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Introduction:

This discussion paper wants to raise awareness on an issue related to SRVCC in alerting state and Call Forwarding busy. Interaction of these services can happen when access transfer happens for a terminating UE, the UE has a subscription for Call Forwarding Busy and the user rejects the call after access transfer.
Discussion:

The following figure shows a flow for SRVCC alerting for a terminating subscriber, and where the call is rejected with a DISCONNECT in the CS domain after access transfer.
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On the reception of the CC DISCONNECT, the MSC will interwork the CC DISCONNECT (User busy) to a CANCEL Reason=Busy Here and send this CANCEL to the SCC AS (in order to cancel the INVITE STN-SR). As shown in the flow, the SCC AS may forward this CANCEL to the far end, e.g. this is seen in the MMTel AS. In step 25. However, the original call was a terminating call, and the CDIV/MMTel AS will expect a final response on this dialog (related INVITE was sent in step 2). 
One way to address this issue for CDIV is that the SCC AS interworks the CANCEL Reason=Busy Here to a SIP 486 (User busy) response. The SIP 486 (User Busy) can be used to trigger Call Forwarding Busy (user detected mode) in the MMTel AS.
The situation described above is only one example where there is an expectation that nodes which have sent/forwarded an INVITE request would expect a SIP final response, rather than a CANCEL. It is therefore proposal that for cases where the SCC AS serves a terminating subscriber and the MSC sends a CANCEL towards the SCC AS, then the SCC AS interworks the CANCEL to an appropriate final response code.
If CT1 can agree on such an interworking, then NSN will bring needed CRs against 24.237 to the next meeting.
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