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W3C WG IPR Policy
● This group abides by the W3C patent policy

https://www.w3.org/Consortium/Patent-Policy-20040205 
● Only people and companies listed at  

https://www.w3.org/2004/01/pp-impl/47318/status are 
allowed to make substantive contributions to the 
WebRTC specs
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Welcome!
● Welcome to the interim meeting of the W3C 

WebRTC WG!
● During this meeting, we hope to make 

progress on outstanding issues within 
webrtc-pc and mediacapture-main

● Editor’s Draft updates to follow meeting 
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webrtc-pc

● As announced, we are targeting to submit a 
transition (to CR) request after this meeting!

● Of course we need to deal with open Issues 
before - hoping this meeting will be fruitful

● Reminder: we would like feedback from 
implementers on features that are not on 
their radar for implementation
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About this Virtual Meeting
Information on the meeting: 
● Meeting info: 

○  
● Link to latest drafts:

○
○
○

● Link to Slides has been published on WG wiki 
● Scribe? IRC http://irc.w3.org/ Channel: #webrtc 
● The meeting is being recorded.
● WebEx info here 5
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For Discussion Today
● WebRTC-PC

○ Pull Requests
■ Issue 1073/Issue 1116/PR 1134: Adding more detail about how 

getParameters and setParameters work. (Taylor)
■ Issue 1101/PR 1133: RTCRtpContributingSource naming (Taylor)
■ Issue 763/PR 1150: Handling of Simulcast Errors (Bernard)
■ Issue 1092/PR 1115: DTLS failures (Bernard)
■ Issue 1138/PR 1145: FrozenArray, sequence and SameObject (foolip)

○ Issues
■ Issue 1128: Does MSID still work? (Taylor)

● Media Capture
○ Pull Requests

■ Issue 434/PR 445: Add autoGainControl and noiseSupression 
constraints (jan-ivar) 6

https://github.com/w3c/webrtc-pc/issues/1073
https://github.com/w3c/webrtc-pc/issues/1116
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https://github.com/w3c/webrtc-pc/issues/1092
https://github.com/w3c/webrtc-pc/pull/1115
https://github.com/w3c/webrtc-pc/issues/1092
https://github.com/w3c/webrtc-pc/issues/1138
https://github.com/w3c/webrtc-pc/pull/1145
https://github.com/w3c/webrtc-pc/issues/1138
https://github.com/w3c/webrtc-pc/issues/1128
https://github.com/w3c/webrtc-pc/issues/1128
https://github.com/w3c/mediacapture-main/issues/434
https://github.com/w3c/mediacapture-main/pull/445
https://github.com/w3c/mediacapture-main/issues/434


WebRTC PC Pull Requests
● Issue 1073/Issue 1116/PR 1134: Adding more detail about how 

getParameters and setParameters work. (Taylor)
● Issue 1101/PR 1133: RTCRtpContributingSource naming (Taylor)
● Issue 763/PR 1150: Handling of Simulcast Errors (Bernard)
● Issue 1092/PR 1115: DTLS failures (Bernard)
● Issue 1138/PR 1145: FrozenArray, sequence and SameObject (foolip)
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Issue 1073/Issue 1116/PR 1134: Adding more detail about 
how getParameters and setParameters work (Taylor)

● Decision from April virtual interim: “sendEncodings” parameter can be used to preemptively 
set any read-write encoding parameters.

● Other things specified in PR 1134:
○ Before a remote description is set, “sender.getParameters” only returns encoding 

parameters. Which can be modified by “setParameters”.
○ Setting a remote description populates the sender’s codec and header extension 

parameters.
○ For an RTCRtpReceiver, SSRCs come from the remote description and everything 

else comes from the local description.
○ Receiver’s parameters are entirely determined by SDP, since there is no 

“receiver.setParameters”.
■ This means that if SSRCs are unsignaled, they won’t be returned by 

“receiver.getParameters”.
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Issue 1101/PR 1133: RTCRtpContributingSource naming 
(Taylor)

● As decided at April virtual interim, “getContributingSources” was split into two methods: 
“getContributingSources” and “getSynchronizationSources”.

● The objects returned by these methods are:

interface RTCRtpContributingSource {

    readonly attribute DOMHighResTimeStamp timestamp;

    readonly attribute unsigned long       source;

    readonly attribute byte?               audioLevel;

};

interface RTCRtpSynchronizationSource {

    readonly attribute DOMHighResTimeStamp timestamp;

    readonly attribute unsigned long       source;

    readonly attribute byte                audioLevel;

    readonly attribute boolean?            voiceActivityFlag;

};
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Issue 763/PR 1150: Handling of Simulcast Errors (Bernard)
● Problem: Encoding parameter errors (in simulcast as well as other uses) 

difficult to diagnose.
● Proposed fix adds ErrorDetailType values:

○ invalid-encoding-parameters: Invalid RTCRtpEncodingParameters dictionary provided to 
addTransceiver() or setParameters().

■ invalidParameters[] attribute: set to the parameters that were invalid. 
○ too-many-encodings: Too many encodings requested in addTransceiver().

■ maxEncodings attribute: how many encodings are supported. Problem: is this dynamic?
○ invalid-codecs: Invalid or unavailable codecs provided to setParameters() or setCodecPreferences().

■ invalidCodecs[] attribute: set to the mimeType of the codecs that were invalid.
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Issue 1092/PR 1115: DTLS Failures (Bernard)

● Goal: To provide information on recoverable 
DTLS errors (and distinguish them from 
unrecoverable errors). Examples:

○ Cryptographic negotiation failure (43)
○ Fingerprint not verified (42)
○ Protocol version failure (70)

● Approach:
○ Add "dtls-failure" value to RTCErrorDetailType
○ Add tlsAlert attribute to RTCError, containing the 

(D)TLS alert value: 
https://www.iana.org/assignments/tls-parameters/tls-p
arameters.xhtml#tls-parameters-6
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Issue 1138/PR 1145: FrozenArray, sequence and SameObject 
(foolip)

● This should be merged after confirming that none of the renamed things have 
been implemented anywhere.
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WebRTC PC Issues
● Issue 1128: Does MSID still work? (Taylor)
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Issue 1128: Does MSID still work? (Taylor)

● Sometimes remote track IDs are generated, because:
○ The RtpReceiver’s track is created at construction time, for “early 

media” use cases.
○ Its ID can’t change after it’s created.

● This means that applications can’t reliably use track IDs to identify tracks 
between two endpoints. They must use MIDs or m= section indices 
instead.

● Stream IDs are still ok, because the remote stream is only created by 
setting a remote description.
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Issue 1128: Does MSID still work? (Taylor)

● What should we do about this?
○ Leave things as they are, and document this behavior better so it 

doesn’t keep surprising people?
○ Get rid of track ID signaling altogether?
○ Try to fix the problem in some way (for example, only create the 

track/generate the ID when the “track” attribute getter is called)?

15

https://github.com/w3c/webrtc-pc/issues/1128
https://github.com/w3c/webrtc-pc/issues/1128


Media Capture Pull Requests
● Issue 444/PR 445: Add autoGainControl & noiseSuppression constraints (jib)
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●  navigator.mediaDevices.getUserMedia({ audio: {
-    googNoiseSuppression: false,
-    googAutoGainControl: false,
-    mozNoiseSuppression: false,
-    mozAutoGainControl: false,
+    noiseSuppression: false,
+    autoGainControl: false,
   }
 });

● Two mature independent implementations. Avoid vendor-prefix in .getSupportedConstraints()
● Two most common mic filters, great for WebRTC speech, terrible for music & anything else.
● Improved web control over browser default behaviors. Use-case: remote stethoscope.
● Enables high fidelity recording control for e.g. MediaRecorder, Web Audio & peer connection.
● Firefox headphone demo (with .getSettings()/.applyConstraints())

Issue 444/PR 445: autoGainControl & noiseSuppression (jib)
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Thank you

Special thanks to:
Harald!!!
W3C/MIT for WebEx

WG Participants, Editors & Chairs
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