The Quilcom PTS
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Design
The Quilcom PTS allows you to explore Pulsar Train Synthesis. Included in the download are documents and links relating to this type of Granular Synthesis, first described by Curtis Roads in 1978. The Quilcom PTS is inspired by Hamburg Audio’s Nektar synth, but with my own take on the application of the technique and features.

Very briefly, a Pulsar is a repeating signal, named after the astronomic body which produces very regular high frequency radio pulses. 
In synthesis, the pulse (called a pulsaret) is sounded followed by silence until the next pulse is created. The pulsaret can be any waveform and its frequency and amplitude can be set and modulated independently of the repetition rate. Typically the repetition rate provides the fundamental frequency, whilst the pulsaret frequency, amplitude envelope (window) and wave shape provides the timbre. Sweeping the pulsaret frequency can remind one superficially of sweeping a filter, but the sound has a quite different character. Also it can sound a bit like pulse width modulation (depending on the waveform chosen). But again, it’s not identical. It’s this type of sound, which is unique to PTS, that this synth explores. 
Like many of my synths, it can do much more; you don’t have to use PTS on every (or any) oscillator. It can be used as a regular synth with 4 waveform table oscillators, filter, envelope generator etc, even though it’s main purpose is PTS.

What follows is a description of the various parts…
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Overview
Top left is the preset manager. Next down is a block of 4 identical PTS oscillators. Bottom left is the GENERAL panel for global settings.
The 4 oscillators are routed to the input of a multimode (state variable) filter with its own dedicated envelope generator (also can be used as a modulation source). The filter output then routes the signal into a volume envelope generator (again, available as a modulation source). The signal is then routed to the Effects section, as shown above. If you click on the button showing EFFECTS the lower area will change the view to show the modulation section, as shown below.

Modulation view:
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The output from the Effects section then goes to the main Volume control and the on-board sound Recorder.

All these elements are described below…
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This is the preset (patch or program) manager. Click on the preset name to open a drop-list selector, or page through them with the arrow keys. The FILE button is for saving, loading, copying and pasting of presets. You can also save and load a whole bank. The FlowStone presets are saved as plain text files, which can be read and edited in Notepad.
When LOCKED is selected, any changes you make to the controls will NOT be remembered by the DAW. This enables you to experiment and easily get back to the original sound by just re-selecting the preset.
When the LOCKED button is clicked, and then shows UNLOCKED, the current settings will be saved with the DAW song file. The dimmed RENAME button will become available to call the preset whatever you want. For regular use in a DAW leave it UNLOCKED so the DAW will remember any tweaks made in the song file.
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There are 4 identical Oscillators provided. They can be turned on and off with the LED switch beside the label. Only use what you need, to keep the CPU usage down.
Tuning the oscillator is achieved with the OCTAVE, SEMI and FINE knobs. As with all the knobs, a double-click or control-click will reset them to default.
P-FREQ sets the nominal frequency of the pulsaret. It can be modulated. It has the largest effect on the timbre produced.
PITCHED is a selector which can choose between a regular keyboard musical tracking and 3 types of random generator. When a random generator is chosen, the SPARSE knob becomes available to adjust the average noise rate which is used to trigger pulsar generation. When SPARSE is set to minimum the trigger rate is high. Increasing the setting reduces the average amount of pulsars generated, right to the point where there is just an irregular pitched “crackle”.
The PULSARET selector provides a wide choice of waveforms. These are specially prepared for this type of synthesis, so there is no option to load your own waveforms. The choices available give, I believe, a very wide range of sounds. At the bottom of the list are 3 colours of genuine noise (not fixed waveforms).
The WINDOW selector provides a wide choice of window shapes. Windowing means the application of an amplitude envelope to the pulsaret, irrespective of the pulsaret frequency set. This means that you’ll get the same envelope shape for all notes played. Windowing can have a significant effect on the timbre, depending on the waveform and window combination.
The GATER is another way to make different sounds. The idea is to blank (gate) pulsars in sequence. When an orange lamp is lit, that pulsar is not gated, so you hear it. When turned off, the pulsar is gated off, so it’s not heard. In the image above, the control to the right shows 8. This means the sequence is 8 steps long (maximum is 8). You can drag this to the left to set the amount of steps in the sequence. So if you want 3 steps and only one pulsar, drag it to show 3 and turn off any two of the gate buttons.
Tip: If you set a very low octave keyboard tuning you can make pitch-dependant rhythms with the GATER.
The oscillator produces a mono train of pulsars. With the WIDTH knob the train can be made to have a stereo component. When turned fully down, the train is mono. In the central position alternative pulsars are switched to the left and right channels. Turning it fully up supplies the anti-phase signal to opposite channels. Of course all the intermediate settings provide a mix. So the knob is a 3-way mixer in effect.
Tip: Since alternation splits the train into two, each channel will get a fundamental 1 octave down. This is because the repetition rate for each channel is halved.
You can change the phase between the left and right channels. This is done with the SHIFT knob. 
Tip: Since the SHIFT affects phase, modulation of this parameter will introduce Phase (Frequency) modulation effects.
The MIX knob allows you to set a balance between the pure pulsar sound and the regular sound from the chosen PULSARET waveform.
Tip: you may not want all (or any) pulsar sounds. In which case, set the MIX fully down. This gives you a regular waveform table oscillator. This can be useful for adding noise, sub octave or even plain additive mixing.
The LEVEL knob simply sets the output level of the oscillator.
The following control values can be modulated via the modulation matrix (see later):
· P_FREQ Pulsaret frequency
· WIDTH Stereo amount and type
· SHIFT Phase shift of Right channel
· MIX Balance between pulsar train and regular oscillator.
· LEVEL Output level.
These are modulated by summing, so the incoming modulation will add to, or subtract from, the knob’s nominal setting.
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The GENERAL panel has several functions which affect the whole synth.
Bottom left provides 3 knobs to tune the whole synth: OCTAVE, SEMI and FINE.
If you click on POLY (polyphonic – 32 voices max) the system will change to MONO (one voice maximum). Then you’ll see 3 more buttons below where you can choose the type of note stealing when more than 1 note is held down:
· RETRIG NEW will re-trigger the envelopes when a new note is played.
· HOLD STOLEN will return to the previous note when the most recent one is released.
· RETRIG STOLEN will retrigger the envelopes when the stolen note is returned to.
PITCHBEND 7 is where you select the range of the Pitchbend wheel in semitones.
When CHROMATIC is lit, any change of pitch will be in discreet semitone intervals. When dimmed (as shown), any change of pitch will be smooth.
PIANO STRETCH applies a transfer curve to slightly increase the pitch of higher notes and decrease the pitch of lower notes to match real piano tuning. It’s useful for making octave chords beat very slightly, which can add some movement to the sound.
The GLIDE knob sets the Portamento time or rate. When fully down (as shown) Portamento is off and uses a little less CPU. When you turn it up the little orange indicator will light and two more controls are seen:
SCOOP FIRST NOTE: This is a polyphonic glide which causes a scoop or slide-up to each note played.
Below the knob a selector will appear where you can choose the type of glide:
· EXP FIXED TIME provides an exponential glide which slows down as the pitch approaches its target value. Because the time is fixed, the time taken will be independent of the key range. This simulates the system on analogue synths, and is the “classic” Portamento sound.
· LINEAR FIXED RATE is a linear glide between 2 notes at a rate which is affected by the distance between notes. So sliding between 2 adjacent notes will be much faster than from the lowest to the highest on the keyboard.
· LINEAR FIXED TIME is a linear glide between notes which is independent of the span of the two notes. This simulates the approach a violinist might take for example.
The MWHL knob provides the most common use of the modwheel: variable amounts of vibrato for expression. It’s provided as an easy and immediate way to get the function without recourse to the modulation matrix. It has a dedicated sinewave LFO and the MWHL knob sets the LFO frequency. Since this does use some CPU, turn it fully down if you don’t need it. The little orange indicator will dim to show no CPU is being used.
Top right is the only LFO with delay and fade-in settings. This is called the GLOBAL LFO in the modulation matrix. The LFO can go high into the audio range. DELAY sets the time before the LFO starts and the FADE knob sets the rate at which it rises to maximum output. SINE is a selector for waveform choice. The global LFO can be used to modulate the frequency of the global synth pitch, to provide delayed vibrato or Frequency Modulation (true FM). The FM knob sets the amount of FM. Leave it set fully down if not needed, to save a little CPU.
Bottom right is a simple envelope generator dedicated to pitch. If you need it, turn it on with the PITCH ENV button. It’s a decay-only type and the DECAY knob sets the decay rate. The AMNT knob sets the amount of pitch bend. The knob is bipolar, so in the centre position there is no bend. Turning it clockwise will start the note at a higher pitch and tuning it anticlockwise will cause the pitch to rise up to the played pitch. The VEL knob sets the amount of effect of heavier played notes. At minimum, the pitch envelope is always at maximum. At higher settings the pitchbend will be less at lower velocities. This is useful when simulating drums and such instruments.
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The audio produced in the Oscillators is next fed to a state-variable filter, with an envelope provided for optional modulation of the centre/cutoff frequency. 
LPF2 selector chooses the filter type. LPF1 is a complex low pass filter made by Martin Vicanek. The main use is to provide a variable cutoff with no peak when resonance is set to zero. This can give a more natural and less “synthy” sound. But be aware that it uses more CPU than LPF 2 which is a more conventional filter.
The -24dB toggles between slopes of -24dB and -12dB per octave.
FREQ sets the centre/cutoff frequency. Any incoming modulation is added to this setting (or subtracted from it).
RES sets the resonance of the filter.
TRACK is a dedicated knob for determining how the filter frequency changes with the note played. In its central default position the tracking is 1:1 with the note played. At minimum there is no tracking and at maximum it is over-tracked. The TRACK setting interacts with the FREQ knob.
ENV sets the amount by which the envelope generator below affects the filter frequency. The knob is bipolar, so in the central default position, the envelope has no effect. Clockwise increases the filter frequency shift from the envelope and anticlockwise decreases it.
DRY-WET provides a means to adjust the balance between the filtered (wet) and dry (incoming) sound.
If you don’t need the filter, turn it off using the LED switch alongside the label. This will save on CPU.

The filter’s envelope generator is an AHDSR type. The decay is scaled to the note number, so higher notes will decay faster. The Attack time, when set to longer values, will reduce at higher velocities. The VEL controls the influence of velocity on the envelope. When turned fully down as shown, the envelope is always at full output. When turned up, at lower velocities the envelope’s level will be reduced.
The filter’s envelope generator also appears as a modulation source in the modulation matrix as FILTER ENV (see later), so it can be used for other purposes too. If you don’t need it, turning it off will save some CPU.
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The VOL ENV envelope generator controls the volume contour and is also available as a source of modulation in the modulation matrix (see later)
STRIKE is a control that adds a percussive element to the start of the envelope curve and depends on velocity and attack times set. So for a slow attack it has little effect but for fast percussive attack it gives an extra punch to the sound. The knob itself determines the amount of strike added to the envelope.
The ATTACK knob has 2 areas of operation. Up to 9 o’clock the attack time is not influenced by velocity. Beyond this, higher velocity will start to reduce the attack time. This provides for more expressive control when a softer attack is set.
HOLD time can be used to simulate a degree of limiting or compression or can provide a more sustained peak on the envelope.
DECAY sets what is often referred to as the “sustain” of the note. At maximum the decay is very slow. 
The decay time is key-tracked internally to provide somewhat shorter notes at the high end of the keyboard. This effect is spread non-linearly across the key span, as is typical in most acoustic instruments.
The SUST sustain level knob will hold the sustain level while the note is held down or the sustain pedal is pressed.
The RELEASE knob sets the time for the sound to decay to zero after the note is released. 
The VEL knob determines the output level according to velocity. When fully down the output is always at maximum. As you turn it up more, softer notes will cause the output to be at a lower level.
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Modulation section
A comprehensive modulation system is provided and is viewable when the button shows MODULATION, as above. The view shows 4 modulation generators and a modulation routing matrix. Other sources of modulation are available.
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The MOD ENV is an envelope generator which is not Pre-linked to any target.
It operates the same as the VOL ENV above, with 2 exceptions:
· Instead of a STRIKE control, it has a DELAY control. This delays the start of the envelope, and means you could bring in a modulation at a later point in the sound’s evolution.
· It can be UNIPOLAR or BIPOLAR. This means the envelope can run from 0 to 1 in UNIPOLAR and from -1 to 1 in BIPOLAR.
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There are 3 identical and freely assignable LFOs. Turn them on and off with the LED switch alongside the Label. If not required, turn them off to save on CPU usage.
SINE is a selector to choose the waveform and includes several random options. BIPOL determines whether the output is 0 to 1 (UNIPOL) or -1 to 1 (BIPOL).
FREE means you set the desired LFO frequency on the RATE knob which has a readout in Hz, as shown.
If you click on the FREE button it changes to SYNC and the LFO RATE will sync to the host tempo. In SYNC mode the RATE knob allows you to set a beat ratio and the readout will reflect this.
[image: C:\Users\Rex\FLOWSTONE projects\Quilcom PTS\Matrix.png]
In the modulation routing matrix you set a modulation source in the left hand SOURCE column and the destination in the right hand TARGET column. 
The -AMNT+ knob sets the amount of modulation sent to the chosen TARGET. This knob is bipolar, so the centre default position means no modulation is sent. Once a knob has been touched it will light up. To get it back to zero double click it, and it will dim. Turning to the right will increase the signal added to the TARGET, turning to the left will subtract. But note this also acts as a phase inversion for bipolar LFO signals. This means you could have one parameter being modulated in the opposite “direction” to another, from just one LFO.
To quickly clear a column, just click on its CLEAR button at the bottom.
Hers is a list of modulation sources:
----,LFO 1,LFO 2,LFO 3,VOL ENV,FILTER ENV,MOD ENV,MODWHEEL,PEDAL CC4,A-TOUCH,RANDOM,VELOCITY,TRACK UNI,TRACK BI,GLOBAL LFO.


Most of these should be self-explanatory, but note the following:
· A-TOUCH is channel Aftertouch.
· RANDOM is a bipolar value between -1 and 1 and is generated polyphonically for every new note pressed, and is unique for that note.
· TRACK UNI is unipolar keyboard tracking, going between 0 to 1 from C1 to C6 (middle C is C3).
· TRACK BI is a bipolar signal going between -1 to 1 where zero is around middle F#, which is the approximate centre of a 61 note span. So C1 is -1 and C6 is 1. This allows the option of adding or subtracting a modulation parameter around the centre of a typical 5 octave keyboard.
Here is a list of targets available:
----,CUTOFF,VOLUME,PITCH,LFO 1 RATE,LFO 2 RATE,LFO 3 RATE,PF OSC 1,PF OSC 2,PF OSC 3,PF OSC 4,WIDTH OSC 1,WIDTH OSC 2,WIDTH OSC 3,WIDTH OSC 4,MIX OSC 1,MIX OSC 2,MIX OSC 3,MIX OSC 4,LEVEL OSC 1,LEVEL OSC 2,LEVEL OSC 3,LEVEL OSC 4,SHIFT OSC 1,SHIFT OSC 2,SHIFT OSC 3,SHIFT OSC 4
PF refers to the PULSARET frequency P-FREQ.
Also note that most controls can be automated in the DAW, giving further scope for modulation.






Effects
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This is the view of the EFFECTS section when EFFECTS is selected. Signal flow is shown by the lines with arrows. The TONE control panel feeds into a 4 “bin” effects chain. The 4 buttons below that are for view switching for the 4 bins. The next panel down shows the active effect in the chosen bin. In the image above if you click on the PHASER selector you can choose from the 8 effects available, or choose NONE in which case that bin is bypassed. In this way you can place the effects in the order you wish and the same effect can be used as often as you like.
At the end of the effects chain the excellent MVERB 7B by Martin Vicanek is always available. In all cases you can turn off any or all effects and use your own favourite ones externally in your DAW. The effects provided at least allow you to experiment with effects inside the synth, and are used to demonstrate sounds from the presets.
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This panel provides a simple way to sculpt the overall “tone” of the instrument. You can boost or cut the BASS and TREBLE and also adjust the changeover frequency for the shelving filters (made by Martin Vicanek).
If you want more precise control you could use an instance of the graphic equaliser included in the effects bins (see later).
This TONE control uses low CPU but if you don’t need it turn it off!
The WIDTH knob is always active however. It controls the stereo spread from the oscillators. At minimum, the signal is reduced to mono. The default half-way setting is regular stereo and advancing it further widens the sound more.
Tip: This is different to the WIDTH control on each oscillator, which sends alternate pulsars to the left and right channels. Also note that if you have a high setting of WIDTH on an oscillator, when you set the sound to mono it will sound different.
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As mentioned above, you can put the GRAPHIC EQ anywhere in the signal path, to shape the frequency response of its input signal.
When you pass the mouse over the adjustment bars you’ll see a readout of the centre frequency of each bar. These frequencies are chosen to match the key span in half-octaves. So, for example, one of them is set to 262Hz which is roughly Middle C.
When you click and drag on a bar you’ll see a readout of the dB offset in the range of up to +/- 18dB. You can also “draw” the frequency response by dragging the mouse over the bars in one sweep. A right-double-click will reset all the bars to 0dB. If you wish, you can automate individual bars in the DAW.
The Q knob sets the bandwidth of all the filters. When set to 3, the response is pretty much flat when all the bars are at 0dB. Turning it higher increases the colouration of the signal. When set flat there is still a little colouration of the signal.
If you set a “peaky” response curve you can offset the overall gain of the eq using the LEVEL knob.
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The Wah-Wah effect can have its frequency controlled by the local LFO whereby the SPEED and AMOUNT operates on the cutoff frequency of the Bandpass filter. Static frequency is set on the CUTOFF knob and the LFO modulates plus or minus around this setting. RES sets the resonance of the filter.
The 2 MODWHL knobs set the amount of influence of the modwheel on the settings above them. So you can alter the amount of LFO and the cutoff frequency in whatever proportions you wish.
Important to note is that the MODWHL signals can also come from a midi foot controller (set to CC 4) and the last one touched will take control.

[image: C:\Users\Rex\FLOWSTONE projects\Quilcom SIM-EP\Screenshots\Spring .png]
For a more vintage sound you can insert a SPRING REVERB. This can add a spring-like “twang” to the start of the reverb tail, more apparent with percussive sounds.
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This PHASER effect can add a nice warm “swirl” to the sound, and Phasers are popular effects for many synth and acoustic sounds. The LFO modulates the centre frequency of the all-pass filters and adds to or subtracts from the set FREQ. The effect can be deepened by adding more feedback with the FBK knob. The MIX knob allows a blend between live and effect but should be left half way for the richest sound.
The 16 STAGES selector allows you to choose the number of all-pass filter blocks, and more will increase the intensity.
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This has a wonderful Chorus engine made by Martin Vicanek. 
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The DRIVE effect is to simulate a vacuum tube preamp. It adds warmth at low levels and moves into soft clipping at higher settings of AMOUNT, giving a typical overdriven distortion. 
I discovered that real overdriven vacuum tubes often soft-clip the sound asymmetrically, so the positive going peaks may be more affected that the negative going ones. This is simulated with the ASYMM knob. 
Please note that even when the AMOUNT knob is at minimum there is still a small warming effect present.
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This is a general purpose delay. The 3 buttons at the top are local defaults or “presets”. They set all the controls up to just be starting points for the type of delay effect you want. These momentary buttons only light briefly when clicked.
The LFO SPEED and AMOUNT set modulation of the static delay TIME you adjust, and are modulated plus and minus by the sine wave LFO.
FBK sets the amount of feedback and DAMPING sets a progressive loss of high frequencies as echoes repeat. LEVEL sets the level of the delayed signal added to the dry signal.
Under the FBK knob is a switch here, showing L-L R-R ,which means that left and right stereo channels are not swapped. Clicking it switches to L-R R-L INV which swaps channels over and inverts one. This is useful for chorus and some echo situations to give a wider stereo field.
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The CABINET simulates the resonances you might get from a speaker enclosure. It’s a simple solution making use of a comb filter which can mimic spectrograms of formants generated in hard enclosed boxes and such. If you want accuracy you should use a convolution plugin in the DAW, but the CABINET effect can be quite interesting in its own right.
SIZE is really the delay time in the comb filter, and is only loosely analogous to the cabinet volume. RES sets the height of the peaks in the spectrum. LEVEL sets the amount of resonances added to the dry signal. The range is from very subtle to extreme!
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The MVERB 7B is always available in the effects section at the end of the signal effects chain. It uses a wonderful reverb engine created by Martin Vicanek and I think is of very high quality. If you prefer to use your own favourite, just turn it off with the orange LED switch and it won’t use CPU.
The knobs do what you would expect of a digital reverb:
PRE-DLY is a delay time before the reverb is introduced.
TAIL is the length of the reverb tail; the time it takes to drop to -60dB.
DAMP reduces the high frequency content during the decay of the tail. It simulates a “softer” space which behaves this way.
WIDTH controls the width of the reverb in the stereo field. 
DRY-WET sets the balance between the incoming signal and the reverberation signal.
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The PANIC button is provided to clear the audio processing and any MIDI data if a note should hang. This can sometimes happen when there is a lot of MIDI data flowing and notes sustaining, but fortunately it’s rare. I’ve had this happen on pro synths sometimes.
The VOLUME knob is for the plugin’s audio output and features two uncalibrated bar graphs which indicate average peak values. Maximum is clipping point. If clipping happens, even for a very short time, the central ring of the knob turns red and holds for 1 second, so you don’t miss short clipping times.
The RECORDER allows you to capture any sound from the synth for up to 10 seconds, the length of the created WAV file being set with the TIME knob. This allows you to capture a sound to use elsewhere.
Set up the sound you want and the recording time. Click ARM and then the recording will start when you press any MIDI note. A bar shows the progress. 
If you want to save it, click on SAVE and use the standard Windows dialogue box to choose a location and name. If you’re not happy with it, just repeat the above without saving. The internal buffer is over-written.
Note: If you want to use the wav immediately be aware that the plugin takes a bit longer than the sound to complete the writing process.
If peak clipping is present this will be recorded too. It records exactly what you hear.
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