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1.

Dependencies

The key IETF specifications that the W3C GetUserMedia specification
Eggggiﬁgﬁly depends on is: [I-D.ietf-rtcweb-constraints-registry],

The key IETF specifications that the W3C WebRTC specification
normatively depended on are: [I-D.ietf-rtcweb-alpn],
I-D.ietf-rtcweb-audio], [I-D.ietf-rtcweb-data-c annel],
I-D.ietf-rtcweb-data-protocol], [I-D.ietf-rtcweb-jsep],
I-D.ietf-rtcweb-rtp-usage], [I-D.ietf-rtcweb-security-arch],
I—D.ietf—rtcweb—transportsj, EI—D.ietf—rtcweb—video], [RFC2119],
RFC3264], [RFC3388], [RFC5245], [RFC7064], [RFC7065] and
informatively depends on [I-D.ietf-rtcweb-overview],
[I-D.ietf-rtcweb-security], and [I-D.ietf-mmusic-trickle-ice].

These IETF drafts in_turn normativel{ depend on the following drafts:
I-D.ietf-rtcweb-fec], [I-D.ietf-pay oad—Flexible—fec—schemeﬁ,
.letf-mmusic-trickle-ice],
.nandakumar-mmusic-proto-iana-registration],
.ietf-avtcore-multi-media-rtp-session],
.ietf-avtcore-rtp-circuit-breakers],
.ietf-avtcore-rtp-multi-stream-optimisation],
.ietf-avtcore-rtp-multi-stream], [I-D.ietf-mmusic-msid],
.ietf-mmusic-sctp-sdp], [I-D.ietf-mmusic-sdp-bundle-negotiation],
.ietf-mmusic-sdp-mux-attributes], [I-D.ietf-payload-rtp-opus],
.ietf-payload-vp8], [I-D.ietf-rtcweb-alpn],
.ietf-rtcweb-data-protocol], [I-D.ietf-rtcweb-security],
.ietf-rtcweb-stun-consent-freshness],
.ietf-tls-applayerprotoneg], [I-D.ietf-tram-alpn],
.ietf—tsvwg—rtcweb—qos], iI—D.ietf—tsvwg—sctp—dtls—encaps],
.letf-tsvwg-sctp-ndata], [I-D.ietf-tsvwg-sctp-prpolicies],
.martinsen-mmusic-ice-dualstack-fairness].
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Right now security normatively depends on [I-D.ietf-rtcweb-overview].

The drafts webrtc currently normatively depends on that are not WG
drafts are: [I-D.martinsen-mmusic-ice-dualstack-fairness],
[I-D.nandakumar-mmusic-proto-iana-registration].

few key drafts that the work informatively depends on:
-D.alvestrand-rtcweb-gateways],
.hutton-rtcweb-nat-firewall-considerations],
.letf-avtcore-multiplex-guidelines]
.ietf—avtcore—rtp—toEologies—update ,
.letf-avtcore-srtp-e t%, [I-D.1ietf-avtext-rtp-grouping-taxonomy],
.ietf-dart-dscp-rtp], [I-D.ietf-mmusic-trick e—iceﬁ,
.letf-rmcat-cc-requirements],
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1.1. Time Estimates

WebRTC Dependencies

.ietf-rtcweb-use-cases-and-requirements],
.kaufman-rtcweb-security-ui], [I-D.lennox-payload-ulp-ssrc-mux],
.nandakumar-rtcweb-sdp], [I-D.roach-mmusic-unified-plan],
.letf-rtcweb-audio-codecs-for-interop],
.westerlund-avtcore-multiplex-architecture].

March 2015

The following table has some very rough estimates of when the draft
Historically these dates have often taken much

will become an RFC.

longer than the estimates so take this with a large dose of salt.

| [RFC6904]
I [RFC7007]
I [RFC7022]
I [RFC7064]
I [RFC7065]
I [RFC7160]
I [RFC7301]
I [RFC7350]
I [RFC7443]
I PubReq
I PubReq
I PubReq
I PubReq
I PubReq
I PubReq
I PubReq
I PubReq

Jennings

.letf-avtcore-srtp-encrypted-header-ext]
.letf-avtcore-avp-codecs]
.ietf-avtcore-6222bis]
.nandakumar-rtcweb-stun-uri]
.petithuguenin-behave-turn-uris]
.letf-avtext-multiple-clock-rates]
.ietf-tls-applayerprotoneg]
.ietf-tram-stun-dtls]
.ietf-tram-alpn]

.ietf-payload-vp8]
.ietf-rtcweb-data-channel]
.ietf-rtcweb-data-protocol]
.ietf-rtcweb-security-arch]
.letf-rtcweb-security]
.letf-rtcweb-rtp-usage]
.ietf-rtcweb-stun-consent-freshness]

.letf-tsvwg-sctp-dtls-encaps]
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Pubreq [I-D.ietf-payload-rtp-opus]

PubReq [I-D.ietf-tsvwg-sctp-prpolicies]

WGLC [I-D.ietf-rtcweb-overview]

WGLC [I-D.ietf-rtcweb-video]

2015 Jan [I-D.ietf-rtcweb-constraints-registry]
2015 Jan [I-D.ietf-rtcweb-transports]

2015 Feb [I-D.ietf-mmusic-sdp-bundle-negotiation]
2015 Feb [I-D.ietf-mmusic-sdp-mux-attributes]
2015 Feb [I-D.ietf-rtcweb-alpn]

2015 Feb [I-D.ietf-tsvwg-sctp-ndata]

2015 Mar [I-D.ietf-mmusic-msid]

2015 Mar

2015 May [I-D.ietf-rtcweb-audio]

2015 May [I-D.ietf-rtcweb-jsep]

[I-D.ietf-avtcore-multi-media-rtp-session]
[I-D.ietf-avtcore-rtp-circuit-breakers]
[I-D.ietf-avtcore-rtp-multi-stream-optimisation]
[I-D.ietf-avtcore-rtp-multi-stream]
[I-D.ietf-tsvwg-rtcweb-qos]
[I-D.nandakumar-mmusic-proto-iana-registration]
[I-D.ietf-rtcweb-fec]
[I-D.ietf-payload-flexible-fec-scheme]

[I-D.ietf-mmusic-trickle-ice]
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I
I
I
I
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[I-D.ietf-mmusic-sctp-sdp] I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I

[I-D.martinsen-mmusic-ice-dualstack-fairness]
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I
I | [I-D.ietf-httpbis-tunnel-protocol] I
R et e e e E +

2. References
2.1. Normative References

[I-D.ietf-avtcore-6222bis]
Begen, A., Perkins, C., Wing, D., and E. Rescorla,
"Guidelines for Choosing RTP Control Protocol (RTCP)
Canonical Names (CNAMEsg", draft-ietf-avtcore-6222bis-06
(work in progress), July 2013.

[I-D.ietf-avtcore-avp-codecs]
Terriberry, T., "Update to Remove DVI4 from the
Recommended Codecs for the RTP Profile for Audio and Video
Conferences with Minimal Control (RTP/AVP)", draft-ietf-
avtcore-avp-codecs-03 (work in progress), July 2013.

[I-D.ietf-avtcore-multi-media-rtp-session]
Westerlund, M., Perkins, C., and J. Lennox, "Sending
Multiple Types of Media in a Single RTP Session", draft-
ietf-avtcore-multi-media-rtp-session-06 (work in
progress), October 2014.

[I-D.ietf-avtcore-rtp-circuit-breakers]
Perkins, C. and V. Singh, "Multimedia Congestion Control:
Circuit Breakers for Unicast RTP Sessions™, draft-ietf-
avtcore-rtp-circuit-breakers-07 (work in progress),
October 2014.

[I-D.ietf-avtcore-rtp-multi-stream]
Lennox, J., Westerlund, M., Wu, W., and C. Perkins,
"Sending Multiple Media Streams in a Single RTP Session",
draft-ietf-avtcore-rtp-multi-stream-06 (work in progress),
October 2014.

[I-D.ietf-avtcore-rtp-multi-stream-optimisation]
Lennox, J., Westerlund, M., Wu, W., and C. Perkins,
"Sending Multiple Media Streams in a Single RTP Session:
Grouping RTCP Reception Statistics and Other Feedback",
draft-ietf-avtcore-rtp-multi-stream-optimisation-04 (work
in progress), August 2014.

Jennings Expires September 24, 2015 [Page 5]



Internet-Draft WebRTC Dependencies March 2015

[I-D.ietf-avtcore-srtp-encrypted-header-ext]
Lennox, J., "Encryption of Header Extensions in the Secure
Real-Time Transport Protocol (SRTP)", draft-ietf-avtcore-
Sg%g—encrypted— eader-ext-05 (work in progress), February

[I-D.ietf-avtext-multiple-clock-rates]
Petit-Huguenin, M. and G. Zorn, "Support for Multiple
Clock Rates in an RTP Session", draft-ietf-avtext-
multiple-clock-rates-11 (work in progress), November 2013.

[I-D.ietf-httpbis-tunnel-protocol]
Hutton, A., Uberti, J., and M. Thomson, "The Tunnel-
Protocol HTTP Request Header Field", draft-ietf-httpbis-
tunnel-protocol-00 (work in progress), August 2014.

[I-D.ietf-mmusic-msid]
Alvestrand, H., "WebRTC MediaStream Identification in the
Session Description Protocol", draft-ietf-mmusic-msid-07
(work in progress), October 2014.

[I-D.ietf-mmusic-sctp-sdp]
Loreto, S. and G. Camarillo, "Stream Control Transmission
Protocol (SCTP)-Based Media Transport in the Session
Description Protocol (SDP)", draft-ietf-mmusic-sctp-sdp-07
(work in progress), July 2014.

[I-D.ietf-mmusic-sdp-bundle-negotiation]
Holmber%, C., Alvestrand, H., and C. Jennings,
"Multiplexing Negotiation Using Session Description
Protocol (SDP) Port Numbers", draft-ietf-mmusic-sdp-
bundle-negotiation-04 (work in progress), June 2013.

[I-D.ietf-mmusic-sdp-mux-attributes]
Nandakumar, S., "A Framework for SDP Attributes when
Multiplexing", draft-ietf-mmusic-sdp-mux-attributes-04
(work in progress), October 2014.

[I-D.ietf-mmusic-trickle-ice]
Ivov, E., Rescorla, E., and J. Uberti, "Trickle ICE:
Incremental Provisioning of Candidates for the Interactive
Connectivitﬁ Establishment (ICE) Protocol", draft-ietf-
mmusic-trickle-ice-01 (work in progress), February 2014.
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[I-D.ietf-payload-flexible-fec-scheme]
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scheme-00 (work in progress), February 2015.

[I-D.ietf-payload-rtp-opus]
Spittka, J., Vos, K., and J. Valin, "RTP Payload Format
for Opus Speech and Audio Codec", draft-ietf-payload-rtp-
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[I-D.ietf-payload-vp8]
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Galligan, "RTP Payioad Format for VP8 Video", draft-ietf-
payload-vp8-11 (work in progress), February 2014.

[I-D.ietf-rtcweb-alpn]
Thomson, M., "Application Layer Protocol Negotiation for
Web Real-Time Communications (WebRTC)", draft-ietf-rtcweb-
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[I-D.ietf-rtcweb-audio]
Valin, J. and C. Bran, "WebRTC Audio Codec and Processing
Requirements", draft-ietf-rtcweb-audio-07 (work in
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Burnett, D., "IANA Registry for RTCWeb Constrainable
Properties", draft-ietf-rtcweb-constraints-registry-00
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[I-D.ietf-rtcweb-fec]
Uberti, J., "WebRTC Forward Error Correction
Requirements", draft-ietf-rtcweb-fec-01 (work in
progress), March 2015.

Jennings Expires September 24, 2015 [Page 7]



Internet-Draft WebRTC Dependencies March 2015
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