The Quilcom PMS
The Quilcom PMS is a Physical Modelling Synthesiser, designed to enable the user to explore details and behaviour of several different modelling algorithms. I have provided over 50 acoustic instrument presets to act as starting points for further tuning to taste and needs. In addition there are several “fantasy” presets where the system is used to make non-acoustic or unusual sounds, and I think the plugin lends itself well for this purpose.
When I started to look into physical modelling, I quickly realised what a fascinating subject it is. It has an extensive range of techniques and great depth; especially if you should you wish to explore the mathematical aspects. The download includes the background documents I found most interesting and useful, but there’s loads more on the internet.
The term “physical modelling” (PM) can be very broad in scope. Arguably a Minimoog models real-world vibrations with its oscillators, filter and envelopes. However, the term PM generally relates to a class of synthesis that uses an excitation signal, which may be very brief or sometimes sustained, to energise resonant systems. The sound produced can then be modified to emulate static or dynamic sound boxes, if required, and a range of usual effects can be added for the final result.
PM synthesis is better suited for some sounds than others, in the same way other techniques may be better adapted to their goal. This doesn’t really apply if a PM configuration is tailor-made for a specific instrument, but complexity and CPU usage can sometimes be far greater than with simpler means, and provide similar results. For example, my Tubular Bells preset is adequate, but would be better achieved with FM synthesis in my opinion. My aim with the PMS was to provide generalised schemes for experimentation purposes rather than to excel at specific emulations. Having said that I’m rather impressed by quite a few sounds I got! Of course those who have Flowstone can mix and match from the modules available in the schematic, making customised and improved imitations of target instruments. 
Those who know about PM may ask “why no waveguide mesh?” Well, waveguide meshes use a huge amount of delays and scattering junctions, usually to achieve membrane or panel emulations. Originally the designs were intended to be run on customised DSP and FPLGA chips, so would be hardware-based. To run an equivalent on a PC would need around 150 delays per voice to produce a meaningful result. I experimentally made a relatively small rectilinear one but it was inadequate, to say the least. Fortunately, I was able to use the multi-modal principle behind these to make sounds which I think come very close to mesh results, having a tiny fraction of CPU hit.
PM offered a lot of promise in the early nineties and Yamaha produced what is arguably the best commercial keyboard based on PM; the 2-voice VL-1 and its derivatives. This is a masterwork of hardware-based PM with software control and many modulation sources available, the most useful being a breath controller for the wind instrument sounds. Then memory started rapidly to get cheaper and bigger and sampling stepped in, becoming the go-to method of re-creating acoustic and other instruments. The drawback of sampling is the slow-loading huge files for the sounds and the need to switch between many samples per note to get a reasonable emulation. PM uses no samples and can vary timbre on a continuous range, with no switching points or cross-fading. This can be especially beneficial for lead instruments which need to stand out in the mix and be smoothly expressive.
Horses for courses then!


Overview
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1. This is the “MAIN” area, to view and use the various resonator systems available. The one shown above is the Karplus-Strong x4. There are five to choose from.
2. I named the excitation systems SMITERS because I like the somewhat biblical idea of smiting something to get a noise!
3. The tracking filter is provided for altering the timbre across the keyboard. It can also be set manually for a static cutoff.
4. This is the polyphonic all pass resonating filter.
5. The main volume envelope generator (see later for important info).
6. Here you select the panel to view. You can also turn Effects and Bodywork on and off while working with the Main panel. 
7. Select from the 5 resonator systems. The one viewed is automatically audible and the others are disabled. Often more than one resonator can supply the required sound, so you can switch between them for comparison. 
8. The limiter will restrict over-loud volumes which can arise with PM synthesis, due to run-away feedback etc. This is none-clipping; a brick wall compressor which can also be used creatively for sound shaping. You turn it off/on here. When the limiter is compressing you will see a red “LIMITING” label appear.
9. Some combinations of settings can sometimes produce horrible noise or even lock the audio if extreme. Simply click on the PANIC button to reset the synth.
10. The bar graph meter shows the final output and if there’s a clipping peak (often brief and so not seen) the LED above it holds on for 1 second. The meter can be switched between peak and rms readout.
11. The preset manager features a Lock switch. With this ON you can edit a preset and the edits won’t be saved in the DAW. Turning it off will enable the DAW to save the new edits in place.



THE SMITERS
This is my name for the resonator exciters. If neither Smiter is on there won’t be any sound; all resonators need to be kicked into action to produce audio. The two Smiters can be used individually or together to create an appropriate sound. Very often, and for percussive sounds and plucks, a short impulse from a Smiter is all that’s needed. This can be a pitched signal, noise or a mixture of both. Smiter 2 contains the BEATER which creates an impulse signal, often referred to as a mallet. Somehow the concept of smiting with a mallet appeals to me!
A resonator will also respond to a sustained signal. In this case it’s best to reduce the feedback (=decay time) on the resonator so it can colour the Smiter’s pitched signal, a bit like the vocal tract colours the glottal excitation in speech and song. Sustained noise can be used to emulate bowing and blowing sound components of some instruments.
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1. If you need a pitched smite tracked to the keyboard, set the waveform and pitch here.
2. Switch between keyboard tracking and manual static pitch.
3. This knob sets the static pitch for a pitched smite.
4. The top row is the ADSR for Smiter 1. When the Velocity knob is more clockwise lower velocities will produce a lower level of smite.
5. Mixes between white noise and pitched smite signals.
6. Noise colour operates a bandpass filter’s centre frequency. The Mwl LED can allow the MIDI Modwheel to influence the setting.
7. The LED switch turns Smiter 1 on and off. OFF saves CPU cycles.
8. It can be useful to hear the smite signal, to aid setting, and also this knob can be used to mix in the smite sound separately.
9. There is a tracking/manual filter for the Noise signal produced in Smiter 2. This does not affect the smite pulse from the Beater.
10. Turns Smiter 2 on/off and note this will also control the Beater. OFF saves on CPU.
11. Allows you to hear the Smiter 2 signal and mix it in if required.
12. De-thump brings in a tracking high pass filter. For some synth settings this will remove the smite breakthrough signal which can have a low frequency component. Sometimes there can be an undesired low frequency component generated by a resonator too. The De-thump is more useful for higher pitched sounds.
13. This can increase or decrease the smite level above the keyboard breakpoint.
14. This sets the breakpoint for key-scaling the smite volume.
15. This is like 13 above, but for the lower keys. Sometimes lower pitched sounds need more energy to sound at a volume equivalent to the middle area.
16. The Crackle knob sets the density of the noise generated. Anticlockwise is white noise and when turned clockwise the noise spikes become progressively sparser.
17. This is the ADSR for the noise source.
18. Turns the Beater on/off. Note that Smiter 2 must be turned on to enable the Beater. You can always reduce the Noise level on the ADSR if you only want the Beater.
19. The velocity knob relates the Beater level to keyboard velocity.
20. This is the level for the Beater’s smite pulse and can be affected by the velocity knob (19).
21. This can make keyboard velocity affect the Beater “size” so, for example, you can have a sharper smite when you press the key harder. The setting will be affected by the Size knob (22). If the Beater Size is set fully clockwise only a very small change to the velocity knob will give a large velocity control range. For a kick drum you may set a smaller size and may need to set a larger velocity range. Experiment!
22. This is analogous to the “size” of the beater so clockwise is akin to a sharp stick (smaller size) and anticlockwise increases the thud impact you might get from a larger smiting weapon.



The Resonators
Karplus-Strong
This is named after the inventor Alexander Karplus, and Kevin Strong who analysed how it worked. The scheme makes use of a short delay with a positive feedback loop, always having less than a gain of 1 to prevent oscillation. The delay is varied to create the desired pitch. In this way a 1mS delay will resonate at 1kHz for example.
In order to achieve musical intervals the delay must be fractional and therefore interpolated, due to non-integer sample length values. The interpolation method produces slightly different sounds and I have made use of Martin Vicanek’s delays with linear and all pass interpolation.
It’s also possible to invert the feedback and this will cancel out even harmonics in the delay as well as causing a halving of pitch due to the effective doubling of the wavelength for the same delay time (this is compensated in the PMS).
Another feature is to modify the feedback signal with linear and non-linear methods. For example if a low pass filter is introduced it will attenuate higher frequencies more and so shorten the decay time at higher frequencies (less feedback). This will make the high notes on a piano-like sound decay faster, which is a natural feature of strings and rather convenient.
The type of feedback filtering chosen can have a big effect on the sound and, importantly, the tuning. Once the sound aimed for is found, tuning the keyboard scaling can be adjusted on the System panel (see later) if absolute pitch is needed.
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1. Ratio to keyboard note pitch. You can enter numeric values into the white edit box directly. The up/down arrow can be dragged with the mouse to set any value. If you press Control and click on the arrow the default of 1 is set.
2. Click to switch between Linear and All pass interpolation.
3. Use the slide switch to choose keyboard ration or Fixed (static) frequency.
4. If you have fixed frequency selected you can enter the value in the same way as with the Ratio control. Note that the minimum frequency supported by all the delay-based resonators is 21 Hz, to keep delay memory allocation to a minimum.
5. Wherever you see this LED switch you can operate the function with the mod wheel too, unless the knob is set to maximum. The modwheel adds to the base setting.
6. This sets the cutoff frequency for the feedback types (7) apart from “Clean” which has no filter.
7. Here you choose the type of feedback employed. Clean means no feedback filter.
8. This inverts the feedback phase when the LED switch is ON and leads to cancellation of even harmonics. “All” means non-inverted feedback with all harmonics and “Odd” will give a timbre more suited to woodwind instruments. When in Odd mode the pitch is automatically corrected.
9. This can bring in a soft non-linear limiting to the feedback path. This has two uses: it can limit oscillation under some settings and also alter the timbre, depending on other settings.
10. This knob sets the level of feedback. With lower levels the resonator will decay more rapidly, just like in a delay echo effect. This is useful for plucked and damped strings for example.  Also, when using an oscillator (pitched) for smiting, the resonator can simply add resonance, acting like a formant, when feedback is low. The red LED by the knob lights when the feedback exceeds unity gain. In this circumstance the resonator will oscillate. Control-click the knob to set it just below unity gain.

Karplus-Strong x4
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This resonator features 4 identical Karplus-Strong systems identical to the single one, with the following additions:
· Each resonator has a level control and can be made to respond to velocity. The velocity response can be positive or negative. In the positive direction the volume on softly pressed notes will be lower. In the negative direction notes pressed hard will reduce the volume. In this way it’s possible to get large timbre changes for different velocities.
· There are 4 additional global control knobs on the right hand side:
· Master feedback is just a convenient tool for changing the 4 feedback controls at once. If you control-click this all will be set to the default, just below unity gain for maximum delay. This knob’s position is not stored in the presets.
· Frequency interaction sets a level of FM feedback derived from the Direct signal. It can cause dramatic and chaotic effects so beware and use with care. Often just a very small amount is required to spice up the sound.
· Amplitude interaction is a level control for the output of a ring modulator matrix which is very useful for inharmonic sounds.
· Direct is the summed output from the 4 resonators, with no ring modulation added. So the Direct and Amplitude interaction controls form a simple mixer.



RINGING FILTERS
In PM terminology ringing filters are sometimes referred to as lump or lumping. This alludes to the concept of a mass suspended on a spring, which vibrates when excited and gradually decays due to losses. They differ greatly from delay-based resonators which carry the smite signal itself back and forth and the sound is thus heavily influenced by the parameters of the initial or sustained smite excitation. A ringing filter, once set off, will produce just its own sound. The exception to this is when the decay time is set low, whereupon a pitched smite will have ringing added to it. It then becomes more like a formant system.
I found that ringing filters are much more intuitive to program, since they can be thought of as a type of additive synthesis.
The filters I chose were made by “Tronic” and perform really well with long decay times available and are very stable and predictable.
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There are 4 identical Ringing Filters in this resonator, together with the same control section as in the Karplus-Strong x4 resonator.
1. Here you can type in the keyboard ratio or use the up/down arrow to drag the value. Control-click to get back to the default.
2. The slider selects between keyboard ratio and fixed frequency.
3. The fixed frequency can be entered or dragged in the same way as the Ratio control. Note that the default is middle C frequency.
4. This sets the decay time for the filter. Since the decay is exponential the audible time may seem a bit shorter.
5. The velocity response can be positive or negative. In the positive direction the volume on softly pressed notes will be lower. In the negative direction notes pressed hard will reduce the volume. In this way it’s possible to get large timbre changes for different velocities.
6. Sets the volume level for the filter.
7. The LED switch can be used to mute the filter. This doesn’t turn it off from CPU use but allows for auditioning the effect of each filter.
8. Master decay is just a convenient tool for changing the 4 decay controls at once. Its setting is not included in the presets.
9. Frequency interaction sets a level of FM feedback derived from the Direct signal. It can cause dramatic and chaotic effects so beware and use with care. Often just a very small amount is required to spice up the sound.
10. Amplitude interaction is a level control for the output of a ring modulator matrix which is very useful for inharmonic sounds.
11. Direct is the summed output from the 4 filters, with no ring modulation added. So the Direct and Amplitude interaction controls form a simple mixer.




WAVEGUIDE
A digital waveguide (DWG) seems to be the most popular scheme used in PM. The Yamaha VL-1 is based around 2 of these which can be used for 2 separate voices or played layered in parallel, for an essentially monophonic lead instrument.
The documents I have included in the download go into great detail, but beware! Here be dangerous maths!
Here’s a simplified explanation. The DWG uses 2 delay lines whose combined length determines the pitch, similar to the Karplus-Strong scheme. The literature describes this pair as “bi-directional”, which they aren’t. You can’t have a delay that runs backwards, unless you are Doctor Who maybe. What happens is the first delay feeds into the second delay which is the same length. The junction is referred to as the termination. The second delay line output then goes back into the input of the first.
The idea is to model travelling waves you might find in the bore of an instrument, a trumpet say. The initial excitation travels down the bore (tube or whatever) and some of this wave gets radiated to the air and also reflected back in the “reverse” direction, back up to the mouthpiece or whatever. At this point it can interact with the next incoming excitation or just circulate until it’s decayed away. In some models this reflected wave will influence the input excitation itself, working like a reed instrument.
A distinction is made between 2 types of wave; force and velocity. Put simply, these refer to lateral vibration as in a string (velocity) and lengthwise pressure variation as in a wind instrument (force). These two types resolve to be emulated by inverting or not inverting the reflection phase. They give quite different timbres.
A variation often seen, as in the VL-1 and in my DWG, is to create a variable “Tap” position along the delay lines and then add together the two tap junctions to form a Tap signal. This signal sounds the same as the termination, when heard in isolation, but the relative phase will depend on where the tap lies. Also there may be harmonics circulating that will cancel or reinforce when the Tap signal is added to the termination signal. This can give enhancing but subtle comb filter sounds. Further variation can be found by smiting the Tap point rather than the input.
The Tap is made by having 2 delay lines in series each for the forward and “reverse” delays, making a total of 4. The relative lengths of each half are varied in step, to keep the overall delay constant. At these Tap junctions we have the opportunity to mess with the feedback paths by using what’s called a scattering Junction. This means that some feedback goes into the opposing directional delay and some re-circulated and so on, but with no overall gain or loss of amplitude to avoid instability and excessive damping. The degree of effect on the timbre by scattering will depend on the harmonic content of what’s circulating and can vary between no effect and significant.
As with the Karplus-Strong system a great variation in sound can be made by messing with the feedback characteristics. The PMS’s DWG uses the same feedback systems as The Karplus-Strong resonators.
To enrich the sound further we can introduce an amplitude interaction with a ring modulator and also emulate one of the VL-1 features with a single operator FM system. The FM section uses a modulated short delay and the Modulator and Carrier sources are selectable. This enables a degree of increased inharmonic partials centred on the fundamental pitch.
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1. Click this box to change between applying the smite to the Tap or to the input.
2. Ratio to keyboard note pitch. You can enter numeric values into the white edit box directly. The up/down arrow can be dragged with the mouse to set any value. If you press Control and click on the arrow the default of 1 is set.
3. Select between using a Scattering junction or Linear (non-scattered) system.
4. Switch between keyboard and fixed frequency.
5. Click this box to choose between Force or Velocity methods.
6. If you have fixed frequency selected you can enter the value in the same way as with the Ratio control. Note that the minimum frequency supported by all the delay-based resonators is 21 Hz, to keep delay memory allocation to a minimum.
7. This knob sets the Tap position in the delays, shown as a percentage deviation from the input. 50% means exactly half way down the “instrument”.
8. Here you choose the type of feedback employed. Clean means no feedback filter.
9. This can bring in a soft non-linear limiting to the feedback path. This has two uses: it can limit oscillation under some settings and also alter the timbre, depending on other settings.
10. This sets the Feedback cutoff frequency for the feedback method chosen (8). It has no function if Clean is selected.
11. This knob sets the level of feedback. With lower levels the resonator will decay more rapidly, just like in a delay echo effect. This is useful for plucked and damped strings for example.  Also, when using an oscillator (pitched) for smiting, the resonator can simply add resonance acting like a formant, when feedback is low. The red LED by the knob lights when the feedback exceeds unity gain. In this circumstance the resonator will oscillate. Control-click the knob to set it just below unity gain.
12. This is a 3 input mixer to balance the “End” output, the Tap output and the Smite input. The Tap can be phase inverted which will have more effect on some sounds than others.
13. The ring modulator provides for interaction between the Tap and instrument (End) output, or the Smite and Instrument. This second case is more useful when a pitched smite is in use. The dry/wet balance can be set to suit.
14. The Frequency Modulator is turned on or off by the LED switch. Modulator and Carrier sources can be selected. The term “Instrument” applies to the output of the main mixer (12). The Depth knob controls the amount of modulation applied to the delay line to give FM. The Dry/Wet knob provides for balance between FM and dry signals. Note that the FM section can produce wild and extreme sonic results sometimes.



MULTIMODE
Multimode refers to multiple ringing filters configured to generate complex inharmonic sounds with a spread of modal frequencies. This is a recognised alternative to Waveguide Meshes and has a much lower CPU hit. I found the sonic results to be very similar too (based on the few Waveguide Mesh sounds I could find on the web).
The Multimodes resonator can employ up to 21 filters selectable from 7 different configurations. Often, fewer than 21 are sufficient to produce a suitable result. The spread of modal frequencies can be adjusted and you can choose from the 7 configurations to set the number and width of the spread derived from the Spread setting knob.
Decay time can be set for all the “Side” frequencies together. The Fo or fundamental has its own knobs to set decay and level, so you can bring out the fundamental to give a better pitch recognition if you need it. By having different decay times it’s possible to have a long fundamental and a short noise burst, or vice versa.   Additionally there are knobs for amplitude and frequency interaction to really mess with the sound.
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1. The Spread knob sets the range of centre frequency differences for the filters.
2. Select the number of filters in use and wide or narrow connections if less than 21. There are 7 options available.
3. This sets all the decay times apart from the fundamental Fo.
4. This controls the amount of FM feedback derived from the output signal.
5. This sets the output level of the ring modulator matrix.
6. Here you set the level of all the filters in use, except from the fundamental Fo.
7. The Fundamental Fo, based on the keyboard pitch, can have its level set separately with this knob.
8. This is where you can set a different decay for the fundamental pitch.


Sound shaping
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The PMS provides 3 options for sound shaping in the polyphonic section.
(1) The AP RESONATOR uses a 4 pole all pass filter to provide a frequency-dependant phase shift of up to 360 degrees. With feedback (Resonance) this can produce cancellation and re-enforcement at some frequencies to produce a notchy response which you might find in a real instrument. In addition you can turn on Comb to mix with the dry signal to produce a more pronounced comb filter effect. The Kbd track allows for simulation of varying resonance with pitch, like you may get from a trombone for example. In addition there is some diffusion of the sound due to the effect of the phase shift at higher frequencies, effectively causing a very short delay.
The AP RESONATOR feeds into the TRACKING FILTER.
(2) The TRACKING FILTER need not track the keyboard pitch; with the Track LED switch OFF the cutoff frequency is set with the cutoff knob, which can also be supplemented by the mod wheel. The Dry – Wet knob allows you to balance between the filtered sound and the incoming dry sound (from the AP RESONATOR).
At the bottom of the filter section is an ADSR envelope generator dedicated to the filter cutoff for dynamic variation which can also be adjusted to relate to the keyboard key velocity.
The -Env amnt + knob determines by how much the cutoff frequency is raised or reduced by the ADSR. Control-click on this knob to return to 0 effect.
The filter can be modulated by the LFO found on the System panel to produce cyclical wah-wah type effects.
(3) The amplitude ADSR controls the signal level going from the Tracking filter into the Bodywork section, so it’s not fed directly to the main plugin output. 
The Level knob on this envelope generator is very important. The resonators can sometimes produce a very high signal level and can have a wide dynamic range. This will often trigger the limiter into limiting and this may not be ideal. This ADSR’s level control is used to match the generated signal to the limiter, so a good and useful range is available without severe limiting. On some occasions this level control needs to be set very low.



Bodywork
Many acoustic instruments employ resonant cavities (sound box or body) to amplify, project the sound and to add musically useful resonances to give the desired timbre quality. If you just had the neck and strings of an acoustic guitar mounted on a heard board you’d hear very little! The exact nature of this resonance can mean the difference between a Stradivarius and a cheap teaching violin. 
Some instruments have “polyphonic” resonators, like the marimba, where you find a cavity for each and every note. These are individually tuned so you could say they are effectively pitch-tracked.
Others, like the cello, have a fixed arrangement which doesn’t change with pitch.
The Bodywork section is for emulating the latter type. It works in the monophonic section, so addresses all incoming sound independent of the keyboard notes being played.
The PMS provides 3 types of bodywork systems and usually no more than 1 is required, which one chosen depending on the sound required.

(1) The IMPULSE EXPANDER is based on what I could find out about the VL-1’s effect of the same name. Yamaha give scant information about what it does and even less about its structure. There’s no patent to pore over either and no demo of the effect in isolation. So what I deduced came from carefully studying the details in the introductory operator’s manual and the advanced manual. These are included in the download so if you have a better idea please let me know!
It would seem that the scheme uses all pass filters for diffusion and resonance but you can adjust “delay” and such separately, so I’m not certain. However, my implementation of what I think is going on seems to have paid off, since it’s possible with just this one effect to produce a vast range of cavity-like results.
(2) The RESONATORS makes use of 5 short delay blocks with feedback and damping. This is akin to the resonators used in the main system, so just one can produce a nice richly coloured sound.
(3) The FORMANTS section is inspired by vocal formants and the 5 filters use conventional bandpass filters. These have a quite different sound to the delay-based resonators and their use is definitely not limited to vocal tract emulation.
I spent a lot of time looking for resonant frequency charts for various real instruments and found pretty much nothing. I was surprised because there’s a lot of information for human voices, which I made use of in my Quilcom Informant. So all I can suggest is using your ears and maybe analyse some good samples with a spectrum analyser and transferring what you found to the Bodywork settings. Good luck!
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1. The 3 Bodywork systems can be turned off and on with the LED switches. When OF F no CPU is used. The signal path is Impulse Expander to Resonator to Formants. When a section is OFF it is bypassed.
2. This sets the cutoff frequency for the whole chain of all pass filters. This knob has a huge effect on the sound and should be operated to find the sweet spot while listening to the instrument. Note that frequencies will be affected unequally so test over the desired pitch range from the keyboard in order to optimise.
3. This allows you to select the number of filter elements in the chain. Fewer elements will use less CPU. More elements will add a short ringing “reverb” effect for some settings and sounds.
4. Sets the feedback amount around the chain of filters. This will control the emphasis of notches produced.
5. The Comb knob mixes in the dry input to further exaggerate the frequency notches produced.
6. Sets the balance between effect and the dry input. Due to phase shifts this setting can also affect the overall timbre.
7. There are 5 identical formant filters provided and each can be turned on and off as required. Very often 3 formants are sufficient, especially for vowel sounds. When OFF the filter uses no CPU.
8. Sets the centre frequency for each bandpass filter.
9. Sets the resonance Q for each filter. Note that the increase in gain at higher resonance values is compensated, so this control acts on effective bandwidth setting.
10. This sets the amplitude of the filter which is added to the incoming dry signal. All 5 filter outputs are connected in parallel for more convenient programming. This topology reduces interaction between filters.
11. The Formant filter bank output can be balanced with the dry signal to set the overall degree of influence on the sound.
12. I was unable to find useful information on real instrument resonances so this knob is a tool to aid experimentation. “Ratio to F1” means frequency values relative to the first and lowest frequency Formant, which means the top formant filter. When fully anticlockwise you just set the individual values on each filter. As you increase the ratio setting the other 4 formant frequencies will increase in a non-linear fashion. Then if you operate the F1 frequency knob the other 4 will change, also in a non-linear fashion. This means there are 2 methods of checking out a wide range of multiple formant settings at once. So, while listening to the instrument sound, you can adjust all formants together and maybe, hopefully, find a sweet spot for the instrument. Once found you can do minor tweaks to individual filters to hone to perfection.
13. This is for balancing the Resonator section with the dry signal. Also note that with the knob in its centre position you can create a comb filter effect in conjunction with the resonator delays and feedback settings.
14. There are 5 identical Resonators which are delay-based and so can sound quite different from the Formant section. This knob sets the fixed delay for each resonator. The delay you set determines the centre frequency. In this way a 1mS delay will resonate at 1kHz. Note that at the higher delay settings, with feedback, you can get a rapid echo effect, adding to the general usefulness of the resonator section.
15. This sets the feedback around the delay. You need at least some feedback to get resonance.
16. This controls a low pass filter in the feedback path and means that higher frequencies will decay faster than lower ones, just like in real life! This is more apparent with higher feedback settings.
17. Each filter can be turned on and off individually. When OFF the filter won’t use CPU. If a note is sounding you may get a click when turning off/on.



EFFECTS
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I don’t intend to describe every knob and function for the effects rack! Hopefully you will be familiar with the more common and popular audio effects, a selection of which is available here. I’ll just give a few general notes about what may need to be clarified.
· The signal routing is from top to bottom. When an effect is turned off, with the red LED switch, it is bypassed and won’t use CPU.
· Distortion panel: Drive is a soft limiting distortion and is level compensated. Dynamic clip will clip the signal at the proportional level set independent of the amplitude. Static clip will clip at the level set and is fixed, so that higher signal levels will become more clipped.
· Tremolo is amplitude modulation -this term is sometimes incorrectly used.
· The Flanger has 2 options; Comb or Thru zero. Thru zero can almost completely cancel out the sound and is a more pronounced effect.
· The Delay Echo has 4 “heads” which alludes to a tape-based machine. The delay time you set is equal for all 4 heads with the Offset knob in centre position. The relative position of heads 1-4 can be increased or decreased with the Offset knob. Head one always has the set value of delay. Each head volume is controlled by the Head 1-Head 4 knobs and the overall mixed level is compensated, so the feedback amount remains steady. You can get some odd reverb rhythms going here and even create something approaching a kind of reverb sound.



SYSTEM
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1. Here you set the master tuning for the plugin.
2. Keyboard pitch scaling: When turned on you can alter the scale factor for the upper and lower pitch ranges on the MIDI keyboard. The centre point is fixed at middle C (note 60). There are two uses for this, if needed: The first is when you may have a non-pitched percussive sound programmed which is only useful for a reduced range of keys. By reducing the key scaling you can spread this useful range over the whole keyboard, with middle C being the ideal or central sound. The second concerns an effect of PM which sometimes causes the tuning to be wrong. This will normally affect the upper range of the keyboard. By making fine adjustments to the key scaling, the instrument can be retuned once the desired sound is achieved. See also (9) below. Note that a control-click on these knobs will zero them.
3. This LFO is available for global Vibrato (frequency modulation) and can also be used on the main Tracking Filter for cutoff modulation (wah-wah). You can set a delay and fade-in time and the depth of vibrato. The Rand function applies a random variation of LFO frequency for each individual key pressed. This is useful because the LFO is polyphonic and can emulate players using slightly different vibrato speeds. It’s more useful when chords are played so the LFO instances aren’t in sync.
4. This is a sine wave LFO dedicated to the modwheel for introducing vibrato. The frequency is adjustable. If you’re using the modwheel for some other function on the synth you may wish to turn off the modwheel assignment to vibrato with the LED switch.
5. Here you can select the maximum number of voices that will sound, including monophonic for instruments like flutes. This will also influence the CPU usage. For slower systems, 16 voices are normally adequate.
6. These 3 LED switches set the handling of stolen notes and are mainly useful for monophonic playing or where there is a natural limit to the number of simultaneous sounds playing (e.g. 4 for a violin).
7. This sets the Pitch Bend range, in semitones, for the MIDI keyboard’s pitch bend wheel.
8. This is the section for Portamento or glide between notes. The glide knob sets the glide time between notes. You can select the glide rule: Exponential fixed time, Linear fixed rate or Linear fixed time. Exponential fixed time is the rule found on classic analogue synths like the Minimoog. The Scoop option is a polyphonic method whereby every note played will start very low and glide up to its pitch. It’s influenced by the other settings and can sound great with staggered chords.
9. This section is a polyphonic pitch envelope generator applied to the global instrument pitch. If you don’t need it turn it OFF to save CPU. You can adjust the decay time over a wide range. The  – Amount +  knob determines the initial excursion of pitch in a positive or negative direction. Positive means the pitch will start high and drop exponentially to the note pressed. The velocity knob sets the influence of key velocity on the amount of pitch envelope applied. When a note is sounded on some instruments, there can be a sharpening of the pitch initially, due to non-linearity of the sounding object. This applies, for example, to a heavily plucked string or struck membrane. With a more vigorous smite the initial sharpening will be more pronounced, so the velocity control can help to emulate this behaviour. When anticlockwise there is no velocity effect, clockwise increases the velocity response.
10. As mentioned above (2) PM systems can sometimes introduce tuning error. This can affect the whole keyboard range or, more often, just the upper reaches of the keyboard. The instrument can be re-tuned with 2 methods. One is to offset the whole keyboard using the master tuning (1). The other is to use the key scaling feature (2). As a help for this tuning you can turn on the Tuning Helper. You can select an appropriate waveform, level and octave and listen for beating while making the tuning adjustments. I guess you could also use this helper to provide sub-octave sounds but note the signal goes directly to the main ADSR so isn’t shaped by the polyphonic filters. This is to make the Tuning Helper more clearly audible.
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