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1. Introduction 
Following agreement was made in the RAN2#119bis-e meeting.
1. RAN2 thinks a UE may use application layer frame aggregation by implementation (no RAN2 spec impacts). (RAN2 can further discuss whether RAN needs to know whether UE is using frame aggregation in the voice packet)

2. RAN2 understands that it is up to network implementation to decide whether to configure SDAP header and integrity protection for a VoNR DRB to reduce the protocol overhead (no RAN2 spec impacts)

Among other solution such as DMRS bundling that RAN1 is working on for the coverage enhancement, control in voice frame aggregation and reduction of overhead in the TBS size are in RAN2 scope. In this document, we provide further details on the coverage enhancement in RAN2 scope.
2. Discussion 

2.1 Need for coverage enhancement in NTN

In TN, high quality voice with higher codec rate is the target performance. In NTN, as described in [1], 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. Lower codec rate such as 4.75kbs is likely to be used. 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 for 4.75kbps voice degrees as explained in [1].

As shown in Figure 1 and explained in [1], only DMRS may not be sufficient to achieve the required SNR and BLER target. The red curve in Figure 1 is with only DMRS bundling (16 repetitions and no frame aggregation) and the blue curve is with DMRS bundling and frame aggregation (32 repetitions). 
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Figure 1 PUSCH performance for one voice frame per PUSCH with 16 repetitions for a residual Doppler shift 200Hz absent or present (red curves with stars and diamonds respectively) and for two voice frames per PUSCH with 32 repetitions, i.e., frame aggregation (blue curves). The residual
Therefore, additional coverage enhancement techniques such as frame aggregation, header reduction are needed to support wider range of elevation angles such as 30 degrees. 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, such method helps increase the number of repetitions per bit and hence improve the SNR gain, i.e., ~2 dB SNR gain of application layer frame aggregation with protocol header reduction compared to existing procedure. The Table 1 assumes the scenario of NTN-TDL-C Rural (LoS) channel model, Elevation angle of 30 degrees, DMRS bundling, antenna switching, and Target BLER of 2%.

Table 1 SNR gain with protocol overhead reduction and PDCP and application layer voice frame aggregation using the scenario of NTN-TDL-C Rural (LoS) channel model, Elevation angle of 30 degrees, DMRS bundling, antenna switching, and Target BLER of 2%.
	Codec (kbps)
	Inter tx time (ms)
	Application aggregation

(frames/packet)
	PDCP aggregation (frames/PDU)
	Protocol overhead (bits)
	Repetitions
	SNR (dB)

	4.75
	20
	1 (existing headers)
	-
	80
	16
	-5.7 

	4.75
	40
	2 (existing headers)
	-
	80
	32
	-7.2

	4.75
	40
	2 (with header reduction)
	-
	48
	32
	-7.7

	4.75
	40
	2 (with header reduction)
	-
	56

(No Mac change)
	32
	-7.5

	4.75
	40
	-
	2 (existing headers)
	120
	32
	-6.6

	4.75
	40
	-
	2 (with header reduction)
	72
	32
	-7.3

	4.75
	40
	-
	2 (with header reduction)
	80

(No Mac change)
	32
	-7.2


Observation 1. Simulation results show that even if repetitions and DMRS bundling are used, packet aggregation and header reduction are still important to improve the coverage gain by 2dB.
2.2 Voice frame aggregation

Application layer frame aggregation

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. 
As agreed by RAN2, it is up to UE implementation to trigger the use of application layer frame aggregation or RTP bundling. However, if UE uses the RTP bundling, it increases the size of minimum TBS needed for voice DRB. For example, voice payload with 1 frame/packet can be 7 bytes whereas voice payload with 3 frames/packet can be 21 bytes.

Based on this, the gNB has to adjust the resource allocation to UEs, e.g., minimum TBS, repetitions, scheduling periodicity (e.g., C-DRX of 20ms, 40ms or 60ms), DMRS bundling, MCS etc. so that voice packets may not go through RLC segmentation to avoid signaling overhead and achieve coverage gain to avoid retransmission. As part of 5QI QoS, core network may be able to estimate the burst size of the signaling bearer but gNB is not. Therefore, in our view, the UE can indicate the frame aggregation level to gNB when end to end frame aggregation is successfully set up.
Proposal 1 RAN2 discuss the mechanism for UE to inform the gNB on the voice frame aggregation level.

PDCP layer packet aggregation

Application layer frame aggregation is application layer end to end procedure. Even if UE in one end supports the frame aggregation, the media gateway or UE in the other end may not support or accept to set up the frame aggregation. Therefore, we think RAN2 should also consider the option for PDCP layer packet aggregation as a coverage enhancement tool.

As mentioned earlier, the voice packet bundling at MAC layer can also be done but it is multiplexing of two voice PDUs at MAC each including full protocol header. This would be inefficient. The alternate mechanism is to introduce the frame aggregation at PDCP layer as shown in figure 1. When voice packets are aggregated at PDCP layer, only one PDCP header is used for the aggregated voice packets.
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Figure 2 An example of PDCP layer frame aggregation
Following steps can be considered for PDCP layer frame aggregation.

(1) UE reports capability to support the PDCP layer frame aggregation.

(2) If needed, the network configures UE to use PDCP frame aggregation (for example, configuring voice DRB)

a. For example, 2 frames per PDCP PDU.

(3)
two voice packets with ROHC header are concatenated and a PDCP header is added. A new LCID code point can be used indicate use of concatenation at PDCP.
(4)
At receiver side, the PDCP packet header is processed. Voice frame can be obtained as the length of packet can be derived from decompressed IP/UDP header length fields.
Therefore, it is also worth studying the PDCP layer frame aggregation which can be enabled by the NTN RAN, for example, in case the frame aggregation is not supported by network or service providers.
Proposal 2 For coverage enhancements, study the details on specification change to support PDCP layer frame aggregation.
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 as shown in Table 1 (row 3 vs row 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 3.

Table 3 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. However, we can further discuss how to specify ROHC as PDCP layer may need to indicate ROHC that CRC check is already successful.
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Figure 3 An example of 1 byte saving in ROHC header.
Proposal 3 PDCP compression of ROHC header is used to save 1 byte from the ROHC header and CRC check is ignored at ROHC when PDCP compression of ROHC header is configured.

PDCP header reduction

The shortest length of PDCP SN length is 12 bits, which adds 2 byte PDCP subheader. In LTE, 7 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. We can also consider whether 6 bit SN length with reordering window of 32 SNs could be sufficient.
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Figure 4 An example of 1 byte saving in PDCP header.
Proposal 4 Introduce 1-byte PDCP header to be configured for voice DRB.

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.

Proposal 5 Network can configure not to use RLC header from a PDU associated with the DRB that is configured for voice traffic.

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 with fixed pre-configured length

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 5 An example of 1 byte saving of MAC subheader using reserved LCID code point.

Option#2: new LCID code point with 1 byte padding header

It is also possible that the new LCID code point is used and the SDU is always placed at the last of the MAC PDU. That’s means the length of the SDU is determined from the bit starting from the MAC subheader to the last bit of the MAC PDU. For byte alignment or to fill the TBS, we can introduce as 1 byte padding header using a reserved LCID code point and this can be added before the last MAC SDU. If padding bits are not needed, there is no need to use the 1-byte padding header saving L field of the MAC SDU.

The difference of this new 1 byte padding header compared to the existing padding is that the new is fixed size 1 byte MAC subheader without control element/data that can be inserted anywhere in the MAC PDU if the length field of the MAC SDU is known. If 10 byte padding is needed, then 10 such 1 byte padding headers can be placed anywhere in the MAC PDU.
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Figure 6 Use of fixed 1 byte padding header. The benefit is if the TBS is byte aligned with MAC SDU, no padding bits are needed and no L field is needed saving 1 byte.

Option#3: MAC subheader only with length field
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Figure 7 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 SDU associated with LCID associated with the voice DRB or to only the very first SDU in the PDU.

Proposal 6 Consider removing L field from MAC subheader of the PDU associated with the low data rate DRB.

3. Conclusion

Following proposals are made.
Proposal 1
RAN2 discuss the mechanism for UE to inform the gNB on the voice frame aggregation level.
Proposal 2
For coverage enhancements, study the details on specification change to support PDCP layer frame aggregation.
Proposal 3
PDCP compression of ROHC header is used to save 1 byte from the ROHC header and CRC check is ignored at ROHC when PDCP compression of ROHC header is configured.
Proposal 4
Introduce 1-byte PDCP header to be configured for voice DRB.
Proposal 5
Network can configure not to use RLC header from a PDU associated with the DRB that is configured for voice traffic.
Proposal 6
Consider removing L field from MAC subheader of the PDU associated with the low data rate DRB.
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