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1	Introduction
In WID for Rel-18 NR NTN enhancement [1], the objective of coverage enhancements is defined, in which RAN2 is expected to study the need for NTN-specific coverage enhancements for Rel-18 on top of the coverage enhancement WI. Specifically, it is expected to support coverage enhancement for VoIP and low-data rate services for commercial handset terminals.
	4.1.1	Coverage enhancement

The Rel-18 NTN objectives are focused on the applicability of the solutions developed by general NR coverage enhancement to NTN, and identifying potential issues and enhancements if necessary, considering the NTN characteristics including large propagation delay and satellite movement. Only NTN-specific characteristics are to be included in this coverage enhancement work, otherwise it should be part of another WI (e.g., UL enhancement of coverage). The work needs to cover the use case of voice and low-data rate services using commercial smartphones with more realistic assumptions on antenna gains instead of 0dBi currently assumed for link budget analysis for non-terrestrial networks. The specific realistic antenna gain assumption will be determined at the working group level. The evaluation should also take into account any related regulatory requirements, e.g., ITU limitation of power flux density.

Have a 1-TU 6-month study phase focusing on the following (to derive clear & limited scope):

· Evaluate the coverage performance and identify the candidate physical radio channels that have coverage issues specific to NTN with following target services taking into account the studies in TR38.830 where appropriate, as well as general coverage enhancement techniques specified in Rel-18 [RAN1,RAN2,RAN4]
· VoIP and low-data rate services for commercial handset terminals

[bookmark: _Hlk90207880]The following items are shown as examples of areas to consider in the next step of the study. The actual items for study will be based on the evaluation of coverage issues specific to NTN identified above.

· NTN-specific repetitions enhancements beyond techniques covered in Rel-17 CovEnh WI for the relevant channels
· NTN-specific techniques for improved diversity and/or reduced polarization loss
· Improved performance of low-rate codecs in link budget limited situation including reducing RAN protocol overhead for VoNR
· NOTE: Intent is not to introduce a new codec.

[bookmark: _Hlk86407239]RAN to determine by RAN#97 (for RAN1 items) and RAN#98 (for RAN2 items) whether the study phase has identified any need for NTN-specific coverage enhancements in Rel-18. If needed, the set of NTN-specific work item objectives will be updated.



In this contribution, we would like to provide our view on potential NTN-specific coverage enhancements and issues to support VoNR in NTN from RAN2 point of view.
2	Discussion
2.1	Coverage enhancement for Msg3 repetitions
In Rel-17 NR NTN, it was agreed the Msg3 repetition in Coverage Enhancement WI should be supported for NTN, while any further enhancement should be studied in Rel-18.
	3.	Msg3 repetition is supported in Rel-17 NTN. The text proposal in R2-2206207 is adopted as baseline and included in the TS 38.321 Rapporteur CR. No need to send an LS to RAN1 on this.



The PUSCH of Msg3 was found to be a coverage bottleneck for an NR system. For this reason, repetitions of Msg3 were introduced in Rel-17, to increase reliability of Msg3 detection and decoding. The signal repetition framework was kept invariant compared to PUSCH repetitions in RRC connected mode, but new signalling and methods for indication of the number of repetitions for Msg3 were specified. 
The main agreements for enabling of Msg3 repetitions include: 
1. UE requests Msg3 repetitions if the measured SS-RSRP is below an RSRP threshold configured through SIB1 
a. Request occurs through choice of specific preamble and/or RO in Msg1 
2. gNB indicates the number of Msg3 repetitions by using two repurposed bits of the MCS field of the RAR UL grant carried in Msg2 

The framework developed in Rel-17 seems to work fine for an NTN setting. A specific set of preambles or RO can be reserved and configured by gNB to allow UEs at low RSRP to communicate a request for Msg3 repetitions. However, the need for specific enhancements for optimization of Msg3 repetitions framework in NTN could be further investigated, especially considering specific NTN characteristics.

As mentioned above, in Rel-17 it was agreed that Msg3 repetitions are requested and scheduled only if the SS-RSRP measured by the single UE is below a configured RSRP threshold. Typically, setting of such RSRP threshold is based on an estimate of the UL link budget when the DL RSRP is equal to the configured threshold. In other words, if the DL RSRP is below the configured threshold, the UE is likely to deliver an UL RSRP below the necessary RSRP (and SNR) for correct detection of the Msg3 content, hence such a UE may benefit from Msg3 repetitions.
In NTN, due to satellite movement, the average SNR (or DL RSRP) experienced by the single UEs strongly depends on the satellite position compared to Earth, with a larger average SNR when the satellite is at nadir (large elevation angles) and lower average SNR when the satellite is at horizon (small elevation angles). This means that, for a certain configured RSRP threshold for requesting of Msg3 repetitions, the probability that the DL RSRP of a UE is below the threshold is larger for satellite at small elevation angles, compared to satellite at larger elevation angles. Therefore, when the satellite is at small elevation angles, a higher request for Msg3 repetitions is to be expected and hence a larger probability of PRACH collisions for a fixed preamble and RO set configured for request of Msg3 repetitions.

Observation 1. The probability of PRACH collision for a fixed preamble and RO set configured for requesting Msg3 repetitions is larger when the satellite is at small elevation angles.
Since the majority of the path loss will come from the satellite-to-earth propagation, with the elevation angle change, many UE may be “in similar conditions” at most of the time which may cause UEs to request Msg3 repetition at the same time. So, the risk of overloading the preamble and RO sets may increase the RACH collisions. A larger probability of PRACH collisions creates undesired delays in initial access that need to be avoided and addressed in Rel-18. Methods for configuration of a more dynamic set of resources for Msg1 transmissions requesting Msg3 repetitions could for example be discussed to alleviate the issue and maintain the collision probability of Msg1 invariant regardless of satellite position.
Proposal 1: RAN2 to discuss methods for configuration of PRACH resources for requesting of Msg3 repetitions for NR NTN.

2.2	VoIP support in NR NTN
2.2.1	VoIP codec adaptation 
According to TS 26.114, a UE offering speech communication shall support narrowband, wideband and super-wideband communication. The UE may support AMR, AMR WB and EVS in which different codec modes are supported with different bitrate.
Table1: Codec modes with different codec bitrate for AMR and AMR-WB
	
	Codec mode with different codec bitrate (in kbps)

	AMR
	4.75
	5.15
	5.9
	6.7
	7.4
	7.95
	10.2
	12.2
	

	AMR-WB
	6.6
	8.85
	12.65
	14.25
	15.85
	18.25
	19.85
	23.05
	23.85



Since each VoIP packet is generated with periodicity 20ms, it is obvious that the higher codec bitrate used the more RTP payload will be generated. Correspondingly, the total bits per 20ms will increase. Below is an example to illustrate the TBS to accommodate the VoIP payload as well as RTP/UDP/IP headers and MAC headers with the use of bandwidth-efficient format. When UE’s codec rate changes from 4.75 Kbps to 12.2 Kbps, the required TBS will increase from 192 bits to 336 bits.
Table2: TBS for different Codec mode
	Codec Mode
	4.75
	5.15
	5.9
	6.7
	7.4
	7.95
	10.2
	12.2

	Bits per speech frame
	95
	103
	118
	134
	148
	159
	204
	244

	Payload header and ToC
	10
	10
	10
	10
	10
	10
	10
	10

	RTP payload (bits)
	105
	113
	128
	144
	158
	169
	214
	254

	RTP payload (bytes)
	13.13
	14.13
	16
	18
	19.75
	21.13
	26.75
	31.75

	Rounded-up RTP payload (bytes)
	14
	15
	16
	18
	20
	22
	27
	32

	Rounded-up RTP payload (bits)
	112
	120
	128
	144
	160
	176
	216
	256

	RoHC for RTP/UDP/IP header (40 bits)
	152
	160
	168
	184
	200
	216
	256
	296

	TBS to accommodate VoIP payload, RoHC and PDCP/RLC/MAC (40 bits)
	192
	200
	208
	224
	240
	256
	296
	336



A higher AMR voice codec rate may provide a higher-definition voice call and accordingly a better user experience. However, radio channel conditions may also impact the selection of codec mode and codec rate. When UE is in a link budget limited situation (poor RF conditions), small TBS should be scheduled to extend the coverage.  Hence from UE’s point of view, the low codec bitrate (instead of high codec bitrate) should be selected in UE to generate small RTP payload which can avoid packet RLC segmentation. On the other hand, a higher codec rate can be used in good radio channel conditions to ensure a better user experience of the VoNR call. So, codec bitrate adaptation based on radio conditions is needed.
The voice codec selection and adjustment were discussed in enhancement of VoLTE in SID [2] and WID[3], RAN2 agreed that the RAN-assisted Codec adaptation mechanism in which NW can send codec bitrate recommendation to UE via DL MAC CE. Furthermore, UE may query the recommended codec bitrate from NW via UL MAC CE. The same design was inherited in NR as specified in 38.321 section 5.18.10 and 6.1.3.20.
Observation 2: RAN-assisted voice codec bitrate adaptation mechanism is supported in TN, in which NW can send codec bitrate recommendation to UE via DL MAC CE and UE may query the recommended codec bitrate from NW via UL MAC CE.
Per the agreement reached in RAN1-109 meeting, the VoIP performance is evaluated in LEO scenarios.  We understand it is because the LEO may provide the better  latency  to satisfy the voice performance requirement. However, even only considering LEO with altitude 600km and 1200km, the RTT is 26ms and 42ms separately, the propagation delay is quite larger than TN. 
	Agreement
For VoIP, AMR 4.75 kbps (TBS of 184 bits without CRC in physical layer) with 20 ms data arriving interval is used in the evaluations.
· Each packet is transmitted within 20 ms, if packet combining is not used.
· Companies are encouraged to evaluate at least packet transmission without combining
· Companies are encouraged to report how to apply packet combining, if used.
· Note: in packet combining, two packets can be combined into a single packet at TX side 
· Companies should report the impact on E2E latency
· VoIP is evaluated only in LEO scenario.
· Note 1: PRB/MCS/TBS determinations are discussed separately
· Note 2: companies should report if HARQ is used in the evaluations, and if evaluations depart from the assumption that each packet is transmitted within 20 ms



For NTN, due to high RTT, the legacy MAC-CE based codec bit rate adaptation may not work well. For example,  given UE generate VoIP packet every 20ms and NTN LEO at altitude 1200km, the time distance between the point where UE wants to trigger the codec adaptation due to detected coverage change and the point where UE applies new codec can reach up to 80ms. As illustrated in Figure1, when the UE triggers codec rate increase (e.g., it may be triggered by UE’s detection of better RF condition or requested by peer UE of the call), according to TS26.114 UE has to query the recommended codec bitrate from NW via UL MAC CE and then wait DL RBR (Recommended Bit Rate) MAC CE to trigger further codec bitrate increase. The time distance between UE triggers the codec bitrate increase and UE applies new codec can reach up to 80ms. The time delay on application of higher codec bitrate means the delay to provide a better user experience (a higher-definition voice call) which is not good for system performance. The case seems happen frequently due to satellite movement in high speed (e.g. 7.5km/s) where the pathloss between UE and gNB will change accordingly.
[image: ]
Figure 1: Time delay of codec adaptation for bitrate increase
Observation 3: Due to high UE-gNB RTT, the legacy MAC-CE based codec bitrate adaptation may not work well.
In the study report TR36.750 for VoLTE enhancement SID [2], there are several candidate solutions captured. In our view, the proposed solutions can be the baseline for further enhancements for NTN. Specifically, the broadcast-based bit rate adaptation may need to be further studied for NTN to avoid high latency issue. In this approach, NW broadcast a mapping relationship between recommended bit rates and channel conditions via system information. When initiating VoIP call or during an on-going call, UE can determine the recommended bit rate corresponding to the measured channel conditions and negotiates with the peer UE based on SIP procedure. Obviously, this approach is helpful to save RTT delay in-between the MAC CE exchange.  
Proposal 2: RAN2 to further discuss whether broadcast-based bitrate adaptation mechanism should be introduced for NR NTN.
Another issue caused by high UE-gNB RTT is the extended delay of E2E codec negotiation. As described in TS26.114 section 10.7, in case an gNB determines to recommend a UE to modify the bit rate due to e.g. good radio conditions in the uplink or downlink, it may signal a recommended bit rate (via DL MAC CE) to the UE. The UE may use the recommended bit rate as an input to initiate an end-to-end rate adaptation by sending an application layer message (e.g., RTCP or RTP CMR) to the peer UE or the concerning media GW. Accordingly, the peer UE may retrieve a recommended bit rate (e.g. UL query MAC CE) from its serving gNB to ensure end-to-end codec adaptation. 
Figure3 below (excerpt from TS26.114) gives the detailed signalling diagrams to describe the end-to-end voice codec adaptation based on ANBR (Access Network Bitrate Recommendation) mechanism defined in RAN.  Take the uplink voice codec adaptation as the example, if a voice codec adaptation resulting in an increase of the media bitrate, the remote terminal (peer node) received application signalling for bitrate adaptation will trigger an adaptation decision. It needs at least one RTT for the ANBRQ and ANBR message(i.e. UL and DL MAC CE) transmission between the terminal and network (e.g., step 7 and 8 in Figure3). Due to the large latency in the NTN system, the codec adaptation procedure will take quite long time, especially when the remote terminal cannot accept the increased bitrate, it may take up to three RTTs to successfully negotiate the increased bitrate. The delay of codec adaptation negotiation may cause the voice packet loss to occur for a longer time in NTN system compared with TN system. Furthermore, the delay of codec adaptation may delay when the higher codec rate can be used in good radio conditions to ensure a better user experience of the VoNR call.
[image: ]
Figure 3  Uplink bitrate increase based on ANBR
Observation 4: Due to high UE-gNB RTT, the latency of E2E Codec negotiation procedure will be extended in NTN.
Observation 5: The delay of codec adaptation negotiation may cause the voice packet loss or delay of applying the adjusted codec rate.
Proposal 3: RAN2 to discuss how to reduce the E2E codec negotiation delay for NR NTN.
2.2.2	Packet combination 
Since each VoIP packet is generated with periodicity 20ms, if packet combination is not used, UE may request to transmit each packet every 20 ms which is aligned with the RTP payload generation in application layer. However, if the packet delay budget in RAN side is up to 100 ms, it is feasible for UE to perform packet combination which means the UE may request to transmit packets every 40ms, 60ms or even 80ms. In this case, UE may transmit 2 or 3 or 4 speech frames at one transmission.  The more packets to be transmitted in one shot, the required TBS to accommodate the RTP packets should be increased accordingly.
NW may schedule UE via dynamic scheduling for VoIP packets. The packet combination is helpful to save PDCCH signalling since the scheduling interval increased from 20ms to 40/60/80ms. However, since the required TBS is increased accordingly, the packet combination should be implemented for UE in good radio channel conditions. Otherwise (if the feature is implemented for UE in NTN cell edge), NW may schedule small TBS hence the RLC segmentation will be triggered.
Observation 6: For dynamic scheduling, packet combination is helpful to save PDCCH signalling while it should be implemented for UE in good radio channel conditions to avoid RLC segmentation.
In our understanding, packet combination in UE may be a helpful feature for NTN to boost the VoIP user capacity considering the benefit of PDCCH saving especially for the wide NTN cell coverage. However, the issue caused by packet combination should be studied further.
Proposal 4: Packet combination should be supported for NR NTN to boost VoIP user capacity.
Proposal 5: RAN2 to further study the issue caused by packet combination in UE .
3	Conclusion
This document has made the following observations:
Observation 1. The probability of PRACH collision for a fixed preamble and RO set configured for requesting Msg3 repetitions is larger when the satellite is at small elevation angles.
Observation 2: RAN-assisted voice codec bitrate adaptation mechanism is supported in TN, in which NW can send codec bitrate recommendation to UE via DL MAC CE and UE may query the recommended codec bitrate from NW via UL MAC CE.
Observation 3: Due to high UE-gNB RTT, the legacy MAC-CE based codec bitrate adaptation may not work well.
Observation 4: Due to high UE-gNB RTT, the latency of E2E Codec negotiation procedure will be extended in NTN.
Observation 5: The delay of codec adaptation negotiation may cause the voice packet loss or delay of applying the adjusted codec rate.
Observation 6: For dynamic scheduling, packet combination is helpful to save PDCCH signalling while it should be implemented for UE in good radio channel conditions to avoid RLC segmentation.
And proposed the following:
Proposal 1: RAN2 to discuss methods for configuration of PRACH resources for requesting of Msg3 repetitions for NR NTN.
Proposal 2: RAN2 to further discuss whether broadcast-based bitrate adaptation mechanism should be introduced for NR NTN.
Proposal 3: RAN2 to discuss how to reduce the E2E codec negotiation delay for NR NTN.
Proposal 4: Packet combination should be supported for NR NTN to boost VoIP user capacity.
Proposal 5: RAN2 to further study the issue caused by packet combination in UE .
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