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The Prologue polyphonic synthesizer features a voltage control filter (VCF) employing an
original topology. This paper examines its circuit and extracts a flowchart, which yields a set
of analog filter equations. From these, the authors were able to develop a transfer function to
describe its ideal linear time-invariant form. Then a linear digital version of the filter to validate
the analysis was put forward. Noting that the filter operation within the synthesizer is fairly
nonlinear, modifications yielding a nonlinear model of the VCF are proposed. These were
compared with the outputs of the original analog filter, and it was found that they approximate
them consistently.

0 INTRODUCTION

Voltage control filters (VCFs) are standard components
in analog synthesizers. These were introduced originally by
Robert Moog as part of his modular synthesis systems [1].
The main characteristic of these filters is the replacement
of resistors by variable gain components, originally tran-
sistor pairs, then operational transconductance amplifiers
(OTAs), and, less commonly, diodes and vactrols. The use
of these components allow the filter cutoff frequencies to
be made variable but also to make them controllable via an
external voltage. This is an extremely useful property that
allows programming and automation to define time-varying
characteristics of the filter.

The most common filter design found in VCFs is the
four-pole ladder type [2–7], which includes the original
Moog filter as well as its OTA and diode [8] variations.
The two-pole state-variable design has been also widely
used [9]. These filter topologies have characteristics that
make them more readily transformed from fixed or manual
operation into voltage-controlled devices. In the case of the
state-variable filter, for example, it is fairly obvious where
resistors can be replaced by variable-gain elements.

Other filter designs, such as the Sallen–Key configura-
tion, have been made voltage-controlled (for instance, in the
case of the Korg 35 [10] and MS20 filters [11]), but they are
more difficult to construct in such a way that a stable and
more linear operation can be achieved. However, it is also
important to note that nonlinearities exist in most VCFs
and that this can be a desirable characteristic for a musical
instrument device. The operation of variable gain compo-
nents is only linear within a certain range of voltages [12],

so driving the filter with higher-level signals often elicits a
nonlinear behavior that is appreciated by musicians [13].

VCFs can be implemented in a circuit from discrete com-
ponents or using dedicated integrated circuits (ICs). This
paper examines a recent VCF design equipping the Korg
Prologue synthesizer, released in 2018. This is a discrete-
component low-pass filter, whose circuit diagram was pub-
lished in a service manual made available by the manufac-
turer [14]. This paper is organized as follows. First, the filter
design based on an analysis of the circuit is introduced, and
a general description of it is provided, including its analog
transfer function. The authors then propose a linear digital
model of the filter obtained using both a bilinear transfor-
mation of the filter transfer function and the filter circuit
flowchart. From this, existing nonlinearities in the signal
path are also analyzed, and a second version that includes
these is proposed. Then, the authors discuss the results and
provide some conclusions.

1 THE PROLOGUE VCF

The Prologue is a polyphonic synthesizer released by
Korg in 2018, whose circuitry includes eight or 16 iden-
tical voice cards containing three oscillators (two voltage-
controlled filters and one digital multi-engine) that feed
a VCF and finally, a voltage control amplifier (VCA). The
low-pass VCF used in the Prologue synthesizer has two con-
trol parameters, cutoff frequency and resonance. These can
be controlled manually from the front panel or automated
by a variety of voltage sources. The synthesizer panel only
indicates a numeric reference for both parameters, which
then needs to be analyzed and interpreted to yield equiva-
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Fig. 1. VCF circuit diagram [14].

lent frequencies in Hz and damping (or Q) values. In this
study, the authors will fix the cutoff frequency and vary the
resonance from 0 to 100%, providing the equivalent values
in Hz and damping/Q applied.

1.1 Filter Circuit
The VCF circuit is shown on Fig. 1, together with its

cutoff and resonance control elements. It is based on two
13700 OTAs and two operational amplifiers (opamps). The
former are used to apply variable gain as well as summing
signals, and the latter are used as undamped integrators.
Additional circuitry is included to make the filter voltage-
controlled. In the schematic, the filter input is marked as
RAW, and its output as VCF OUT. The RAW signal is an
inverted mix of three sources (voltage controlled oscillators

1 and 2 and multi-engine). The OTA voltage control is
derived from the CV VCF input, and the gain for the signal
path marked FB is controlled by the CV RES input.

This circuit operates with two feedback paths: one from
the output to the first OTA input and another from the output
to the second OTA input. This second feedback route is
composed of set-gain and CV-gain paths (marked FB in
the schematic). These two are summed together in opposite
polarities. In the absence of any signal in the CV feedback
path, the signal flows through the set-gain path where it sees
half the resistance if compared with the input signal. The
presence of two back-to-back diodes in this route should be
noted. These conduct if the signal exceeds approximately
0.7 V across this section of the circuit, following a voltage
divider. In this case, the gain through this part of the network
increases. The control voltage (CV)-gain feedback signal
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Fig. 2. VCF flowchart.

Fig. 3. State-variable filter flowchart.

path has its gain controlled by a differential amplifier. With
an increase in CV and a corresponding gain increase in the
variable signal path, the total feedback from the output to
the second OTA input is reduced proportionally.

1.2 Filter Flowchart and Equations
Grouping all the variable gain elements, signal summing,

and integrators, the flowchart given by Fig. 2 can be ob-
tained. This filter can be described by the following tripar-
tite equation,

ya(t) = y(t) + x(t)

yb(t) = K
∫ t

0
ya(τ)dτ

y(t) = −K
∫ t

0
[Dy(τ) + yb(τ)]dτ, (1)

with intermediate stages ya and yb as indicated in the
flowchart. Using 1/s as the Laplace transform for the in-
tegrator and substituting in Eq. (1),

Ha(s) = H (s) + 1

Hb(s) = K Ha(s)

s

H (s) = − K [DH (s) + Hb(s)]

s
, (2)

yielding the transfer function H(s) for the VCF,

H (s) = −K 2

s2 + sK D + K 2
, (3)

which is identical to the low-pass transfer function of an
inverting state-variable filter (Fig. 3) [15, 16].

From this analysis, it can be seen that:

1. The filter configuration is that of a second-order
(two-pole) voltage-controlled state-variable design.

2. Voltage control applied to the OTAs defines the cut-
off frequency of the filter.

3. Voltage control applied to the gain of the feedback
path defines the amount of peaking/resonance. In-
creasing the CV results in higher levels of peaking
(or resonance), as the damping is minimized. Thus,

Fig. 4. Prologue digital oscillator sawtooth.

if the two paths combine to a zero sum, there is no
damping applied to the circuit, and the poles would
lie on the imaginary axis of the s-plane. This may
lead the filter to become unstable. In practice, this
does not take place because there is overload limiting
built into the network.

The minimum amount of damping D = 1/Q is set to 2,
normally, with Q = 0.5. This places the filter poles on the
real line in the s-plane. With D = 0, Q is infinite and poles
lie on the imaginary line. The feedback VC control thus
controls Q from a minimum of 0.5 to a very high value to
make D approach 0. In the circuit, this is done in such a
way that variable path signal gain goes from 0 to nearly
2, proportionally reducing D to nearly 0. Although many
of the new synthesizers have generally tended to employ
well-known topologies (such as the four-pole ladder filter
derivatives), the Prologue filter represents an original two-
pole not yet seen in the literature. As the authors will detail,
it is, in fact, based on a variation of a known network, which
nevertheless has been implemented in a novel way.

1.3 Output Analysis
Using a 110-Hz sawtooth wave as input, filter outputs

for various resonance values are shown in Figs. 5–8. The
sawtooth wave was sourced from the Prologue digital oscil-
lator set to 50% level in the filter input mixer, and the cutoff
frequency was fixed to 1,760 Hz. All waveforms were cap-
tured using the same output level settings, but given the
various amounts of resonance, the peaks differed. The au-
thors chose to plot all recorded signals normalized to a peak
of 0 dBFS = 1. The Prologue allows the digital oscillator
signal to bypass the VCF and be sent straight to the VCA.
The pre-VCF digital oscillator output is shown in Fig. 4.
This was later further reused in the analyses as a source
signal for the digital models.

The zero-resonance behavior is fairly linear. As was ex-
pected, according to the circuit, the output is inverted in
polarity, and the damping is set to 2, placing the two filter
poles at real line in the s-plane. Because the filter is criti-
cally damped and D ≥ √

2, there is absolutely no peaking
at the cutoff frequency (Fig. 5).

With 50% resonance, it can be seen that there is some
amount of peaking, which has been found to be equivalent
to D ≈ 0.16 (Q ≈ 6). There is also a small amount of
nonlinearity, which can be seen as a shoulder in the filter
amplitude response at about −40 dB (Fig. 6).

If the resonance is increased, the effect of nonlinear-
ities in the filter output can been seen more clearly. With
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Fig. 5. Prologue VCF output, with zero resonance.

Fig. 6. Prologue VCF output, with 50% resonance.

Fig. 7. Prologue VCF output, with 70% resonance.

Fig. 8. Prologue VCF output, with 100% resonance.

70% resonance (Fig. 7), the filter amplitude response shows
bumps and subsidiary peaks at frequencies beyond the cut-
off. It is interesting to note as well how different the wave-
form is from a linear low-pass state-variable filter output
of an equivalent Q (see Fig. 12 for comparison). The res-
onance follows the shape of the input sawtooth quite well,
whereas in the linear filter, there is a widening followed by a
squeezing out of the resonance toward the end of the wave-
form ramp. A similar effect has been observed in nonlinear
four-pole filters (of the ladder-derivative design).

If the resonance is increased to the maximum and the
filter is beyond its self-resonance point, distinct subsidiary
peaks in the filter amplitude response are seen. These indi-
cate that the filter output, although deemed to be close to
a sine wave in the absence of input, will exhibit a few ex-
tra harmonics due to the effects of nonlinear waveshaping
(Fig. 8).

Listing 1. The Korg Prologue VCF implemented as a Csound
UDO.

opcode PrologueVCF,a,akk
setksmps 1
as1,as2 init 0,0
as,kK,kD xin
kA= 1/(1+kK*kD+kK*kK)
aya = (as2 + as)*kA*kK
ayb = as1 + aya
as1 = ayb + aya
au = -kK*(ayb + kA*(kD+kK)*as2)
alp = as2 + au
as2 = alp + au
xout alp

endop

Fig. 9. VCF model flowchart.

2 LINEAR IMPLEMENTATION

A linear implementation of the Prologue VCF as a digital
filter has been developed. This is based on the application of
the bilinear transformation [17, 18] to the analog transfer
function (Eq. (3)), employing the approach described in
detail by [15],

H (z) = − K 2

1 + K D + K 2

[
(1 + z−1)2

1 − 2(1−K 2)z−1−(1−K D+K 2)z−2

1+K D+K 2

]
.

(4)

The digital implementation largely follows the analog fil-
ter form, implementing the undamped integrators of Fig. 2
as bilinear integration filters and deriving the feedback sig-
nals directly from the state variable of each integrator as
described in [15]. This yields the following set of digital
filter equations,

ya(n) = AK [s2(n) + x(n)]
yb(n) = s1(n) + ya(n)
s1(n) = yb(n) + ya(n)
u(n) = −K [yb(n) + A[D + K ]s2(n)]
y(n) = s2(n) + u(n)

s2(n) = y(n) + u(n),

(5)

with A = (1 + KD + K2)−1. In this equation, s1 and s2

represent the states of each one of the two integrators. The
Csound user-defined opcode (UDO) implementation of this
filter is shown in Listing 1 and its flowchart on Fig. 9.

Setting K = tan
(

π f
fs

)
[15] allows this filter to be tuned

to a given peak frequency. The linear implementation ap-
proximates the Prologue VCF fairly well for high values of
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Fig. 10. Linear model output, D = 2.

Fig. 11. Linear model output, D = 0.16.

Fig. 12. Linear model output, D = 0.02.

Fig. 13. Linear model output, D = 0.005.

D, starting with the critically damped state (resonance set
to zero, D = 2). This is shown in Fig. 10, where the authors
plotted the output of the linear model fed with the sawtooth
wave of Fig. 4.

However, for values below D = √
2, where peaking

starts to be observed, the nonlinear behavior of the Pro-
logue VCF starts to deviate significantly from the linear
model. This can be seen for three different values of D,
which approximate the Prologue resonance settings of 50%
(D = 0.16, Fig. 11), 70% (D = 0.02, Fig. 12), and 100%
(D = 0.005, Fig. 13).

3 NONLINEAR IMPLEMENTATION

Recognizing the nonlinear behavior of the OTAs and
transistors used in this filter allows the authors to put for-
ward an implementation that tries to model it more accu-
rately. Although there may be issues with the underlying bi-
linear model when it comes to simulations [19], the authors

Fig. 14. Updated VCF flowchart.

felt that it was worth attempting. Following the approach
taken in [20], this was tackled in a twofold manner:

1. The authors replaced the sections of the code where
the K scaling is applied by a hyperbolic tangent
waveshaper. This should account for any nonlinear-
ities introduced by the OTAs.

2. In the linear model, all damping feedback was
lumped into one single path. Now, attention should
be paid to the fact that there are separate fixed and
variable gain signal routings. Because the latter is
controlled by a differential transistor pair, a nonlin-
earity should also be included in this path.

3.1 Saturation
In order to have a control over the amount of saturation

applied to the signal, a parameter g can be included. This
can be used in conjunction with an input level control, and
with these, the filter behavior can be fine tuned. In the case
of the OTAs, this yields the replacement [20],

K x → K

g
tanh(gx). (6)

3.2 Feedback
The feedback path in the VCF circuit is slightly more

complicated than in the derived flowchart (Fig. 2); thus, the
original linear equations do not anticipate two signals being
used to control the amount of damping. The approach now
is to follow the filter circuit characteristic where the gain of
the variable path is proportional to the amount of resonance.
With the resonance R = 0, then D = 2, and as R grows, the
amount of signal coming from the fixed path is subtracted
by that from the variable path, with D approaching zero as
R gets to its maximum,

sν = 2sα − Rsβ, (7)

where sν is the total feedback mix, sα is the fixed feedback
signal, and Rsβ the variable feedback path. This modifi-
cation is illustrated in Fig. 14. Now, a waveshaper can be
inserted here to model the nonlinearity in the circuit,

Rsβ → R

g
tanh(gsβ). (8)

The Csound code implementing this nonlinear filter is
shown in Listing 2. Note that its parameters differ slightly
from the linear version, as the UDO takes in a resonance
control [0, 2] and an extra parameter defining g, whose value
actually depends on the input signal levels. For full-scale
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Listing 2. Nonlinear implementation.

opcode PrologueVCFNL,a,akki
setksmps 1
as1,as2 init 0,0
as,kK,kRes,ig xin
igi = 1/ig
kA = 1/(1+kK*(2-kRes)+kK*kK)
aya = (as2 + as)*kA
au = tanh(aya*ig)*kK*igi
ayb = as1 + au
as1 = ayb + au
afdb = 2*as2 - kRes*tanh(as2*ig)*igi
au = -tanh((ayb +

kK + 1)*afdb*kA)*ig)*kK*igi
alp = as2 + au
as2 = alp + au
xout alp

endop

Fig. 15. Nonlinear model output, R = 1.77.

input, the authors have found that setting g in the range [0.1,
0.2] approximates the Prologue VCF output fairly well.

In addition to these nonlinear elements in the filter, it
is also necessary to account for the nonlinear behavior of
the VCA that follows the filter before the output. This has a
small but noticeable effect on the spectrum and is important
when trying to approximate the filter output spectrum. The
VCA also consists of a differential transistor pair, and to
include its effects, a tanh() waveshaper can be placed at the
instrument output.

With this implementation, the authors were able to ap-
proximate the nonlinear behavior of the Prologue VCF, pro-
ducing an output that matches both the original waveform
and spectrum quite closely. Fig. 15 shows that the 50%-
resonance VCF output can be reproduced faithfully, using
R = 1.77, and g = 0.2, applying the nonlinear model to the
full-scale sawtooth taken from the Prologue digital oscilla-
tor. Comparing with Fig. 6, it can seen that both the peak
and the characteristic shoulder at around −40 dB are well
characterized in this filter. Also, when the waveform of the
equivalent linear model (Fig. 11) is examined, it can seen
that there are very slight deviations that make the output of
this filter a more faithful emulation of the original.

At higher values of resonance, although the original out-
put is fairly well matched, there are a few minor differ-
ences in the spectrum and waveform. In Fig. 16, where
R = 1.92 (g = 0.2) is used, the 70%-resonance VCF output
is approximated. The differences appear in the shape of the
higher part of the spectrum, and although the waveform also
exhibits a matching overall shape with the resonance fol-

Fig. 16. Nonlinear model output, R = 1.92.

Fig. 17. Nonlinear model output, R = 1.95.

lowing the outline of the sawtooth wave, it is nevertheless
slightly different.

Finally, in Fig. 17, the authors attempted to match the
100% resonance signal, with R = 1.92. For this, it was
necessary to change g to 0.1, because the nonlinearities
have the side effect of limiting the minimum damping that
is achievable. The results both in terms of waveform and
spectrum are again very close to the original. The general
shape of the amplitude response was matched fairly well,
with small discrepancies in some individual harmonic am-
plitudes. Because of the aural dominance of the first peak,
on listening, these discrepancies do not come through, and
the two filter outputs sound identical.

4 FEEDBACK LIMITING

In this first nonlinear model, it is assumed that the VCF
has a fixed gain damping feedback path, in addition to the
voltage-controlled route, but that is not quite the case. The
authors are conscious of the fact that they have not ac-
counted for the aforementioned diodes in the circuit. It was
not immediately clear to the authors whether these intro-
duce any significant nonlinearity to the output at normal
levels. Because the authors are not driving the filter with
high input levels (using a single source at 50% level) in this
study, the expectation was that these diodes do not conduct
except in exceptional circumstances. These assumptions
can now be tested by introducing a fourth nonlinearity in
the model.

The first impression is that the diodes only come into
play with high gain in the feedback path, which are partly
dependent on the VCF input levels. They form a protec-
tive measure to avoid the damping to become too small
and make the filter behavior more difficult to control. The
diode path does this by increasing the signal level (and
thus damping) when peaking exceeds a certain amount,
working as an expander but having the effect of a high-Q
limiting device. This is seen in other filter designs, such
as for instance the state-variable low-pass overload limiter
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Fig. 18. Revised nonlinear model output, R = 1.77.

Fig. 19. Revised nonlinear model output, R = 1.93.

example shown in the CEM3350 datasheet [21]. A similar
approach is implemented in the MS20 filter, where a back-
to-back diode circuit is employed [11]. This squashes the
resonance peaks when the filter input signal level exceeds
a certain threshold.

In the Prologue VCF case, the nonlinearity is modeled
using a piecewise function. Examining the circuit, it can be
observed that the gain increases by a little over a factor of
two as the diodes start conducting. Although this change
is smooth, this can nevertheless be approximated with a
transfer function consistent of two linear segments,

f (x) =
{

2x, |x | < 0.7
4.6x, |x | ≥ 0.7

(9)

with the nominal threshold set to 0.7. This waveshaper can
be inserted in place of sα, with the appropriate scaling gα,

sα → f (gαsα)

gα

. (10)

As expected, in the case of a low amount of resonance
(50%), this change does not affect the output of the digital
model in a significant way. It can be seen that a similar
spectrum and waveform is obtained, as in the case of a
fixed gain (Fig. 18).

However, as the resonance is increased to the equiva-
lent of 70% in the original filter, an improvement can be
observed in the approximation. For this, R has been in-
creased to 1.93, and as can be seen, the waveform is a very
close match to the original VCF output, as is the spectrum
(Fig. 19). Although the changes are small, they are not in-
significant; a comparison can be drawn with Fig. 16. It can
be seen that in the revised model output, the shoulder in the
region around 4 kHz is a closer match to the one in Fig. 7.

To try to best approximate the 100%-resonance output
with this revised model, it is necessary to set R = 1.973.
This shows the role of the diodes in increasing the damping,
because the output of this filter with the same value of
R as the first nonlinear model has a reduced amount of

Fig. 20. Revised nonlinear model output, R = 1.973.

resonance. As shown in Fig. 20, the approximation is also
improved in this case.

Although these changes may, in practical applications,
be seen as small, they nevertheless show that the effect of
the diodes plays a part in the Prologue VCF and a digital
model would not be complete without it. With higher input
levels, their overloading effect should be expected to be
more prominent. This approximation of the transfer func-
tion may also be improved by a smoothing of the sections
where the two linear segments are joined together. This may
also contribute to an even closer approximation of the filter
output.

5 DISCUSSION

The authors began this study motivated by a desire to
elucidate how the VCF operated. At first look, because of
the presence of two OTAs and integrators in the circuit,
it was suspected the filter was a voltage-controlled state-
variable design. On closer inspection, it was noted that the
damping-control feedback path was not in its usual place as
per the flowchart in Fig. 3, which made the authors ponder.
They then proceeded to prove that this modification still
yielded a state-variable filter, albeit with an inverted output.
It is possible to insert the signal at different points in the
circuit to obtain different outputs, and this circuit also shows
that the feedback paths can be modified without essentially
changing the filter. It is possible to extract high-pass and
band-pass outputs out of the Prologue VCF and combine
them to obtain notch and all-pass signals as well. Thus, it
is perhaps a missed opportunity not to have these available
in the synthesizer.

After the design of the filter was determined, the next
step was to construct a linear digital model with two goals:
the first was to validate the analysis, and the second was
to have a means of studying the filter in its pure form,
without any interference from the limitations of analog
components. The authors not only showed that the filter
was of the kind given by the analysis of the original fil-
ter circuit, but more importantly, also demonstrated that
the VCF was fairly nonlinear by comparison. Although a
nonresonant filter matched the linear equations very well,
the most common musical use case, where some amount
of peaking is applied, deviates significantly from the linear
implementation.

This study then turned toward characterization of the
nonlinearities in the filter circuit. The authors traced the
usual suspects in the design and applied their characteristic
waveshaping to the filter code. However, there are a number
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of difficulties in this process. First, as the authors tried to
approximate the filter output, they only had the recordings
of the VCF and that of the source bypassing the filter. These
have gone through an extra amount of circuitry, including
an analog-to-digital conversion (ADC) and back through a
digital-to-analog conversion (DAC) inside the synthesizer
(the Prologue does not have a full analog path from filter to
output). The authors started by assuming that none of this
added any further nonlinearity, but it soon found out that
this was not the case. From the study of the digital nonlinear
model, it was observed experimentally that there was the
trace of some nonlinearity in the spectrum that could not
have been produced by the filter. Ideally, the authors would
have wanted to sample the voltages coming into the filter
input and arising at the output. However, because it was not
possible to do this, the authors had to proceed as best as
possible with the available resources.

Studying the complete circuit from filter to output (and
ignoring the ADC/DAC), it was found that the VCA circuit
could potentially be overloaded when higher signal levels
are pushed through. This situation could arise particularly
in the case of filter peaking and high resonance. When
the VCA nonlinearities were applied to the filter output,
it was found that it was possible to then approximate the
original VCF recordings much more closely. It is expected
that the bypassed oscillator signal on its own, which also
goes through the VCA, was not of sufficient level to bring
any significant nonlinear behavior into play. If this were the
case, it would possibly have been impracticable to obtain
the results reported here, because the authors relied on a
clean linear input for the analyses.

One final question that requires some discussion is that of
the variation in the amount of drive required to approximate
the signal at full resonance. This is a problem that can
possibly only be fully solved by a measuring the voltages
in the circuit. First, the exact voltage levels coming into the
filter are not known, because the circuit diagram does not
give a complete picture of the synthesizer operation. Like
many modern instruments, the Prologue is partly digital,
and most parameters are driven from the central processing
unit (CPU) via pulse width modulation (PWM) signals. So
the details of control voltages defining mixer output levels
are effectively software defined. Without access to these,
the authors do not really know much more than the supply
rail voltages present shown in the circuit design. Adding
to this, the source signal being used is digitally produced,
and for the same reason, the authors do not know its actual
voltage output level, given a mixer setting of, say, 50%. So
it is necessary to rely on an empirical approximation of the
filter outputs.

In the digital model, a normalized input (peaking at 0
dBFSdbfs = 1) was used, and then it was determined ex-
perimentally how much the input needs to be reduced as it
enters the waveshaper. This is done to try to recreate the
voltage levels relative to transistor thermal voltage that are
taking place in the filter, thus approximating the signals
obtained from the original VCF.

The values of the voltage dividers at the input of each
nonlinear component were noted, but these do not tell much

beyond the fact that it is necessary to take care of levels at
those points. They could be considered relative to each
other; at the OTAs, the reduction ratio is about 1/100, and
at the transistor pair in the feedback path, it is about 1/28.
Because the same nonlinear function is used for both the
OTAs and the differential amplifier, it makes sense to ignore
these differences and apply a single gain reduction value at
each point, therefore effectively replacing the transistor pair
by an OTA in this nonlinear model. These differences may
have an impact on the exact modeling of the filter, which
required the reduction in the single drive gain employed in
the case of 100% resonance.

Finally, it should be noted that the issue of oversampling
has not yet been discussed, and this may have important
implementation considerations. Because nonlinear wave-
shapers were employed in the proposed digital model, sig-
nals circulating through the filter cannot be guaranteed to
be bandlimited. This brings forth the possibility of audible
aliasing distortion and additionally, implications for filter
behavior, particularly at high cutoff frequencies. It is a ques-
tion that cannot be ignored, although it is somewhat beyond
the scope of this paper. A detailed assessment of this issue
should inevitably be part of any practical implementations
of this filter model.

6 CONCLUSIONS

This paper set out to study the Prologue VCF and provide
both a mathematical and a computer code model for it. Us-
ing its circuit diagram, a flowchart describing the filter was
developed, and then an analog transfer function describing
it was derived. Recordings of the synthesizer output using
the VCF at various levels of resonance were then analyzed.
From the analog transfer function and the filter flowchart,
a linear digital model was derived, which validated the ear-
lier analysis. Comparisons with the original filter recording
showed that significant nonlinearities were present, and the
authors set off to try and model these in order to approxi-
mate better the VCF output.

It was demonstrated that if waveshapers are introduced
at the points in the circuit where variable gain components
are present, the original filter output waveforms and spec-
tra can be approximated fairly well. In the discussion, the
authors have attempted to explore the motivations and pit-
falls of the process. The final conclusions reinforce the
idea that nonlinearities are a significant element of voltage-
controlled analog filters, which are generally appreciated by
their users in various musical settings. Code and examples
are available at github.com/vlazzarini/prologuevcf.

7 REFERENCES

[1] R. Moog, “Voltage-Controlled Electronic Music
Modules,” presented at the 16th Convention of the Audio
Engineering Society (1964 Oct.), paper 346.

[2] T. Stilson and J. Smith, “Analyzing the Moog VCF
with Considerations for Digital Implementation,” in Pro-
ceedings of the InternationalComputer Music Conference,
pp. 398–401 (Hong Kong) (1996 Aug.).

86 J. Audio Eng. Soc., Vol. 72, No. 1/2, 2024 Jan./Feb.

http://github.com/vlazzarini/prologuevcf


ENGINEERING REPORTS A DIGITAL MODEL FOR THE PROLOGUE VOLTAGE CONTROL FILTER

[3] F. Fontana, “Preserving the Structure of the Moog
VCF in the Digital Domain,” in Proceedings of the Interna-
tional Computer Music Conference, pp. 291–294 (Copen-
hagen, Denmark) (2007 Aug.).

[4] S. D’Angelo and V. Välimäki, “Generalized Moog
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