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INTRODUCTION

This manual describes the AFM-1, a reference design for an audio filter circuit. The design comprises a 

schematic, a printed circuit board layout and this manual. Recommendations are provided for component 

values, and the types of components used, for example using metal film resistors, polystyrene capacitors, 

LM1458 op-amps, and so on. With this combination of components, the circuit has a specific sound. This 

reference design is intended as a set of instructions for obtaining this sound, although many modifications to 

the circuit are possible, and encouraged.

For example, the use of LM1458 op-amps is recommended for no other reason than the way that they 

distort. From a traditional design perspective, these op-amps are out-dated, consume unnecessary amounts 

of power (which may be an issue for battery-operation), and add distortion and noise that could be avoided 

using a pin-compatible alternative. However, the AFM-1 is intended to distort, and to do so in a way which is 

musically useful.

Simply choosing components that distort is not enough: it is necessary for the distortion to be appropriate. 

For example, polystyrene capacitors have been chosen for two of the most critical components in the audio 

path, because these capacitors exhibit less audio non-linearity than ceramic types. There are a number of 

electrolytic capacitors in the audio path, because these do have non-linearities that have some value in the 

context of audio distortion (fortunately so, because avoiding them increases circuit complexity).

Other circuit characteristics also affect the sound. For example, the noise generated by metal film resistors is 

less than that of carbon construction resistors, and also has a different set of spectral and probability density 

characteristics. It is not merely the lower noise that determines the choice of resistor type: the noise 

characteristics can affect the “mood” of the filter (different noise spectra have different evocative qualities). 

Non-uniform probability density noise transients are able to momentarily push various parts of the circuit 

further into, or further away from, distortion. Carefully chosen noise is a feature.

The provision of a reference design makes it easier for those who wish to make derivative designs to do this. 

For example, a printed circuit board on which potentiometers are directly mounted would, in practice, 

facilitate far simpler construction than when connections to the potentiometers have to be made by wired 

connectors. The use of a single 9V power supply (either battery or external) could be facilitated using a 

supply inverter chip (such as the ICL7660S)  to generate the required -9V supply. The circuit for this could 

be provided on the same circuit board as the filter. This reference design is intended to be as broadly 

applicable as possible - or as a starting point – and so such enhancements are not included.

Finally, the greatest use of a reference design is facilitated by encouraging others to experiment and share 

the results of their experiments. To this end, the reference design files, for the schematic and the circuit 

board layout, are provided as computer software under the GNU General Public License (GPL), and this 

manual is provided under the terms of the GNU Free Documentation License. This makes it possible for 

those who wish to sell circuits based on the AFM-1 reference design files to do so, as long as those modified 

circuit design files are also covered by the GPL. 
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SPECIFICATIONS

Power Supply

±15V at 20-25mA per board (recommended)

±12V at 17-20mA per board

±9V at 10-15mA per board (see Battery Operation, page 14)

±7V at 7mA per board (for example, partially discharged 9V batteries)

Input Preamplifier

Optional preamplification stage contained in the filter module, typically used in the first of a cascaded 

chain of filter modules.

Input signal (recommended): 50mV to 1V RMS (adjustable gain)

Input impedance: 220K ohms

Filter

12dB-per-octave low pass filter (LPF) or 6dB-per-octave high pass filter (HPF). 

Filter exhibits resonance, self oscillation, distortion and phase-locking.

Input signal range (recommended): 200mV-4V RMS.

Input impedance: 2K ohms (LPF), 10K ohms (HPF).

Exponential Converter

Linear (pitch) to exponential (frequency) converter, cascadable to other modules for parallel tracking, 

with pitch offset (frequency balance) capability.

Cutoff potentiometer input (0V to 15V).

Control voltage (CV) input (adjustable sensitivity)

Output

Level: 2V-3V RMS (at self oscillation)

Impedance: 1K ohm

(Capable of directly driving headphones having impedance equal to or greater than 32Ω)
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APPLICATION NOTES

Filter circuits can be used in a variety of audio processing applications. Although circuits like the AFM-1 were 

originally intended for processing oscillator waveforms in a synthesizer, over time, circuits of this type have 

found wider use as general audio processors that enhance audio signals, such as vocals, percussion and 

entire mixes, by a combination of filtering and distortion. 

The circuit of the AFM-1 was designed by listening and comparing component values while processing 

percussive sounds and other complex signals. As well as being a useful application in its own right, the 

processing of percussive sounds in particular reveals and exaggerates differences between otherwise 

similar-sounding filter circuits.  

The AFM-1 has been optimised for distortion, as this is the enduring strength of circuits of this kind. A single 

filter is perfectly capable of radically shaping an audio signal on its own. However, the AFM-1 was designed 

to be re-used in a variety of configurations, switching easily between high pass and low pass characteristics, 

and supporting stereo and cascaded configurations, as shown in the preceding schematics.

Alternative Module Configurations

The module configuration schematics are intended only as a guide to using the filter module. In many cases 

a minor variation in the configuration will provide useful additional functionality. For example, in the Stereo 

Cascaded (quad) AFM-1 example, a DPDT bypass switch could be provided to exclude the second pair of 

modules from the signal chain. In this case, the DPDT switch would route the top terminal of VR6 from the 

PL7.1 OUTPUT connection of the first or second module in each of the chains.

When cascading modules, the cascade output (from PL7.3 CASCADE) doesn't have to be used. It is also 

possible to use th PL7.1 OUTPUT connection and supply this to PL5.3 LPF IN or PL5.5 HPF IN via a 

potentiometer. This makes it possible to control the amount of distortion generated in the cascaded module 

independently of the distortion of the preceeding module in the chain. 

Multiple independently configurable modules may be provided, in which the possibility of linking and routing 

for stereo (or other parallel) operation can be provided by switching. It may also be useful to be able to 

bypass or include filter modules in the signal path using various switching options. Switching can be 

performed using toggle switches, switches on push-pull potentiometers, jack socket switches, and so on.

Using the Preamplifier

The preamplifier, based around IC4A, provides an adjustable level of gain, and is required to bring the level 
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of incoming signals up to that required for best filter operation. 

The preamplifier output (PREAMP OUT) is provided at pin 1 of PL5. At this point in the circuit, a logarithmic 

potentiometer can be used to adjust the filter input level. The wiper of the potentiometer is supplied to either 

pin 3 (LPF IN) or pin 5 (HPF IN), typically via a switch.

If the input level potentiometer is placed at the input of the preamplifier, and a direct connection made from 

PREAMP OUT to LPF IN or HPF IN, noise from the preamplifier will be conspicuous at low input levels.

The filter output, provided at pin 1 of PL7, is a high gain output, usually supplied to an output level 

potentiometer. By modifying the input level and compensating with the output level, the amount of distortion 

generated by the filter can be varied widely. The output, even via a 10K potentiometer, can drive 

headphones directly, and this may be useful for monitoring the circuit.

When filters are cascaded, the preamplifier and level potentiometer of cascaded stages can be omitted. In 

this case, the output should be taken from pin 3 (CASCADE) of PL7, where the level is set so that cascaded 

filters receive about the same level of signal, and distort to roughly the same degree. In this case, the 

CASCADE output is connected directly to LPF IN or HPF IN.

If different levels of distortion are required for each filter in a  chain, then use pin 1 (OUTPUT) of PL7, and a 

logarithmic potentiometer to set the amount of level received by LPF IN or HPF IN on the next module.

Adding a Cutoff Balance Control

The examples shown in the schematics exclude a cutoff balance control. This can be used to adjust the 

relative cutoff frequency of a pair of modules that share the same exponential converter (i.e., the FC OUT 

from pin 3 of PL1 is supplied to FC IN on the same module, and also to FC IN on a second module).

Use a 5K ohm linear potentiometer. Connect the wiper to FC OUT, one side to FC IN and FC BAL and on 

the same module, and the other side to FC IN and FC BAL on the second module. The centre point of the 

potentiometer can be trimmed for equal cutoff using PR2 on one or both the modules. Different 

potentiometers give a different balance range.

Battery Operation

The AFM-1 can be powered from a dual 9V supply provided by two batteries, as shown in the schematic on 

page 10. In this case a power switch is required for both the positive and negative supply lines. A DPST 

switch is suitable. Alternatively, the positive side of the supply can be switched on the input jack socket, and 

the negative side of the supply can be switched on the output jack socket. Power consumption at ±9V is 

around 10-12mA per rail, and less than this after the batteries have discharged somewhat. A pair of alkaline 
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PP3s will give around fifty hours' use. A pair of fully charged 170mAH NiMH batteries should give more than 

17 hours' continuous use.

The circuit works normally at the lower supply voltage, although the op-amps will distort more easily. Since 

the op-amps have been chosen for their distortion characteristics, in some cases this may lead to an 

improvement in distortion aesthetics, and may even provide an argument for running off a reduced supply 

voltage. A higher supply voltage concentrates distortion in the diodes D2 and D3, whereas a lower voltage 

increases the proprtion of distortion contributed by op-amps. Distortion that arises in many parts of the circuit 

is analytically very different from an increased level of distortion from just one part of the circuit.

There is one down side to operating from a dual 9V supply, and this due to the cutoff circuit having less 

range. As a result, the highest calibratable cutoff frequency is reduced slightly, although in practice this may 

not matter. A simple solution is to change R8 to 47K. This is easily achieved by soldering a 150K resistor 

across the existing R8 68K resistor on the reverse side of the PCB.

It is tempting to provide a power indication LED, but this can use up a lot of current. If an LED is required, 

use a 2mA low current type, in series with an 8K2 resistor across the full 18V of the ±9V supply . This will 

reduce battery life by around 20%.

Single Battery or External Power Supply

Needing two batteries is inconvenient, and furthermore makes it impossible to use an ordinary external 9V 

power supply adaptor. A solution to this is to use a power supply inverter circuit. A circuit of this kind can be 

constructed around an inverter chip such as the ICL7660S (set to a high internal oscillation frequency to 

avoid audio interference). This circuit can generate a -9V supply from +9V, and operates with high efficiency. 

Keep in mind that the current requirement from the single supply is then doubled, to 20 to 25mA, so when 

operating an inverter-equipped circuit from a single battery, battery life will be half that of when two batteries 

are used. For example, a single alkaline battery would give around 25 hours of continuous use, and a fully 

charged NiMH rechargable perhaps 8 or 9 hours.
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CIRCUIT DESCRIPTION

Background

The AFM-1 is largely based on the classic 12dB-per-octave filter used in the Korg MS10 and MS20 

synthesizers, manufactured in the 1970s. The MS10 was a single low pass design. The MS20 had a high 

pass filter followed by a low pass. The filter circuit used in these instruments was revised, so there are two 

different types of circuit available, with significantly differing characteristics. The AFM-1 is based on the 

earlier, less well-behaved circuit. 

The philosophy of the AFM-1 design is not to recreate the original Korg MS10/20 filter. Instead, the aim is to 

understand some of the characteristics of that circuit which gave it a unique sound, and exaggerate and 

experiment with some of these characteristics which, with the benefit of hindsight, have turned out to be of 

great value to musicians.

The original Korg MS10/20 filter circuit remains unique, and no attempt has been made to recreate it. In 

particular, no attempt has been made to recreate the custom Korg 35 chip used in those original circuits. The 

AFM-1 has it's own unique qualities. Furthermore, this circuit has been designed for modularity, so units may 

be combined, in cascades or in parallel, as low-pass or high pass filters in endless combinations. 

No attempt has been made at high fidelity. If you want a clean filter, look elsewhere. 

Preamplifier

The preamplifier, based around IC4A, provides gain for input signals. Its output is usually coupled to HPF IN 

or LPF IN by connections made to PL5. An LM1458 op-amp has been used, because of its distortion 

characteristics. The LM1458 is effectively a dual 741. More capable op-amps are either somewhat 

transparent, or impart very unpleasant distortion when a particular output level is reached. A 741 always 

distorts slightly (a few fractions of a percent THD at least), and this distortion builds up somewhat smoothly 

as the chip tries to reach its maximum output. A 741 is also noisy, so the input level should be varied using a 

pot on the output of the preamp, rather than the input. The noise may be valuable for disturbing the stability 

of the filter at high levels of resonance, so it would be incorrect to assume it has no positive contribution to 

make. The LM1458 has a particular set of sonic characteristics, which, although not ideal in the usual sense, 

seem to make a positive contribution to the sound of this circuit. Different pin-compatible op-amps can be 

tried out for IC4, but this is not particularly interesting – recommended experiments are described later.

Low Pass Filter

The filter is based around the two operational transconductance amplifiers in IC2. It is easiest to consider the 

low-pass configuration first. The filter is effectively two buffered 6db-per-octave RC sections. In the first 
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section, IC2A forms the resistor, whose value is controlled by the current into pin 1, and C6 forms the 

capacitor. C6 is effectively pulled to ground by the emitter of Q5. A high frequency signal sees C6 as having 

a lower impedance than low frequency signals, and so the junction of the resistor and the capacitor, at pin 5 

of IC2A, has a 6dB-per-octave low pass characteristic. A buffer between pins 7 and 8 ensures that this 

characteristic is not smoothed-out by the next section. In the second filter section, the variable resistor is 

IC2B, set to the same value as IC2A, but the capacitor, C7, is one third the size of C6, meaning that the low 

pass characteristic starts at a higher frequency, but still having a 6dB-per-octave slope. C7 is also effectively 

connected to ground, in this case at the output of IC4. So these two low pass sections combine to give a 

12dB-per-octave slope. Because the two sections have a different starting frequency, the slope 

characteristics are complex. 

In particular, the phase (or time lag) of different frequencies varies in a more complex way than if the two 

filter sections were identical. Even slight variations – resulting from the expected component variations in 

manufacture – can cause significant variations of this kind. However, in this case, the two sections are very 

different, due to the 3:1 ratio of C6 to C7. When the filter is at high levels of resonance this provides a high 

level of complexity.

The buffered output of the two filter sections is supplied to an amplifier stage, based around IC3A, having a 

gain of 2. However, this gain is limited by a pair of back-to-back diodes, D2 and D3, that have the effect of 

limiting the output voltage swing of this amplifier. In analogue terminology, the diodes are said to perform 

“clipping”. However, this term needs to be used with caution. Signals in the digital domain may also be 

clipped, but the characteristics are very different. Digital clipping presents a discontinuity, a specific, abrupt 

numerical value, above which the output cannot increase. Analogue clipping is a loose term used to describe 

the exponential conduction characteristics of a semiconductor PN junction. In practice, this results in a 

curved transfer function, that smoothly changes gradient as conduction increases in response to voltage 

applied across the junction. A further difference in the digital domain is the relatively low sampling rate, that 

causes additional artefacts to be created that would not be present at all in the output of an analogue 

distortion circuit such as this.

The distorting amplifier based around IC3A is nothing special until resonance comes into play. The output 

from IC3A is supplied, via a resonance pot and a buffer (Q5) to the other side of C6. Feedback at low 

frequencies is low, because C6 conducts high frequencies better than low ones. Feedback at high 

frequencies is prevented by the low pass action of IC2B in conjunction with C7. However, there is a 

frequency between these two extremes where positive feedback can be greater than unity, and also where 

the phase delay for that frequency is around ninety degrees. This effectively configures the filter as a 

sinusoidal oscillator, where the forward path is ninety degrees out of phase with the feedback, so the two 

push each other round indefinitely. With a gain greater than one, the amplitude would increase indefinitely 

were it not for the limiting effect of the diodes around IC3A, distorting and flattening the peaks of the sine 

wave. If the gain set by the resonance pot is increased further, the amount of flattening of sine peaks is 

increased, resulting in audible distortion of the sine wave. This assumes there is no input signal, and the 

oscillation has been triggered by noise generated in the pre-amp or the rest of the circuit.
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When input signals are combined with high levels of resonance at or beyond self-oscillation, the filter can act 

as a phase-locked loop. However, the complexity of this circuit, the potential number of sources of non-

clipping distortion (the countless transistors in the op-amps), means that phase locking is only the most 

easily identified distortion that this circuit (and other resonant filters) can produce. The significant levels of 

noise in this circuit make phase-locking and de-locking smoother and more random than would otherwise be 

the case. 

High Pass Filter

Signals supplied to HPF IN (pin 5 of PL5) are amplified by IC4B and supplied to the other side of C7. From 

the point-of-view of the output of IC4B, C7 forms a high pass RC filter with the variable resistance of IC2B. 

So signals supplied in this way, to C7, end up having a 6dB-per-octave high pass filter characteristic at the 

output of the filter. 6DB-per-octave may seem a little disappointing, but resonance adds a lot  to this 

characteristic, giving it all the complexity of the low pass filter that has already been described.

Optimisation for Distortion

Although many parts of the circuit add their own subtle distortions, the main source of distortion is the diode 

clipping circuit based around IC3A. What is particularly worth avoiding, is clipping distortion that occurs 

outside the feedback loop of the filter. For example, if the preamplifier was driven to distortion, then none of 

this would contribute to filter complexity: such distortion is not part of the filter function. Furthermore, given 

that the 'clipping' performed by diodes D2 and D3 is considered the primary source of distortion, it would be 

a shame to have earlier circuits distort significantly, limiting the signal, and thereby limiting the damage that 

D2 and D3 can do. In practice, this requires careful definition of the gain at various parts of the circuit, to 

ensure that the highest possible unclipped signal levels are supplied to the final clipping circuit containing D2 

and D3. 

A first distortion optimisation is at the input to IC2A. In most filter circuits that use the LM13700 or LM13600, 

the input resistor R10 is 10K. In conjunction with R15 at 220 ohms, this divides the signal level by a factor 

equal to the gain set by R5. The purpose of this arrangement is to reduce the signal to levels where the 

operational transconductance amplifier (OTA) can operate in its most linear region, but the overall gain, at 

the output of the OTA, is unity. In the AFM-1, R10 is set to 1K8, giving the first filter section a gain of around 

5. Of course, this gain does not have to be used: correspondingly lower signals can be supplied to the filter. 

However, the alternative is to set the gain of the pre-amplifier five times higher. One can overlook the fact 

that a 741-style op-amp may not have a fast-enough slew rate to handle the additional gain: The problem is 

that the supply rails will get in the way, and cause clipping distortion, before the signal even gets to the filter. 

With the first filter section having a gain of 5, it is certainly possible that it may distort, but at least this occurs 

in circuitry that can interfere with filter feedback, thereby increasing the complexity and subtlety of filter 

characteristics.
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The second filter section also has some gain, set by R11 to around 1.4. This is necessary to increase the 

gain of the resonant feedback loop, so that there is plenty of scope for high resonance. It is also 

advantageous, because again, it is providing gain later and later in the circuit, pushing back the point in the 

circuit at which the power supply starts to limit signal amplitude. If such limiting does occur, it will probably 

occur within the feedback loop (assuming some degree of resonance), and if these limitations don't occur, as 

is hoped, then diodes D2 and D3 will be entirely responsible for the large scale clipping distortions that do 

occur.

The filter therefore has an overall gain of 5 x 1.4 = 7. The high pass input, at C7, must match the level of low 

pass signal that is expected at the filter output, otherwise switching between high pass and low pass will 

result in a level mismatch, and the two configurations will have different distortion characteristics, as well as 

levels. To balance the high pass and low pass output levels, the gain of the filter, 7, is approximately 

matched by the gain of the amplifier formed by IC4B.

Finally, the limited, distorted output from IC3A is amplified by a factor of 3.7 by IC3B. The purpose of this is 

to ensure a wide range of distortion characteristics are accessible. With low input signals, the output of the 

filter needs boosting to reach line levels. With high input signals, distortion and oscillation, the output will be 

very high. As as result, settings of an output level potentiometer will vary enormously, according to the effect 

desired. Without IC3B, the range of filter behaviours is squashed into a somewhat narrower range, running 

counter to the philosophy of the design.

Exponential Converter

A simple exponential converter circuit is provided, using readily available components. The basic circuit, with 

minor additions, comes from a couple of sources: “Electronic Synthesizer Construction” by R. A. Penfold 

ISBN 0-85934-159-3 page 16, and notes on the Transcendent 2000 music synthesizer, designed by Tim Orr, 

in the article “Music Synthesizer” published in Electronics Today International, July 1978, page 41. 

The current flowing through Q2 is exponentially dependent upon the voltage applied across its base-emitter 

junction. This voltage results from the mixing of various potentials, including those provided by PR1, a cutoff 

potentiometer connected to PL3 and optionally a control voltage input at pin 3 of PL4. Q1 provides 

temperature compensation for Q2, and the faces of Q1 and Q2 can be stuck together to maintain thermal 

continuity between them. Q3 and Q4 provide a compensated current source for the current-controlled OTAs 

used as current-controlled resistors in two filter sections.

When the filter module is used on its own, the current for the OTAs is supplied from FC OUT (pin 3 of PL1) 

to FC IN (pin 2). If the filter is used in a stereo pair, the second module's exponential converter can be left 

unused, and FC OUT on the first  module is connected to FC IN on both modules. Under these 

circumstances, PR2 on each module can be used to vary the proportion of current supplied to each filter, 

thereby adjusting the frequency ratio, or the pitch offset. As an alternative, the wiper of a potentiometer can 

be connected to FC OUT, and its two terminals connected to FC BAL (pin 1 of PL1). The pot can then be 
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used as an external cutoff balance control. The sensitivity of this balance control depends on the 

potentiometer's resistance; suggested values to try are 5K or 10K. To trim the point at which the two 

frequencies are the same, connect FC BAL to FC IN, on both modules, and use PR2 to make adjustments. 

This makes it possible to set the centre position of the frequency balance potentiometer as being the point at 

which both filters have the same cutoff. This use of a common exponential converter for linked filters avoids 

temperature drift that would otherwise occur between them. The cutoff may be slightly temperature sensitive, 

but both filters are affected equally. Perfect filter matching across the entire frequency range is difficult to 

achieve, however, due to the manufacturing variations in the ratio of C6:C7, and typically a mismatch of a 

few hertz will be heard at low cutoff frequencies. However, this mismatch is not temperature-dependent.

In an ideal world, there would be no temperature-dependent drift of cutoff. In filters, as opposed to 

oscillators, this is usually not much of an issue. The present exponential converter design avoids difficult-to-

obtain parts as much as possible, and doesn't provide the highest level of cutoff stability that is possible. 

However, with some extra effort, improvements can be made to the design of this exponential converter 

circuit, and connections can be made to PL1 that exclude the on-board converter, without the need to cut 

tracks on the PCB.

There are several sources of minor temperature dependence in the existing circuit. The first arises from the 

fact that Q1 and Q2 are not on the same chip, so a significant temperature difference can, in theory, arise 

between them. In most cases, temperature changes are slow, and this difference will be slight, but 

nevertheless, this is a source of temperature dependence. It can be solved using a transistor array, such as 

the CA3046, and these may not be too difficult to obtain.

A second source of temperature dependence can be compensated if R9 has a temperature coefficient of 

3400ppm/K. Such resistors were once manufactured for the purpose of stabilising exponential converter 

circuits. They can be made from a combination of an 870 ohm copper-wound resistor in series with a 130 

ohm metal oxide resistor (note that ordinary wire-wound resistors are made from constantan, not copper). 

Having constructed such a resistor, the problem then is to ensure thermal connectivity between this resistor 

and Q1 and Q2.

A third source of temperature dependence arises from the fact that the proportion of base current in Q3 and 

Q4 varies with Hfe (transistor current gain), which is a temperature dependent characteristic. If the Hfe is 

high, this variation is reasonably tolerable. This is the reason a darlington pair has been used for Q3 and Q4. 

Suggested Experiments

The distortion characteristics of this filter are largely defined by the diodes in the clipping circuit. It is likely 

that the present components are best for many purposes, but there are no rules. Any diodes can be tried. 

Start off using the standard 1N1418, as a benchmark, and then try other signal diodes, such as germanium, 

Schottky, silicon or germanium signal transistors with their bases and collectors joined, power diodes 

(rectifiers etc.). Using different diodes for D2 and D3 will result in asymmetric distortion, and that may also be 
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interesting. LEDs have a very high voltage drop, making them less likely to be useful in this circuit.

Another possible change is in the values used for C6 and C7. These have been optimally selected for the 

current design (they are the same as the original Korg circuit), so start with 3n3 and 1n0. But if you want to 

experiment, try 2n2 and 1n0, or both the same (which is how the capacitors are configured in the later 

version of the Korg MS10/20 filter), or different capacitor types, such as ceramic instead of polystyrene (this 

would result in very subtle differences).
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MS10/20 COMPARISONS

Comparing the MS10/20 Filter Circuits

The two types of filter circuit used in the MS10/20 series are distinguished in the following ways:

Original MS10/20 filter

The cascaded filter sections have capacitors with a 3:1 ratio.

Distortion is based on a single pair of back-to-back diodes.

Filter output is derived directly from the distortion stage.

Custom chips are used for transconductance.

Revised filter

The cascaded filter sections have capacitors with a 1:1 ratio.

Distortion is provided by triple back-to-back diodes.

Filter output is derived from the filter, not the distortion stage.

LM13600 chips are used for transconductance.

In the revised filter, distortion is less readily available. The distortion circuit is intended primarily as a means 

of limiting the amplitude of self-oscillation. Distortion artefacts from diode clipping are only heard indirectly, 

as a result of their being fed back for resonance purposes, although the transconductance amplifiers can be 

caused to distort significantly if enough signal is supplied. The value of the capacitors has a significant 

impact on the complexity of the sound at high resonance and distortion. By giving both filter sections the 

same capacitor value, and therefore the same cutoff point, phase linearity is maximised, imparting less 

colouration to dynamic sounds, particularly sounds that have sharp transients with a high harmonic content, 

such as percussion.

Distinguishing MS10/20s

In order to determine which type of filter circuit is used in a particular MS10 or MS20, it is necessary to get a 

clear view of the main PCB. This is best done by removing all the front panel knobs and potentiometer fixing 

nuts, and any screws and connectors that get in the way, and then lifting out the main PCB.

Original MS10/20 filter

Green or black postage-stamp sized flat single-in-line capacitor-like components with 'KORG 35' or 

similar written upon them, somewhere on the main PCB.
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Revised filter

Conventional LM13600 16-pin IC somewhere on the main PCB.

Comparison with the AFM-1

The AFM-1 is different from both the MS10/20 circuits, although the basic topology matches that used in the 

earlier circuit: A 3:1 ratio is used for filter capacitors and the output is derived directly from the 

distortion/limiter circuit. However, the AFM-1 doesn't use Korg-35 custom chips, or anything similar. 

Furthermore, the MS10/20 filter is followed by a very primitive VCA, which adds unique distortions of its own. 

This stage is missing from the AFM-1.

The Korg-35 chip gives the original MS10/20 a very interesting character. In some ways, its characteristics 

may be considered as somewhat negative: there can be a strong DC component in the output, deriving from 

the cutoff control current. This can result in dramatic output voltage swings when the cutoff is swept quickly, 

and probably affects the biasing and distortion of various parts of the remainder of the circuit. The Korg 35 

chip has a very good high frequency response. Interesting and useful effects can be obtained by driving this 

filter with very loud signals, while resonating or oscillating at high or inaudible frequencies.

The arrangement of circuit gain in the AFM-1 makes it easier to overdrive the diode distortion circuit, and the 

entire AFM-1 design is intended to make the most of this distortion, emphasising it and making it a coherent 

part of the filter's overall behaviour. Other parts of the audio path, although different from the MS10/20 filters, 

retain characteristics common to a lot of op-amp based audio circuitry from the 1970s.  These are primarily: 

The use of large aluminium electrolytics for audio coupling (as opposed to carefully designed circuits where 

non-electrolytic capacitors or DC-coupling can be used), and the use of 741 style op-amps for amplification.

Further subtle differences exist: The AFM-1 uses polystyrene capacitors and metal film resistors; 

components not generally used in low cost audio circuitry. Some may argue that these choices have little or 

no impact on the sound. When swapping components to make comparisons, keep in mind that capacitor 

tolerances are very broad, and any obvious differences in cutoff or resonance characteristics will probably be 

due to capacitance variation, rather than subtle changes in dielectric properties. On the other hand, if you 

use a ceramic capacitor for C6 or C7 and deliberately overheat this with a soldering iron for several seconds, 

it is possible to notice a change in tone - though not one you're likely to consider an enhancement - that isn't 

explained purely by a change in capacitance.
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CONSTRUCTORS NOTES

Screening of Cables

When wiring up several modules, it is very tempting to avoid screening all connections, simply because of 

the amount of time required to make screened connections as opposed to those using ordinary wire. The 

experienced constructor will know when and where it is appropriate to take these short-cuts. However, one 

particular set of connections is worth examining in detail. The high pass input, PL5.5, is of sufficiently high 

impedance to inductively pick up a signal from any neighbouring unscreened connections. 

A typical scenario is when connections are made to the high pass and low pass inputs using unscreened 

wire. In this case, the high pass input will receive some signal by induction even when not directly 

connected. As a result, with the filter supposedly acting on only the low-pass input, some high pass bleed-

through will occur. This will be particularly noticable when the cutoff frequency is very low, under which 

conditions the characteristic muffled sound will be accompanied by an annoying set of very high frequencies. 

The best solution is to screen the high pass cable. 

Conversely, the low pass input, PL5.3, has a lower input impedance, but in any case, low frequencies are 

less able to inductively couple from neighbouring wires, and so the converse situation, of bleed-through into 

the low pass input, is unlikely to be audible.

An awareness of these issues before wiring up will be helpful, in order to avoid the impression that 

“something's wrong with this circuit” some time after its construction!
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CALIBRATION

Calibration Procedure

Starting with presets PR1 to PR6 at unknown or random settings.

If there are multiple modules in a cascade, set the cutoff and resonance potentiometers (connected to PL1 

and PL6 respectively) to minimum. Set PR6 on all modules to minimum. Calibrate the last module in the 

chain first, then open the filter up with zero resonance, so that the filter preceding it can be heard and 

calibrated.

If modules are operating in parallel with a shared exponential converter, the cutoff calibration steps should 

be performed on the module whose exponential converter is being used.

Cutoff Calibration

Set the input level potentiometer to minimum.

Set the output level to about one quarter.

Set the cutoff potentiometer to minimum.

Set the resonance potentiometer to maximum, then reduce so the circuit is just self-oscillating.

Monitor the output signal. Note that signals can be extremely high. The output will easily drive a pair of 

headphones.

Set PR1 and PR3 to maximum.

Set PR2 to minimum (especially important when using a low voltage power supply, such as ± 9V).

Now sweep PR1 slowly to minimum. The filter should be self oscillating, and the frequency should go from 

high (or inaudible) to very low.

If no tone is heard, check all connections. Also make sure that there is a connection between pins 2 and 3 on 

PL1 (i.e., the plug need have no external connection, but can be used solely to connect these two pins).

Once the sweeping tone is heard, continue, ensuring the cutoff potentiometer is set at minimum:

Adjust PR1 from minimum upwards, until a low frequency is heard - this defines the lowest cutoff frequency 

of the filter.

Now set the cutoff potentiometer to maximum. The oscillation should be inaudible. Reduce PR3 until 

oscillation is audible again, then increase PR3 slightly, moving it just out of the audible range. This defines 

the highest cutoff frequency of the filter.
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Resonance Calibration

Having calibrated cutoff frequency, continue:

Set the cutoff potentiometer half way. Adjust the resonance potentiometer from maximum to the onset of 

oscillation (should be just above half way). Now adjust PR5 until resonance begins at the desired position of 

the resonance potentiometer. PR5 has a limited adjustment range, and its primarily purpose is to match the 

onset of self oscillation in stereo modules.

Control Voltage Calibration

PR4 is used to adjust the sensitivity of the control voltage input on pin 3 of PL4. Set the filter to self 

oscillation. Supply a control voltage and adjust PR4 until the desired range of cutoff variation is achieved.

Parallel Cutoff Calibration

This is only needed when parallel modules use the same cutoff control and share a common exponential 

converter circuit.

Perform the basic cutoff calibration as described above for the module whose exponential converter is being 

used. Then perform basic resonance calibration for each channel, aiming to obtain the onset of self-

oscillation at the same resonance potentiometer setting.

Then, monitoring both channels simultaneously, set the cutoff potentiometer half way, adjust the resonance 

so both filters are just at self oscillation, and then adjust PR2 on either or both modules to obtain a matching 

frequency of oscillation. 

Note that, due to natural variation in component characteristics, frequency matching will not be precise over 

the full cutoff range. However, because the control current is derived from the same exponential converter, 

these inconsistencies are not affected by temperature.
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Setting Preamplifier Gain

Using the filter as a low pass filter, set the cutoff to maximum and the resonance to zero. Set PR6 to 

minimum.

For line level inputs, PR6 can be set to around 15% (“9 o'clock”). Lower level inputs require higher settings of 

PR6.

As a rough guide, the signal should remain unclipped when the input level potentiometer is set at half way. 

Above this, distortion should become apparent. When the filter cutoff is reduced, and resonance increased, 

distortion also increases.

When set up in this way, fairly undistorted sounds are possible with the input level potentiometer set low. 

The output level needs to be boosted to compensate for such low input levels. However, increasing the input 

level to maximum (and reducing the output level), results in a very distorted signal, giving the filter a broad 

continuum of distortion characteristics.
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MODULE CONNECTIONS

PL1 – Frequency Control

PL1.1 FC BAL

Frequency control balance. When a pair of modules shares the same exponential converter circuit, 

this pin can be used to provide a cutoff balance control. PL1.3 FC OUT is connected to the wiper of 

a 5K or 10K linear potentiometer. PL1.2 and PL1.3 of the same module are connected to one 

terminal, and PL1.2 and PL1.3 of the parallel module are connected to the other terminal. PR2 on 

either or both modules can be adjusted so that the central setting of the cutoff balance potentiometer 

results in matching cutoff frequencies (which are most easily calibrated by causing setting both filters 

to self oscillate with no input signal). 

Different potentiometer values result in different frequency balance ratios (or pitch offsets) being 

achievable.

PL1.2 FC IN

Receive the frequency control output current from PL1.1 either on the same module, or a module 

whose exponential converter circuit is being used. Custom exponential converters (for example, an 

ultra-stable fully temperature-compensated circuit) can supply frequency control current to this pin.

PL1.3 FC OUT

The output of the exponential converter circuit, which can be connected only to PL1.2 on the same 

board, or in addition, to other boards whose frequency is desired to be the same, or in a fixed ratio.

PL2 – Power Supply

PL2.1 V-

-15V at 25mA (max) 20mA (typical) of a ±15V regulated power supply, or -12V at 20mA (max) 17mA 

(typical) of ±12V. -9V at 15mA (max) 10mA (typical) for battery operation.

PL2.2 GND

0V power supply connection.
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PL2.3 V+

+15V at 25mA (max) 20mA (typical) of a ±15V regulated power supply, or +12V at 20mA (max) 

17mA (typical) of ±12V.  +9V at 15mA (max) 10mA (typical) for battery operation.

PL3 - Cutoff

PL3.1

The low terminal for the cutoff potentiometer. The recommended value for this potentiometer is 10K 

ohms linear.

PL3.2

The wiper connection for the cutoff potentiometer.

PL3.3

The High terminal for the cutoff potentiometer.

PL3 is left unconnected in modules that receive their FC IN from the exponential converter circuit in 

another module.

PL4

PL4.1 INPUT

Input to the preamplifier. 220K ohms impedance. The gain of the preamplifier is adjustable using 

PR6. An input level potentiometer should be provided on the output of the preamplifier, not on this 

input, so as to reduce unwanted noise.

PL4.2 GND

Ground (for screen connection of INPUT).

PL4.3 CV IN

An external cutoff control voltage can be applied to this pin. Sensitivity is adjusted using PR4. If CV 

is not required, just leave this pin unconnected.
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PL4.4

Ground (for screen connection of CV IN).

PL5

PL5.1 PREAMP OUT

Output from preamplifier, suitable for supplying to an input level potentiometer, suggested value: 

logarithmic 5K (4K7). When modules are configured in stereo, twin-ganged pots may be used. 

However, logarithmic 5K stereo pots are hard to obtain, so logarithmic 10K potentiometers may be 

used instead.

PL5.2 GND

Ground (for screen connection of PREAMP OUT).

PL5.3 LPF IN

Input to filter for attenuating signals above the cutoff frequency. Typically this is taken from the wiper 

of an input level potentiometer supplied by PREAMP OUT, or from PL7.3 CASCADE. Usually a 

switch will determine which of LPF IN or HPF IN will receive the input signal (the combination of the 

two is not very interesting, due to the fact that both HPF and LPF paths are in-phase; making one of 

these out of phase may resulting in more interesting combined phenomena).

PL5.4 GND

Ground (for optional screen connection of LPF IN).

PL5.5 HPF IN

Input to filter for attenuating signals below the cutoff frequency. Typically this is switched, so that 

either this or the LPF IN pins receive an input signal. However, even when the switch is only 

connecting signals to the LPF IN pin, it is possible for a length of wire connected to HPF IN to 

receive some signal from any neighbouring unscreened wires, resulting in audible high frequency 

signals even when the filter is being used for low pass only. To avoid this, screen wires connected to 

HPF IN. An alternative is to only screen the PREAMP OUT connection to the input level 

potentiometer (as shown in the module configuration schematics), as long as no other high 

amplitude signal cables run alongside HPF IN.
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PL5.6 GND

Ground (for optional screen connection of HPF IN).

PL6 - Resonance

PL6.1

The low terminal for the resonance potentiometer. The recommended value is 10K ohms linear.

PL6.2

The wiper connection for the resonance potentiometer.

PL6.3

The high terminal for the resonance potentiometer.

PL7 – Output

PL7.1 OUTPUT

Main filter output. This has a high signal level (up to 3V RMS), suitable for supplying to an output 

level potentiometer, suggested value: logarithmic 5K (4K7). When modules are configured in stereo, 

twin-ganged pots may be used. However, logarithmic 5K stereo pots are hard to obtain, and so 

logarithmic 10K pots may be used. This output can drive headphones (via the output potentiometer).

PL7.2 GND

Ground (for screen connection of OUTPUT).

PL7.3 CASCADE

This is the same signal as the OUTPUT at pin 1, but with a lower amplitude. Using this terminal, the 

filter has an overall gain of 1. CASCADE is intended to be supplied to LPF IN or HPF IN of a 

cascaded module, usually via a switch.

PL7.4 GND

Ground (for screen connection of CASCADE).
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PARTS LIST

Presets

The preset potentiometers on the reference AFM-1 PCB can have either of the following pin layouts:

PR1      20K

PR2      5K 

PR3      10K

PR4      100K

PR5      5K  

PR6      1M  

Resistors

The resistors should have a power rating of 0.25W or more. Accuracy is not critical, so 5% types are 

probably fine, although 1% is preferred. The construction is preferably metal film, as these seem to result in 

circuits sounding less harsh than those using carbon film (keep in mind that there are 34 resistors, all 

contributing a small amount of non-uniform PDF noise).

R1       100K           

R2       330K           

R3       6K8            

R4       1K             

R5       10K            

R6       10K       

R7       10K       

R8       68K       

R9       1K   

R10      1K8  

R11      6K8  

R12      4K7  

R13      33K  

R14      220  

R15      220  

R16      10K  

R17      220  

R18      220  

R19      10K  

R20      4K7  

R21      750  

R22      1K   

R23      1K   

R24      27K  

R25      1K   

R26      10K  

R27      4K3  

R28      1K   

R29      2K7  

R30      1K   

R31      220K 

R32      6K8  

R33      1K   

R34      10K  

32

0.1” grid

A B



Capacitors

The following three capacitors are not directly in the audio path, and so their construction should not directly 

affect audio characteristics. Standard ceramic capacitors can be used.

C1       100nF Ceramic

C2       100pF          Ceramic

C3       100nF          Ceramic

The remaining capacitors are all in the audio path. Electrolytic capacitors are used in several places for 

audio coupling, but it is felt that any degradation in the performance in these components is a fairly positive 

part of the sound that is found in old equipment. 

The electrolytic capacitors should be at least 35V tolerant.

C4       33uF Electrolytic

C5       10uF           Electrolytic

C6 and C7 are special: The filter comprises two buffered cascaded RC sections (the 'R' in each section 

being formed by a transconductance amplifier) and the capacitors in these sections are these two 

components. Polystyrene capacitors are very much preferred.

C6       3n3     Polystyrene

C7       1nF     Polystyrene

The remaining capacitors are also electrolytic and should be at least 35V tolerant.

C8       47uF    Electrolytic

C9       4u7            Electrolytic

C10      47uF           Electrolytic

C11      22uF           Electrolytic

Diodes

Standard silicon signal diodes are used for D1 to D3. D2 and D3 affect the distortion characteristics. The 

circuit was designed to use 1N4148's, but experimentation with other types, including germanium, rectifiers, 

etc. may give some interesting results. However, the circuit is best constructed using 1N4148s to start with.

D1       1N4148 Standard silicon signal diode

D2       1N4148 Standard silicon signal diode

D3       1N4148 Standard silicon signal diode
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Transistors

Q1 and Q2 are not in the audio path, and should be high gain (C grade) silicon NPN transistors. A plastic 

TO92 package is recommended, so that the faces of Q1 and Q2 can be stuck together to conduct heat and 

keep them at the same temperature. A BC549C meets these criteria.

Q1       BC549C

Q2       BC549C

Q3 and Q4 are silicon PNP transistors.

Q3       BC557

Q4       BC557

Q5 is an audio buffer in the feedback path. The signal levels are usually fairly high, but nevertheless it is 

probably worth using a low noise high gain transistor such as a BC549C.

Q5       BC549C

Integrated Circuits

IC1 is not in the audio path, but is chosen to be the same as IC3 and IC4 to keep the parts list simple. IC2 is 

a dual transconductance amplifier.

IC1      LM1458N Dual 741 op amp

IC2      LM13700N Dual transconductance amplifier

IC3 and IC4 provide audio amplification in various parts of the circuit. Although these amplifier stages are not 

intended as primary sources of audio distortion (D2 and D3 take care of that), LM1458s have been chosen 

because of their distortion characteristics (the LM1458 is basically a dual 741).

IC3      LM1458N Dual 741 op amp

IC4      LM1458N Dual 741 op amp
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Connectors

Seven connectors are provided on the standard AFM-1 PCB. These are single-in-line plug pins on a 0.1” 

pitch.

PL1 3-way

PL2 3-way

PL3 3-way

PL4 4-way

PL5  6-way

PL6 3-way

PL7 4-way

Additional Components 

Several additional components are required in addition to those provided on the PCB. See the example 

module configuration schematics for details.
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COMPONENT LOCATION CHARTS

A set of component placement charts is provided below, primarily to aid construction, but also to aid 

investigation of the circuit on the PCB. The charts are provided in the suggested order of construction.

Note that transistors Q1 and Q2 should be fixed together before soldering, as described in the chart for 

semiconductor placement.
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Q1 and Q2 (both are BC549C transistors) should have their faces fixed together. The most convenient way 

of doing this is to use a small drop of superglue, and fix the transistors together before soldering. This is to 

minimise the temperature difference between these components. This improves cutoff stability by minimising 

temperature sensitivity in the exponential converter.
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GNU GENERAL PUBLIC LICENSE

GNU GENERAL PUBLIC LICENSE
Version 2, June 1991

Copyright (C) 1989, 1991 Free Software Foundation, Inc.
59 Temple Place, Suite 330, Boston, MA  02111-1307  USA

Everyone is permitted to copy and distribute verbatim copies
of this license document, but changing it is not allowed.

Preamble

The licenses for most software are designed to take away your freedom to share and change it. By contrast, the GNU 
General Public License is intended to guarantee your freedom to share and change free software--to make sure the 
software is free for all its users.  This General Public License applies to most of the Free Software Foundation's 
software and to any other program whose authors commit to using it. (Some other Free Software Foundation 
software is covered by the GNU Library General Public License instead.) You can apply it to your programs, too.

When we speak of free software, we are referring to freedom, not price. Our General Public Licenses are designed to 
make sure that you have the freedom to distribute copies of free software (and charge for this service if you wish), 
that you receive source code or can get it if you want it, that you can change the software or use pieces of it in new 
free programs; and that you know you can do these things.

To protect your rights, we need to make restrictions that forbid anyone to deny you these rights or to ask you to 
surrender the rights. These restrictions translate to certain responsibilities for you if you distribute copies of the 
software, or if you modify it.

For example, if you distribute copies of such a program, whether gratis or for a fee, you must give the recipients all 
the rights that you have. You must make sure that they, too, receive or can get the source code. And you must show 
them these terms so they know their rights.

We protect your rights with two steps: (1) copyright the software, and (2) offer you this license which gives you legal 
permission to copy, distribute and/or modify the software.

Also, for each author's protection and ours, we want to make certain that everyone understands that there is no 
warranty for this free software. If the software is modified by someone else and passed on, we want its recipients to 
know that what they have is not the original, so that any problems introduced by others will not reflect on the original 
authors' reputations.

Finally, any free program is threatened constantly by software patents. We wish to avoid the danger that 
redistributors of a free program will individually obtain patent licenses, in effect making the program proprietary. To 
prevent this, we have made it clear that any patent must be licensed for everyone's free use or not licensed at all.

The precise terms and conditions for copying, distribution and
modification follow.

GNU GENERAL PUBLIC LICENSE
TERMS AND CONDITIONS FOR COPYING, DISTRIBUTION AND MODIFICATION

0. This License applies to any program or other work which contains a notice placed by the copyright holder saying it 
may be distributed under the terms of this General Public License. The "Program", below, refers to any such program 
or work, and a "work based on the Program" means either the Program or any derivative work under copyright law: 
that is to say, a work containing the Program or a portion of it, either verbatim or with modifications and/or translated 
into another language. (Hereinafter, translation is included without limitation in the term "modification".)  Each 
licensee is addressed as "you".

Activities other than copying, distribution and modification are not covered by this License; they are outside its scope. 
The act of running the Program is not restricted, and the output from the Program is covered only if its contents 
constitute a work based on the Program (independent of having been made by running the Program). Whether that is 
true depends on what the Program does.

1. You may copy and distribute verbatim copies of the Program's source code as you receive it, in any medium, 
provided that you conspicuously and appropriately publish on each copy an appropriate copyright notice and 
disclaimer of warranty; keep intact all the notices that refer to this License and to the absence of any warranty; and 
give any other recipients of the Program a copy of this License along with the Program.

You may charge a fee for the physical act of transferring a copy, and you may at your option offer warranty protection 
in exchange for a fee.
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2. You may modify your copy or copies of the Program or any portion of it, thus forming a work based on the 
Program, and copy and distribute such modifications or work under the terms of Section 1 above, provided that you 
also meet all of these conditions:

a) You must cause the modified files to carry prominent notices stating that you changed the files and the date of any 
change.

b) You must cause any work that you distribute or publish, that in whole or in part contains or is derived from the 
Program or any part thereof, to be licensed as a whole at no charge to all third parties under the terms of this 
License.

c) If the modified program normally reads commands interactively when run, you must cause it, when started running 
for such interactive use in the most ordinary way, to print or display an Announcement including an appropriate 
copyright notice and a notice that there is no warranty (or else, saying that you provide a warranty) and that users 
may redistribute the program under these conditions, and telling the user how to view a copy of this License. 
(Exception: if the Program itself is interactive butdoes not normally print such an announcement, your work based on 
the Program is not required to print an announcement.)

These requirements apply to the modified work as a whole.  If identifiable sections of that work are not derived from 
the Program, and can be reasonably considered independent and separate works in themselves, then this License, 
and its terms, do not apply to those sections when you distribute them as separate works.  But when you distribute 
the same sections as part of a whole which is a work based on the Program, the distribution of the whole must be on 
the terms of this License, whose permissions for other licensees extend to the
entire whole, and thus to each and every part regardless of who wrote it.

Thus, it is not the intent of this section to claim rights or contest your rights to work written entirely by you; rather, the 
intent is to exercise the right to control the distribution of derivative or collective works based on the Program.

In addition, mere aggregation of another work not based on the Program with the Program (or with a work based on 
the Program) on a volume of a storage or distribution medium does not bring the other work under the scope of this 
License.

3. You may copy and distribute the Program (or a work based on it, under Section 2) in object code or executable 
form under the terms of Sections 1 and 2 above provided that you also do one of the following:

a) Accompany it with the complete corresponding machine-readable source code, which must be distributed under 
the terms of Sections 1 and 2 above on a medium customarily used for software interchange; or,

b) Accompany it with a written offer, valid for at least three years, to give any third party, for a charge no more than 
your cost of physically performing source distribution, a complete machine-readable copy of the corresponding 
source code, to be distributed under the terms of Sections 1 and 2 above on a medium customarily used for software 
interchange; or,

c) Accompany it with the information you received as to the offer to distribute corresponding source code. (This 
alternative is allowed only for noncommercial distribution and only if you received the program in object code or 
executable form with such an offer, in accord with Subsection b above.)

The source code for a work means the preferred form of the work for making modifications to it. For an executable 
work, complete source code means all the source code for all modules it contains, plus any associated interface 
definition files, plus the scripts used to control compilation and installation of the executable.  However, as a special 
exception, the source code distributed need not include anything that is normally distributed (in either source or 
binary form) with the major components (compiler, kernel, and so on) of the operating system on which the 
executable runs, unless that component itself accompanies the executable.

If distribution of executable or object code is made by offering access to copy from a designated place, then offering 
equivalent access to copy the source code from the same place counts as distribution of the source code, even 
though third parties are not compelled to copy the source along with the object code.

4. You may not copy, modify, sublicense, or distribute the Program except as expressly provided under this License. 
Any attempt otherwise to copy, modify, sublicense or distribute the Program is void, and will automatically terminate 
your rights under this License. However, parties who have received copies, or rights, from you under this License will 
not have their licenses terminated so long as such parties remain in full compliance.

5. You are not required to accept this License, since you have not signed it.  However, nothing else grants you 
permission to modify or distribute the Program or its derivative works.  These actions are prohibited by law if you do 
not accept this License.  Therefore, by modifying or distributing the Program (or any work based on the Program), 
you indicate your acceptance of this License to do so, and all its terms and conditions for copying, distributing or 
modifying the Program or works based on it.
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6. Each time you redistribute the Program (or any work based on the Program), the recipient automatically receives a 
license from the original licensor to copy, distribute or modify the Program subject to these terms and conditions. 
You may not impose any further restrictions on the recipients' exercise of the rights granted herein. You are not 
responsible for enforcing compliance by third parties to this License.

7. If, as a consequence of a court judgment or allegation of patent infringement or for any other reason (not limited to 
patent issues), conditions are imposed on you (whether by court order, agreement or otherwise) that contradict the 
conditions of this License, they do not excuse you from the conditions of this License. If you cannot distribute so as to 
satisfy simultaneously your obligations under this License and any other pertinent obligations, then as a 
consequence you may not distribute the Program at all.  For example, if a patent license would not permit royalty-free 
redistribution of the Program by all those who receive copies directly or indirectly through you, then the only way you 
could satisfy both it and this License would be to
refrain entirely from distribution of the Program.

If any portion of this section is held invalid or unenforceable under any particular circumstance, the balance of the 
section is intended to apply and the section as a whole is intended to apply in other circumstances.

It is not the purpose of this section to induce you to infringe any patents or other property right claims or to contest 
validity of any such claims; this section has the sole purpose of protecting the integrity of the free software distribution 
system, which is implemented by public license practices. Many people have made generous contributions to the 
wide range of software distributed through that system in reliance on consistent application of that
system; it is up to the author/donor to decide if he or she is willing to distribute software through any other system 
and a licensee cannot impose that choice.

This section is intended to make thoroughly clear what is believed to
be a consequence of the rest of this License.

8. If the distribution and/or use of the Program is restricted in certain countries either by patents or by copyrighted 
interfaces, the original copyright holder who places the Program under this License may add an explicit geographical 
distribution limitation excluding those countries, so that distribution is permitted only in or among countries not thus 
excluded.  In such case, this License incorporates the limitation as if written in the body of this License.

9. The Free Software Foundation may publish revised and/or new versions of the General Public License from time 
to time.  Such new versions will be similar in spirit to the present version, but may differ in detail to address new 
problems or concerns.

Each version is given a distinguishing version number. If the Program specifies a version number of this License 
which applies to it and "any later version", you have the option of following the terms and conditions either of that 
version or of any later version published by the Free Software Foundation. If the Program does not specify a version 
number of this License, you may choose any version ever published by the Free Software Foundation.

10. If you wish to incorporate parts of the Program into other free programs whose distribution conditions are 
different, write to the author to ask for permission.  For software which is copyrighted by the Free Software 
Foundation, write to the Free Software Foundation; we sometimes make exceptions for this.  Our decision will be 
guided by the two goals of preserving the free status of all derivatives of our free software and of promoting the 
sharing and reuse of software generally.

NO WARRANTY

11. BECAUSE THE PROGRAM IS LICENSED FREE OF CHARGE, THERE IS NO WARRANTY FOR THE 
PROGRAM, TO THE EXTENT PERMITTED BY APPLICABLE LAW. EXCEPT WHEN OTHERWISE STATED IN 
WRITING THE COPYRIGHT HOLDERS AND/OR OTHER PARTIES PROVIDE THE PROGRAM "AS IS" WITHOUT 
WARRANTY OF ANY KIND, EITHER EXPRESSED OR IMPLIED, INCLUDING, BUT NOT LIMITED TO, THE 
IMPLIED WARRANTIES OF MERCHANTABILITY AND FITNESS FOR A PARTICULAR PURPOSE. THE ENTIRE 
RISK AS TO THE QUALITY AND PERFORMANCE OF THE PROGRAM IS WITH YOU. SHOULD THE PROGRAM 
PROVE DEFECTIVE, YOU ASSUME THE COST OF ALL NECESSARY SERVICING, REPAIR OR CORRECTION.

12. IN NO EVENT UNLESS REQUIRED BY APPLICABLE LAW OR AGREED TO IN WRITING WILL ANY 
COPYRIGHT HOLDER, OR ANY OTHER PARTY WHO MAY MODIFY AND/OR REDISTRIBUTE THE PROGRAM 
AS PERMITTED ABOVE, BE LIABLE TO YOU FOR DAMAGES, INCLUDING ANY GENERAL, SPECIAL, 
INCIDENTAL OR CONSEQUENTIAL DAMAGES ARISING OUT OF THE USE OR INABILITY TO USE THE 
PROGRAM (INCLUDING BUT NOT LIMITED TO LOSS OF DATA OR DATA BEING RENDERED INACCURATE OR 
LOSSES SUSTAINED BY YOU OR THIRD PARTIES OR A FAILURE OF THE PROGRAM TO OPERATE WITH 
ANY OTHER PROGRAMS), EVEN IF SUCH HOLDER OR OTHER PARTY HAS BEEN ADVISED OF THE
POSSIBILITY OF SUCH DAMAGES.

END OF TERMS AND CONDITIONS
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GNU FREE DOCUMENTATION LICENSE

GNU Free Documentation License
Version 1.2, November 2002

Copyright (C) 2000,2001,2002  Free Software Foundation, Inc.
59 Temple Place, Suite 330, Boston, MA  02111-1307  USA

Everyone is permitted to copy and distribute verbatim copies of this license document, but changing it is not allowed.

0. PREAMBLE

The purpose of this License is to make a manual, textbook, or other functional and useful document "free" in the 
sense of freedom: to assure everyone the effective freedom to copy and redistribute it, with or without modifying it, 
either commercially or non commercially. Secondarily, this License preserves for the author and publisher a way to 
get credit for their work, while not being considered responsible for modifications made by others.

This License is a kind of "copyleft", which means that derivative works of the document must themselves be free in 
the same sense. It complements the GNU General Public License, which is a copyleft license designed for free 
software.

We have designed this License in order to use it for manuals for free software, because free software needs free 
documentation: a free program should come with manuals providing the same freedoms that the software does. But 
this License is not limited to software manuals; it can be used for any textual work, regardless of subject matter or 
whether it is published as a printed book. We recommend this License principally for works whose purpose is 
instruction or reference.

1. APPLICABILITY AND DEFINITIONS

This License applies to any manual or other work, in any medium, that contains a notice placed by the copyright 
holder saying it can be distributed under the terms of this License. Such a notice grants a world-wide, royalty-free 
license, unlimited in duration, to use that work under the conditions stated herein.  The "Document", below, refers to 
any such manual or work. Any member of the public is a licensee, and is addressed as "you". You accept the license 
if you copy, modify or distribute the work in a way requiring permission under copyright law.

A "Modified Version" of the Document means any work containing the Document or a portion of it, either copied 
verbatim, or with modifications and/or translated into another language.

A "Secondary Section" is a named appendix or a front-matter section of the Document that deals exclusively with the 
relationship of the publishers or authors of the Document to the Document's overall subject (or to related matters) 
and contains nothing that could fall directly within that overall subject.  (Thus, if the Document is in part a textbook of 
mathematics, a Secondary Section may not explain any mathematics.)  The relationship could be a matter of 
historical connection with the subject or with related matters, or of legal, commercial, philosophical, ethical or political 
position regarding
them.

The "Invariant Sections" are certain Secondary Sections whose titles are designated, as being those of Invariant 
Sections, in the notice that says that the Document is released under this License. If a section does not fit the above 
definition of Secondary then it is not allowed to be designated as Invariant. The Document may contain zero Invariant 
Sections. If the Document does not identify any Invariant Sections then there are none.

The "Cover Texts" are certain short passages of text that are listed, as Front-Cover Texts or Back-Cover Texts, in the 
notice that says that the Document is released under this License. A Front-Cover Text may be at most 5 words, and a 
Back-Cover Text may be at most 25 words.

A "Transparent" copy of the Document means a machine-readable copy, represented in a format whose specification 
is available to the general public, that is suitable for revising the document straightforwardly with generic text editors 
or (for images composed of pixels) generic paint programs or (for drawings) some widely available drawing editor, 
and that is suitable for input to text formatters or for automatic translation to a variety of formats suitable for input to 
text formatters. A copy made in an otherwise Transparent file format whose markup, or absence of markup, has been 
arranged to thwart or discourage subsequent modification by readers is not Transparent. An image format is not 
Transparent if used for any substantial amount of text. A copy that is not "Transparent" is called "Opaque".

Examples of suitable formats for Transparent copies include plain ASCII without markup, Texinfo input format, LaTeX 
input format, SGML or XML using a publicly available DTD, and standard-conforming simple HTML, PostScript or 
PDF designed for human modification. Examples of transparent image formats include PNG, XCF and JPG.  Opaque 
formats include proprietary formats that can be read and edited only by proprietary word processors, SGML or XML 
for which the DTD and/or processing tools are not generally available, and the machine-generated HTML, PostScript 
or PDF produced by some word processors for output purposes only.
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The "Title Page" means, for a printed book, the title page itself, plus such following pages as are needed to hold, 
legibly, the material this License requires to appear in the title page. For works in formats which do not have any title 
page as such, "Title Page" means the text near the most prominent appearance of the work's title, preceding the 
beginning of the body of the text.

A section "Entitled XYZ" means a named subunit of the Document whose title either is precisely XYZ or contains XYZ 
in parentheses following text that translates XYZ in another language. (Here XYZ stands for a specific section name 
mentioned below, such as "Acknowledgements", "Dedications", "Endorsements", or "History".) To "Preserve the Title" 
of such a section when you modify the Document means that it remains a section "Entitled XYZ" according to this 
definition.

The Document may include Warranty Disclaimers next to the notice which states that this License applies to the 
Document. These Warranty Disclaimers are considered to be included by reference in this License, but only as 
regards disclaiming warranties: any other implication that these Warranty Disclaimers may have is void and has no 
effect on the meaning of this License.

2. VERBATIM COPYING

You may copy and distribute the Document in any medium, either commercially or noncommercially, provided that 
this License, the copyright notices, and the license notice saying this License applies to the Document are 
reproduced in all copies, and that you add no other conditions whatsoever to those of this License. You may not use 
technical measures to obstruct or control the reading or further copying of the copies you make or distribute. 
However, you may accept compensation in exchange for copies. If you distribute a large enough number of copies 
you must also follow the conditions in section 3.

You may also lend copies, under the same conditions stated above, and you may publicly display copies.

3. COPYING IN QUANTITY

If you publish printed copies (or copies in media that commonly have printed covers) of the Document, numbering 
more than 100, and the Document's license notice requires Cover Texts, you must enclose the copies in covers that 
carry, clearly and legibly, all these Cover Texts: Front-Cover Texts on the front cover, and Back-Cover Texts on the 
back cover. Both covers must also clearly and legibly identify you as the publisher of these copies. The front cover 
must present the full title with all words of the title equally prominent and
visible. You may add other material on the covers in addition. Copying with changes limited to the covers, as long as 
they preserve the title of the Document and satisfy these conditions, can be treated as verbatim copying in other 
respects.

If the required texts for either cover are too voluminous to fit legibly, you should put the first ones listed (as many as 
fit reasonably) on the actual cover, and continue the rest onto adjacent pages.

If you publish or distribute Opaque copies of the Document numbering more than 100, you must either include a 
machine-readable Transparent copy along with each Opaque copy, or state in or with each Opaque copy a 
computer-network location from which the general network-using public has access to download using public-
standard network protocols a complete Transparent copy of the Document, free of added material. If you use the 
latter option, you must take reasonably prudent steps, when you begin distribution of Opaque copies in quantity, to 
ensure that this Transparent copy will remain thus accessible at the stated location until at least one year after the 
last time you distribute an Opaque copy (directly or through your agents or retailers) of that
edition to the public.

It is requested, but not required, that you contact the authors of the Document well before redistributing any large 
number of copies, to give them a chance to provide you with an updated version of the Document.

4. MODIFICATIONS

You may copy and distribute a Modified Version of the Document under the conditions of sections 2 and 3 above, 
provided that you release the Modified Version under precisely this License, with the Modified Version filling the role 
of the Document, thus licensing distribution and modification of the Modified Version to whoever possesses a copy of 
it.  In addition, you must do these things in the Modified Version:

A. Use in the Title Page (and on the covers, if any) a title distinct from that of the Document, and from those 
of previous versions (which should, if there were any, be listed in the History section of the Document).  You 
may use the same title as a previous version if the original publisher of that version gives permission.

B. List on the Title Page, as authors, one or more persons or entities responsible for authorship of the 
modifications in the Modified Version, together with at least five of the principal authors of the Document (all 
of its principal authors, if it has fewer than five), unless they release you from this requirement.

C. State on the Title page the name of the publisher of the Modified Version, as the publisher.
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D. Preserve all the copyright notices of the Document.

E. Add an appropriate copyright notice for your modifications adjacent to the other copyright notices.

F. Include, immediately after the copyright notices, a license noticen giving the public permission to use the 
Modified Version under the terms of this License, in the form shown in the Addendum below.

G. Preserve in that license notice the full lists of Invariant Sections and required Cover Texts given in the 
Document's license notice.

H. Include an unaltered copy of this License.

I. Preserve the section Entitled "History", Preserve its Title, and add to it an item stating at least the title, 
year, new authors, and publisher of the Modified Version as given on the Title Page.  If there is no section 
Entitled "History" in the Document, create one stating the title, year, authors, and publisher of the Document 
as given on its Title Page, then add an item describing the Modified Version as stated in the previous 
sentence.

J. Preserve the network location, if any, given in the Document for public access to a Transparent copy of 
the Document, and likewise the network locations given in the Document for previous versions it was based 
on.  These may be placed in the "History" section. You may omit a network location for a work that was 
published at   least four years before the Document itself, or if the original publisher of the version it refers to 
gives permission.

K. For any section Entitled "Acknowledgements" or "Dedications", Preserve the Title of the section, and 
preserve in the section all the substance and tone of each of the contributor acknowledgements and/or 
dedications given therein.

L. Preserve all the Invariant Sections of the Document, unaltered in their text and in their titles.  Section 
numbers    or the equivalent are not considered part of the section titles.

M. Delete any section Entitled "Endorsements". Such a section may not be included in the Modified Version.

N. Do not retitle any existing section to be Entitled "Endorsements" or to conflict in title with any Invariant 
Section.

O. Preserve any Warranty Disclaimers.

If the Modified Version includes new front-matter sections or appendices that qualify as Secondary Sections and 
contain no material copied from the Document, you may at your option designate some or all of these sections as 
invariant. To do this, add their titles to the list of Invariant Sections in the Modified Version's license notice. These 
titles must be distinct from any other section titles.

You may add a section Entitled "Endorsements", provided it contains nothing but endorsements of your Modified 
Version by various parties - for example, statements of peer review or that the text has been approved by an 
organization as the authoritative definition of a standard.

You may add a passage of up to five words as a Front-Cover Text, and a passage of up to 25 words as a Back-Cover 
Text, to the end of the list of Cover Texts in the Modified Version.  Only one passage of Front-Cover Text and one of 
Back-Cover Text may be added by (or through arrangements made by) any one entity. If the Document already 
includes a cover text for the same cover, previously added by you or by arrangement made by the same entity you 
are acting on behalf of, you may not add another; but you may replace the old one, on explicit permission from the 
previous publisher that added the old one.

The author(s) and publisher(s) of the Document do not by this License give permission to use their names for 
publicity for or to assert or imply endorsement of any Modified Version.

5. COMBINING DOCUMENTS

You may combine the Document with other documents released under this License, under the terms defined in 
section 4 above for modified versions, provided that you include in the combination all of the Invariant Sections of all 
of the original documents, unmodified, and list them all as Invariant Sections of your combined work in its license 
notice, and that you preserve all their Warranty Disclaimers.

The combined work need only contain one copy of this License, and multiple identical Invariant Sections may be 
replaced with a single copy. If there are multiple Invariant Sections with the same name but different contents, make 
the title of each such section unique by adding at the end of it, in parentheses, the name of the original author or 
publisher of that section if known, or else a unique number. Make the same adjustment to the section titles in the list 
of Invariant Sections in the license notice of the combined work.
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In the combination, you must combine any sections Entitled "History" in the various original documents, forming one 
section Entitled "History"; likewise combine any sections Entitled "Acknowledgements", and any sections Entitled 
"Dedications". You must delete all sections Entitled "Endorsements".

6. COLLECTIONS OF DOCUMENTS

You may make a collection consisting of the Document and other documents released under this License, and 
replace the individual copies of this License in the various documents with a single copy that is included in the 
collection, provided that you follow the rules of this License for verbatim copying of each of the documents in all other 
respects.

You may extract a single document from such a collection, and distribute it individually under this License, provided 
you insert a copy of this License into the extracted document, and follow this License in all other respects regarding 
verbatim copying of that document.

7. AGGREGATION WITH INDEPENDENT WORKS

A compilation of the Document or its derivatives with other separate and independent documents or works, in or on a 
volume of a storage or distribution medium, is called an "aggregate" if the copyright resulting from the compilation is 
not used to limit the legal rights of the compilation's users beyond what the individual works permit. When the 
Document is included in an aggregate, this License does not apply to the other works in the aggregate which are not 
themselves derivative works of the Document.

If the Cover Text requirement of section 3 is applicable to these copies of the Document, then if the Document is less 
than one half of the entire aggregate, the Document's Cover Texts may be placed on covers that bracket the 
Document within the aggregate, or the electronic equivalent of covers if the Document is in electronic form. 
Otherwise they must appear on printed covers that bracket the whole aggregate.

8. TRANSLATION

Translation is considered a kind of modification, so you may distribute translations of the Document under the terms 
of section 4. Replacing Invariant Sections with translations requires special permission from their copyright holders, 
but you may include translations of some or all Invariant Sections in addition to the original versions of these 
Invariant Sections. You may include a translation of this License, and all the license notices in the Document, and 
any Warranty Disclaimers, provided that you also include the original English version of this License and the original 
versions of those notices and disclaimers. In case of a disagreement between the translation and the original version 
of this License or a notice or disclaimer, the original version will prevail.

If a section in the Document is Entitled "Acknowledgements", "Dedications", or "History", the requirement (section 4) 
to Preserve its Title (section 1) will typically require changing the actual title.

9. TERMINATION

You may not copy, modify, sublicense, or distribute the Document except as expressly provided for under this 
License. Any other attempt to copy, modify, sublicense or distribute the Document is void, and will automatically 
terminate your rights under this License.  However, parties who have received copies, or rights, from you under this 
License will not have their licenses terminated so long as such parties remain in full compliance.

10. FUTURE REVISIONS OF THIS LICENSE

The Free Software Foundation may publish new, revised versions of the GNU Free Documentation License from time 
to time. Such new versions will be similar in spirit to the present version, but may differ in detail to address new 
problems or concerns. See http://www.gnu.org/copyleft/.

Each version of the License is given a distinguishing version number. If the Document specifies that a particular 
numbered version of this License "or any later version" applies to it, you have the option of following the terms and 
conditions either of that specified version or of any later version that has been published (not as a draft) by the Free 
Software Foundation. If the Document does not specify a version number of this License, you may choose any 
version ever published (not as a draft) by the Free Software Foundation.
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