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Introduction

In the last meeting CT1 has discussed a proposal as to how to handle handover cancellation in case of eSRVCC is used. The related CR in C1-131549 was postponed. One of the reason for postponing the document was that the CR proposes to make the ATCF a B2BUA on the source access leg, i.e. handle the SIP dialog on the source access leg.
Discussion

As an alternative to C13-1549 it is proposed to not make the ATCF a B2BUA on the original source leg, but rather let the ATCF forward any in dialog requests that it receives on this leg.
The alternative builds on SCC AS handling the case of reINVITE after having received INVITE due to ATU-STI similar to handling the case of reINVITE after having received INVITE due to STN-SR. ATCF will reconfigure the media path back to the SC UE on reception of the 200 (OK) for the reINVITE.
The following procedures are needed:
ATCF
SR-VCC cancelled by MME/SGSN or failure by UE to transition to CS domain for ongoing session

In case of SRVCC cancelled, the ATCF receives a SIP re-INVITE request containing Reason header field containing protocol "SIP" and reason parameter "cause" with value "487".

The ATCF shall forward a SIP re-INVITE request that is received on the source access leg, with the SDP offer using ATGW ports and IP addresses towards the remote UE as provided by the ATGW.
On receiving the related SIP 200 (OK) response, the ATCF will reconfigure the ATGW such that the ATGW forwards the media received from the remote UE to the UE on the source access leg.

NOTE 1:
Details for the interaction of the ATCF with ATGW to provide information needed in this procedures are out of scope of this document.

SCC AS

SCC AS procedures for PS to CS access transfer: SRVCC enhancement using ATCF, abnormal case

When the SCC AS receives a SIP re-INVITE request containing Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" on 

-
the original source access leg; or 

-
the original source access leg of the additional transferred session if the SCC AS applies the MSC Server assisted mid-call feature;

after having received a SIP INVITE request due to ATU-STI and the SIP INVITE request due to ATU-STI has not triggered a re-INVITE towards the remote UE, then the SCC AS shall:

1)
send a SIP 200 (OK) response to the SIP reINVITE request containing the SDP negotiated by SCC AS towards ATCF in the session being transferred;

When the SCC AS receives a SIP ACK from a dialog that was created due to the SIP re-INVITE request then the SCC AS shall send a SIP BYE request on the dialog that was created due to the SIP INVITE due to ATU-STI, by following the rules of 3GPP TS 24.229 [2].

When the SCC AS receives a SIP re-INVITE request containing Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" on 

-
the original source access leg; or 

-
the original source access leg of the additional transferred session if the SCC AS applies the MSC Server assisted mid-call feature;

after having received a SIP INVITE request due to ATU-STI and the SIP INVITE request due to ATU-STI has triggered a SIP re-INVITE towards the remote UE, then the SCC AS shall AS shall wait until this transaction has completed.

Once the transaction has completed, then the SCC AS shall

1)
not release the original access leg once the expiration of the timer described in subclause 12.3.1; and

2)
treat the SIP re-INVITE request(s) as per procedures for removing and adding media as described in subclause 13.3.1.

NOTE: 
The SCC AS assigns an operator specific timer to delay the release of the Source Access Leg for SR-VCC access transfer.

When the SCC AS receives a SIP response to the SIP re-INVITE request indicating success in removing all media components from a dialog that was created due to the SIP INVITE request due to ATU-STI then the SCC AS shall send a SIP BYE request on this dialog, by following the rules of 3GPP TS 24.229 [2].

