SA WG2 Temporary Document

Page 1
-


3GPP TSG SA WG2 Architecture — S2 #61
S2-075239
12-16 Nov. 2007
Ljubljana, Slovenia.
Source:
Huawei 
Title:
Video Call fallback for I1-cs approach
Document for:
Approval
Agenda Item:
9.7.4.2.7
Work Item / Release:
IMS_CSC / Release 8
Introduction
As we asked in the past meetings, this paper puts forward some detailed video call fallback flows.

According to Multimedia interworking solutions between IMS and CS networks (TS 29.163 V7.6.0), this paper gives two example fallback flows of video call and we also consulted the TS 23.172 Circuit Switched (CS) multimedia service UDI/RDI fallback and service modification.
Proposed Changes
It is proposed to include the following text in TR 23.982 v1.3.0.

*** Start of first change *** 
6.6.2b
Video call

6.6.2b.1
Fallback to speech at session establishment
If Fallback occurs on the CS side, normal SDP offer/answer procedure is performed in the IMS side and normal CS signalling used in the CS side. There is no new requirement to ICS architect and already be supported by current architect. Following are two example flows in SCUDIF and non-SCUDIF case.
The figure 6.6.2b.1-1 provides an example for setup of termination video session towards a legacy UE or if ICCC is not required (e.g. for provisioning the caller ID). SCUDIF feature is supported by CS network and UE-B only accepts the speech media.
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Figure 6.6.2b.1-1: SCUDIF - termination using CS bearers without use of ICCC and only voice media accepted
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 performs Access Domain Selection, and then 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.
4
The ICCF sends an INVITE (tel URI = MSRN) to the S-CSCF.

5
The Request URI has been modified, the S-CSCF skips further service execution and routes the call towards the CS domain.
6
The MGCF sends an IAM message requesting a Multimedia bearer to the VMSC.

7
VMSC sends SETUP with Multimedia and AMR bearer capabilities.
8
UE-B sends Call Confirmed message to VMSC only accepting AMR bearer capabilities.
9
VMSC sends APM message to the MGCF indicating the fallback. The MGCF will disable the video "m-line" and complete the call-setup in the same way as for a normal speech call.
10
Void.
11
UE-B responds with a CONNECT message.

12
VMSC responds with ANM towards the MGCF.
13
MGCF sends the 200 OK disabling the video "m-line" to the S-CSCF.

14
S-CSCF forwards the 200 OK to the ICCF.

15
The ICCF sends a 200 OK as response to the INVITE in step 2 towards the S-CSCF.
16
S-CSCF forwards the 200 OK towards the A party.
The figure 6.6.2b.1-2 provides an example for setup of terminating video sessions towards a legacy UE or if ICCC is not required (e.g. for provisioning the caller ID). SCUDIF feature is not supported by CS network and UE-B rejects the video session and the MGCF re-establishes the CS voice call.
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Figure 6.6.2b.1.2.2-2: non-SCUDIF - termination using CS bearers without use of ICCC and only speech media accepted
1
An incoming SIP INVITE from A party is received at the S-CSCF of the B party.

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

3
The ICCF performs Access Domain Selection, and then 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.
4
The ICCF sends an INVITE (tel URI = MSRN) to the S-CSCF.

5
The Request URI has been modified, the S-CSCF skips further service execution and routes the call towards the CS domain.
6
The MGCF sends an IAM message requesting a Multimedia bearer to the VMSC.

7
VMSC sends SETUP with Multimedia bearer capability to UE-B.
8
UE-B sends Release Complete message to VMSC to deny the multimedia call.
9
VMSC sends REL to the MGCF.
10
the MGCF sends a new IAM to re-establish a CS voice call.
11
VMSC sends a new SETUP to UE-B.
12
UE-B responds with a CONNECT message.

13
VMSC responds with ANM towards the MGCF.
14
MGCF sends the 200 OK disabling the video "m-line" to the S-CSCF.

15
S-CSCF forwards the 200 OK to the ICCF.

16
The ICCF sends a 200 OK as response to the INVITE in step 2 towards the S-CSCF.
17
S-CSCF forwards the 200 OK towards the A party.
***End of first change *** 
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