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Abstract

Since MEMS loudspeakers are significantly smaller
than conventional devices, they require larger mem-
brane displacements to achieve the same sound pres-
sure level. In piezoelectric actuators, this often means
applying higher input voltages, both of which increase
non-linear distortion. In this paper, we present an ac-
tive control scheme that integrates a collocated sensor
and actuator within the MEMS loudspeaker. Using
feedback control, the system compensates for non-
linear contributions to the output waveform in real
time, reducing total harmonic distortion while main-
taining acoustic performance. Device and system-level
modeling are used to demonstrate the feasibility of this
approach for MEMS transducers intended for in-ear
applications.
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1. Introduction
MEMS loudspeakers are promising candidates for next-
generation in-ear headphones and hearing aids due
to their compact size, low power consumption, and
compatibility with CMOS fabrication [1]. Their minia-
turized structure allows for highly integrated devices,
but it also introduces pronounced nonlinearities that
manifest as harmonic distortion. A standard met-
ric for assessing this characteristic is Total Harmonic
Distortion (THD), defined as the ratio between the
combined power of all higher-order harmonics and
the total signal power. Prior research indicates that
human auditory perception can detect THD levels as
low as 0.1%, depending on the specific order of the
generated harmonics [2], [3], [4].
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Conventional approaches to reducing distortion rely on
structural optimization, such as tailoring diaphragm
shapes, suspension geometries, or electrode layouts
[5], [6]. While these methods improve linearity, they
are static and cannot adapt to variations in acoustic
loading or mechanical and material related changes
due to device aging and some of them rely on the
shaping of the pressure response rather that reducing
the intrinsic nonlinearities of the transducer.

Digital signal processing techniques offer compensa-
tion by applying pre-distortion or feedforward to the
drive signal [7]. For example, feedforward compensa-
tion was used to reduce air-related nonlinear distortion
in horns [8] or more recently to compensate for hys-
teresis in piezoelectric loudspeaker [9]. However, these
open-loop methods require precise characterization of
the loudspeaker to determine the filter parameters.

Active closed-loop control provides a different ap-
proach. Unlike pre-distortion or feedforward, closed-
loop control works in a wider range of tolerances and
does not require precise characterization of the device,
but it requires an embedded sensor. In macro loud-
speakers, a velocity sensor with a feedback controller
was shown to be effective [10]. In the MEMS field,
nested closed-loop control was successfully used for
micromirrors [11].

The motivation for pursuing active control in MEMS
in-ear loudspeakers is to achieve high-fidelity audio
while providing adaptive compensation for acoustic
loading and device aging. This work investigates
the integration of sensing and closed-loop control in
MEMS loudspeakers, highlighting design considera-
tions and potential improvements in distortion reduc-
tion.

2. Concept

This study is based on a variation of the MEMS loud-
speaker presented in [12] and described more exten-
sively in [13]. The primary difference compared to
the original design is the inclusion of a collocated sen-
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sor on the actuator. As depicted in Figure 1a, the
loudspeaker is fabricated across two separate wafers.
The top wafer features a stiffened square plate that
moves freely along the z-axis and is separated from
the frame by a narrow interstice, where dominant vis-
cous effects prevent an acoustic short circuit. The
bottom wafer consists of a device layer accomodating
wide cantilever-like actuators. These actuators are
built from a 12 µm elastic layer paired with a piezo-
electric material sandwiched between top and bottom
platinum electrodes. Within this piezoelectric layer, a
collocated sensor with additional connection pads is lo-
cated on the clamped side of the actuator, as depicted
in Figure 1b. The sensor thus does not affect the
displacement or the geometry of the loudspeaker, but
the piezoelectric effect creates a voltage proportional
to this displacement.

Stiffened top plate

Top wafer

Bottom 

wafer

Actuator
Sensor

Central frame

(a)

0
−𝐿 −𝐿2

𝑦𝑥
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SensorActuator

Guided end

(b)

Figure 1: Cross-sectional schematics of the actuator:
(a) three-dimensional view, and (b) two-dimensional cross
section.

3. Modeling
As with most electroacoustics devices and more re-
cently electroacoustics MEMS, equivalent electrical
circuits provide an efficient approach to model and
simulate system behavior [14]. In this study, the loud-
speaker is represented using a circuit similar to those
described in [12] and [15]. The equivalent electrical cir-
cuit of the loudspeaker is depicted in Figure 2, where
the collocated sensor is modeled using an additional
transformer of ratio γs. This multi-domain model
integrates the electrical, mechanical, and acoustical
behavior of the transducer connected to an IEC 60318-
4 ear-occluded coupler, which represents the acoustic
load of the average human ear.

The modeling begins with the beam carrying both
an actuator and a sensor, as illustrated in Fig. 1b.
Following a procedure comparable to that in [13], the
beam is divided into two separate elements. In this
case, both beams have the same moment of inertia
and the same equivalent Young modulus.

Table 1: Table of lumped elements circuits parameters

Parameter Value Unit

Rga 1 mΩ
Cpa 97 nF
Rgs 1 mΩ
Cps 39 nF
Rm 5 · 10−3 N s m−1

Mm 3.6 mg
Cm 3 · 10−3 m N−1

Qm 20 -
Sd 12 mm2

L1 82.9 Pa s2 m−3

L2 9400 Pa s2 m−3

L3 130.3 Pa s2 m−3

L4 983.8 Pa s2 m−3

L5 133.4 Pa s2 m−3

R1 50.6 MPa s m−3

R2 31.1 MPa s m−3

C1 1 pPa m−3

C2 1.9 pPa m−3

C3 1.5 pPa m−3

C4 2.1 pPa m−3

C5 1.517 pPa m−3

3.1. Beam model and circuit parameters

The apparent compliance Cm and the transduction
factors γa and γs of the collocated actuator-sensor pair
are obtained from a Bernoulli beam formulation of the
two-beam assembly shown in Fig. 1b, with continuity
of deflection, rotation, moment and shear enforced
at the junction between the beams at x = −L/2.1

Solving the resulting boundary-value problem for the
clamped-guided and clamped-clamped cases yields the
blocked force Fbl and the free-end displacement δ0,
from which the apparent compliance follows as

δ0

Fbl

= Cm =
6EI

L3
, (1)

where EI is the equivalent bending stiffness of the
beam assembly and L its total length. Similarly, the
actuator transduction factor is given by

γa =
6zPα(1 − α)

L
, (2)

with zP the piezoelectric moment arm and α the length
ratio between the actuator and sensor sections. Be-
cause the sensor generates no torque of its own, the

1The complete derivation, together with its valida-

tion against 2D finite-element simulations in COMSOL

Multiphysics®, will be presented in a forthcoming publication.
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Figure 2: Multi-domains equivalent electrical circuits of the loudspeaker with a collocated sensor in an IEC 60318-4
ear-occluded coupler. Rga and Rgs are the resistances of the electrical path for the actuator and sensor, respectively; Cpa

and Cps are the electrical capacitances of the piezoelectric layer for the actuator and sensor, respectively; γs and γa are
the transduction factors for the sensor and actuator, respectively; Rm is the viscous mechanical resistance, Mm is the
equivalent mass, and Cm is the apparent compliance. The transformer of ratio Sd represents the conversion from the
mechanical domain to the acoustical domain. Components C1 to C5, L1 to L5 and R2 and R4 represent the acoustic
compliances, masses and viscous damping from the ear-occluded coupler, representing themselves the acoustic impedance
of the average human ear and are given in Table 1.

stress it experiences results only from the passive bend-
ing induced by the actuator, finite-element evaluation
of this stress ratio gives γa = 8.3 γs, confirming that
the sensor responds linearly over the actuator’s range
of motion. Parameters used in this calculation are
summarized in Table 2.

Table 2: Parameters used for the computation of Cm and
the transduction factors γa and γs

Symbol Value Unit

Wa 5.8 mm
La 1.14 mm
Wh 10 µm
tm 12 µm
tp 2 µm
Em 166 GPa
Ep 82 GPa
e31,f 17.5 C m−2

The piezoelectric capacitances Cpa = Cps follow from
the effective relative permittivity εr of the piezoelec-
tric layer along the 3–1 coupling direction and the
standard capacitor relation Cp = 2WaLaε0εr/tp. The
moving mass Mm is obtained from the material densi-
ties and CAD geometry, and the viscous mechanical
resistance Rm is estimated from a Poiseuille flow model
of the air gap surrounding the plate, following an ap-
proach similar to [15]. The resulting lumped-element
parameters used in the equivalent circuit of Fig. 2 are
summarized in Table 1. Non linear functions relating
γa with uCpa

and Cm with the displacement δ are
taken from [16].

3.2. Open loop

The electrical equivalent circuit of Fig. 2 can be solved
using a state-space equation of the form

ẋ = Ax + Bu. (3)

which describes the open loop system. The state
vector x is composed of uCpa

, the voltage across the
actuator capacitor Cpa, uCps

, the voltage across the
sensor capacitor Cps, FCm

, the force across the ap-
parent compliance Cm, pC1

, Q2, pC2
, QL3

, pC3
, Q4,

pC4
, the pressures and volume velocities of the ear-

occluded coupler and pout, the output pressure at the
ear-occluded coupler microphone. The resulting ma-
trix A is given in Equation 7. The system can be
solved via a bilinear transform or a built-in state-space
solver using any input signal uin using

Ad =

(

I −

1

2
ATs

)

−1 (

I +
1

2
ATs

)

(4)

and

Bd =

(

I −

1

2
ATs

)

−1

BTs (5)

with Ts = 1/fs the sampling period. Samples x(k+1)
are then computed for each step using

x(k + 1) = Adx(k) + Bdu(k). (6)

3.3. Closed-Loop

The closed-loop architecture is depicted in Figure 3.
The control scheme combines a feedforward gain Kff

acting on the command signal r with a proportional
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(7)

feedback gain Kp operating directly on the filtered
sensor voltage x16.

Starting from the 14-state open-loop model dynamics
ẋ1:14 = Ax1:14 + BuCpa

, the open-loop input vector

is defined as B =
[

1
CpaRga

, 0, . . . , 0
]T

.

The measured physical signal passed to the filter is
the sensor voltage x2 = uCps

. To condition this signal,
it is passed through a second-order bandpass filter
comprising a high-pass stage with cutoff frequency ωl

and a low-pass stage with cutoff frequency ωh:

Hhp(s) =
s

s + ωl

, Hlp(s) =
ωh

s + ωh

. (8)

Introducing state x15 for the high-pass stage and state
x16 for the low-pass stage yields the filter state equa-
tions:

ẋ15 = ẋ2 − ωlx15 = (Arow2x1:14 + B2u) − ωlx15, (9)

ẋ16 = ωh(x15 − x16). (10)

Using the filtered state x16, the control law driving
the actuator is defined as:

uCpa
= Kffr − Kpx16. (11)

Appending the two filter states to the open-loop
model forms the 16-state augmented vector xaug =
[xT

1:14, x15, x16]T . Substituting (11) into the open-
loop and filter dynamics leads to the full closed-loop
system:

ẋaug = Aaugxaug + Baugr, (12)

which expands explicitly into matrix form as





ẋ1:14

ẋ15

ẋ16



 =





A 0 −BKp

Arow2 −ωl −B2Kp

0 ωh −ωh









x1:14

x15

x16





+





BKff

B2Kff

0



 r.

(13)

This equation is then solved iteratively using Equa-
tions 4 to 6.
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Figure 3: Schematic of the closed-loop system in state-space representation. The command signal r is scaled by the
feedforward gain Kff . In parallel, the measured sensor voltage x2 = uCps is passed through a second-order bandpass filter
state x16 and scaled by the feedback gain Kp. The combined control input uCpa = Kffr − Kpx16 drives the system.

4. Results
The transfer function from the input voltage uin to the
output pressure pout is first calculated in the frequency
domain to evaluate the influence of the feedback gain
Kp and the feedforward gain Kff on the pressure
response at the coupler microphone. As shown in Fig-
ure 4, with Kp = 220 and Kff = 1.21, the frequency
response is nearly identical for both the open-loop and
closed-loop cases. The only noticeable differences are
a slightly increased quality factor at the loudspeaker
resonance and a minor pressure gain, primarily out-
side the bandpass filter passband (below 20 Hz and
above 1500 Hz).
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Figure 4: Open-loop and closed-loop linear frequency
response of the loudspeaker coupled to the IEC 60318-4
ear simulator.

The total harmonic distortion (THD) generated by
the loudspeaker is evaluated by sweeping pure sine
signals across the audible frequency range. Figure 5
compares the THD in the occluded-ear coupler for
both the open-loop and closed-loop configurations,
using an AC actuation voltage of 7 V and a DC bias
of 15 V. The results demonstrate that the closed
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Figure 5: Total harmonic distortion of the loudspeaker
in open loop and closed loop configurations.

loop reduces the THD by half at lower frequencies.
The slight increase in THD around the loudspeaker’s
resonance frequency is attributed to the change in the
quality factor induced by the feedback loop.
For a physical implementation, system noise must be
taken into account, and the high permittivity of the
PZT material could potentially limit sensor perfor-
mance. Additionally, because the phase shift above
the driver’s resonance frequency mandates the use of
a bandpass filter, the THD is not reduced at higher
frequencies, however, it remains undegraded.

5. Conclusions
This work presented a modeling framework for a
MEMS loudspeaker equipped with a collocated piezo-
electric sensor and actuator, operated under active
feedback control. An analytical beam model was de-
veloped and validated against finite-element simula-
tions to derive the transduction factors and apparent
compliance of the device, which were then embed-
ded into a multi-domain lumped-element state space
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model coupled to an IEC 60318-4 ear simulator. The
comparison between the open-loop and closed-loop
responses indicates that the feedback scheme reduces
the total harmonic distortion while preserving the
acoustic performance of the device, supporting the
feasibility of active control for compact MEMS trans-
ducers intended for in-ear applications.
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