N

N

Measurement of nonlinear distortion of MEMS
microphones
Antonin Novak, Petr Honzik

» To cite this version:

Antonin Novak, Petr Honzik. Measurement of nonlinear distortion of MEMS microphones. Applied
Acoustics, 2021, 175, pp.107802 -. 10.1016/j.apacoust.2020.107802 . hal-03493526

HAL Id: hal-03493526
https://hal.science/hal-03493526
Submitted on 15 Dec 2022

HAL is a multi-disciplinary open access L’archive ouverte pluridisciplinaire HAL, est
archive for the deposit and dissemination of sci- destinée au dépot et a la diffusion de documents
entific research documents, whether they are pub- scientifiques de niveau recherche, publiés ou non,
lished or not. The documents may come from émanant des établissements d’enseignement et de
teaching and research institutions in France or recherche francais ou étrangers, des laboratoires
abroad, or from public or private research centers. publics ou privés.

Distributed under a Creative Commons Attribution - NonCommercial 4.0 International License


https://hal.science/hal-03493526
http://creativecommons.org/licenses/by-nc/4.0/
http://creativecommons.org/licenses/by-nc/4.0/
https://hal.archives-ouvertes.fr

Version of Record: https://www.sciencedirect.com/science/article/pii/S0003682X20309075
Manuscript_52e3c9a3fel15234be8b399ece6311188

Measurement of nonlinear distortion of MEMS microphones

Antonin Novak?, Petr Honzikb<

“Laboratoire d’Acoustique de I’Université du Mans, LAUM - UMR 6613 CNRS, Le Mans Université, Avenue Olivier Messiaen, 72085 LE MANS
CEDEX 9, France
bCzech Technical University in Prague, Faculty of Transportation Sciences, Konviktskd 20, 110 00 Praha 1, Czech Republic
¢Czech Technical University in Prague, Faculty of Electrical Engineering, Technickd 2, 166 27 Praha 6, Czech Republic

Abstract

An experimental investigation on the nonlinear behaviour of the MEMS microphones is of rising interest as their use
is growing rapidly not only in the domain of consumer audio devices but also in the measurement applications where
higher precision is needed. The present work uses a recently published method allowing a distortionless harmonic
excitation at high-pressure levels to measure and examine the distortion of single backplate MEMS microphones. The
measured distortion is compared with the values predicted by a simple model of the nonlinearities originating in the
electrostatic transduction principle. A good agreement between the predicted and the measured values of the second
harmonic is shown. The level of the third harmonic is influenced by nonlinear effects not taken into account in the

simple model and therefore deviates from the predicted values.
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1. Introduction

MEMS microphones have become popular for their
properties, such as small dimensions, very low price,
relatively high sensitivity, low inherent noise, and low
power consumption. Their use is growing rapidly
over recent years, particularly in the domain of mo-
bile phones and consumer audio devices, but also in the
measurement applications such as noise monitoring sen-
sor networks [1] and microphone arrays [2]. It is then
of great interest to explore the nonlinear behaviour of
these microphones since the nonlinear distortion origi-
nating in the microphone can have a significant impact
on the precision of the measurement results. A contri-
bution to such a study is proposed in this paper.

Because an overwhelming majority of the commer-
cially available types of MEMS microphones is based
on the electrostatic transduction principle (although
piezoelectric types exist) and most of them consist of
single backplate structure, this study is limited to the
condenser microphone types with single backplate (note
that dual bacplate microphones present different nonlin-
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ear behaviour than the single bacplate ones). The out-
put signal of such devices can take the classical ana-
log form (analog output voltage) or a digital form with
a given format of output data (I12S, PDM, TDM). The
transducer parts of the devices with these two output
types are very similar. From a nonlinear distortion point
of view, the only difference is the presence of hard-limit
saturation of the A/D converter in the digital type micro-
phones, usually appearing at input sound pressure levels
near 120 dB SPL.

There are many sources of nonlinear distortion in a
condenser microphone [3] that can originate from the
mechanical properties of the diaphragm [4], damping in
the air gap between the diaphragm and backplate vary-
ing with its thickness, acoustic nonlinearities due to po-
tentially high acoustic pressure in the air gap, stiffness
of the cavity, preamplifier, and nonlinear capacitance of
the capsule [5, 6]. The latter is the primary source of
the distortion, and its analytical description is known for
both harmonic [5, 6] and inter-modulation [7] distortion.
Section 2 of this paper provides a short overview of its
theoretical description.

Characterisation of the non-linear behaviour can be
done either indirectly, measuring the inter-modulation
distortion of independent sources [8, 9, 10], or directly
measuring the harmonic distortion. The direct method
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necessitates a reference microphone and a loudspeaker
(or similar excitation device [11]) whose nonlinear dis-
tortions are much lower than the one of the micro-
phone under test. While there exist low-distortion mi-
crophones (condenser microphones with low sensitiv-
ity or piezoresistive microphones), low-distortion loud-
speakers are much more difficult to achieve, especially
at high sound pressure levels [12]. One of the solutions
to provide high-pressure levels while keeping the source
distortion low is to use a system of cavities and tubes
with standing waves [13, 14]. Such a system is usually
frequency limited to very low frequencies (<200 Hz)
[11, 15], or tuned to a specific frequency (e.g., 500 Hz
[14]) at which the pressure is maximized. This ap-
proach, limited for a given frequency, is also used in
a commercially available product [14, 16].

A recently developed method [17] allows for correct-
ing a harmonic distortion caused by an excitation device
and reducing its higher harmonics to the level of back-
ground noise. This adaptive method is used in this paper
to reduce the distortion caused by the loudspeaker and
to ensure a pure sinusoidal pressure signal, measured by
a low-sensitivity, low distortion, and small-sized refer-
ence measurement microphone. Such an approach al-
lows a direct measurement of the harmonic distortion
of MEMS microphones tested at different levels (up to
the limit of the MEMS microphone) and for different
frequencies (20 Hz, 200 Hz, 2 kHz). The experimental
bench is presented in Section 3.

The results of harmonic distortion measurement of an
off-the-shelf MEMS microphone are presented in Sec-
tion 4.

2. Model of Condenser Microphone Distortion

Distortions of condenser microphones have different
origins. Some of them can be modelled fully analyti-
cally, such as the electrical distortion due to the elec-
trostatic principle of the microphone [18, 5, 6], other
types of distortions such as the acoustic one due to the
dynamic change of the air gap thickness may require a
numerical solution [19]. Since the inherent distortion
of the electrostatic transduction is considered to be pre-
dominant, a brief review of its theoretical description is
provided hereafter.

The charge in a capacitor is given by Q = CU, where
U is a charging voltage. The total static capacitance
of the condenser microphone (at rest) C = Cy + Cp is
composed of the parasitic capacitance Cp and the ac-
tive static capacitance Co = &S 4/h, with & being the
permittivity, S, the active surface and A, the thickness
of the air gap between the diaphragm and the backplate.

The total differential of the charge can be then expressed
as

dQ = dCU + CdU. (1)

The total voltage at the output of the condenser micro-
phone U = Uy + u is composed of the static component
U, representing the polarization voltage and the varying
component u caused by the change of the capacitance
dC. Since the level of the varying component of the
microphone output voltage u is significantly lower than
the static polarization voltage Uy, we can assume that
dU = u and U = U,. This approximation along with
the effect of the polarization resistor of huge value (GQ2)
causing the charge variation to be negligible, dQ ~ O,
give the output voltage of the microphone directly in
the form

u=-Uo—= @)
The time-dependent non-uniform displacement of the
diaphragm &(7, 1) is supposed to be outwardly directed
(such as in many models of electrostatic transducers
[20]), the time-dependent total capacitance C,(¢) can be
then calculated from the displacement averaged over the
active surface &(f) = (ffs &7 1) dSa) /S 4 as follows

805,1

Ct(t):Cp+@ =

3

Cp+Cy _;
1+ &)/ hyg
In using the Taylor series expansion 1/(1 +y)=1-y+
y?> —y® + ... and assuming that the total capacitance is
given by C,(t) = Cp + Cy + dC(?), the time-dependent

capacitance variation dC(f) can be expressed as

~ EORNEO O
dC(r) = -Cy |:h_g - (h_g) + (/’l—g) —-.. ] . @

Substituting this expression to Eq. (2) the time-
dependent output voltage of the condenser microphone

becomes
_ = \2 2 \3
Co [@_(@) +(@) _...},(5)

H=U,
“0 = e ne iy hg

where the nonlinear behaviour is clearly visible.

In line with Eq. (5) and similarly to [5] the distortion
at the electrical output of the microphone can be mod-
elled in its simplest form as

u(t) = Ko [y -y’ + Y0 - .. | (©)

where K is a constant depending on capacitance and
polarization voltage, and y is a relative mean diaphragm
displacement to the gap thickness. According to [5, 6]
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Figure 1: Simplified schema of the measurement setup.

this model can be refined by taking into account the di-
aphragm deformation. In [3] Dessein investigated sev-
eral nonlinear models of diaphragm deformation and
stated that “’the difference between the results given by
the different models is only a vertical shift of the curves”
(curves referring to higher harmonics in dB as a function
of dB SPL). In other words the ratio between the har-
monics remains proportional to power series of Eq. (6).

The model (Eq. (5)) needs uses physical parameters
of the MEMS microphone under tests such as gap thick-
ness, capacitance, or polarization voltage, to provide the
right prediction. Unfortunately, these parameters are not
usually known for the commercially available MEMS
microphones. However, since the relation between the
relative displacement y(¢) and the output voltage u(r)
from Eq. (6) contains only one parameter Kj, it can be
fitted to the measured data without the knowledge of any
of the physical parameters.

An experimental setup for the MEMS microphone
nonlinear distortion measurement, described in the fol-
lowing section, is next used to estimate the harmonic
distortion for several frequencies and several levels. The
results are then compared with the simple model pro-
vided by Eq. (6) to show its ability to predict the distor-
tion of MEMS microphones.

3. Experimental Setup

The MEMS microphone under test and the reference
1/8” Pressure Microphone GRAS 40DP are placed ap-
proximately 2mm apart inside a sealed box of dimen-
sions [cm] (18.7 x 18.6 x 19). An 8” loudspeaker, to-
gether with an off-the-shelf amplifier, provides the pres-
sure excitation inside the box. A preamplifier GRAS
Type 26AC and a conditioning amplifier Briiel&Kjer
Type 2609 are used to ensure proper handling of the ref-
erence microphone signal. The signal generation and

Figure 2: A picture of both microphones inside the sealed box.

acquisition are provided using an RME Fireface 400
sound card. A simplified schematic representation of
the experimental setup and a picture of both micro-
phones inside the box are shown in Figs. 1 and 2 re-
spectively.

A sinusoidal signal is used to measure the harmonic
distortion of the MEMS microphone under test at three
frequencies (20 Hz, 200 Hz, 2 kHz) and different sound
pressure levels going from 90 to 128 dB SPL with a
2 dB step set up using the reference microphone with
known sensitivity. A harmonic correction [17] is ap-
plied to ensure a pure harmonic acoustic pressure inside
the box. Consequently, the pressure signal measured
with the reference microphone (distortion of which is
negligible at the above mentioned levels) contains no
higher harmonics (suppressed to the noise level) as il-
lustrated in Fig. 3(a).!

We measured several MEMS microphones with ana-
log output of different manufacturers available on the
market. The acoustic overload point (value after which
the total harmonic distortion rises above 10%) given in
the datasheets is between 120 and 130 dB SPL. Since
the results for all of the measured microphones share
common characteristics and the conclusions presented
in this paper apply to all of them, we present in this pa-
per the results for only one measured microphone.

Note that the reference 1/8” Pressure Microphone GRAS 40DP
has a THD 3% at 174 dB SPL. Considering the same model of
condenser microphone as the one presented in section 2, the higher
harmonic components of the reference microphone excited with a
128 dB SPL sinusoidal wave should be below 6 dB SPL which is
way below the noise floor of the measurement.
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Figure 3: Spectra of the measured sound pressure (a) with the refer-
ence microphone, (b) with the MEMS microphone under test. Note
that thanks to the harmonic control, there are no higher harmonics
measured by the reference microphone.

4. Results

First, the acoustic pressure sensitivity o of the
MEMS microphone under test was estimated as a ra-
tio of its output voltage u and the incident acoustic
pressure p;, measured by the reference microphone,
as o = u/piy.. The sensitivities estimated at the inci-
dent pressure level of 80 dB SPL for 20 Hz, 200 Hz,
and 2 kHz sinusoidal excitation are 12.2, 13.6 and
13.9 mV/Pa respectively.

Next, the measurement of the distortion is made us-
ing the sinusoidal signal generated by loudspeaker and
processing of the drive signal to compensate its distor-
tion (harmonic correction). An example of the measure-
ment with the harmonic correction is shown in Fig. 3.
The spectra of the acoustic pressure are depicted for
both the reference microphone and the MEMS micro-

phone under test. Note, that in the case of the refer-
ence microphone (Fig. 3(a)) all the higher harmonics
are suppressed to the noise floor. The higher harmon-
ics measured by the MEMS microphone (Fig. 3(b)) are
thus originated only from the microphone itself and not
from the loudspeaker. For this particular case of the sine
excitation (200 Hz, 120 dB SPL), the second and third
harmonics of the MEMS microphone under test corre-
spond to the level of 83 dB SPL and 70 dB SPL.

The same measurement is next performed for three
frequencies 20 Hz, 200 Hz, and 2 kHz, and sound pres-
sure levels going from 90 to 128 dB SPL with a 2 dB
step. The results depicted in Fig. 4 show the measured
harmonic distortion. The 1st (fundamental) harmonic
is plotted with black circles, blue x-marks are used for
the 2nd harmonic, and red plus markers for the 3rd har-
monic. The model prediction is depicted with a solid
black line for the 1st harmonic, with a blue dashed line
for the 2nd harmonic, and with a red dot-dashed line for
the 3rd harmonic.

In this model a linear relation between the har-
monic incident acoustic pressure and the diaphragm
displacement was assumed (which means neglecting
other sources of nonlinearities then the one caused by
the electrostatic transduction). First, relation y(f) =
Ym Sin(wot) where wy = 2xfy is the angular frequency
at excitation frequency fy and where y,, = pi,.0/Kp,
was substituted to Eq. (6). The coefficient K, was es-
timated by fitting the second harmonic measured data.
The same fitted value of Ky was used for all the three
frequencies 20 Hz, 200 Hz, and 2 kHz.

We can note that the measured second harmonics be-
haves in a very predictable way above the background
noise up to the level of 120 dB SPL. The model (Eq. (6))
predicts the 2nd harmonic behaviour very accurately
from the background noise to 120 dB SPL. As shown
in Fig Fig. 5, the time-domain signal shows clipping
at sound pressure levels higher than 120 dB SPL. The
clipping probably comes from the built-in amplification
part of the MEMS microphone, or from the diaphragm
touching the stoppers on the backplate preventing the
diaphragm from collapsing to the backplate. Note that
the diaphragm displacement towards the backplate pro-
vokes negative output voltage, see Eq. (2), which could
lead to asymmetric clipping. Since the model does
not account for clipping phenomena, a deviation of the
model from the measured data is expected.

The levels of third harmonics are higher than the pre-
dicted values by approximately 20 dB at 200 Hz and 2
kHz and more than 30 dB at 20 Hz. This is probably re-
lated to the effects which were not taken into account in
the model used herein, such as another nonlinear phe-



nomena of the electrostatic transduction, the acoustic
distortion associated to the dynamic change of the air
gap thickness [19, 21] due to the potentially high level
of acoustic pressure in the air gap, or to nonlinearities
originating from the deflection of the diaphragm with a
built-in residual stress [4]. Yet much more research is
needed to test these hypotheses.

5. Conclusion

Harmonic distortion of low-cost single backplate
MEMS microphones available on the market has been
experimentally studied in this paper. The results show
that the predominant distortion component in the sin-
gle backplate MEMS microphones is the second har-
monic and that its variation with sound pressure level
is in a good agreement with an existing model for con-
denser microphones (for the output levels under the sig-
nal saturation which does not originate from the trans-
duction principle). The model predicts well the second
harmonic for all the measurements at studied frequen-
cies 20 Hz, 200 Hz, and 2 kHz. On the other hand,
the third harmonic distortion product deviates from the
model prediction.

This leads to the conclusion that the nonlinearities
arising from the electrostatic principle are the predom-
inant source of distortion in single backplate condenser
MEMS microphones and that they affect mainly the
second harmonic. The others sources of distortion are
much less important and mainly affect third and possi-
bly higher harmonics.

These conclusions can be generalized for several
tested single backplate MEMS microphones of different
manufacturers.
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