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getUserMedia({audio:true, video:true},
getUserMediaSuccess, getUserMediaFail);

/lgetUserMedia /

1 stream <video>

pc = new RTCPeerConnection(pc_config,
pc_ constraints);  //PeerConnection

pc.addStream(localStream);
/llocal stream pc

pc.createOffer(setLocal AndSendMessage, null,
constraints);  //Offer

setLocal AndSendMessage(sessionDescription){
pc.setLocalDescription(sessionDescription);
sendMessage(sessionDescription);
/llocal description ,

}

1
function MessageProcess(message) {
if (message.type === 'offer’) {
pc.setRemoteDescription(new
RTCSessionDescription(message));
Answer();
//Answer (local description , )

else if (message.type ‘answer") {
pc.setRemoteDescription(new
RTCSessionDescription(message));
//remote description

else if (message.type === "candidate") {
var candidate = new RTClceCandidate ( ... );
pc.addlceCandidate(candidate);
else if (message.type === "bye") {
Hangup();

JavaScript
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