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1. Introduction 
In Rel-18 WID [1], coverage enhancement for low-rate codecs voice traffic is one of the enhancements in link budget limited situation. 
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

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.

Among other solutions (such as repetitions, TTI bundling, DMRS bundling etc.) that RAN1 is working on for the coverage enhancement, control in voice frame aggregation and reduction of overhead in the TBS size can be studied by RAN2. In this document, we provide further details on these solutions.
2. Discussion 

2.1 Need for coverage enhancement 

As described in [2], in NTN, the link budget analysis needs to consider the additional loss accounted for the negative UE antenna gain of a typical commercial smart phone, the polarization mismatch, and any other loss not accounted for. For voice service oven NTN, the traffic typically arrives in a regular pattern, for example, one voice frame per 20 ms. The repetitions for a voice frame need to be completed before the next voice frame arrives. Therefore, there is a limit on the number of repetitions, bundling and blind retransmission that can be used for a voice frame. This adds limitation on the use of repetitions to improve the coverage for voice traffic over PUSCH, i.e., to meet the target BLER of 10-2.
Observation 1. The periodic voice traffic will have PUSCH bottleneck due to limitation on the use of the repetitions, bundling and blind retransmission for coverage enhancements.

For higher satellite altitudes, the minimum supported elevation angles can be much higher. For example, for satellite altitude 1000km, the minimum supported elevation angle is 70 degrees as explained in [2] even with coverage enhancement techniques such as DMRS bundling and repetitions.
Therefore, additional coverage enhancement techniques are needed to support wider range of elevation angles such as 30 degrees. In addition, for voice codec rate 4.75 kbps and 95 bits per frame, the protocol overhead is still about 45.7% of the TBS size, which is significant. As shown in Table 1, it can be studied to reduce the overhead as small as 20.1% of the TBS and provide additional gain in coverage enhancements using voice frame aggregation and header reduction techniques combined.
Table 1 Percentage of overhead reduction using frame aggregation and header reduction techniques.

	Codec (kbps)
	Inter tx time (ms)
	Application aggregation
(frames/packet)
	Voice Payload (bits) 
	ROHC header
(bytes)
	PDCP
(bytes) 
	RLC
(bytes)
	MAC
(bytes)
	PHY 
CRC
(bytes)
	TBS 
(bits)
	% Overhead

	4.75
	20
	1 (existing headers)
	95
	3
	2
	1
	2
	2
	175
	45.71

	4.75
	40
	2 (existing headers)
	190
	3
	2
	1
	2
	2
	270
	29.63

	4.75
	40
	2 (with header reduction)
	190
	2
	1
	0
	1
	2
	238
	20.17

	4.75
	40
	2 (with header reduction)
	190
	2
	1
	0
	2
(no change)
	2
	246
	22.76


2.2 Voice frame aggregation
As shown in Table 1, the voice traffic arrival rate can be 1 frame per packet per 20ms. However, to efficiently utilize the the resource and save UE power and still meet the packet delay budget, 40ms CDRX is used, i.e., voice packets are transmitted every 40ms, but as two separate packets, each incurring full headers. With 40ms periodicity, two voice frames can be aggregated and the protocol overhead can be reduced by 50%. This can be achieved with existing technique of the application layer voice frame aggregation. This is also very helpful to utilize the Rel-17 coverage enhancement techniques i.e., to add additional gain by extended repetitions such as 32 repetitions which could last 32ms (this would not be possible for transmitting voice frame every 20ms but can be used with voice frame transmissions every 40ms).
However, today RAN has no control whether it can ask UE to use the voice frame aggregation technique. RAN can make recommendation by sending Recommended bit rate MAC CE. This is just a recommendation to adjust the coding rate based on congestion and therefore, it does not trigger the voice frame aggregation. Therefore, we think similar to Recommended bit rate MAC Control Element, RAN2 can study a mechanism for RAN to enable UE to trigger the voice frame aggregation. For example, in NTN NGSO (not in GSO), the default configuration could be 2 voice frames/packet. Alternatively, the following steps can also be considered. For this (e.g., for step 2 and 3 below), necessary liaisons with SA4 can be done.
(1) Network configures UE to trigger RTP bundling (for example, configuring voice DRB)

a. This is inline with “ANBR is mapped to a MAC level message named "Recommended bit rate MAC Control Element" sent by the gNB” as defined in TS 26.114.

(2)
RRC layer indicates the command to upper layer (1 or 2 or 3 frames/packet)

(3)
The UE now generates RTCP_APP_REQ_AGG message (1 or 2 or 3frames/packet)

(4)
If RTP bundling is setup successfully end to end or between NTN UE and media gateway, the UE also sends ACK to gNB. This step is for gNB for proper resource allocation.

Proposal 1 To reduce protocol overhead, define RAN trigger mechanism for the voice frame aggregation (i.e., 2 voice frames per packet) in NGSO.
2.3 Header reduction
In addition to frame aggregation, additional header reduction can be done to boost the coverage gain by more than 0.5dB [2], which will be important for low SNR UEs in NTN. There can be several ways to reduce the header size, but we provide details for two methods as shown in Table 2.
Table 2 Overhead reduction methods

	Option
	method
	ROHC header
	PDCP 
	RLC
	MAC
	% 
header reduction

	0
	No reduction
	3
	2
	1
	2
	0

	1
	Voice channel (VCH)
	2
	1
	0
	0
	62.5%

	2
	Voice DRB with multiplexing
	2
	1
	0
	1
	50%


ROHC header reduction

When ROHC context is at stage 3, the ROHC header can be just 3 bytes. It includes 1 byte of SN and 2 bytes of UDP checksum. Since the PHY layer itself adds 2 byte of CRC check, the 2 byte of checksum for UDP could have been avoided. But here we keep 2 bytes of UDP checksum as it is.
Then 3 bits of CRC and the 4 bits of SN in the UO-0 header in ROHC is totally redundant considering the 2 bytes of PHY CRC and SN at PDCP layer. It is possible to get rid of 1-byte UO-0 field in ROHC header and instead map it to the PDCP SN length. For example, it can be mapped one to one and the SN in ROHC header wraps around 16, i.e., PDCP SN value 0, 16, 32 and so on corresponds to the value SN 0 in the ROHC header.

It can be assumed UO-1 field in the ROHC header is not used as default in this case. Therefore, 1-byte overhead reduction is possible for the ROHC header.
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Figure 1 An example of 1 byte saving in ROHC header.
PDCP header reduction

The length of PDCP SN length is 12 bits, which adds 2 byte PDCP subheader. In LTE, 6 bit SN length is also used in PDCP. For NR voice DRB, when identified as voice DRB, 7 bit SN length can be introduced. The reordering window length can be 64 SNs, this can be sufficient to handle jitter and reordering in NTN given no retransmission is expected due to large RTT and voice packets delayed, for example, by 275ms can be dropped. 
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Figure 2 An example of 1 byte saving in PDCP header.
RLC header reduction

It is important to know that retransmission based on decoding results does not provide good user experience due to large RTT in NTN. Therefore, the voice frames do not have to go through the RLC retransmission procedure which means the RLC SN is not necessary. In addition, with the use of low codec rate of 4.75kbps, the size of voice packet can be estimated, and network can provide minimum required TBS in the UL resources accordingly. Therefore, there will not be need for RLC segmentation, as RLC segmentation would lead to addition of larger overhead. We can get rid of RLC header. The solution will look like configuring the radio bearer in RLC TM mode but it should be clear that ciphering is still applicable.
MAC header reduction

Method 1: voice specific channel (VCH)

Similar to paging channel (PCH) or broadcast channel (BCH), the network can also configure the UE with voice channel (VCH). This can be identified by the resource location identifier allocated dynamically or semi-statically. In case of configured UL grant, simply the configuration grant identity can be used. In case of dynamic grant, a HARQ process ID can be reserved, or other identifiers can be used.
In this case, no data other than voice packets can be transmitted in the VCH but the MAC subheader can be removed saving 2 bytes. Any padding bids, if not byte aligned, can be added by the PDCP layer.
Method 2: Voice DRB with multiplexing

It may be good to have option for UE to multiplex the voice packet in any available UL-SCH to better utilize the resources or send data other than voice in the voice DRB resource. For this purpose, a new LCID code point can be used specifically to identify the voice DRB or a new “R” field in MAC subheader can be re-purposed.
Option#1: new LCID code point

Since low codec rate of 4.75kbps is used and the header size are also known at ROHC stage 3, the packet length can be negotiated between UE and gNB. The negotiated length field can be identified by the use of new 6 bit LCID code point for the voice DRB. This saves 1 byte of MAC subheader as length field is not needed. Other data can be multiplexed with the voice packets. If the voice packet length does not match the negotiated length, the UE can always use the existing LCID code points.
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Figure 3 An example of 1 byte saving of MAC subheader using reserved LCID code point.
Option#2: MAC subheader only with length field
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Figure 4 An example of 1 byte saving of MAC subheader using reserved field “R”.
The reserved field “R” in the MAC subheader can also be used to indicate the voice DRB and the remaining 7 bits in the first byte MAC subheader belongs to 7 bit L field. This can be mapped from the existing 8 bit L field. The use of “R” field can be limited to only the very first SDU in the PDU.
As explained above, it is possible to get rid of ~50% or more overhead in the 3GPP protocol layers and improve the coverage gain and spectrum efficiency for voice over NTN. Therefore, we propose RAN2 work on solutions to reduce protocol overhead.
Proposal 2 RAN2 work on solutions to minimize the size of headers for MAC, RLC, PDCP and ROHC to improve the coverage gain for low SNR UEs in NTN.
3. Conclusion

Following proposals are made.
Proposal 1
To reduce protocol overhead, define RAN trigger mechanism for the voice frame aggregation (i.e., 2 voice frames per packet) in NGSO.
Proposal 2
RAN2 work on solutions to minimize the size of headers for MAC, RLC, PDCP and ROHC to improve the coverage gain for low SNR UEs in NTN.
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