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1.-  Introduction 
 
Welcome to iDousyn | Keyboard Instruments App, a digital keyboard 
application. 
 
The iDousyn is a Piano Keyboard with synthesizer functions in which it includes 
oscillators, high quality filters like (LP / HP / BP / High Shelf) and DSP effects 
like (reverb, delay, equalization). 
 
You can use an external MIDI keyboard to play the instrument using keys. 
 
In this manual only the internal functions of the software are explained, the 
external functions of the software such as InterApp-Audio, MIDI and 
AudioCopy can be found on the website www.idousyn.com. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

http://www.idousyn.com/


 
 

 
Copyright © 2011-2018 Jorge Lozada. All rights reserved. 
 

2.-  Sound Banks 
 
The sound bank is on the left side of the screen and is divided into banks, 
sounds, my presets, an information area and a save button. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 



 
 

 
Copyright © 2011-2018 Jorge Lozada. All rights reserved. 
 

2.1 banks 
 
In this area you can select the sound bank with just touching 
the area on the screen, there are 11 banks in total. 
 
 
 
 
 
 
 
 

 
2.2 sounds 

 
 
In this area you can select and scroll up and down by 
touching the screen of your device and select the sound 
of your preference, there are 100 sounds in total with 
each bank. 
 
 
 
 
 
 
2.3 my presets 
 

This is the area where your favorite presets are stored, 
the number stored is unlimited, you can delete the 
presets one by one by sliding the text to the left. 
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2.4 Information area 
 

This is the information area 
where the sound bank, the 
sound, the use of ram memory, 

and the use of the processor are shown. 
 
2.5 Save Button 
 

This is the save button you just have 
to touch the bottom-up button to 
save your preset. 
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3.-  Oscillators 
 
The oscillators are divided into 2 parts called oscillator 1 and oscillator 2, in 
these areas you can tone the sounds. 
 
This area is divided into frequency, semitone, cent, octave, pan, level. 
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3.1 freq 
 
The frequency of sound is related to the height of the 
oscillation of the sound wave. The height of the sound 
is perceptible only if the frequency of its oscillation is 
the same in a minimum time interval. 
 
Treble sounds have a higher height and higher 
frequency than low sounds. The frequency of the sound 
of the high pitches oscillates between the 2000 and the 
4000 Hz while the serious ones go from the 125 to the 

250 Hz. The average tones have a frequency of oscillation between 500 to 1000 
Hz. 
 
 
 

3.2 semitone 
 

In music, a semitone is each of the two parts, 
equal or unequal, in which the interval of a 
tone, 1 is divided and is the smallest of the 
intervals that can occur between consecutive 
notes of a diatonic scale. It is equivalent to one 
twelfth of an octave. 
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3.3 cent 
 
The penny is a logarithmic unit of measure 
used for musical intervals. The equal 
twelve-tone temperament divides the 
octave into 12 semitones of 100 cents 
each. 
 
 

 
3.4 octave 
 

 
 
It is called octave to the interval of eight degrees between two notes of the 
musical scale. In music, an octave is the interval that separates two sounds 
whose fundamental frequencies have a ratio of two to one.  
 
3.5 pan 
 

 
It is a panorama controller (also panoramic potentiometer, short panpot), the 
volume distribution of an audio signal is controlled in two channels. The 
process itself is usually called panoramic. 
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3.6 Level 
 
It is the volume of the sound perception that the human being has 
of the power of a certain sound. 
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4.- Filters  

The defining characteristic of the filters is the total or partial suppression of 
some aspect of the signal and this area is divided into LP (Low-pass filter), HP 
(High-pass filter), BP (Band-pass filter) and High Shelf Filter. 
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4.1 Low-pass filter 
 

 
A low pass device is a filter that passes at low frequencies 
and attenuates high frequencies, that is, frequencies 
above the cutoff frequency. It could also be called a high 
cut tube. The low pass filter is the reverse of the high pass 
filter and these two combined filters form a band pass 
filter. 
 
 
 
 
 
 
 
 
 

 
4.2 High-pass filter 

 
 
A high pass filter is a filter that allows the passage of high 
frequencies easily, but attenuates (or reduces) the 
amplitude of frequencies below the cutoff frequency. The 
amount of attenuation for each frequency varies from 
filter to filter. The high pass filter has a working principle 
opposite to the low pass filter 
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4.3 Band-pass filter 
 

 
A band-pass filter serves to attenuate frequencies outside 
the bandwidth, the frequency range between the cutoff 
frequencies. Therefore, only frequencies within this range 
remain intact or with low attenuation. 
 
 
 
 
 
 
 
 
 
 
 

 
4.4 High Shelf Filter 

 
 
A high-shelf filter passes over frequencies, but increases or 
reduces frequencies above the shelf frequency by specified 
amount. 
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5.- EQ / Pitch  

In this area is the equalization and sound time, divided into parametric EQ, 

peak limiter, and Time Pitch. 
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5.1 Parametric EQ 

 

A parametric equalizer offers continuous control over ǘƘŜ ŀǳŘƛƻ ǎƛƎƴŀƭΩǎ 

frequency content, which is divided into several bands of frequencies (most 

commonly three to seven bands). 

Q is defined relative to the center frequency of the filter, it is the center 

frequency divided by the bandwidth of the filter where the bandwidth is 

defined by the +/-3dB points. 

For example, if the center frequency is 500Hz and the -3dB points are at 450 

and 550Hz then we have a bandwidth of 100Hz. Therefore Q = 500/100 = 5 

Gain: the maximum boost or cut applied by the filter, i.e. the boost or cut 

applied at the center frequency 

 

5.2 Peak Limiter 

 

Peak limiter be used to control amplifier clipping. 
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5.3 Time Pitch 

 

Time Pitch is the time stretching prolongs the time of the recording without 

affecting the voice pitch (the glottal tone frequency is not changed). Up to 

100% longer playback time may be obtained (two times the original playback 

time). 

Overlapping: The signal is divided into segments, 1024 samples each. A copy 

of each segment is created and shifted in time, so that the original segment 

and its copy partially overlap. The sample values in the overlap region are 

computed as the linearly weighted average of sample values in the original 

section and its copy. 
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6.- Dynamics processing 

The dynamics processor should work as the expander for low input levels and 

as the compressor for high input levels. The multi-band processing is 

recommended if distortions are clearly audible only in defined frequency 

ranges. 

 
Hold the piano key while testing the controls. 
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тΦπ wŜǾŜǊōŜǊŀǘƛƻƴ 

Reverberation is the persistence of sound in a place after the interruption of 
the sound source. Reverberation is the mixing of a number of direct and 
indirect reflexes that produce a confusing sound that gradually diminishes. 

 
 
Delay: the time between the sound produced and the beginning of its 
reverberation, a very high time allows to clearly differentiate the signal from 
its reverberation. 
 
Early Reflections: establishes the level and number of first sound waves that, 
after striking walls, floor or ceiling, reach the listener. 
 
Decay: expressed in seconds, defines how long the reverberation remains. 
 
Wet / Dry: indicates the ratio of reverberation to include in the basic signal. It 
should not be confused with the level (audio); dry is the signal without reverb, 
wet with the maximum effect (reverb). 
 
Gain: as the name implies, play with the density of the reverberation. 
 
 
 
 
 
 
 
 
 
 
 
 


