Streaming with WebTransport, WebCodecs
and WebAssembly

Jianjun Zhu & 81142
jianjun.zhu@intel.com
Intel Web Platform Engineering



WebRTC

Media Capture RTCPeerConnection RTCPeequnnectlon HTMLMediaElement
Send Receive
Web Layer A k
Native Layer

[ ! \

[Pre—ProcessingH Encoder H RTP Packetizer H RTP Sender ] [ RTP Receiver H RTP Depacketizer H Decoder ]

RTCP Handling RTCP Handling




WebRTC with Breakout Box and Encoded Transform
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Open WebRTC Toolkit

Open source end-to-end real-time media delivery toolkit based on WebRTC
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https://github.com/open-webrtc-toolkit

Enhancements? £ Egi2og ?

. Client/ Server architecture & Fif/IR 55 25 2244

o Removing signaling module F&F&{E SiEHR
o Removing ICE module F&[&ICEf&EIR
. Custom algorithms, protocols B & X & iEF01il



Customized video conferencing 7] B & X IS RSt

Audio Processing

(WebAudio/WebAss
embly)
A . = Uploading
Media Encoding I | Packetizing I |
[ Capture (WebCodecs) (WebAssembly) (WebSocI;%t'{t\;VebTrans
Video Processing
(WebGL/WebGPU/
WebAssembly)

Audio Smoothness

(WebAudio)
HTMLMediaEle Decoding Depacketizing Downloading
[ ment (WebCodecs) (WebAssembly) (WebSocl;%t!t\;V ebTrans
Super resolution
(WebGL/WebGPU/
WebML/WebAssem

bly)




WebTransport

WebTransport over HTTP/3 over QUIC EF QUICFIHTTP/389WebTransport

Supports both ordered/reliable transport and unordered/unreliable transport

XA FF AR RRAIER FIER M L
Congestion control i ZE {2 il

Multiplexing £ & & F

Only supported by Chrome HEIR A ChromegEX
Integrate with WebCodecs and other web technologies

FEMWebCodecFHEwebRAR—ERARMES IR E

* WebTransport discussed here is WebTransport over HTTP/3 iX B2 £ FHTTP/38WebTransport
*WebTransport is not a replacement of WebRTC. WebTransport



WebCodecs

Access to built-in media encoders and decoders i/75] A& 4R AR RD 25
Low latency encoding and decoding 1% 3E iR 4 4 fiZ A5

New codecs support i #tRadinE

Hardware acceleration support 3z #HE {4 0 5&E



WebTransport Stream and Datagram
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WebTransport Stream WebTransport Datagram
(ordered/reliable) (unordered/unreliable)
BF/A5% EEF/ A%k
Easy to implement v
ZTIHA%
BWE feedback for encoder v v

Deal with packet loss

FoLHE

Recover in transport level, may
increase latency
ERMEXFECTIRE, ATRER5
AZEIR

Flexible to use custom

algorithms and drop old packets
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Client Pipeline - WebTransport Stream
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WebTransport Stream Latency

Latency: about 50ms screen to screen latency in a LAN network with packet loss rate < 3%.
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Weak network? 55 If15?

« Discard outdated packets? EFidAtiEa 2
« FEC and other techniques from WebRTC? & FAWebRTCHAIFECEH K ?



Client Pipeline - WebTransport Datagram
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RTP/RTCP
e  JavaScript APl for WebRTC RTP/RTCP module
e  WebAssembly
(https://github.com/open-webrtc-toolkit/owt-client-native/pull/566)



Server-side WebTransport Implementation

Server-side Applications

!

OWT QUIC SDK

!

Chromium

Send and receive data with
WebTransport 352 @17
WebTransport 1% #0144 £ 17 Rz
R

Clean WebTransport APIs without
std containers Z{\WebTransport
APIB % Hid % HIK3H:

WebTransport over HTTP/3
implementation SEI & FHTTP/3#
WebTransport



Performance optimization

H.264 temporal SVC HW encoding £ F B F #IH.264%3 2 45 B RE 44 10

VP9 kSVC HW encoding VP9 kSVCHIHE {4 /iniE

Zero-copy pipeline between media capture and encoder #R5TfE1E 2| 4RADAI0EEE DLE R
WebCodecs HEVC support in Chromium (both hveC & annex-b) Chromium#WebCodecs HEVCHIZ ##
WebCodecs multiple encodings latency optimization % 4~WebCodecs#wh3 %5 BT T/ERVIE IR {1k

IPC reduction J& <> # %2 (8] 38 ifl

WebTransport BYOB reader is working in progress 1E7£ S£¥]WebTransport BYOB reader

* SVC: Scalable Video Coding 4 B 4#H%
* HEVC: High Efficiency Video Coding, a.k.a.: H.265 &34 E=i 574w A0, th#iAH.265
* BYOB: Bring your own buffer B 5t 2 B2 EE 1T
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