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Introduction

This contribution intends to share our views on the RAN2 related coverage enhancements with consideration on RAN1 progress.
Discussion
	RAN1 agreements

For NR-NTN coverage enhancement, RAN1 concludes that coverage enhancements specifically for GEO and MEO are de-prioritized in Rel-18.
Potential enhancements for LEO can also apply to GEO and MEO

For NR-NTN coverage enhancement in Rel-18, link budget of parameter set-1 for LEO-1200 operating at LOS is considered as the target to evaluate whether each channel/signal with the existing specification needs to be enhanced or not. The targeted performances are used to evaluate the following services:

VoIP using AMR 4.75 kbps. 

Low data rate of 3 kbps. 

Potential enhancements for deployments with parameter set-1 can also apply for deployments for parameter set-2

Conclusion

RAN1 concluded that enhancement is unnecessary for Msg3 PUSCH with parameter set-1 for LEO-1200 operating at LOS, assuming -5dBi UE antenna gain.


Given above are RAN1 agreements and conclusions made on RAN1#110 meeting. Furthermore, it is also confirmed in RAN#97-e meeting that above RAN1 agreed scenarios (e.g., low data rate of 3 kbps/VoIP using SMR 4.75kbps with link budget of parameter set-1 at LEO-1200 km at LOS will be the targeting scenarios for study.

Observation 1: It is confirmed in RAN that low data rate of 3 kbps/VoIP using SMR 4.75kbps with link budget of parameter set-1 at LEO-1200 km at LOS will be the targeting scenarios for study.

On Msg3 blind retransmission 
Blind Msg3 retransmission for initial Msg3 transmission is discussed in R17 NTN but not agreed due to concern on additional UE power consumption and it is suggested to discuss in R18 if needed. However based on RAN1’s evaluation for target scenarios set existing Msg3 transmission/repetition mechanism can already meet service requirement, thus there is no need to further discuss. 

Observation 2: No need for discussing Msg3 retransmission enhancement since RAN1 concluded that enhancement is unnecessary for Msg3 PUSCH for targeted scenario.
On voice frame aggregation
In[3][4] it is proposed to allow mechanism to configure frame aggregation in application layer to improve coverage. Since bundled voice packet also implies larger TBS size, it might only be feasible for environment with good radio, in such case coverage might not be an issue. Normally RAN2 shall try to discuss solution for worst case not for optimization unless it is proofed with significant gain.
Observation 3: Voice frame aggregation since it will increase TBS size which might only be feasible at environment with good radio, where the coverage might not be an issue.
Moreover, RAN1 is now discussing lower layer enhancements, e.g., DMRS bundling/increased repetition number to improve the VoIP coverage, which might be more efficient and common for different scenarios compared to aggregation in higher layer. Honestly speaking, it is difficult for RAN2 to compare among higher layer/lower layer aggregation without RAN1 simulation results, thus it is proposed to wait until more input from RAN1 to discuss whether anything needs to be done to trigger voice frame aggregation at RAN.
Observation 4: RAN1 is discussing lower layer repetition mechanism (e.g., DMRS bundling/increased repetition number) to improve the coverage, it is hard to compare the solutions in RAN2 without RAN1 simulation.
Proposal 1: RAN2 wait until more progress in RAN1 to discuss whether anything needs to be done in RAN to trigger voice frame aggregation.

On header reduction
On ROHC header reduction

It is suggested last meeting in [3] that UE always utilize UO-0 mode for voice packet in NTN to reduce one byte header while companies are worried this might impact ROHC functions and is out of RAN2 scope. After further checking we still share similar concerns. Currently there are multiple modes that allowed by ROHC protocol which is listed below in the order that the most robustness mode is listed first:

IR/IR-DYN > UOR-2 > UOR-1 > UOR-0

Although the UO-0 can reduce 1 bytes compares to UR-1 it will also impact the robustness of the ROHC algorithm. Also it also impact the flexibility of ROHC implementation since only one mode is allowed.

Observation 5: To always assume UO-0 as ROHC mode for VoIP in NTN reduces both the flexibility and robustness of ROHC implementation.
It is argued that the absence of UDP checksum is acceptable if CRC check is used. However whether CRC check defined in 3GPP and the checksum defined in ROCH are interchangeable cannot be made in RAN2 without consulting both RAN1 and ROHC working groups. 

Observation 6: Whether CRC check defined in 3GPP and the checksum used in ROCH are interchangeable is out of RAN2 scope and consultation to other working groups are needed. 

On layer 2 subheader

Layer 2 header includes header at MAC /RLC/PDCP/SDAP layer. For SDAP the presence of header is already configurable based on existing specs there is no need to further discuss.
For MAC layer, the MAC subheader field contains (e)LCID indicating logical channel ID, L field indicating the length of corresponding MAC SDU, F bit indicating the size of L filed and R bit. Both (e)LCID field and L field is essential for multiplexing as well as differentiation among different MAC CEs (e.g., recommended bit rate MAC CE used in VoNR) thus the field cannot be omitted. As for F bi, it is necessary for decoding of Length field thus it cannot be omitted either.

Observation 7: MAC subheader is essential to differentiate among MAC CEs and Data packet as well as for multiplexing thus there is no room for deduction.
For RLC layer the content of subheader as well as presence of subheader depends on the mode of RLC. For TM mode TMD PDU is included without any header. For UM mode it could contain SI field with optional SN field and optional SO field where the header size varies from 1 bytes to 4 bytes. For AM mode ARQ procedure is supported which means more consumption in subheader (e.g., 2 to 5 bytes). Currently for DRB only UM/AM mode is allowed, thus in order to reduce to reduce the protocol overhead new mechanism can be introduced to allow TM mode for voice packet yet the transmission robustness might be impacted, especially when UE is mapped to HARQ mode where the HARQ retransmission is disabled. Noted the target scenario is LEO-1200km where the maximum RTD is 41 ms for transparent payload, where retransmission considering packet delay budget of voice service is still possible. It would be undesired to disable the RLC transmission in total while there are still chances to do so. Also if segmentation is not allowed it means NW needs to grant size large enough to accommodate all the voice data (e.g. always allocating the maximum allowed size) which might not be resource efficient. 
Observation 8: RLC header consumption can be reduced by configuring RLC to work at TM mode but it will reduce the transmission robustness and resource efficiency since no RLC retransmission is allowed and NW has to assign large UL grant to avoid segmentation.  

For PDCP subheader it contains D/C bit and PDCP SN field. D/C bit is to indicate whether the PDCP SDU is a data bit or control PDCP PDU which includes PDCP SR/EHC/UDC/ROHC feedback. Considering at least the EHC/UDC/ROHC feedback might be still needed if feedback is required for ROHC, D/C bit needs to be kept. As for PDCP SN field, it is part of input for calculating COUNT for ciphering as well as for header compression, integrity protection thus it is still needed for voice transmission.

Observation 9: PDCP SN is important for header compression/ciphering and integrity protection which cannot be omitted while D/C field is also needed to indicate the PDU type since control PDCP PDU is still needed for voice service. 

Based on above analyse the room for protocol layer reduction is very limited also it can be observed from [5] that for targeting scenario 4 byte of protocol overhead reduction in layer 2 only gives up to 0.5 dB gain which is not very promising. Considering the limited gain provided and the limited room to reduce L2 header without large specs impact (e.g. introducing a whole new design for VoNR), it is preferred not to consider protocol overhead reduction but to rely on RAN1 enhancements for coverage enhancements.
Observation 10: The room for L2 header reduction is small while simulation in R1-2203588 shows very limited gain adopting protocol overhead reduction (up to 0.5 dB with 4 bytes reduction).

Proposal 2: Protocol overhead reduction is not pursued for coverage enhancements.
Conclusion and proposals

Based on above analysis, we have the following observations and proposals: 

On Msg3 blind retransmission 
Observation 1: It is confirmed in RAN that low data rate of 3 kbps/VoIP using SMR 4.75kbps with link budget of parameter set-1 at LEO-1200 km at LOS will be the targeting scenarios for study.
Observation 2: No need for discussing Msg3 retransmission enhancement since RAN1 concluded that enhancement is unnecessary for Msg3 PUSCH for targeted scenario.
On voice frame aggregation
Observation 3: Voice frame aggregation since it will increase TBS size which might only be feasible at environment with good radio, where the coverage might not be an issue.
Observation 4: RAN1 is discussing lower layer repetition mechanism (e.g., DMRS bundling/increased repetition number) to improve the coverage, it is hard to compare the solutions in RAN2 without RAN1 simulation.
Proposal 1: RAN2 wait until more progress in RAN1 to discuss whether anything needs to be done in RAN to trigger voice frame aggregation.

On header reduction
Observation 5: To always assume UO-0 as ROHC mode for VoIP in NTN reduces both the flexibility and robustness of ROHC implementation.
Observation 6: Whether CRC check defined in 3GPP and the checksum defined in ROCH are interchangeable is out of RAN2 scope and consult to other working groups are needed. 

Observation 7: MAC subheader is essential to differentiate among MAC CEs and Data packet as well as for multiplexing thus there is no room for deduction.
Observation 8: RLC header consumption can be reduced by configuring RLC to work at TM mode but it will reduce the transmission robustness and resource efficiency since no RLC retransmission is allowed and NW has to assign large UL grant to avoid segmentation.  

Observation 9: PDCP SN is important for header compression/ciphering and integrity protection which cannot be omitted while D/C field is also needed to indicate the PDU type since control PDCP PDU is still needed for voice service. 

Observation 10: The room for L2 header reduction is small while simulation in R1-2203588 shows very limited gain adopting protocol overhead reduction (up to 0.5 dB with 4 bytes reduction).

Proposal 2: Protocol overhead reduction is not pursued for coverage enhancements.
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