardless of the number of CS sessions those are in use by the UE.
-
Coordinating the CS to PS handover and session transfer procedures;

-
Not perform MAP_Update_Location procedure for CS to PS handover procedure;

-
Synchronize PS handover and CS handover procedures when both procedures are performed.
6.5.2.5
MME
The MME shall be based on the functionality specified in TS 23.401 [X], with the following enhancements:

-
Handling the Relocation Preparation procedure requested from MSC Server enhanced for rSRVCC via Sv reference point;

-
Perform the bearer reservation procedure for voice media in target access as described in clause 6.5.3.8.2;

6.5.2.6
UE enhanced for reverse SRVCC

The rSRVCC UE shall:

-
Indicate to the IMS that the UE is rSRVCC capable when being configured for using IMS speech service supported by the home operator, e.g. the IMS Multimedia Telephony Service for bi-directional speech and the operator policy on the rSRVCC UE as specified in TS 23.237 [4] does not restrict the session transfer.
-
Initiate RAU/LAU procedure to indicate the GERAN/UTRAN that the user is allowed to use rSRVCC.
-
Initiate a Session Transfer procedure as described in TS 23.237 [4] after handover to the target access is completed.

-
Perform IMS Registration procedure as described in clause 6.5.3.5.

6.5.2.7
UTRAN/GERAN

When UTRAN/GERAN selects a target VoIP-capable cell for CS to PS handover, it needs to send an indication to SGSN that this handover procedure requires rSRVCC.

UTRAN/GERAN may be capable of determining the neighbour cell list based on the allowance of rSRVCC and/or presence of CS sessions for a specific UE as described in clause 6.5.3.2.

6.5.3
Message Flows

6.5.3.1
Home control rSRVCC
When the S-CSCF receives IMS registration from a rSRVCC UE, it shall send the rSRVCC subscription information of the user to the UE if it exists. After receiving the rSRVCC subscription information, the UE shall perform RAU/LAU/TAU procedure depends on where it attaches to send an "rSRVCC allowed" indication to the NB/eNB.

6.5.3.2
RAU/LAU/TAU procedure
RAU/LAU/TAU procedure for 3GPP rSRVCC UE is performed as defined in TS 23.060 [6] or TS 23.401 [X] with the following additions:

-
NB/eNB receives "rSRVCC allowed" indication as part of the "UE Radio Access Capability". NB/eNB stores this information for rSRVCC operation.

NOTE 1:
If the indication is populated by core network, considering not all MSC Server/SGSN need to be enhanced for rSRVCC, if UE initiates CS session with that MSC Server and performs CS handover, this indication will be lost in target NB.
When UE attaches to GERAN/UTRAN, if the "rSRVCC allowed" indication is set to "true" and/or the UE is involved in CS session, then VoIP-capable cells may be included as candidate target cells in the NCL.
NOTE 2:
The UE will receive the "rSRVCC allowed" indication via IMS registration procedure.
6.5.3.2
GERAN/UTRAN performs handover procedure
If the GERAN/UTRAN decides to handover the UE with CS session to a VoIP-capable cell, it shall include an rSRVCC indication in the Handover/Relocation Required message for CS handover, and for PS handover if happened, and destine the Handover/Relocation Required message for CS handover to a MSC Server enhanced for rSRVCC.
Annex Y shows an example of how the GERAN/UTRAN packs the rSRVCC indication.


6.5.3.3
Maintaining IMS Registration
During the IMS (re-)registration procedure, The UE shall send a SIP REGISTER request with an additional time interval Tmaintain to IMS to maintain IMS registration when UE is involved in CS session. The time interval for IMS re-registration is called TRegistration. In order not to impact P-CSCF, the Tmaintain shall be included in the Expires header field of the SIP REGISTER request and the response.
The S-CSCF shall not reduce the Tmaintain if the 3rd party registration needs to be performed to a SCC AS. The S-CSCF may reduce the TRegistration according to local policy. The S-CSCF shall forward the TRegistration to the SCC AS via 3rd party registration procedure and forward the TRegistration to the UE, e.g. by including the TRegistration in the response to the SIP REGISTER request.

The SCC AS may hold a time interval TTransfer corresponding to the approximate transfer time of the SIP REGISTER request. The SCC AS shall reset the time interval for monitoring IMS re-registration to (TRegistration + TTransfer) when all CS sessions of the UE has been released or the UE re-registration has been informed, and stop monitoring the IMS re-registration when CS session of the UE can be detected. If the time expired, the SCC AS shall inform the HSS to de-register the UE.
6.5.3.4
Preparation of media transfer
UE need to transfer VoIP media right after CS to PS handover procedure described in clause 6.5.3.8.2 is finished. The ATCF and/or MSC Server enhanced for rSRVCC needs to know the IP address and port number used by the UE for receiving media on PS access during CS-PS access transfer. The UE needs to know the IP address, port number and codec for sending media to the ATGW during CS-PS access transfer.
The IP address of the UE is assigned by the network and used for IMS registration procedure. When registering in the IMS, the UE indicates its port number and default codec (or list of codecs) it will receive media on when a transfer is performed. The ATCF can learn this information during IMS registration procedure, and therefore forward the information, as well as the IP address/port of the ATGW for receiving voice media, to the MSC Server enhanced for rSRVCC during CS-PS access transfer as described in clause 6.5.3.8.
6.5.3.5
Selection of the ATCF
In order to ensure that the MSC Server selects the ATCF during rSRVCC procedure, who may anchor the session, a STN-rSR (Session Transfer Number for rSRVCC) that can be used by the MSC Server to find the ATCF shall be provided to the serving MSC Server before rSRVCC procedure is triggered. 
The ATCF shall allocate the STN-rSR when the user registers in the IMS. The STN-rSR shall be provided through IMS and via third-party registration to the SCC AS. The SCC AS shall further provide the modified C-MSISDN with prefix of STN-rSR to the HSS, which in turn shall update the serving MSC Server.

NOTE 1:
The STN-rSR is not a routable number, and maybe part of the STN-SR. If the SCC AS receives a third-party register without a STN-rSR, it will remove any prefix of the C-MSISDN.
The following figure shows an example of IMS registration flow where the ATCF provides the STN-rSR to the home network. Existing IMS Registration procedures described in TS 23.228 [8] are used to register the user in IMS.
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Figure 6.5.3.5-1: IMS Registration
1.
UE sends an initial SIP REGISTER request with rSRVCC capability indication to home network via ATCF (P-CSCF not shown in flow). The rSRVCC capability indication is the additional time interval, reserved port, and default codec (or list of codecs).
2.
ATCF decides, based on operator policy and in case the home network supports rSRVCC, to allocate a STN-rSR.

3.
The ATCF includes the STN-rSR in the request forwarded to the I/S-CSCF.

NOTE 2:
Service level agreements are used to understand whether the home network supports rSRVCC.
4.
The I/S-CSCF sends the SIP REGISTER request to the SCC AS according to the third-party registration procedure. The S-CSCF shall forward the rSRVCC subscription information to the UE, e.g. by including this information in the response to the SIP REGISTER request. If the UE receives the information, it shall trigger RAU/LAU/TAU immediately to set the rSRVCC allowed indication to "true".
NOTE 3:
In case of multiple registrations from the UE from multiple accesses, the SCC AS will only receive and use a STPN-rSR from an ATCF in the mobile network. 
5.
SCC AS uses the STN-rSR as the prefix of C-MSISDN and provides the modified C-MSISDN into the HSS.
NOTE 4:
If an ATCF does not exist, the SCC AS will remove the prefix of C-MSISDN and provide the modified C-MSISDN in the HSS.
6.
If the UE attached in GERAN/UTRAN, HSS provides the STN-rSR as prefix of C-MSISDN to the serving MSC Server because of the change of the subscription data.

7-8.If MSC Server is enhanced for ICS, the MSC Server will perform IMS registration for the UE too, and if the MSC Server also is enhanced for rSRVCC, the SIP REGISTER request may go through the ATCF determined by the STN-rSR.

6.5.3.6
Originating sessions in CS
6.5.3.6.1
Serving MSC Server is not enhanced for ICS

Figure 6.5.3.6.1-1 shows an originating session when the ATCF has previously been included in the signalling path (see clause 6.5.3.5) and serving MSC Server is not enhanced for ICS. If the ATCF was not included in the signalling path then existing Mobile Origination procedures described in TS 23.228 [8] are used.
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Figure 6.5.3.6.1-1: Originating session that uses only CS media (MSC Server not supporting ICS)

1.
UE-1 sends a SETUP message in CS domain to initiate a CS call to UE-2.
2.
MSC Server not supporting ICS fetches IMRN from UE-1's home network with terminating number in order to forward the session establishment message to IMS. SCC AS derives an IMRN pointing to the ATCF based on the STN-rSR and roaming agreement. The MSC Server sends an ISUP IAM or SIP INVITE message to the ATCF using the IMRN via a local MGCF.

3~4.The ATCF decides to anchor based on local policy and allocates ATGW resources and forwards the SIP INVITE message to the I/S-CSCF of the UE-1's home network. The S-CSCF will forward the SIP INVITE message to the SCC AS according to the originating iFC.

5~6.SCC AS changes the request URI of the SIP INVITE request to the terminating number and forwards the SIP INVITE request to the remote UE.

7~8. SCC AS sends Access Transfer Info to the ATCF with a dynamic/static ATU-STI, the UE PUI registered by the UE, and the C-MSISDN. The ATCF shall store the Access Transfer Info.
NOTE 1:
The Access Transfer Info (step 7 and 8) can be sent as part of the existing session response (step 9) to the INVITE. 

NOTE 2:
The ATU-STI is a routable address pointing to the SCC AS. It could either be dynamically allocated (for each session) or statically allocated (for the SCC AS). 
9.
Completion of originating session setup.
6.5.3.6.2
Serving MSC Server is enhanced for ICS

Figure 6.5.3.6.2-1 shows an originating session when the ATCF has previously been included in the signalling path (see clause 6.5.3.5) and serving MSC Server is enhanced for ICS. If the ATCF was not included in the signalling path then existing Mobile Origination procedures described in TS 23.228 [8] are used.
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Figure 6.5.3.6.2-1: Originating session that uses only CS media (MSC Server supporting ICS)

1.
UE-1 sends a SETUP message in CS domain to initiate a CS call to UE-2.
2~3.MSC Server supporting ICS sends an SIP INVITE request to the I/S-CSCF of UE-1's home network, the S-CSCF will forward the SIP INVITE request to the SCC AS according to the originating iFC.

4~5. SCC AS determines the ATCF that UE-1 used for IMS registration based on the STN-rSR and roaming agreement. The SIP INVITE does not go through the ATCF, SCC AS informs the MSC Server to re-send the call via the ATCF.

6.
The MSC Server re-sends the SIP INVITE request via the ATCF.

7~10.The ATCF decides to anchor based on local policy and allocates ATGW resources and forwards the SIP INVITE request to UE-2.

11~13.Same as described in step 7~9 of clause 6.5.3.6.1.
6.5.3.6.3
Serving MSC Server is enhanced for rSRVCC

Figure 6.5.3.6.3-1 shows an originating session when the ATCF has previously been included in the signalling path (see clause 6.5.3.5) and serving MSC Server is enhanced for rSRVCC. If the ATCF was not included in the signalling path then existing Mobile Origination procedures described in TS 23.228 [8] are used.
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Figure 6.5.3.6.3-1: Originating session that uses only CS media (MSC Server supporting rSRVCC)

1.
UE-1 sends a SETUP message in CS domain to initiate a CS call to UE-2.
2.
MSC Server supporting rSRVCC sends an SIP INVITE request to UE-2 via the ATCF.

3~6.The ATCF decides to anchor based on local policy and allocates ATGW resources and forwards the SIP INVITE request to UE-2.

7~9.Same as described in step 7~9 of clause 6.5.3.6.1.
6.5.3.6.4
UE is enhanced for ICS

Figure 6.5.3.6.4-1 shows an originating session when the ATCF has previously been included in the signalling path (see clause 6.5.3.5) and UE is enhanced for ICS. If the ATCF was not included in the signalling path then existing Mobile Origination procedures described in TS 23.228 [8] are used.
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Figure 6.5.3.6.4-1: Originating session that uses only CS media (UE supporting ICS)

1~3. UE-1 sends a SIP INVITE message via Gm/I1 interface in PS/CS domain to initiate a call to UE-2. If the SIP INVITE is sent via Gm interface, the SIP INVITE goes through ATCF.
4~6. SCC AS determines the ATCF that UE-1 used for IMS registration based on the STN-rSR and roaming agreement. SCC AS derives a dynamic STN pointing to the ATCF and responses to the SIP INVITE request with the dynamic STN to UE-1.

7.
UE-1 sends a SETUP message in CS domain destined to the dynamic STN.

8.
The MSC Server sends an ISUP IAM or SIP INVITE message to the ATCF using the dynamic STN. If the MSC Server is not enhanced for ICS, the message will be sent to the ATCF via a local MGCF.

9~10.The ATCF decides to anchor based on local policy and allocates ATGW resources and forwards the SIP INVITE message to the I/S-CSCF of the UE-1's home network. The S-CSCF will forward the SIP INVITE message to the SCC AS according to the originating iFC.

11~15.Same as described in step 5~9 of clause 6.5.3.6.1.
6.5.3.7
Terminating sessions in CS
6.5.3.7.1
UE is not enhanced for ICS

Figure 6.5.3.7.1-1 shows a terminating session when the ATCF has previously been included in the signalling path (see clause 6.5.3.5) and UE is not enhanced for ICS. If the ATCF was not included in the signalling path then existing Mobile Termination procedures described in TS 23.228 [8] are used.
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Figure 6.5.3.7.1-1: Terminating session that uses only CS media (UE not supporting ICS)

1-2. A Terminating session is sent towards the UE-1 from UE-2. The initial SIP INVITE request is routed via the I/S-CSCF to the SCC AS.
3.
The SCC AS performs necessary T-ADS procedures according to TS 23.237 [4]. If the SCC AS knows the ATCF will be in the message path and T-ADS selects CS domain, the SCC AS routes the request towards the UE-1 via PS domain, e.g. destined to the UE PUI registered by the UE-1 itself. The SCC AS sends Access Transfer Info to the ATCF with a dynamic/static ATU-STI, UE PUI, and the CS identity of UE-1. The CS identity of UE-1 includes C-MSISDN, and if the serving MSC Server is enhanced for ICS, the CS identity also may include SIP PUI registered by the MSC Server for the UE-1 and information of serving MSC Server, e.g. contact of the MSC Server.
NOTE 1: 
The Access Transfer Info can be sent as part of the existing INVITE. If the T-ADS selects PS domain and UE-1 does not support ICS, the Access Transfer Info includes ATU-STI, UE PUI, and C-MSISDN.

4.
The INVITE is routed towards the ATCF (P-CSCF not shown in flow). When receiving the SIP INVITE request and CS identity, the ACTF decides to anchor based on local policy, allocates ATGW resources for voice media, anchors the voice media in the ATGW. The ATCF shall store the ATU-STI, the UE PUI, and the C-MSISDN. The ATCF removes the ATU-STI and CS identity from the INVITE.
5.
The ATCF forwards the SIP INVITE request to the UE-1 via CS domain using the CS identity. The forwarded SIP INVITE request will go through a local MGCF near the ATCF if C-MSISDN in the CS identity is used.

6.
The MSC Server sends a SETUP message to the UE-1.

7.
Session setup is completed.

6.5.3.7.2
UE is enhanced for ICS

Figure 6.5.3.7.2-1 shows a terminating session when the ATCF has previously been included in the signalling path (see clause 6.5.3.5) and UE is enhanced for ICS. If the ATCF was not included in the signalling path then existing Mobile Termination procedures described in TS 23.228 [8] are used.
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Figure 6.5.3.7.2-1: Terminating session that uses only CS media (UE supporting ICS)

1~2. A Terminating session is sent towards the UE-1 from UE-2. The initial SIP INVITE request is routed via the I/S-CSCF to the SCC AS.
3~4.The SCC AS determines the ATCF that UE-1 used for IMS registration based on the STN-rSR and roaming agreement. SCC AS derives a dynamic STN pointing to the ATCF and forwards the SIP INVITE request with the dynamic STN to UE-1 as described in TS 23.237 [4].
NOTE 1: 
The Access Transfer Info can be sent as part of the existing INVITE. 

5.
The ATCF forwards the SIP INIVTE request to the UE-1 without the Access Transfer Info.

6.
UE-1 sends a SETUP message in CS domain destined to the dynamic STN.

7.
Completion of the CS originating session setup that is same as described in setup 8~15 of clause 6.5.3.6.4, and completion of the PS terminating session setup as described in TS 23.237 [4].

6.5.3.8
CS - PS Access Transfer

This clause describes the main steps of the rSRVCC procedure of the alternative. There are two parallel procedures in the flow: GERAN/UTRAN to E-UTRAN handover procedure and, IMS Service Continuity procedure initiated by MSC Server. The IMS Service Continuity procedure initiated by MSC Server is triggered by HO message of the GERAN/UTRAN to E-UTRAN handover procedure.

6.5.3.8.1
IMS Session Continuity procedure

This clause describes the detail flow of IMS Session Continuity procedure for the CS-PS access transfer.
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Figure 6.5.3.8.1-1: IMS Session Continuity procedure of rSRVCC
1. 
Source GERAN/UTRAN determines to perform handover to VoIP-capable cell based on the measurement report and acts as described in clause 6.5.3.2, which will result in the MSC Server enhanced for rSRVCC receiving a handover request from CS domain. If the MSC Server enhanced for rSRVCC is not the Source MSC Server, then the Source MSC Server will send a Prep_HO_Request message to the MSC Server enhanced for rSRVCC.


If the C-MSISDN is not received or does not contain a STN-rSR, the MSC Server enhanced for rSRVCC shall reject the CS handover.

2.
The MSC Server initiates Access Transfer Notification message with C-MSISDN to the ATCF that determined by the STPN-rSR in the C-MSISDN, e.g. by sending a SIP INVITE (C-MSISDN) request to the ATCF.
3~4.If the voice media of the transferred session has not been anchored in ATGW, the ATCF sends Configure ATGW message to ATGW and gets response from the ATGW to reserve the resource for voice media.

5.
The ATCF correlates the Access Transfer Notification message with the transferred session using the C-MSISDN, and informs the MSC Server enhanced for rSRVCC that the access transfer is in progressing, e.g. by sending a SIP “183 Session Progress” response.

The ATCF sends the IP address/port of UE for receiving voice media, the IP address/port of ATGW for receiving voice media, and the codec used to the MSC Server enhanced for rSRVCC in this step.
6.
The ATCF sends Access Transfer Update message with C-MSISDN to the SCC AS using the static ATU-STI. The SCC AS correlates the incoming Access Transfer Update message with the transferred session using the C-MSISDN, and if the Session Description (SDPATGW-remote) has changed, a remote end update is initiated according to existing procedures.

7.
The SCC AS response to the Access Transfer Update message and releases the source access leg after a while.

8.
When UE-1 handover to the target access, the RRC connection has been ready for data transfer, it sends Session Transfer message to IMS using pre-configured STI-rSR, e.g. by sending a SIP INVITE (UE PUI, STI-rSR) to the IMS.

9~10.The Session Transfer message arrives at the ATCF, the ATCF knows that the Session Transfer message is for rSRVCC according to the STI-rSR and correlates the Session Transfer message with the transferred session using the UE PUI. The ATCF sends Configure ATGW message to ATGW and gets response from the ATGW to reserve the resource for voice media and correlates it with the resource reserved in step 3 and 4.
11.
The ATCF response to the UE.
NOTE 1:
This may cause bearer modification procedure due to the change of QoS and/or TFT for the voice bearer.
12.
The ATCF informs the MSC Server enhanced for rSRVCC that the access transfer is successful, e.g. by sending a SIP “200 OK” response.
NOTE 2:
After the CS-PS access transfer, the MSC Server enhanced for rSRVCC may release the CS resources immediately instead of waiting for the terminating of access leg.
13.
The UE may initiate transfer of any additional held/active session. 
6.5.3.8.2
CS to PS handover procedure

This clause describes the detail flow of CS to PS handover procedure for the CS-PS access transfer. The bearer information, Connection Info of ATGW, and Codec are included in Target to Source Transparent Container, e.g. using a NAS message format.
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Figure 6.5.3.8.2.1-1: Target MME/SGSN initiate resources reservation
1-2.If the UE is active in PS domain, source GERAN/UTRAN acts as described in clause 6.5.3.2 and sends a Handover/Relocation Reqired (target ID, rSRVCC indication, Source to Target transparent container) message to source SGSN, and source SGSN sends Forward Relocation Request (target ID, rSRVCC indication, Source to Target transparent container) message to MSC Server enhanced for rSRVCC according to the target ID.

3-4. Source GERAN/UTRAN acts as described in clause 6.5.3.2 and sends a Handover/Relocation Reqired (target ID, rSRVCC indication, index of source SGSN, Emergency Indication, Source to Target transparent container) message to source MSC, and if the source MSC is not the target MSC, source MSC performs inter-MSC handover procedure e.g. sends Prepare HO Request (target ID, rSRVCC indication, index of source SGSN, Emergency Indication, C-MSISDN, Source to Target transparent container) message to MSC Server enhanced for rSRVCC according to the target ID.

The index of source SGSN IE shall be included when PS HO is not performed. Otherwise, it shall not be included.
5.
MSC Server enhanced for rSRVCC synchronizes the PS and CS handover procedure, i.e. if Forward Relocation Request arrives first, then MSC Server enhanced for rSRVCC waits for the message for CS handover, if the message for CS handover arrives first, then MSC Server enhanced for rSRVCC waits for the Forward Relocation Request message if index of source SGSN IE is not included. MSC Server enhanced for rSRVCC sends CS to PS HO Request (IMSI, source SGSN Info, Connection Info of UE, Connection Info of remote, Codec, Non-voice Bearers Context, target ID, Source to Target transparent container, Emergency Indication) message to target MME/SGSN.


The Non-voice Bearers Context IE is included only when PS-PS HO is performed. The Source SGSN Info IE shall be included when PS-PS HO is not performed. The target ID is understandable by target access network. The Codec can be used by the target MME/SGSN to determine the QoS of the voice bearer.
6.
If PS-PS HO is not performed, the target MME/SGSN retrieves PDP context from Source SGSN as described in TS 23.401 [X].

7.
Target MME/SGSN sends Bearer Resource Command to initiate the bearer setup procedure.

8.
Target MME/SGSN allocates resources in UTRAN/E-UTRAN.
9.
Target MME/SGSN sends CS to PS HO Response message to the MSC Server enhanced for rSRVCC.

10.
The MSC Server enhanced for rSRVCC complete the handover preparation procedures.

NOTE 2:
The ATGW can for a certain period of time send media both on the source access leg and the new target access leg to minimize the interruption delay further. 

11.
Source GERAN/UTRAN sends Handover Command message to UE, indicating CS to PS handover. This may include additional information such as the IP address/port the UE shall send the media to, and codec used.
NOTE 3: After completion of CS to PS handover, the UE can start sending and receiving voice using the PS voice bearer.
6.5.3.9
Failure to complete CS-PS Access Transfer
In case of failure before MSC Server initiates IMS Service Continuity procedure, there is no difference to TS 23.060.

In case of failure after UE receives HO command or in case of handover cancellation, the MSC Server enhanced for rSRVCC will receive information from source access, the MSC Server enhanced for rSRVCC shall send an Access Transfer Cancel message to the ATCF, e.g. by sending a SIP CANCEL request. If the ATCF has sent an Access Transfer Update, the ATCF shall re-establish the source media path, e.g. using 3PCC procedure, and send an Access Transfer Failure message to the SCC AS, e.g. by sending a SIP BYE request with indication that the access transfer is fail. After receiving the Access Transfer Failure message, the SCC AS shall not release the source access leg.



























Third Change
Annex Y:
Mechanisms for GERAN/UTRAN sending Handover/Relocation Required message
When GERAN/UTRAN decides to initiate handover procedure for the rSRVCC capable UE with CS session(s) to a VoIP-capable cell, it shall use a target ID in the Handover/Relocation Required message for CS handover that the message will be forwarded to a MSC Server enhanced for rSRVCC by intermediate node of the source access network. The target ID for CS handover and PS handover shall contain, but does not need to be the same:

-
LAI or RAI. The LAI/RAI shall identify the target MME/SGSN (HSPA) and the LAI/RAI in routing table of CS core network points to a MSC Server enhanced for rSRVCC;

NOTE 1:
The LAI/RAI can be treated as the rSRVCC indication.
-
Index of eNB ID or RNC ID. The index of eNB ID or RNC ID in the target ID maybe related to the target MME/SGSN (HSPA);

-
Index of selected TAI if target access is E-UTRAN. The index of selected TAI maybe related to the target eNB.

NOTE 2:
Considering only the border cell need to be configured as this way, the table of mapping the target ID to a real target ID understandable in target access network will not be a big table.
The GERAN/UTRAN shall use a target ID in the Relocation Required message for PS handover that messages for both CS handover and PS handover will be forwarded to the same MSC Server enhanced for rSRVCC by intermediate node of the source access network. The target ID for CS handover shall also contain index of source SGSN that related to the source MSC if PS-PS HO is not performed.

An example format of the target ID according to TS 25.413 [Y] is LAI + RAC (8 bits) + Extended RNC-ID (16 bits), and the most significant 4 bits of the Extended RNC-ID is the index of source SGSN, the rest 20 bits contains index of eNB ID, and index of selected TAI.
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