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1. Overall Description:

During the 3GPP WG CT1 Meeting #39 in London, U.K., the CT1working group discussed the handling of the tel URI in the IMS. The main problem identified by the CT1working group was that when translating the tel URI into a SIP URI [e.g., upon accessing the ENUM DNS], or when adding the tel URI to the P-Asserted-Identity header, the semantics of the two URIs may be different. To insure the proper and consistent treatment of the mobile-terminated calls, the working group identified several requirements pertaining to the tel URI that are currently not documented in the TS 23.228. 

The identified requirements are:

1. For each tel URI, there must be at least one SIP URI in the set of implicitly registered Public User Identities [that includes the tel URI], referred to as alias SIP URI that must have the same service profile as the respective tel URI. Otherwise the call destined for the UE will be treated differently if the tel URI is translated [e.g., upon accessing the ENUM DNS] or when not translated [e.g. call originates from the PSTN].

2. If the tel URI is a shared Public User Identity, then the alias SIP URI must be also a shared Public User Identity. Otherwise the call destined for the UE will be treated differently if the tel URI is translated [e.g., upon accessing the ENUM DNS] or when not translated [e.g. call originates from the PSTN]

3. To insure the proper treatment of the mobile-terminated calls, the alias SIP URI must be placed in the ENUM DNS for the E.164 number contained in the respective tel URI. 

4. For the mobile originating calls, when the S-CSCF receives a request for a call setup or stand-alone transactions from the P-CSCF that contains a SIP URI in the P-Asserted-Identity header, the S-CSCF should add an additional P-Asserted-Identity header that contains the tel URI only if the SIP URI received in the P-Asserted-Identity header is an alias SIP URI of the respective tel URI. Otherwise the call-back based on the received P-Asserted-Identity header may be misrouted [e.g. the call is treated differently if the called user is identified with shared tel URI as opposed with a non-shared SIP URI].  This requirement necessitates the S-CSCF to correlate each tel URI with its alias SIP URI.
ACTION: 
3GPP WG CT1 kindly requests the SA2 to review and evaluate the identified requirements, document them if necessary, and give guidance to 3GPP WG CT1 on whether to take them into consideration in the CT1 specifications.
3. Date of Next TSG-CT1 Meetings:

TSG-CT1 Meeting #40
31st October – 4th November 2005
Berlin, Germany

TSG-CT1 Meeting #41
13th February – 17th February 2006
TBD

