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1. [bookmark: _Toc504713888]Introduction
In this contribution, we discuss the protocol for iRTC clients to support WebRTC-based real-time transport in 5G. 
1. Protocol Stack Considerations
The IETF has defined the transport protocols for WebRTC in RFC8835[1]. The specified protocol stack for WebRTC is depicted in the following figure:

The exchange of RTP packets for media data, RTCP packets, and SCTP packets may only take place after a successful DTLS handshake. SRTP may send SRTP packets directly without DTLS encapsulation, once the key exchange over DTLS-SRTP has taken place.
W3C has defined the WebRTC APIs [2] that allow a user agent to gain access to the WebRTC protocol stack to establish and manage WebRTC sessions. Native implementations usually follow a similar API design and offer equivalent functionality.
In order to integrate WebRTC in the 5G system, extensions of the protocol stack to define a consistent and interoperable control plane are needed. The following high level protocol stack is proposed:

The enhancements will consist of the following:
· An optional set of session control protocols that will provide access to an MNO-managed WebRTC signaling server
· Extensions to the M5 RESTful APIs to convey the transport parameters and the corresponding media characteristics to the 5GMS AF for QoS allocation
· Extensions to the M6 APIs to provide access to the WebRTC session management features for 5G system integration
· Extension to the WebRTC API interface to allow for cross-layer optimization
Depending on the collaboration scenario and the application, the used protocol stack may vary slightly. The user plane shall remain fully compliant with WebRTC, independent of the deployment or collaboration scenario. However, backwards-compatible extensions, such as RTP header extensions, which are widely used nowadays in WebRTC, maybe considered whenever needed.
1. Proposal
We propose to agree and document the proposal in clause 2 as a step to address the first objective of the iRTCW WID.
1. References
[1]		IETF RFC 8835, “Transports for WebRTC”
[2]		W3C, “WebRTC 1.0: Real-Time Communication Between Browsers”, W3C Recommendation 26 January 2021
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