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Abstract of the contribution: Clarification of the relation between the split/merge function in MMSC and in the ICS AS. 
1. Discussion
The purpose of this contribution is to try to clarify the relation between the split/merge functionality needed for ICS in case of I1-ps and the split/merge functionality done by the MMSC AS.

Originating cases

The figure below shows the case of I1-ps origination of a CS call in ICS from 3GPP TR 23.892.
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The ICCF merges the SIP INVITE from step 2 with the SIP INVITE from step 6, presenting a single SIP session in step 7.

It has to be noted that in case I1-cs or MSC Server enhanced for ICS would be used to origin the session, then either only one SIP session would be seen by the ICCF or the ICCF would not be invoked at all.

An example of a call origination in MMSC can be seen in the figure below. This figure illustrates a combined PS and CS origination, where the originating CS and PS sessions are merged in the MMSC AS.
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As depicted in step 6, there is a second SIP INVITE coming into the MMSC AS, and the MMSC merges the two sessions to present a single INVITE in step 10.

Terminating Cases
The following figure shows a terminating case for ICS where I1-ps is used.
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The ICCF splits the SIP INVITE from step 2 into a SIP INVITE in step 4 (over PS) and a SIP INVITE on step 8 (towards CS).

It has to be noted that in case I1-cs or MSC Server enhanced for ICS would be used to terminate the session, then either only one SIP session would be send by the ICCF or the ICCF would not be invoked at all.
The next figure shows a terminating case for MMSC. The incoming (combined) session is anchored in the MMSC AS and then split into a PS and a CS session before they are routed to the terminating UE.
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The MMSC AS splits the terminating session from step 3 into two sessions in step 5 and step 7. However, it needs to be questioned whether the MMSC AS shall be able to split a terminating session in general and in particular for the case depicted in this call case, i.e., speech on CS and non-speech on PS. This splitting of a session between CS and PS is an ICS task and should only be handled by ICS Interworking nodes. 
In addition there are other call flows in 3GPP TR.23.893 describing for example one UE adding media on another access and transfer media components between accesses, all requiring that the MMSC AS to perform splitting and merging of SIP sessions, however, all under control of the user.

This is in-,line with the conclusion drawn at SA2 #63 in 3GPP TR 23.892, which clarified that the ICS TS shall cover:
· Description of the internal ICCF capability to merge/split two SIP sessions in the case of I1-ps on its own, namely the SIP session over the session control signalling path via PS access and the SIP session for the bearer control signalling path
Moreover it was clarified that the SC TS shall cover:

· Session split/merge function needed for the user when media is carried simultaneously over two accesses is discussed in TR 23.893 [19] and is out of scope of this ICS work.
2. Proposal
From the above it should be clear that both ICS AS and MMSC AS include functionality to split/merge sessions. It is proposed to include the following section into 3GPP TR 23.893.
( Begin 1st Change (
9.x
Conclusion on session split merger functionality
Both ICS and MMSC specify functionality to split and merge SIP sessions. 

3GPP TS 23.293 shall include the specification of a session split/merge function needed for the user when media is carried simultaneously over two accesses, one of which might be via an ICS interworking node. This covers the cases in which media is added or media components are transferred to another access. 
3GPP TS 23.292 shall describe that the ICS AS performs split/merge of SIP session, with at least one speech or speech and video component, for session origination and termination. When I1-ps is used for call control, then the ICS AS handles also the case when media is added to the same PS access.
Editor’s note: Specific triggering mechanisms are FFS.

Editor’s note: The cases for session origination and termination are for FFS.
( End 1st Change (
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