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1. Abstract
SA plenary approved 23.237 CR#0496 in Sep 2016 SA plenary meeting and this CR is part of 23.237 v14.1.0.

The CR specifies:

a)
two solutions for PS to CS SRVCC transcoding minimization:

1)
Codec re-negotiation after session transfer (SRVCC) (subclause B.2.1 of 23.237 v14.1.0); and

2)
Codec inquiry prior to session transfer (SRVCC) (subclause B.2.2 of 23.237 v14.1.0); and
b)
a handling when PS to CS SRVCC access transfer needs to be rejected due to a PS call exists in a state (e.g. alerting phase), when the SC UE or the network are not capable to transfer it to CS (e.g. when the SC UE does not support PS to CS SRVCC of calls in alerting phase) (subclause B.3 of the 23.237 v14.1.0).
This paper focuses on a) 2) together with b) above.

2. Discussion
2.1 stage-2 requirements

In order to perform the codec inquiry prior to PS to CS SRVCC accesss transfer, the 23.237 v14.1.0 subclause B.2.2 specifies the following procedure:
---------------------
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 in-band 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 [35].

---------------------

and 23.237 v14.1.0 subclause B.3 specifies the following procedure:

---------------------

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.

---------------------

2.2 Proposed stage-3 solution

A new handling needs to be specified in 24.237 to be optionally performed before MSC server sends SIP INVITE due to STN-SR.
An example of the new handling used in PS to CS SRVCC access transfer of an confirmed dialog with active speech media is shown in extended Figure A.18.3-1 of TS 24.237:


[image: image2.emf]MSC server ATCF UE-B UE-A

I-CSCF

3. SIP INVITE 

(STN-SR, C-MSISDN)

11. SIP 200 (OK)

6. SIP 200 (OK)

8. SIP INVITE

(ATU-STI, C-MSISDN)

ATGW

4. Configure 

ATGW

7. SIP ACK

12. SIP ACK

1. UE A is on an active session with UE Bthrough PS network. Session is anchored at ATCF, and media is anchored 

at ATGW.

SCC AS

9. SIP INVITE

(ATU-STI, C-MSISDN)

10. SIP 200 (OK)

13. SIP ACK

14. SIP BYE

15. SIP BYE

17. SIP BYE

21. SIP 200 OK

20. SIP 200 OK

18. SIP 200 OK

P-CSCF

16. SIP BYE

19. SIP 200 

OK

SIP MESSAGE request carrying 

PS-to-CS-Preparation-Request

SIP MESSAGE request carrying 

PS-to-CS-Preparation-Response

SIP 200 (OK)

SIP 200 (OK)


Figure A.18.3-1 Signalling flows for PS to CS access transfer: PS to CS SRVCC enhancements using ATCF and media anchored
The new handling is proposed to consist of:

a)
MSC server sends a SIP MESSAGE request carrying PS-to-CS-Preparation-Request. The SIP MESSAGE request is composed as follows:

1)
the Request-URI is set to STN-SR;

2)
the P-Asserted-Identity header field is set to an MSC server URI; and

3)
an XML body is included, containing:

A)
C-MSISDN;

B)
an SDP body containing the MSC Supported Codec List; and
C)
PS to CS SRVCC features (MSC server assisted mid-call feature, PS to CS SRVCC for calls in alerting phase, PS to CS SRVCC for originating calls in pre-alerting phase) supported by MSC servers;

b)
upon receiving the SIP MESSAGE request carrying PS-to-CS-Preparation-Request, the ATCF:

1)
authorizes the sender of the SIP MESSAGE request according to local policy;

2)
sends a SIP 200 (OK) response for the SIP MESSAGE request;

3)
identifies the session to be transferred based on C-MSISDN indicated in the XML body of the SIP MESSAGE request carrying PS-to-CS-Preparation-Request. If there are multiple such sessions, the ATCF identifies the session to be transferred based on PS to CS SRVCC features (MSC server assisted mid-call feature, PS to CS SRVCC for calls in originating phase, PS to CS SRVCC for originating calls in pre-alerting phase) supported by SC UE, SCC AS and MSC server similarly as specified in 24.237 subclause 12.7.2.1 and subclause 12.7.2.4. 

4)
performs the actions specified in stage-2 on the session to be transferred; and 

5)
sends a SIP MESSAGE request carrying PS-to-CS-Preparation-Response. The SIP MESSAGE request is composed as follows:

A)
the Request-URI is set to the content of P-Asserted-Identity header field of the SIP MESSAGE request carrying PS-to-CS-Preparation-Request;

B)
the P-Asserted-Identity header field is set to the content of Request-URI of the SIP MESSAGE request carrying PS-to-CS-Preparation-Request;

C)
an XML body is included, containing:

i)
C-MSISDN;

ii)
indication that the PS to CS SRVCC acces transfer is currently possible (or currently not possible);
iii)
if the PS to CS SRVCC acces transfer is currently possible:

-
an SDP body containing the IMS Preferred Codec List and the associated payload type numbers. If the PS leg consists of several early dialogs created by the same SIP INVITE request, the ATCF includes one IMS Preferred Codec List derived from one early dialog selected by the ATCF according to local policy; and
iv)
if the PS to CS SRVCC acces transfer is currently not possible:

-
state (pre-alerting phase, alerting phase or confirmed dialog) of a PS call of the SC UE;

-
direction (whether the SC UE is an initiator or a receiver) of a PS call of the SC UE;
-
state of speech media component (active speech media component or inactive speech media component) of a PS call of the SC UE; and

-
PS to CS SRVCC features (MSC server assisted mid-call feature, PS to CS SRVCC for calls in alerting phase, PS to CS SRVCC for originating calls in pre-alerting phase) supported commonly by ATCF, SCC AS and SC UE in a PS call of the SC UE;


If the SC UE has several PS calls, the above pieces of information are included for each PS call;

If the SC UE has several early dialogs created by the same SIP INVITE request, the above pieces of information are included for one of those early dialogs only;
c)
upon receiving the SIP MESSAGE request carrying PS-to-CS-Preparation-Response, the MSC server:

1)
sends a SIP 200 (OK) response for the SIP MESSAGE request;

2)
identifies the related PS to CS access transfer based on the C-MSISDN in the PS-to-CS-Preparation-Response; and
3)
performs the actions specified in stage-2.

As the term "codec" is not specified in terms of SDP parameters in stage-3, it is proposed to refer to a media format associated with a payload type number in an <fmt> portion of an m= line of SDP body, i.e.:
-
the <encoding name> portion, the <clock rate> portion and <encoding parameters> portion, if included, of rtpmap attribute for the payload type number; and

-
the <format specific parameters> portion of fmtp attribute for the payload type number.
3. Proposal

It is proposed to agree the solution proposed in section 2 as the way forward.
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