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pc.setRemoteDescription() 这样就能进行视频聊天了。 其中

createPeerConnection 过程如下：全选 <button 

href="javascript:void(0);" class="copyCode btn btn-xs" 

data-clipboard-text="pc = new 

RTCPeerConnection(config) 

// 向 pc 中加入需要发送的流

pc.addStream(localStream) 

// onicecandidate 处理器会在网络候选可用的时候调用。

pc.onicecandidate = function (event) { 

if (event.candidate) { 

socket.emit('candidate', requestSocketId, { 



type: 'candidate', 

label: event.candidate.sdpMLineIndex, 

id: event.candidate.sdpMid, 

candidate: event.candidate.candidate 

}); 

} else { 

console.log('End of candidates.'); 

} 

}; 

// 如果检测到流媒体流到本地，就把它显示出来，同时把流

赋值给 remoteStream 

pc.onaddstream = function (event) { 

attachMediaStream(remoteVideo, event.stream); 

remoteStream = event.stream; 

}; 
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RTCPeerConnection(config) 

// 向 pc 中加入需要发送的流

pc.addStream(localStream) 

// onicecandidate 处理器会在网络候选可用的时候调用。

pc.onicecandidate = function (event) { 

if (event.candidate) { 

socket.emit('candidate', requestSocketId, { 

type: 'candidate', 

label: event.candidate.sdpMLineIndex, 

id: event.candidate.sdpMid, 

candidate: event.candidate.candidate 

}); 

} else { 

console.log('End of candidates.'); 

} 

}; 

// 如果检测到流媒体流到本地，就把它显示出来，同时把流

赋值给 remoteStream 

pc.onaddstream = function (event) { 



attachMediaStream(remoteVideo, event.stream); 

remoteStream = event.stream; 

}; 


