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1 Introduction

This paper analyses the CSI origination scenarios for CSI interworking work item.
2 Discussion
As mentioned in huawei’s S2-061348 “CSI interworking scenarios” discussion paper, the current state of scenario No 3, No4 and No9, No10 are as following:
	No
	Direction
	Media information
	Conclusion

	3
	CSI termination
	Add non real-time session to existing real-time session 
	Agreed during last SA2 meeting

	4
	CSI termination 
	Add real-time session to existing non real-time session 
	Agreed during last SA2 meeting

	9
	CSI origination 
	Add real-time session to existing non real-time session 
	Not discussed

	10
	CSI origination 
	Add non real-time session to existing non real-time session 
	Not discussed


Comparing No 3, No 4 scenario with No 9,No 10 scenario,   we will find that these four scenarios are
 very similar , the only difference is session direction : No3, No4 scenarios are for CSI termination direction , while No9, No 10 scenarios are for CSI origination direction .
During last SA2 meeting, some delegates worry about that the solution of this scenario will have performance impact on IMS sessions. We also will analyses the performance issue in this paper. 
2.1 Problem/scenario analysis  
In the above four scenarios, it suggests to study that how one session is added to an existing session. 
Firstly, we should clarify the purpose of “add” one session to existing sessions. For my understanding, the purpose is to terminate the new session to the same peer UE which the existing session is terminated to. In normal case, e.g, there is one peer UE sharing the callee’s IMPU, this purpose can be accomplished by setting same IMPU value as the Request-URI for two sessions. But this method will not work in case that there is more than one peer UE sharing the callee’s IMPU. Even the existing mechanism, such as caller preference mechanism, can not solve this issue downright. 
Secondly we think that this problem is general problem both for CSI origination direction and for CSI termination direction. It is a good way to identify all the possible scenarios and to study out a general solution. 
Thirdly,  CSI UE can not initiate multimedia session towards IMS UE because of IP-CAN Qos issue, it can only initiate CS call and IMS session separately IMS UE has the capability to initiate multimedia session, so we regard that this problem has more impact on CSI origination scenarios than on CSI termination scenarios. If we don’t solve this problem, the CSI UE will not be able to terminate CS call and IMS  session towards same peer IMS UE, in case there are more than one peer UE sharing one IMPU, while IMS UE still can initiate one multimedia session which contains real-time media component and non real-time component towards CSI UE. 
2.2 Solution analysis 
The following is proposed call flow for adding non real-time session:
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The main idea for the call flow is that:
1. When S-CSCF in callee’s home IMS domain receives the session request, it will route this session to CSI AS. It is step 10 in above flow. 

To avoid much performance impact to the normal IMS session, S-CSCF may set CSI special iFC data, such as to detect whether there is PMI information in the session request message: if the session request message contains PMI information, then this session request will be routed to CSI AS. Otherwise it will not be routed to CSI AS. 
2. In step 11: the CSI AS does the session match, to find out the exactly UE which the existing voice session is terminated to. The CSI AS may use caller’s IMPU/Tel-URI information and callee’s IMPU information to do the session match.
3. In step 12, after session match successes, CSI AS can use RE-INIVTE message or some other mechanism to ensure this session request being routed to that UE.
The following is proposed call flow for adding non real-time session:
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Please refer to the above for call flow’s detail explanation. 
2.3 Performance impact analysis  
For my understanding, we should analyses the following two different types of performance impact separately:

1. The performance impact on normal IMS sessions

We regard that this type of performance impact should be totally avoided. 
In the solution discussed above, there are several ways to avoid this type of impact:

The S-CSCF in callee’s home IMS domain can detect whether there is PMI information in session request message. If the session request message does not contain PMI information, it means that this session is not coming from CSI UE, S-CSCF will not route this request message to CSI AS. Then, it will not have too much performance impact on these normal IMS sessions. 
2. The performance impact on CSI session 

Sure enough, CSI AS in callee’s home IMS domain is required to do the session match, this will give some performance impact on the CSI session. 

We regard this performance impact as the normal cost for providing the service. And we are also willing to get comments from other delegates for this issue.  
3 Conclusion 
 From the above discussion, we propose to add the CSI origination scenario to this work item. 
*** FIRST CHANGE ***

5
Architectural requirements

The following general requirements are applicable to CSI interworking:

· It shall be possible to interwork between IMS origination and CSI termination for sessions that include a realtime (e.g. voice) component.

Note: This implies the capability to perform the termination of the voice component of the session in the CS domain as a CS call.
· Impacts to IMS origination by the nature and capabilities of the terminating side of the session (i.e. whether IMS or CSI termination is applied) shall be minimized.
· Impacts to IMS termination by the nature of the originating call (i.e. whether IMS or CSI origination is applied) shall be minimized. I.e. standard IMS termination procedures should apply irrespective of the nature of the origination possibly taking into account the capabilities of the terminating UE.
· There shall be no requirement to maintain time synchronization between media transferred over different domains.
· The terminating CS domain and the originating IMS domain shall not to be impacted.

· The impact on UE behaviour relating to the origination and termination of IMS sessions shall be minimized.
· The impact on UE behaviour relating to the origination and termination of CS calls shall be minimized.
· The behaviour of CSI termination/origination shall be backward compatible to the behaviour specified in TS 23.279.

· It shall be possible to apply CSI termination and VCC (that is specified in TS 23.206[4]) in the same network.

*** SECOND CHANGE ***

4 Scenarios for CSI interworking
The followings are the scenarios which are being considered in this TR. Note that other scenarios may be added if identified.

Assumption

· The CSI capable UE is registered to IMS domain.

· The CS MSISDN of the UE is equal to its IMS MSISDN (i.e. the number used for the Tel URI).

· Non IMS registered UE with CSI capability acts like already defined mechanism. (e.g. voice mail, routing towards CS domain)

Scenario 1: voice call of IMS origination and CSI termination 

- A UE initiates an IMS session for a voice call and the voice call is terminated in the CS domain of a CSI capable UE. 

Scenario 2: Multimedia session of IMS origination and CSI termination

- In a case a UE initiates an IMS session containing a voice call and other media toward a CSI capable UE. The voice call to the CSI capable UE is terminated in its CS domain, while an IMS session with other media than that for the voice call is terminated in the IMS/PS domain. Otherwise, multimedia sessions not containing a voice component are terminated in the IMS domain of the CSI capable UE.

Scenario 3: adding IMS session to existing voice call of IMS origination and CSI termination
- Two UEs are in a voice call established using IMS origination and CSI termination and want to add the IMS session to the existing voice call. Either direction for adding the IMS session is possible.

 Scenario 3.1: The IMS session is added by the UE of the IMS origination.

 Scenario 3.2: The IMS session is added by the UE of the CSI termination.

Scenario 4: adding voice call to existing IMS session

- An IMS session has been established between two UEs and one of them wants to add the voice call to the existing IMS session. 
Scenario 4.1: The Voice call is added using IMS origination.

Scenario 4.2: The Voice call is added using CS origination.
Scenario X: CSI origination and IMS termination scenarios
Scenario X.1: A voice call has been established between two UEs, session establish request is initiated in CSI origination and IMS termination direction to add a combined IMS session to this call. 

Scenario X.2: An IMS session has been established between two UEs, call establish request is initiated in CSI origination and IMS termination direction to add combined voice call to this IMS session.
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