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Abstract: At CT#47, CT gave CT1 dispensation to clean-up UE assisted terminating access domain selection. After much investigation in the topic and offline discussions, this discussion paper briefly describes the issues (both NAS and IMS related) that currently exist in TS 24.292 and TS 24.237 which are proposed to be solved by a number of accompanying CRs.

Problem 1: How can the ICS UE trigger use CS-O for terminations when the UE is in E-UTRAN?
Currently TS 23.292 section 10.2.2.4 gives the possibility for an ICS UE in E-UTRAN to use mobile originating CS Fallback procedures to move the UE to UTRAN/GERAN where the opportunity arises to use Gm in conjunction with CS bearers to allow the terminating session to be established. However the details regarding this procedure are not clear and there are a number of issues with attempting a fallback to CS:

· The UE will not know whether the target is GERAN (no DTM) or GERAN (DTM) or UTRAN prior to the CSFB procedure, so it cannot be guaranteed that CS-O will work.

· When handing over to GERAN (no DTM) as part of the CSFB procedure (as shown in Section 6.2 and 6.3 in TS 23.272), the PS bearers cannot be handed over and the packet resources are released or the PS bearers are suspended in the target access. The PS bearers can be re-established or resumed only after the CS voice call terminates (by sending RAU). An ICS UE requires a service/signalling control channel to be established along with CS bearers, and this is not possible when the UE is in GERAN (no DTM). The SIP dialog established in E-UTRAN is left hanging in the SCC AS which is awaiting a response for the SIP INVITE. What should the UE do? Should it cancel the CSFB procedure and come back to E-UTRAN so that the UE can send back 488/183 and then get the network to perform MT CSFB, or does the UE abort the CSFB procedure and send a RAU to re-establish the PS bearers to allow sending back of 488/183 and remain in GERAN? No procedures exist for this. 
· The UE is unaware of the handover decisions in the network. The PS bearers may be handed over or they may not be handed over (the network may implement “CSFB without PS handover” from E-UTRAN to UTRAN [i.e. Network Assisted Cell Change] or the network may perform “SRB-only” handover [i.e. HO from LTE to 3G during which only the RRC connection is successfully handed over, any data bearers being dropped by the target RNC]. No PS bearers will exist in the target access and these PS bearers will have to be re-established and the lower layers will need to inform the higher layer of this re-establishment such that a 183 Session Progress can be sent, prior to the UE setting up the CS bearers (note: TS 24.292 section A.5.5 shows that the 183 session progress request is sent to the SCC AS prior to the CS SETUP). Procedures are not specified in Stage 2 or Stage 3 for this.
· Even if the CSFB procedure could be modified to take ICS UE terminations into account (unlikely for Rel-8 and Rel-9), it should be questioned how much extra time, signalling and procedures would be added to the current CSFB procedure (which already takes 5 seconds to perform). It would have been easier for the UE to send back 488/183 and the network could perform MT-CSFB.
· Other media present in the request that could have been handled by the UE in E-UTRAN will also be affected by the move to CS due to the issues stated above.

Possible Resolutions to Problem 1:

1. Do not perform MO-CSFB procedures for the session termination and send back a 488 (or 183) response in E-UTRAN and let the network attempt to terminate to CS.

2. Specify new procedures at Stage 2 and Stage 3 that define how the application layer interacts with the NAS layer to specify how and where in the CSFB procedure the following decisions are made: (1) When in GERAN with no DTM, cancel the CSFB procedure, and send 488/183 or (2) When in GERAN with no DTM, abort the CSFB procedure and come back to E-UTRAN and (3) When in UTRAN when PS bearers not handed over, 
3. establish *exactly* at WHICH POINT in the CSFB procedure the UE makes decisions to avoid the SIP session left hanging: (1) abort CSFB procedure and re-establish the PS bearers if they are not handed over; (2) where in the CSFB procedure the UE should respond with 488/183 if PS bearers are available.

4. Specify a solution that uses I1. 
Recommendation: Solution 1. Do not use MO-CSFB procedures for ICS UE terminations. 
Solution 2 is too complex and requires further work at Stage 2 and Stage 3 and cannot be deemed as an essential correction to Rel-8 or Rel-9, and is very doubtful to even be specified in Rel-10. Solution 3 relies on the use of I1, but I1 is not available in Rel-8, and I1 is optional and therefore cannot be viewed as an essential fix for this issue in Rel-9. I1 would also be questionable for Rel-10. Solution 1 is by far the simplest as the UE responds immediately to the SIP INVITE request and the network can retry the request. This solution is provided in C1-101353/C1-101354.
Problem 2: The conditions for when the UE responds with a SIP 488 or 183 are not clearly specified.

The following text in TS 23.292 section 7.4.3 implements functionality on an ICS UE or SC UE for the UE to make a decision to send back a 488 (or 183) response based upon the awareness of the access technology. 

7.4.3
Terminating sessions over Gm rejected by the UE
Figure 7.4.3-1 provides an example flow for a call destined to a UE-2 and where the incoming session is delivered over the Gm reference point offering either PS speech media, CS media, or PS speech media with alternative CS media, because the SCC AS is unable to accurately determine that the CS domain should be used, e.g. when ISR according to TS 23.401 [34] is active and if the UE hasn't re-registered in the IMS. In this example call flow the UE-2 rejects the incoming session and T-ADS in the SCC AS selects CS domain for termination. The flow applies to both ICS UE and non ICS UE.
This is implemented at Stage 3 in one section (10.2.4) in TS 24.292 and describes the return of a 488 (no SDP body) response of 183 response (other media, but not audio media acceptable). This applies to both ICS UE and SC UE. However, the conditions WHEN these responses can be returned are not clear. This is shown diagrammatically below:
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Figure 1: Identifying lack of conditions for return of 488 or 183 by ICS UE and SC UE
The conditions are specifically:

· The access technology that the UE resides in (GERAN, UTRAN, E-UTRAN)

· The value of the IMSVoPS indicator (where necessary to check)
· If a successful NAS combined attach or combined TA/LA has taken place (where necessary to check) 

· The contents in the SDP Offer (PS-Only, CS-Only or CS+PS)
Additionally, the term “UE assisted domain selection” has become very overloaded in the Stage 2 and Stage 3 specifications. It is clear from the specifications that there is a function on the ICS UE that can (based on the contents of the offer) CHOOSE an alternate domain (i.e. it actually performs domain selection), for example if CS is the high number potential configuration (pcfg) in the SDP offer and the UE cannot terminate the call as a VoIP call, the UE will decide whether it can perform CS-O (for example if the UE is in E-UTRAN or GERAN with no DTM, the UE cannot perform CS-O, but in UTRAN CS-O can be performed). If CS-O cannot be performed, then the UE will send back 488 or 183. 
However the same function on the ICS UE (based on the contents of the offer) may not be given the ability to choose an alternate domain (i.e. only PS or CS media offered), and instead the UE provides a response back to the network T-ADS for the network T-ADS to take this into consideration to decide whether to terminate to the alternate domain. 
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Figure 2: Behaviour for UE where VoIP termination cannot be done
Recommendation: Clearly specify the conditions in TS 24.292 and TS 24.237 for when the 488 or 183 response are sent back as specified in C1-101353/C1-101354, C1-10xxxx/C1-10xxxx and C1-10xxxx/C1-10xxxx. Additionally if all CRs are agreed, then the CR C1-10xxxx/C1-10xxxx removing section 10.2.4 can be agreed. We should not focus too much on the terminology “UE assisted domain selection” but focus on getting the procedures correct.
Problem 3: The conditions for terminations for SC UE need to be separated from ICS UE.
Section 8.2 in TS 24.237 currently states the following:
The SC UE shall support termination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2] and in 3GPP TS 24.292 [4]
The SC UE shall support termination of calls in the CS domain as specified in 3GPP TS 24.008 [8].

The procedures for call termination where the SC UE is receiving calls using CS media are identical to that for ICS UE roles for call termination procedures which are specified in 3GPP TS 24.292 [4].
An SC UE can either have ICS capabilities or not. Procedures for session terminations to an UE with ICS capabilities are different to that for an UE without ICS capabilities. Subclause 8.2 currently refers to TS 24.229 and TS 24.292 (although the actual clauses in TS 24.292 are not specified which leads to confusion). Also 8.2 refers to an SC UE terminating calls with CS media. This is only possible if the SC UE is an ICS UE. 
· It should be clear that an SC UE (no ICS capabilities or ICS capabilities disabled) should refer to TS 24.229 for termination procedures with the added clarification that the exact conditions for when SIP 488 or 183 due to awareness of the access technology need to be specified.

· It should be clear that TS 24.292 should be referenced for an SC UE that has ICS capabilities enabled. 
Section 8.3.2 in TS 24.237 currently states the following:

When the SCC AS receives a SIP INVITE request due to terminating filter criteria, the SCC AS shall follow the SCC AS roles for call termination procedures specified in 3GPP TS 24.292 [4].
Similar to that for 8.2, it should be clear the procedures in the SCC AS when the SCC AS sends the INVITE to a UE with ICS capabilities enabled or a UE with ICS capabilities disabled or a UE with no ICS capabilities. The above reference (though may work for a UE with ICS capabilities enabled) is not appropriate for a UE that complies with this specification, but does not compy with TS 24.292. The issue comes about due to the modifications in section 10.4 (specifically section 10.4.3) that were made as a result of CR 0041 (tdoc: C1-093075) being approved at CT1#59, which shows in section 6.2 of TS 24.292, that an ICS UE registers a new media feature tag called “g.3gpp.accesstype”. This is not applicable to SC UE. Thus 24.292 cannot be referenced entirely from TS 24.237 for SCC AS procedures for terminations (specifically 10.4.3 for VoIP terminations causes the issue).

Recommendation: Clearly specify the conditions for terminations at the SC UE that has no ICS capabilities or ICS capabilities disabled from a SC UE with ICS capabilities enabled. Clearly specify the conditions for terminations at the SCC AS towards a UE that has no ICS capabilities or ICS capabilities disabled from a UE with ICS capabilities enabled. This solution is specified in: C1-10xxxx/C1-10xxxx
Problem 4: Use of “a=pcfg” SDP attribute instead of relying on use of the voice domain preferences.

According to 24.167 the Voice_Domain_Preference_E_UTRAN and Voice_Domain_Preference_UTRAN apply for originating calls only. In 23.221 the preferences are described in section 7.2a "Domain selection for UE originating sessions / calls". However, in 24.292 the UE T-ADS takes those MO parameters into account for terminating calls as well when it receives an offer with both PS+CS media when there is no need to do so. The network can take already take these preferences into account by encoding the preferences in the SDP (using SDPCapNeg). This prevents the need for complexity in the UE to check the voice domain preferences. Additionally, the operator may have a policy such that in a VPLMN certain media is only offered. If the UE checked the voice domain preferences and it was set to “PS only” and the IMSVoPS is not supported, but CS media was offered in a specific VPLMN (e.g. on UTRAN), then CS-O would not be used. draft-ietf-mmusic-sdp-capability-negotiation-13 allows the use of the “a=pcfg” attribute to indicate a preference and potential configuration in the SDP offer. 

Below there are two examples of SDP offer, the 1st offering the CS+PS where CS is preferred, the 2nd offering CS+PS but PS is preferred. The network T-ADS is able to indicate the operator domain preference in the SDP offer, and there is no need for the UE to check the MO at a time of reception of INVITE.
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Recommendation: Remove use of the voice domain preferences leaf in the IMS MO from section 10.2.2.4 of TS 24.292. There is no Stage 2 requirement to refer to the voice domain preferences leaf of the IMS MO for call terminations. Furthermore, the operator can use SDP attribute “a=pcfg” to indicate the potential configuration. This solution is specified in C1-101353/C1-101354.
Problem 5: Use of SIP 606 cancels forked sessions at the S-CSCF
The current procedures in 10.2.2.4 require the ICS UE to send 606 response when the ICS UE determines that the offered audio are not acceptable in either PS or CS domain. The SCC AS is then meant to just forward the response onwards to the next proxy or B2BUA in the chain. However, if the public user identity was shared between more than one private user identity and the SCC AS decided to terminate the request to more than one UE (e.g. use of “accept contact” and “reject contact”), the S-CSCF would fork the request to the identified contact addresses (e.g. other UEs over other access networks). If the UE in 3GPP access returned SIP 606, this is an indication from the user that the user wishes not to accept the session on any UEs and the SIP proxy (S-CSCF) cancels the forked sessions set up to these other UEs. 

However from the perspective of 10.2.2.4, it would appear that it’s the UE that is making the decision to send back the 606 rather than the user.

Additionally, although forking in the true sense is not applicable to B2BUAs, the SCC AS may decide to set up more than one session in parallel, but it would not know whether the 606 response was sent due to section 10.2.2.4 or whether it was sent for other reasons (with the intention to cancel existing sessions in progress of being set-up).

Possible Resolutions to Problem 5:

1. Remove use of SIP 606 and use SIP 488 (no message body). On receipt of the SIP 488 (no message body and no warning header), SCC AS can query the HSS to see if the user has a CS registration to determine whether or not to terminate to the CS domain. RFC 3261 states that an UE should include a warning header filed if the SDP is not acceptable (see warn-codes in http://www.iana.org/assignments/sip-parameters).  As the 488 response is sent for other reasons not covered by RFC 3261, a warning code is not included and additionally without an SDP body, it is a good enough indication for the SCC AS to try the CS domain.

2. Remove use of SIP 606 and use 488 with a new body (e.g. XML) that indicates when the UE should try the CS domain. Although it may be beneficial to give an indication to the network to try the CS domain, the network just uses this as a hint and it is still not guaranteed that the CS termination will succeed (e.g. UE detaches, network congestion). 

Recommendation: Solution 1. Replace 606 with use of 488 (no message body). This solution is specified in C1-101353/C1-101354.
Recommended CR Order:
The following diagram shows the proposed handling of CRs for T-ADS and the dependencies between them:
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