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	Reason for change:
	Specification allows MSC that early dialog are cancelled with sending a SIP CANCEL. The SIP CANCEL must contain protocol value "Q.850" and a "cause" header field parameter. This is to allow the SCC AS to understand the reason for the CANCEL, i.e. allow the SCC AS to handle PS to CS SRVCC cancelled by MME/SGSN.
If the MSC, after having sent the CANCEL, receives a 200 OK to the related SIP INVITE, then MSC will send BYE on the dialog to release the leg. However, it is currently not specified that the BYE will have to contain the same protocol value and cause header field parameter.

	
	

	Summary of change:
	Include change that BYE after CANCEL contains the same protocl value and cause header field parameter as the CANCEL
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***** Next change *****
12.4.3.2
PS to CS SRVCC cancelled by MME/SGSN or failure of the access transfer procedure in the MSC server
If the MSC server enhanced for ICS receives a SRVCC PS to CS Cancel Notification from the MME/SGSN or if the access transfer procedure fails for any other reason in the MSC server enhanced for ICS, the MSC server shall:

1)
in the dialog created by the SIP INVITE request due to STN-SR:

a)
if the dialog is a dialog with inactive or active speech media component, send a SIP BYE request; and

b)
if the dialog is in the pre-alerting phase or in the alerting phase, send a SIP BYE request or a SIP CANCEL request;

2)
if the MSC server applies the MSC server assisted mid-call feature, in the dialog created by the SIP INVITE for the additional transferred session;

a)
if the dialog is a dialog with inactive speech media component, send a SIP BYE request; and

b)
if the dialog is in the pre-alerting phase or in the alerting phase, send a SIP BYE request or a SIP CANCEL request;

3)
if the cancellation is due to SRVCC PS to CS Cancel Notification from the MME/SGSN, include in the SIP request a Reason header field with the protocol value "Q.850" and the "cause" header field parameter with the value "31" (normal unspecified); and

4)
if the cancellation is due to any other reason than SRVCC PS to CS Cancel Notification from the MME/SGSN, include in the SIP request a Reason header field with the protocol value "Q.850" and the "cause" header field parameter with a value different from"31", e.g. "41" (temporary failure) or "16" (normal clearing).

NOTE:
The inclusion of the protocol value "Q.850" and the "cause" header field parameter with the value "31" (normal unspecified) will result in that the SCC AS delays the release of the source access leg and the remote UE leg allowing the SC UE to continue the call in PS.
If after having sent a SIP CANCEL request:

a)
to a SIP INVITE request due to STN-SR; or

b)
if the MSC server applies the MSC server assisted mid-call feature, to a SIP INVITE request for the additional transferred session,
and subsequently receiving a SIP 200 (OK) response to such a SIP INVITE request, the MSC server shall send a SIP BYE request containing a Reason header field with the same protocol value and the same "cause" header field as used in the SIP CANCEL request.
