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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] and annex G in 3GPP TS 24.628 [14] with the additional procedures described in this subclause.
Upon receiving an initial INVITE request, before forwarding the initial INVITE request towards the terminating UE, the AS shall:
a)
store the SDP offer sent from the originating side if the AS is going to update media with both originating side and terminating side when the 200 (OK) response to the initial INIVTE request is received;

b)
if required by local policy, remove the P-Early-Media header field, if present; and
c)
contact the MRF to request CAT resource.
When the video media feature tag is not included in the Contact header field of the initial INVITE request towards the terminating UE and there is no video description in the SDP offer included in the initial INVITE request, the AS shall not request video CAT resource from MRF, and shall not apply video CAT media to the originating UE.

Editor’s note: [TEI15, CR0096] the mechanism and procedure to support the selection of the media type of early media by end users is FFS.

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;

b)
if the AS has not sent an SDP answer:
1)
generate an SDP answer, either:
i)
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
-
the media types required between originating UE and MRF associated with the AS for CAT are different from the media types required between the originating UE and the terminating UE; or
ii)
based on the information received from the MRF associated with AS for CAT, for all other cases;
2)
include an SDP content media-level attribute, as specified in RFC 4796 [12], with a "g.3gpp.cat" value in the generated SDP answer; and
3)
remove the received P-Early-Media header field if present, and include a P-Early-Media header field with a "sendrecv" value or a "sendonly" value; and
c)
if the AS has sent an SDP answer, the AS shall not generate an SDP answer.
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, the AS shall not instruct the MRF to start applicable media for the CAT service before the originating UE has indicated that preconditions are fulfilled. The point when the AS instruct the MRF to start applicable media for the CAT service is based on local policy.
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 an UPDATE request as specified in RFC 3311 [13]; the media types required in the SDP of the CAT can be different from the media types required in the SDP offer initiated by originating UE in previous INVITE request.

When the media types required in the SDP of the CAT and the previous SDP offer in INVITE request are different, if the originating UE requires the use of precondition mechanism, the AS shall not instruct the MRF to start applicable media for the CAT service before the originating UE has indicated that preconditions are fulfilled in the 200 (OK) response to the UPDATE request or consequent UPDATE request. The point when the AS instructs the MRF to start applicable media for the CAT service is based on local policy.
When the media types required in the SDP of the CAT and the previous SDP offer in INVITE request are different, and if the originating UE does not require the use of precondition mechanism, the AS shall forward the SDP of the CAT to the originating UE in UPDATE request 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;
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)
respond 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, if it is not allowed to continue playing video CAT by operator or user settings, or if video CAT media has not been played during the called party alerting, the AS shall instruct the MRF to stop the media for the CAT service and either:

a)
if the AS is going to update media only with the originating side, generate an UPDATE request as specified in RFC 3311 [13] to update the media with the originating UE using either:
1)
if the AS has previously stored the SDP answer or SDP offer sent from the terminating side, the SDP answer of the terminating UE as previously stored; or
2)
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; or
b)
if the AS is going to update media with both originating side and terminating side:
1)
send an offerless re-INVITE request to the terminating side;
2)
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 [13] 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, and set the port number of the corresponding m-line to zero if it has been set to zero during previous SDP negotiation; and
3)
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 not appear in the SDP answer in the 200 (OK) response, set the port number of the corresponding m-line to zero.
If video CAT has been played during the called party alerting, and if it is allowed to continue playing video CAT by operator and user settings during converstion, upon receiving an SIP 200 (OK) (INVITE) from terminating UE, the AS shall perform either above bullet a) or bullet b) in the paragraph above related to the reception of 200 (OK) on INVITE with additions described below:
a)
before using the SDP answer received from terminating UE to update media with originating UE by UPDATE request, the AS shall:
1)
if the SDP answer only includes audio components, which means the conversation is going to be audio conversation, instruct the MRF to continue to play video CAT media without voice, and insert video components into this SDP answer based on the CAT information previously received from MRF, the video components shall include:

i)
a media-level attribute "c=", as specified in RFC 4566 [xx], with a value of the corresponding IP address for CAT media;
ii)
a media-level attribute with a "g.3gpp.cat" value; and
iii)
an "a=sendonly" attribute.
2)
if the SDP answer includes video components but with zero port number or with an "a=inactive" attribute, which also means the conversation is going to be audio conversation, instruct the MRF to continue to play video CAT media without voice, and replace the existed video components with new video components based on the CAT information previously received from MRF, the new video media components shall include:

i)
a media-level attribute "c=", as specified in RFC 4566 [xx], with a value of the corresponding IP address for CAT media;

ii)
a media-level attribute with a "g.3gpp.cat" value; and

iii)
an "a=sendonly" attribute.

3)
if the SDP answer includes video descriptions with port number greater than zero and without an "a=inactive" attribute, instruct the MRF to stop to play CAT media.
b)
upon receiving a 200 (OK) response associated with the UPDATE request mentioned in the first sentence of bullet a) from the originating side, if the AS is going to forward the SDP answer contained in this 200 (OK) response to terminating UE, before forwarding the SDP answer to the terminating UE, the AS shall exclude CAT related media descriptions from the SDP answer.
***** 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] and annex G in 3GPP TS 24.628 [14] with the additional procedures described in this subclause.
Upon receiving an initial INVITE request, before forwarding the initial INVITE request towards the terminating UE, the AS shall:
a)
store the SDP offer sent from the originating side if the AS is going to update media with both originating side and terminating side when the 200 (OK) response to the initial INIVTE request is received;

b)
if required by local policy, remove the P-Early-Media header field, if present; and
c)
contact the MRF to request CAT resource.
When the video media feature tag is not included in the Contact header field of the initial INVITE request towards the terminating UE and there is no video description in the SDP offer included in the initial INVITE request, the AS shall not request video CAT resource from MRF, and shall not apply video CAT media to the originating UE.

Editor’s note: [TEI15, CR0096] the mechanism and procedure to support the selection of the media type of early media by end users is FFS.

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;

b)
if the AS has not sent an SDP answer:
1)
generate an SDP answer, either:
i)
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
-
the media types required between originating UE and MRF associated with the AS for CAT are different from the media types required between the originating UE and the terminating UE; or

ii)
based on the information received from the MRF associated with AS for CAT, for all other cases;
2)
include an SDP content media-level attribute, as specified in RFC 4796 [12], with a "g.3gpp.cat" value in the generated SDP answer; and
3)
remove the received P-Early-Media header field if present, and include a P-Early-Media header field with a "sendrecv" value or a "sendonly" value; and
c)
if the AS has sent an SDP answer, the AS shall not generate an SDP answer.
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, the AS shall not instruct the MRF to start applicable media for the CAT service before the originating UE has indicated that preconditions are fulfilled. The point when the AS instruct the MRF to start applicable media for the CAT service is based on local policy.
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 request as specified in RFC 3311 [13]; the media types required in the SDP of the CAT can be different from the media types required in the SDP offer initiated by originating UE in previous INVITE request.

When the media types required in the SDP of the CAT and the previous SDP offer in INVITE request are different, if the originating UE requires the use of precondition mechanism, the AS shall not instruct the MRF to start applicable media for the CAT service before the originating UE has indicated that preconditions are fulfilled in the 200 (OK) response to the UPDATE request or consequent UPDATE request. The point when the AS instructs the MRF to start applicable media for the CAT service is based on local policy.
When the media types required in the SDP of the CAT and the previous SDP offer in INVITE request are different, and if the originating UE does not require the use of precondition mechanism, the AS shall forward the SDP of the CAT to the originating UE in UPDATE request 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)
respond 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, if it is not allowed to continue playing video CAT by operator or user settings, or if video CAT media has not been played during the called party alerting, the AS shall instruct the MRF to stop the media for the CAT service and either:

a)
if the AS is going to update media only with the originating side, generate an UPDATE request as specified in RFC 3311 [13] to update the media with the originating UE using either:
1)
if the AS has previously stored the SDP answer or SDP offer sent from the terminating side, the SDP answer of the terminating UE as previously stored; or
2)
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.or
b)
if the AS is going to update media with both originating side and terminating side:
1)
send an offerless re-INVITE request to the terminating side; 
2)
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 [13] 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, and set the port number of the corresponding m-line to zero if it has been set to zero during previous SDP negotiation; and 
3)
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 not appear in the SDP answer in the 200 (OK) response, set the port number of the corresponding m-line to zero.
If video CAT has been played during the called party alerting, and if it is allowed to continue playing video CAT by operator and user settings during converstion, upon receiving an SIP 200 (OK) (INVITE) from terminating UE, the AS shall perform either above bullet a) or bullet b) in the paragraph above related to the reception of 200 (OK) on INVITE with additions described below:

a)
before using the SDP answer received from terminating UE to update media with originating UE by UPDATE request, the AS shall:
1)
if the SDP answer only includes audio components, which means the conversation is going to be audio conversation, instruct the MRF to continue to play video CAT media without voice, and insert video components into this SDP answer based on the CAT information previously received from MRF, the video components shall include:

i)
a media-level attribute "c=", as specified in RFC 4566 [xx], with a value of the corresponding IP address for CAT media;

ii)
a media-level attribute with a "g.3gpp.cat" value; and

iii)
an "a=sendonly" attribute.

2)
if the SDP answer includes video components but with zero port number or with an "a=inactive" attribute, which also means the conversation is going to be audio conversation, instruct the MRF to continue to play video CAT media without voice, and replace the existed video components with new video components based on the CAT information previously received from MRF, the new video media components shall include:
i)
a media-level attribute "c=", as specified in RFC 4566 [xx], with a value of the corresponding IP address of CAT media;

ii)
a media-level attribute with a "g.3gpp.cat" value; and

iii)
an "a=sendonly" attribute.

3)
if the SDP answer includes video descriptions with port number greater than zero and without an "a=inactive" attribute, which means the conversation is going to be video conversation, instruct the MRF to stop to play CAT media.
b)
upon receiving a 200 (OK) response associated with the UPDATE request mentioned in the first sentence of bullet a) from the originating side, if the AS is going to forward the SDP answer contained in this 200 (OK) response to terminating UE, before forwarding the SDP answer to the terminating UE, the AS shall exclude CAT related media descriptions from the SDP answer.
