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ABSTRACT

This paper introduces hexaphonic distortion as a way of achieving
harmonically rich guitar distortion while minimizing intermodu-
lation products regardless of playing style. The simulated hexa-
phonic distortion effect described in this paper attempts to repro-
duce the characteristics of hexaphonic distortion for use with ordi-
nary electric guitars with mono pickups. The proposed approach
uses a parallel comb filter structure that separates a mono guitar
signal into its harmonic components. This simulates the six indi-
vidual string signals obtained from a hexaphonic pickup. Each of
the signals are then individually distorted with oversampling used
to avoid aliasing artifacts. Starting with the baseline of the dis-
torted mono signal, the simulated distortion produces fewer inter-
modulation products with a result approaching that of hexaphonic
distortion.

1. INTRODUCTION

Distortion effects have been around since the inception of the elec-
tric guitar. They add sustain and harmonic overtones to create a
richer, warmer sound. The distorted sounds that characterize many
rock genres are the result of a non-linear process that produces fre-
quencies not present in the original signal. When the input signal
comprises a single sinusoidal frequency, the output of a non-linear
system will contain integer multiples of the input frequency. How-
ever, if multiple frequencies are present in the input, the output
of the system will also contain intermodulation products that may
not be harmonically related to each other [1]. The resulting spec-
trum can be so dense that it can sound harsh and undefined. While
useful for many music genres, it is not always what is desired.

1.1. Motivation

This research comes at the request of a musician who wished to
recreate the hexaphonic distortion effects used by the Brazilian
psychedelic rock group, Os Mutantes. Since a hexaphonic pickup
was unavailable to the musician and likewise for many others, it
became of interest to research a method by which hexaphonic dis-
tortion could be simulated through digital signal processing tech-
niques, allowing guitarists with regular mono pickups to achieve
this iconic sound.
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2. BACKGROUND

In any guitar pickup, vibrations in the strings are converted to an
electrical signal that is then amplified. The output of a standard
mono guitar pickup is the combined signal of all six strings. Be-
cause of this, guitarists will sometimes limit their use of distortion
to single notes or power chords consisting of fifths and octave in-
tervals to prevent the sound from becoming muddled.

2.1. Hexaphonic Distortion

The Os Mutantes secret to avoiding intermodulation was to use
an independent pickup for each string and one distorter for each
pickup, for a total of six fuzz distorters per guitar [2]. A hexa-
phonic pickup, as it is commonly known, provides individual sig-
nals for each string. Distorting these signals separately results in
fewer intermodulation products while retaining the harmonic en-
richment.

The hexaphonic pickup has many uses beyond distortion. It
found its most widespread use in guitar synthesizers. Early gui-
tar synthesizers such as the EMS Synthi Hi-Fli (1973) were noth-
ing more than multi-effects processors without actual synthesis cir-
cuitry. The late 1970s saw the introduction of three guitar synthe-
sizers; the ARP Avatar, the 360 Systems Spectre, and notably, the
Roland GR-500 [3]. Unlike earlier guitar synthesizers, these three
comprised a controller guitar fitted with a hexaphonic pickup and
a separate polyphonic synthesizer module connected by a multi-
conductor patch cable. While the ARP Avatar and the Spectre were
commercial failures, the GR-500 was well received and Roland
went on to develop a variety of guitar synthesizer products.

There are numerous other companies now offering hexaphonic
guitars and aftermarket conversion kits. Hexaphonic distortion ef-
fects have occasionally appeared on the market, such as the Roland
GR-100, and most recently, the Spicetone 6Appeal [4]. Unfortu-
nately, these effects all require an expensive hexaphonic pickup
guitar and for this reason hexaphonic effects have remained niche.

2.2. Reducing Intermodulation Distortion

While there is much literature on digital distortion effects, the role
of intermodulation is not often addressed and only a few algo-
rithms attempt to minimize intermodulation distortion in their de-
sign. Such approaches are based on multiband distortion units, the
most popular of which is the Quadrafuzz [5]. By splitting the in-
put signal into separate frequency bands and applying a clipping
distortion to each band independently, multiband distortion limits
the intermodulation components to those in a given band.

Fernández-Cid and Casajús Quirós [6] took this concept to the
extreme, combining a waveshaping function with a 13-band filter
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bank. Their research was focused on achieving a highly customiz-
able type of distortion through the use of Chebyshev polynomi-
als that offer precise control over the harmonic partials. Timoney
et al. [7] furthered this concept by showing that static waveshap-
ing could be used to emulate analog distortion circuits. Abel and
Werner [8] applied this technique to a modal reverberator architec-
ture to produce distortion without intermodulation products.

However, no one has yet explored a method to simulate hexa-
phonic distortion. Guitar pickups exhibit their own non-linear be-
haviour [9]. With the addition of cross-talk between individual
pickups and sympathetic vibrations [10], the individual signals of
a hexaphonic pickup will always contain some unrelated harmon-
ics. When distorted, these introduce limited amounts of intermod-
ulation thereby giving hexaphonic distortion its distinctive tone.

2.3. Harmonic Sound Separation

Many instruments, including the guitar, produce predominantly
harmonic sounds that consist of integer multiples of a fundamental
frequency f1. A comb filter also exhibits peaks at integer multiples
of a fundamental frequency and can therefore be used to reduce
harmonic interference or to enhance a harmonic signal buried in
noise, provided the “teeth” of the comb coincide with the harmon-
ics of the signal.

Välimäki et al. [11] demonstrated several such approaches. A
comb filter is used to attenuate the harmonic components of a sig-
nal thereby extracting the background noise component. By cas-
cading the comb filter with a 2nd-order resonance filter, it is pos-
sible to extract a single harmonic component.

When used in parallel, comb filters can separate harmonic sig-
nals. A comb filter with peaks located at the multiples of the sec-
ond harmonic f2 will extract even harmonics and a complementary
comb filter with peaks shifted by f2/2 will extract odd harmonics.
This method is used in digital color TV systems to separate the
interlaced luminance and chrominance signals in composite video
signals [12].

Comb filters have been employed in sound source separation
and polyphonic pitch detection, where the application is automatic
music transcription. Miwa et al. [13] developed a method of de-
tecting the pitch of music played by several instruments by ob-
serving the intermediate outputs of a series combination of twelve
comb filters each attenuating a tone from C to B.

Gainza et al. [14] revisited the use of comb filters for musical
sound source separation, this time relying on multi-pitch estima-
tion (MPE) to detect the comprising signal pitches, followed by
frequency-domain filtering.

In classical waveform synthesis, the sampling of continuous-
time waveforms with frequencies above the Nyquist limit intro-
duces aliasing distortions. J. Pekonen and V. Välimäki [15] pro-
posed a combination of IIR comb filter and DC blocking filter to
attenuate aliasing distortions that lie between the harmonics.

3. HEXAPHONIC PICKUP RECORDINGS

The recordings of an actual hexaphonic pickup provided vital in-
sights into hexaphonic audio signal characteristics and later served
as the reference in the evaluation of the simulated hexaphonic dis-
tortion.

The Ubertar Hex Plus hexaphonic pickup [16] takes the shape
of a single coil pickup but consists of six low-noise HC coils. The

breakout box provides ¼" outputs for each string. These were con-
nected to the high impedance instrument inputs of an RME Mic-
stasy 8-channel preamplifier and A/D converter. The mono neck
pickup was simultaneously recorded on the seventh channel.

Plucking each string with a capo at each fret position creates
a complete set of recordings covering the entire chromatic scale
over three octaves from E2 to E5. As an example, Fig. 1 shows
the six-channel hexaphonic pickup recording and Fig. 2 the mono
neck pickup recording of the open strings.
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Figure 1: Open strings hexaphonic pickup recording. There is a
small amount of signal cross-talk (bleed) to adjacent pickups. The
presence of a signal in the low E2 pickup when plucking high E4

is due to sympathetic vibrations.
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Figure 2: Open strings mono pickup recording. Plucks of low E2

to high E4 followed by two strums.

Vibrating strings generally exhibit harmonic spectral content.
In the case of the electric guitar, a single guitar tone consists of
frequency components at a fundamental plus all odd and even har-
monics with magnitudes of the higher partials diminishing as the
frequency increases [1]. This intrinsic characteristic of plucked
strings is made evident by the strong presence of harmonics in the
individual pickup signals. As seen in Fig. 3, the separate outputs
of the hexaphonic pickup are predominantly harmonic with a mag-
nitude response resembling the teeth of a comb filter.

DAFx.2

Proceedings of the 24th International Conference on Digital Audio Effects (DAFx20in21), Vienna, Austria, September 8-10, 2021

106



Proceedings of the 23rd International Conference on Digital Audio Effects (DAFx2020), Vienna, Austria, September 2020-21

0 200 400 600 800 1k
Frequency [Hz]

−120
−100
−80
−60
−40
−20

0

Po
we

r S
pe

ctr
al 

De
ns

ity
 [d

B] G3, 196.0 Hz A2, 110.0 Hz

Figure 3: Magnitude spectrum of plucked open A2 and G3 strings
recorded using a hexaphonic pickup.

4. SEPARATION OF HARMONIC SIGNALS

Frequency analysis of the hexaphonic pickup signals inspired a
parallel comb filtering structure that separates a mono signal into
harmonically related signals for subsequent effect processing. This
section describes the harmonic signal separation algorithm by in-
troducing several digital signal processing concepts and discussing
their implementation in the system.

4.1. FIR Comb Filter

The finite impulse response (FIR) feedforward comb filter is ob-
tained by summing an input signal with the same signal delayed
by M samples. The difference equation of the feedforward comb
filter is given by

y[n] = b0x[n] + bMx[n−M ], (1)

where x[n] is the input signal and y[n] is the output signal. bM is
the feedforward gain coefficient and b0 is the blend coefficient.

The transfer function relates the Z-transforms of input signal
and output signal of the described system,

HFF(z) =
Y (z)

X(z)
= b0 + bMz−M . (2)

The feedforward comb filter has spectral peaks at frequencies that
are multiples of 2π/M for positive values of bM and nulls at mul-
tiples of 2π/M for negative values of bM . In other words, chang-
ing the sign of bM results in a comb filter with peaks shifted by
π/M . To extract a harmonic signal, the peaks must coincide with
the integer multiple harmonics so only positive coefficients are of
interest.

For a normalized magnitude response between 0 and 1, the
transfer function becomes [11]

H(z) =
1

2
(1 + z−M ). (3)

The 3-dB width ∆ω of the comb filter is defined as the width of
the peaks at half the maximum of the magnitude squared response.
The 3-dB width of the peaks of the FIR comb filter is ∆ω = π/M .
This corresponds to the maximum possible peak width, equal to
the separation between peaks at the 3-dB level.

4.2. IIR Comb Filter

The infinite impulse response (IIR) feedback comb filter is ob-
tained by summing an input signal with a delayed version of the
output attenuated by a feedback gain aM . This produces a magni-
tude response with the appearance of a comb where a larger gain
factor produces sharper peaks. The feedback comb filter has the
difference equation

y[n] = x[n] + aMy[n−M ]. (4)

The corresponding transfer function is given by

HFB(z) =
1

1− aMz−M
. (5)

In a similar fashion to the feedforward comb filter, the feedback
comb filter has peaks at frequencies that are multiples of 2π/M for
positive values of aM and nulls at multiples of 2π/M for negative
values of aM .

The magnitude response has a minimum of 1/(1+ aM ) at the
nulls and a maximum of 1/(1− aM ) at the peaks, with |aM | < 1
required for stability. Unlike with the FIR comb filter, a null mag-
nitude of 0 is unattainable. However, the IIR comb filter has an
adjustable peak width ∆ω better suited to the separation of har-
monic signals.

The ideal comb filter for harmonic separation would offer both
an adjustable peak width and a normalized magnitude response
with null values of 0 corresponding to a −∞ dB attenuation be-
tween harmonic frequencies. This filter is achieved in the form of
the universal comb filter constructed from the combination of the
FIR and IIR comb filters [1].

4.3. Universal Comb Filter

The series combination of the feedforward (2) and feedback (5)
comb filters leads to the universal comb filter with a new response
given in the frequency-domain as

HUNI(z) = HFF(z)HFB(z) =
b0 + bMz−M

1− aMz−M
. (6)

The direct-form I difference equation of the universal comb filter
is given by

y[n] = b0x[n] + bMx[n−M ] + aMy[n−M ]. (7)

This implementation requires two delay lines. Alternatively, the
canonical implementation shown in Fig. 4 requires a single delay
line and is described by the difference equations

xh[n] = x[n] + aMxh[n−M ]

y[n] = b0xh[n] + bMxh[n−M ].
(8)

In the special case where b0 = −aM and bM = 1, this fil-
ter structure reverts to a first-order allpass filter used in Schroeder
reverberators [17].

4.4. Parameters

The delay of the filter M is fixed according to the fundamental
frequency of interest. To extract frequencies that are multiples of
f1 the length of the delay line is set to

M =
2π

ω1
=

fs
f1

where ω1 =
2πf1
fs

. (9)
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Figure 4: The canonical universal comb filter.

The coefficients are chosen such that the peaks of the comb
filter are normalized for unity-gain:

aM =
1− β

1 + β
, b0 = bM =

β

1 + β
, (10)

where

β = tan

(
M∆ω

4

)
, (11)

for a desired 3-dB width ∆ω in the range 0 ≤ ∆ω ≤ π/M .
This maximum ∆ω occurs when the peak width is equal to the
separation between peaks at the 3-dB level. This limit applies the
following constraints on β and aM :

0 ≤ β ≤ 1, 0 ≤ aM ≤ 1. (12)

Figure 5 shows the comb filter frequency response for different
3-dB widths.
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Figure 5: The magnitude squared and phase responses for different
choices of ∆ω where M = 10.

The corresponding quality factor is given by

Q =
ω1

∆ω
=

2π/M

∆ω
, (13)

such that a narrower peak results in a higher Q. An equivalent
expression for β is

β = tan

(
π

2Q

)
. (14)

where Q ≥ 2.

4.5. Impulse Response

The filtering operation results in an inherent temporal smearing of
the signal that has the effect of smoothing out sharp transitions.
The amount of temporal smearing is dictated by the filter impulse
response. The universal comb filter has the causal impulse re-
sponse, found by inverse Z-transform of the transfer function by
partial fraction expansion,

h[n] = b0δ[n] + (aMb0 + bM )
∞∑

k=0

ak
Mδ[n− kM −M ]. (15)

After sample M , the impulse response of a pole-zero filter with
M zeros behaves like that of an all-pole filter [12]. Since M is
fixed, the aM coefficient solely defines the impulse response decay
time for a given sampling frequency. The decay time is typically
represented by the t60 measure, defined as the time for the impulse
response to decay by 60 dB. Given the definition in (10) and the
constraints of (12), it can be observed that the maximum amplitude
of the impulse response occurs not at n = 0 but rather n = M :

h[M ] = aMb0 + bM = aMb0 + b0, (16)

which is greater than h[0] = b0. This is illustrated in Fig. 6. By
considering the start of the decay at n = M , the decay time is

t60 =
M

fs

(
−3

log aM
+ 1

)
. (17)

0 M
fs

t60

aMb0 + bM

b0

t

h(t)

a tfs/M − 1
M (aMb0 + bM)

Figure 6: Typical impulse response of the comb filter with h[0],
h[M ], and t60 annotated. The dashed line shows the exponential
decay function.

Using the definition in equation (14), the aM coefficient can
be expressed as

aM =
1− tan(π/2Q)

1 + tan(π/2Q)
. (18)

With the addition of definition (9), equation (17) can be expressed
solely in terms of f1 and Q factor:

t60 =
1

f1

 −3

log
(

1−tan(π/2Q)
1+tan(π/2Q)

) + 1

 . (19)

This relationship between f1, Q, and t60 is illustrated in Fig. 7.
The pluck or attack part of a guitar note is severely attenuated

for a very long decay time t60. The individual onsets get blurred
together when played in fast succession. At the same time, a higher
Q results in a smaller peak width and is more effective in attenu-
ating neighbouring frequencies. This creates a trade-off between
harmonic separation and sharp transitions. In the implementation,
this is left as a user-adjustable parameter.
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Figure 7: Three choices of Q are plotted with their corresponding
t60 decay time for the frequency 110 Hz. t60 values are extended
for constant Q (solid line) and constant ∆ω (dashed line).

5. PARALLEL COMB FILTERS

The separation of a mono signal into harmonic signals is illustrated
in the comparison of the original six-channel hexaphonic record-
ing in Fig. 1, the mono recording in Fig. 2, and the six channels
extracted from the mono signal in Fig. 8. The parallel comb fil-
ters recover each of the individual string plucks by separating each
tone.

5.1. Simulating Sympathetic String Effects

As seen in Fig. 1, the hexaphonic pickup exhibits small amounts
of cross-talk in which an individual pickup will capture the vibra-
tions of an adjacent string. In addition to cross-talk, strings that
are not directly interacted with also resonate due to sympathetic
vibrations. Interestingly, the parallel filter bank exhibits a char-
acteristic analogous to the sympathetic vibrations captured by a
hexaphonic pickup. For example, as seen in Fig. 8, the comb fil-
ter with fundamental frequency 82.4 Hz has peaks that capture the
partials of the B3 string (246.9 Hz) and also those of the high E4

string (329.6 Hz). In effect, it recaptures some of the sympathetic
vibration signals found in hexaphonic recordings.

5.2. Filter Bank

Guitar fundamental frequencies range from 82.4 Hz to a little over
1 kHz with the upper limit depending on the number of frets. A fil-
ter bank of twelve comb filters is sufficient to separate all harmon-
ics belonging to the musical notes in the equal temperament tuning
of the fretboard. The fundamental frequencies of these filters are
set to the chromatic progression of the low E string. Higher oc-
taves of a given fundamental frequency are captured in the higher
harmonic peaks. With inspiration from Miwa et al. [13], the ith
harmonic of tone p is notated fi,p, with each harmonic being a
multiple of the fundamental frequency,

fi,p = if1,p, p = E,F, . . . ,D♯. (20)

The magnitude response of the filter bank is shown in Fig. 9. Notes
separated by consonant intervals will have overlapping harmonic
peaks.

The comb filter transfer function with peaks at the harmonics
of tone p is denoted Hp(z). Without the use of oversampling, the
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Figure 8: Output signals of six comb filters with peaks aligned
to the harmonics of the open string frequencies. Input signal is
the mono pickup recording. Where the peaks of the comb filters
overlap, the harmonics of the tones appear at the output of multiple
comb filters.

rounding error caused by an integer sample delay, with a sample
rate of 44.1 kHz, is at most 0.17%. However, with 16× over-
sampling, which is necessary for the distortion processing to be
discussed in Sec. 6.1, the rounding error is reduced to 0.01% in
the worst case, avoiding the need for fractional delay line methods.

The combined transfer function of the filter bank is obtained
by summing the frequency response of the parallel filters,

Hsum(z) =
∑
p

Hp(z) = HE(z)+HF(z)+· · ·+HD♯(z). (21)

The combined magnitude response, |Hsum(z)|, is shown in Fig.
10 for different Q factors.

The first null of each comb filter combine to create a large sin-
gle null at 55.4 Hz. With a high Q factor, the overlapping harmonic
peaks and nulls of the parallel filters create an irregular magnitude
response at high frequencies. A smaller Q factor minimizes the
irregularities but is less effective at separating the signal into har-
monic components. A good compromise exists at Q = 10 or
∆ω = 0.2π/M , where the magnitude response is nearly linear in
the range f1,E = 82.4 Hz to f1,D♯ = 155.6 Hz.

The parallel filters can be designed with either a constant Q
factor or a constant ∆ω. When the comb filters have constant Q,
as shown here, the peak width increases with f1, which makes the
summed magnitude response of the parallel comb filter bank flat-
ter. On the other hand, as was in seen Fig. 7, the impulse response
decay times t60 vary widely over the frequencies that make up the
filter bank. For this reason, a constant ∆ω, which provides nearly
constant t60 across the filter bank frequencies, may be preferred.
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Figure 9: Magnitude response of the twelve parallel comb filters where ω = 0.05π/M . Annotated are the f1,p fundamental frequencies.
Overlapping peaks occur at the coincident partials, e.g. f2,B = 246.9 Hz and f3,E = 247.2 Hz.
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Figure 10: Summed magnitude response of the parallel comb filters for different Q factors. Overlapping harmonic peaks and nulls of the
parallel filters result in an irregular magnitude response at high frequencies.

5.3. Microtonal Pitch Variations

Since the peaks of the filter bank are tuned to a chromatic scale,
pitches that lie between semitones are attenuated. The magnitude
response of Fig. 10 provides some insight into the behaviour of the
filter during string bending, slides, or the use of a whammy bar.
These playing techniques are all forms of glissandi — a continu-
ous frequency increase or decrease from one note to another. As
the pitch slides across harmonic peaks, it experiences amplitude
modulations with an envelope resembling that of the magnitude
response. This is yet another tradeoff in the choice of peak width
and a further motivation for making the parameter user-adjustable.

6. EVALUATION

The simulated hexaphonic distortion effect is compared to mono
and real hexaphonic distortion with regards to intermodulation prod-
ucts. The type of pickup and pickup position used on an electric
guitar will result in very different tones. This makes comparisons
difficult between the real hexaphonic distortion and the simulated
effect when applied to a mono pickup. For this reason, the subse-
quent analyses and comparisons make use of a mono signal created
by averaging the individual signals of the hexaphonic pickup.

6.1. Distortion

The non-linear clipping function [1] used in the evaluation of the
simulated hexaphonic distortion is given by

f(x) = sgn(x)(1− e−|gx|), (22)

where g is the distortion gain. This symmetrical soft clipping pro-
duces only odd harmonics. It is chosen for its computational sim-
plicity and predictable behaviour.

A well documented artifact of digital distortion is aliasing,
whereby the harmonics produced by the non-linear effect extend
beyond the Nyquist limit and wrap around to harmonically unre-
lated frequencies [1]. To accurately evaluate the spectral charac-
teristics of the effect, the distortion must not introduce any aliased
frequencies which would confound the analysis. Alias-free distor-
tion is achieved by the use of sixteen-times oversampling using the
popular r8brain-free-src library [18].

6.2. Comparison of Distortion Structures

In Fig. 11, the mono signal is distorted by the clipping function,
f(x). In the simulated distortion structure of Fig. 12, the same
mono signal is separated into harmonic signals by the parallel comb
filter bank prior to distortion. The comb filters are set to constant
peak width of ∆ω = 0.0015/16 corresponding to a geometric
mean Q of 10.75. In hexaphonic distortion, the clipping function
is applied to each string separately, as shown in Fig. 13. In each
case, the distortion gain is 100.0 and the post-distortion output sig-
nal is normalized to the root mean square (RMS) value of −12 dB.
Oversampling is employed throughout each structure.

6.3. Magnitude Response Comparison

To best demonstrate the ability of the effect to reduce intermodu-
lation distortions, recordings of the individual plucks of the open
strings are combined to create pairs of varying note intervals.

DAFx.6

Proceedings of the 24th International Conference on Digital Audio Effects (DAFx20in21), Vienna, Austria, September 8-10, 2021

110



Proceedings of the 23rd International Conference on Digital Audio Effects (DAFx2020), Vienna, Austria, September 2020-21

x[n]
↑ N f(x) ↓ N

y[n]

Figure 11: The mono distortion structure.

x[n]
↑ N HE(z) f(x) + ↓ N

y[n]

HF(z) f(x) +

...
...

HD♯(z) f(x)

Figure 12: The simulated distortion structure.

Consider the minor seventh interval consisting of the tones G3

(196 Hz) and A2 (110 Hz). Shown in Fig. 14, when mono distor-
tion is applied to the averaged hexaphonic signal, the three largest
intermodulation products have the sum and difference frequencies
given in Table 1. The difference between the peak amplitude at
110 Hz and each of these intermodulation components is shown
for each distortion effect. On average, the comb filtering method
in the simulated distortion attenuates the intermodulation products
seen in the mono distortion by 11.6 dB, while hexaphonic distor-
tion achieves 34.4 dB. This suggests the algorithm is about a third
as effective at reducing intermodulation distortion in this particular
note pair when compared to hexaphonic distortion.

Table 1: Comparison of intermodulation product magnitudes for
note pair G3–A2

Intermodulation component [Hz] 306 416 636
Mono distortion [dB] −18.3 −18.3 −19.8
Simulated distortion [dB] −26.0 −31.2 −34.1
Hexaphonic distortion [dB] −50.7 −54.4 −54.6

6.4. Spectrogram and Sound Comparisons

Figure 15 shows spectrograms for each distorted pairwise note
combinations of the open string notes for frequencies up to 1 kHz.
The double octave interval E4–E2 shows no intermodulation prod-
ucts in any of the distortion outputs. Conversely, the interval G3–
A2 has few coincident partials. The resulting spectrogram of the
mono distortion output is very dense. In the simulated distortion,
the intermodulation products are partly attenuated. The reader is
encouraged to compare the sound files available online [19]. For
example, there is a discernible buzz in the mono-distorted E4–D3

interval which is not present in the other two. In the interval B3–
G3, the mono distortion quickly decays into a noisy, dull, and un-
defined sound. In the simulated and hexaphonic distortion outputs,
the harmonics are prominant and sustained for the entire duration.

6.5. Algorithm Performance

The filter bank and distortion structures were implemented using
the Synthesis ToolKit in C++ (STK) [20]. The algorithm process

x1[n]
↑ N f(x) + ↓ N

y[n]

x2[n]
↑ N f(x) +

...
...

x6[n]
↑ N f(x)

Figure 13: The hexaphonic distortion structure.
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Figure 14: Magnitude spectrum of each distortion output for the
note pair G3–A2. The dashed lines show the three largest inter-
modulation components.

begins with upsampling the mono input signal. A loop performs
sample-based processing of each upsampled buffer. The parallel
comb filter bank is implemented using twelve non-interpolating
delay lines. Each individual signal is then distorted using the ex-
ponential distortion given in equation (22). Once distorted, the
signals are mixed and downsampled to the original sampling fre-
quency. Runtime measurements are summarized in Table 2. While
the individual comb filtering operations are cheap, the cumulative
cost of computing twelve parallel comb filters at sixteen times the
sample rate quickly adds up. The upsampling and downsampling
processes are comparatively cheap. The results also show that the
implementation can in fact run in real-time, utilizing 1.324 s/8 s =
0.17 real-time blocks.

Table 2: Computational expense averaged over three runs. Clang
optimization level -Os (fastest, smallest). Running on a 1.6 GHz
Intel Core i5.

8 s of 24-bit audio at 44.1 kHz, 16× oversampling
Process Time [s] Weight [%]
File Read 0.030 2.28
Upsample 0.042 3.14
Parallel Filters 16× 12× 0.00311 = 0.598 45.14
Distortion 16× 12× 0.00265 = 0.510 38.54
Mix 16× 12× 0.00024 = 0.046 3.47
Downsample 0.045 3.38
File Write 0.054 4.05
Total 1.324 100.00
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Figure 15: Distortion spectrograms for pairwise combinations of
open string notes.

7. CONCLUSIONS

The simulated hexaphonic distortion effect described in this paper
attempts to reproduce the characteristics of hexaphonic distortion
for use with ordinary electric guitars with mono pickups. A paral-
lel comb filter structure has been shown to separate a mono guitar
signal into predominantly harmonic signals akin to that of a hexa-
phonic pickup signal. In addition, the overlapping spectral peaks
of the comb filters simulate the sympathetic vibrations captured by
hexaphonic pickups. Individually distorting the harmonically sep-
arated signals results in clear, sustained, and harmonically rich dis-
tortion with fewer intermodulation products. The algorithm there-
fore provides guitarists with greater flexibility in their choice of
chords when using distortion. The proposed structure may be used
in real-time with any sufficiently optimized distortion algorithm.
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