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	Reason for change:
	When an application server is reached from a service access number such as premium number, short numbers or toll free numbers, it performs a number translation to a routeable number to process the session establishment and the presentation of the call to the end user (eg. a call center).

During previous meeting #92, CR n°5386  (C1-152497) hab been agreed to introduce the capability for an AS to provide the information in the SIP signalling that it processed to a service access number translation by adding a new cause URI parameter value ("380") in the Request-URI and in the History-Info header that allows to tag this service number translation among the hi-entries (new section 5.7.1.22).

In TS 24.229, it is not documented how a terminating UE (eg. a call center) may be able to retrieve the service access number before its translation and for instance to provide the apropriate welcome speech to the caller.
This stage 3 solution is based on an already referenced document (draft-mohali-dispatch-cause-for-service-number [230]).



	
	

	Summary of change:
	Section 5.1.4.1 is modified to describe how a terminating UE may be able to find the service access number addressed before its translation by the AS when receiving an initial INVITE request. 
It is describe how the new cause URI parameter value "380" is used to find this information.
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***** Next change *****
5.1.4.1
Initial INVITE request

The preconditions mechanism should be supported by the terminating UE.

The handling of incoming initial INVITE requests at the terminating UE is mainly dependent on the following conditions:

-
the specific service requirements for "integration of resource management and SIP" extension (hereafter in this subclause known as the precondition mechanism and defined in RFC 3312 [30] as updated by RFC 4032 [64], and with the request for such a mechanism known as a precondition); and

-
the UEs configuration for the case when the specific service does not require the precondition mechanism.

If an initial INVITE request is received the terminating UE shall check whether the terminating UE requires local resource reservation.

NOTE 1:
The terminating UE can decide if local resource reservation is required based on e.g. application requirements, current access network capabilities, local configuration, etc.

If local resource reservation is required at the terminating UE and the terminating UE supports the precondition mechanism, and:

a)
the received INVITE request includes the "precondition" option-tag in the Supported header field or Require header field, the terminating UE shall make use of the precondition mechanism and shall indicate a Require header field with the "precondition" option-tag in responses that include SDP body or subsequent requests that include SDP body that it sends towards to the originating UE; or

b)
the received INVITE request does not include the "precondition" option-tag in the Supported header field or Require header field, the terminating UE shall not make use of the precondition mechanism.

If local resource reservation is not required by the terminating UE and the terminating UE supports the precondition mechanism and:

a)
the received INVITE request includes the "precondition" option-tag in the Supported header field and:

-
the required resources at the originating UE are not reserved, the terminating UE shall use the precondition mechanism and shall indicate a Require header field with the "precondition" option-tag in responses that include SDP body or subsequent requests that include SDP body that it sends towards to the originating UE; or

-
the required local resources at the originating UE and the terminating UE are available, the terminating UE may use the precondition mechanism;

b)
the received INVITE request does not include the "precondition" option-tag in the Supported header field or Require header field, the terminating UE shall not make use of the precondition mechanism; or

c)
the received INVITE request includes the "precondition" option-tag in the Require header field, the terminating UE shall use the precondition mechanism.

NOTE 2:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261 [26].

NOTE 3:
If the terminating UE does not support the precondition mechanism it will apply regular SIP session initiation procedures.

If the terminating UE requires a reliable alerting indication at the originating side, the UE shall send the 180 (Ringing) response reliably. If the received INVITE request indicated support for reliable provisionable responses, but did not require their use, the terminating UE shall send provisional responses reliably only if the provisional response carries SDP or for other application related purposes that requires its reliable transport.

NOTE 4:
Certain applications, services and operator policies might mandate the terminating UE to send a 199 (Early Dialog Terminated) provisional response (see RFC 6228 [142]) prior to sending a non-2xx final response to the INVITE request.
If the terminating UE uses the precondition mechanism, upon successful reservation of local resources:

-
if the originating side requested confirmation for the result of the resource reservation (as defined in RFC 3312 [30]) at the terminating UE, the terminating UE shall confirm the successful resource reservation (see subclause 6.1.3) within an SIP UPDATE request; and

NOTE 5:
Originating side requests confirmation for the result of the resource reservation at the terminating UE e.g. when an application server performs 3rd party call control. The request for confirmation for the result of the resource reservation at the terminating UE can be included e.g. in the SDP answer in the PRACK request.

-
if the originating side did not request confirmation for the result of the resource reservation (as defined in RFC 3312 [30]) at the terminating UE, the terminating UE shall not confirm the successful resource reservation (see subclause 6.1.3) within an UPDATE request.
NOTE 6:
The terminating UE can send an UPDATE request for reasons other than confirmation of the successful resource reservation.

If the terminating UE included an SDP offer or an SDP answer in a reliable provisional response to the INVITE request and both the terminating UE and the originating UE support UPDATE method, then in order to remove one or more media streams negotiated in the session for which a final response to the INVITE request has not been sent yet, the terminating UE shall send an UPDATE request with a new SDP offer and delays sending of 200 (OK) response to the INVITE request till after reception of 200 (OK) response to the UPDATE request.
If the user does not accept a media stream accepted in the SDP answer and the terminating UE, the originating UE or both do not support the UPDATE method, then after reception of ACK request related to 200 (OK) response to the INVITE request, the UE shall modify the session.
If the terminating UE needs to retrieve the last service access number addressed by the originating UE when the AS applies a number translation as described in section 5.7.1.22 ; the terminating UE  will find the requested service number in the hi-entry within the History-Info header field having a hi-index that match the "mp" or "rc" param value of the last hi-entry containing a "cause" SIP URI parameter, defined in RFC 4458 [68], set to the value "380" defined in draft-mohali-dispatch-cause-for-service-number [230]. Due to backward compatibility rules the hi-target-param may not appear in the concerned hi-entry; in that case, the identification of the hi-entry shall rely on the cause-param value and the preceding entry.
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