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	Reason for change:
(

	Consider the flow in A.17.2 of 24.237. User B has called user A, and received a 180 response from user A. However user A has not used preconditions and therefore user B (and his associated SCC AS) has not yet received an SDP answer from user A.

If the handover from PS to CS is initiated at this point, then the SCC AS receives the INVITE due to STN-SR from the MSC server and it will not be able to implement its part of the transfer by sending the UPDATE, if the offer/answer has not completed. As such the only action here is to return an error would to the MSC server in response to the INVITE.

In this case, the UE B knows whether offer / answer has been completed. It would seem better to modify the UE procedures to prevent it attempting the handover if offer answer has not completed.

The other option would be to go for a solution in the opposite direction, which would be in some way to wait for completion of offer answer before sending the update, but that seems prone to failure and very complicated even if it works
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	It is indicated that a UE does not fulful the conditions to initiate PS to CS handover until it has completed a reliable offer answer procedure. This will also be part of the conditions for the SCC AS providing the transfer and sending an UPDATE request on receipt of the INVITE with STN-SR from the MSC server.
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	Procedures are incomplete, and the UE can request capabilities that have no chance of completing, resulting in unnecessary recovery procedures and possible call failure.
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	Other comments:
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	In release 10 the changes are slightly different, as there was a release 11 change that consolidated text from other clauses under a general heading of "Determine the transferable session set", where the change is now made. Therefore at release 10 a number of equivalent changes are spread round the specific procedures.


PROPOSED CHANGE

12.2.1
General

The SC UE may be engaged in one or more ongoing sessions before SR-VCC access transfer is performed. By an ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.
In the SR-VCC session continuity procedures the SC UE shall consider only sessions where the following applies

1.
the SC UE has completed a reliable offer / answer procedure and the session does have a speech media component; and

2.
the speech media is carried over PS bearer with traffic-class conversation with source statistics descriptor ="speech" as specified in 3GPP TS 23.107 [66]) or over an PS bearer with QCI=1 as specified in 3GPP TS 23.203 [65]).

for access transfer. Sessions considered for SR-VCC procedures are regarded as full-duplex.
PROPOSED CHANGE

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

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg and the SCC AS applies MSC Server assisted mid-call feature, the SCC AS shall, in addition to the procedures in this subclause, follow the procedures in subclause 12.3.2.

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg, and the SCC AS does not apply MSC Server assisted mid-call feature as described in subclause 12.3.2, the SCC AS shall:

-
follow the PS-CS access transfer procedures specified in subclause 9.3.2 for the session with active speech media component that was most recently made active and the related dialog is in confirmed state. However, the SCC AS does not initiate release for source access leg and does not send a SIP re-INVITE request to update the source access leg; and

-
if the SCC AS supports SRVCC for calls in alerting phase than follow the PS-CS access transfer procedures specified in subclause 12.3.4 for the session where the SC UE has completed a reliable offer / answer procedure and with active speech media component and the related dialog is in early state.

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 component to be transferred was the only media component in the SIP dialog, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or

2)
if the session contains other media components than the active speech media component, the SCC AS shall modify the remote leg and remove the speech media component, 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 reply with a SIP 200 (OK) response, treat the ongoing CS call as established using Gm and follow the "SCC AS for service control over Gm" procedures as described in 3GPP TS 24.292 [4] for controlling the CS call.

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 request for non-ICS control, the SCC AS shall follow the media removal procedures as specified in 3GPP TS 24.229 [2] for removing PS media.

Unless the MSC Server assisted mid-call feature applies, or the access transfer for calls in alerting phase applies, as only the session with active speech media component which was made active most recently is transferred from PS to CS audio, the SCC AS shall drop all other previously existing speech media components from this UE and indicate them accordingly in the SDP Offer sent within SIP re-INVITE requests towards the remote UE or the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2] if the speech media component to be transferred was the only media component in the SIP dialog.

If the SCC AS has executed the procedures for access transfer for calls in alerting phase and has sessions remaining with speech media component which it did not transfer, the SCC AS shall remove the speech media component from these sessions and indicate them accordingly in the SDP Offer sent within SIP UPDATE or SIP re-INVITE requests towards the remote UE or the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2] if the speech media component to be transferred was the only media component in the SIP dialog.

If no in-dialog request is received in source access leg of each session with transferred speech media component within an operator defined time after sending of a SIP 2xx or 18x response to the SIP INVITE due to STN-SR the SCC AS shall:

1)
release the source access leg of the session; and

2)
if the remote leg of the session contains media components other than the speech media component then modify the remote leg of the session and remove all the media components apart from the speech media component.
PROPOSED CHANGE

12.3.4
SCC AS procedures for PS to CS access transfer when call is in alerting phase
12.3.4.1
General
The SCC AS shall apply the procedures for access transfer for calls in alerting phase as described in subclauses 12.3.4.2 and 12.3.4.3 if:
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag as specified in annex C; and

2.
one of the following is true:

A.
there are one or more dialogs supporting a session where the SC UE has completed a reliable offer / answer procedure and with active speech media component existing for the served user identified in the P-Asserted-Identity header field such:

a.
all dialogs are early dialogs created by the same SIP INVITE request;

b.
SIP 180 (Ringing) response to SIP INVITE request was received in at least one of those early dialogs;

c.
the Contact header field provided by the SC UE includes the g.3gpp.srvcc-alerting media feature tag as described in annex C; and

d.
the Feature-Caps header field provided by the SCC AS towards the SC UE includes the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C; or

B.
there are several dialogs supporting sessions where the SC UE has completed a reliable offer / answer procedure and with speech media component for the served user identified in the P-Asserted-Identity header field such that:

a.
there are one or more early dialogs created by the same SIP INVITE request and the remaining dialogs are confirmed dialogs;

b.
SIP 180 (Ringing) response to SIP INVITE request was received in at least one of those early dialogs;

c.
all the confirmed dialogs support sessions with inactive speech media component;

d.
SCC AS does not apply the MSC server assisted mid-call feature as described in subclause 12.3.2;

e.
the Contact header field provided by the SC UE at the establishment of the early dialog(s) included the g.3gpp.srvcc-alerting media feature tag; and

f.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of the early dialog(s) includes the g.3gpp.srvcc-alerting feature-capability indicator.

The SCC AS shall apply the procedures described in subclauses 12.3.4.4 if:
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag;
2.
void;

3.
void; and

4.
one of the following is true:

A.
two or more dialogs supporting sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag;

b.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting feature-capability indicator;

c.
one dialog is a confirmed dialog with active speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request; and

d.
SIP 180 (Ringing) response to SIP INVITE request was received in at least one of those early dialogs; or

B.
two or more dialogs supporting sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag;

b.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting feature-capability indicator;

c.
one dialog is a confirmed dialog with inactive speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request;

d.
SIP 180 (Ringing) response to SIP INVITE request was received in at least one of those early dialogs; and

e.
the SCC AS also applies the MSC server assisted mid-call feature as described in subclause 12.3.2; or

C.
two or more dialogs supporting the sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of the sessions included the g.3gpp.srvcc-alerting media feature tag;

b.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting feature-capability indicator;

c.
one dialog is a confirmed dialog with active speech media component, there are one or more dialogs that are confirmed dialogs with inactive speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request;

d.
SIP 180 (Ringing) response to SIP INVITE request was received in at least one of those early dialogs; and

e.
the SCC AS does  not apply the MSC server assisted mid-call feature as described in subclause 12.3.2.
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