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Abstract: This paper attempts to finalize on the mechanism for the MSC Server to know how to build the INVITE for STN-SR when it receives a SRVCC PS to CS request with the STN-SR and a vSRVCC flag from the MME.
Discussion:
At CT1#73, discussion paper C1-113163 highlighted the problem that when the MSC receives the SRVCC PS to CS for video from the MME that the MSC cannot determine how to build the SDP in the INVITE for STN-SR because: 

· The MSC server does not know what session in the SCC AS is the most recently made active session. If the most recently made active session was a voice session, then the SDP would contain the "m=" line for audio only. If the most recently made active session was a voice/video session, then the SDP would contain the "m=" lines for audio and video.

· The MSC server does not know if the UE has ONLY a held voice/video session where the network supports the MSC Server Assisted Mid-Call feature (MAM). In this case the MSC server should only offer SDP with "m=" line set to audio as the CS domain cannot support a held voice/video call.

CRs were approved into specification on the usage of SIP OPTIONS. SIP OPTIONS was deemed to be an appropriate mechanism due to the description of its usage in RFC 3261.

RFC 3261 section 11 states:
The SIP method OPTIONS allows a UA to query another UA or a proxy server as to its capabilities.  This allows a client to discover information about the supported methods, content types, extensions, codecs, etc. without "ringing" the other party.
All UAs MUST support the OPTIONS method.

This means that the UAC (MSC-server) can use the SIP OPTIONS query to determine exactly how it should construct the INVITE request for STN-SR. The MSC-Server would construct the SIP OPTIONS in exactly the same way as the SIP INVITE request and it would be routed to the SCC AS in exactly the same way as the INVITE for STN-SR. The Request-URI would be set to the STN-SR and the P-Asserted-Identity header would be set to the C-MSISDN. 
RFC 3261 section 11.1 states:
An Accept header field SHOULD be included to indicate the type of message body the UAC wishes to receive in the response.  Typically, this is set to a format that is used to describe the media capabilities of a UA, such as SDP (application/sdp).

This means that the UAC (MSC-Server) can request the media capabilities associated with the resource that the request is addressed to, i.e. the SCC AS can inform the MSC-S whether it wants to accept a session with speech only media component or it is happy to accept a session with speech and video media components for the C-MSISDN in the P-Asserted-Identity. 

RFC 3261 section 11.2 states:
This allows an OPTIONS request to be used to determine the basic state of a UAS, which can be an indication of whether the UAS will accept an INVITE request.

This means that the 200 OK response to the SIP OPTIONS request gives the MSC server the information regarding how the UAS (SCC AS) would have handled the INVITE session where speech and video media
One company asked for more time on whether this was the most appropriate mechanism to use and thus the following Editor's Note was added to TS 24.237:

Editor's Note [vSRVCC-CT][CR#0526]: The use of SIP OPTIONS to allow the MSC server to correctly construct the INVITE request is still subject to discussion and instead, another mechanism could be chosen.
In offline discussion, it was apparent that an alternative option that was being considered was use of subscription to the dialog event package using a dialog event filtering mechanism. Something similar was proposed for Inter UE Transfer in TR 24.837 (see CR C1-103321) which stated: 

4.1.1
Subscription to dialog events filtering

In order to reduce the number of redundant notifications when subscribing to dialog events using RFC 4235 [xx] a filtering mechanism based on the mechanism defined in RFC 4661 [yy] should be defined.
Although it is possible that such a mechanism could be used by the MSC server to determine the most recently made active session, it has the following drawbacks:

· The mechanism has not yet been defined, and it is likely that this would need to be done by IETF. This could potentially delay the completion of vSRVCC.
· The MSC server would have to support the SIP SUBSCRIBE method whereas all UAs are mandated to support SIP OPTIONS method

· The MSC server would always be required to subscribe to the dialog event package for video SRVCC. 

· For the case of single voice/video session where the network supports the MAM feature, the onus is on the MSC server to determine that the INVITE should be sent with "m=" audio only.

Proposal:
The use of SIP OPTIONS is ideal as a solution to this problem and the work is complete in TS 24.237. It is the opinion of the source companies of this paper that CT1 agrees to go ahead with the use of SIP OPTIONS and removes the editor's notes from TS 24.237.
