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	Reason for change:
	Subclause 12.7.2.6 contains the following editor's note:

Editor's note (WI: TEI14, CR#1258): it is FFS whether to include the state also when PS to CS SRVCC access transfer is currently possible, and how the MSC server would use the state received when PS to CS SRVCC access transfer is currently possible.

23.237 states:

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

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.
-------------

ATCF can identify whether the UE call states are compatible with features supported in the network (supported by all of MSC, SCC AS and ATCF) based on call state, media feature-tags and feature-capability indications exchanged in the sessions of the UE. Thus, it is sufficient that the ATCF provides the state above to the MSC server only when ATCF determines that there is no session which can be transferred to CS for the UE, as already included in subclause 12.7.2.6 step 2).
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	Editor's note is removed without further changes.
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	Editor's note remains.
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***** Next change *****
12.7.2.6
Codec inquiry prior to PS to CS SRVCC access transfer
Upon receiving a SIP OPTIONS request carrying the PS-to-CS-preparation-request, the ATCF shall send a SIP 2xx response to the SIP OPTIONS request according to 3GPP TS 24.229 [2]. In the SIP 2xx response, the ATCF shall include an application/vnd.3gpp.PS-to-CS-preparation+xml specified in subclause D.6 carrying the PS-to-CS-preparation-response. In the PS-to-CS-preparation-response, the ATCF:

1)
if:

a)
the session being transferred as described in subclause 12.7.2.1 is determined; or

b)
the session being transferred as described in subclause 12.7.2.1 is not determined and the session being transferred as described in subclause 12.7.2.1A is determined;


then:

a)
shall include a <currently-possible> XML element; and
b)
shall include an <IMS-preferred-codec-list> element containing an SDP body with one audio m= line. In the m= line, in the following decreasing order of preference, the ATCF:
-
shall include RTP payload type(s) with associated RTP payload type number(s) describing media received by the ATGW in a dialog of the home leg of the session being transferred. If the home leg of the session being transferred consists of several early dialogs, the ATCF shall select one early dialog according to local policy; and

-
may include additional RTP payload type(s) with associated RTP payload type number(s), supported by the ATGW, describing the media which the ATGW is able to send to the MSC server, and selected by local policy.

NOTE 1:
If the initial SDP offer of the session being transferred was provided by the remote UE, then the additional RTP payload type(s) can be derived from RTP payload type(s) which were offered in the initial SDP offer provided by the remote UE but which were not accepted by the SC UE. However, the SDP body received from the remote UE describes media which the remote UE wishes to receive while the SDP body in the <IMS-preferred-codec-list> element describes media which the ATGW (and the remote UE if no transcoding occurs) can send to the MSC server, i.e. media in the opposite direction. Therefore, the RTP payload types indicated in the SDP body received from the remote UE need to be adjusted before inclusion in the <IMS-preferred-codec-list> element.


The ATCF shall associate the RTP payload type(s) with the RTP payload type number(s) in the <IMS-preferred-codec-list> element so that association of the RTP payload type(s) with the RTP payload type number(s) in the <IMS-preferred-codec-list> element do not conflict with association of the RTP payload type(s) with the RTP payload type number(s) describing media received by the ATGW in the selected dialog of the home leg of the session being transferred; and

NOTE 2:
RTP payload type number(s) indicated in the <MSC-server-supported-codec-list> element of the PS-to-CS-preparation-request do not influence the RTP payload type number(s) indicated in the <IMS-preferred-codec-list> element.

2)
if the session being transferred as described in subclause 12.7.2.1 is not determined and the session being transferred as described n subclause 12.7.2.1A is not determined, shall include a <currently-not-possible> XML element. In the <currently-not-possible> XML element, the ATCF:
A)
shall include the <state-info> element indicating the state of the session;

B)
shall include the <direction> element indicating the direction of the session;

C)
shall include the <speech-state> element indicating the state of the speech media component of the session;

D)
if the Feature-Caps header field provided by the SCC AS in the session includes the g.3gpp.mid-call feature-capability indicator and the Contact header field provided by the SC UE in the session includes the g.3gpp.mid-call media feature tag, shall include a <feature-tag> element with the "name" attribute set to "g.3gpp.mid-call";

E)
if the Feature-Caps header field provided by the SCC AS in the session includes the g.3gpp.srvcc-alerting feature-capability indicator and the Contact header field provided by the SC UE in the session includes the g.3gpp.srvcc-alerting feature tag:

i)
shall include a <feature-tag> element with the "name" attribute set to "g.3gpp.srvcc-alerting"; and

ii)
if the Feature-Caps header field provided by the SCC AS in the session includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting indicator and the Contact header field provided by the SC UE in the session includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag, shall include a <feature-tag> element with the "name" attribute set to "g.3gpp.ps2cs-srvcc-orig-pre-alerting";


for each session in the the transferable session set determined as specified in subclause 12.7.2.1. If the SC UE has several early dialogs created by the same SIP INVITE request, the ATCF shall include the above pieces of information for one of those early dialogs only.

