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Abstract: This paper describes the use of an electric drive as an acoustic actuator for active noise
cancellation (ANC). In the presented application, the idea is to improve the noise, vibration, harsh-
ness (NVH) characteristics of passenger cars without using additional active or passive damper
systems. Many of the already existing electric drives in cars are equipped with the required hardware
components to generate noise and vibration, which can be used as compensation signals in an ANC
application. To demonstrate the applicability of the idea, the electrical power steering (EPS) motor is
stimulated with a control signal, generated by an adaptive feedforward controller, to reduce harmonic
disturbances at the driver’s ears. As it turns out, the EPS system generates higher harmonics of the
harmonic compensation signal due to nonlinearities in the acoustic transfer path using a harmonic
excitation signal. The higher harmonics impair an improvement in the subjective hearing experience,
although the airborne noise level of the harmonic disturbance signal can be clearly reduced at the
driver’s ears. Therefore, two methods are presented to reduce the amplitude of the higher harmonics.
The first method is to limit the filter weights of the algorithm to reduce the amplitude of the harmonic
compensation signal. The filter amplitude limitation also leads to a lower amplitude of the higher
harmonics, generated by the permanent magnet synchronous machine (PMSM). The second method
uses a parallel structure of adaptive filters to actively reduce the amplitude of the higher harmonics.
Finally, the effectiveness of the proposed ANC system is demonstrated in two real driving situations,
where in one case a synthetic noise/vibration induced by a shaker on the front axle carrier is consid-
ered to be the disturbance, and in the other case, the disturbance is a harmonic vibration generated
by the combustion engine. In both cases, the subjective hearing experience of the driver could be
clearly improved using the EPS motor as ANC actuator.

Keywords: active noise control; active vibration control; adaptive filters; automobiles; electric motors;
steering systems

1. Introduction

It is becoming more and more difficult to meet the increasing acoustical requirements
of modern passenger cars (see, e.g., [1]). The reasons for this are the use of lightweight
structures and fuel-saving technologies (e.g., cylinder-on-demand). To improve the NVH
characteristics, expensive and heavy active and passive damper systems are used, with
additional negative aspects regarding the packaging inside the car (see, e.g., [2,3]). This
paper focuses on the use of existing electrical drives for the active reduction of disturbing
noise and vibrations instead of additional components. This is possible because many
electrical drives in cars are already equipped with power electronics and control units used
to follow a required torque or speed, and, therefore, these drives may also be employed
to generate noise and vibrations that can be used as compensation signals in an ANC
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system. So, it is possible to use existing hardware for ANC, which allows for a reduction
in the cost and weight of passenger cars. One advantage of the method presented here is
that it is possible to act directly in the structure-borne sound path and thus actively damp
vibrations of components before they cause a diffuse airborne sound field. In existing
ANC systems, several loudspeakers are used to reduce the sound pressure of a diffuse
airborne sound field. This usually requires several expensive sensors (e.g., microphones)
and actuators to accomplish at several positions in the vehicle. In Section 3, it is shown
that a global reduction in the sound pressure level in the vehicle is possible with only one
sensor and one actuator. In this paper, as an example, the EPS motor is used to actively
reduce harmonic disturbance noise at the driver’s ears. This contribution is based on the
work published in [4]. While [4] shows a reduction in a constant synthetic disturbance
signal under laboratory conditions, this paper focuses on the reduction in a synthetic
disturbance signal in a real driving situation, as well as the reduction in a real harmonic
disturbance of the combustion engine, while effects on the lifetime of the PMSM are not
investigated in this context, as this is purely a feasibility analysis. This is performed by using
a feedforward control structure, which is a widely used approach in ANC applications
to generate the control signal [5–8]. In the controller, the coefficients of a finite impulse
response (FIR) filter are adapted with the filtered-x least mean squares (FxLMS) algorithm
using a specific error signal [9,10]. Depending on the physical quantity that should be
compensated for, an accelerometer or a microphone is usually used to provide an error
signal to the adaptive algorithm. The so-called secondary path S(z) describes the transfer
path between the output of the control signal and the measurement signal of the error
sensor [10]. It influences the performance and the stability of the algorithm [9]. To avoid
instabilities, a model of the secondary path is used. Hence, it is common to use a system
identification scheme to minimize the model errors resulting from time variant parameters
of the secondary path [11,12]. In this case, the secondary path consists of the electric drive
as well as the mechanical transfer path. As both parts contain time variant parameters, a
plant identification is carried out by using the least mean squares (LMS) algorithm. For
this purpose, only small changes to the structure of the algorithm, which is also used in the
controller, are necessary.

This article mainly focuses on the basic principle of using an EPS motor to reduce
harmonic disturbance noise. Section 2.1 gives a short introduction of the control structure
for an EPS motor. The schematic overview of the experimental setups and the hardware
used are presented in Section 2.2. In Section 2.3, the implemented ANC algorithm is
introduced and the ability of reducing harmonic disturbances with the EPS motor using the
proposed control structure is investigated. It is shown that at harmonic excitation, the EPS
system used in this study generates higher harmonics of the fundamental frequency due to
nonlinearities in the acoustical transfer path. Two methods are proposed for suppressing
these higher harmonics generated by the EPS system. Finally, the algorithm is investigated
under real conditions in Section 3.

2. Materials and Methods
2.1. Control Structure

In steering control, a standard approach is to use a field oriented control (FOC) for
controlling the torque demand of a 3-phase PMSM. This was already proposed by Blaschke.
The concept is to transform the time varying quantities of a PMSM into constants using
the Clarke Transform and the Park Transform. As the ANC algorithm uses this control
structure to stimulate the magnetic field of the EPS motor, this section provides a short
introduction to the basic principle of a FOC.
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As can be seen in Figure 1, the 3-phase system is transformed (d/q-transformation) by
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into an equivalent 2-phase system with two orthogonal axes (d- and q-axes), where θ is the
electrical angle of the rotor and id/q are the transformed currents in the d/q-plane, while
ia/b/c are the physical currents of the corresponding phases. The abscissa (d-axis) aligns to the
magnetic flux and the ordinate (q-axis) is orthogonal to it, while the coordinate system is fixed
to the rotor. This leads to a static, time-independent model of the PMSM. As there is a coupling
between the d- and q-axes for a rotor angular speed ω ̸= 0, an additional decoupling network
is used. The orthogonality of the two axes allows for the independent control of the currents in
the d- and q-directions, where the d-current influences the radial force Fd and the q-current the
tangential force Fq on the rotor. Two separate proportional–integral (PI) controllers are used to
control each current component. The steering control function influences the q-component to
generate a torque at the rotor of the EPS depending on the demanded torque at the steering
wheel. The d-component is set to zero in normal mode, but it can be used for weakening the
magnetic field in the air gap of the machine. This allows for a higher angular speed of the
rotor due to the induction law. The ANC algorithm adds a signal to the current components
in the d/q-plane to stimulate the magnetic field of the PMSM and to generate vibrations. A
feedforward controller is used for ANC in order to reduce the influence on the performance
and stability of the existing PI controllers. This can be seen in Figure 2, where idr and iqr are the
reference variables for the current controllers, and the parameters Rd/q and Ld/q correspond
to the resistance and the inductance of the PMSM in the d/q-plane. The amplitude and phase
of the additional current i∗d/q to generate the compensation signal are adapted by an ANC
algorithm using a narrowband-FxLMS (NFxLMS) algorithm, which is explained in Section 2.3.
The additional currents i∗d/q are filtered using a feedforward structure to prevent the additional
compensation signal from being influenced by the current controllers. Both the dynamic
behavior of the controller and the dynamic behavior of the electrical subsystem of the PMSM
are taken into account.

Figure 1. Basic principle of the FOC [4] (©2017 IEEE).
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Figure 2. Control loop in d/q−plane. Blue box: model of the electrical subsystem of the PMSM.
Green boxes: decoupling network.

2.2. Experimental Setup

Two experimental setups were built to investigate the suitability of using an EPS motor
as an acoustical actuator for ANC. The first setup is a test bench which only consists of the
EPS motor that is extracted from the other steering components as well as the modules
needed to control the motor. This setup is used to investigate the acoustic characteristics of
the EPS motor. The second setup is a passenger car with the full EPS system.

To access the EPS motor, the original power electronics and the electrical control unit
(ECU) were replaced by prototyping devices. Both setups contain an identical schematic
structure, as can be seen in Figure 3.

As a prototyping real-time ECU, a MicroAutoBox II from dSPACE was used to run
the ANC algorithm. To ensure the primary function of the EPS, speed, torque, and current
controllers were also implemented using a FOC, as is described in Section 2.1. Furthermore,
a sine generator to generate a synthetic disturbance signal was executed on the same ECU.
This signal is used as input to a shaker to generate specific structure-borne noise.

A 3-phase inverter board was used to drive the EPS motor, while the pulse width
modulation (PWM) pattern was generated by the ECU using a space vector modulation
(SVM) [13]. The current was measured in every phase using a shunt resistor. The EPS motor
was an unmodified PMSM as it is used in series applications. It is shown in Section 2.3 that
the acoustical transfer function includes nonlinear components. The acoustic sensors and
data acquisition systems are described as follows:

• Acoustic Sensors:

– Accelerometers: To measure the structure-borne noise level, a PCB Piezotronics
triaxial accelerometer is used. It has a linear frequency range from 2 Hz to 6 kHz.
Its sensitivity is 1.02 mV/(m/s2).
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– Microphones: The airborne level is measured using a 1/2” condenser microphone
mafufactured by Microtech Gefell GmbH (07926 Gefell, Germany). It has a linear
frequency range from 20 Hz to 10 kHz. Its sensitivity is 50 mV/Pa.

• Measurement Systems:

– PAK MK II: A frontend MK II with highly sensitive measurement inputs from
Müller-BBM is used for acoustic data acquisition. Its measurement inputs support
the IEPE standard with a 24-bit resolution in the measuring range ±1 V.

– SQuadriga II: For acoustical data acquisition during test drives, a SQuadriga II
mobile recording and playback system from HEAD acoustics is used. The inputs
with a 24-bit resolution are used in the measuring range ±2.83 V.

All results presented in the following sections were generated with the experimental
setups described above.

Linienbreite: 1 pt.
Tex Schriftgröße: 14 pt.

Figure 3. Schematic overview of the experimental setup. i∗ is the output of the ANC Algorithm. Red
box: Measurement device.

2.3. Active Noise Cancellation

To compensate for harmonic disturbance noise with a known frequency, the phase and
amplitude of the generated compensation signal have to be adapted. As the EPS motor is not
an ideal acoustic actuator, the acoustic transfer path is nonlinear. Hence, higher harmonics
are generated when using a sinusoidal input signal. In this section, the control algorithm is
explained, and different methods to reduce the higher harmonics are investigated.

2.3.1. ANC Algorithm

A widespread adaption scheme for tuning the amplitude and phase of the generated
vibrations in ANC applications is the least mean squares (LMS) algorithm [14]. The basic
idea is to use a gradient-based method to minimize the instantaneous squared error e2(n) at
an error sensor. Ref. [6] proposed the so-called filtered-x-LMS (FxLMS) algorithm with an
additional filter in the cancellation path of the adaptive filter. The focus of this study is to
reduce a harmonic disturbance signal at the driver’s ears using the EPS motor. Therefore, a
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narrowband FxLMS (NFxLMS) algorithm was used to adapt the amplitude and phase of the
generated compensation signal, as proposed by [5]. This section provides an introduction
to the NFxLMS algorithm. It could be used to reduce tonal disturbances and to identify
the amplitude and phase of the transfer path from the filter’s output to the error sensor at
a specific frequency. Figure 4 shows the block diagram of the NFxLMS algorithm. Here,
the error signal E(z) is the superposition of the compensation signal S(z)Y(z) and the
disturbance signal D(z) and can be described by

E(z) = D(z)− S(z)Y(z). (2)

Y(z) is the output of the adaptive filter and S(z) is the so-called secondary path, which
represents the transfer function between the filter’s output and the error sensor.

−

Figure 4. Block diagram of the NFxLMS algorithm to reduce a tonal disturbance signal d(n).

It is assumed that the angular frequency ωdist of the harmonic disturbance signal
d(n) is well known. For the reduction of harmonic disturbance of the combustion engine
(typically an integer multiple of the engine frequency), the engine frequency ωe can be
obtained from the crankshaft tachometer and is multiplied by the required order number
k (integer value), yielding ωdist = k · ωe. With the knowledge of the frequency of the
disturbance signal, it is possible to generate the two harmonic reference signals

x1(n) = sin(ωdistnh) (3)

and

x2(n) = cos(ωdistnh) (4)

where h is the sample time of the ANC algorithm. The output signal y(n) is calculated by
the addition of the weighted reference signals:

y(n) = w1(n) sin(ωdistnh) + w2(n) cos(ωdistnh)

= G(n) cos(ωdistnh + Φ(n)) (5)

with

G(n) =
√

w2
1(n) + w2

2(n) (6)
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and

Φ(n) = −arctan
(

w1(n)
w2(n)

)
(7)

The filter weights wi, i = 1, 2 are updated according to

wi(n + 1) = wi(n) + 2µx′i(n)e(n) (8)

in order to adapt the phase and amplitude of the signal S(z)Y(z) so that it becomes equal
to the signal D(z). The signal x′i(n) describes the convolution of the signal xi(n) with the
impulse response of a model of the secondary path Ŝ(z) that should be as accurate as
possible. The factor µ is the step size and influences the convergence time as well as the
stability of the algorithm. For narrowband applications, the following stability condition
has to be fulfilled [10]:

|1 − 2µŜ∗(ejωdisth)S(ejωdisth)| < 1 (9)

Here, Ŝ∗(ejωdisth) is the complex conjugate of the estimated secondary path at a specific
frequency ωdist. The accuracy of the estimated transfer function Ŝ(z) is of significant impor-
tance, as model errors may lead to the performance degradation or even instability of the
system (see, e.g., [6,15–18]). If the absolute value of the phase error between the secondary
path S(z) and its estimate model Ŝ(z) is larger than |π

2 |, the algorithm may become unstable.
As shown in [19], adaptive algorithms performing in the time domain could become unstable
even for phase errors below |π

2 |. In many applications, the secondary path includes time
variant parameters. Therefore, it is important to identify the secondary path in sufficiently
short time intervals depending on the rate of change of these parameters.

Figure 5 shows the variation of the secondary path’s phase at various frequencies for
a temperature of the combustion engine in the test vehicle rising from 30 to 85 degrees
Celsius in about 20 min. The identification was performed at discrete frequency points in
the interval from 50 Hz to 310 Hz. The step size between two identification points is 20 Hz.
It can be seen that the secondary path phase changes up to 90◦ during the measurement.

frequency [Hz]
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°

]

minimum

median

maximum

Figure 5. Phase information of the secondary path in a temperature range of the combustion engine
from 30 to 85 degrees Celsius. Green bar: minimum value of the identified phases. Black bar: median
value of the identified phases. Red bar: maximum value of the identified phases.
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As the accuracy of the estimated transfer function Ŝ(z) can be influenced by uncor-
related noise, the secondary path estimation can be seen in Figure 6 with and without a
running combustion engine. In Figure 6, it can be seen that the influence of the uncorrelated
noise due to the combustion engine affects the secondary path estimation. This may lead
to performance degradation. As the phase errors is below |π

2 |, the algorithm will not
become unstable.
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with combustion engine
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Figure 6. Identified secondary plant with and without running combustion engine.

To identify the secondary path at discrete frequency points, only small changes to the
proposed NFxLMS algorithm are necessary (Figure 7).

−

Figure 7. Block diagram of the NFxLMS algorithm for online system identification.
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The secondary path is stimulated by the reference signal x1(n). The filter weights are
adapted using the presented adaption scheme to minimize the instantaneous squared error
e2(n). With the assumption that the algorithm is stable and no disturbances occur, the error
e(n) becomes equal to zero. As there is a fixed relationship between the reference signal
x1(n) and the filter’s output signal y(n) and with

e(n) = y(n)− s(n) ∗ x1(n) = 0 (10)

the phase and the amplitude of the secondary path can be calculated using Equations (6)
and (7).

Figure 8 illustrates the frequency spectrum of the A-weighted airborne noise level
measured at the driver’s ears. The black line shows a tonal disturbance signal with a
frequency of 170 Hz generated by a shaker mounted at the front axle carrier (Figure 9).
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NFxLMS active

Figure 8. Sound pressure level (SPL), A−weighted at right driver ear. Black line: only disturbance
signal (170 Hz). Red line: active NFxLMS [4] (©2017 IEEE).

The red line shows the frequency spectrum after the FxLMS algorithm has converged.
It can be seen that it is possible to reduce the harmonic error signal at a frequency of 170 Hz
using the introduced control structure after identifying the secondary path. Here, the
reduction of the disturbance signal at 170 Hz is approximately 35 dB. However, an EPS
system contains several nonlinear elements. Therefore, a harmonic excitation of the EPS
motor produces, in addition to the first harmonic at 170 Hz, several higher harmonics at
the error sensor due to the described nonlinear distortions. The increase in the level of
some higher harmonics is approximately 40 dB. Consequently, there is no improvement
in the subjective hearing experience because of the additional higher harmonics. This is
the reason for using different methods to reduce the higher harmonics at the error sensor,
which are described in the following subsections.
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shaker

Figure 9. Location of the shaker in the test vehicle.

2.3.2. Reduction of the Higher Harmonics

This section deals with the nonlinear distortion behavior of the EPS system considered
as the acoustical actuator. The NFxLMS algorithm, which is described in Section 2.3.1,
is a narrowband algorithm. For a compensation of the harmonic disturbance signal, a
harmonic compensation signal is also needed. Common vehicle ANC systems use the
electrodynamic speaker from the multimedia system as a compensation actuator. Typical
electromagnetic speakers have a low harmonic distortion (<1%) in the defined working
frequency range, and thus higher harmonics of the fundamental frequency signal are not
noticeable. If an EPS system is used as the acoustic actuator, the acoustic behavior is not
known at first. Therefore, a system identification was accomplished by generating a sine
sweep signal on the desired iq current. The system response was detected by measuring
the radial acceleration on the motor housing. The results are shown in Figure 10.

The highest signal amplitude is given by the fundamental frequency of the sine sweep.
But higher harmonics are also clearly identifiable as well as subjectively noticeable. These
higher harmonics dominate the frequency range up to 2 kHz and are called overtones. This
is also a highly sensitive area of the human auditory system. The frequency of the n-th
overtone fo,n is given by

fo,k−1 = k · f0 (11)

while f0 is the frequency of the excitation signal and k ≥ 2 is an integer. If harmonic signals
are compensated for by the EPS system, higher harmonics are still noticeable, which may
not lead to any subjective improvements during the compensation.

In addition to the excitation signal and the overtones, a constant frequency component
can be seen at about 3100 Hz in Figure 10. It is independent of the excitation frequency.
This is a resonant frequency of the EPS motor, which is excited by the current controller.
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fundamental frequency 

1. overtone

2. overtone

3. overtone

Figure 10. Auto power spectrum of the motor housing acceleration (radial component) during sine
sweep stimulation. Abscissa: Actual sine sweep frequency (lin. scale). Ordinate: Frequency of the
acceleration (log. scale). Applicate: Acceleration amplitude given by different colors (see bottom line).

Higher Harmonics Reduction Method 1: Filter Weight Limitation
Trial Hypotheses

The NFxLMS, in general, minimizes the instantaneous squared error signal e2(n). This
means that a disturbance signal with a high amplitude will be canceled by a corresponding
compensation signal with a high amplitude as well. It is assumed that a lower signal amplitude
of the compensation signal y(n) will result in a lower harmonic distortion of the compensation
signal. In practice, a partially compensated disturbance signal can also be useful if masking
effects of other signals are available (e.g., broadband noise from wind or tires).

To study the trial hypotheses, a testing setup (see Figure 11) was assembled. The
PMSM test rig was mounted on a solid structure. In this structure, a harmonic disturbance
signal was induced by a modal shaker. The error signal was detected by an IEPE-ready
accelerometer on the solid structure. After determining the secondary path, several har-
monic signals with the same amplitude were canceled on the error position. Following
that, the error signal was monitored during a stepwise limitation of the filter weights
w(n) = [w1 w2]

T . The filter weight limitation was implemented as proposed by [20,21]:

wunlim(n + 1) = w(n) + µe(n)x’(n)

A(n + 1) =
√

wT
unlim(n + 1)wunlim(n + 1)

w(n + 1) =

{
wunlim(n + 1), if A(n + 1) ≤ Amax

wunlim(n + 1) Amax
A(n+1) , if A(n + 1) > Amax

(12)

The idea is to limit the amplitude of the harmonic compensation signal by Amax but
to keep its phase (given by the quotient of w1 and w2), which in the optimal case should
be shifted by 180 degrees compared to the harmonic disturbance signal. Figure 12 shows
the results of structure-borne noise compensation for two frequencies. The amplitude of the
compensation signal A(n) is limited by Amax. The amplitude of the fundamental frequency
component and the overtones of the acceleration signal are shown in Figure 12 at different
values of Amax, while Amax corresponds to the maximum amplitude of the motor currents
i∗d/q, which are generated by the ANC algorithm (see Figure 2). Both diagrams show that
the overall error signal decreases with increasing filter weight limitation. To a certain point,
the fundamental signal dominates the overall signal. But the odd harmonics 3, 5, and 7
also increase. At maximum filter performance (see the right-hand side of the abscissa), the
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fundamental signal is compensated for, but the amplitudes of the higher harmonics are high.
In the 200 Hz compensation mode, the overall signal is even dominated by the harmonic
distortion from a limitation of Amax = 2.5. This observation at several signal frequencies
fulfills the trial hypotheses. The filter amplitude limitation leads to a lower level of the
overtones, generated by the PMSM. Therefore, by using this idea, a compromise between
the degree of compensation and the amount of distortion (generation of overtones) may be
found. As in many applications, a disturbance reduction of 5–10 dB already yields a significant
acoustic improvement; this method allows for the ANC to be stopped at a certain extent in
order to avoid a further excitation/generation of overtones in the PMSM.

Figure 11. Experimental confirm all. setup: PMSM (2), shaker (3), and acceleration sensor (4) attached
to the mounting plate (1).



Acoustics 2024, 6 742

overall acceleration

fundamental frequency

3rd overtone

5th overtone

7th overtone

overall acceleration

fundamental frequency

3rd overtone

5th overtone

7th overtone

Figure 12. Error sensor signal e(n) over filter weight amplitude limitation Amax. Left: compensation of
a 160 Hz disturbance signal. Right: compensation of a 200 Hz disturbance signal. Zero means no filter
performance. The fundamental signal and the harmonics are bandpass filtered with a bandwidth of
10 Hz.

A method to actively reduce the higher harmonics with a parallel version of the FxLMS
algorithm is presented in the next section.

Higher Harmonics Reduction Method 2: Parallel NFxLMS Controller

In some situations, the airborne noise level of masking effects is not enough to mask
the higher harmonics when using the proposed Filter Weight Limitation. Therefore, an
active method to reduce the higher harmonics is presented in this section.

In [22], a set of multiple FxLMS algorithms were used to reduce broad-band low-
frequency noise in a tractor cabin. In [10,23,24], a nonlinear adaptive controller for the
attenuation of harmonic disturbances was presented, which acts in the frequency domain.
The adaption scheme proposed in this section uses the weak coupling of the single harmon-
ics of the EPS motor (when used as an acoustic actuator) to adapt the coefficients of a set
of parallel NFxLMS controllers in the time domain. Without loss of generality, a discrete
time description is provided to show the steady-state behavior of the secondary path, as
the controller acts in the discrete time domain. It is assumed that the sample time h is
small enough to prevent aliasing effects and the sampled signals describe the steady state
behavior of the secondary path in an accurate way. It has already been shown in [10,23,24]
that the steady state error signal e(n) can be written as

e(n) = ℜ
{

∞

∑
k=1

êk · ej(k·ωdistnh)

}
(13)

using the real part ℜ(·) of an infinite series of complex harmonic components (Fourier
series), as the nonlinear plant produces a periodic output. The excitation signal y(n) can
also be described using a Fourier series:

y(n) = ℜ
{

∞

∑
k=1

ŷk · ej(k·ωdistnh)

}
(14)

So, the steady-state behavior of the error signal can be completely described by

e(n) =d(n)−ℜ
{[

ej(1·ωdistnh) ej(2·ωdistnh) . . .
]
S[

ŷ1 ŷ2 . . .
]T

}
(15)
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where

d(n) = ℜ
{

d̂ · ej(ωdistn)
}

(16)

is the harmonic disturbance signal. The matrix S describes the influence of the harmonic
excitation terms ŷk · ej(k·ωdistnh) on the harmonic terms of the error sensor and has an infinite
number of entries in general:

S =

S11(ej·1·ωdisth) S12(ej·1·ωdisth) . . .
S21(ej·2·ωdisth) S22(ej·2·ωdisth) . . .

...
...

. . .

 (17)

a finite number of harmonics are considered to approximate the steady state behavior
of the secondary plant. Furthermore, the non-diagonal elements, which describe the
coupling between the harmonics with different frequencies, can be neglected if they are
weak compared to the diagonal elements. So, the acoustical steady state behavior of the
secondary path can be approximately described by the diagonal matrix

Sapp =
S11(ej·1·ωdisth) 0 . . . 0

0 S22(ej·2·ωdisth)
. . .

...
...

. . . . . . 0
0 . . . 0 SNN(ej·N·ωdisth)

 (18)

for N harmonics. Additionally, the higher harmonics can be formally assigned to the
disturbance signal

dapp(n) = ℜ
{

N

∑
k=1

d̂app,k · e(j·kωdistnh)

}
(19)

Using these assumptions, the error signal e(n) becomes

e(n) = dapp(n)−ℜ
{

ŷ1ej(1·ωdistnh)S11(ej·1·ωdisth) + · · ·+

ŷNej(N·ωdistnh)SNN(ej·N·ωdisth)
}
=

ℜ
{
(d̂app,1−ŷ1S11(ej·1·ωdisth))ej(1·ωdistnh) + · · ·+

(d̂app,N−ŷNSNN(ej·N·ωdisth))ej(N·ωdistnh)
}

(20)

The phase and the amplitude of every considered harmonic in the compensation signal
ℜ
{

ŷkej(k·ωdistnh)Skk(ej·k·ωdisth)
}

are being adapted to be ideally equal to the corresponding

harmonic in the disturbance signal ℜ
{

d̂app,ke(j·kωdistnh)
}

in order to minimize the instan-
taneous squared error of the N harmonics. So, the controller output signal y(n) can be
synthesized using a finite set of harmonic signals with different magnitudes and phases.
This is performed by using a parallel version of the FxLMS to reduce the disturbance
signal at the fundamental frequency as well as the higher harmonics. As the frequency of
each harmonic signal is an integer multiple of the fundamental frequency ωdist, which is
assumed to be well known, the structure of the parallel narrowband FxLMS (PNFxLMS)
algorithm shown in Figure 13 is used.
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−

Figure 13. Block diagram of the parallel narrowband FxLMS with N parallel ANC controllers (see
Figure 4).

Considering the assumptions above, each individual controller can be seen as a decen-
tralized feedforward controller for one harmonic (Figure 14), as there is almost no influence
on a controller due to unreferenced harmonic signal components if the convergence factor
µ is small enough [25]. In this case, each part of the secondary path Sii(ej·i·ωdisth) can be
identified by using the identification scheme described in Section 2.3.1.

As can be seen in Figure 15, the higher harmonics can be clearly reduced by using the
parallel form of the NFxLMS algorithm. It is not necessary to actively reduce more than
four harmonics to improve the subjective acoustic impression at the driver’s ear since the
electromechanical system of the test vehicle shows low pass characteristics.

−

Figure 14. Block diagram of the decentralized parallel narrowband FxLMS.
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Figure 15. SPL, A-weighted at driver’s ears. Red line: active NFxLMS (170 Hz). Green line: active
PNFxLMS. Blue line: active PNFxLMS + combustion engine at 800 rpm.

This knowledge leads to two ways to deal with the harmonic distortion:

• Dependency of the compensation level on the noise level: this can be more sensitive
during traffic light phases, for example, than during highway driving and high interfer-
ence levels. The noise level and the associated filter limitation could be implemented
in a control unit in the form of a lookup table.

• Compensation of the higher harmonics due to a parallel form of the FxLMS algorithm:
several adaptive filters will be connected in parallel to reduce the dominating harmonics.

3. Results

In this section, the ANC algorithm is investigated under real conditions, while the
proposed active method is used to reduce the higher harmonics. In a first step, a synthetic
disturbance source was used to excite the front axle carrier with a tonal vibration with
constant frequency, which leads to an airborne noise disturbance in the driver’s cabin. The
first case was to show the effectiveness of the ANC algorithm during a real steering situation.
The second step was to reduce the harmonic disturbance signal of the combustion engine
instead of the synthetic disturbance signal while the vehicle is not moving. Furthermore, the
reduction in a real combustion engine disturbance was investigated at different positions in
the driver’s cabin. The chosen frequencies of the disturbance signals were between 155 Hz
and 175 Hz, as there is poor isolation in the acoustical transfer path from the disturbance
source to the driver’s cabin, and so motor orders are clearly audible while the fourth order
is dominant. This can be seen in Figures 16.
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Figure 16. A-weighted sound pressure level at the driver’s ear over the speed of the combustion
engine. Solid line: left ear. Dashed line: right ear.

3.1. Constant Synthetic Disturbance Source

To create reproducible conditions, a modal shaker mounted at the front axle carrier
(Figure 9) was used to excite the mechanical structure of the test vehicle with a constant
harmonic vibration. This resulted in an airborne disturbance in the driver’s cabin. Therefore,
it was possible to investigate disturbance noises, such as cavity noise (which naturally
only occur at higher velocities of the passenger car) under laboratory conditions at slower
speeds. This was necessary because the functional safety of the steering system, which is a
safety-critical system, cannot be fully guaranteed with the control algorithm used for the
EPS motor.

Figure 17a shows the airborne noise level at the driver’s ears. The measurement
was performed using a headband microphone while reducing the instantaneous squared
error at an error microphone placed at the headrest of the driver seat. The signal shown
in Figure 17a was filtered with a bandpass filter with a center frequency of 170 Hz. At
approximately 13 s, the ANC algorithm was switched on. It can clearly be seen that there
was a significant reduction in the airborne noise level at both of the driver’s ears. This
led to a considerable improvement in the subjective hearing experience, since the higher
harmonics could be reduced with the described methods and there is a broadband acoustical
masking due to the combustion engine and rolling noises. The reduction in the airborne
noise level at the left ear was lower than the reduction at the right ear. This is because
the error sensor was mounted on the left side of the headrest, and so the left headband
microphone was closer to the error sensor. The experiment shows the effectiveness of the



Acoustics 2024, 6 747

ANC algorithm during a real steering procedure. In Figure 17b, the actual vehicle speed as
well as the steering wheel angle during the measurement procedure are illustrated.
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Figure 17. ANC during sinusoidal change in the steering wheel angle and increasing vehicle speed.
(a) Sound pressure level at the driver’s ears. (b) Vehicle speed (red) and steering wheel angle (blue).

3.2. Reduction in Combustion Engine Order

In the second case, the harmonic order of the real combustion engine was canceled
using the ANC system. The number of revolutions of the engine was nearly constant at
about 2380 rpm, which corresponds to about 40 Hz. At this frequency, the fourth order of
the combustion engine is dominant. Figure 18 shows that the dominant order at the driver’s
ears was clearly reduced using the ANC algorithm. The actual number of revolutions of
the engine was read from a vehicle bus system to provide the actual frequency of the fourth
engine order to the algorithm, while the sample frequency of the signal was 25 Hz. This is
sufficient as the throttle position is constant for the described measurement.

cancelled order cancelled order

1 2 3 4 5 6 81 t/s 1 2 3 4 5 6 81 t/s
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O/Order
5

4

3

2

1
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Figure 18. ANC of the fourth order of the combustion engine at the driver’s ears.
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Sometimes, there are more people inside a car. Therefore, the airborne noise level was
measured at different positions. For this purpose, microphones were installed on the four
passenger seats (front left, front right, back left, back right) (Figure 19). The error signal
was generated by just one microphone at the driver’s ear. There are two reasons to use only
one of the microphones as an error sensor instead of using a combined error signal of the
microphones at different position. First, the control structure is simpler when using only
one sensor. The main reason is that additional sensors lead to an increase in the production
costs of vehicles, and so the number of sensors was kept to a minimum here.

Figure 19. Measurement positions in the test vehicle. Red dots: measurement positions. Blue
dot: error sensor for the ANC algorithm.

In Figure 20, the A-weighted sound pressure level (SPL) of the fourth order of the
combustion engine at these positions is plotted.

Before closing the control loop, the considered engine order is clearly audible at every
position, while the SPL is in the range from about 31 dB at the left side of the rear row of
the seats up to about 44 dB at the driver’s left ear. It can be seen that there is a reduction
at all positions. The highest reduction is visible at the error sensor and at the driver’s left
ear. At the positions in the back part of the driver’s cabin, the sound pressure level of the
fourth order of the combustion engine is lower than in the front part in general. While the
reduction at the front seats is higher on the left position, the reduction at the back seats is
higher on the right-hand side. Table 1 provides a short overview of the sound pressure
level of the considered engine order. The averaged values for the closed control loop and
for the open control loop are given along with the difference in both values. The overall
result is positive, since there is a reduction in the fourth order of the combustion engine at
every measured position in the interior of the test vehicle using only one error sensor and
one compensation actuator.
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Figure 20. Sound pressure level of the fourth order of the combustion engine while activating the
ANC algorithm at about 3 s.

Vibrations at the steering wheel are not subjectively perceptible at the magnitudes used
here for the amplitude of the compensation signal at a frequency of 160 Hz due to the low-
pass characteristic of the steering system. This was confirmed by several subjective tests.

Table 1. Averaged amplitude reduction of the fourth order of the combustion engine at several
passenger positions.

Position ANC Deactivated ANC Activated Reduction

error sensor 44.4 dB(A) 29.6 dB(A) 14.8 dB(A)

driver’s seat
left 44.1 dB(A) 31.8 dB(A) 12.3 dB(A)

right 37.3 dB(A) 29.9 dB(A) 7.4 dB(A)

front right 42.5 dB(A) 38.4 dB(A) 4.1 dB(A)

back left 31.4 dB(A) 31.1 dB(A) 0.3 dB(A)

back right 35.0 dB(A) 26.1 dB(A) 8.9 dB(A)

It should be mentioned that a reduction in a disturbance noise at the location of the
error sensor in other frequency ranges may lead to an increase in the disturbance noise
at one or more measurement positions. For example, the reduction in the airborne noise
level of the fourth engine order at an engine speed of about 2100 rpm at the chosen error
sensor leads to an increase in the airborne noise level of the fourth engine order at the
measurement position at the right passenger seat in the front part of the car. For this
reason, in future studies, other sensor positions will be investigated to achieve a reduction
in dominating orders of the combustion engine in a larger frequency range. Furthermore,
the proposed method will be extended for transient engine speed by using an approach
explained in [26]. Thus, the method proposed here can be extended to the reduction in
transient noise.



Acoustics 2024, 6 750

This section shows that it is possible to use the EPS motor to reduce a harmonic
disturbance from the combustion engine in the driver’s cabin. The next subsection deals
with the power needed for the shown reduction and the increasing temperature as a result
of the additional excitation of the EPS motor due to the ANC algorithm.

3.3. Energetic Considerations

As it can be seen in Section 3.1, it is possible to reduce a harmonic disturbance of the
combustion engine in the interior of a passenger car. The harmonic excitation of the EPS
motor requires additional energy for the generation of the compensation signal. In this
subsection, the energetic considerations are discussed. For this purpose, the current and
the voltage were measured while reducing an order of the combustion engine as described
in Section 3.1. As measurement quantities, the input current iinv(n) as well as the voltage
uinv(n) at the connection terminals of the inverter board were chosen. To calculate the
additional power, the measurement was performed in two steps. First, the quantities
were measured while the ANC algorithm was deactivated (Figure 21, left). The second
measurement was performed after the ANC algorithm had been activated and the filter
coefficients had converged (Figure 21, right). The current power

Pcurr(n) = uinv(n) · iinv(n) (21)

and the mean power

Pmean =
1
N

·
N

∑
n=1

Pcurr(n) (22)

are plotted in Figure 21.
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Figure 21. Electrical power required by the EPS motor and inverter board. Left: ANC algorithm
deactivated. Right: ANC algorithm activated.

It can be seen that the additional required mean power due to the ANC algorithm is
Padd = Pmean,cl − Pmean,ol = 2.17 W − 1.65 W = 0.52 W, where Pmean,ol is the mean power
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without the ANC algorithm and Pmean,cl is the mean power after the filter weights of the
ANC algorithm have converged.

A procedure as described below was chosen to investigate the impact on the surface
temperature of the EPS motor due to the additional excitation by the ANC algorithm:

1. The procedure described in the previous section is used to determine the amplitude
of the ANC algorithm needed to cancel the order of the combustion engine. After the
ANC algorithm has converged, the values of the constant filter weights are stored.
The output amplitude can be calculated using Equation (6).

2. To eliminate the thermal impact due to the combustion engine, the ANC algorithm is
replaced by a harmonic signal with the calculated amplitude and a constant frequency.
Therefore, it is possible to stimulate the motor with a realistic signal without using an
error signal.

3. Since the ambient temperature is also not constant and to obtain an identical dynamic
behavior of the temperature without the ANC function, a second EPS motor of the same
type is placed near the stimulated one, while the surface temperature is also measured.

The results are shown in Figure 22. The surface temperature of the stimulated EPS
motor as well as the ambient temperature can be seen. The resulting temperature increase
due to the additional excitation is calculated by subtracting the ambient temperature from
the surface temperature of the compensation actuator. It can be seen that the temperature
rise due to the ANC function is about 1.3 K after 3 h.
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Figure 22. Temperature rise of the EPS motor surface due to the activated ANC function.

4. Conclusions

The aim of this study was to conduct a feasibility analysis of using an EPS motor
for ANC applications under real conditions. The ANC function, which is based on the
narrowband FxLMS algorithm, was executed in addition to the primary function by the EPS
motor. A feedforward structure was used in order to avoid influence on the performance
and stability of the steering control system. Higher harmonics resulting from nonlinearities
in the acoustic transfer path could be reduced by using different methods. As one method,
the filter weights and thus the amplitude of the output signal were limited. As a second
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method, a parallel form of the narrowband FxLMS was used. It is shown that it is possible
to reduce a synthetic harmonic disturbance noise with a constant frequency generated by
a shaker mounted at the front axle carrier during a real steering situation in the driver’s
cabin. Furthermore, an order of the combustion engine at a nearly constant engine speed
was reduced, while the additional required mean power was 0.52 W and the increase in the
temperature was only 1.3 K after 3 h. Due to the low power consumption and the already
installed hardware in most modern passenger cars, except for the error sensor, it is possible
to use the proposed method to improve the NVH characteristics of a passenger car in an
economic way.

Future studies will focus on the reduction of time-varying harmonic disturbances of
the combustion engine. Therefore, it is necessary to measure the frequency and the angle
of the combustion engine accurately, and the nonlinear transfer path of the EPS system
has to be known in a larger frequency range. Further investigations will be conducted to
obtain an accurate model of the linear and nonlinear behaviors of the EPS system within
the required frequency range. It is also planned to use acceleration sensors placed at the
structure of the vehicle instead of the error microphone in the driver’s cabin.
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