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1. Introduction
TR 26.998 describes several AR conversational services which are listed in Table 6.1. The mapping to 5G system architecture for AR conversational services needs to be defined. This contribution discusses the alternative options for supporting AR conversational use-cases. 
Table 6.1 TR 26.998
	AR conferencing
	6.6
	8.   360-degree conference meeting
9.   XR Meeting
10. Convention / Poster Session
12. AR avatar multi-party calls
13. Front-facing camera video multi-party calls
19. AR Conferencing



2. Proposed change
[bookmark: _Toc67919040][bookmark: _Toc67919052]6.5	AR two-party calls
AR Conversational services are end-to-end use-cases that include communication between two or more parties. There are different options for mapping to 5G system: 
A. The MTSI architecture (TS 26.114) supports audio and 2D video conversational services. Extending the MTSI architecture to support AR signaling and immersive media.
B. Extending the 5GMS architecture (TS 26.501) to support AR conversational services by combining live uplink and live downlink.
C. New architecture based on browser implementations such as WebRTC.
Table 1 Comparison of different architecture options for supporting AR conversational services
	Component
	MTSI/RTP (TS 26.114)
	5GMS/HTTP (26.501)
	New architecture (WebRTC)

	Protocol
	SIP- and RTP-based. SDP signaling and formats for AR are missing and need to be defined. Decoding at MTSI client needs to be extended to support immersive media.
	TCP- and HTTP-based streaming, using DASH/HLS and MPEG OMAF/CMAF technology. AR & immersive media content and signaling are assumed to work with HTTP-based streaming in the other use-case mappings.
	Using WebRTC data channel and/or extending WebRTC audio/video for AR media such as immersive media communications. AR signaling aspects to be studied. 

	Connection establishment
	Find and connect is solved through SIP and E.164 addressing in IMS.
	Find-and-connect for the conversational, UE-to-UE, case is undefined.
	WebRTC implementations offer dedicated APIs for connection establishment in various contexts such as social media platforms. Browser applications are widely available.

	Performance
	Technically possible, latency should in principle not be a problem to achieve, building on the existing QoS and policy framework in 5GC.
	Low latency DASH support in 5GMS to be studied.
	WebRTC is designed with low latency in mind but has no defined relation to QoS and policy framework in 5GC and use of that need to be studied. 

	Deployments
	Cross-operator interconnect aspects are included. Edge processing functions to be studied.
	Cross-operator interconnect aspects are currently ignored. Edge processing functions to be studied (e.g. EMSA).
	Cross-operator interconnect aspects are currently not applicable since WebRTC is used OTT today, but will become relevant and need study if used with QoS. Edge processing functions to be studied.



3. Conclusion
It is proposed to include Section 2 in the PD as basis for further study. 
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