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[bookmark: _Toc20131505][bookmark: _Toc27486758]4.5.5.3.6	AS Actions for Gateway model
The AS performing the Gateway model shall follow the procedure as specified in RFC 3960 [10] and annex G in 3GPP TS 24.628 [11] with the additional procedures described in this subclause.
Upon receiving an initial INVITE request from the originating UE, the AS shall forward the initial INVITE request to the terminating UE after inserting an Alert-Info header field with an URN "urn:alert:service:crs".
Upon receiving the first reliable SIP 18x response to the initial INVITE request, the AS:
a)	may contact the MRF to request CRS resource; and
b)	shall forward the reliable SIP 18x response to the originating UE.
Upon receiving the PRACK request of the first reliable 18x response from originating UE, the AS shall forward the PRACK request to the terminating UE and contact the MRF to request CRS resource if it has not been previously requested.
When the video media feature tag is not included in the Contact header field of the previously received 18x response from terminating UE and there is no video description in the SDP answer included in the 18x response, the AS shall not request video CRS resource from MRF, and shall not apply video CRS media to the terminating UE.
After receiving 180 (Ringing) response or receiving a SIP 200 (OK) response to the PRACK request of the first reliable SIP 18x response from terminating UE, the AS shall update media of CRS service with terminating UE by UPDATE request as specified in RFC 3311 [12] with:
[bookmark: OLE_LINK14]a)	P-Early-Media header field with a "sendrecv" value or a "sendonly" value; and
[bookmark: OLE_LINK12][bookmark: OLE_LINK11]b)	The SDP offer, which is based on the CRS information received from the MRF and includes a=content media-level attribute with a "g.3gpp.crs" value, the media types can be different from the media types required in the SDP answer of previous 18x response from terminating UE.
If the terminating UE requires the use of precondition mechanism, the AS shall not instruct the MRF to start applicable media for the CRS service before the terminating UE has indicated that preconditions are fulfilled. The point when the AS instruct the MRF to start applicable media for the CRS service is based on local policy.
When "precondition" is not included in the Supported and Require header field of the received 18x response to the initial INVITE request, based on local configuration, if precondition mechanism is allowed to use, the AS may use send the above UPDATE request, as specified in RFC 3311 [12] and RFC 3312 [xx], to use precondition mechanism for CRS media.
[bookmark: OLE_LINK5]Upon receiving a SIP 200 (OK) response to the INVITE request from the terminating UE, the AS shall instruct the MRF to stop media for the CRS service and update media for conversation. If the AS is going to update media with both originating side and terminating side, the AS shall:
a)	send an offerless re-INVITE request to the terminating side;
b)	upon receiving a SIP response to the re-INVITE request containing an SDP offer from the terminating side, generate an UPDATE request as specified in RFC 3311 [12] to send an SDP offer to the originating UE. The SDP offer shall only contain the media components which appeared both in the SDP offer contained in the SIP response to the re-INVITE request and the previously stored SDP offer in the initial INVITE request, and set the port number of the corresponding m-line to zero if it has been set to zero during previous SDP negotiation; and
c)	upon receiving a 200 (OK) response to the UPDATE request from the originating side, generate an SDP answer to the terminating side, included in the ACK request associated with the re-INVITE request. The SDP answer shall be based on the SDP answer contained in the 200 (OK) response to the UPDATE request, and for the media components which do not appear in the SDP answer in the 200 (OK) response, set the port number of the corresponding m-line to zero.
Upon receiving a SIP 4xx, 5xx or 6xx response from the terminating UE, the AS shall:
a)	instruct the MRF to stop the media for the CRS service; and
b)	forward the final response to the originating UE.
