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WebRTC Insertable Streams

https://www.w3.orgfI'R/webrtc-encoded-transform/ const { readable, writable } = sender.createEncodedStreams();

const transformer = new TransformStream({

X‘T%@Elﬁmﬁﬁ B‘J&ﬁjﬁfﬁ: E %X B{I&tﬂ transform: (chunk, controller) => {

Chrome 86 chunk.data = newData;

controller.enqueue(chunk);

}
hE

readable.pipeThrough(transformer).pipeTo(writable);
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WebRTC Insertable Streams

https://www.w3.org/TR/webrtc-encoded-transform/
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https://www.w3.org/TR/webrtc-encoded-transform/
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https://zenn.dev/shinyoshiaki/articles/opus-red-chrome
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https://www.w3.org/TR/webcodecs/ 4L N W2 A B4 MR KE O Chrome 94

https://www.w3.orq/TR/webtransport/ FETHTTP3HK X Af5%iEiE Chrome 97
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I WHIP/WHEP — WebRTC HTTP Ingestion/Egress Protocol
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