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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).

Currently, the only way for the terminating party to know by which number it has been called, is to search for the dialled number by the caller (To header field or first History-Info entry). 

When the caller first dials a another number before calling the service, this information will not be correct. For instance, this is the case when the caller has a prepaid service number to call before dialing the requested number. It is also the case when he asks to a free people search service to be directly connected to the service number he were searching for. In a general manner, this use case concerns serveral services that are sucessively triggered.

It is then proposed in this CR 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.

The proposed mecanism handled by the AS is quite similar to the communication diversion CDIV proccess defined in TS24.604 without the service subscription aspects.

This stage 3 solution is based on an already referenced document (draft-mohali-dispatch-cause-for-service-number [230]).


	
	

	Summary of change:
	An new section 5.7.1.x is added to describe how and why an AS shall provide in the SIP signalling the information that it has translated a service access number into a routable number towards a end user. 

It is describe how the new cause URI parameter value "380" is added in the SIP request (in the Request-URI and in the History-Info header field).

	
	

	Consequences if not approved:
	It’s not possible for a end user (eg. call center) to know from which service number it has been reached (ie. which service is requested by the caller) and provide the apropriate answer.
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***** Next change *****
5.7.1.x
Service access number translation

When the AS is accessed by a service access number (e.g. toll free, premium service) and performes a translation of this number into a routeable number, the AS shall include in the outgoing request:
1)
the Request-URI set to the targeted SIP URI containing the "cause" SIP URI parameter, defined in RFC 4458 [68], set to the value "380" defined in draft-mohali-dispatch-cause-for-service-number [230]; and
2)
the History-Info header field constructed according to RFC 7044 [66] in which the hi-targeted-to-uri of the last hi-entry is set to the new Request-URI with the "cause" SIP URI parameter, defined in RFC 4458 [68], set to the value "380" defined in draft-mohali-dispatch-cause-for-service-number [230].
