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8.1
General
This clause specifies the procedures for negotiating usage of, and opening and closing of, a WebRTC data channel between the WIC and the eP-CSCF.
WebRTC data channels are realized using an SCTP association running on top of DTLS, as described in RFC 8261 [23] and draft-ietf-rtcweb-data-channel [16].

If WebRTC data channels are supported, UDP transport of DTLS shall be supported and TCP transport of DTLS may be supported to enable traversal of UDP-blocking NATs/firewalls. ICE procedures as defined in 3GPP TS 24.229 [3] shall be used to negotiate the transport protocol. UDP shall be offered as ICE default candidate and TCP may be offered as additional ICE candidate.

Once the SCTP association has been negotiated (using draft-ietf-mmusic-sctp-sdp [18]) and established, the WIC and eIMS-AGW (controlled by the eP-CSCF) either use the Data Channel Establishment Protocol (DCEP) for opening data channels, as described in draft-ietf-rtcweb-data-protocol [17], or they use the SDP negotiation based on draft-ietf-mmusic-data-channel-sdpneg [36].
Closing of a data channel is signalled via SCTP and, if SDP negotiation was used for the data channel establishment, also using draft-ietf-mmusic-data-channel-sdpneg [36].
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