

3GPP TSG CT WG1 Meeting #55
C1-083163
Budapest, Hungary, 18th – 22nd August 2008

Source:
Huawei
Title:
Pseudo-CR on Roles of SCC AS in PS-PS Session Continuity
Spec:
3GPP TS 24.237 V0.2.0
Agenda item:
9.22
Document for:
Decision
1. Introduction
This CR provides suggested texts for the role of SCC AS in PS-PS session continuity. 
2. Reason for Change
Subclause 10.3 which describes the role of SCC AS in PS-PS session continuity is empty. 
3. Proposal

It is proposed to agree the following changes to 3GPP TS 24.237 V0.2.0.
* * * First Change * * * *

10.3
SCC AS

Upon receiving an initial SIP INVITE request coming from S-CSCF as a result of processing filter criteria, the SCC AS shall identify the request which is for transferring the active multimedia session on the old IP-CAN to a new IP-CAN based on the STI. 

Editors’s note: It is FFS what format the STI is represented and how the SCC AS handles it. 
The SCC AS shall send a SIP re-INVITE/UPDATE request to the remote UE in accordance with 3GPP TS 24.229 [2] subclause 5.7.3.  The SCC AS shall populate the SIP re-INVITE request as follows:

the SDP payload set identical to the SDP payload that the SCC AS received in the initial INVITE request from the originating SC UE. 
Upon receiving ACK request for 2xx response for the initial SIP request, the SCC AS shall:


if there is no media in the transferring-out domain, send a BYE request to the SCC UE over the transferring-out IP-CAN to terminate the original session.

Editor’s Note:
According to VCC Stage 3 (3GPP TS 24.206), the DTF will send a BYE to release the original session. However, according to SC Stage 2 (3GPP TS 23.237), the UE sends BYE to release the original session. Whether the UE, the SCC AS or either entity can send the BYE is FFS. In either case, additional guard timers are needed to ensure timely release of resources that are no longer in use.

Otherwise, send a re-INVITE request to the SCC UE over the transferring-out IP-CAN to update the original session. The SCC AS shall populate the SIP re-INVITE request as follows:
a)
the SDP payload set for all the media component(s) within the original session, in accordance with subclause 6.6 of 3GPP TS 24.229 [2].
b)
The port number for a media component shall be set to zero if the media component has been transferred to the new IP-CAN or has been removed during the transfer.

If the SCC AS receives any SIP 4xx – 6xx response to the SIP re-INVITE/UPDATE request, then PS-PS session continuity has not completed successfully and the call will continue in the transferring-out domain.
