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class RtpPacketSinkInterface {




public:
virtual ~RtpPacketSinkInterface() = default;
/** RTP Yt [alifg */
virtual void OnRtpPacket(const RtpPacket& packet, RTCRtpMediaType mediaType) = ©;
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® RTP Receiver [AlJE#O , I include/rtc_receiver.h

class RTCRtpReceiverDelegate {
public:
virtual ~RTCRtpReceiverDelegate() = default;
/% B AR A RTP BRI */
virtual void OnReceiveFirstPacket(RTCRtpMediaType mediaType) = ©;
/** setRemoteSdp Ja &ML ZHE B */
virtual void OnReceiveAudioCodecs(const std::map<int,
media_transport::SdpAudioFormat>& codecs) = 0;
/** setRemoteSdp G AR #HE SR */

virtual void OnReceiveVideoCodecs(std::map<uint8_t, media_transport::VideoCodecType>
&payload_type, std::map<uint8_ t, std::map<std::string, std::string> > &pt_codec_params) = 0;
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class RTCPeerConnectionDelegate {
public:
/** Called when the SignalingState changed. */
virtual void onChangeSignalingState(RTCPeerConnection * peerConnection,
RTCSignalingState stateChanged){}

/** Called any time the IceConnectionState changes. */
virtual void onChangeIceConnectionState(RTCPeerConnection * peerConnection,
RTCIceConnectionState stateChanged){}

/** Called any time the IceGatheringState changes. */
virtual void onChangeIceGatheringState(RTCPeerConnection * peerConnection,
RTCIceGatheringState stateChanged){}

/** Called any time the PeerConnectionState changes. */
virtual void onChangeConnectionState(RTCPeerConnection * peerConnection,
RTCPeerConnectionState stateChanged){}

/** Called when a receiver and its media streams are created. */
virtual void onAddReceiver(RTCPeerConnection * peerConnection,
std::shared_ptr<RTCRtpReceiver> receiver) = 0;

/** Called when getStats() required */
virtual void onStatsReport(RTCStatsReport &stats) = 0;

/** Called when error happend */
virtual void onError(RTCPeerConnection * peerConnection,
const RTCError *error) = 0;



virtual ~RTCPeerConnectionDelegate() = default;
s
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example/leb_network_test/leb_connection_main.cc

//Fri bk
const char* streamUrl = "webrtc://5664.liveplay.myqcloud.com/live/5664 harcharl";
int main(int argc, char* argv[]) {
printf("hello lebconnection demo!!, %d\n", argc);
// signal(SIGSEGV, handler);
if (argc !'= 2) {
printf("usage: ./demo_bin streamurl, use default url\n");
} else {
streamUrl = argv[1l];
printf("input streamUrl %s\n", streamurl);
}
/**
* 1. @] lebconnection
*/
std::unique_ptr<liteav::lebnetwork::LEBConnectionTest> leb_connection_test;
leb_connection_test.reset(new liteav::lebnetwork::LEBConnectionTest("/sdcard/"));

/**
* 2. TCE RGN
*/
liteav::lebnetwork::LEBConnection::Configuration config;
config.stream_url = streamUrl;
config.receive_audio = true;
config.receive_video

true;
config.enable_encryption = false;
config.enable_aac = true;
config.enable_flex_fec = true;

/**

* 3. JHafHii

*/
leb_connection_test->Start(config);

getchar();
leb_connection_test->GetStats();
getchar();

J**
* 4, %] lebconnection



*/
leb_connection_test->Stop();
leb_connection_test.reset();

printf("bye lebconnection demo!!");
return 0;



