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1. Introduction
Illustrations of protocol stack, as in Figure 4.3 of [1] or Figure 4.4.1-1 of [2], have been unique features of 3GPP standards, showing the implementers a big picture of the transport systems and enabling development planning. They also reveal potential opportunities for optimization.

[image: ]
Overall architecture of WebRTC [3]

However, official documents or web resources for WebRTC do not include such illustrations. In this contribution, we discuss a few examples from unofficial sources and identify issues to check when specifying a version of WebRTC protocol stack for the iRTC client, which will also be used for defining the functional components.

2. SRTP/UDP-based protocol stack
WebRTC does not have a clear separation between user and control plane protocols but there are illustrations showing the media and data channels as well as signalling. It remains to be discussed whether to specify only user plane protocols, or describe media codecs somehow, e.g., on top of SRTP. Reasons for having a shorter width for ICE, STUN, TURN than UDP may also be clarified.




WebRTC protocol stack [4]
The peer-to-peer connectivity is handled by the RTCPeerConnection interface. This is the central point for establishing and controlling the connection between two peers in WebRTC [5]. The inputs into the iRTC client need to be aligned with navigator.mediaDevices.getUserMedia() of WebRTC that specifies media capture.

3. QUIC-based protocol stack
Although not official W3C standards yet, there have been proposals to replace aging protocols with QUIC for a simplified structure and efficiency [6]. It will be necessary to discuss and determine the version of WebRTC for iRTC client as W3C is working on a Next Version (NV) [7].




WebRTC protocol stack [8]

4. Proposal
It is requested to include clauses 2 and 3, and the references of this document in the permanent document and take them into account in the discussion of WebRTC protocol stack and related topics. Visio templates for the figures are attached for facilitating the preparation of contributions.
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