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- removed section "Gateway Configuration";
- in section "Security Considerations" added text; and

- in section "IANA considerations" specified:
  subprotocol identifier "t140" and dcsa(t140) parameters.

New dcsa(t140) parameters "sendrecv", "sendonly", "recvonly", "inactive", "hlang-send" and "hlang-recv" need to be covered by procedures decribed in clause 5.20.2.6.
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5.20.1
General

The following requirements apply for a "P-CSCF enhanced for WebRTC (eP-CSCF)" and an "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.

-
End-to-access-edge security for RTP based media using DTLS-SRTP over TCP transport, subclause 5.11.2.5, may be supported.

-
Interactive Connectivity Establishment (ICE), subclause 5.18, shall be supported. ICE for TCP may be supported in addition to offer an alternative transport for UDP based media as specified in subclause 5.18.

-
STUN Consent Freshness, subclause 5.18.4, shall be supported.

-
RTP/RTCP transport multiplexing, subclause 5.9.2 shall be supported.

-
Audio transcoding, subclause 5.13, shall be supported. Video transcoding may be supported.

-
Transcoding to/from the Opus Audio Codec, IETF RFC 6716 [50], subclause 5.13.4, should be supported.

-
Procedures for the eIMS-AGW to act as a data channel endpoint should be supported according to IETF draft ietf-rtcweb-data-channel [61], see subclause 5.20.2.

-
Data channels used for WebRTC to transport MSRP as a data channel sub-protocol, i.e. MSRP data channels between the UE and the eIMS-AGW should be supported according to IETF draft-ietf-mmusic-msrp-usage-data-channel [62] and the procedures in subclause 5.19.6. SCTP/DTLS/UDP should be transported as protocol stack for data channels and SCTP/DTLS/TCP may be supported.
-
Data channels used for WebRTC to transport T.140 (used for Global Text Telephony, GTT) as a data channel sub-protocol, i.e. T.140 data channels between the UE and the eIMS-AGW may be supported according to IETF draft-ietf-mmusic-t140-usage-data-channel [75] and the procedures in subclause 5.20.2.6.

-
The media plane optimization procedures in subclause 5.20.3 may be supported.
*** Next Change ***

5.20.2.6
T.140 within WebRTC data channel

T.140 (see ITU‑T Recommendation T.140 [73]) is used for Global Text Telephony (GTT). T.140 signalling can be transferred over WebRTC data channels as a data channel sub-protocol according to IETF draft-ietf-mmusic-t140-usage-data-channel [75]. The WebRTC data channel procedures in subclause 5.20.2.2 shall apply with the modifications described in the present subclause.

T.140 within a data channel is identified via the "t140" value of the "subprotocol" parameter of the SDP "a=dcmap" attribute.

T.140 transported outside the data channel in the IMS core network is identified via the "RTP/AVP" or "RTP/AVPF" value of the "proto" parameter and the "text" value of the "media" parameter of the SDP m-line, and via the "t140" MIME subtype signalled in the SDP "a=rtpmap" attribute (see IETF RFC 4103 [74]).

The eIMS-ALG shall apply the procedures in subclause 5.20.2.2 to configure the eIMS-AGW for an application-aware handling of the contents within the data channel.

For the termination toward the IMS core network, the eIMS-ALG:

-
shall provision "RTP/AVP" or "RTP/AVPF" as transport and the "t140" payload type;
-
shall de-encapsulate the SDP "fmtp:- cps" attributes, "sendrecv", "sendonly", "recvonly", "inactive", "hlang-send" and "hlang-recv" received within "a=dcsa" attributes from the served WIC;
-
shall forward those attributes within the SDP body in the corresponding SIP message sent to the IMS core network; and

-
shall provision the SDP "fmtp:- cps" attributes to the eIMS-AGW.

For the termination towards the WebRTC access network, the eIMS-ALG:
-
shall not include the "max-retr", "max-time" and "ordered" parameters in the "a=dcmap" SDP attribute;
-
shall encapsulate SDP "fmtp:- cps", "sendrecv", "sendonly", "recvonly", "inactive", "hlang-send" and "hlang-recv" attributes received from the IMS core network within "a=dcsa" attributes and forward those attributes within the SDP body in the corresponding SIP message sent to the served WIC; and
-
shall provision SDP "fmtp:- cps" attributes received from the IMS core network to the eIMS-AGW.
The eIMS-AGW should handle T.140 protocol layer in the following application specific manner:

-
the eIMS-AGW should detect inactivity of T.140 traffic from the served WIC and then send empty RTP packets towards the IMS core network;

-
the eIMS-AGW should buffer the T.140 payload received within incoming RTP packets from the IMS core network to correct out-of-order delivery; and

-
the eIMS-AGW should detect missing RTP packets from the IMS core network and then send new T140 blocks with "missing text marker" information to the served WIC.
*** End of Changes ***

