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Abstract of the contribution: Clarification on the SIP signalling between MMSC AS and ICS Interworking Nodes. Removal of an editor's note. 
1. Discussion

At SA2 #62, further details on the relation between MMSC AS and ICS Interworking Nodes have been documented in 3GPP TR 23.893. It has been clarified in section 6.1 that "To support Service Continuity between CS and PS of bidirectional speech media in IMS sessions, ICS interworking nodes as specified in 3GPP TS 23.292 [10] shall be used for the CS leg.".

For example in the following picture it is clarified that the ICS Interworking nodes handle the voice media part of an multimedia session; other data is transmitted via PS.


[image: image7.png]



Figure 5.2: An example of continuity scenario involving PS-PS session continuity in conjunction with PS-CS continuity

Call flows are already documented in 3GPP TR 23.893, which show that between the ICS interworking nodes and the MMSC AS only SIP messages are exchanges for origination, termination and session transfer. The question has now been raised which parameters.

ICS enables the use of CS bearer for media transport for IMS sessions. As such the ICS interworking nodes hide the details on how this is being accomplished. Amongst others, the ICS interworking nodes hide the detail on how originated or terminated calls are being routed between the UE and the ICS interworking nodes, e.g.,:

· No ICCC or I1-cs when initiating a call using E.164 number: Use of the CAMEL option. IMRN allocated and used by MSC to route the call to IMS becomes a PSI in IMS (Tel-URI) up to the ICS AS, which replaces the PSI with the originally dialled number 
· I1-cs when initiating the call using a SIP-URI: Use RUA DN (FFS). This becomes a PSI in IMS (Tel-URI) up to the ICS AS, which replaces the PSI with the originally dialled number

· Note: The call case in which the CAMEL option is used and in which I1-cs is only used to transmit the SIP URI during call establishment is not documented in 3GPP TR 23.893 and the details need to be worked out in 3GPP TS 23.292
· I1-ps: Initiate call with SIP or Tel URI. Use RUA DN for bearer session. This becomes a PSI in IMS (Tel-URI) up to the ICS AS, which replaces the PSI with the originally dialled number 

· IMSC: Only use 24.008 towards the MSC Server; as user is IMS registered and normal SIP origination
Hence the SIP messages which are exchanged between the ICS Interworking nodes and other IMS elements such as the MMSC contain the number which has been dialled by the user or an application on the UE (e.g., the Service Continuity application), as depicted for an originated session in the following figure.
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Figure: An example of call origination in which the dialled B-party number is provided via ICS internal handling to the ICE Interworking nodes

The dialled B-party number 1234  is provided via ICS internal functionality to the ICS interworking nodes, which will present a single INVITE to IMS with the R-URI set to the B-party number.
Examples for such a dialled B-party number in the context of this document are:

· Tel-URI of remote party

· SIP-URI of remote party
In general, the same principle applies when an application on the UE "dials" one of the following identifiers; they are transmitted using ICS internal handling between the UE and the ICS interworking nodes:
· VDN / VDI
· STI

2. Proposal
It is proposed to discuss the above-described principle and if agreed to follow this principle in the study and also during specification work. Further it is proposed to add the following change to 3GPP TR 23.893 and to remove one editor's note. 
( Begin 1st Change (
4.16.5.1.3
PS and CS Combined Origination
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Figure 6.5.1-3: PS and CS combined origination anchored at the MMSC AS

1.
UE-1 sends INVITE with non-speech components to initiate a PS and CS combined session with UE-2. The INVITE contains MST information indicating that the speech component will be originated from the CS domain.

2.
The S-CSCF executes any service logic as appropriate.

3.
The S-CSCF sends the INVITE to the MMSC AS. The MMSC AS identifies that the PS leg has to be correlated to a CS leg based on the MST information in the INVITE.

Editor's note:
 It is FFS whether the MST information includes the called party number that is used to setup the CS bearer in step 5.

4.
UE-1 request to set up call with CS bearer. The called party number is set to an identifier to indicate the MMSC AS that this CS leg is to be combined with a PS leg. 

5.
After processing at ICS/Interworking nodes, the resulting INVITE including the identifier is sent to the S-CSCF.

6.
The S-CSCF executes any service logic as appropriate.

7.
The S-CSCF sends the INVITE to the MMSC AS. The MMSC AS identifies that this CS leg has to be correlated to a PS leg based on the identifier in the INVITE. 
NOTE:
As step 1 and step 4 are parallel, when either INVITE in step 3 or 7 firstly arrives at MMSC AS, MMSC AS anchors the session and waits for the other INVITE to perform the combination in step 8. 8.
After the MMSC AS receives both the INVITE requests in step 3 and in step 7, the MMSC AS combines the two legs of the session by checking the caller’s identity and anchor the combined session.

9~10.
The MMSC AS sends INVITE  to the remote end point for combined session establishment.

11~12.
The session is established between UE-1 and the remote end point.

( End 1st Change (
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