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SIPc Sessiornitiation Protocol
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Sesje RTP
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RTCI Realtime Transport ContrdProtocol

ASynchronizacja strumieni
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RTMR; ReaiTime Media Protocol
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Application
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WebRTC
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https://www.html5rocks.com/en/tutorials/webrtc/basics/#toc-mediastream
https://www.html5rocks.com/en/tutorials/webrtc/basics/#toc-rtcpeerconnection
https://www.html5rocks.com/en/tutorials/webrtc/basics/#toc-rtcdatachannel

WebRTC architektura



