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	Reason for change:
	The procedures in subclauses 12.3.3.4 and 12.3.3.5 are overlapping

The principle when SRVCC access transfer is cancelled is that the MSC server sends one CANCEL or BYE per transferred session.

The intention with 12.3.3.4 is to handle calls in active phase (active or inactive media).

The intention with the subclause 12.3.3.5 is to handle calls in an early phase (pre-alerting or alerting).

So, if 2 calls are transferred, one active/inactive and one in an early phase, the active/inactive call is handled in 12.3.3.4 and the call in the early phase is handled in subclause 12.3.3.5.

Issue 1) subclause 12.3.3.4 has as one condition:

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

The condition above can be removed from the subclause 12.3.3.4 since calls in alerting phase is already handled in the subclause 12.3.3.5.

Issue 2)

The subclause 12.3.3.5 is at the moment divided into part, the first part handles all calls in early phase when receiving BYE or CANCEL from the MSC server, the second part handles calls in alerting phase on terminating side when receiving CANCEL

The first part must remove the terminating part when CANCEL is received.

Issue 3)

Eventhough the title of subclause mention calls "early" phase (that in principle covers both calls in alerting phase and calls in pre-alerting phase) the conditions needs to be updated to also mention pre-alerting phase and alerting phase to avoid conflicts with the subclause 12.3.3.4.

Issue 4)

The first part of the subclause 12.3.3.5 talks about the BYE request and the CANCEL request but the procedures below only talks about a 200 OK response to the BYE request and never mention the the 200 OK response to CANCEL request.

Issue 5)

The procedures in subclause 12.3.3.4 and 12.3.3.5 are initiated by an INVITE due to STN-SR (as seen from the MSC server point of view). However, from SCC AS point of view also a SIP INVITE request due to ATU-STI or a SIP INVITE request transferring additional session for PS to CS SRVCC initiated the transfer.

	
	

	Summary of change:
	(Issue 1) Removed the condition about the call in alerting phase from the subclause 12.3.3.4
(Issue 2) Divided the 12.3.3.5 into two subclauses, one when the SCC AS is serving the originating user and one when the SCC AS is serving the terminating user. This change required that some of the text is duplicated.
(Issue 3) Alerting phase and pre-alerting phase are added whenever needed to avoid conflicts between the subclauses 12.3.3.4 and 12.3.3.5.

(Issue 4) Added the 200 OK response to the CANCEL request.

(Issue 5) Added "SIP INVITE request due to ATU-STI or a SIP INVITE request transferring additional session for PS to CS SRVCC initiated the transfer" whenever needed.

	
	

	Consequences if not approved:
	It will be unclear which procedures the SCC AS will follow and that will create possible interoperability problems.
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***** Next change *****
12.3.3.4
PS to CS SRVCC cancelled by MME/SGSN or release of the target access leg for an ongoing session
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 where the dialog is in confirmed state with active or inactive speech media component.
If the SCC AS receives a SIP BYE request containing a Reason header field containing the protocol value "Q.850" and the "cause" header field parameter with the value of "31" (normal unspecified) on:
-
the target access leg where the dialog is in confirmed state with active speech media component;

-
the target access leg where the dialog is in confirmed state with inactive speech media component, if the SCC AS applies the MSC server assisted mid-call feature; or
-
the target access leg of an additional transferred session where the dialog is in confirmed state with an inactive speech media component, if the SCC AS applies the MSC server assisted mid-call feature
,

after having initiated an access transfer and when the operator specific timer is still running, the SCC AS shall:
1)
send the SIP 200 (OK) to the BYE request;

2)
wait until the operator specific timer expires or until a SIP re-INVITE 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 re-INVITE request from the SC UE containing the protocol value "SIP" and the "cause" header field parameter with the value "487" is received, release the call according to procedures in 3GPP TS 24.229 [2].

NOTE 1:
All protocol values in the Reason header field other than "Q.850" and all values of the "cause" header field parameter other than "31" (normal unspecified) will result in an immediate release of the source access leg and the remote UE leg.

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 SIP re-INVITE request(s) from the SC UE containing the protocol value "SIP" and the "cause" header field parameter with the value "487" after having performed an access transfer that was triggered by a SIP INVITE request due to STN-SR and after receiving a SIP BYE 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 on expiry of the timer described in subclause 12.3.8; and

2)
treat the SIP re-INVITE request(s) as per procedures for removing and adding media as described in subclause 13.3.1.

12.3.3.5
PS to CS SRVCC cancelled by MME/SGSN or release of the target access leg for a session in an early dialog phase
12.3.3.5.1
SCC AS serving an originating 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 early dialog phase as specified in subclause 12.3.4.3 and subclause 12.3.4.4 where the SCC AS is serving a originating user.
If the SCC AS applies the procedures for PS to CS SRVCC access transfer for calls in alerting phase when serving a originating user or if the SCC AS applies the procedures for PS to CS SRVCC access transfer for calls in pre-alerting phase, then if the SCC AS receives a SIP BYE request or a SIP CANCEL request containing a 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 of a session in the originating pre-alerting phase, if the SCC AS applies PS to CS SRVCC access transfer for calls in pre-alerting phase;
-
the target access leg of a session in the alerting phase, if the SCC AS applies PS to CS SRVCC access transfer for calls in alerting phase;

-
the target access leg of an additional transferred session in the pre-alerting phase or in the alerting phase, if the SCC AS applies the MSC server assisted mid-call feature; or
-
target of an additional transferred session if the SCC AS applies PS to CS SRVCC for calls in the pre-alerting phase or in alerting phase,

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

1)
if a SIP BYE was received, send the SIP 200 (OK) to the BYE request;
1A)
if a SIP CANCEL request was received, send the 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, cancel the call according to procedures 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 all dialogs associated with the source access leg and cancelling of all dialogs associated with the remote UE leg.

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 that was triggered by a SIP INVITE request due to STN-SR 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 described in subclause 12.3.8; and

2)
treat the SIP UPDATE request(s) as per procedures for removing and adding media as described in subclause 13.3.1.

If the SCC AS has received a SIP 200 (OK) response 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.
12.3.3.5.1
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) 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 486 (Busy) SIP 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.
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; and

2)
treat the SIP UPDATE request(s) as per procedures for removing and adding media as described in subclause 13.3.1.

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.
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