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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 [30] clause 4 as modified by draft-ietf-rtcweb-gateways [31], excluding requirements, if any, relating to specific audio and video codecs that are indirectly referenced within the draft-ietf-rtcweb-overview [30] clause 4.
***** NEXT MODIFICATION *****

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 [30] clause 5 as modified by draft-ietf-rtcweb-gateways [31] and excluding requirements, if any, relating to specific audio and video codecs that are indirectly referenced within the draft-ietf-rtcweb-overview [30] clause 5.
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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 [30] clause 6 as modified by draft-ietf-rtcweb-gateways [31], excluding requirements to implement specific audio and video codecs.

An eP-CSCF and eIMS-AGW supporting UEs offering WebRTC access to the IMS via GPRS IP-CAN (as described in 3GPP TS 24.229 [3], annex B), EPS IP-CAN (as described in 3GPP TS 24.229 [3], annex L), or EPC via WLAN IP-CAN (as described in 3GPP TS 24.229 [3], annex R) shall support the codecs according to 3GPP TS 26.114 [34] clause 5.

An eP-CSCF and eIMS-AGW supporting UEs offering WebRTC access to the IMS via xDSL, Fiber or Ethernet IP-CAN (as described in 3GPP TS 24.229 [3], annex E) shall support the codecs according to 3GPP TS 26.114 [34] clause 18.

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.

NOTE:
Media related requirements related to specific codecs, if any, to be supported by a eP-CSCF supporting WebRTC access to the IMS via IP-CAN other than GPRS IP-CAN, other than EPS IP-CAN, other than EPC via WLAN IP-CAN, and other than xDSL, Fiber or Ethernet IP-CAN are out of scope of this specification.
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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 [30] clause 7 as modified by draft-ietf-rtcweb-gateways [31] and excluding requirements, if any, relating to specific audio and video codecs that are indirectly referenced within the draft-ietf-rtcweb-overview [30] clause 7.
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