3GPP TSG-SA3 Meeting #107-e 
S3-220668
e-meeting, 16 - 20 May 2022
Source:
3GPP SA2

Title:
Reply LS on EPS fallback enhancements
Document for:
Information, Discussion

Agenda Item:3
3GPP TSG-WG SA2 Meeting #150E e-meeting 
S2-2203590
Elbonia, 6-12 April 2022
Title:
Reply LS on EPS fallback enhancements
Response to:
LS on EPS fallback enhancements (R2-2204236/S2-2201951)
Release:
Release 17
Work Item:
TEI17
Source:
SA2
To:
RAN2, CT1
Cc:
SA3
Contact Person:


Name:
Haris Zisimopoulos
Tel. Number:


E-mail Address:
harisz AT qti DOT qualcomm DOT com
Send any reply LS to:
3GPP Liaisons Coordinator, mailto:3GPPLiaison@etsi.org 


Attachments:
None
1. Overall Description:

SA2 would like to thank RAN2 for the LS on EPS fallback enhancements. 
SA2 discussed the proposal and has the following preliminary comments: 

· A) General

1. SA2 believes that since the UE mobility to EPS is not network controlled the UE has to perform a TAU procedure in the EPS first and afterwards the EPS bearers for the voice service are established. The AMF will therefore learn that the UE moved to EPS after the UE performed the TAU procedure. This may have impacts in AMF “re-paging” the UE if the time it takes for the UE to send TAU in EPS exceeds the paging re-transmission timer in AMF.
2. SA2 believes that if this procedure is introduced, the choice of using this enhanced procedure instead of the one already defined in TS 23.502 clause 4.13.6.1 should be under operator control based on UE capabilities and local policy. Due to the issue described in B1 below, the functionality may have impacts in HPLMN (when S8HR roaming is used) and therefore awareness to HPLMN may also be needed.
· B) MT case

1. If UE decides to move itself to EPS when it receives paging with the new indication of EPS fallback, the SIP INVITE buffered in RAN will get dropped if the UE was in RRC Inactive, and the SIP INVITE buffered in (I-)UPF will get dropped if the UE was in RRC Idle unless the EPC has implemented an optional inter-MME, inter-SGW optimisation of the HLCom feature and the 5GC has implemented specific functionality to support inter-RAT HLCom. Dropping the SIP INVITE will cause retransmission and introduce additional delay in call setup. 
The SIP INVITE re-transmission timer is controlled by P-CSCF (in HPLMN in case of S8 HR roaming) and unlike the current procedure of EPS documented in TS 23.502 clause 4.13.6.1, the UE in this case can only send SIP provisional response, when it establishes connectivity in EPS. This may have impacts in related SIP timer expiring, or need to be extended when this procedure is used. SA2 welcomes further comments from CT1.
2. SA2 would like to highlight that the use of paging indicating voice service type from core network (alt.1) is currently provided by AMF only for UEs that support MUSIM as defined in TS 23.501 clause 5.38.3 and provide the related capability for MUSIM UEs in NAS as defined in TS 23.501 clause 5.4.4a and only when the network supports Voice Service Indication for IMS voice service in the Paging message for MUSIM UEs. This is not allowed for non MUSIM capable UEs and may create confusion with the MUSIM feature proper. It seems the capability negotiation needs to be studied.
3. SA2 would also like to highlight that paging indicating voice service type from core network (alt.1) require the 5GC to support Paging Policy Differentiation which is an optional feature. 
4. End to end evaluation of the improvements is missing.

5. There are several variants that will not work with the proposal:

· SIP INVITE of MMTEL service does not need to contain SDP offer and then it is not clear whether the EPS fallback should be triggered. This is rare but possible situation.

· SIP INVITE of MMTEL service can contain SDP offer with m=audio and m=message and if so, it is not clear whether the UE accepts m=audio. If EPS fallback was triggered and UE did not accept m=audio, the UE is moved to EPS unnecessarily. Again, this is rare but possible situation.

· For SIP INVITE of MMTEL service with SDP offer containing m=audio, EPS fallback is so far triggered by request for creation of 5QI=1 QoS flow. Whether m=audio is transported over 5QI=1 QoS flow, is decided by PCF based on service, SDP answer and some PCF's own logic.  However, if EPS fallback is to be triggered already at time of handling SIP INVITE with SDP offer:

1) when handling SIP INVITE with SDP offer, P-CSCF invocation of PCF is 
optional.

2) if P-CSCF invokes PCF for SDP offer, it is not clear whether PCF somehow informs P-CSCF that the call would include 5QI1=1 QoS flow. If there is no such indication, P-CSCF would need to decide that EPS fallback is to be done on P-CSCF's own decision and P-CSCF's own decision might possibly deviate from PCF's decision (which would be done later when handling SDP answer.

· C) MO case: 

1. SA2 understands that the UE can initiate the enhanced MO procedure as essentially UE initiated autonomous reselection to E-UTRAN, when IMS have initiated MO procedure for voice (i.e. not other media types except voice) in NR, but SA2 believes that the network should have control to as to whether VoNR or EPS fallback is used. After mobility to E-UTRAN, such upper layer procedure needs to be re-initiated. SA2 welcomes further comments from CT1.
Based on the preliminary analysis above, SA2 overall would like to highlight that introduction of this functionality in RAN2 specification would have severe SA2 specification impacts, and will not work in all scenarios.  SA2 has identified several system level issues that would deserve to be discussed in a system level study in a potential future release, after clear identification of the problem statement in the expected deployment scenarios. 
2. Actions:

To RAN2: 
ACTION: 
SA2 kindly ask RAN2 to take the above comments into account and are strongly encouraged to consider, due to the clear limitations of time available for Rel-17 inter-TSG work, postponing this work to a future release starting with a system level Study Item.
To CT1: 
ACTION: 
SA2 kindly ask CT1 to take the above views from SA2 into account and provide any additional comments.
3. Date of Next TSG SA WG2 Meetings:

TSG-SA2 Meeting #151
16-20 May 2022

e-Meeting

TSG-SA2 Meeting #152
22- 26 August 2022
Gothenburg, Sweden



