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1. Introduction
In SA4#121, S4-221388[1] and S4-221354[2] were approved to enable the WebRTC signaling server and media server for media flow session management. The recap of the text was agreed upon in TS 26.506-100 [2] is highlighted below:
	4.2.10	Trusted media function
A media server may be offered by the MNO to support WebRTC sessions. It may offer a wide range of functionality such as:
-	a content server that serves content to the WebRTC application, e.g. through a data channel
-	media processing functionality: may be used by the WebRTC application as a relay that performs some media processing function such as transcoding, recording, 3D reconstruction, etc.
-	scene composition functionality: the server may compose a 3D scene and distribute it to several point-to-point WebRTC sessions
-	Multi-point Control Unit (MCU) functionality: the server may offer multi-party conferencing functionality to merge a number of point-to-point WebRTC sessions
-	Selective Forwarding Unit (SFU) functionality: the server may offer the selection, copy, and forwarding functionality of IP steams produced by multiple WebRTC endpoints (i.e., participants).
-	Maintain uplink and downlink flow context (QoS, remote control and etc.) by interacting with the WebRTC signalling function.

4.2.7	Trusted WebRTC signalling function
The trusted WebRTC signalling function is used to setup and manage MNO-operated WebRTC applications. They offer a standardized signalling protocol for the session setup to both parties of the WebRTC session. The WebRTC signalling function will handle the offer/answer exchange and will have access to the SDP in both directions.
The WebRTC signalling function may use that knowledge to offer network assistance and other 5G features to the endpoints of the WebRTC session.
The WebRTC signalling function manages media flow sessions in both uplink and downlink directions.




Based on the TS 26.506-100, the current agreed 5G-RTC general architecture is below. 



The media bitstream and application data traffic shall be carried by the RTC-4 interface as defined in Clause 4.3.3 of TS 26.506-021:
	4.3.3	RTC-4: Media-centric transport interface
This interface is used to exchange the WebRTC traffic with the other endpoint as well as to exchange signaling information related to the WebRTC session with the trusted application servers.
The traffic includes:
-	Media streams sent over RTP
-	Application data sent over data channel
-	WebRTC Signaling data along with STUN and TURN servers
-	Other application data
RTC-4 may further be grouped into two sub-interfaces as follows.
RTC-4s:
The RTC-4s interface is an interface between the WebRTC framework and the 5G-RTC AS such as WebRTC Signaling server. This interface is used for the exchange of signaling information related to the WebRTC session between two or more WebRTC endpoints using trusted application servers. In some cases where the signaling is not handled by WebRTC framework, the RTC-4s interface is an interface between the native WebRTC applications and the WebRTC Signaling server.
RTC-4m:
This interface is used for transmission of media and other related data between two or more WebRTC endpoints.
The traffic includes
· Media data transmitted over RTP
· Application data transmitted using Data channel
· Media related meta-data transmitted using Data channel 
NOTE 1:	The Media Server should maintain the status for both uplink and downlink traffic and a separate interface for supporting downlink and uplink is expected to be defined in this specification. 
NOTE 2:	WebRTC-enabled UE should support streaming functions for uplink and downlink traffic. Therefore a new entity in UE may be defined. 




In this contribution, we propose the high-level procedure of enabling the WebRTC signaling server and media server for media flow session management.

2. proposed changes: 
[bookmark: _Toc67960826]* * * First Change * * * *

5. x Procedures for media flow session management. 
The procedures of enabling WebRTC signaling server and media server for media flow session management is illustrated in Figure 5.x-1. 



Figure 5.x-1 High-level procedure of enabling WebRTC signaling server for media flow session

Pre-conditions:
Peer’s MSH shall be able to discover and configure STUN/TURN server, send control signal to WebRTC Signalling server (WSS) and receive connection information from WSS. WebRTC peers established connections using with interface RTC-5. 

Steps:
1. WebRTC Peer starts the uplink media streaming towards a trusted media server. 
2. Media servers notifies WSS about the uplink session information and collect existing streaming session information. 
3. Media server uses the collected session information from the WSS to request QoS allocation from 5G-RTC AF. 
4. (optional) Media server sends a notification to WebRTC Peer before downlink session starts
5. WebRTC peer starts the downlink streaming session. 
When there are network event updates:
6. 5G-RTC AF notifies Media Server about network event (i.e. QoS update). 
7. Media Server updates downlink session accordingly (i.e. select low bitrate for downlink peer) and notifies WSS about downlink streaming session update. 
8. Media Server updates downlink session. 
Terminate uplink session:
9. WebRTC peer terminates the uplink session
10. Media server sends update to WSS
11. (Optional) Media server sends peer uplink termination notification.
12. WebRTC peer stops the downlink session.  


* * * End Change * * * *

3. Proposal
It is proposed to add clause 2 into the GA4RTAR TS 26.506 as a base line for stage 3 work. 

Reference:
[1] S4-221388 More about WebRTC signaling Server for session management in  GA4RTAR
[2] S4-221354 Additional feature for trust media server in GA4RTAR
[3] TS 26.506-100 5G Real-time Media Communication Architecture (Stage 2)
[4] S4aR230036 [iRTCW] WebRTC Application Signaling Protocol (WASP)
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