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NRTC Capabilities
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{£%y . RTP, RTCP, DTLS, RTMP, FLV, HLS
P2P : ICE, STUN, TURN, NAT
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WebRTC introduction

* The specification in browser
e Web Real-Time Communication
e A specification that is being standardized by W3C and IETF

Enables web browsers with audio, video and sharing
capabilities via simple JavaScript APIs

e Zero install
e Peer 2 peer, also capable for conference
* Interoperability with existing voice and video systems

* An open source project \
e Contributed by Google
e In C++ and it is cross platform ‘
* From Google’s acquisition of Global IP Solutions
e A fully implemented VolP client framework
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WeDbRTC limitations

e JavaScript APls, run in browser
e Signaling not defined

 No SFU/MCU

* Follow standards

o {K#browsergyScIf
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{SEFHWebRTC

e JavaScript APls
e libwebrtc
e Compatible with WebRTC



NRTC vs WebRTC

e NRTCE FWebRTC

« NRTCEVoIPH =% 75
* NRTCHSEILE R 5

« NRTCE T W 2R A9SCIR

22, WebRTC = NRTC SDK



NRTC with WebRTC

NPDU over UDP SRTP
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WebRTC Gateway EOMBT | BIESTSR
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* Browsergy3x &4

e Lite ICE

 RTCP feedbacks

e Reliable connections
e Congestion Control
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Browserfgy&fin,

browser3E A4 - adapter.js
Video resolution
MediaStream lifecycle

getUserMedia call success, no media
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ICE

NAT

STUN - RFC 5389
TURN —RFC 5766
ICE — RFC 5245
TCP
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Lite ICE

« HB{E—TJ7EServerlit, HAMIP
e Host candidates only
* Full peerZiiEBE, 2P EBRKRE
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 WebSocket disconnect event

e RTCPeerConnection disconnect events
e oniceconnectionstatechange
e onsignalingstatechange

e keepalive over signaling channel
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i EIE

e Start over
e Detach stream, I F1E#E
« FoER. £, HiEEE
* |CE restart

pc.createOffer({iceRestart: true})
.then(function(offer) {
return pc.setLocalDescription(offer);
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Multiplexing and bundle EHMST | BIESTR




FIR and PLI
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Delay-based controller
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REMB

o N im B A ARG
 SDP:
e a=rtcp-fb:107 goog-remb



GCC feedbacks

e Delay-based controller
* Transport cc

e Loss-based controller
e RTCP SR/RR
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NACK

e RTCP feedback, RFC 4585
e Bi-direction retransmission

e SDP:
 m=video 1234 RTP/SAVPF 107
e a=rtpmap:107 H264/90000
e a=rtcp-fb:107 nack
e a=rtcp-fb:107 nack pli
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o=nrtc02INIP4127.0.0.1

a=group:BUNDLE audio video

a=ice-ufrag:193055970146817/378951

a=ice-pwd:nfklsa

m=audio 1 RTP/SAVPF 111

c=IN1P4 0.0.0.0

a=rtcp:1IN IP4 0.0.0.0

a=sendrecv

a=mid:audio

a=rtcp-mux

a=rtpmap:111 opus/48000/2

a=fmtp:111 maxplaybackrate=16000; sprop-maxcapturerate=16000;

a=fmtp:111 minptime=60;useinbandfec=1

a=setup:passive

a=maxptime:60

a=ptime:60

m=video 1 RTP/SAVPF 107

c=IN1P4 0.0.0.0 \
a=rtcp:1IN IP4 0.0.0.0 Y

a=sendrecv

a=mid:video .
a=rtcp-mux | e
a=rtpmap:107 H264/90000 g | -
a=rtcp-fb:107 ccm fir bl \

a=rtcp-fb:107 nack ﬁ
a=rtcp-fb:107 nack pli
a=rtcp-fb:107 goog-remb
ya
a=rtcp-fb:107 transport-cc Y|d Ck%

a=fmtp:107 level-asymmetry-allowed=1;packetization-mode=1;profile-level-id=42e01f

a=extmap:5 http://www.ietf.org/id/draft-holmer-rmcat-transport-wide-cc-extensions-01 / /
a=setup:passive /
<4
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