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	Reason for change:
	A release procedures for call clearing in N7 state is needed in TS 24.237.

Background:

The TS 29.292 can not cover this type of call clearing case since the MSC server according to procedures in TS 24.237 sends the INVITE request in the terminating call case while TS 29.292 expects the MSC server to have received the INVITE in the terminating call case. Hence a dedicated TS 24.237 solution is required.

Note that for originating call states N3 and N4 the call direction and request direction is consistent between TS 24.237 and TS 29.292 and no special procedures for those states are required.

	
	

	Summary of change:
	- Added a new subclause handling procedure in SCC AS after the PS to CS SRVCC access transfer is completed. A reference to this new subclause is added in the general SCC AS subclause.The procedure in this new subclause describes how to map the value in the cause header field parameter according to TS 29.292 and to send the corresponding SIP 4xx/5xx/6xx response towards the remote UE.
- Added a procedure in the MSC server to send the SIP BYE or CANCEL request, when receiving a release message from the SC UE i.e. referencing subclause 5.3.9 in TS 29.292.
- Added a procedure in the MSC server handling the case when the MSC determines that a call shall be released, i.e. referencing the subclause 5.3.11.

- Added/Updated NOTEs with cross references to the "31" and non "31" procedures for clarification.
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	Other comments:
	The dependency to the 29.292 CR is due to the introduction of subclause 5.3.11 that is referenced in this CR.


***** Next change *****
12.3.0
General

In the Single Radio access transfer procedures the SCC AS shall only consider sessions that have the necessary media components that meet the criteria for performing Single Radio access transfer as defined in subclause 4.2.2.

On receipt of a SIP INVITE request due to STN-SR or a SIP INVITE request due to ATU-STI the SCC AS shall for all sessions and dialogs in the transferable session set created in subclauses 12.3.0B or 12.7.2 discard any SIP message (i.e. any SIP request or SIP response) from the remote UE to the SC UE that are releated to the call until the procedures in the following subclauses states that forwarding of SIP shall be started again. The SIP 200 (OK) response to the UPDATE request and the SIP 200 (OK) respose to the re-INVITE request related to the ongoing access transfer shall be handled as specified in the following subclauses.

NOTE 1:
SIP responses sent reliably to the initial SIP INVITE request and SIP requests will be retransmitted by the remote UE if SIP responses and SIP requests are dropped by the SCC AS.
All the time during an ongoing PS to CS SRVCC access transfer the SCC AS shall be prepared to receive SIP messages from the SC UE or the MSC server releated to the call (i.e. not related to the ongoing access transfer). When a SIP message releated to the call is received from the SC UE or the MSC server the SCC AS shall forward the SIP message towards the remote UE according to procedures in 3GPP TS 24.229 [2] and the present document.
When a PS to CS SRVCC access transfer is completed, the SCC AS shall perform interactions between the remote UE leg and the target access leg as described in subclause 12.3.11. 
NOTE 2:
The SCC AS can regard the access transfer to be completed once the SCC AS starts forwarding messages between the remote UE and the MSC server
12.3.3.5.2
SCC AS serving a terminating user

This subclause describes the procedures for cancelling calls after the SCC AS have initiated an PS to CS SRVCC access transfer that was triggered by a SIP INVITE request due to STN-SR, a SIP INVITE request due to ATU-STI or a SIP INVITE request transferring additional session for PS to CS SRVCC for a session in an alerting phase as specified in subclause 12.3.4.2 and subclause 12.3.4.4 where the SCC AS is serving a terminating user.
If the SCC AS applies the procedures for PS to CS SRVCC access transfer for calls in alerting phase and when serving a terminating user, then if the SCC AS receives a SIP BYE request or a SIP CANCEL request containing the protocol value "Q.850" and the "cause" header field parameter with a value different then value "31" (normal unspecified) cancelling SIP INVITE request due to STN-SR on:

-
the target access leg of a session in the alerting phase, if the SCC AS applies PS to CS SRVCC for calls in alerting phase;

-
the target access leg of an additional transferred session in the alerting phase, if the SCC AS applies the MSC server assisted mid-call feature; or

-
target of an additional transferred session in the alerting phase, if the SCC AS applies PS to CS SRVCC for calls in alerting phase,

after having initiated an access transfer for a session which is still in the alerting phase when the operator specific timer is still running, then the SCC AS shall:

1)
if a SIP BYE was received, send the SIP 200 (OK) response to the BYE request;
1A)
if a SIP CANCEL request was received, send a SIP 200 (OK) response to the SIP CANCEL request;

2)
wait until the operator specific timer expires or until a SIP UPDATE request from the SC UE containing the protocol value "SIP" and the "cause" header field parameter with the value "487" is received; and

3)
if the operator specific timer expires and no SIP UPDATE request from the SC UE containing the protocol value "SIP" and the "cause" header field parameter with the value "487" is received then:
a)
send a SIP 486 (Busy) response to the SIP INVITE request due to to terminating filter criteria from the SC UE towards the remote UE as specified in 3GPP TS 24.229 [2]; and

b)
if a SIP CANCEL request was received, send a SIP 487 (Request Terminated) response to the SIP INVITE request due to STN-SR, the SIP INVITE request due to ATU-STI or the SIP INVITE request transferring additional session for PS to CS SRVCC as specified in 3GPP TS 24.229 [2].
NOTE 1:
All protocol values in the Reason header field other than "Q.850" and all other values of the "cause" header field parameter other than "31" (normal unspecified) will result in an immediate release of the source access leg associated with the SC UE and the associated leg towards remote UE. Any other dialogs associated with the same user will remain in the early dialog phase. The procedure for handling a SIP BYE request or SIP CANCEL request with other values of the "cause" header field parameter than "31" (normal unspecified) is described in subclause 12.3.11.
NOTE 2: 
The SCC AS assigns an operator specific timer to delay the release of the source access leg for PS to CS SRVCC access transfers.

When the SCC AS receives a SIP UPDATE request(s) containing the protocol value "SIP" and the "cause" header field parameter with the value "487" from the SC UE after having performed an access transfer and after receiving a SIP BYE request or a SIP CANCEL request containing the Reason header field containing the protocol value "Q.850" and the "cause" header field parameter with the value "31" (normal unspecified) on the target access leg, then the SCC AS shall:
1)
not release the original source access leg once the expiration of the timer as described in subclause 12.3.8;

2)
treat the SIP UPDATE request(s) as per procedures for removing and adding media as described in subclause 13.3.1; and
3)
start forwarding SIP messages from the remote UE to the SC UE for this dialog triggered by a SIP INVITE request due to STN-SR, a SIP INVITE request due to ATU-STI or a SIP INVITE request transferring additional session for PS to CS SRVCC for a session in an alerting phase as specified in 3GPP TS 24.229 [2] and the present specification.

If the SCC AS has received a SIP 200 (OK) response to the SIP INVITE requests due to terminating filter criteria from the SC UE prior to receiving the SIP UPDATE request from the SC UE, then on receipt of the SIP 200 (OK) response to the SIP UPDATE request sent to the remote UE, the SCC AS shall send a SIP 200 (OK) response to the remote UE. Upon receiving the SIP ACK request from the remote UE, the SCC AS shall send a SIP ACK request to the SC UE.
***** Next change *****
12.3.11
SCC AS procedures when the access transfer is completed

Once the SCC AS starts forwarding messages between the remote UE and the MSC server the SCC AS shall behave as an AS performing 3rd party call control acting as a routeing B2BUA as defined in 3GPP TS 24.229 [2] with the exceptions described in this subclause.

If SCC AS receives a SIP BYE request or SIP CANCEL request containing a Reason header field with the protocol value "Q.850" and the "cause" header field parameter with a value different than "31" (normal unspecified) on the target access and SCC AS is serving a terminating user in an early dialog phase, the SCC AS shall:
1)
send a SIP 200 (OK) response to the SIP BYE request on the target access leg;

2)
map the value of the "cause" header field parameter in the Reason header field to a SIP status code as specified in 3GPP TS 29.292 table 5.4.8.1.1; and

3)
send a 4xx, 5xx or 6xx response corresponding to the mapped SIP status code with the Reason header field received in the SIP BYE request included.

NOTE:
The procedure when the SCC AS receives a SIP BYE request or CANCEL request containing a Reason header field with the protocol value "Q.850" and the "cause" header field parameter with the value "31" (normal unspecified) is described in subclause 12.3.3.5.2.
***** Next change *****
12.6.5
Interworking of CC messages and SIP messages when PS to CS SRVCC access transfer is completed

When the PS to CS SRVCC access transfer procedure is completed the MSC server shall interwork between the 3GPP profile of SIP as described in 3GPP TS 24.229 [2] and NAS signalling as described in 3GPP TS 24.008 [8] required for the support of IM CN subsystem based multimedia telephony and supplementary services as specified in 3GPP TS 29.292 [18] with the clarifications and exceptions described in this subclause.

When the MSC server is in the "mobile originating call proceeding" (N3) state, the MSC server shall perform interworking as specified in 3GPP TS 29.292 [18] subclauses 5.3.4, 5.3.4a, 5.3.4b, 5.3.6, 5.3.7, 5.3.8 and 5.3.9.When the MSC server is in the "call delivered" (N4) state, the MSC server shall perform interworking as specified in 3GPP TS 29.292 [18] subclauses 5.3.4a, 5.3.4b, 5.3.6, 5.3.7, 5.3.8 and 5.3.9.

When the MSC server is in the "call received" (N7) state receives a CC CONNECT message from the SC UE the MSC server shall send a SIP INFO request as specified in subclause 12.6.3.

When the MSC server is in the "active" (N10) state and in any of the hold and multiparty auxiliary states, the MSC server shall perform interworking as specified in 3GPP TS 29.292 [18] subclauses 5.5, 5.6.3 and 5.6.8.

The MSC server shall interact with CS-GW as specified in 3GPP TS 29.292 [18] subclauses 7.1, 7.3, 7.4, 7.5 and 7.6.
If the MSC server in the "call received" (N7) state:
1)
receives a call clearing message from the SC UE, the MSC server shall send a SIP BYE request or a SIP CANCEL request as specified in 3GPP TS 29.292 [18] subclause 5.3.9; or
2)
determines due to internal procedures that the call shall be released, the MSC Server shall send a SIP BYE request or a SIP CANCEL request as specified in 3GPP TS 29.292 [18] subclause 5.3.11.
***** Next change *****
