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SimpleSynth V1.0 

 
Salutations, 
 
 Here is a quick guide to setting up your SimpleSynth TouchDesigner 
component.  
 
 SimpleSynth is an 8voice polyphonic synthesizer component designed 
for use in your TouchDesigner projects. Its architecture is inspired by a 
mix of legacy analog poly-synths from the 70s such as the Sequential 
Circuits Prophet 5, the Roland Jupiter6 and Juno60 with care taken to 
strike the right balance between sound-design flexibility and ease of use.   
 
  

Setting Up: 

 
Beginning with a blank TouchDesigner network, drag and drop the 

SuperSynth component onto the canvas. 
 

Insert an Audio Device Out CHOP into your network and connect the 
red output of the SuperSynth (AUDIO) into the first input of the Audio 
Device Out CHOP. 

 

 
 
 
Next,open up the Midi Device Mapper window by pressing “Alt + D” and 
create a new midi device slot, selecting the midi device and midi channel 
with which you will play the SimpleSynth. 
 
 
 
 
 
 
 



If this is done correctly, it should 
be possible to view the stream of 
midi information coming from your 
midi keyboard in the lower part 
of the dialog. 

 
Click on the SimpleSynth component to bring 
up its parameter window. Select the page 
labeled GLOBAL/VOICE and match the 
parameters MIDI Channel to the device id and 
channel you've just set up in the Midi 
Device Mapper. 
 
You will also want to set the Continuous 
Controller value of your midi device’s 
modwheel to match that of the midi output.  
 

 
  
Now hook up a MIDI in CHOP to the input of the SimpleSynth component 
 

 
 
Now we want to make sure that the audio output settings in our Audio 
Device Out CHOP are properly set-up for optimal performance and minimal 
latency: 
 

 
 
 
 
 
 
First, check that you are using the proper driver for your output 
device and then, specify which device and which outputs you will be using. 



Lastly, (and this is important!) slowly roll back the buffer length until 
the sound of the synthesizer begins to crackle then bring it back up just 
before the point where that happens. This will minimize the delay between 
MIDI action and audio output, effectively increasing the responsiveness of 
the audio network altogether. It is also something to keep in mind 
whenever using the Audio Device Out CHOP. 
 
Begin playing! 

 
PAGES: 
 
GLOBAL/VOICE: 
 

 
 

The GLOBAL/VOICE page is where you set parameters which will affect 
the entirety of the synthesis engine and set the component’s midi channel 
and corresponding modwheel controller.  

 
Global Tune:  
 
This parameter allows you to tune the whole synth engine according to the 
pitch of A4. I recommend leaving this set to 432hz as its a more effective 

frequency with which to make your DNA vibrate. 😉   
     
Key Transpose:  
 
Transposes the relative pitch of the keyboard in semi-tones.  
 
PitchWheel Maximum Value:  
 
Sets the maximum and minimum value of pitch transposition in semitones 
from the modwheel.  
 
 
 



Voice Mode:  
 
Sets how the maximum amount of polyphony of the synthesizer engine. The 
more polyphony, the more CPU resources the component will require!  
 
Note! The voice mode labeled: “Exact Channels” essentially bypasses the 
voice-allocation algorithm and creates 1 synthesizer voice per midi-
formatted CHOP channel at its input. This mode is useful when triggering 
the synth via other TouchDesigner processes such as a physics system.  
 
Portamento On/Off: 
 
Do you want your sound to glide from one pitch to the next as you play on 
the keyboard? Yes? Then set the toggle to “on”. No? Set it to “off”. 
 
Portamento Time: 
 
So you want your sound to glide from one note to the next eh? How long do 
you want that to last? You decide here! 

 
Legato On/Off: 
 
Legato is when you play consecutive notes without releasing the previously 
held note. With this mode on, the notes only glide if you're still holding 
the previous one down. It's particularly useful in monophonic modes for 
acid-ish glide things. 

 

LFO: 
 

 
 
An LFO is a Low Frequency Oscillator, meaning that it generates cyclic 
modulation. Used in conjunction with an oscillator, it creates vibrato or 
a “wah wah” effect with a filter. Mostly use I use them to add subtle 
movement and change to my sounds (but you can do what you want). 
 
In SimpleSynth the first LFO is polyphonic and will affect each voice 
individually whereas the second LFO is fixed as a triangle wave and used 



as a “performance” LFO. It affects all voices simultaneously and is used 
for performance effects such as Vibrato (pitch modulation), Wah Wah 
(filter modulation) and Tremolo (amplitude modulation). The magnitude of 
the effect is controlled by the modwheel.  
 
LFO1 Wave: 

 
Choose it! (the SQUARE, SAW_UP and SAW_DOWN waves are unipolar as opposed 
to the rest. Meaning that they generate values that go from 0 to 1 rather 
than -1 to 1. This good because it allows you to do cool trills and 
stuff.) 

 
BPM Sync: 
 
Determines whether or not the base rate of the LFO will be a subdivision 
of the session’s tempo or not. All modulation from this point onwards will 
deviate the rate from this fraction.   
  
LFO1 Rate:  
 
This adjusts the speed of the LFO. Not sure what the range is but 0 is 
pretty slow and 1 is pretty fast, going into audio rate.  
 
Keyboard to Rate:  
 
This parameter determines how much effect the keyboard’s note input will 
affect the rate of LFO1. It’s values from 0 (no modulation) to double but 
on a scale of 0-1. A value of 0.5 for example, means that the LFO will 
track the keyboard as though it were a standard oscillator.  
 
Velocity to Rate:  
 
This parameter determines how much effect the keyboard’s velocity will 
affect the rate of LFO1.  
 
Aftertouch to Rate:  
 
This parameter determines how much effect the keyboard controller’s 
aftertouch will affect the rate of LFO1.  
 
LFO Key Reset:  
 
When this toggle is on, the LFO cycle will be reset at the beginning of 
each new note.  
 
LFO2 Rate:  
 
This adjusts the speed of the second LFO. Not sure what the range is but 0 
is pretty slow and 1 is pretty fast, going into audio rate.  

 
Vibrato:  
 
This parameter determines the maximum amount of pitch modulation which  
will occur to both oscillators when the modwheel is set to its maximum 
range.  



Vibrato:  
 
This parameter determines the maximum amount of filter modulation which  
will when the modwheel is set to its maximum range.  

 
Tremolo:  
 
This parameter determines the maximum amount of amplitude modulation which  
will when the modwheel is set to its maximum range.  

 
 
OSC1/OSC2: 
 

 
 
OSC stands for oscillator and as opposed to the LFO (low frequency 
oscillator), oscillates in the audible frequencies of human hearing and as 
such, constitutes the basic sound-source of our synthesizer.  
 
OSC Balance:  
 
Determines the balance of signals between OSC1 and OSC2 at the output. 
 
OSC1 Wave: 
 
This drop-down menu allows you to select the waveshape of the oscillator. 
A different waveshape will result in a different tone. Here are the 
available waveshapes:  
 
SINE: A pure tone! Good for flute-y, crystal-y things and organ sounds.   
 
TRIANGLE: A pretty pure tone, but not quite! For when you need a bit more 
buzz.  



 
SAWTOOTH: The coolest, brightest and buzziest waveform. It contains a 
whole bunch of overtones and is good for string sounds and brass 
  
SQUARE: A hollow, flute-like sound. It contains only the odd-numbered 
harmonics and is a good choice for many classic synth sounds as well as 
flutes and woodwinds.  
 
PULSE[1-2-3]: Similar to the square wave but with different duty-cycles 
resulting in “Nintendo” like sounds.  
 
 
OSC1 Octave: 
 
Selects the Octave at which the oscillator will be playing back.  
 
OSC1 Fine: 
 
Fine tune the pitch of the oscillator in semitones. It goes from one 
octave down to one octave up. 
 
LFO Osc1 Amount: 
 
The amount of pitch modulation to oscillator1 by the LFO.  
 
Env2 Osc1 Amount: 
 
The amount of pitch modulation to oscillator1 by envelope 2.  
 
OSC2 Wave: 
 
The same as oscillator 1 except that oscillator 2 possesses an additional 
“noise” waveform.  
 
OSC2 Octave: 
 
Selects the Octave at which the oscillator will be playing back.  
 
OSC2 Fine: 
 
Fine tune the pitch of the oscillator in semitones. It goes from one 
octave down to one octave up. 
 
LFO Osc2 Amount: 
 
The amount of pitch modulation to oscillator2 by the LFO.  
 
Env2 Osc2 Amount: 
 
The amount of pitch modulation to oscillator2 by envelope 2.  
 
OSC1 Sync: 
 
If set to on, as oscillator two finishes a cycle, it resets the period of 
another oscillator 1, forcing the latter to have the same base frequency. 
This can produce a harmonically rich sound, the timbre  of which can be 

https://en.wikipedia.org/wiki/Oscillator
https://en.wikipedia.org/wiki/Frequency
https://en.wikipedia.org/wiki/Harmonics
https://en.wikipedia.org/wiki/Timbre


altered by varying the synced oscillator's frequency. 
 
Oscillator Sync may result in unexpected results. It is important to 
experiment with both oscillator’s frequencies if pleasant tones are to be 
achieved.  
 
AM: 
 
If set to on, the amplitude of oscillator2 will modify the amplitude of 
oscillator1 which creates inharmonic content. It is useful towards the 
synthesis of metallic and bell-like sounds.  
 
CrossMod Amount: 
 
CrossMod is cool name for frequency modulation of oscillator1 against 
oscillator2. This parameter sets the base amount of frequency modulation 
which happens.  
 
ENV2 CrossMod Amount: 
 
Inspired by the Jupiter 6, This parameter sets how much the level of 
envelope 2 will affect the amount of cross-mod between both oscillators.  
 

Filter:  
 

 
 
This page is where you will set the parameters for one of the most 
evocative aspects of any subtractive synthesizer! The filter, as its name 
suggests, filters out certain frequency content of the raw oscillator 
tones. This particular one is what is known as a “variable slope”, “multi-
mode” filter.  
 
 
 
 



Type: 
 
Choose from four filter modes:  
 
Lowpass: The most widely used filter 
type in analog subtractive synths. It 
will filter out frequencies above its 
frequency parameter at the given slope 
at which it was set letting pass only 
the low frequencies. It’s useful for 
about synthesizing roughly 80% of 
sound types.  
 
 
Highpass: Like the lowpass filter only 
opposite. It will filter out the low 
frequencies and pass-through only the 
frequencies above its cut-off 
frequency. Good for fizzy sounds or 
emphasizing the low-end of a sound with 
the filter’s resonance. 
 
 
 
 
Bandpass: This filter passes only a 
band of frequencies above and below the 
cut-off frequency as steep as the 
filter’s slope. I really enjoy using 
this filter type to hone in on 
interesting overtones for pads and 
ambiences.  
 
 
 
 
Notch: Also known as band reject, this 
is the opposite of the bandpass filter 
and removes all the frequencies in the 
band around the cut-off frequency. This 
can be a good filter to use to create 
“phasing” type effects.  

   
 
 
 
 
 
 
 
 



Slope:  
 
This slider goes from 12 to 
24 and refers to the amount 
of frequency attenuation 
in decibels per octave 
which is known as the 
filter’s slope. The 
steeper the slope, the 
quicker the overtones of a 
sound are attenuated by 
the filter. 
 
Traditionally, analog 
synths have come in 
primarily 2 flavours of 
filters each ascociated 
with particular 
manufacturers and 
particular sounds: 12dB 
slope filters (also known 
as 2 pole) and 24dB slopes 
(4 pole).  
 
Oberheim and Korg are known for their 12dB slope filters and buzzier sounds 
whereas Roland and Moog traditionally employ 24dB slopes in their filters 
which results in a somewhat “creamier” sound (whatever that means).  
 
Because of the legacy of Moog and Roland, 24dB slopes are more often 
associated with bass sounds.  
 
What’s particularly great (and that you may have already noticed) with this 
filter however is that it doesn’t stand in 
either camp but can move from one to the 
other or stay anywhere in between! Just 
try finding a 13.2dB per octave slope on 
any other synth. You won’t!  
 
Frequency:  
 
This parameter sets the cut-off frequency 
of the filter; the point at which the 
frequency drop-off effects of the filter 
begin to occur.  
 
Resonance:  
 
This parameter boosts the amplitude of the 
sound and emphasizes the frequencies at 
the filter’s cut-off point previously set 
with the frequency parameter. It adds a 
kind of “metallic” or “whistling” 
character to the sound.    
 
 
 
 



Envelope2 Amount:  
 
This parameter determines how much effect the second envelope generator 
will have on the filter’s cut-off frequency.  
 
LFO Amount:  
 
This parameter determines how much effect the LFO will have on the 
filter’s cut-off frequency.  
 
Keyboard Amount:  
 
This parameter determines how much effect the note value of each voice 
will have on the filter’s cut-off frequency.  
 
Velocity Amount:  
 
This parameter determines how much effect the velocity of each voice will 
have on the filter’s cut-off frequency.  
 
Filter FM source:  
 
Choose the source of audio-rate filter modulation.  
 
Filter FM Amount:  
 
Choose the amount of audio-rate filter modulation.  
 
Velocity FM Amount:  
 
Choose how much effect the velocity of an incoming note-on signal will 
affect the amount of audio-rate filter modulation. 
 
FM Envelope:  
 
Choose which envelope generator will affect the amount of audio-rate 
filter modulation. 
 
Envelope to Filter FM:  
 
Choose how much the previously chosen envelope generator will affect the 
amount of audio-rate filter modulation. 
 
 
 
  
 
 
 
 
 
 
 
 

 



ENV/AMP:  
 

 
 
This page is where you will set parameters as they relate to the Envelope 
Generators, or ADSRs, and the output stage of the SimpleSynth. 
 
An ADSR stands for “Attack”, “Decay”, “Sustain”, “Release” and forms an 
envelope, shape or contour of the sound parameter it affects and changes 
it through time following those four stages.  
 

     
In the SimpleSynth, ADSR1 is fixed to modulate the amplitude of the sound 
as a whole.  
 
The length of the Attack, Decay and Release segments of the envelope are 
roughly 0 to 15seconds and are normalized to a logarithmic curve for a 
more traditional synthesizer feel when those controls are mapped to a set 
of knobs or sliders.   
 
 
 
 



Velocity to Amp:  
 
When set to on, the incoming velocity values of MIDI note-on messages will 
correspond to the amplitude of the synthesizer at the output. When set to 
off, the output amplitude of each voice will remain constant. 
 
Envelope1 Attack:  
 
Determines the amount of time taken from the initial keypress for the 
envelope to reach its peak amplitude of 1. 
 
Envelope1 Decay:  
 
After having reached the peak, the envelope now decays to the sustain 
level at the rate specified by this parameter 
 
Envelope1 Sustain:  
 
This is the level at which the envelope will be sustained while the key is 
held after having completed the decay portion of the envelope 
 
Envelope1 Release:  
 
Upon note-release, at whatever current value the envelope may be, it will 
gradually fall back to 0 in the time specified by this parameter.  
 
Envelope2 Attack:  
 
Determines the amount of time taken from the initial keypress for the 
envelope to reach its peak amplitude of 1. 
 
Envelope2 Decay:  
 
After having reached the peak, the envelope now decays to the sustain 
level at the rate specified by this parameter 
 
Envelope2 Sustain:  
 
This is the level at which the envelope will be sustained while the key is 
held after having completed the decay portion of the envelope 
 
Envelope2 Release:  
 
Upon note-release, at whatever current value the envelope may be, it will 
gradually fall back to 0 in the time specified by this parameter.   
  
Invert Envelope2:  
 
When set to “on” the range of Envelope2 switches from 0-1 to 1-0.  
 
High-Pass:  
 
A single high-pass filter inspired by the output stage of the Roland Juno-
106. When set to 0, there is a low-frequency eq boost at around 60hz, when 
set to 1, the filter is bypassed and all values above 1 incrementally 
high-pass the signal.  



 
 
ChorusI-II:  
 
A simple but effective chorus effect inspired by the Roland Juno60. It 
turns the mono output to stereo.  

 
PRESETS:  
 

 
 
This page is where you will save and recall presets.  
 
To store a preset, choose which bank and preset number you want to store 
the preset in, then press the “STORE” parameter.  
 
To recall a preset, select the bank and preset you wish to recall. The 
preset will automatically be recalled once the preset “RECALL” button has 
been pressed.  

 
OUTPUTS:  
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