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2nd Change

5.X
Web Real Time Communication (WebRTC)
5.X.1
General
A P-CSCF and an IMS-AGW may support WebRTC client access to IMS, and are then "P-CSCF enhanced for WebRTC (eP-CSCF)" and "IMS-AGW enhanced for WebRTC (eIMS-AGW)".
The following requirements apply for an "P-CSCF enhanced for WebRTC (eP-CSCF)" and "IMS-AGW enhanced for WebRTC (eIMS-AGW)":
-
End-to-access-edge security for RTP based media using DTLS-SRTP, subclause 5.11.2.4, shall be supported.
-
Interactive Connectivity Establishment (ICE), subclause 5.18, shall be supported.
-
Consent Freshness, subclause 5.18.Y, shall be supported.
-
Audio transcoding, subclause 5.13, shall be supported. Video transcoding may be supported.
-
Transcoding to/from the the Opus Audio Codec, IETF RFC 6716 [xx] should be supported.
-
Termination of data channels, subclause 5.X.Y, may be supported
NOTE 1:
Data channels are used to transport MSRP, BFCP, and GTT.

NOTE 2:
TCP transport of data channels is not addressed in the present release.

Editor´s note:
Requirements are to be completed (e.g., the IETF "rtp usage" draft indicates a bunch of WebRTC gateway requirements). The following requirements need to be investigated:
1. End-to-access-edge security for media with TCP transport.
2. WebRTC audio / video: interworking RTP-over-"Shim/DTLS/TCP" to RTP-over-UDP;
3. Transport level interworking of MSRP, BFCP, and GTT within data channels.
End of Changes
