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Discussion

TR 23.892 has concluded (in section 7.3.1.1) that the I1-ps should be always used in conjunction with the 3GPP TS 24.008 signalling.  This means that the ICS UE which aims to use SIP along the CS call, must always initiate a SIP dialog towards the ICS AS at the same time when the UE initiates a CS call. In similar manner, the ICS AS which aims to use SIP along the CS call, must always initiate a SIP dialog towards the ICS UE when the ICS AS terminates a session to ICS UE. 

This principle above was chosen to avoid complexity in the SIP implementation in ICS UE and ICS AS. In particular, the problem would arise in the following scenario:

1. The ICS UE of calling party does not establish I1-ps in the call setup, but initiates a regular CS call to called party address.

2. The called party receives the session setup. 

3. The called party invokes a supplementary service prior to active phase of the session (e.g. in alerting phase). For example, the called party attaches a business card to the Alert-Info header in SIP 180 Ringing response. 

4. ICS AS of the calling party receives the Alert-Info header in 180 Ringing. What the ICS AS should now do, as the I1-ps was not established in the call setup? Alert-Info header can be carried only in provisional responses, so ICS AS cannot send an INVITE to calling party and attach the Alert-Info header there. 

In order to avoid the problems such as described above, it was seen less complex to require that the I1-ps must be always initiated along the CS call. 

Also TR 23.893 defines certain SIP procedures, some of them very similar to those in TS 23.892. For example, TS 23.893 section 6.5.1.3 describes a flow where the calling party initiates a CS call and SIP multimedia session at the same time. The SIP INVITE includes an indication that the AS (here MMSC AS) must wait for the CS call. Once the AS receives the CS call, it merges the media descriptions of these two sessions and initiates one single SIP dialog towards the called party. This logic in this particular flow is identical how the I1-ps has been defined in TR 23.892; the UE initiates both SIP session and CS call at the same time and the AS knows to wait for the second session based on the indication in the first session, and then it merges them together. TR 23.893 section 6.5.1.4 describes similar scenario for termination flow. Again, the logic there is identical to terminating flow with I1-ps in TR 23.892 where AS splits the terminating session into two parts; CS call and SIP session.

On the other hand, TR 23.893 enables initiation of the SIP session also in middle of the CS call. In that case, the MMSC AS must merge the sessions in the initiator’s side, and split them again towards the UE in the destination side. As discussed earlier, these scenarios where SIP is initiated in middle of CS call are not possible with current I1-ps definition in TR 23.892.

It has been concluded (TR 23.892 section 7.9) that the functions defined for MMSC AS and ICS AS should be implemented in single AS, i.e. the internal communication between these entities, if implemented in separate AS, are not standardized. This means the single network entity needs to implement both; SIP protocol for MMSC usage, and SIP protocol for I1-ps usage. The same applies obviously to the UE as well; an UE which supports both MMSC and I1-ps, must implement both SIP usages. This means it will help the implementation of the SIP protocol in the UE and AS, if the protocol usages are aligned as much as possible. This means the protocol usages should be identical in procedures which overlap. 

Conclusion and recommendation

Based on the discussion above, it is recommended that the dynamic initiation of the I1-ps will be defined in TS 23.292, in order to align the I1-ps SIP usage with the MMSC SIP usage. Dynamic initiation of the I1-ps allows the ICS UE and ICS AS to initiate the SIP signalling in middle of the ongoing CS call. However, based on the example service scenario in the discussion above, it is recognized that certain services invoked by the terminating party on call setup phase may not be available when the I1-ps is invoked dynamically. These limitations are FFS.
In addition, it is recommended that the attributes in SIP are defined identical in I1-ps to those in MMSC, in procedures that are common to both. This includes at least the SIP attribute which the UE uses to indicate to the AS that the CS call follows the SIP session, and AS should wait for the CS call via MGCF before it initiates the merged session towards the other party.
Proposal

The following changes are proposed in TS 23.292.

**************** begin 1st change ******************

5.3.1
ICS AS 

The ICS AS is a home network based IMS Application that provides functionality required to enable IMS Centralized Services. The ICS AS is inserted in the session path using originating and terminating iFCs; it is configured as the first AS in the originating iFC and as the last AS in the terminating iFC chain. The ICS AS may also be invoked through the use of PSI termination procedures when using the CS access.

The ICS AS implements one or more of the following functionalities:
-
ICS User Agent (IUA): The ICS User Agent (IUA) function provides SIP UA behaviour on behalf of the ICS UE for setup and control of for IMS sessions using CS bearers. The IUA combines the service control signalling with the media established via the CS access to present a standard IMS session on behalf of the UE. Session control signalling might be established either in the call setup phase or in middle of IMS sessions using CS bearers. 
-
CS Access Adaptation (CAA): The CS Access Adaptation (CAA) is an adaptation function for the service control signalling communicated transparently via the CS domain between the UE and the ICS AS over the USSD transport. The CAA processes the USSD for interworking with other IMS functional elements. The CAA is only used when using the CS network for session control
*************** end 1st change ******************

**************** begin 2nd change ******************

5.3.2
UE enhanced for ICS 
The ICS UE is an IMS UE enhanced with ICS capability. The ICS UE provides the following functions:

-
Communicates with the ICS AS for service control signaling.

-
Establishes the bearer control signaling path to setup the media through the CS domain.

The ICS UE uses the Gm reference point when using the PS network for session control signaling. PS session control signaling is established by the ICS UE on call origination or in middle of a call.
*************** end 2nd change ******************
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