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Introduction
Voice over NR (VoNR) was identified as a key service of interest to operators for coverage enhancement during the coverage enhancement study, and PUSCH enhancements agreed for the work item target support for VoNR voice packets. It was shown during the study that SIP signaling needed for VoNR can have somewhat worse coverage than voice packets [1], and so methods to reduce the size of these messages and to reduced coverage are of interest. Therefore, in this contribution, we consider techniques to improve the coverage of SIP signaling on PUSCH in voice over NR by using higher layer compression.
Discussion
SIP Signaling Compression to Enhance Voice Coverage
Voice (VoNR) is one of the important services that operators provide to users in the NR RAT. It is essential that VoNR coverage is on par with other RATs such as UTRAN/EUTRAN which have been traditionally providing voice services. VoNR allows a UE to use voice service in NR network which has been primarily designed for data services. The UE can simultaneously use both the services (voice and data) without having to change its access network; for example, without the need of CS fallback. The IP Multimedia SubSystem (IMS) Network facilitates VoIP services in cellular network, and so can be considered as a master controller.
IMS network using the Session Initiation Protocol (SIP) enables a UE to establish call connections. The SIP signaling component requires its own bearer (with an associated unique IP address) as the IMS network is separate from the LTE/NR network and comes with its own APN. The bearer has its own QCI. 
[bookmark: _Hlk40269903]Before a VoNR session starts, SIP signalling needs to be exchanged between UE and IMS Network. The size of the SIP message, such as the INVITE message is about 2KB. Since the normal transport block size for VoNR is roughly an order of magnitude smaller (on the order of a few hundred bits), SIP messages can require better radio conditions or more uplink resource than the voice packets. If radio conditions are sufficiently poor, such as at the edge of coverage in the 7km RMa scenario of [1], the SIP message can limit coverage or may lead to substantial call setup latency. For example, if at most a 30 kbps data rate is available to a cell edge UE, a 2KB packet would take roughly 0.5 seconds to transmit (neglecting higher layer overhead). Therefore, a coverage extension mechanism may be needed to improve call setup latency at the cell edge in arduous coverage scenarios.
SigComp is a solution for compressing messages generated by application protocols with a primary driver to compress SIP messages. There is the possibility to use also RAN PDCP Uplink Data Compression (UDC) to compress the SIP packets. However, if the SIP packets are encrypted or IPSecurity Tunnel (IPSec) has been used then it is not possible to compress at PDCP level. Hence, it is beneficial to compress before encryption and that is only possible at the application layer.
Observation:
· SigComp can compress SIP packets at application layer before encryption is used. This feature should be considered for Voice coverage enhancement. It is suitable for all scenarios regardless of whether packets are encrypted or unencrypted. 
It will further benefit if CT1/SA4 suggest to RAN groups what SIP message packet sizes can expected, and at what rate they will arrive in order to successfully transmit the SIP messages that occurs during a call. Knowing the packet size and arrival rate will be helpful particularly for the voice call set up, but also other messages in voice call. This would help to cross-verify the data rate vs coverage requirements and further determine what steps (enhancements), if any, are necessary to fulfil the requirements.
Proposal:
· Indicate to CT1 and SA4 that 2KB SIP message sizes may impact VoNR coverage or setup latency in arduous coverage scenarios and ask if SigComp functionality can be supported to reduce SIP message overhead.
· Ask CT1/SA4 what SIP message packet sizes and arrival rates can be expected.
Summary
In this contribution, we considered techniques to improve the coverage of SIP signaling on PUSCH in voice over NR by using higher layer compression. We have following observations based on the discussions.
Observations:
· SigComp can compress SIP packets at application layer before encryption is used. This feature should be considered for Voice coverage enhancement. It is suitable for all scenarios regardless of whether packets are encrypted or unencrypted. 
Based on the observations and discussions above, we have following proposals.
Proposals:
· Indicate to CT1 and SA4 that 2KB SIP message sizes may impact VoNR coverage or setup latency in arduous coverage scenarios and ask if SigComp functionality can be supported to reduce SIP message overhead.
· Ask CT1/SA4 what SIP message packet sizes and arrival rates can be expected.
References
R1-2009727, “Link and System Evaluation of Coverage for FR1”, Ericsson, 3GPP TSG RAN1 meeting #103-e, October 26th – November 13th, 2020.
