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FIRST CHANGE
4
High level principles and architectural requirements

4.1
Basic Assumptions

4.1.0
General

It is assumed that the UE may be capable of transmitting and receiving simultaneously in multiple Access Networks or it may be capable of transmitting and receiving in only one Access Network at a time.

4.1.1
PS-CS Access Transfer

The following assumptions apply for PS-CS Access Transfer:
-
Functions of IMS Centralized Services and IMS Service Continuity are collocated in a single SCC AS. Not all functions are always required.
-
When (v)SRVCC enhanced with ATCF is used, additional functions of IMS Service Continuity are provided by the ATCF/ATGW in the serving (visited if roaming) network.

-
IMS Centralized Services specifies functions and procedures for use of CS bearer for the media of the IMS sessions.
-
If both UE and network supports the ICS UE capabilities described in TS 23.292 [5], these capabilities are used for communication of required information if needed for enablement of PS-CS Access Transfer of IMS multimedia sessions. During Access Transfer, the UE may decide to retain the use of the Gm reference point for service control of the real time media flow(s) in the old PS access (if available) or may decide to transfer the Gm service control for the real time media flow(s) to a new PS access. Support and use of the I1 interface in both the UE and SCC AS are subject to the requirements specified in clauses 5.3.2 and 5.3.1, respectively, of TS 23.292 [5].

-
When using the CS bearer for the media of the IMS session(s), multiple sessions can exist, but only one active session can be transferred over the CS bearer; one or more inactive sessions can be transferred.

-
When using the CS bearer for the voice + video media of the IMS session(s) as a result of performing vSRVCC, only one session with voice+video media can be transferred to the CS access. All remaining bi-directional voice and voice + video sessions but the transferred one are released, if the UE and network do not support ICS capabilities.

-
PS-CS Access Transfer with UE-based conferencing is not specified in this release.
-
The SCC AS shall provide the Session State Information to the MSC Server if:

-
the Access Transfer request is sent by or via the MSC Server;

-
the MSC Server has indicated its capability to support mid-call services in the registration or indicates its capability in the Access Transfer request sent to the SCC AS;

-
and ICS UE capabilities cannot be used upon transfer.

-
If supported, the SCC AS and ATCF have additional functions in handling of PS-CS Access Transfer procedure with priority indication for Single Radio.

-
If supported, the MSC Server may invoke the optional procedure(s) as shown in Annex B for additional SRVCC enhancements.
2nd CHANGE
Annex B (Normative): Additional enhancements for SRVCC 

B.1
General

This annex describes optional procedure that MSC server may perform to enhance SRVCC. Section B.2.1 and B.2.2 describes procedure to minimize the transcoding points for SRVCC.  In B.2.1, the procedure is triggered after performing SRVCC, while in B.2.2; it is triggered prior to performing SRVCC. For minimizing transcoding feature, if enabled, at least one of these options shall be supported and deployed by MSC server and IMS within one network. B.3 describes the procedure to enables the MSC server to reject SRVCC due to UE call state incompatibility. 
B.2
Minimize the transcoding for SRVCC

B.2.1
Codec re-negotiation after session transfer (SRVCC)

After SRVCC has been successfully performed (see subclause 6.3.2.1.9.1 and 6.3.2.1.9.2), MSC Sever may initiates a SIP REINVITE to modify the Selected Codec towards the remote end in order to minimize the transcoding points in the voice path.

Figure B.2-1 below illustrates this procedure with the assumption that the remote end supports the selected target RAN codec (B) in the Re-INVITE. 
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Figure B.2.1-1: Re-negotiation method towards the remote end
1.
SRVCC is performed. MSC Server has included all supported codecs into the session transfer request to the ATCF. In this flow the codec list may include the codec that is currently used in the ongoing IMS session and ATCF has selected this codec, therefore there is no transcoding in ATGW but there may be transcoding in CS-MGW. The session between UE and CS-MGW uses the codec-B. The session between CS-MGW, ATGW and remote end uses the codec-A.

NOTE 1:
If the codec list from MSC Server does not include the codec that is currently used in the ongoing session, ATCF initiates transcoding.

2.
The MSC server sends a Re-INVITE to remote end with list of supported codecs in MSC server to ATCF, codec B is the most preferred codec in the list.

NOTE 2:
It may be that the CS MGW or ATGW supports the audio Codec that is compatible or equal to the audio Codec used for the PS session but a change of the codec mode (such as bitrate, audio bandwidth, EVS Primary/AMR-WB IO modes) of the audio Codec used for the PS session is required. In this case the MSC server or ATCF may initiates a signalling towards to remote end to modify the codec mode of the audio Codec used for the PS session. The signalling to modify the codec mode is specific to the audio Codec used for the PS session as discussed in TS 26.114 [33] , i.e., this procedure may be taken place by SIP invite, but may also be taken place by RTCP-APP or CMR (Codec Mode Request).
3.
ATCF passes the Re-INVITE towards the SCC AS with the codec list.

4.
SCC AS performs a remote leg update towards the remote end.

5-7. The remote end accepts the offer and selects the most preferred codec it can support, in this case codec B was selected. From now on the codec B is used e2e in TrFO manner.

B.2.2
Codec inquiry prior to session transfer (SRVCC)

B.2.2.1
Procedure for codec inquiry prior to session transfer

During SRVCC with ATCF procedure and prior to the session transfer and CS radio reservation procedure, MSC Server request from ATCF for the codec choice to be used for CS Codec on the target RAN.

Figure B.2.2.1-1 below illustrates this procedure.
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Figure B.2.2.1-1: codec inquiry prior to session transfer

1.
PS-CS handover procedure is triggered from MME with SRVCC PS to CS Request (see TS 23.216 [10]).

2a. MSC Server, optionally prior to executing the normal SRVCC procedure as defined in TS 23.216 [10], MSC Sever sends a PS-to-CS-Preparation-Request message (STN-SR, C-MSISDN, and MSC Supported Codec List) to the ATCF. The call-specific MSC Supported Codec List contains all Codecs (Codec Types plus Codec Configurations) that are supported and offered commonly by the UE, the target RAN and the target MGW.

2b.
The ATCF compares the IMS Selected Codec with the Codecs of the MSC Supported Codec List and generates the call-specific IMS Preferred Codec List for the PS-to-CS-Preparation-Response message. The Payload Type Number of the IMS Selected Codec (Codec Type plus Codec Configuration) is included.

3.
MSC Server takes the information of the PS-to-CS-Preparation-Response message into account when continuing the SRVCC procedure.
During the Session Transfer procedure, ATCF takes the MSC Preferred Codec List (indicated by MSC Server in the Initiation of Session Transfer as defined in TS 23.216 [10])  into account to determine the optimal Codec for the MSC-IMS interface.  The downlink flow of VoIP packets is switched towards the CS access leg at this point. The ATCF responds to the Initiation of Session Transfer with the chosen Codec for the MSC-IMS interface back to the MSC Server. 

NOTE 1: 
In case the CS Codec (used in target RAN) is still not compatible to the IMS Selected Codec and Transcoding is required, it is up to the ATCF to initiate a SIP REINVITE to modify the IMS Selected Codec towards the remote end. This modification may take place any time and is independent of the rest of the SRVCC procedure. Typically it is performed after the SRVCC was successful.

NOTE 2: 
It may be that the target RAN Codec is compatible or equal to the IMS Selected Codec, but a change of the codec mode (such as bitrate, audio bandwidth, EVS Primary/AMR-WB IO modes) of the IMS Selected Codec is required. In this case the ATCF initiates a signalling towards the remote end to modify the codec mode of IMS Selected Codec for the direction from the remote end towards the target RAN The signalling to modify the codec mode is specific to the IMS Selected Codec. This modification may take place any time and is independent of the rest of the SRVCC procedure. This procedure may be out-of-band, i.e. by SIP invite, but may also be inband by RTCP-APP or CMR (Codec Mode Request). In many cases, it is beneficial and possible to start this signalling as soon as the ATCF got the MSC Supported Codec List as discussed in TS 26.114 [33]. 
B.3
Reject SRVCC due to UE call state incompatibility
Additional enhancement may be applied to avoid unsuccessful SRVCC. If supported, this procedure enables the MSC server to decide whether to proceed or not proceed with SRVCC.

In order to enable the MSC server to decide whether to proceed with SRVCC or not for the current session, IMS needs to indicate to the MSC server if IMS supports SRVCC in pre-Alerting or Alerting state and the actual state of the call. If SRVCC at this stage of the call is not possible (e.g. due to the call being in Pre-Alerting or Alerting), then the MSC server shall not proceed with SRVCC.
NOTE:
Stage 3 may specify different solutions; one that can be part of the codec inquiry and is used with that option while the other one can be within other procedure for SRVCC
3rd CHANGE
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5.3.4.1
General

The Access Transfer Control Function (ATCF) is a function in the serving (visited if roaming) network. When (v)SRVCC enhanced with ATCF is used, the ATCF is included in the session control plane for the duration of the call before and after Access Transfer.

The ATCF may be co-located with one of the existing functional entities within the serving network (i.e. P-CSCF or IBCF).

NOTE 1:
Anchoring in the ATCF for sessions that include audio and video media may not provide delay benefits given the additional delay required for audio and/or video codec negotiation when the UE moves to the CS domain.

NOTE 2:
Anchoring Support of CS to PS SRVCC in the serving network requires that there is no other media gateway on the media path between UE and ATGW.

The ATCF shall:

-
based on operator policy, decide to:

-
allocate a STN-SR;

-
include itself for the SIP sessions; and

-
instruct the ATGW to anchor the media path for originating and terminating sessions;

-
keep track of sessions (either in pre-alerting state, alerting state, active or held) to be able to perform Access Transfer of the selected session;

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

-
after Access Transfer, update the SCC AS that Access Transfer has taken place to ensure that T-ADS has the information on the currently used access;

-
handle failure cases during the Access Transfer.

After access transfer, and based on local policy, the ATCF may remove the ATGW from the media path. This step requires remote end update.

If MSC Server assisted mid-call feature is used, then the SCC AS provides required session state information on pre-alerting, alerting, held and/or conference state for any transferred session.

The ATCF shall not modify the dynamic STI that is exchanged between the UE and SCC AS.

When CS to PS SRVCC is supported, the ATCF shall:

-
Provide a STI-rSR (unique to the ATCF) to the UE.

-
Handle CS to PS Access Transfer notification and preparation requests from the MSC Server. 

END of CHANGES
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