
10th Convention of the European Acoustics Association
Turin, Italy • 11th – 15th September 2023 • Politecnico di Torino

MEASUREMENT OF MICROPHONE HARMONIC DISTORTION USING
PREDISTORTION TECHNIQUE

Antonin Novak
Laboratoire d’Acoustique de l’Université du Mans
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ABSTRACT

Measurement of microphone nonlinear behavior has al-
ways been a challenging task due to a lack of linear acous-
tic sources. A recently developed technique that cor-
rects a distorted output signal of an excitation device us-
ing predistortion of its input signal is used in this work.
Thanks to this technique, a spectrally clean sinusoidal
acoustic pressure is generated inside a closed box in which
the microphone under test is placed together with a low-
distortion reference microphone. The goal of this paper is
twofold. First, show that the direct measurement of dis-
tortion is possible even for high-pressure levels; second,
compare the harmonic distortion of several types of mi-
crophones such as studio electrostatic and electrodynamic
microphones, MEMS microphones and laboratory micro-
phones.
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1. INTRODUCTION

The quality of microphones that are used for audio indus-
try such live production, or sound recording, may vary a
lot depending on the type, i.e., the method they use to con-
vert the air pressure variations of a sound wave to an elec-
trical signal, and on the design and technology approach
used for their fabrication [1]. Nonlinear distortion, one
of the factors that influence their overall quality, is very
often overlooked for two reasons. First, it is often consid-
ered very low, and thus negligible; second, it is difficult to
measure. This paper shows how to measure the harmonic
distortion of microphones directly and compares the dis-
tortion of several types of microphones used in the audio
engineering industry.

The measurement of microphone non-linearities can
be done either indirectly, by measuring the intermodu-
lation distortion using two independent acoustic sources
[2–4], or directly, by measuring the harmonic distortion
using a single acoustic source. The direct method re-
quires a reference microphone and a loudspeaker (or simi-
lar acoustic source) whose non-linear distortions are much
smaller than that of the microphone under test. While low-
distortion microphones (low-sensitivity condenser micro-
phones or piezoresistive microphones) are available, low-
distortion loudspeakers are much more challenging to
make, especially at high sound pressure levels [5]. One
solution to achieve high-pressure levels while keeping the
source distortion low is to use a system of small cavi-
ties and standing wave tubes [6, 7]. Such a system can
be usually used at low frequencies up to e.g, 200 Hz
[8, 9], or is tuned to a specific frequency (e.g., 500 Hz)
at which the pressure is maximized [7]. At this fre-
quency, the influence of the non-linear behavior of the
loudspeaker is reduced by a high acoustic impedance, lim-
iting displacement-dependent non-linearities, and by an
anti-resonant response of the tubes near the higher har-
monics. This approach, limited for a given frequency, is
also used in a commercially available product [7, 10].

This work uses a recently developed harmonic cor-
rection method [11] that corrects a harmonic distortion
caused by an excitation device and cancels its harmon-
ics to the background noise level. This adaptive method
is used in this work to provide pure sinusoidal excita-
tion, measured by low sensitivity, low distortion, small
size reference microphone, and to allow direct measure-
ment of the harmonic distortion of the microphones un-
der test at different sound pressure levels and frequencies.
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Figure 1. Schematic representation of the method (on the left) with spectra of the reference microphone (on
the right above, in red) and the microphone under test (on the right below, in blue). Note, that the spectra of the
reference microphone consists of a pure sine wave with higher harmonics suppressed to the noise level.

The method has been tested successfully on MEMS mi-
crophones [12].

The harmonic distortion is measured on four different
microphones. These microphones and the measurement
setup are presented in section 2. Next, the harmonic cor-
rection method is presented in section 3. The graphs illus-
trating the dependence of the sound pressure levels of the
higher harmonics on the sound pressure level measured
with the reference microphone are presented for different
frequencies in section 4.

2. MEASUREMENT SETUP

The measurement setup is schematically depicted in
Fig. 1. The microphone under test and the reference
1/8” Pressure Microphone GRAS 40DP are placed in a
sealed box of dimensions [cm] (18.7 x 18.6 x 19). An
8” loudspeaker, together with an off-the-shelf amplifier,
provides the pressure excitation inside the box. A pream-
plifier GRAS Type 26AC and a conditioning amplifier

Brüel&Kjær Type 2609 are used to ensure proper han-
dling of the reference microphone signal. The signal
generation and acquisition are provided using an RME
Fireface 400 sound card.

Next, a sinusoidal signal is used to measure the har-
monic distortion of each of the four tested microphones at
two frequencies (200 Hz, 2 kHz) and different sound pres-
sure levels going from 90 to 130 dB SPL with a 2 dB step.
A harmonic correction [11], whose details are explained
in section 3, is applied to ensure a pure harmonic acoustic
pressure inside the box. Consequently, the pressure sig-
nal measured with the reference microphone contains no
higher harmonics (suppressed to the noise level) as illus-
trated in Fig. 1. Note also, that the reference 1/8” Pres-
sure Microphone GRAS 40DP is a low sensitivity micro-
phone with negligible distortion (below noise-floor level)
at sound pressure levels below 130 dB SPL. For the sake
of comparison, the voltage signal at the output of the mi-
crophone under test is recalculated to the equivalent sound
pressure level using its sensitivity. (see Fig. 1).
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a) RØDE NT55 b) AVL-509

c) GRAS 46AF d) TDK ICS-40180

Figure 2. Pictures of each microphone under test inside the box. The reference microphone is placed as close
as possible (not touching) to the microphone under test.

Four different microphones are measured: (a) a 1/2”
RØDE NT55 condenser ’pencil’ studio microphone, (b)
an AVL-509 dynamic studio microphone, (c) a 1/2”
GRAS 46AF laboratory condenser microphone, and (d)
a MEMS microphone TDK ICS-40180. The picture of
these microphones placed next to the reference micro-
phone during measurement are shown in Fig. 2.

3. CORRECTION OF SOURCE DISTORTION

An important part of the direct measurement of the har-
monic distortion of microphones is the linearity of the
source and the linearity of the reference microphone.
While the linearity of the reference microphone can be en-
sured by choosing a microphone with low sensitivity and
low distortion, the linearity of the sound source (a loud-

speaker) is much more difficult to achieve.

A recently developed method [11] can correct the har-
monic distortion caused by such a sound source and can-
cel its harmonics into the background noise. The source
is excited by a periodic signal, the harmonic distortion ob-
tained using the reference microphone is analyzed in the
frequency domain, and the source signal is modified so
that the harmonic distortion measured using the reference
microphone decreases. This section describes the main
steps of the harmonic correction method. For a more de-
tailed explanation, please see [11] or an online document
with video demonstrations at https://ant-novak.
com/pages/predist_meas/. [13].

Let us consider a loudspeaker (a nonlinear system)
that excites an enclosed box, as depicted in Fig. 1. The
pressure at the reference microphone is noted p(t). The
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loudspeaker is driven by an electrical signal u(t) gener-
ated by a data acquisition device (a sound card) and an am-
plifier. For a linear loudspeaker, if the input voltage signal
u(t) is sinusoidal, the output pressure p(t) is also a sinu-
soidal signal of the same frequency. However, if the loud-
speaker is nonlinear, the phenomenon of harmonic distor-
tion may occur: additional components corresponding to
integer multiples of the fundamental input frequency are
then generated in the pressure signal p(t).

The basic idea of harmonic correction is to inject har-
monic components into the voltage signal u(t) signal so
that undesirable harmonic components of the pressure sig-
nal p(t) disappear. If the loudspeaker behaves quasilin-
early at low amplitudes and becomes nonlinear at higher
levels, which is the case for most loudspeakers, the algo-
rithm of harmonic correction can be described by the next
three steps.

• First, we estimate the loudspeaker frequency-
dependent pressure sensitivity; in other words, the
linear FRF (Frequency Response Function) be-
tween the pressure and the voltage. This measure-
ment is done using a low-amplitude (low enough
to avoid distortion) and large-band signal, such as
a multi-tone signal. This FRF is used in the follow-
ing steps to estimate the amplitude and phase of the
harmonics to be injected into the input signal.

• In the second step, a sinusoidal signal u(t) is gen-
erated at the input of the loudspeaker, and the pres-
sure signal p(t) is acquired. A sequence of signal
p(t) (e.g., 4800 samples) is used to calculate the
Fourier series coefficients using FFT (Fast Fourier
Transform) algorithm. The amplitude and phase of
higher harmonics of the signal p(t) are then used
to predict which harmonics (amplitude and phase)
should be injected into the signal u(t) for the next
iteration. This is done using the linear FRF esti-
mated in the first step of the procedure. The higher
harmonics to be injected are calculated as the ra-
tio of the harmonics of signal p(t) and the FRF at
the particular frequency of each harmonic consid-
ered. This ratio is then subtracted (added with the
opposite phase) from the signal u(t).

• Finally, the harmonic correction algorithm is com-
puted recursively over successive non-overlapping
sequences (of the same number of samples) of p(t).
Each time, the ratio between the remaining un-
wanted harmonics of the signal p(t) and the FRF

is subtracted from the signal u(t) until undesirable
harmonics are reduced to the level of the back-
ground noise.

4. RESULTS

The four selected microphones are measured using the
measurement setup described in section 2. The harmonic
distortion of each microphone is measured for two differ-
ent frequencies (200 Hz and 2 kHz) and for input sound
pressure levels between 90 and 130 dB SPL. The equiv-
alent sound pressure level of the second harmonic is de-
picted in Fig. 3 and the third harmonic in Fig. 4. The
levels of these harmonics vary a lot from microphone to
microphone.

The strongest distortion exhibits the MEMS micro-
phone (violet triangle marks in Figs. 3 and 4). Its 2nd
harmonic (Fig. 3) reaches 92 dB SPL for the input level of
124 dB SPL and saturates for input sound pressure levels
exceeding 125 dB SPL. Both 200 Hz and 2 kHz excita-
tions lead to very similar results. Third harmonic (Fig. 4)
is hidden under the noise-floor of 40 dB SPL up to the
sound pressure level of the excitation signal 115 dB SPL
and than increases to reach 83 dB SPL and 92 dB SPL for
200 Hz and 2 kHz respectively, for 124 dB SPL excitation.

The 1/2” GRAS 46AF laboratory condenser micro-
phone shows the lowest distortion out of the four tested
microphones (yellow plus marks in Figs. 3 and 4). For
both 200 Hz and 2 kHz measurements the 2nd harmonic
does not exceed 80 dB SPL, and the 3rd harmonic does
not exceed 55 dB SPL for 130 dB SPL excitation.

The 1/2” RØDE NT55 condenser ’pencil’ studio mi-
crophone shows also a quite low distortion (blue x-marks
in Figs. 3 and 4). Its 2nd harmonic distortion is approx-
imately 9 dB higher compared to the 1/2” laboratory mi-
crophone but 15 dB below the MEMS microphone. The
3rd harmonic does not exceed 60 dB SPL for 200 Hz ex-
citation and is hidden in noise-floor for 2 kHz.

Finally, the AVL-509 dynamic studio microphone
(red circle marks in Figs. 3 and 4), exhibit low distortion
for 200 Hz, but much higher distortion for 2 kHz. The 2nd
harmonic at 200 Hz is as low as the distortion of the 1/2”
laboratory microphone, while for 2 kHz it is as high as the
distortion of the MEMS microphone with saturation near
120 dB SPL. The third harmonic is very low for 200 Hz
(close to the distortion of 1/2” RØDE studio microphone),
but very high for 2 kHz even for lower sound pressure lev-
els between 110 and 120 dB SPL where the 3rd harmonic
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Figure 3. Sound pressure level of the second harmonic component as a function of the sound pressure level
measured by the reference microphone (left: 200 Hz excitation, right: 2 kHz excitation).

is between 50 and 70 dB SPL.

5. DISCUSSION

The measurement technique described and used in this pa-
per requires only an ordinary loudspeaker, a sealed enclo-
sure to maximize the sound pressure, a microphone with
low sensitivity and low distortion, and a sound card. The
main disadvantage that usually accompanies the measure-
ment of nonlinear microphone distortion, i.e., the nonlin-
ear behavior of the source (loudspeaker), is overcome by a
signal processing technique that cancels out the harmonic
distortion caused by the loudspeaker.

However, there is another disadvantage related to the
distance between the reference microphone and the micro-
phone under test. For the measurement of low frequencies
(e.g., 200 Hz), the sound pressure distribution inside the
sealed box is almost uniform, and the pressure measured
by the reference microphone is the same as the sound pres-
sure captured by the tested microphone. At higher fre-
quencies (e.g., 2 kHz), the assumption of equal pressure
inside the box is false due to the modal behavior inside the
box. Not only can the sound pressure level be different at
the two microphone positions, but the harmonic correction
algorithm may also not work correctly. In some situations,
when one or more harmonics fall to the local minimum of
the pressure distribution at the reference microphone po-
sition, these harmonics may not be fully corrected.

The MEMS microphone can easily be placed very

close to the diaphragm of the reference microphone, min-
imizing the distance between the two membranes. How-
ever, for other microphones tested in this article, for which
the position of the membrane is not well determined or not
easily accessible, the high-frequency results may be cor-
rupted by this modal phenomenon.

Future work will focus on this issue. A smaller en-
closure would allow the shifting of the problem to higher
frequencies. However, it may be difficult to fit the mi-
crophones under test at a smaller volume because of their
size. Another possible solution to overcome this problem
is a free-field solution using powerful sounding speakers.

6. SUMMARY

To summarize, this work shows that a direct measurement
of the harmonic distortion of the microphone is possi-
ble using an ordinary electrodynamic loudspeaker, sealed
box, and a low sensitivity low distortion reference micro-
phone. The results show that the MEMS microphone has a
much higher distortion than other microphones. The low-
est distortion is provided by the laboratory measurement
condenser microphone. The distortion of the studio dy-
namic microphone exhibit an important frequency depen-
dency. For the low frequency measurement (200 Hz), the
dynamic microphone exhibits a low distortion, while for
high frequencies (2 kHz) its distortion is much higher.
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Figure 4. Sound pressure level of the third harmonic component as a function of the sound pressure level
measured by the reference microphone (left: 200 Hz excitation, right: 2 kHz excitation).
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