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ABSTRACT:
In this paper, an approach for effectively reducing nonlinear distortion in single-backplate condenser microphones is

introduced, i.e., most microelectromechanical systems (MEMS) microphones, studio recording condenser micro-

phones, and laboratory measurement microphones. This simple post-processing technique can be easily integrated

on external hardware such as an analog circuit, microcontroller, audio codec, digital signal processing unit, or within

the Application Specific Integrated Circuit chip in a case of MEMS microphones. It effectively reduces microphone

distortion across its frequency and dynamic range, and relies on a single parameter, which can be derived from either

the microphone’s physical parameters or a straightforward measurement presented in this paper. An optimal estimate

of this parameter achieves the best distortion reduction, whereas overestimating it never increases distortion beyond

the original level. The technique was tested on a MEMS microphone. The findings indicate that for harmonic excita-

tion, the proposed technique reduces the second harmonic by approximately 40 dB, leading to an effective reduction

in the total harmonic distortion. The efficiency of the distortion reduction technique for more complex signals is

demonstrated through two-tone and multitone experiments, where second-order intermodulation products are

reduced by at least 20 dB. VC 2025 Acoustical Society of America. https://doi.org/10.1121/10.0035579
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I. INTRODUCTION

Condenser microphones, including MEMS (microelec-

tromechanical systems) microphones, are widely used in

various applications because of their high sensitivity, wide

frequency response, and compact size.1 However, nonlinear

distortion,2 which affects audio quality and measurement

accuracy, presents two challenges: it is difficult to measure

accurately3,4 and even more difficult to reduce

effectively.5–8

Nonlinear distortion in microphones manifests itself as

unwanted harmonic9 and intermodulation10 products, which

affect the acquisition accuracy of the acoustic pressure sig-

nal. This distortion arises from a number of sources,11 which

include mechanical properties of the diaphragm,12 variations

in air gap damping between the membrane and backplate as

a result of thickness changes, acoustic nonlinearities caused

by high acoustic pressure in the air gap, cavity stiffness, pre-

amplifier characteristics, and the nonlinear capacitance

change of the microphone capsule.9 Among these sources,

the nonlinear capacitance change is considered to be the pri-

mary contributor to distortion in condenser microphones.

According to Djuric,13 the second harmonic, which is asso-

ciated with quadratic nonlinearity of the microphone,

contributes close to 90% of the total harmonic distortion

(THD).

MEMS microphones, which have gained popularity in

recent years for their integration into mobile devices and

acoustic measurement systems, are inherently susceptible to

nonlinear distortion because of their small size and unique

construction. Previous studies have shown that the nonlinear

behavior of MEMS microphones can significantly affect

the accuracy of acoustic measurements, particularly at high

sound pressure levels (SPLs).14,15

Despite the advancements in microphone technology,

addressing nonlinear distortion remains an important area of

research. One approach to achieving a reduction of the sec-

ond harmonic in single-backplate microphones is to insert a

negative capacitance in the preamplifier circuit.5 Fletcher and

Thwaites6 suggest reducing nonlinear distortion by using a

shallow parabolic backplate, although this method introduces

manufacturing complications. Another technique for reduc-

ing distortion caused by the nonlinear behavior of condenser

microphone capsules is the implementation of “dual back-

plate” technology.7 This method uses two backplates to

reduce the nonlinear effects associated with changes in cap-

sule capacitance but is generally more expensive as a result

of increased complexity and manufacturing issues. In addi-

tion, a method applicable exclusively to complementary

metal-oxide semiconductor (CMOS) MEMS microphones
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exploits the capacitance-voltage nonlinear characteristics of a

P-type metal-oxide-semiconductor capacitor to address

MEMS nonlinearity at the Application Specific Integrated

Circuit (ASIC) level.8

In this context, the present study introduces a novel

post-processing technique that has the potential to signifi-

cantly reduce distortion levels of all single-backplate con-

denser type microphones. This easy-to-implement technique

can be integrated into various hardware configurations,

including analog circuits, microcontrollers, audio codecs,

digital signal processing (DSP) units, and ASIC chips for

MEMS microphones.

The paper is structured as follows. In Sec. II, we pro-

vide an overview of microphones distortion and its measure-

ment technique used in this work. Section III A elaborates

on the model of the distortion in condenser microphones

employed in our study. In Sec. III B, we present the pro-

posed technique in detail, highlighting its simplicity and fea-

sibility. Finally, Sec. IV presents the measurement results,

demonstrating how effectively the proposed method reduces

microphone distortion.

II. MICROPHONE DISTORTION MEASUREMENT

Measuring the distortion of microphones poses signifi-

cant challenges, particularly, in the absence of linear sour-

ces. In our research, we use a recently published method,16

enabling us to measure and analyze the distortion of micro-

phones at high-pressure levels, as detailed further in this

section.

The measurement setup employed in this work involves

two identical 6.5” loudspeakers placed face to face,

separated by a 2 cm high plastic cylindrical piece with a cen-

tral aperture and a volume of approximately 10�5 m3 (see

Fig. 1). These loudspeakers are connected in parallel to cre-

ate a push-push configuration, which generates pressure

excitation inside the aperture with a low distortion. The

MEMS microphone under test and the reference 1/8”

Pressure Microphone GRAS 40DP (Holte, Denmark) are

positioned approximately 1 mm apart within the center of

the aperture. Note that the MEMS microphone used in this

study is an arbitrarily chosen single back plate microphone

available on the market (CUI devices, CMM-2718AB-

38308-TR, Lake Oswego, OR). The supply voltage used

here is 3.3 V. Similar results and conclusions were obtained

for other single-backplate MEMS microphones.

The signal generation and acquisition are managed

using an RME Fireface 400 sound card (Haimhausen,

Germany). A sine signal is sent from the sound card to the

loudspeakers, which generates the sound pressure inside the

aperture. The output of the microphone under test is con-

nected directly to the sound card input while the reference

microphone is connected through a GRAS 26AC preampli-

fier and Br€uel and Kjær type 2609 conditioning amplifier

(Nærum, Denmark). To ensure a pure harmonic excitation

inside the aperture, we apply the nonlinear harmonic correc-

tion technique.16 As a result, the pressure signal inside the

aperture, measured by the reference microphone—whose

distortion is negligible at the measured SPLs—contains no

unwanted higher harmonics or intermodulation products as

these components are effectively suppressed to the noise

level. This measurement procedure is repeated for excitation

levels ranging from 85 to 128 dB SPL.

Figure 2 shows an example of the spectra of the mea-

sured sound pressure for a 1 kHz excitation at a level of

116 dB SPL. Figure 2(a) presents the efficiency of the

applied harmonic correction. The higher harmonics mea-

sured by the reference microphone are suppressed to the

noise level, resulting in a pure harmonic excitation inside

the aperture (this remains valid at all of the measured levels

from 85 to 128 dB SPL). Figure 2(b) shows the spectra of

the sound pressure simultaneously measured by the micro-

phone under test. Note that the thermal noise of the refer-

ence microphone is approximately 52 dB(A) SPL according

to the datasheet, whereas the thermal noise of MEMS micro-

phones is typically below 30 dB(A) SPL.

The results of such a measurement are displayed in

Fig. 3. The measured levels of the first harmonic (blue

FIG. 1. Schematic view of the measurement setup.
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points), second harmonic (orange points), and third har-

monic (green points) at the output of the MEMS microphone

under test are shown for a 1 kHz excitation. These levels are

recalculated to an equivalent input SPL through the mea-

sured sensitivity of the MEMS microphone. The results are

depicted as a function of SPL measured by the reference

microphone. The theoretical levels of the harmonic compo-

nents, given by the model described below, are represented

by dashed lines of corresponding colors. Up to approxi-

mately 120 dB SPL, the second harmonic fits the predicted

value well, whereas the third harmonic is several dBs

higher. This discrepancy is likely caused by acoustic nonli-

nearities inside the microphone, such as variations in air gap

damping due to thickness changes and acoustic nonlinear-

ities caused by high acoustic pressure in the air gap, which

are not accounted for in the model. This observation is con-

sistent with previously published research.14,17 Above

120 dB SPL, the microphone output signal presents asym-

metric clipping (see Fig. 4), probably originating from the

electronic part of the microphone, and the measured data

cannot be predicted by the model at these levels.

III. TECHNIQUE FOR REDUCTION OF DISTORTION

A. Model of condenser microphone distortion

In this section, we provide a concise summary of the

nonlinear model of a single-backplate condenser

microphone.14

The relationship between the output voltage uðtÞ and

the change in capacitance dCðtÞ can be expressed as

uðtÞ ¼ �U0

dCðtÞ
C

; (1)

where U0 represents the polarization voltage, and the distor-

tion is caused by nonlinear behavior of the capacitance

change dCðtÞ. Equation (1) can be further expanded to the

following expression:

uðtÞ ¼ U0

C0

CP þC0

�nðtÞ
hg
�

�nðtÞ
hg

 !2

þ
�nðtÞ
hg

 !3

� � � �

2
4

3
5;
(2)

where CP represents the parasitic capacitance, C0 is the

static capacitance of the microphone, hg denotes the air gap

thickness between the membrane and backplate, and �n rep-

resents the mean displacement of the membrane over the

backplate area. Equation (2) can be rewritten as

uðtÞ ¼ K0 yðtÞ � y2ðtÞ þ y3ðtÞ � � � �
� �

; (3)

FIG. 2. Example of spectra of the measured sound pressure with the (a) ref-

erence microphone and (b) MEMS microphone under test. Note that attrib-

uted to the harmonic correction, there are no higher harmonics measured by

the reference microphone.

FIG. 3. SPL of first three harmonics for the microphone under test as a

function of reference SPL. Measurement results are denoted by dots, and

model results are depicted by dashed lines.

FIG. 4. Time-domain signal of the voltage at the output of the microphone

under test for different levels of the incident pressure. Note that the electri-

cal signals for the four highest SPLs (122, 124, 126, and 128 dB SPL) are

saturated.

J. Acoust. Soc. Am. 157 (2), February 2025 Petr Honz�ık and Antonin Novak 701

https://doi.org/10.1121/10.0035579

https://doi.org/10.1121/10.0035579


where K0 represents a constant that depends on the capaci-

tance and polarization voltage

K0 ¼ U0

C0

CP þ C0

; (4)

and y represents the relative mean membrane displacement

with respect to the air gap thickness. Equation (3) provides a

simplified form to model the distortion characteristics in the

electrical output of the condenser microphone.

B. Reduction of distortion

As previously mentioned, the primary distortion com-

ponent in single-backplate microphones is the second har-

monic. Furthermore, recent work14 has confirmed this

finding for single-backplate MEMS microphones, showing

that the abovementioned model accurately predicts this dis-

tortion component regardless of SPL and frequency.

Consequently, the critical objective in distortion reduction is

to effectively suppress, mainly, the quadratic component.

Therefore, we can preserve the powers of yðtÞ up to the sec-

ond order in Eq. (3), leading to

uðtÞ ¼ K0 yðtÞ � y2ðtÞ
� �

: (5)

The procedure for distortion reduction through inversion of

Eq. (5) is described in this section.

First, we denote ulinðtÞ ¼ K0yðtÞ as the distortion free

output signal. Then, the output voltage given by Eq. (5)

becomes

uðtÞ ¼ ulinðtÞ �
1

K0

u2
linðtÞ; (6)

and one can find an inverse function to Eq. (6), providing an

estimate of the linear output signal as

ulinðtÞ ¼
K0

2
1�

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1� 4uðtÞ

K0

s2
4

3
5: (7)

Using Taylor series expansion around zero, the estimate of

the linear output signal given by Eq. (7) can be further sim-

plified to

ulinðtÞ � uðtÞ þ 1

K0

u2ðtÞ: (8)

A block schema for such a distortion reduction technique is

depicted in Fig. 5.

The constant K0 [the only parameter necessary for the

reduction of distortion using Eqs. (7) or (8)] can be calcu-

lated from the polarization voltage U0 and the static (C0)

and parasitic (CP) capacitances of the microphone [see Eq.

(4)]. Because these parameters are not always known, a sim-

ple method for estimation of K0 is proposed later.

Considering a pure harmonic excitation of the micro-

phone membrane at the frequency f0, the mean displacement

to air gap thickness ratio can be described by

yðtÞ ¼ ym sinð2pf0tÞ, where ym denotes the amplitude. The

absolute values of the first and second components of the

Fourier series of the nonlinear output uðtÞ [Eq. (5)] can be

expressed, respectively, as V1 ¼ K0ym, corresponding to fre-

quency f0, and V2 ¼ K0y2
m=2, corresponding to frequency

2f0. The constant K0, thus, can be estimated from these mea-

sured spectral components

K0 ¼
V2

1

2V2

: (9)

Such an estimate is independent of input excitation level

and frequency. Figure 6 shows the estimate of K0 according

to Eq. (9) for different input levels at 1 kHz (blue points)

using the measured data from Fig. 3, resulting in an esti-

mated coefficient value of K0 ¼ 8:85 V (gray dashed line).

Note that if a gain G is applied to the output of the micro-

phone before the correction procedure, then GK0 must be

used instead of K0.

IV. RESULTS

In this section, the performance of the proposed distor-

tion reduction technique is studied for different types of

input signals. The impact of incorrect estimation of the

parameter K0 is also discussed.

A. Harmonic distortion

First, the microphone was excited by a pure sine tone,

which led to the presence of higher harmonics at its output

due to the distortion, as shown in Fig. 7 (blue line). Then,

the distortion reduction technique has been applied on the

microphone output signal, resulting in a significant reduc-

tion of the second harmonic component of the output signal

spectrum; see the orange line in Fig. 7 (shifted to left for

clarity). The upper graph of Fig. 7 shows the result when

applying the complete inverse function given by Eq. (7),

and the lower graph presents the result of the simplified Eq.

(8). In both cases, the second harmonic component is

reduced by approximately 40 dB, whereas the other harmon-

ics stay almost intact (the slight increase in the third har-

monic in the lower graph is negligible). Because Eq. (8)

provides very similar results to Eq. (7) with lower computa-

tional costs, all of the following results are obtained using

this simple technique.

FIG. 5. Block schema of the proposed distortion reduction technique.
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Figure 8 presents the THD of the microphone at 1 kHz

without any post-processing (blue points) and when apply-

ing the distortion reduction technique (orange crosses) as a

function of the input SPL. Except for very low levels, where

the second harmonic is hidden in background noise, and

very high levels, where signal clipping appears (the acoustic

overload point, defined as the 10% THD level, appears near

123 dB SPL, which is contrary to the 130 dB SPL stated in

the datasheet), THD is reduced 10 times near 120 dB SPL or

even 50 times near 110 dB SPL. Note that the THD obtained

using the distortion reduction technique never exceeds the

original THD (without any processing).

B. Impact of K0 uncertainty

The reduction of distortion described above was

achieved using the value of K0, estimated with Eq. (9).

However, if we use Eq. (4), including parameters U0, C0,

and CP, which may not all be known precisely, K0 could be

estimated inaccurately. To study the effect of uncertainty in

K0 on THD, we repeated the previous test for different val-

ues of K0. Figure 9 shows the dependence of THD on the

varying value of K0 using Eq. (7) (orange stars) and Eq. (8)

(green circles) compared to THD when no distortion reduc-

tion is applied (blue line) for input SPL of 110 dB SPL at

1 kHz. First, it is clear, again, that the difference between

results of Eqs. (7) and (8) is negligible. Next, the estimated

value of K0 ¼ 8:85 V from Eq. (9) (vertical dashed gray line

in Fig. 9) fits well with the minimum THD value.

Furthermore, Fig. 9 shows that although the best distortion

reduction is achieved with the optimal estimated value of

K0, THD is reduced to some extent in very large range of

values of K0. However, if the value of K0 is largely underes-

timated (below 50% of the optimal value), the THD can

exceed its original value. On the other hand, overestimating

the value of K0 by 50% still leads to a reduction of THD by

a factor of 2. Indeed, overestimating the value of K0 never

causes the increase in THD above the level obtained without

any distortion reduction. This is obvious from Eq. (8), where

the quadratic term decreases with increasing K0 and the

result ulinðtÞ converges to the original distorted signal uðtÞ.

C. Intermodulation distortion

To evaluate the robustness of the proposed method

under intermodulation distortion, two complex signals are

used to excite the microphone: (i) a two-tone signal consist-

ing of 1440 Hz and 1680 Hz components with a total root

mean square (RMS) value of 8 Pa, corresponding to 109 dB

SPL for each component; and (ii) a multitone signal consist-

ing of 100 Hz, 300 Hz, 500 Hz, 1 kHz, 1.8 kHz, 3.4 kHz,

6.1 kHz, 11.1 kHz, and 20 kHz components with a total

RMS value of 5 Pa, corresponding to approximately 98.5 dB

FIG. 6. Estimated value of the coefficient K0 as a function of reference

SPL. The measurement results are denoted by dots, and the selected optimal

value K0 is represented by the gray dashed line.

FIG. 7. Spectral analysis of microphone signal for 1 kHz excitation. The

blue spectrum corresponds to the original (unprocessed) signal, the orange

spectrum (shifted to the left) corresponds to the signal processed by the pro-

posed technique [Eq. (7), upper graph and Eq. (8), lower graph].

FIG. 8. THD as a function of reference SPL at 1 kHz. The unprocessed val-

ues are represented by blue dots, and the values after applying distortion

reduction are denoted by orange crosses.
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SPL for each component. All spectral components in both

signals have random phases to improve the crest factor.18

The harmonic correction technique,16 previously used for

single sine excitation, is also employed here to ensure pure

two-tone and multitone excitation. This technique is appli-

cable to any periodic signal and effectively ensures that only

the desired spectral components are present.

Figure 10 depicts the spectrum of resulting signal when

applying the distortion reduction technique (orange line)

and without any distortion reduction (blue line). The upper

graph shows the result for the two-tone signal, where the

second-order harmonics and intermodulation products at

240, 2880, 3120, and 3360 Hz are reduced by more than

25 dB. For the multitone signal, the intermodulation prod-

ucts are reduced by approximately 20 dB, on average, as

shown in the lower graph.

V. CONCLUSION

In conclusion, this paper presents a new technique

aimed at reducing nonlinear distortion in single-backplate

condenser microphones, e.g., MEMS microphones. The pro-

posed technique offers a simple and efficient solution,

requiring minimal post-processing that can be easily imple-

mented on an ASIC chip or in external hardware (analog cir-

cuit, microcontroller, audio codec, DSP unit, etc.) and

reduces the microphone distortion within its frequency and

dynamic range.

One of the key advantages of this technique is its reli-

ance on a single parameter, K0, which can be deduced either

from the microphone physical parameters (polarisation volt-

age, static and parasitic capacitance) or a straightforward

measurement. With a correct estimation of the parameter

K0, the THD can be reduced by a factor of 10 or even a fac-

tor of 50, depending on excitation level. Remarkably, even

an incorrect estimation of K0 by 50% still leads to substan-

tial reductions in THD, highlighting the robustness of this

approach.

The method has very low computational cost, requiring

only two multiplications and one addition per sampling

period, making its contribution to signal post-processing

latency negligible. As the algorithm does not involve feed-

back, stability issues are not expected, even in the presence

of rounding errors. However, care must be taken when

implementing the square of large signals in Eq. (8) as this

may lead to arithmetic overflow on certain hardware plat-

forms (in this case, the multiplication by 1=
ffiffiffiffiffiffi
K0

p
can be per-

formed prior to the square calculation).

The efficiency of the distortion reduction technique of

more complex signals is demonstrated through two-tone and

multitone experiments. Both experiments show an important

reduction of intermodulation components created by the

microphone at around 20 dB. This finding further strength-

ens the reliability and applicability of the proposed

technique.

Considering the ease of implementation, low-cost

nature, and robustness of this method, it holds great promise

for improving the performance of single-backplate micro-

phones, including MEMS microphones.
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