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Annex U (Normative):
WebRTC access to IMS - network-based architecture

U.1
Overview

U.1.0
General

Web Real-Time Communication (WebRTC) is specified in IETF Draft, draft-ietf-rtcweb-overview [84] and WebRTC 1.0 [85]. This Annex specifies a network-based architecture for the support of WebRTC client's access to IMS.Any requirements for specific audio and video codecs from draft-ietf-rtcweb-overview (directly and indirectly referenced) do not apply for WebRTC access to IMS; the codecs that shall be supported for WebRTC access to IMS are described in TS 26.114 [76].  
NOTE:
The UE can also perform WebRTC access to IMS by implementation specific means in the UE in which it exposes a standard Gm interface towards IMS.

>>>Next Change<<<
U.1.3
Functional entities

U.1.3.1
WIC (WebRTC IMS Client)

A WebRTC IMS Client (WIC) is an application using the WebRTC extensions specified in WebRTC 1.0 [85] except for those extensions specifically exempted by 3GPP specifications (e.g. TS 26.114 [76]), and providing access to IMS by interoperating with the WebRTC IMS access architecture defined in this Annex.

Any IP access network with access to the internet may be used by a WIC; nevertheless WebRTC traffic is subject to the QoS and reachability limitations of this access network.
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