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****************First change for SC UE************

12.2.3
Not based on ICS

After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if the SC UE is not using ICS capabilities, the SC UE shall replace the most recent active PS audio session with the newly established CS voice call.

NOTE: 
In the case when ICS is not supported or used, and the SC UE does not support mid-call feature, only the most recent active audio call is transferred from PS to CS audio.

The SC UE shall follow the procedures for generating transaction identifiers (as described in 3GPP TS 24.008 [8]) as specified in subclause 9.2.1A if:

-
the SC UE is not using ICS capabilities; and

-
the SC UE supports mid-call feature; and

-
the SCC AS indicates the support for mid-call feature during session setup; and

-
the SC UE is in two or more full-duplex speech sessions, or the SC UE created a conference that is not terminated.
If:

-
the Gm reference point is retained upon PS handover; 

-
the SC UE is not using ICS capabilities; and

-
SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;

the SC UE shall:

-
send a SIP re-INVITE request to the SCC AS as specified for media removal in subclause 13.2.1; and

-
indicate in the SDP Offer the full-duplex speech media as removed.

****************Second change for SCC AS************

12.3.1
SCC AS procedures for PS to CS access transfer, SR-VCC

The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for SR-VCC:

-
SIP INVITE request routed to the SCC AS due to a STN-SR belonging to the subscribed user in the Request-URI. These SIP INVITE requests originate from the MSC server. In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate a CS bearer. In the procedures below, such requests are known as "SIP re-INVITE requests adding ICS control".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate the port set to "0". In the procedures below, such requests are known as "SIP re-INVITE requests for non-ICS control".

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg, the SCC AS shall follow the procedures specified in subclause 12.3.2 for the session with full-duplex speech component if:

-
a SIP re-INVITE request for adding ICS control has not been received; and

-
there are two or more full-duplex speech sessions associate with the SC UE, or there is a full-duplex speech conference session that the SC UE is the conference creator; and
-
the SC UE indicates the support for mid-call feature during session setup; and
-
the SIP INVITE request due to static STN-SR includes the media feature tag as described in Annex X in the Contact header field; and

-
the SCC AS supports mid-call feature according to local policy;

Otherwise, the SCC AS shall follow the PS-CS session continuity procedures specified in subclause 9.3.2 for the session with active full-duplex speech component that was most recently made active, however, the SCC AS does not initiate release for Source Access Leg.

If the SCC AS has sent a SIP 480 (Temporarily Unavailable) response to reject a SIP INVITE request due to STN-SR on the Target Access Leg:
1)
if the speech media flow to be transferred was the only media flow in the SIP dialog, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or
2)
if the SIP dialog contains other media flows than the active speech flow, the SCC AS shall modify the remote leg and remove the speech media flow, as specified in 3GPP TS 24.229 [2].
When the SCC AS receives a SIP re-INVITE request for adding ICS control, the SCC AS shall follow the procedures as described for ICS using Gm in subclause 13.3.2.

NOTE:
When using the ICS controlled CS bearer, only one audio call can be active at a time. Nevertheless, several calls can be held in parallel. If the user decides to switch to another (previously held) call, the ICS controlled CS bearer is re-used for this call. Therefore no specific procedures for handling of held calls in the case of ICS controlled CS bearer are needed.

When the SCC AS receives a SIP re-INVITE for non-ICS control, the SCC AS shall follow the media removal procedures as specified in subclause 13.3.1. As only the most recent active audio call is transferred from PS to CS audio, the SCC AS shall drop all other previously existing audio session from this UE and indicate them accordingly in the SDP Offer sent within SIP re-INVITE requests towards the remote UE.

****************Third change for SCC AS************

12.3.2
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature, SR-VCC

When transferring the session(s) with MSC server assisted mid-call feature, the SCC AS shall:

-
identify the dialogs to be transferred in the associated SIP dialogs with audio media as follows:

-
if there are two or more dialogs with active speech media, the two dialogs with recently active speech media;

-
if there is only one dialog with active speech media, the dialog and another with recently inactive speech media;

-
if there is no dialog with active speech media, the two dialogs with recently inactive speech media.
-
remove speech media flow for the SIP dialogs not to be transferred;
-
identify the dialog in the dialogs to be transferred as follows:

-
if there are one or more dialogs with active audio media, the one with recently active media;

-
if there is no dialog with active audio media, the one with recently inactive media.
-
continue the session transfer procedures for the dialog as specified in subclause 9.3.2;

-
upon receiving a SIP response to the SIP re-INVITE request, forward the SIP response to the MSC server that sending the SIP INVITE request due to STN-SR with the following additions:

-
include the media feature tag as described in Annex X in the Contact header field;
-
pack the session state information for all the dialogs to be transferred as specified in subclause 9.3.2.
Editor's note:
Whether the session state information package for all the dialogs to be transferred is sent within the SIP response or NOTIFY message(s) of SUBSCRIBE request(s) is FFS.

Removing speech media flow for SIP dialogs, the SCC AS shall:

-
if the speech media flow was the only media flow in the SIP dialogs, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or
-
if the SIP dialogs contains other media flows than the speech flow, the SCC AS shall modify the remote leg and remove the speech media flow, as specified in 3GPP TS 24.229 [2].
When the SCC AS receives a SIP re-INVITE request for adding ICS control, the SCC AS shall follow the procedures as described for ICS using Gm in subclause 13.3.2.

NOTE:
When using the ICS controlled CS bearer, only one audio call can be active at a time. Nevertheless, several calls can be held in parallel. If the user decides to switch to another (previously held) call, the ICS controlled CS bearer is re-used for this call. Therefore no specific procedures for handling of held calls in the case of ICS controlled CS bearer are needed.

When the SCC AS receives a SIP re-INVITE for non-ICS control, the SCC AS shall follow the media removal procedures as specified in subclause 13.3.1.

****************Fourth change for MSC Server************

12.4
MSC server

If the MSC server supports mid-call services feature for access transfer from PS to CS, SR-VCC, the MSC server shall be an MSC server enhanced for ICS as specified in 3GPP TS 29.292 [x] and 3GPP TS 24.292 [4] with following additions:

-
include the media feature-tag as described in annex X in the Contact header field of the SIP INVITE request due to STN-SR;
-
apply procedures as described in subclause 9.4.
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