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Introduction

Previous contributions on IM Subsystem MO/MT call flows have shown calls originating in one IM Subsystem and terminating in another. For calls placed using E.164 numbers, direct delivery of such calls without an intervening PSTN requires the use of a database to support the translation of the E.164 identifier into the IP address of a terminating gateway and an indication that the gateway can communicate via SIP. Such databases are under discussion in IETF and elsewhere but may not be available globally to support R00 call delivery. R00 should focus on the more likely scenario that only roaming partner information will be available for E.164 translation and that other calls should be assumed to be on PSTN/PLMN termination points and should be delivered to the PSTN locally.

Discussion

The information flow contained as an attachment to this contribution was introduced at the Stockholm meeting in early May (S2-00744). This flow shows that to deliver a call directly between IM Subsystems it may be necessary to resolve an E.164 name into a Gateway address (operations 7, 8, and 9). This was highlighted in the flow and in the presentation but was left for future discussion to resolve. 

Subsequent contributions from Lucent and contributions from others have alluded to the need for this translation but we have not resolved how such translation might be accomplished. Work is currently underway in the IETF ENUM group to address this need in a general sense. For R00 it is not necessary nor is it likely that such a general solution be available. For the case of delivering a call from one IM Subsystem to another two possibilities exist. For the case where a name translation database exists, the call can be delivered directly. For any other case, the call can be routed via the PSTN and delivered as if it had originated within the PSTN. For operators with IM Subsystem roaming partners it should be possible to maintain private translation databases within the network. As relationships extend, the extent of these databases may grow but it is not required that such databases be extensive since calls may always be delivered via the PSTN route.

This contribution proposes that R00 makes the assumption that a globally acceptable database solution will not exist and instead make it clear that either local database translation solutions will be used or the call will be delivered via the PSTN.

Proposal

We propose the following text be added to TS-23.228 Section 4.3.5:

Calls may be placed to subscriber terminals based either on an assigned E.164 number or based on an assigned NAI (e.g., user@homenetwork.net). For the case of a mobile originated call from within an IM Subsystem, where the called party identification is an E.164 number it might be possible that the called party is subscribed and attached to another IM Subsystem. In this case the optimum path to the terminating party might be directly over packet networks. In order to determine this, it is necessary for there to be a database where the E.164 number can be translated into the IP address of a gateway or S-CSCF that can deliver the call to the called party. For the purposes of this release, it is assumed that the existence of such a database is an internal operator matter and no standardized interface is specified at this time. In the absence of such a database entry for the called party, the call will be delivered locally to the PSTN where normal PSTN/PLMN routing procedures will deliver the call to an appropriate endpoint.

Attachment 1: Information Flow from S2-00744

Scenario 1 - Roaming R00 to Roaming R00 Call Delivery

The flows in Scenario 1 show a call delivery between an originating R00 User roaming in a R00 network to a terminating R00 User roaming in another R00 network.
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Scenario 1.  Roaming R00 to Roaming R00 Call Delivery 

The following describes the steps in the flow.

0) This flow does not show the steps involved in a normal GPRS Attach procedure including Registration, Access Authentication, and PDP Context Establishment for the roaming terminals.

1) The Mobile Terminals register with their Serving-CSCFs. This includes appropriate service level authentication procedures. This scenario does not assume any particular S-CSCF discovery or assignment procedure.

2) The S-CSCF interacts with the HSS to Authenticate the user, update location information, and to determine services to be offered.

3) The HSS returns the results of authentication and the service query, and may (depending on the results of the Home Service Control discussion) return an indication as to whether a CSCF in the Home System should be used for services.

4) A response to the terminal registration is returned.

5) Having successfully registered for the VOIP application, the terminal initiates a call (e.g., with the SIP Invite).

6) For the case where a Home CSCF is required to be part of the scenario, the SIP Invite may be forwarded to the H-CSCF.

7) The CSCF communicates with an appropriate database to resolve the terminating party number (or IP NAI) into an appropriate gateway element to deliver the call.

8) In this case the appropriate gateway would be the Terminating Home CSCF. The IP address of the element would be returned.

9) The Invite would then be forwarded to the TH-CSCF.

10) The TH-CSCF would query its HSS to determine the current Serving CSCF for the roaming Terminal.

11) The IP address of the TS-CSCF would be returned.

12) The Invite would be forwarded to the TS=CSCF,

13) And then on to the Terminating Mobile Terminal.

14) Flows 14-16 complete a typical SIP Call Setup scenario.
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