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INTRODUCTION
This contribution discusses the handling of the tel URI in the IMS. The fundamental problem encountered when handling the tel URI in the IMS is that the semantics of the tel URI may change when translating it into a SIP URI [e.g., upon accessing the ENUM DNS], or in case of the P-Asserted-Identity header when adding the tel URI to the associated SIP URI. For example, if the tel URI is a shared Public User Identity, then all users [i.e., all UEs] that belong to the subscription share it. Translating this tel URI into a SIP URI that belongs only to one user would change the meaning of the tel URI. Additional problems that may arise when handling the tel URI in the IMS are described in the sequel and the solutions to the identified problems are proposed.

GENERAL CONSIDERATIONS
ENUM Problems

During the registration of a given SIP URI, the UE specifies its contact address, the qvalue [i.e. its preference to be contacted at that address], and the callee parameters as specified in the RFC 3840. These parameters may be dynamically changed upon each registration. The ENUM DNS is a static database where the Order and Preference parameters indicate the priorities of the URIs derived from the respective NAPTR RRs. Obviously, if there are multiple SIP URIs in the ENUM DNS for the respective E.164 number contained in the tel URI, the Order and Preference parameters cannot indicate the dynamic preferences expressed during the registration. However, during the session setup, when the originating S-CSCF receives an initial INVITE request and the called endpoint is identified with a tel URI, the S-CSCF has to select one of the multiple target SIP URIs fetched from the ENUM DNS.  The originating S-CSCF doesn't know which SIP URIs has been registered with the highest qvalue at the terminating S-CSCF. Hence, which one should it select? 

Additional Problems

The document TS 24.229 specifies that only a SIP URI can be registered. That implies that each tel URI has to be a member of a set of implicitly registered Public User Identities. The document TS 23.228 states that the implicitly registered Public User Identities may have different service profiles. The document TS 23.228 does not single out the tel URI for any particular treatment. Furthermore, the TS 23.228 does not explicitly indicate how to handle the case when the tel URI is a shared Public User Identity. In addition, the document TS 24.229 specifies that, if the original request contains a SIP URI in the P-Asserted-Identity header, and an associated tel URI is available, it must be added to the P-Asserted-Identity header. The documents TS 24.229 and TS 23.228 provide no hints how to populate the ENUM DNS for the IMS UEs.  Therefore, the problems identified below may occur.
Case 1.

The call originates from an UE that specifies the target UE with a tel URI. The originating S-CSCF, upon accessing the ENUM DNS, translates the tel URI into a SIP URI and places it in the Request-URI. If the called tel URI is registered, but the respective SIP URI is not registered, the call will be treated as the call to an unregistered user [e.g. announcement: "The number you have called is not in service right now" - which is incorrect].

Requirement 1: The tel URI that is translated into a SIP URI must be in the same set of implicitly registered Public User Identities as the SIP URI.

Case 2.
The document 23.228 [subclause 4.3.3.4] states: " Public User Identities with different Service Profiles may belong to the same Implicit Registration Set."

Assume that the call originates from an UE that specifies the called UE with a tel URI. The originating S-CSCF, upon accessing the ENUM DNS, translates the tel URI into a SIP URI and places it in the Request-URI. If the SIP URI has a different service profile than the tel URI, the call will be handled based on the SIP URI's service profile rather than on the tel URI service profile. However, if the call originates from the PSTN [via MGCF] specifying the same UE with the same tel URI, the tel URI is not translated by the MGCF [i.e., as specified in TS 24.229, the Request-URI is left as tel URI]. Hence the call is handled based on the tel URI service profile. 

Requirement 2: When the called URI is a tel URI and it is translated into a SIP URI, then both URIs must have the same service profile.

Case 3.
Assume a call is destined for an IMS UE, and the called UE is specified with a tel URI. Furthermore, assume that the called UE has activated some "customer-calling feature" [e.g., "call forwarding"] for the respective tel URI. If the tel URI is translated to a SIP URI that has activated different "customer-calling feature" then the tel URI [e.g. no "call forwarding"], then the call will be handled differently then when originating from the PSTN as opposed to the IMS. 

Requirement 3: When the called number is a tel URI and it is translated into a SIP URI, then both URIs must have the same supplementary services activated and de-activated.

Case 4.
Assume that the UE#1 has a SIP URI#1, the UE#2 has a SIP URI#2, and the SIP URI#1 and the UE#2 SIP are not shared URIs. In addition, assume that both UEs share a tel URI. During the registration, the UE#1 and UE#2 have agreed how to "share" an incoming request destined for the tel URI by specifying the respective qvalues in the Contact header. Assume the call originates from a far-end UE and specifies the called UE with the shared tel URI. The far-end S-CSCF [i.e., the originating S-CSCF] upon accessing the ENUM DNS and processing the Order and Preference field in the NAPTR RR, will always pass the call to the same UE, or route the call randomly [if the Order and Preference are the same]. Hence, the qvales pertaining to the tel URI that the UE#1 and UE#2 have registered will be ignored. 

Requirement 4: If the tel URI is a shared Public User Identity, then the SIP URIs used in translation must be also shared URIs. In addition, the SIP URI#1 must be in the same set of implicitly registered Public User Identities as the tel URI [when registered by the UE#1, and the SIP URI#2 must be in the same set of implicitly registered Public User Identities as the tel URI [when registered by the UE#2].

Case 5.
Assume that the UE#1 has a SIP URI#1 and the associated tel URI#x [both in the same set of implicitly registered Public User Identities], and the UE#2 has a SIP URI#2 and the same associated tel URI#x [both in the same set of implicitly registered Public User Identities]. The SIP URI#1 and the UE#2 SIP are not shared URIs. However, both UEs share the tel URI#x. Assume the UE#1 originates a call and the UE#1 is identified with the SIP URI#1 in the P-Asserted-Identity header [and no privacy]. Based on 24.229, the S-CSCF will add the shared tel URI to the outgoing request. Subsequently:

a) If the call is passed to the MGCF, the MGCF will strip the SIP URI#1 and forward the call using the tel URI#x as the calling party ID. The PSTN telephone will receive only the calling E.164 number [that was included in tel URI#x]. The callback from the PSTN telephone may result in local MGCF [that is ENUM capable] translating the E.164 to the SIP URI#2; or

b) If the call is passed to the called UE, the called UE will receive the SIP URI#1 and tel URI#x in the P-Asserted-Identity header. If the called user calls back using the tel URI#x [e.g. "automatic callback"], the returned call may end up at UE#2, since the translator [the far-end S-CSCF] picked up the wrong SIP URI.

Requirement 5: If a tel URI is a shared URI and the calling UE is identified in the P-Asserted-Identity header with its SIP URI, then the S-CSCF will insert an associated tel URI in the P-Asserted- Identity header only if the associated SIP URIs is in the same set of implicitly registered Public User Identities and has the same service profile.

NOTE: In the Case 5.a. above, if the proper SIP URI was not inserted in the P-Asserted-Identity header [and no tel URI is added], the PSTN will not receive the calling party ID. Since many PSTNs will not accept an anonymous call, it is recommended that the calling UE - when specifying the called party with a tel URI - inserts in the P-Preferred-Identity header its tel URI or a SIP URI that will be translated into the respective tel URI. Subsequently, as specified in the document 24.229 [subclause 5.2.6.3], the P-CSCF shall:

" When the P-CSCF receives an initial request for a dialog or a request for a standalone transaction, and the request contains a P-Preferred-Identity header that matches one of the registered Public User Identities, the P-CSCF shall identify the initiator of the request by that Public User Identity."

CONCLUSION:

The set of requirements pertaining to the tel URI are listed below. Some of these requirements are implicitly stated in the document 24.229, while some are missing.

1. To be reachable from the PSTN, the UE must have a tel URI.

2. For each tel URI there shall be at least one associated SIP URI that will be used to register the respective tel URI. 

3. For each tel URI, there will be at least one SIP URI in the set of implicitly registered Public User Identities referred to as alias SIP URI that will have the same service profile in the HSS as the respective tel URI. 

4. If the tel URI is a shared Public User Identity, then the alias SIP URI will also be a shared Public User Identity. 

NOTE:
The alias SIP URI will be placed in the ENUM DNS for the E.164 number contained in the respective tel URI. If there are several alias SIP URIs associated with the given tel URI, then all SIP URIs may be placed in the ENUM DNS for the respective E.164 number. For the respective E.164 number, only alias SIP URIs should be placed in the ENUM DNS. The Order and Preference values in the ENUM are irrelevant, since all calls to the alias SIP URIs are routed to the same S-CSCF. 
5. When the UE originates a call that identifies the called party with a tel URI, the UE should include the P-Preferred-Identity header containing its tel URI or the associated alias SIP URI. This will ensure proper completion of the call in the case when the called party is a PSTN telephone.

6. When the S-CSCF receives a request for a dialog or stand-alone transaction from the served user that contains a SIP URI in the P-Asserted-Identity header, the S-CSCF shall add an additional P-Asserted-Identity header containing the tel URI only if the SIP URI in the original P-Asserted-Identity header is an alias SIP URI of the respective tel URI.

