
3GPP TSG CT WG1 Meeting #69
C1-110299
Ljubljana (Slovenia), 24 – 28 January 2011
Source:
Ericsson, ST-Ericsson
Title:
Alternative method for transport of ATU-STI and C-MSISDN from SCC AS to ATCF
Agenda item:
11.8
Document for:
Decision

1. Introduction

This paper proposes an alternative method for transport of the eSRVCC information (i.e. ATU-STI and C-MSISDN) to ATCF by SCC AS sending SIP PUBLISH request or SIP MESSAGE request with the eSRVCC information towards ATCF upon registration.

2. Discussion
2.1 ATU-STI transport

According to stage 2:

-
ATU-STI is a routable address pointing to the SCC AS. It could either be dynamically allocated (for each session) or statically allocated (for the SCC AS) (as in 23.237, 6.2.1.4).
-
SCC AS provides the ATU-STI to ATCF during session set up (in 23.237, 5.3.1 + 6.2.1.4 + 6.2.2.5).
-
ATCF uses the ATU-STI to reach SCC AS (in 23.237, 6.3.2.1.9.1 + 6.3.2.1.9.2). 

Thus, the ATU-STI has two characteristics:

Part1)
it is a routable address pointing to the particular SCC AS instance serving the UE; and
Part2)
can uniquely identify each session (when dynamically allocated) or just particular SCC AS instance (when statically allocated).
The Part2 is already covered in 24.237 as: 
-
dialog identifier of the session being established is in To/From/Call-Id header fields; and

-
dialog identifier of session being transferred is in Target-Dialog header field of the SRVCC INVITE request sent from ATCF to SCC AS.

Only Part1 remains to be solved.
The particular SCC AS instance is selected by S-CSCF during initial registration of a UE and remains the same at least till de-registration of the UE. At the next initial registration, the UE can however be served by a different SCC AS instance (e.g. if the UE was powered off between the registrations). Thus, it is sufficient to provide to ATCF the routable address pointing to SCC AS after initial registration of a UE only.

Transport of ATU-STI to ATCF is specific for service continuity. Inclusion of the ATU-STI into policy part of the reg event package therefore seems inappropriate as service continuity is an optional service. Moreover, so far only information stored in HSS were included in the policy part of the reg event package.

2.2 C-MSISDN transport

according to stage-2, 

-
SCC AS includes C-MSISDN into INVITE request/response sent towards the ATCF (23.237, 4.3.3 + 5.3.1 + 6.2.1.4 + 6.2.2.5)
-
ATCF matches C-MSISDN of the SRVCC INVITE request against C-MSISDN of the established sessions to select session for access transfer (23.237, 6.3.2.1.9.1 + 6.3.2.1.9.2)
Inclusion of the C-MSISDN into terminating INVITE request implies that SCC AS needs to fork the terminating INVITE request since each UE has a different C-MSISDN. This should be avoided as SCC AS would duplicate S-CSCF functionality.

Transport of C-MSISDN to ATCF is specific for service continuity. Inclusion of the C-MSISDN into policy part of the reg event package seems inappropriate as service continuity is an optional service. 
3. Possible solution

When handling REGISTER request, the ATCF inserts the ATCF URI for terminating calls which is a PSI unique for each registration. 

When SCC AS is informed by S-CSCF (e.g. by third-party SIP REGISTER request including information contained in the body of the third-party SIP REGISTER request) that UE performed an initial registration and if SIP REGISTER request contains a Path header field with the g.3gpp.atcf feature tag, the SCC AS sends a SIP PUBLISH request or SIP MESSAGE request containing ATU-STI and C-MSISDN towards the URI in the Path header field with the g.3gpp.atcf feature tag in the SIP REGISTER request as shown in Figure 1.
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Figure 1: sending eSRVCC related information from SCC AS to ATCF
When receiving the SIP PUBLISH request or SIP MESSAGE request, the ATCF binds the C-MSISDN and ATU-STI to the registration.

When receiving a terminating INVITE request, ATCF determines registration within which the request is sent and associate the C-MSISDN and ATU-STI bound to the registration with the session.
NOTE 1:
since Rel-8, P-CSCF Path header field contains IMS flow token which stay the same for re-registrations (24.229, 5.2.2.1). The registration within which a received terminating request is sent thus can be found by matching URI in the most bottom Route header field of the terminating request against URI in the most bottom Path header field of the existing registrations. 

When receiving an originating INVITE request, ATCF determines registration within which the request is sent and associate the C-MSISDN and ATU-STI bound to the registration with the session.

NOTE 2:
since Rel-8, S-CSCF Service-Route header field contains "an indication that requests routed via this service route (i.e. from the P-CSCF to the S-CSCF) was sent by the UE using the contact address that has been registered and are treated as for the UE-originating case" (24.229, 5.4.1.2.2F). The registration within which a received originating request is sent can thus be found by matching URI in the most bottom Route header field of the originating request against URI in the most bottom Service-Route header field of the existing registrations. 

4. Proposal

It is proposed to discuss the alternative method for transport of ATU-STI and C-MSISDN from SCC AS to ATCF.
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