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1. [bookmark: _Ref124589705][bookmark: _Ref129681862]Introduction
In RAN1#101 e-meeting [1], coverage of PUSCH for VoIP services has been discussed with the following agreements
Agreements:
For VoIP performance evaluation based on link-level simulation for FR1.
· A packet size of [320] bits with 20ms data arriving interval is adopted.
· FFSTBD: TBS for SIP invite message. Payload of 1500 bytes can be a starting point.
By following above assumption, the link budget results in our companion contribution [2] show that the coverage of VoIP with no repetition and no retransmission is limited under urban and rural scenarios while coverage of VoIP with repetition and retransmission can be ensured except the rural (NLoS O2I) TDD scenario. However, this observation only reflects an ideal case because it extremely utilizes all UL slots of each 20ms period by assuming steady data arrival rate without any network jitter and full tolerance of transmission delay caused by any higher layer (e.g. RLC) retransmission with 2% MAC rBLER. Furthermore, for VoIP services, the SIP invite message which consists of additional overhead can require a higher data rate than 12.2 kbps in physical layer. Thus, in this contribution, we provide our views on coverage requirements for SIP invite message.
2. Discussion on SIP message 
For VoIP services, SIP signaling is important for UE and gNB to establish a voice connection after successful RACH procedure. Size of SIP message used in VoLTE call setup is about 2KB. Once UE is in poor radio condition (e.g. RSRP <-120dBm) or endures high interference, the average call setup time and call drop rate increase. To ensure a stable VoIP service, coverage requirement of SIP message with a large TBS should be achieved. As shown in Table 1, an example of SIP message and segmented TBS are provided based on our evaluations.
Table 1. Payload of SIP message and segmented TBS
	Example
	SIP message
	TB size
	Segment

	VoLTE
	2000 bytes
	56 bytes
	Around 40


Notes: The TB size is captured from real network for weak coverage scenario.

Proposal 1: For SIP evaluation, 56 bytes is the TB size to convey SIP message.

Furthermore, in a practical network test report [3], the impacts of minimum transmission bandwidth of VoLTE are illustrated in Figure 1 and 2. Observations of VoLTE evaluation conclude that a stable VoLTE service with robust MoS scores (e.g. >3) can be ensured only if >64kbps data rate is used.
[image: ]
[bookmark: _GoBack]Figure 1. Impacts of VoLTE network bandwidth on VoIP quality with iPhone 6S tests
[image: ]
Figure 2. Impacts of VoLTE network bandwidth on VoIP quality with Galaxy S7 tests

Observation: VoIP delay is a key factor of the VoIP service experience. The quality of VoIP services in VoLTE network can be ensured only if a transmission bandwidth larger than 64kbps IP data rate is used.

Proposal 2: To ensure the coverage of VoIP with acceptable VoIP delay including voice delay, ringing delay and call setup delay, 64kbps as a minimum target IP data rate of VoIP can be a starting point.

3. Conclusions 
In this contribution, we discuss the simulation assumptions for VoIP coverage evaluation with following observation and proposals:
Observation: VoIP delay is a key factor of the VoIP service experience. The quality of VoIP services in VoLTE network can be ensured only if a transmission bandwidth larger than 64kbps IP data rate is used.

Proposal 1: For SIP evaluation, 56 bytes is the TB size to convey SIP message.
Proposal 2: To ensure the coverage of VoIP with acceptable VoIP delay including voice delay, ringing delay and call setup delay, 64kbps as a minimum target IP data rate of VoIP can be a starting point.
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