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	Reason for change:
	During CAT service procedure, the CAT AS may receive from the terminating side UPDATE message between 180 and 200(INVITE) responses. One of the examples for such UPDATEs is in aSRVCC. TS24.237 states:

 “If the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different with the speech media component of the SDP received in the source access leg of the session being transferred, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing established dialog according as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP UPDATE request with the SDP offer received in the SIP INVITE request due to STN-SR.”
The SDP information contained in such UPDATE shall be forwarded to the originating side since the media component has changed, however for Gateway model, it can’t be forwarded immediately since at that point of time the CAT AS is playing CAT towards originating side and such UPDATE will cut off the CAT media, and “CAT copy” functionality may fail.
It’s not addressed in current specification how CAT AS handles the UPDATE message sent between 180 and 200(INVITE).

	
	

	Summary of change:
	To solve this problem, it’s proposed that the CAT AS in Gateway model stores SDP contained in the recently received UPDATE message between 180 and 200(INVITE), and when the  200(INVITE) is received, CAT AS update the originating side using the stored SDP.
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	CAT media may be cut off in specific scenarios, e.g. aSRVCC.
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*********************  First Change  *********************
4.5.5.2.6
AS Actions for Gateway model
The AS performing the Gateway model shall follow the procedure as specified in RFC 3960 [8] with the additional procedures described in this subclause.
Upon receiving an SIP 180 (Ringing) response or SIP 183 (Session Progress) response to the initial SIP INVITE request sent to the terminating UE, before forwarding the response towards the originating UE, the AS shall:

a)
if the SIP 180 (Ringing) response or the SIP 183 (Session Progress) response to the initial SIP INVITE request includes an SDP answer, store the SDP answer received from the terminating UE; and 
b)
generate an SDP answer, either:

1)
based on the SDP answer as received from the terminating UE, if:

-
the originating UE requires the use of precondition mechanism; and

-
the resources required between the originating UE and the terminating UE are more than the resources required between originating UE and MRF associated with the AS for CAT; or
2)
based on the information received from the MRF associated with AS for CAT, for all other cases.
NOTE:
The procedures for handling multiple early dialogs, due to forking, is not specified in the current release of this specification.
If the originating UE requires the use of precondition mechanism, upon receiving an SIP 200 (OK) response for SIP UPDATE request from terminating UE which corresponds to UPDATE request sent by the originating UE to indicate that resources at the originating UE is available, the AS shall:
a)
store the SDP of the terminating UE; and
b)
forward the SDP of the terminating UE to the originating UE.

If the originating UE requires the use of precondition mechanism, upon receiving an SIP 180 (Ringing) response for SIP INVITE request from terminating UE used to indicate that resources are available on the terminating UE and user is being alerted, the AS shall forward the SDP of the CAT to the originating UE in UPDATE method as specified in RFC 3311 [13];
If UPDATE request containing an SDP offer from terminating side is received when a 180 (Ringing) response has been sent and a 200 (OK) response to the initial INVITE has not been sent yet, the AS shall:

a)
not forward the UPDATE request to the originating side; and
b)
store the SDP offer contained in the UPDATE request, and if SDP answer or SDP offer from terminating side has been stored previously, the AS shall replace it with the new received SDP offer; and

c)
response to the UPDATE request with a 200 (OK) response and generate an SDP answer based on the SDP offer previously sent from the originating side.
Upon receiving an SIP 200 (OK) (INVITE) from terminating UE, the AS shall generate an UPDATE request as specified in RFC 3311 [13] to update the media with the originating UE using either:

a)
if the AS has previously stored the SDP answer or SDP offer sent from the terminating side, the SDP answer or SDP offer sent from the terminating side as previously stored; or

b)
if the AS has not previously stored SDP answer or SDP offer sent from the terminating side, the SDP answer received in the immediate 200 (OK) response to the SIP INVITE request.
*********************  Next Change  *********************
4.5.5.3.7
AS Actions for Gateway model
The AS performing the Gateway model shall follow the procedure as specified in RFC 3960 [8] with the additional procedures described in this subclause.
Upon receiving an SIP 180 (Ringing) response or SIP 183 (Session Progress) response to the initial SIP INVITE request sent to the terminating UE, before forwarding the response towards the originating UE, the AS shall:

a)
if the SIP 180 (Ringing) response or the SIP 183 (Session Progress) response to the initial SIP INVITE request includes an SDP answer, store the SDP answer received from the terminating UE; and
b)
generate an SDP answer, either:

1)
based on the SDP answer as received from the terminating UE, if:

-
the originating UE requires the use of precondition mechanism; and

-
the resources required between the originating UE and the terminating UE are more than the resources required between originating UE and MRF associated with the AS for CAT; or
2)
based on the information received from the MRF associated with AS for CAT, for all other cases.
NOTE:
The procedures for handling multiple early dialogs, due to forking, is not specified in the current release of this specification.
If the originating UE requires the use of precondition mechanism, upon receiving an SIP 200 (OK) response for SIP UPDATE request from terminating UE which corresponds to UPDATE request sent by the originating UE to indicate that resources at the originating UE is available, the AS shall:
a)
store the SDP of the terminating UE; and
b)
forward the SDP of the terminating UE to the originating UE.

If the originating UE requires the use of precondition mechanism, upon receiving an SIP 180 (Ringing) response for SIP INVITE request from terminating UE used to indicate that resources are available on the terminating UE and user is being alerted, the AS shall forward the SDP of the CAT to the originating UE in UPDATE method as specified in RFC 3311 [13];
If UPDATE request containing an SDP offer from terminating side is received when a 180 (Ringing) response has been sent and a 200 (OK) response to the initial INVITE has not been sent yet, the AS shall:

a)
not forward the UPDATE request to the originating side; and

b)
store the SDP offer contained in the UPDATE request, and if SDP answer or SDP offer from terminating side has been stored previously, the AS shall replace it with the new received SDP offer; and

c)
response to the UPDATE request with a 200 (OK) response and generate an SDP answer based on the SDP offer previously sent from the originating side.
Upon receiving an SIP 200 (OK) (INVITE) from terminating UE, the AS shall generate an UPDATE request as specified in RFC 3311 [13] to update the media with the originating UE using either:

a)
if the AS has previously stored the SDP answer or SDP offer sent from the terminating side, the SDP answer or SDP offer sent from the terminating side as previously stored; or

b)
if the AS has not previously stored SDP answer or SDP offer sent from the terminating side, the SDP answer received in the immediate 200 (OK) response to the SIP INVITE request.

