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Video Platform-as-a-Service Applications and Segments

Communications Education, social, and
and collaboration media

Unified communications Field service Education
Video-assisted sales Insurance claims Social
Video banking Customer support Media and entertainment
Telehealth

Source: IDC, 2016
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The web
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WebRTC C++ AP| (PeerConnedion)

l Session management / Abstract signaling (Session) I

Voice Engine

Video E ngine

Transport Your browser

[ ISAC /ILBC Codec ]

I VP8 Codec
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[ NetEQ for voice ]

[ Video jitter buffer ]

[ Multiplexing ]

Echo Canceler /
Moise Reduction

[ Image enhancem ents ]

2p
STUN + TURN +ICE

- AP| for weh developers

() 21 for browser makers
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«  WebRTCM KN

» A browser-embedded media engine
+ Best-of-breed echo canceler

+ Video jitter buffer, image enhancer -
Audio codecs — G.711, Opus are MTI
Video codecs — H.264 vs. VP8 (MTI TBD - IPR discussion)

Media codecs are negotiated with SDP (for now at least)

st Requires Secure RTP (SRTP) - DTLS
Requires Peer-2-peer NAT traversal tools (STUN, TURN, ICE) —
sip trickle ICE
| ——Fe— * Multiplexing: RTPs & RTP+RTCP
edia
WebRTGGW * Yes, your favorite SIP client implementation is compatible with

most of this. But, the vast majority of deployments
Use plain RTP (and SDES if encrypted at all)
« Do not support STUN/TURN/ICE
- Do not support multiplexing (ok, not really an issue)
. ggg different codecs that might not be supported on the WebRTC

A 2 Box WebRTC GW Architecture
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