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Abstract

This draft will never be published as an RFC and is meant purely to
help track the IETF dependencies from the W3C WebRTC documents.

Status of This Memo

This Internet-Draft is submitted in full conformance with the
provisions of BCP 78 and BCP 79.

Internet-Drafts are workinﬂ documents of the Internet Engineering
Task Force (IETF). Note that other groups may also distribute
working documents as Internet-Drafts. The list of current Internet-
Drafts is at http://datatracker.ietf.org/drafts/current/.

Internet-Drafts are draft documents valid for a maximum of six months
and may be updated, replaced, or obsoleted by other documents at any
time. It is inappropriate to use Internet-Drafts as reference
material or to cite them other than as "work in progress.”

This Internet-Draft will expire on October 13, 2014.
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1. Dependencies

The W3C GetUserMedia specification normatively depends on
[I-D.burnett-rtcweb-constraints-registry].

The W3C WebRTC specification normatively depended on [RF(C5245]
RFC2119] [RFC3388] [RFC7064] [RFC7065] [I-D.ietf-rtcweb-audio]
I-D.ietf-rtcweb-data-channel] FI—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-transports] TODO I-D
.letf-rtcweb-video [RF(C3264] and informatively depends on

[I-D.ietf-rtcweb-overview] [I-D.ietf-rtcweb-security].
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2.1. Normative References

[I-D.burnett-rtcweb-constraints-registry]
Burnett, D., "IANA Registry for RTCWeb Constrainable
Properties", draft-burnett-rtcweb-constraints-registry-05
(work in progress), February 2014.

[I-D.ietf-rtcweb-audio]
Valin, J. and C. Bran, "WebRTC Audio Codec and Processing
Requirements", draft-ietf-rtcweb-audio-05 (work in
progress), February 2014.

[I-D.ietf-rtcweb-data-channel]
Jesup, R., Loreto, S., and M. Tuexen, "WebRTC Data
Channels", draft-ietf-rtcweb-data-channel-08 (work in
progress), April 2014.

[I-D.ietf-rtcweb-data-protocol]
JesuB R., Loreto, S., and M. Tuexen, "WebRTC Data Channel
Establishment Protoco{", draft-ietf-rtcweb-data-
protocol-04 (work in progress), April 2014.

[I-D.ietf-rtcweb-jsep]
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Uberti, J. and C. Jennings, "Javascript Session
Establishment Protocol", draft-ietf-rtcweb-jsep-06 (work
in progress), February 2014.

[I-D.ietf-rtcweb-rtp-usage]
Perkins, C., Westerlund, M., and J. Ott, "Web Real-Time
Communication (WebRTC): Media Transport and Use of RTP",
draft-ietf-rtcweb-rtp-usage-06 (work in progress),
February 2013.

[I-D.ietf-rtcweb-security-arch]
Rescorla, E., "WebRTC Security Architecture", draft-ietf-
rtcweb-security-arch-09 (work in progress), February 2014.

[I-D.ietf-rtcweb-transports]
Alvestrand, H., "Transports for RTCWEB", draft-ietf-
rtcweb-transports-03 (work in progress), March 2014.

[RFC2119] Bradner, S., "Key words for use in RFCs to Indicate
Requirement Levels", BCP 14, RFC 2119, March 1997.

[RFC3264] Rosenberg, J. and H. Schulzrinne, "An Offer/Answer Model
gégg Session Description Protocol (SDP)", RFC 3264, June

[RFC3388] Camarillo, G.? Eriksson, G., Holler, J., and H.
Schulzrinne, "Grouping of Media Lines in the Session
Description Protocol %SDP)", RFC 3388, December 2002.

[RFC5245] Rosenberg, J., "Interactive Connectivity Establishment
(ICE): A Protocol for Network Address Translator (NAT)
Traversal for Offer/Answer Protocols", RFC 5245, April

2010.
[RFC7064] Nandakgmar? S., Salgueiro, G., Jones, P., and M. Petit-
Huguenin, "URI Scheme for the Session Traversal Utilities

for NAT (STUN) Protocol", RFC 7064, November 2013.

[RFC7065] Petit-Huguenin, M., Nandakumar, S., Salgueiro, G., and P.
Jones, "Traversal Using Relays around NAT (TURN) Uniform
Resource Identifiers", RFC 7065, November 2013.

2.2. Informative References
[I-D.ietf-rtcweb-overview] . .
Alvestrand, H., "Overview: Real Time Protocols for Brower-

based Applications", draft-ietf-rtcweb-overview-09 (work
in progress), February 2014.
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[I-D.ietf-rtcweb-security]
Rescorla, E., "Security Considerations for WebRTC", draft-
ietf-rtcweb-security-06 (work in progress), January 2014.
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