WebRTC playback volume control

Android SDK useslibjingle_peerconnectionlibrary to implement WebRTC. In thie labrary, incall volume changing is hardcoded to control playback volume

code

private int SetPlayoutVolume(int level) {

/] create audio manager if needed
if (_audi oManager == null && _context != null) {
_audi oManager = (Audi oManager)
_cont ext . get Syst enSer vi ce( Cont ext . AUDI O_SERVI CE) ;

}
int retval = -1;

if (_audioManager != null) {
_audi oManager . set St r eanVol une( Audi oManager . STREAM VO CE_CALL,
| evel, 0);
retval = 0;
}

return retVal;

Therefore, incall volume only can be changed when playback volume is set in any Android SDK based application. However, it is possible to switch from
hands free to device speakerphone and vice versa (see Media Devicesexample)


https://github.com/pristineio/webrtc-android
https://github.com/pristineio/webrtc-android/blob/d9785c8f8e29be9578c7ca15437be7cbbadcc04f/libjingle_peerconnection/src/main/java/org/webrtc/voiceengine/WebRtcAudioTrack.java#L272
https://docs.flashphoner.com/display/ANDROIDSDK11EN/Android+Media+Devices
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