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5A.2
UE

A UE supporting WebRTC shall support the WebRTC device functionality as specified in draft-ietf-rtcweb-overview [xx] clause 4, excluding any requirements relating to specific audio and video codecs (that are indirectly referenced within the draft-ietf-rtcweb-overview [xx]). 
Editor's note: This clause references draft-ietf-rtcweb-transports-06 which uses the terminology "WebRTC browser", "WebRTC endpoint" and "WebRTC device" for both ends of the transport. STUN and TURN introduce further "server" and "client" terminology that has to be allowed for.



* * * Next Change * * * *

5A.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 4 as modified by draft-alvestrand-rtcweb-gateways [yy], excluding any requirements relating to specific audio and video codecs (that are indirectly referenced within the draft-ietf-rtcweb-overview [xx]).


* * * Next Change * * * *

5B.2
UE

A UE supporting WebRTC shall support the WebRTC endpoint functionality as specified in draft-ietf-rtcweb-overview [xx] clause 5, excluding requirements relating to specific audio and video codecs (that are indirectly referenced within the draft-ietf-rtcweb-overview [xx]).
Editor's note: This clause references RFC 3550 which uses the terminology "RTP implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-rtp-usage which uses the terminology "WebRTC endpoint" for both ends of the RTP, but also uses other terms e.g. "RTP endpoint". 



* * * Next Change * * * *

5B.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 5 as modified by draft-alvestrand-rtcweb-gateways [yy] and excluding requirements relating to specific audio and video codecs (that are indirectly referenced within the draft-ietf-rtcweb-overview [xx]).



* * * Next Change * * * *

5C.2
UE

A UE supporting WebRTC shall support the WebRTC device functionality as specified in draft-ietf-rtcweb-overview [xx] clause 6, excluding requirements to implement specific audio and video codecs.
A UE offering WebRTC access to the IMS shall support the speech codecs according to 3GPP TS 26.114 [xx] clause 5 and the front-end handling as specified in 3GPP TS 26.114 [zz] clause 11. 
A UE supporting WebRTC and video communication shall support the video codecs according to 3GPP TS 26.114 [xx]. 
Editor's note: This clause references draft-ietf-rtcweb-audio which uses the terminology "WebRTC clients" for both ends of the RTP. The terminology used here needs to be aligned to cater for these inconsistencies.



* * * Next Change * * * *

5C.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 6 as modified by draft-alvestrand-rtcweb-gateways [yy], excluding requirements to implement specific audio and video codecs.

An eP-CSCF and eIMS-AGW supporting UEs offering WebRTC access to the IMS shall support the codecs according to 3GPP TS 26.114 [xx] clause 5. 

An eP-CSCF receiving an SDP offer from the IMS core network should retain the received codecs in the SDP offer it sends towards the UE to avoid transcoding.



* * * Next Change * * * *

5D.2
UE

A UE supporting WebRTC shall support the WebRTC browser or WebRTC device functionality as specified in draft-ietf-rtcweb-overview [xx] clause 7 as appropriate, excluding requirements relating to specific audio and video codecs.
Editor's note: This clause references draft-ietf-rtcweb-jsep which uses the terminology "browser". The terminology used here needs to be aligned to cater for these inconsistencies.



* * * Next Change * * * *

5D.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 7 as modified by draft-alvestrand-rtcweb-gateways [yy] and excluding requirements relating to specific audio and video codecs.



* * * Next Change * * * *
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