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Abstract of the contribution: The paper discusses the re-negotiation method for TrFO after SRVCC and suggests this method as an option for SETA.
1. Introduction 
In the SA2#104 meeting, the WID SETA was created to avoid the possible trans-coding after SRVCC. This paper discusses the re-negotiation method to avoid possible trans-coding.
2. Background and Discussion
The following figure shows the over high level procedure for SRVCC from 23.216
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In the step 4, the codec is selected for the target RAN, and step 5, the selected codec is used IMS service continuity procedure. The selected codec may not be the same one used before SRVCC. Even the codec is not same, the voice break is not longer than the case the codec keeps same after SRVCC. 
The following figure shows the simple procedure for eSRVCC.
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Before the eSRVCC, the UE has an ongoing session with remote end using codec-A. The ATGW just forward the media packet without transcoding.
In the step 1, the eSRVCC procedure was triggered. Codec-B is selected for target RAN. The MSC Server established the call leg with ATCF using codec-B, and ATCF update the call leg with SCC AS.
After the eSRVCC, the ATGW starts transcoding. 

If ATGW does not want transcoding, it can re-negotiate with remote side as specified from step 2 to step 5.
After step 5, the TrFo is achieved. The only risk is if the remote side refuse the offer(re-invite), the session will still use the codec-A in remote side. So the ATGW can not avoid transcoding.

From implementation view, the ATCF/ATGW can use new port for codec-B in step 2. 

The RFC 3264 defines the SDP offer/answer model which can be used to establish the IMS session and update the ongoing IMS session. Following is the rule for Modifying media stream Address, Port or Transport:

"The offerer MUST be prepared to receive media on both the old and new ports as soon as the offer is sent.  The offerer SHOULD NOT cease listening for media on the old port until the answer is received and media arrives on the new port. Doing so could result in loss of media during the transition...
...

If the answerer changes the port from the previous SDP, it MUST be prepared to receive media on both the old and new ports as soon as the answer is sent.  The answerer MUST NOT cease listening for media on the old port until media arrives on the new port.  At that time, it MAY cease listening for media on the old port.  The same is true for an offerer that sends an updated offer with a new port; it MUST NOT cease listening for media on the old port until media arrives on the new port.
The same is true for an offerer that sends an updated offer with a new port; it MUST NOT cease listening for media on the old port until media arrives on the new port. "

3. Proposal
It is proposed to add re-negotiation method to 23.7xx.
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