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» Create Dump

Read stats From: [Standardized (promise-based) getStats() API ~]

Note: computed stats are in []. Experimental stats are marked with an * at the end and do not show up in the getStats result.
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¥ Create Dump
[ Download the PeerConnection updates and stats data ]

log audio input, audio output
q and echo cancellation dump
A diagniostic audio recording is used for analyzing audio problems. It consists of several files and contains the audio
played out to the speaker (output) and captured from the microphone (input). The data is saved locally. Checking this box
will enable recordings of all ongoing input and output audio streams (including non-WebRTC streams) and for future audio

streams. When the box is unchecked or this page is closed, all ongoing recordings will be stopped and this recording
functionality disabled. Recording audio from multiple tabs is supported as well as multiple recordings from the same tab.

| 4 Enable diagnostic audio recordings

When enabling, select a base filename to which the following suffixes will be added:

<base filename>.<render process ID>.aec_dump.<AEC dump recording ID>
<base filename>.input.<stream recording ID>.wav
<base filename>.output. <stream recording ID>.wav

It is recommended to choose a new base filename each time the feature is enabled to avoid ending up with partially
overwritten or unusable audio files.

mnable diagnostic packet and event recording '—* Iog event

A diagnostic packet and event recording can be used for analyzing various issues related to thread starvation, jitter buffers
or bandwidth estimation. Two types of data are logged. First, incoming and outgoing RTP headers and RTCP packets are
logged. These do not include any audio or video information, nor any other types of personally identifiable information (so
no IP addresses or URLs). Checking this box will enable the recording for ongoing WebRTC calls and for future WebRTC
calls. When the box is unchecked or this page is closed, all ongoing recordings will be stopped and this recording
functionality will be disabled for future WebRTC calls. Recording in multiple tabs or multiple recordings in the same tab
will cause multiple log files to be created. When enabling, a filename for the recording can be entered. The entered
filename is used as a base, to which the following suffixes will be appended.

<base filename>_<date>_<timestamp>_<render process ID>_<recording ID>

If a file with the same name already exists, it will be overwritten. No more than 5 logfiles will be created, and each of them
is limited to 60OME of storage. On Android these limits are 3 files of at most 10MB each. When the limit is reached, the
checkbox must be unchecked and rechecked to resume logging.
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Read 5tats From: |Standardized [promise-based) gelStats() AP| £

Mote: computed stars are in [J. Experimental stats are marked with an * at the end.

o

hitps:f /meet.google.com/mof-xwpt-ekn, { iceServers: [], iceTransportPolicy: all, bundlePolicy: max-bundle, ricpMuxPolicy: require, iceCandidatePoolSize dpS ntics: “plan-
b", e];]:}manﬂlluwh!med true §, {advanced: IlgoongghSTanEurale {exact: 0}, [Qn-ogPaylo.adPaddmg {exact: truell, [gocgScreencastMinBitrate; {exact: 100}}. lenabl:Dscp {exact;
true,

+ Plan B SDP semantics, which is used when constructing an RTCPeerConnection with {sdpSemantics:"plan-b"}, is a legacy version of the Session Description Protocol
that has severe compatibility issues on modern browsers. The standardized SDP format, "unified-plan”, has been used by default since M72 (January, 2019).
Dropping support for Plan B is targeted for M33, See hutps:/ /www.chromestatus.com/feature /5823036655665152 for more details.

Time Evant
5/2B/2021, 9:50:49 FM  » craatelocalDataCharnal
52872021, 9:59:49 PM # creaeOfier
5/28/2021,9:59:49 FM  negotiaticaneeded
SI2B/2021, 9:50:48 PM » createOfferOnSisccess (type: "offer”, 4 sections)
5i2B72021, 5:59:50 PM b seilocallescription (munged) (ype: "offer”, 4 sections)
S/28/2021, setlocal DescriptionOnSuccess
Si2B/2021, » signalingstatechange
Si2B/2021, » setfemoteDescription (type: “answer”, 4 sections)
5/28/2021, B59:50 PV » icegatheringstatechange
Si2B/2021, 5950 PM setRemoteDescriptionOnSuccess
5i2Bi2021. 9:59:50 PM  » slanalinastatechanae
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Read Stats Fram: - i AP v

Note: computed stats are in []. Experimental stats are marked with an * at the end.

GetUserMedia Reqguests

4

https:// meet.google.com / mgf-xwpt-ekn, | iceServers: [], iceTransportPolicy: all, bundlePolicy: max-bundle, rtcpMuxPolicy- require, iceCar ze: O, Ies: "plan-
[ ex]tJmapAIIowMuxed true |, {advanced: [{googHighStartBitrate: {exact: 0], (googPayloadPadding: {exact: truel}, (googScreencastMinBitrate; {exact loml {enableDscp: {exact:
trued

= Plan B SDP semantics, which is used when constructing an RTCPeerConnection with [sdpSemantics:"plan-b], is a legacy version of the Session Description Protocol
that has severe compatibility issues on modern browsers. The standardized SDP format, “unified-plan®, has been used by default since M72 (January, 2019).
Dropping support for Plan B is targeted for M93. See hitps:/ fwww.chr com | feat: 582 55665152 for more detalls.

Time Event
S/2B/2071, 35949 PM  » createlocalDataChanne!
S/28/2021, 9-59:45 PM  ® createOfer
S/28/2021, 5945 PM negotlationneeded

5. TDownload the PeerConnection updates and stats data] o v %

[¥ Create Dump.
Dawnload the PeerConnecion updaies and siais dain

T T T T Ty

A dagnoszic audio recoeding is used for analyzing audic problems. It consists of several fikes and containg the audio
plaryed out to the speaker (owtput) and captured from the microphone (npuet]. The data is saved localy, Checking this box
will anable sucordings of all sngoing input and cutput audin st including non-WeBiLTC sereams} and for faaure audia
straams, When the boo is unchecked or this page is closed, all angoing recardings will be stopped and ihis recording
fumctionakty disabled. Recording audic from meitiphe tabs is supported as well as multiple recordings from the same tab.

Wesen mnabiing. select 4 buse Rlenums 1o which the Following suffixes will be added
<base filename <remder process 10> e dump <AL dump resordeg (0
i

<base Rlesames input<stream recording
<base Hlemame: outses, <saream recoading ID:

It is reemmanded 15 choase 2 new by
overwriten or wsable sudio files.

g up Witk panially

Enabls disgeestic packet and event recordieg

A diagnussic packet and event recording can be used for analyzing various issues related 1o theead starvation, jitter buffers
or hasadwicith estimation. Tws fypes of data are logged. Fiest, incoming and outgeing RTP headsrs and ATCP gackets are
fogged. These g mot include amy audio or wideo information, nor any other types of persanally identifiable information iso
1o 1P ardresyes or URLs). Chicking this Bam wil enakie e recardesg for angoing WebRTC cals and for futre WebRTC
calls. When the boo i unchecked or this page is closed, 1 cegoing recordings will be siopeed and this recording
fumctinnabty will be disabied for Future WebRTC calls. Recording in meltiple tabs or meltinle recordings in the same tab
will caaise nabtiple log files 10 be created. When enabliag,  Mename far the recording can be ntered. The entered
Nlename Is used as a base, 1o which che followies suffies will be appended.

<hase filemames_<dates_<timestamps_<render process i _<recording 105
1F @ ile: with thee same namee already exssts, & will be cvermrimen. No more than 5 kogfikes will Be created, and each of them

s | imited b GOMB of storage. On Android these lmits are 3 fles of at most 10ME cach, When the limit is reached, the
chisckbox musd bie unchecked and rechicked 1 reame logging

Read Stats From: | Standameed [pomse-cased) getstais|) AP ~|
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checkbox must be unchecked and rechecked to resume

Read Stats From:

Note: computed stats are in []. Experimental

I8 webrtc_internals
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