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Abstract of the contribution: Identifies some issues related to voice fallback for normal voice calls.
1. Background
In SA2#124 a proposal was made to define a new mechanism for voice fallback (S2-1779055 [1]/S2-179056 [2]). The justification for this (additional) solution was as follows (as defined in discussion part of [1]): 
· using redirection approach may also be advantageous from OPEX perspective for certain deployment. For example, some small cell deployment scenarios are primarily used for data service so supporting voice with RRC redirection can lead to more Opex/Capex cost saving. 

· If NG-RAN triggers RRC redirection at the time of QoS Flow establishment for voice then this solution means 5GC/NR will have to support pretty much all the features of voice and also redirection trigger is performed quite late. This adds unnecessary Capex cost and delay.

2. Comments on the justification for voice fallback (as proposed in [1]/[2])
"using redirection approach may also be advantageous from OPEX perspective for certain deployment. For example, some small cell deployment scenarios are primarily used for data service so supporting voice with RRC redirection can lead to more Opex/Capex cost saving"
[RRC Release] Redirection approach has been defined in SA2#124. See approved S2-179582 [3] implemented in TS 23.502, clause 5.17.2.3.4.

"If NG-RAN triggers RRC redirection at the time of QoS Flow establishment for voice then this solution means 5GC/NR will have to support pretty much all the features of voice and also redirection trigger is performed quite late. This adds unnecessary Capex cost and delay"

It is nowhere mandated that if the QoS Flow (w/ 5QI=1) is established ("accepted by NG-RAN") NG-RAN will have to support all the AS features defined for voice. This is up to operator configuration and most of the (so called) voice related features in RAN (e.g. SPS, TTI bundling, RoHC etc) are optional. It is therefore possible that a deployment may simply map the QoS Flow to any RAN configuration (e.g. default DRB) that does not support all voice related features and trigger handover or redirection. Worth pointing out that the majority of these RAN features are supposed to optimize VoIMS performance and therefore it is not essential to be supported if gNB is configured to always triggers handover or RRC release redirection to EPS for QoS Flow with 5QI=1 since NR will not be used for long period of time from many UEs.
3. Issues with the proposed solution in [1]/[2]
Issue #1- market fragmentation
In rel.8/9 timeframe significant amout of time was spent in 3GPP to define a number of different voice solutions (e.g. VoIMS, CSFB), in addition a few other (semi-)proprietary solutions became de-facto standards in certain regions (e.g. dual radio/dual standby solutions). The result was fragmentation that increased significantly testing time and as a result cost and "time to market" for widespread LTE adoption. 

In the meantime the majority of operators around the world already deployed or plan to deploy VoIMS in the next few years and almost all UEs that come to market support already voice over LTE. NR radio interface even if it does not support from day 1 all the LTE defined voice-relate optimisations it is, we believe, fast enough to support for a transient period of time the voice call. At the initial deployment of NR capacity constraints will not be experienced anyway (due to low volume of UEs). 
It is therefore damaging to the fast "time to market" to add/define multiple voice solutions and it is preferable to rely on Voice over IMS mostly over LTE using the already defined option of handover/redirection solution.

Issue #2- tight integration between IMS and NAS required
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Figure 1: EPS fallback for UE operating in Single Registration mode (extract from [2])

The solution proposed in [2] assumes that for MT calls the UE will have to trigger a new type of Service Request (EPS fallback) when it receives the MT SIP INVITE. This will trigger UE initiated NAS message will trigger the handover or redirection to EPS. 

This in our view consists of a layer violation because either the UEs IMS client will have to trigger NAS to perform this NAS procedure and at the same time "hold back" any response (e.g. 1xx) that would normally d be sent back to P-CSCF until the mobility to EPS is executed, or the UE modem would have to buffer all UL data. Either some tight integration is required between the IMS and NAS procedures in order to execute this procedure. If this does not happen and the IMS client responds back to P-CSCF there is a chance for race conditions and in general unexpected behaviour since the P-CSCF/PCF upon receiving 1xx will normally trigger the establishement of the "dedicated" QoS Flow. 

Issue #3- marginal improvement in performance only from CM-IDLE w/ RRC RwR
The new procedure does not exhibit any improvement in performance, if handover is used and the existing solution defined in TS 23.502 allows handover to LTE/EPS using existing mechanisms defined in TS 23.502. As mentioned in issue #1 even if NR does not support all the LTE "voice features" from day 1 it can still support voice service for few msec before the handover is triggered. If RRC release redirection is used the mobility will not be seamless. It is though true that when the UE is in CM-IDLE and RRC Release with Redirection is used (instead of handover) solution in [1]/[2] triggers the mobility earlier than the QoS Flow of voice is setup. 
When UE is already in CM-CONNECTED the Service Request (EPS fallback) introduces unnecessary delay for fallback that would impact the overall voice setup delay. 
4. Summary/way forward
Based on our analysis the proposed solution in [1]/[2] does not demonstrate any improvements in performance when compared to the existing solution when handover is used between 5GC and EPC. When RRC Release Redirection is used there is a performance improvement since the mobility even happens before the 5QI=1 QoS Flow is established. This though comes to the "cost" of tighter integration required between IMS and NAS stacks in the UE and the risk of fragmentation due to extra testing required. 
The authors of this paper believe that when RRC Release Redirection is used most of the time (e.g. networks with no N26) a solution with better performance is to use dual registration with selective transfer of PDU Session/PDN connections. 
The authors of this paper do not see the need to standardise any additional solution for "voice fallback" in rel.15.
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