SA WG2 Temporary Document

Page 3
-


3GPP TSG SA WG2 Meeting #62
TD S2-080622
Marina Del Rey, California, USA

14 - 18 January 2008

Source:
Ericsson
Title:
Discussion on procedures in setup of termination session 
Document for:
Discussion and Approval
Agenda Item:
9.7.4.1.5
Work Item / Release:
IMS_ CSC / Release 8
Abstract of the contribution: Discussion and conclusion on the setup of termination session: ICCF shall establish the CS bearer. 
1
Discussion

In 3GPP TR23.892, different procedures have been documented for setup of termination session (cf. 6.5.2.3, 6.6.3.1.2) for ICS UE solution. One is the normal termination call flow; its main features are:
· ICCF fetches MSRN pointing to the terminating B-party

· ICCF initiates the call towards B-party

Another is to use CS origination procedure in setup of termination session, which consists in:

· ICCF allocates and sends a number to the terminating B-party (e.g. during registration or the last call) via session control signalling
· B-party then initiates the CS origination procedure towards ICCF using the number allocated by ICCF as called party address
· With the help of the number ICCF finally bridges the call legs originating from A-party and B-party

It can be seen that for the CS origination procedure, ICCF needs to reserve and manage a pool of otherwise unused numbers (i.e. E.164 number), which will be allocated to B-party for originating the CS procedure. And in order to deliver the number to B-party, it must use I1-ps or I1-cs. This may not be a problem for I1-ps as it will always be used for session establishment, but it will extend the usage of I1-cs which would then also be mandated for session termination. If the number needs to be delivered during registration, the registration procedure will also need an enhancement.
Another concern is about charging. Nowadays in CS domain most operators only charge the originating calls, and the roaming for the terminating calls if any. Few operators also charge the terminating calls, but in a different tariff than the originating calls. Using CS origination procedure will impact the existing charging pattern in CS domain, as it replaces the UE terminating call with an UE originating call. Even more it can impact the accounting agreement between operators, since the B-party can be in a visited CS network.
Since there is no correlation issue in the UE of B-party when CS origination procedure is used, it may be questioned (and it’s also not clearly stated in the TR), how the UE of B-party correlates the incoming session control signalling and bearer control signalling in the normal termination procedure, since both A-number and B-number can be absent in the bearer control signalling (such as CLIR is invoked etc).
But as looked further, there is no issue either. Because for I1-ps, as far as the session control signalling takes place first and indicates that media is carried over CS, the UE of B-party can safely correlate it with the succeeding CS bearer setup request, since there is only one CS bearer for the UE, and only one session can be active over the CS bearer. For I1-cs, the UE can make the correlation in a similar way. Note also that as the CS services are centralized in IMS, the ICCF will always be in control of what media that are sent over the CS bearer (hence, the ICCF can avoid any race conditions of two sessions being set up at almost the same point in time).
Furthermore a comparison is sketched in the following table:

	
	CS origination procedure
	Normal termination

	ICCF number allocation
	via registration or during calls
	MRSN allocation

	ICCF E.164 number pool
	yes
	no

	Need correlation in ICCF
	yes via the ICCF number
	no

	Need correlation in UE
	no
	no

	Charging impact
	yes as it replaces the UE terminating call with an UE originating call in the CS domain
	no

	Need I1-cs for termination
	yes
	no

	Sensitivity to ICCF restauration
	yes
	no


2
Proposal
It can be concluded from the comparison that the normal termination procedure is simpler and makes no extra requirements/impacts on the system. It’s proposed therefore to consider the pros and cons of the two methods for call termination in 3GPP TR23.892, and agree a way forward. It also proposes to remove one editor’s note in 3GPP TR23.892.
( Begin 1st change (
6.5.2.3.1
Calls established using CS bearers with use of I1-ps
The figure 6.5.2.3-1 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.
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Figure 6.5.2.3.1-1: 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 1:
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. It also contains information that the voice media is not conveyed via the IP-CAN. The PCRF or P-CSCF needs to recognise that the PS media is not used for the voice component in order to avoid the PCC authorizing or provisioning PS bearer resources for them.

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.
( End 1st change (
( Begin 2nd change (
7.x Conclusion on use of ICCC for CS terminations
When using I1-ps, the solution that describes the use of CS-Origination procedures to set up the bearer control signalling session is recommended for standardization. 
When using I1-cs or when not using ICCC, the solution that describes the use of standard CS-Termination procedures to set up the bearer control signalling session is recommended for standardization. 
           ( End 2nd change (
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