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WebTransport SIETF

draft-vvv-webtransport-overview

draft-ietf-webtrans-overview

BB =TEBExXGEHEH, B®FIiETLRFC

o FE2: https://datatracker.ietf.org/doc/draft-ietf-webtrans-overview
> over http3: https://datatracker.ietf.org/doc/draft-ietf-webtrans-http3

> over http2: https://datatracker.ietf.org/doc/draft-ietf-webtrans-http2
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WEBTRANSPORT PUBLIGATION HISTORY
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202623 Working Oratt

R TIETFE X BWebTransport over http31/iX

0231 Working Orat

20211014 Working Orat

2021034 First Publ Working Draft
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https://www.w3.org/TR/webtransport/
https://docs.google.com/presentation/d/1smFPi2EiVyKu21JVCxhziYvcmtHnm-uKHGgY7HwQkb4/edit
https://docs.google.com/presentation/d/1smFPi2EiVyKu21JVCxhziYvcmtHnm-uKHGgY7HwQkb4/edit
https://docs.google.com/presentation/d/1smFPi2EiVyKu21JVCxhziYvcmtHnm-uKHGgY7HwQkb4/edit
https://docs.google.com/presentation/d/1smFPi2EiVyKu21JVCxhziYvcmtHnm-uKHGgY7HwQkb4/edit
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What is exciting about WebTransport?

A chance to unify the transport and AP| between

®* Video conferencing & telephony applications
®* Gaming

* Low latency & live media delivery

Looking like Http/3 to firewalls, proxies, network switches etc. can greatly facilitate its reach
and robustness.

Browser support gives you billions of addressable clients (in addition to native OS support).
Datagram access in JavaScript ©

When combined with WebCodecs and \WebAssembly, closes the gap between native and
browser RTC applications.



https://www.rtc-conference.com/2022/wp-content/uploads/gravity_forms/2-2f7a537445fa703985ab4d2372ac42ca/2022/10/ABOBA-WEBCODECS-WEBTRANSPORT-NG-MEDIA-APIs-2.pdf
https://www.rtc-conference.com/2022/wp-content/uploads/gravity_forms/2-2f7a537445fa703985ab4d2372ac42ca/2022/10/ABOBA-WEBCODECS-WEBTRANSPORT-NG-MEDIA-APIs-2.pdf
https://www.rtc-conference.com/2022/wp-content/uploads/gravity_forms/2-2f7a537445fa703985ab4d2372ac42ca/2022/10/ABOBA-WEBCODECS-WEBTRANSPORT-NG-MEDIA-APIs-2.pdf
https://www.rtc-conference.com/2022/wp-content/uploads/gravity_forms/2-2f7a537445fa703985ab4d2372ac42ca/2022/10/ABOBA-WEBCODECS-WEBTRANSPORT-NG-MEDIA-APIs-2.pdf
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WebAudio SRR EITUERIPCMEGE, A~Szi3ChHdstream
MediaRecorder ITFRESUSIRB RN, REEERNEINSHEE, NaBEELRERES
WebRTC BRETSBE RSB TIEES |2, RTCRENN—IR, LEIZEHEE

HTMLMediaElement and Media Source Extensions SSSCRT#RRS, (BETN TSR, R=FRIEH

2023-05-11 Working Draft FHW3C Media T{E4B i, iﬂﬁ%%ﬁﬁ”ﬁﬁiﬁiﬁ o) JR RIS 2R
2023-04-27 Working Draft APItTEE, Javascript apiSEI S5 4RAZEEE
2023-04-19 Working Draft 2021-05-11 Working Draft

2023-04-03 Working Draft 2021-05-06 Working Draft

2023-03-17 Working Draft 2021-05-05 Working Draft

2023-03-13 Working Draft i Working Draft

2023-03-10 Working Draft gUETS0aSSU Working Draft
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WebCodecs

https://www.w3.org/TR/webcodecs/ 12{ifE

codec
string

flac

mp3

mp4a.*

opus

vorbis

ulaw

alaw

pcm-*

common
name

Flac

MP3

AAC

Opus

Vorbis

u-law PCM

A-law PCM

Linear PCM

public specification

FLAC codec registration
[WEBCODECS-FLAC-CODEC-REGISTRATION]

MP3 WebCodecs Registration
[WEBCODECS-MP3-CODEC-REGISTRATION]

AAC WebCodecs Registration
[WEBCODECS-AAC-CODEC-REGISTRATION]

Opus WebCodecs Registration
[WEBCODECS-OPUS-CODEC-REGISTRATION]

Vorbis WebCodecs Registration
[WEBCODECS-VORBIS-CODEC-REGISTRATION]

u-law PCM WebCodecs Registration
[WEBCODECS-ULAW-CODEC-REGISTRATION]

A-law PCM WebCodecs Registration
[WEBCODECS-ALAW-CODEC-REGISTRATION]

Linear PCM WebCodecs Registration
[WEBCODECS-PCM-CODEC-REGISTRATION]

codec
string

av01.*

avel*
ave3.!

hev1¥
hvel ¥

vps

vp09.*

Xl 0 28 N B Zm RS 23 R

common
name

AV

AVC / H.264

HEVC /
H.205

VP8

VP9

Chrome 94

specification

AV1 codec registration [WEBCODECS-AV1-CODEC-REGISTRATION]

AVC (H.264) WebCodecs Registration
[WEBCODECS-AVC-CODEC-REGISTRATION]

HEVC (H.265) WebCodecs Registration
[WEBCODECS-HEVC-CODEC-REGISTRATION]

VP8 codec registration [WEBCODECS-VP8-CODEC-REGISTRATION]

VP9 codec registration [WEBCODECS-VP9-CODEC-REGISTRATION]
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Usage % of all users A B

Global 96.39%

WebAssembly or "wasm" is a new portable, size- and load-time-
efficient format suitable for compilation to the web.
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Unbunding WebRTC
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v=0
o=- 1086693717173763914 2 IN IP4 127.0.0.1

c=IN IP4 127.0.0.1

t=0 ©

a=msid-semantic: WMS 6eafebab-a200-499c-8375-78d7711d8066
m=audio 9 QUIC/RTP/AVPF 111

a=sendonly

O 0 N OV A W IN R

a=extmap:1 urn:ietf:params:rtp-hdrext:ssrc-audio-level

[
®

a=extmap:2 http://www.webrtc.org/experiments/rtp-hdrext/abs-send-time

=
=

a=extmap:4 urn:ietf:params:rtp-hdrext:sdes:mid
a=mid:©
a=msid:6eafebab-a280-499c-8375-78d7711d8066 3b22855d-©03a3-4b40©-b5b9-275bOfcb270d
a=ssrc:3941198760 cname:rReV4xeEwBc727Ch
a=rtpmap:111 opus/48000/2

a=rtcp-fb:111 transport-cc

a=rtcp-fb:111 nack

a=fmtp:111 useinbandfec=1

a=rtpmap:114 rtx/48000/2

a=fmtp:114 apt=111

m=video 9 QUIC/RTP/AVPF 108

a=sendonly

N NN NP R R RPRRPRPEPR PP
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a=extmap:14 urn:ietf:params:rtp-hdrext:toffset

N
B

a=extmap:2 http://www.webrtc.org/experiments/rtp-hdrext/abs-send-time

N
V)|

a=extmap:13 urn:3gpp:video-orientation

N
()}

a=extmap:3 http://www. 1etf.org/id/draft-holmer-rmcat-transport-wide-cc-extensions-061

N
N

a=extmap:4 urn:ietf:params:rtp-hdrext:sdes:mid

N
00

a=extmap:10 urn:ietf:params:rtp-hdrext:sdes:rtp-stream-id

N
0

a=extmap:11 urn:ietf:params:rtp-hdrext:sdes:repaired-rtp-stream-id
a=mid:1

a=msid:6eafebab-a2080-499c-8375-78d7711d8066 3b22855d-03a3-4b40-b5b9-275b0fcb3949
a=rtpmap:168 H264 /90000

a=rtcp-fb:168 goog-remb

a=rtcp-fb:168 ccm fir

a=rtcp-fb:168 nack

a=rtcp-fb:188 nack pli

a=rtpmap:169 rtx/90000

a=fmtp:169 apt=168

a=ssrc-group:FID 636835441 737515072

a=ssrc:636835441 cname:rReV4xeEwBc727Ch

a=ssrc:737515072 cname:rReV4xeEwBc727Ch
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peerConnection
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VideoSender \

Go-WASM WebTransport datagram
WASM WebCodec Tr Tr
[ f u
u YUV u
YUV W frame rtp/rtcp packtizer
Camera Encode BWE send&recv

M 00000 i SLULZL . —— Loss Recovery plidep i i

RTP over WebTransport
datagram

>

NACK
RTCP over WTP RR
REMB
SFU (webtransport server)
RTP WTP dat A NAC K
over atagram
RTCP over WTP RR
TCC
/ VideoReceiver \
e N - e—
rtp/rtcp depacktizer
YUV fi . RTP
WebGL ( Decode ik . Jitter Buffer < send&recv
L oss Recovery RTCP
BWE T

WebTransport

Go-WASM

datagram




WTP DEMO

WTP DEMO

Appld 5¢80db1e8330bb0034821%ac
Roomid wipRoom
Userld wipUseraaaa

Address 10.248.172.252

open worker log (37813 R)
open wasm log (3% )
use boya (JZBIE3R)

e i e
1o DT unpublish

AGUcee, FFHENGR, RGN, NASMD)ITRE

rideo encoder parameter

wdio encoder paramaeter

MediaConnectionStat

timestamp 1672314940981
type media-connection
id MediaConnectionStat
senderTracksOpened 2
receiveTracksRequested 0
receiveTracksAccepted 0
RTPVideoSenderStats

timestamp 1672314940982

type sender

id RTPVideoSenderStats

framesSent 612

RTPAudioSenderStats

timestamp 1672314940982

type sender

id RTYPAudioSenderStats

framesSent 342

RTPPacketSenderStats

RTCPPacketSenderStats

RTCOutboundRtpStatsVideo_3c920818-f24b-427c-9afd-38d7d94b3934

targetBitrate 800000
frameWidth 480
frameHoight 320
framesPorSecond 30
framesSent 0
framesEncoded 612
keyFramesEncoded 2

totalEncodedBytesTarget 15689288

RTCOutboundRtpStatsAudio_3¢920818-f24b-427¢c-9afd-38d7d94b3934

WTP DEMO

Appid 5¢80db1e8330bb003482f9ac

Roomid wtpRoom
Userid wipUserbbbb

Address 10.248.172.252

open worker log (ZZEEMN)
open wasm log (ZH4H)
use boya (MZENZ &)

SEEE— : )
> pubish [

AGetal, FTABEGE, WikSIE, NARANEITTE

» set video encoder parameter

» set audio encoder parameter

MediaConnectionStat

tmestamp 1672314940936
lype media-connection
id MediaConnectionStat
senderTracksOpened 2
raceiveTracksReguested 0
recelveTracksAccepted 0
RTPVideoSenderStats
RTPAudioSenderStats
RTPPacketSenderStats
RTCPPacketSenderStats
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IHow toget involved ?

ET\%{_L B PRIN[R
4 1TIEW3C webtransport T{EZHgithubFIBE{45IR, S5APIY
IB/IE N
2 HE{4%1%% : public-webtransport@w3.org
d github: https://github.com/w3c/webtransport
- M B —IR1EZ =X
ad JTEW3C webcodecs T {EZHgithublii B/Media T{EZBHR 1, S
SAPIHIIB/IE X
J public-media-wg@w3.org
H github: https://github.com/w3c/webcodecs
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Challenges: Transport

Many applications require not just encode/decode of media, but also
transport.

WebRTC’s RTP transport is not directly accessible.

RTCDataChannel (NewReno) and WebTransport (BBRv1) congestion
control algorithms are not optimized for realtime communications.

In server -> client communications (e.g. cloud gaming), you can deploy more
appropriate algorithms on the server without interoperability issues.

Where the client needs to send media with low-latency (to a server or another
client), there is a problem.

Paper: https://www.netlab.tkk.fi/~jo/papers/epiq21-rtp-over-quic.pdf
(https://dl.acm.org/doi/abs/10.1145/3488660.3493801)
Presentation (starts at Slide 14):

https://datatracker.ietf.org/meeting/112/materials/slides-112-avicore-ietf-112-avtcore-
03

TPAC
2022

“"l*a § »‘»

B> > ,\':H”

congestionControl, of type WebTransportCongestionControl, defaulting to "default"
Optionally specifies an application’ s preference for a congestion control algorithm tuned for either

throughput or low-latency to be used when sending data over this connection. This is a hint to the
user agent.

ISSUE 2

This configuration option is considered a feature at risk due to the lack of implementation in
browsers of a congestion control algorithm, at the time of writing, that optimizes for low latency.




I Webtransport 15/E1L

RiEE T AEEREITREETNRZ

© {£<181&(control channel)

L fa & Lz HSARIR------low priority
2 LAY E SN _E1Z (FT & Fdatagram/stream) ---------

medium priority

-high priority




Webtransport 15/E1t

- webtransport KREw® = (GitE )

it, BEHE

ﬁ&/ﬁén }_L -

RE, LE

z{h

EHi
it

EEH DI

https://github.com/w3c/webtransport/pull/421
Stats for congestion control and bandwidth estimation #21
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https://github.com/w3c/webtransport/issues/21
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#540
#544
#551
#555

#594

#620
#604

#606

#451
#0649

#527

Title

link in README.md is unreachable

make fatal errors

Add frameDuration attribute to OpusEncoderConfig
fix a typo in 8.2.1

£+XJopus packetlosspec PREGIEHXEN

(Z) Webcodecs FLAC registry PR
Webcodecs, #Information on encoder performance

Is it necessary to add key frame check step for
audio decoder

Webtransport S{L5ckEN,
webcodecs, I8/ ENREBIEFET

add opus inbandfec & dtx configure parameter to
webcodecs audio encoder configure

<5

issue
discussion
PR

PR

PR

PR
discussion

discussion

discussion
PR

PR

fixed
fixed
merged

merged

merged

merged
discussion

discussion

discussion
merged

merged|
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do we need support specify audio encode bitrateMode interface ? #649 Sl s

@Ye B bdrtc opened this issue on Mar 6 - 1 comment - Fixed by #657

A bdrtc commented on Mar 6 Member | ee*

Assignees

_ . . E tguilbert-google
some audio codecs(opus, HE AAC) support specify encoder bitrate mode,

according section-2.1.8 of opus rfc6716 and opus api doc, Labels
opus encoder support VBR and CBR mode, and vbr was used by default.

we can use bitrateMode exist in mediastream-recording,
constant correspond to CBR and variable correspond to VBR mode.

Projects
suggest to add audioBitrateMode in audio codec that support vbr/cbr mode, which specifes the BitrateMode that should be used None yet
to encode the audio track.

Milestone

®

No milestone

Development
pol ’ dalecurtis assigned tguilbert-google on Mar 11

Successfully merging a pull request may close this issue.
fo support specify audio encode bitrateMode interf...

" . bdrtc/webcodecs
" tguilbert-google commented on Mar 11 Member = e

This seems reasonable. | can edit the spec and codec registries in Q2. Notifications Customize
) & Unsubscribe
Thanks for the suggestion!

You're receiving notifications because you're watching

@ this repository.
3 participants

© & dalecurtis added and removed (NI labels on Mar 17 ‘ ™A
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support specify audio encode bitrateMode interface #657/

RVl Djuffin merged 3 commits into w3c:main from bdrtc:649-support-specify-audio-encode-bitrateMode-interface ([Jon Apr 19

0) Conversation 12 -0- Commits 3 [ Checks 16 Files changed 1
A bdrtc commented on Mar 27 « edited by pr-preview | bot = « Member Reviewers
. % chrisn
fixes #649
8 tquilbert-google
Preview | Diff Assignees

No one assigned

®

Labels

o A support specify audio encode bitrateMode interface v/ 55094ea
None yet

Jii! ByteDance FTiBIzN



About

I K IJ.I % | E;i RTC%E W3C*I-_I_‘;E WebCodecs is a flexible web API for

encoding and decoding audio and video.

¢’ w3c.github.io/webcodecs/

% 110 fo A [0 Readme
B8 View license
Report rer
bdrtc bdrtc & Code of conduct
ByteDance VolcEngineRTC Team Engineer v 722 stars
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webrtc-pc, webrtc-extensions, webrtc-

stats, webrtc-svc, webric-nv-use-case
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need API to control audio nack & audio RTX
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use case:disable A/V sync for remote control
or online gaming
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https://github.com/w3c/webrtc-extensions/issues/113

https://github.com/w3c/webrtc-stats/issues/695

https://github.com/w3c/webrtc-extensions/issues/117
https://github.com/w3c/webrtc-stats/issues/705

https://github.com/w3c/webrtc-extensions/issues/119

https://github.com/w3c/webrtc-extensions/issues/120
https://github.com/w3c/webrtc-stats/issues/706

https://github.com/w3c/webrtc-extensions/issues/121

https://github.com/w3c/webrtc-extensions/issues/124

https://github.com/w3c/webrtc-nv-use-cases/issues/78

https://github.com/w3c/webrtc-
extensions/issues/98#issuecomment-1335229695

https://github.com/w3c/webrtc-extensions/issues/138
https://github.com/w3c/webrtc-extensions/issues/132

https://github.com/w3c/webrtc-stats/pull/754

https://github.com/w3c/webrtc-extensions/issues/165
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