ABTO RTP SDK

Overview

RTP SDK provides a powerful and highly customizable solution to quickly build application with ability
send/receive sound by RTP protocol.

Main features:

e Ability to create multiple independent conference rooms

e Ability to create multiple channels in each conference room

e Ability to select different sending codec for each channel (G711, G726, G729, GSM, SPEEX)
e Recording in mp3 format

e Playing wav, mp3 files

e Voice detection feature

GUI of the RTP SDK example application:

= ABTO RTP SDK Example ap

1. Select audio devices and inttialize RTP 50K component
Microphone Speaker

Microphone (Reatek High Defini Speakers (Realtek High Definiti [7] Enable Log
Microphone (Webcam C170) Realtek Digital Output (Realtek

ConfRoom[-1]
CreateConf Room
Playing: mozart .wav PlayFile

Recording:  1.mp3 StartRecaord
[] Enable Microphone Enable Speaker

CreateChannel
Local port:  Remote port: Remote addr:

22000 22000 192.168.0.150

Channel #1 (21000 <= 192_168.0.150-21000)
[] Enable5end MicGain: ) i [ Delete this channel ]

[[] EnableReceive SPkrVolume i Sending codec: |PCMU -

Channel #2 (22000 <= 192_168.0.150-22000)
[] Enable5end MicGain: ) i [ Delete this channel ]

[C] EnableReceive SpkrVolume [l Sending codec: |PCMU -

Global volume

Spk Vol Mic Vol

3 Watch events

Chanel #2 - "152.168.0.150:22000" - 22000 added
Chanel #1 -"152.168.0.150:21000° - "21000° added
ConfRoom #-1 created

Demo version. Full functional.
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RTP SDK component has following methods/properties/events:

=43 Interop, RTPSDK
=-{} RTPSDK
A28 CodecType
~=0 CREpDevice
1% CREpDeviceClass

<= JREpDeviceEvents

<= JREpDeviceEvents_Event

_-'tl _IRtpDeviceEvents_onDtmfReceivedEventHandler
_-'tl _IRtpDeviceEvents_CnhotifyEventHandler

_-'tl _IRtpDeviceEvents_CnPlayFileEventHandler

_-'tl _IRtpDeviceEvents_OnStreamactivityEventHandler
_d _IRtpDeviceEvents_OnioicesckivityEventHandler
~i% _IRtpDeviceEvents_SinkHelper

- = VoiceEventType

----- % CreateChanel(int, ink, int, string)

----- i CreateConfRoomi)

----- i DeleteChanel(ink)

----- i DeleteConfRoomiint)

----- i FindaudioDevicesi)

----- i get_ChannelMictolurnelink)

----- % get_ChannelSpkriolumedink)

----- i get_EnableMicrophonedink)

----- i get_EnableReceiveR TR{NE)

----- i get_EnableSendr TP{int)

----- i get_EnableSpeaker{ink)

----- i get_PlaybackDevicelint)

----- i get_RecordDevicelink)

----- i Initializestring, string, string, string)
----- i IsChanelalid(int)

----- i IsPlayingStated(ink, out int, out skring)
----- % IsRecordingStated(ing, out ink, ouk skring)
----- i PlayFiledink, string)

----- i sek_ChannelMicvolumeding, int)

----- i sek_ChannelSpkriolumeding, ink)

----- i sek_EnableMicrophoneding, ink)

----- i sek_EnableReceiseRTRNE, ink)

----- i sek_EnableSendR.TRnE, ink)

----- i sek_EnableSpeakeriint, ink)

----- % SetSendingCodeciint, RTPSDE, CodecType)
----- % StartRecordingfint, string)

----- i@ StopPlaybackiink)

----- i StopRecordingfink)

----- e ChanelsCount

----- o CuprentChanel

----- # CurrentPlaybackDevice

----- fﬁ‘ CurrentRecaordDevice

----- o Enablelog

----- e MicYalume:

----- _ff PlavbackDevice“ounk

----- #o RecordDeviceCount

----- fﬁ‘ Speakeryolume

Methods Description

CreateConfRoom

Creates conference room.

Returns id of the created room as integer.

Each room has own mixer.

Example: We have created conf.rom with 3 channels (A,B,C) and enabled
microphone and speaker (Mic,Spkr).

When channel A has enabled sending SDK will send to this channel voice
from channel B and C (when receiving enabled) and voice from Mic (when
enabled).

It can be shown as:

A = B+C+Mic

B = A+C+Mic

C = A+B+Mic

Spkr = A+B+C

CreateChanel

Creates channel in conference room.

Input arguments:
LONG ConfRoomId, LONG LocalPort, LONG RemotePort, String
RemoteAddr

Returns id of created channel.




DeleteChanel

Deletes previously created channel by its id.

Input argument:
LONG ChannelId

DeleteConfRoom Deletes previously created conf.room by its id.
Input argument:
(LONG confRoomId)
FindAudioDevices Finds existing audio devices in system.
Has to be invoked before Initialize, and provide ability for user
selected audio devices.
Note:
When audio devices are not connected or not selected SDK can work
without them, all local audio features will be disabled.
Initialize Initializes component
Input arguments:
String PlaybackDevice
String RecordDevice - selected playback (record) device.
String LicenseUserId
String LicenseKey - license data.
PlayFile Start/stop playing file for selected conf.room.
StopPlayback Input arguments: _ _
confRoomId —conf.room id, received from method CreateConfRoom.
Note:
A. Method plays sound for all channels in the conf.room.
B. When input file is in mp3 format SDK can automatically convert it
to wav, play, remove after playing.
IsPlayingStated Returns true when playing has alredy started on selected conf.room, and
also returns path to file which is playing.
Input arguments:
LONG ConfRoomId, out string FilePath
StartRecording Starts/stops recording file for selected conf.room.
SDK records mixed sound from all channels and local microphone,
StopRecording compresses and stores in mp3 format.
Input arguments:
confRoomId —conf.room id, received from method CreateConfRoomn.
IsRecordingStated Returns true when recording has alredy started on selected conf.room,

and also returns path to file which is recording.

Input arguments:
LONG ConfRoomId, out string FilePath

SetSendingCodec

Set codec that will be used for sending audio data.

Input arguments:

LONG Chanelld, CodecType codec

Possible values for ‘CodecType’ are: eG711_mulaw, eG711_alaw, eGSM,
elLBC, eG729A, eSPEEX, eG726




Note:
To apply new codec is required to stop and start sending again.

set ChannelMicVolume
get ChannelMicVolume

This property allows to set input volume of the conf.room microphone
which will be sent through this channel.

When property set to 0 — channel will not send sound from microphone.

set ChannelSpkrVolume
get ChannelSpkrVolume

This property allows set volume of the received voice before mix it and end
to speaker.

When property set to 0 — speaker will not play sound from this channel.

set EnableSpeaker
get EnableSpeaker

Enables/Disables speaker for selected conf.room.

set EnableMicrophone
get EnableMicrophone

Enables/Disables microphone for selected conf.room.

set EnableReceiveRTP
get EnableReceiveRTP

Enables/Disables receiving RTP on selected channel.

set EnableSendRTP
get EnableSendRTP

Enables/Disables sending RTP for selected channel.

SpeakerVolume

Changes global speaker volume.
Input arguments:
LONG Level —level in range [0..100]

MicVolume

Changes global microphone gain.
Input arguments:
LONG Level —level in range [0..100]

CurrentPlaybackDevice

PlaybackDeviceCount

PlaybackDevice

CurrentRecordDevice

RecordDeviceCount

Methods that returns found playback/record devices

RecordDevice
EnablelLog Enables/Disables internal log features.
When enabled - SDK writes file ‘RtpSdkLog.txt’ in same where component
is registered.
Note: this property has to be invoked before ‘Initialize’.
Input arguments:
LONG Enabled - 1-toenablelog, 0 —disable.
Events
OnNotify SDK generates this event when it has some additional information about

device state.
Event arguments:
String Msg

Example:

When started file playing SDK generates this event with messaga:
OnNotify ("Playing started: c:\mozart.wav”)




OnStreamActivity

SDK generates this event when when detected activity on some channel.
Event arguments:

String Msg

String Addr

LONG port

Example:

When stream started:
OnStreamActivity(“STREAM_START”, N192.168.0.56"7, 21000)

OnPlayFile

SDK generates this event when finished playing sound file.

Event arguments:

VoiceEventType eventType - always equal ‘eStopped’
LONG ChanelId - 1l-based channel id where playing
finished.

OnVoiceActivity

SDK generates this event when recognized some voice activity in received
data. This event can be used for start/stop recording voice without silence.

Event arguments:

VoiceEventType eventType - equal ‘eStarted’ when voice
started and ‘eStopped’ when stopped.

LONG ChanelId - l-based channel id.




How to use example application

See source code of the example application <install_dir>\SampleWindowCS\SampleWindowCS.sIn

1. Select audio devices and click “Initialize RTP device”
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= ABTORTP SDK Exarnple app
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1. Select audio devices and initialize RTP SDE component
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2. Create conf.room by clicking “CreateConfRoom” button.
SDK/application allows create multiple conference rooms, for each room user can start playing, start
recording, enable speaker and microphone. Room mixes sound from all channels as explained above in

method “CreateConfRoom”.
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3. Create channels.

Input local port, remote port and remote address and click “Create Channel”.
Each channel independently allows enable sending/receiving.

o

3 ABTO RTP SDK Example app o] @ |3
1. Select audio devices and initialize B TP SDK component
Microphone Speaker

Microphone [5- USE PrP Sound De Speak [] Enable Log

ConfR oom(-1]
Playing: rozart, way PlayFile
Fecording:  1.mp3

CreateCaonfRoam

[] Enable Microphone Enable Speaker

CreateChannel

Local port:  Remate part: Remote addr:

22000 22000 192168.0158 | Create Channel |

Global vaolurne

Channel #1 [21000 <-> 192.168.0.158:21000])
[] EnableSend MicGain: ) 0 [ Celete thiz channel ]
[] EnableReceive Spkrvolume n  Sending codec: | PCMU -
Channel #2 [22000 <-> 192.168.0.158:22000])
[] EnableSend WicGain: ) N [ Delete thiz channel ] = =)
[] EnableReceive Spkrivolume [ Sending codec: | PCMU -

Spk Yol iz Yol

3. Watch events

Chanel #2 - 192.168.0.158: 22000 - 22000" added
Chanel #1 - 192.168.0.158: 21000 - 21000° added
ConfRoom #-1 created

Demo werzioh. Full functional.
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