Using UDP or TCP transport for WebRTC publishing/playback

Since build1.0.1.77it is possible to choose UDP or TCP transport usage for WebRTC publishing/playback with StreamOption.setTransport() method:

streanOpti ons. set Transport ("TCP");

or

streanOpti ons. set Transport (" UDP");

If the option is not set, server transport settings are applied.

Usage example

code
nilr ansport Qut put = (Label | edSpi nner) findViewByld(R id.transport_output);
StreanDpti ons streanDpti ons = new StreanOptions(streanmNang);

streanOpti ons. set Transport ( Transport. val ueOf (nilr ansport Qut put . get Spi nner (). get Sel ectedl ten().
toString()));


https://flashphoner.com/downloads/builds/flashphoner_client/wcs-android-sdk/1.0/wcs-android-sdk-1.0.1.77-532052d4b9033c9920adc8f4eb9efcee1bbd6c76.tar.gz
https://github.com/flashphoner/wcs-android-sdk-samples/blob/86523c1cd6f5e6ca3d62a2508bb5cac65e5e96e7/media-devices/src/main/java/com/flashphoner/wcsexample/mediadevices/MediaDevicesActivity.java#L391
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