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Introduction

TS 23.228 v 5.2.0 indicates that the S-CSCF shall use the ENUM protocol to translate the E.164 number to a SIP-URL.  This is indicated in sub-clause 4.3.5, which is repeated below for clarity.

4.3.5
Name to address resolution in an IM CN subsystem

The S-CSCF shall support the ability to translate the E.164 address contained in a Request-URI in the non-SIP URL “tel:” format [15] to a SIP routable SIP URL using an ENUM DNS translation mechanism with the format as specified in RFC 2916 [16], (E.164 number and DNS). If this translation fails, then the session may be routed to the PSTN or appropriate notification shall be sent to the mobile. 

NOTE: The type of database infrastructure is a matter for the IM operator and this does not require that Universal ENUM service be used.

This contribution proposes updates to TS 24.229 to align the stage 3 with the stage 2 specification.

Proposal

The proposed changes suggested below are incorporated into TS 24.229 v080

Additional to Section 2 “References” of TS 24.229v080

[15]
RFC 2806: "URLs for Telephone Calls"

[16]
RFC 2916: "E.164 number and DNS"
Changes to Appendix A of TS 24.229v080.

11.4.3
Call initiation 

11.4.3.1 
Initial INVITE

Editor's Note: An issue that needs to be resolved before making this section normative is how the standard SIP behavior (specified in the RFC) and included in this exceptions section is referenced to insure consistent implementations. 

11.4.3.1.1
Determination of served user

11.4.3.1.2
Mobile-originating case
When the originating S-CSCF receives an initial INVITE request from the originating P-CSCF, it will contain S-CSCF's SIP URL in the Request-URI, and a single Route header. The URI in the Route header is the dialled destination. This URI may be a SIP URL or a tel-URL. The received initial INVITE will also have a list of Record-Route headers. 
Before forwarding the initial INVITE to the remote termination, the S-CSCF:

· removes the single Route header (dialed destination) from the received initial INVITE, processes the dialled destination URI (e.g. DNS access), and inserts the result into the Request-URI. 

· replaces the Contact header in the received INVITE with a locally defined value.

· .Adds its Record-Route header to the list of Record-Route headers.

Editor's Note: The mechanism for hiding (encrypting) and handling the Record-Route headers in S-CSCF has to be determined.

If the URI is a TEL-URL, then  the S-CSCF shall:

· translate the E.164 address contained in the request-URI in the “tel:” format [15] to a SIP routable SIP URL using an ENUM/DNS translation mechanism with the format as specified in RFC 2916 [16].  If this translations fails, then the session may be forwarded to the BGCF in the home network or an an appropriate notification shall be sent to the originator.

Note: The type of database infrastructure is beyond the scope of this specification.
Prior to forwarding the response to the initial INVITE, the S-CSCF:

Editor's Note: The handling of the Record-Route headers and construction of the list of Route headers in S-CSCF has to be determined.
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