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Introduction
A new study item aiming at NR coverage enhancements were agreed at RAN#86. The WID includes an objective for voice coverage enhancements for FR1:
· The target scenarios and services include
· Urban (outdoor gNB serving indoor UEs) scenario, and rural scenario (including extreme long distance rural scenario) for FR1
· Indoor scenario (indoor gNB serving indoor UEs), and urban/suburban scenario (including outdoor gNB serving outdoor UEs and outdoor gNB serving indoor UEs) for FR2.
· TDD and FDD for FR1.
· VoIP and eMBB service for FR1.
· eMBB service as first priority and VoIP as second priority for FR2.
· LPWA services and scenarios are not included.

NR voice service is still very important for 5G era, and sufficient coverage needs to be achieved. This contribution shares our requirements for NR voice coverage with FR1 spectrum. 
Discussions
Background
Both 3G- and 4G-voice service are offered in our commercial network, and it is observed that the coverage on 3G (UMTS) is better than VoLTE under the same conditions, i.e. same frequency, number of antennas and Tx power density. This is one of the main reasons why the shutdown of 3G services is not so easy. Considering the shutdown of 3G services in the near future, NR should ensure that its voice coverage is not worse than UMTS. Note that SoftBank has already announced the discontinuation of 3G services officially [1] , so we believe this is a very important issue, which needs to be solved as early as possible. 
Proposal 1:
[bookmark: p1]NR coverage enhancement SI should strive for better NR voice coverage than that of UMTS

Requrements for voice coverage enhancements
To make an efficient discussion & simulation study in RAN1, we should set a concrete KPI for coverage target. We believe MCL (Maximum coupling loss) is the most appropriate metric because it has been widely used in many RAN1 study (e.g. Rel-11 coverage enhancement, Rel-13 eMTC/NB-IoT etc.) to measure the performance of radio interface. The MCL of UMTC voice can be calculated as follows by using the parameters in TR36.824 and [2] . The calculation result for UL is shown in Table 1 below.
Table 1. Uplink link budget for UMTS
	Tx Power 
	23.0 
	dBm

	Process gain
	25.0 
	dB

	Requred Eb/N0
	5.0 
	dB

	Thermal noise
	-174.0 
	dBm/Hz

	Noise figure
	5.0 
	dB

	Bandwidth
	3.84 
	MHz

	MCL
	146.2 
	dB



Considering the fact that UL coverage is typically a bottleneck of the system, we propose to adopt MCL of 147dB (i.e. 146.2dB + 0.8dB margin to ensure better coverage for NR than UMTS) as an exact target of this study. 
Proposal 2:
[bookmark: p2]In this study, MCL of 147 dB should be adopted as a target value for NR voice coverage enhancement with FR1
Proposed assumptions for evaluations
In this section, we propose some assumptions for evaluation campaign. 
Spectrum
Firstly for spectrum, low-band is typically used for voice service because it requires very wide coverage e.g. for the rural area, deep indoor, etc. Therefore, it is proposed to adopt legacy low bands for evaluation. 
Proposal 3:
[bookmark: p3]At least low-band re-farming spectrum (e.g. 700, 800, 900 MHz and 1.7, 2GHz with FDD) should be used for the evaluations.
MIMO 
In the study for NR, more advanced multi-antenna system were assumed. This is a reasonable assumption for the new spectrum (such as C band) because a brand-new antenna system can be newly installed. For voice services with spectrum re-farming, the site of base station will however be reused, and hence the legacy antenna system remains unchanged. Therefore, the following proposal can be made. 
Proposal 4:
[bookmark: p4]For FDD re-farming spectrum, additional gain by advanced MIMO shouldn’t be expected in this study, i.e.
· 2 (passive antenna) at gNB 
· 2 at UE
VoIP bitrate
The coverage is impacted by other conditions, e.g. voice bitrate and the availability of spectrum resources. In order to achieve fair comparison, the same or similar condition as UMTS (i.e. AMR-WB 12kbps on FDD) shall be applied in this study, i.e. EVS 13.2kbps. Note that we can consider using lower bitrate for the poor coverage area. In this case, 
Proposal 5:
[bookmark: p5]13.2kbps voice bitrate should be assumed in this study
L1 channels & signals for voice coverage evaluations
We have observed many problems for VoLTE, and a lot of optimizations have been performed by implementation approach. Even though they are definitely valid, better 3GPP standard will relieve us from such cost-inefficient efforts, e.g. massive drive tests. Considering the fact that the physical layer design of NR is very similar to LTE, it would be worthwhile taking the LTE problems into consideration. In this section, we show some potential issues for RAN1 study, which is learned from the practical network. 
RACH 
We observed under our commercial LTE network that Msg.2, 3 and 4 could be the bottleneck for VoLTE around the very low SINR region. Msg.1 may be a problem but we are not so confident because it is not so easy to detect Msg.1 problem from eNB perspective. We therefore propose RAN1 to check whether or not all the RACH procedures work well at the target MCL. From our perspective, 4-step RACH is more relevant than 2-step because 4-step is used as a fallback mode.
Proposal 6: 
[bookmark: p6]L1 channels & signals used for 4-step RACH should be evaluated 
· Msg.1 (PRACH preamble)
· Msg.2 (PDCCH)
· Msg.3 (Msg.3 PUSCH)
· Msg.4(PDCCH/PDSCH for contention resolution and PUCCH for HARQ-ACK)
SIP signalling on PUSCH
After the successful RACH procedure, UE and eNB/gNB exchange the SIP signalling to establish a voice connection. We have observed a potential problem for this process from the LTE network. This has been acknowledged by LTE as well, and TR36.754 well captures what the problem is.
Size of SIP message used in VoLTE call setup is about 2KB. When UE is in poor radio condition (e.g. RSRP < - 120dBm) and/or high interference (e.g. uplink IoT = 10dB), it has been observed in practical network that a SIP message is segmented into 200 RLC pieces, thus average call setup time and call drop rate are increased. Therefore a large SIP message size becomes a problem.
The “call drop” here is caused by “timers” used by higher layers (PDCP and TCP). This means that physical layer channels, especially for UL, need to be capable of “sufficiently high throughput” even under very-low SIRN condition. Note that multiple approaches can be taken to relax the problem, e.g. NR UDC or Sigcomp, but this shouldn’t be considered in this study.
The question here is that how much UL throughput is required to transmit SIP signaling successfully. It is not easy from PHY point of view because it highly depends on the higher layer configurations. The example values are calculated and shown in table 2. 
Table 2. Rough estimation of required UL data rate for SIP signalling
	Packet size (Byte)
	Time constraint
by higher layer (ms)
	Required UL 
data rate (kbps)

	1500
	500
	24

	1500
	750
	12

	1500
	1500
	8



This result shows a possibility that SIP signaling may require higher throughput than VoIP packet depending on the higher layer configuration. It is also worthwhile noting that such a high data rate is required for SIP signaling even when lower codec rate is adaptively selected in the poor SINR region, such as MCL=147dB. We would propose to adopt 24kbps for PUSCH as a tentative target. The validity of this value should be further studied/investigated during RAN1 study. 
Proposal 7:
[bookmark: p7]PUSCH should be evaluated
· Adopt target PUSCH throughput of 24kbps to convey UL SIP message
· RAN1 to contrinue discussion on the adjustment of this value
DL/UL 12.2kbps Voice 
The evaluation results for VoLTE are available in TR36.824, and they are quoted as follows.
Table 5-8: Evaluation results statistics of LTE UL channels (2Tx2Rx eNB configuration)
	Channels
	Performance target
	Number of sources
	MCL(dB)

	
	
	
	Average 
	Maximum 
	Minimum 
	STD 

	VoIP AMR 12.2 kbps
	2%rBLER
	8
	141.68
	143.54
	138.78
	1.81



Table 5-10: Evaluation results statistics of LTE DL channels (2Tx2Rx eNB configuration)
	Channels
	Performance target
	Number of sources
	MCL(dB)

	
	
	
	Average 
	Maximum 
	Minimum 
	STD 

	VoIP 12kbps
	10%iBLER
	6
	142.85
	147.66
	139.06
	3.08



This results show that there is a possibility that NR cannot achieve the target MCL of 147dB. Therefore, we propose to include DL/UL 13.2kbps (assuming EVS) for our evaluations.  
Proposal 8
[bookmark: p8]DL/UL voice packet with 13.2kbps should be evaluated in this study
Conclusion
[bookmark: _GoBack]Our observations and proposals are summarized as follows: 
Proposals:
NR coverage enhancement SI should strive for better NR voice coverage than that of UMTS
In this study, MCL of 147 dB should be adopted as a target value for NR voice coverage enhancement with FR1
At least low-band re-farming spectrum (e.g. 700, 800, 900 MHz and 1.7, 2GHz with FDD) should be used for the evaluations.
For FDD re-farming spectrum, additional gain by advanced MIMO shouldn’t be expected in this study, i.e.
· 2 (passive antenna) at gNB 
· 2 at UE
13.2kbps voice bitrate should be assumed in this study
L1 channels & signals used for 4-step RACH should be evaluated 
· Msg.1 (PRACH preamble)
· Msg.2 (PDCCH)
· Msg.3 (Msg.3 PUSCH)
· Msg.4(PDCCH/PDSCH for contention resolution and PUCCH for HARQ-ACK)
PUSCH should be evaluated
· Adopt target PUSCH throughput of 24kbps to convey UL SIP message
· RAN1 to contrinue discussion on the adjustment of this value
DL/UL voice packet with 13.2kbps should be evaluated in this study
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