SA WG2 Temporary Document

Page 4
-


3GPP TSG SA WG2 Architecture — S2#58
S2-072591
25 – 29 June 2007

Orlando, FL, USA
Source:
ZTE
Title:
CS call establishment originated by ICS UE for I1-ps termination
Document for:
Discussion/Approval

Agenda Item:
9.7.3

Work Item / Release:
IMS_CSC/Rel-8
Abstract: This contribution proposes new information flow to the ICS terminated call by I1-ps.
1. Discussion
The main idea of the possible alternative solution in the contribution is that when an ICS UE receives a termination request over I1-ps for establishing a call with another party, it will initiate a CS originating procedure to the ICCF to set up both the Bearer Control and Bearer Path. 
The advantages of the proposed solution are:
ICCF doesn’t need to fetch a number, such as MSRN, to select the VMSC.

Two page procedures are needed in the current information flows of I1-ps termination. One is for CS paging, another is for PS paging. 

In the proposed solution, after receives the INVITE request in PS domain, the UE-B will start the CS call setup immediately. Compare to the current solution in the TR, VMSC has to perform a CS paging for UE (UE-B) besides the PS paging procedure. So this proposed approach may shorten the call establishment time.
2. Proposal

This contribution proposes to add the approach for I1-ps termination to TR 23.892 for evaluation.
*** The 1st Change ***

6.6.2.2.2 Calls established using CS bearers with use of I1-ps
6.6.2.2.2.1
Calls established using CS bearers originated by ICCF with use of I1-ps 
The figure 6.6.2.2.2-1 provides an example flow for a call destined to an ICS UE when the PS transport alternative for ICCC is used to support the setup of terminating sessions. The CS call procedure is originated by ICCF.
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Figure 6.6.2.2.2-1: ICS UE termination using CS bearers with use of I1-ps
1
An incoming SIP INVITE is received at the S-CSCF of the B party.

2
The S-CSCF forwards the INVITE to the ICCF.

3
The ICCF fetches a number such as MSRN if a media connection is not already established to UE-B.

Editor’s Note: The type of number to be used and how the number is allocated is FFS. The Relationship and interworking with DSFVCC is FFS.

4
The ICCF generates an INVITE to the other end B indicating the use of a CS bearer.

5
The INVITE is sent to the UE-B via I1-ps.

Editor’s Note: The details how to indicate the use of CS bearer instead of regular VoIP in SDP are FFS. TS 24.229 requires media indication in termination case, it is FFS on how this is used. 

Editor’s Note: The details on correlating the session request with the Bearer Control Session established with the RUA are FFS.

6
UE-B responds with a 183 Session Progress. The user is not alerted.

7
The ICCF receives the 183 Session Progress from the UE.

8
The ICCF sends an INVITE (tel URI = MSRN) to the S-CSCF.

9
The Request URI has been modified, the S-CSCF skips further service execution and routes the call towards the CS domain.

10
The MGCF sends an IAM to the VMSC.

11
VMSC sends SETUP to UE-B.

12
The user accepted the call, the UE sends the 200 OK. 

13
UE-B responds with a CONNECT message.

14
VMSC responds with ANM towards the IMS.

15
MGCF sends the 200 OK to the S-CSCF.

16
S-CSCF forwards the 200 OK to the ICCF.

17
The ICCF sends a 200 OK as response to the INVITE in step 2 towards the S-CSCF.

18
S-CSCF forwards the 200 OK towards the A party.

6.6.2.2.2.2
Calls established using CS bearers originated by ICS UE-B with use of I1-ps
The figure 6.6.2.2.2-1 provides an example flow for a call destined to an ICS UE when the PS transport alternative for ICCC is used to support the setup of terminating sessions. The CS call procedure is originated by UE-B.
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Figure 6.6.2.2.2-2: ICS UE termination using CS bearers with use of I1-ps
1.
An incoming SIP IVITE is received at the CSCF (Session A).

2.
The CSCF forwards the INVIE to the ICCF (Session A).
3.
The ICCF sends an INVITE including an ICCF ID to the CSCF (Session B).
4.
The CSCF forwards the INVITE to UE-B via the PS session control signalling path (Session B).

5.
When UE-B receives the INVIE message from CSCF, it initiates a CS call (Session C) to VMSC, with ICCF ID as the called party number.
6.
According to the ICCF ID, VMSC sends ISUP: IAM to the MGCF (Session C).
7.
MGCF forwards the INVITE to CSCF (Session C).
8.
CSCF forwards the INVITE to ICCF according to the ICCF ID received (Session C).
9.
ICCF associates the Session A (Step 2) with the Session C (Step 8), and sends a SIP 180 Ringing back to CSCF (Session C)
10.
CSCF sends the SIP 180 Ringing to MGCF (Session C).

11.
MGCF sends ISUP: ACM to VMSC (Session C).

12.
VMSC sends Alerting back to UE-B (Session C).

13.
UE-B sends a SIP 180 Ringing to ICCF via CSCF though I1-ps (Session B).
14.
CSCF forwards the SIP 180 Ringing to ICCF (Session B).

15.
ICCF sends a SIP 180 Ringing to CSCF (Session A).
16.
CSCF forwards the SIP 180 Ringing to the calling party UE (Session A).
17.
The user B accepts the call, UE-B sends a SIP 200 OK to ICCF via CSCF through I1-ps (Session B).
18.
CSCF forwards the 200 OK to ICCF (Session B).
19.
ICCF sends a 200 OK to the UE-B via CSCF (Session C).
20.
CSCF forwards the 200 OK to MGCF (Session C).

21.
MGCF sends ISUP: ANM to VMSC (Session C).

22.
VMSC sends CC: Connect to UE-B (Session C).

23-24 ICCF sends 200 OK to the calling party via CSCF (Session A).
25.
The calling party sends a SIP ACK to CSCF (Session A).
26.
CSCF forwards the SIP ACK to ICCF (Session A).

27.
MGCF sends a SIP ACK to CSCF (Session C).
28.
CSCF forwards the SIP ACK to ICCF (Session C).
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