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Abstract: In turboprop aircraft, the low-frequency noise field created by the propellers is the major
contributor to the interior vibro-acoustic field, which determines a passenger’s discomfort. This
paper deals with the experimental assessment of an active noise control (ANC) system for cabin seat
headrests using two loudspeakers placed on both sides of the passenger’s head to create a local zone
of quiet around the passenger’s ears. To deal with time-varying disturbances, the developed ANC
system utilized a two-input-two-output filtered-X LMS algorithm developed in MATLAB/Simulink
and implemented on a DSPACE control board to drive the secondary speakers and cancel the
unwanted low-frequency noise components. The performance of the active headrest was investigated
through real-time experimentation involving sensors, actuators, and electronic devices. The test
results showed that up to approximatively 20 dB of sound attenuation could be realized in the
passenger’s ears over a narrowband sound field replicated under laboratory conditions. Such
achievements represent an excellent starting point toward practical applications in the design of more
comfortable and acoustically efficient aircraft cabin seats.

Keywords: active noise control; cabin seat; ANC tests; sound intensity map; comfort bubble

1. Introduction

Active noise control occurs via destructive interference in a given location between
a sound field generated by a disturbance source and a controlled secondary source [1].
This technology has proven to be highly effective when dealing with low-frequency noise,
and offers multiple benefits in environments where passive treatments are bulky and
impractical due to weight penalties [2].

In turboprop aircraft, cabin noise is widely recognized as a major cause of a passenger’s
discomfort [3]. Low-frequency discrete tones occurring at integer multiples of the blade
passing frequency (BPF) dominate the cabin interior noise by affecting passengers’ comfort
perception during aircraft flight. Practical feedforward controllers, using a multichannel
generalization of the well-known LMS adaptive algorithm, have been developed in the
literature to reduce the propeller-induced noise in turboprop aircraft cabins [4,5]. After its
first application by Morgan [6] and its independent use by Widrow [7], the filtered-X LMS
algorithm has been widely used for active noise control applications due to its robustness
and simplicity of implementation. Successful experiments were conducted on a Saab
2000 turboprop aircraft by using a number of secondary loudspeakers mounted on the
trim panels and at foot level [8]. Nowadays, similar solutions are in service within the
Bombardier Q-Series Dash 8 and the Raytheon Beech King Air 350 and are optional for
other turboprop and business jet cabins. Similarly, Elliott et al. demonstrated active engine
noise control in 1988 [9]. A few years later, the authors extended automotive active control
to the road noise control problem [10]. Today, the car industry offers ANC solutions to
provide an improved level of interior comfort and driving experience in luxury cars [11].

Appl. Sci. 2022, 12, 5610. https://doi.org/10.3390/app12115610 https://www.mdpi.com/journal/applsci

https://doi.org/10.3390/app12115610
https://doi.org/10.3390/app12115610
https://creativecommons.org/
https://creativecommons.org/licenses/by/4.0/
https://creativecommons.org/licenses/by/4.0/
https://www.mdpi.com/journal/applsci
https://www.mdpi.com
https://orcid.org/0000-0002-1360-559X
https://orcid.org/0000-0003-4503-4151
https://doi.org/10.3390/app12115610
https://www.mdpi.com/journal/applsci
https://www.mdpi.com/article/10.3390/app12115610?type=check_update&version=2


Appl. Sci. 2022, 12, 5610 2 of 12

The effectiveness of active noise cancelling of the primary noise depends upon three
physical concepts: spatial extent, frequency bandwidth, and coherence of signal [12].
The majority of ANC applications rely on feedforward control strategies (either pure
feedforward or combined with feedback). The feedforward signal is either taken from a
specific sensor (usually an accelerometer in active vibration control [13,14] or a microphone
in active noise control [15,16]) or extracted from the fundamental disturbance frequency.
Additionally, adaptive control strategies are ideal when the primary disturbance acting
upon the system becomes time-varying in terms of frequency content, amplitude, and
phase. In this case, adaptive filters are used to track these variations and the resulting
unknown plants. However, although adaptive control algorithms work well in laboratory
conditions, critical issues such as convergence speed, step size tuning, and stability may
affect overall system performance and prevent their wide use in practical applications.

Modern active noise control systems take advantage of digital signal processing [17].
The control algorithms are implemented on real-time platforms that support a broad range
of controller specifications, data acquisition, and plotting features. The control performance
is then assessed by comparing acoustic metrics, mainly sound pressure level (SPL), insertion
loss, and sound transmission loss, achieved by comparing the active control versus the
original uncontrolled counterpart.

The performance of local active headrest systems has been thoroughly investigated
by a number of authors in both tonal and broadband sound fields [18–22]. Additionally, a
number of virtual sensing algorithms have been developed to shift the zone of quiet to a
virtual sensor located at the observer’s ear, as first proposed by Elliott and David [23] and
more recently implemented by Xiao et al. [24] by using a laser Doppler vibrometer.

Within the framework of the Clean Sky 2 Airframe ITD, the CASTLE project is aimed
at delivering low-noise technologies to improve the cabin acoustic comfort of regional
turbo-prop aircraft. ANC is deemed as one of the main KPIs to advance passengers’ well-
being. This technology is being developed and validated up to Technological Readiness
Level (TRL) 4 through dedicated experimental campaigns performed at the component
level. Numerical assessments are also envisaged at a full-scale level for a digital aero-vibro-
acoustic model of an actual aircraft cabin, including the modeling of both the external
disturbances and the primary and secondary components [25–27].

In this paper, the practical implementation of an active headrest system for aircraft
cabin seats is presented. The concept is based on the use of a pair of speakers integrated
into the headrest of a passenger seat and located on both sides of the passenger’s head
to attenuate certain low-frequency tonal noise components, thus creating a local zone of
quiet (comfort area) around the passenger’s ears. The work focuses on the experimental
activities executed on a mock-up of a cabin seat equipped with the ANC headrest system
to investigate the technological potential of this local noise-cancelling solution in a repre-
sentative acoustic field. The active noise control logic is implemented on a laboratory DSP
control system and associated hardware is tested by simulating the propeller-induced noise
of a turboprop aircraft in a reference environment.

2. ANC Headrest System

The zone of quiet in a diffuse sound field has been extensively studied in the liter-
ature [28–30]. Elliott et al. [31] investigated the spatial extent of the zone of quiet while
controlling pressure with a remote secondary source in a pure tone diffuse sound field.
It was defined by a sinc function, with the primary sound pressure level attenuated by
10 dB over a region size of about one-tenth of the acoustic wavelength. Elliott and Garcia-
Bonito [32] investigated the control of both the pressure and the pressure gradient in a
diffuse sound field with two secondary sources. A considerable attenuation of the primary
field can be achieved if the primary and secondary sources are positioned within half of a
wavelength of each other at the frequency of interest [33].

There are many challenges in developing an ANC headrest system that meets the prac-
tical implementation requirements commonly used in aviation. In practical applications,
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although the noise levels inside the cabin may be efficiently predicted by simplified vibro-
acoustic models, the actual characteristics of noise sources and their vibro-acoustic coupling
with the airframe and fuselage lining panels remain uncertain. Computing and hardware
costs may be also an issue, especially as a consequence of the limited size and weight
margins for instrumentation and control systems onboard. Quiet-Bubble™ technology,
developed by Silentium Ltd. [34], is an example of one of the most advanced commercial
solutions with proven efficiency in the low–medium frequency range. Such a system
offers an interesting dB/kg ratio when applied in place of passive NVH systems. This is
achieved via a multichannel algorithm that allows control of the sound field produced by
an array of counteracting loudspeakers. A detailed description of the control logics can be
found in [35]. Other examples include the systems of Ultra Electronics [36], which were
successfully tested in a passenger cabin onboard a Saab 2000 in the late 1990s to reduce the
fundamental frequency of propeller noise at 97 Hz.

In this study, a dedicated mock-up of a cabin seat equipped with integrated sensors
and actuators was investigated to demonstrate the potential of the proposed active noise
control concept under laboratory conditions. The secondary loudspeakers were placed
at the inner side of the headrest and the error microphones at the end side. The sound
pressure was minimized at the physical error signal to create a localized zone of quiet
extended to the passenger’s ears when the active noise control system was operating. The
system was conceived to actively reduce the narrowband periodic noise locally detected
by passengers through an active noise canceling function (commonly delivered by active
headsets) without the need to wear a headset.

The proposed concept is shown in Figure 1. A pair of speakers was integrated into
the seat headrest to create a local comfort area on both sides of the passenger’s head, thus
improving the passenger’s comfort perception. The monitoring microphones were located
near the aircraft headrest and used as an error signal to drive the secondary loudspeakers
through destructive interference.
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Figure 1. Active noise control from the cabin seat headrest.

Two-Channel ANC Headrest System

In this section, a general block diagram for a multichannel feedforward control is first
briefly described. After that, the developed 2 × 2 × 2 ANC headrest system, based on a
multiple-input, multiple-output (MIMO) filtered reference least mean squares (FxLMS)
algorithm, is presented.

In Figure 2, it is assumed that there are J reference signals, K secondary sources, and
M error sensors. Block S represents a matrix of M × K error paths (transfer functions from
each secondary source to each error sensor), and block W is a matrix of K × J control filters.
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The control signal of the kth secondary source can be expressed as:

yk(n) =
J

∑
j=1

wT
kj(n)xj(n) (1)

where xj(n) are the data sequences of the reference signals of length Nw

xj(n) =
[
xj(n) xj(n − 1) · · · xj(n − Nw + 1)

]T (2)

and the adaptive filter weights wkj(n) are defined as follows:

wkj(n) =
[
wkj,1(n) wkj,2(n) · · ·wkj,Nw(n)

]T
(3)

In this work, a 2 × 2 × 2 feedforward ANC system was implemented by using the
adaptive FxLMS algorithm. The structure of the multichannel feedforward ANC headrest
system is illustrated in Figure 3. It consists of two reference signals, two loudspeakers
(L1 and L2), and two error microphones (mic1 and mic2) mounted on the headrest. In
common with a single channel filtered reference algorithm, the control filter coefficients are
iteratively adjusted at every sample time by using a gradient estimate [1].

From (3), the control signals ((y1(n) and (y2(n)) fed to the secondary loudspeakers can
be calculated as follows:

y1(n) = y11(n) + y12(n) = wT
11(n)x1(n) + wT

12(n)x2(n) (4)

y2(n) = y21(n) + y22(n) = wT
21(n)x1(n) + wT

22(n)x2(n) (5)

The adaptation equation of the multiple-channel FxLMS reads:

wkj(n + 1) = wkj(n) + µ
M

∑
m=1

x’
jkm(n) em(n) (6)

where the filtered reference signal vector x’
jkm is obtained from linear convolution of the

data sequence xj(n) and the secondary path estimate ŝmk, which can be obtained by means
of system identification using adaptive finite impulse response filters.

The adaptation step size µ controls the convergence properties of the algorithm. It
is worth noting that the coefficients of each filter are independently updated by using a
weighted combination of the errors at the M sensors.
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3. Experimental Set-Up

An experimental campaign was carried out at CIRA to evaluate the proposed tech-
nology in laboratory conditions. A set-up consisting of a dummy seat with a headrest was
equipped with two monitoring and error microphones and tested within a semi-anechoic
chamber. Similar experimental conditions were also investigated in [25] to assess the
acoustic performance of two passive noise control concepts based on either a tailored
headrest shape or an innovative nanofibrous textile material. The receiving room was a
semi-anechoic chamber with dimensions of 6.5 × 5.3 × 4.2 m (volume 145 m3) and a cut-off
frequency of 70 Hz. A binaural head was also used to replicate passenger volume and
acquire reliable acoustic data at the position of the ears.

In the laboratory set-up shown in Figure 4, the noise disturbance was generated by
a dodecahedral source at 200 Hz. This tonal acoustic field was assumed to replicate the
second turboprop harmonics detected by passengers within the cabin as the primary noise
field to be cancelled. The free space next to the passenger was an approximation of the
cabin environment, whereas the two speakers on the passenger’s sides simulated the
counteracting noise field. The acoustic acquisitions were made over the entire audible
range (20–20,000 Hz). The analysis compared the acoustic field, which was recorded and
then elaborated in terms of SPL and sound intensity, with the acoustic control activated
and non-activated, at the position of the ears.

The multichannel filtered-x version of the adaptive LMS algorithm was developed in
MATLAB/Simulink to derive the optimal control signals driving the control loudspeakers.
A C code was then generated in Real-Time Workshop and implemented via a DSP control
board for real-time experiments.
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A schematic of the experimental set-up is shown in Figure 5. The dodecahedral source
emitted the disturbing noise, whereas the counteracting acoustic field was generated by
two (left and right) Pioneer TS-G1711I 17 cm dual-cone (170 Watt) loudspeakers. During all
the tests, the microphone signals were conditioned by a PCB 16 channel ICP conditioner.
Three types of acoustic sensors were used: two (left and right) 1

2 ” control microphones,
two embedded microphones in the binaural head, and one probe for sound intensity
measurements. The first couple of microphones provided the error signals processed by
the active control system. The second one was used to monitor the ANC performance in
terms of sound pressure level reduction.
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Finally, because one of the objectives of the experiments was to assess the dimension
of the quiet zones at increasing distances from the passenger, a dedicated probe, shown in
Figure 6, was used to map the sound intensity (both magnitude and direction) around the
passenger’s head.
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The sound intensity was measured by a 3D Simcenter Soundbrush system. This acous-
tic tool combines 3D sound intensity with a visualization of the sound source to provide
instant 3D visualization of the sound intensity magnitude and direction during measure-
ments. The acoustic probe contains the data acquisition unit and a color-illuminated sphere
so that its position can be determined by a tracking camera, while an inertial platform
provides a 3D orientation of the probe. In this way, the system allowed us to measure the
sound intensity vectors and map scalar sound pressure amplitudes at multiple circles of
varying radii from the same center point. A LMS SCADAS III data acquisition system was
also used to measure the acoustic signals and calculate both the primary and secondary
FRFs prior to active control system implementation.

A digital dSPACE DS1103 PPC controller board with a real-time processor and a
comprehensive I/O was used for control prototyping. The board was mounted on an
expansion box to test the control functions within the laboratory set-up. The control and
acquisition chains are detailed in Figure 7. All the programs used to acquire data and
implement the controllers were developed by using Real-Time Workshop.
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4. Experimental Results

Before applying the control, a reference acoustic field acting on the selected passenger’s
area was experimentally evaluated. The excitation level was set to about 80 dB in order to
reproduce a realistic noise level as detected by passengers within an actual aircraft cabin. By
assuming that the off-line identified plants were accurate enough to represent the behavior
of the secondary paths, the real-time levels of noise were measured and compared with
and without control.

Firstly, after recording acoustic signals for the uncontrolled case, the ANC headrest
system was separately invoked for the left and right head positions. The control system
capabilities for adaptively attenuating the primary acoustic field were experimentally
assessed on the two microphones located left and right of the binaural head. The results
are shown in Figure 8. The SPLs measured at the left and right microphones were reduced
by approximately 13 dB (left) and 9.5 dB (right), respectively, when only one of the two
speakers was alternatively activated. After that, when both controllers were activated, a
higher noise attenuation of 19.92 dB (left mic) and 17.36 dB (right mic) was achieved. The
noise attenuation results are summarized in Table 1.
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Table 1. Sound pressure levels (SPLs) at left and right ears of the binaural head when using ANC.

L and R: OFF L: ON, R: OFF L: OFF, R: ON L: ON, R: ON

Left SPL (dB) 88.13 dB 75.02 (−13.11 dB) 88.09 (−0.04 dB) 68.21 (−19.92 dB)
Right SPL (dB) 87.70 dB 86.43 (−1.27 dB) 78.28 (−9.42 dB) 70.17 (−17.36 dB)

Sound intensity measurements were also carried out in the semi-anechoic chamber
with and without control in order to characterize the sound power attenuation achieved
by the ANC system. Regions with higher sound intensity were interpreted as locations
of major perceived sound level. The active and reactive intensity levels were measured
by manually scanning a region through concentric spherical surfaces around the binaural
head. Figure 9 shows the sound intensity measured on the headrest area with and without
controller operation. The local sound intensity map with the control reached a peak of 77 dB
in correspondence with the loudspeakers. It was found that a quieter area with a volume
of 0.35 × 0.40 × 0.5 m was generated around the binaural head (Figure 10) when the ANC
system was activated. Red lobes in the vicinity of the control speakers were also visible, as
well as the transition to the quiet zone before reaching the ears of the binaural head.
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5. Discussion

The variation in the noise reduction performance provided by the developed ANC
headrest system was relatively low (below 5%), and the dimension of the comfort bubble
was seemingly suitable for practical system implementation. This achievement, which was
typically dependent upon the frequency components of the acoustic signal being cancelled,
was verified in the course of the experiments. However, one has to consider possible
changes in the acoustic paths associated with the ANC system due to the passenger’s head
movement, which were not addressed in this work. The exact impact of this assumption
cannot be clarified yet and requires more research.

The disturbing noise field was simulated by artificially generating tonal and narrow-
band disturbances, replicating the propeller-induced noise within a reference test environ-
ment under stationary and transient conditions. The primary noise was played through
a dedicated speaker placed in front of the mannequin. The system’s effectiveness was
validated using representative experiments on local active noise control under laboratory
conditions, utilizing a conventional FxLMS algorithm for multi-channel application. The
upstream reference signals were taken from the predicted primary narrowband noise acting
on the cabin passenger areas where seats are located, which was assumed to be detectable
by reference sensors that are not affected by the control field.
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However, the proposed approach was restricted to the active control of periodic or
nearly periodic noise, which is very common in turboprop aircraft cabins. The accuracy of
the amplitude and phase of the secondary sound field generated by the developed signal
processing algorithm affected the noise reduction levels, which were different for the left
and right ears when the two speakers were alternatively activated. The control performance
observed at the two microphones was also slightly different when the two speakers were
simultaneously activated.

In summary, our results demonstrated that significant noise reductions can be achieved
around a passenger’s ears with reasonable spatial variability. However, it is worth noting
that, although very promising, these sound attenuations were achieved within free-field
conditions (semi-anechoic conditions), thus neglecting the typical standing waves and
reflections occurring in actual aircraft cabins. Furthermore, it was tacitly assumed that
broadband aerodynamic noise could be separately addressed by using conventional passive
techniques. For this reason, an extensive study ahead of system implementation, which
considers broadband components up to 500 Hz of interest for the actual operation, is
recommended.

6. Conclusions

A study on an ANC headrest system mock-up was conducted to qualify the effec-
tiveness of signal processing algorithms and the related implementation techniques for
successful application onboard regional aircraft cabin seats. Although physical implemen-
tation constraints and economic considerations were not addressed in the present study,
the proposed concept showed efficiency in attenuating low-frequency noise in a controlled
environment that replicated the turboprop harmonics of a regional aircraft cabin. The
ANC scheme uses two secondary actuators (e.g., loudspeakers) to generate a secondary
sound field and two error sensors (e.g., microphones) to pick up residual noise, which
serves as the error signal for updating the adaptive filters. A head mannequin equipped
with two microphones was used to measure the noise reduction. The results showed that
the ANC headrest system achieved sound level reduction of up to 19.92 dB and 17.36 dB
at the mannequin’s left and right ears, respectively, while the error microphones were
placed at the headrest. These moderate but realistic achievements were obtained under
free-field conditions (semi-anechoic conditions) by using a representative active seat ar-
rangement. Sound intensity measurements showed an artificial comfort zone of about
0.35 × 0.40 × 0.5 m around the passenger’s head. This volume could be considered large
enough to include both the lateral and vertical head movements of a passenger, who would
therefore be able to benefit from the active noise cancelling system without the need to
wear an active headset.

Our experimental activities fully demonstrated the technical feasibility of the pro-
posed concept, opening the way for possible upscaling to TRL5 in a real cabin demonstrator.
However, implementation considerations such as system complexity, physical constraints,
and cost reduction may affect the system’s performance in practical applications. Further-
more, ANC systems on adjacent seats may induce instabilities. Although the ANC system
provides promising benefits in terms of overall noise reduction, these benefits cannot be re-
alized without causing a significant fuselage weight increase due to the massive equipment,
actuators, and sensors integrated into the cabin seats.

A comparison with other methods used in experimental and some rare commercial
systems will be made in future studies. Virtual sensing methods will also be investigated
to reposition the point of cancellation and thus increase the upper frequency of control
by using head tracking to monitor the passenger’s head movement. Numerical optimiza-
tions are also envisaged to predict active noise control capabilities at the cabin level and
compare them with the experimental data obtained within the project for passive noise
control solutions.
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Nomenclature

ITD Integrated Technology Demonstrator
CASTLE CS2 Castle project
TRL Technological Readiness Level
KPI Key Performance Indicator
CIRA The Italian Aerospace Research Centre
DSP Digital Signal Processing
TITO Two-Input, Two-Output system
FRF Frequency Response Function
FxLMS Filtered-x Least Mean Square
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