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ABSTRACT

The excessive Sound Pressure Level at the interior of air-
crafts can create very annoying flight conditions for the
passengers, as it can reach 90 dB-95 dB for some air-
craft types (e.g. tilt rotors). These acoustic disturbances,
which have low frequency components, can be success-
fully attenuated by Active Noise Control systems installed
in the seat headrests. The present work proposes a sys-
tem based on mixed error FxLMS algorithm because of its
low complexity and robustness. It is also responsible for
the mitigation of the acoustic pressure around the head-
rests of two adjacent seats, in order to save computational
resources and hardware. 3D simulations with Finite El-
ement Method and experiments in a cabin mock-up have
shown that the proposed system provides a 10 dB quiet
zone for a synthetic acoustic disturbance. It is also demon-
strated that the size of the quiet zone allows gentle head
movements while using a small number of microphones
and loudspeakers.

Keywords: noise canceling headrest, aircraft cabin, low
frequency attenuation, mixed error FxLMS.

1. INTRODUCTION

The mitigation of low frequency noise at the interior of
an aircraft’s cabin is a field where Active Noise Control
(ANC) techniques can have a significant contribution. In
propeller driven as well as in tilt rotor aircrafts, the noise
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spectra are dominated by harmonics of the Blade Passage
Frequency (BPF) [1]. Especially in tilt rotors these har-
monics, which are below 400 Hz lead to interior noise
levels that can be higher than conventional helicopters [2].
Although the traditional approach to active noise control
in vehicles is to attenuate acoustic disturbances on a global
scale, recent studies have focused on local ANC around
the seat’s headrest [3,4]. These systems try to create quite
zones around the passengers’ ears so as to allow gentle
head movement.

The extent of the generated quiet zone, as well as
the complexity of the control algorithm, provide signifi-
cant challenges. Using multiple microphones and loud-
speakers combined with a Multiple Input-Multiple Out-
put (MIMO) adaptive control algorithm (e.g. FxLMS) is
a well-known strategy for achieving noise attenuation in
a large area. Several studies proposed effective methods
for improving this strategy, such as modifying the control
algorithm [5] or experimenting with the location and the
number of secondary sources [6, 7].

However, these systems are often characterized by
high computational complexity and large number of trans-
ducers, especially when each system is dedicated to a sin-
gle seat. In an attempt to develop a computationally ef-
ficient and practically feasible ANC headrest, the current
study investigates a system based on a simplified mixed
error FxLMS algorithm [8]. In addition, this system aims
to attenuate the acoustic pressure around the headrests of
two adjacent seats instead of one, in order to save compu-
tational resources and hardware. Furthermore, the place-
ment of the error microphones over a wide area, as well
as the use of subwoofers with larger diameters than stan-
dard loudspeakers, contribute to the expansion of the quiet
zone.

The paper is structured as follows. In section 2, the
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system’s setup is presented along with the control algo-
rithm. In section 3, the ANC headrest is analyzed through
FEM simulations, while in section 4 it is evaluated ex-
perimentally in an aircraft’s cabin mockup. Finally, in
sections 5 and 6, there is a discussion of the results and
conclusions emerged from this work.

2. METHOD

The ANC system that aims to create a quiet zone in front
of two adjacent airplane seats consists of two secondary
sources (subwoofers) and three microphones (Fig. 1).

Figure 1: The ANC setup for two adjacent seats that
consists of two subwoofers and three microphones.

The driving signal (anti-noise signal), which is the
same for the two secondary sources derives from Eqn. (1).
In the following equations, the vectors are denoted by bold
letters.

y(n) = wT (n)x(n) (1)

where x is the reference signal obtained by a sensor close
to the noise source, w is a vector of adaptive filter coeffi-
cients computed by Eqn. (2).

w(n) = [w1(n)w2(n)w3(n) ... wL(n)] (2)

where L is the filter length.
The mixed error FxLMS algorithm is used to com-

pute w, because of its low computational complexity. The
cost function that has to be minimized is the instantaneous
squared sum of the three error signals given by Eqn. (3).

J(n) = [e1(n) + e2(n) + e3(n)]
2 = e2mix (3)

The gradient of the cost function is given by equation
Eqn. (4)

∇J(n) = 2[∇emix(n)]emix(n) (4)

In addition, the error signal of each microphone is given
by Eqn. (5).

ei(n) = di(n) + si(n) ∗ [wT (n)x(n)], i = 1, 2, 3. (5)

where di and si are the acoustic disturbance and the sec-
ondary path at the ith microphone respectively and * de-
notes the convolution operator.

Then we can extract the gradient of the mixed error
by Eqn. (6).

∇emix(n) = [s1(n) + s2(n) + s3(n)] ∗ x(n) ⇒
∇emix(n) = s(n) ∗ x(n) = x′(n)

(6)

where s(n) is the parallel combination of the secondary
paths of the three error microphones, which is computed
during a preliminary identification stage. During this pro-
cess, Least Means Square (LMS) algorithm was used.
Both secondary sources were driven by white noise, which
was the reference signal for the LMS. The error signal was
the sum of the signals captured by the three microphones.

Finally, the coefficients of w are derived from Eqn. (7)
by combining Eqn. (4) and Eqn. (6).

w(n+ 1) = w(n)− µ

2
∇J(n) ⇒

w(n+ 1) = w(n) + µx′(n)emix(n)
(7)

where µ is the step size of the minimization process.
At this point, it is important to note that the suggested

algorithm, which is an alternative to the classic Multiple
Input Multiple Output (MIMO) FxLMS algorithm [9], can
converge to the MIMO FxLMS solution when the three
error signals are almost identical [8]. This could happen
when they are placed to a very close distance, which is
not effective in the current headrest application because
the size of the quiet zone would be reduced. Although
the error microphones are not close to one another, the
proposed methodology achieves a significant attenuation
of the acoustic pressure over a large area, as demonstrated
in Sec. 3 and Sec. 4 .

3. SIMULATION RESULTS

The three dimensional simulations of the proposed ANC
headrest were conducted using time domain Finite El-
ement Method in Comsol Multiphysics®. The cabin
mockup of the aircraft was designed to be identical to the
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one installed in the laboratory for the system’s experimen-
tal testing Sec. 4. The dimensions of the cabin are 3m
along the x axis, 2.45m along the y axis, and 2m along the
z axis, where the axis refer to Fig. 2. Moreover, the cabin’s

Figure 2: Mesh of the cabin model and the spherical
PML which simulates free space.

walls were modeled as absorbing boundaries, in order to
allow the acoustic disturbance produced by an external
noise source to enter the cabin. Finally, a semi-spherical
Perfectly Matched Layer (PML) was placed around the
cabin in order to model free space. The meshing of the
model is also demonstrated in Fig. 2. The driving signal
of the secondary sources presented in Sec. 2 was inserted
into the model by adding global equations, which control
the normal acceleration of the boundaries that model the
diaphragms of the subwoofers (Fig. 3). A loudspeaker that
was placed one meter away from the cabin was used as the
noise source. It was driven by a synthetic signal consist-
ing of three 24 Hz BPF harmonics at 72 Hz, 96 Hz, and
120 Hz.

The attenuation of the Sound Pressure Level (SPL)
reached 18 dB in front of seat A and 20 dB in front of seat
B. In addition, the maximum attenuation was achieved

Figure 3: Mesh and dimensions of the secondary
sources used in the FEM model.

(a)

(b)

Figure 4: Top view of the cabin mockup modeled
using FEM (a) before and (b) after the activation of
the ANC system.

10 cm to 15 cm far from the surface of the subwoofers
Fig. 4b.The quiet zone had a surface area of 30cm×30cm
in front of both seats as well as over the area between
them. Furthermore, the rest of the cabin was not neg-
atively affected by the system’s activation. Instead, the
acoustic pressure was reduced in the vicinity of the sub-
woofers. At this point we have to mention that the results
refer to the plane along the z axis with height 120 cm,
which coincides with the z coordinate of the center of the
subwoofers. Similar results were obtained for heights be-
tween 105 cm and 135 cm. As a result, the generated quiet
zone is adequate for gentle head movements by passengers
of various heights.
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4. EXPERIMENTAL EVALUATION

The experimental setup consists of two Pioneer TS-
A250S4 subwoofers to reproduce the low frequencies re-
quired by the application and three Shure MX 183 mi-
crophones Fig. 4b. The control algorithm was imple-
mented in National Instruments CRIO-9030 microcon-
troller. More specifically the FPGA part (Xilinx Kintex-7)
was used in order take advantage of its parallel data pro-
cessing capability along with Labview® platform.

Figure 5: The ANC system for two adjacent seats
installed in the cabin mockup.

The acoustic disturbance was similar to the one used
in the FEM simulation, with three sinusoidal components
at 72 Hz, 96 Hz, and 120 Hz, as well as low-amplitude
white noise. It was reproduced by a noise source located
adjacent to the cabin mockup. A microphone located 5 cm
away from the noise source was also used to capture the
reference signal. Finally, a grid of 16 microphones cov-
ering an area of 30cm × 25cm was used to measure the
acoustic pressure in front of the two seats. Linear inter-
polation was also used to estimate the acoustic pressure
between the measurement points.

For both seats, the maximum SPL attenuation was
achieved 10 cm away from the error microphones, which
coincides with the simulation results. It reached 15.5 dB
in front of seat A (6a), and 13 dB in front of seat B (6b).
However, the surface of the zone where this attenuation
was maintained differed between the two headrests. At
seat A there is a quiet zone which is 20 cm wider than seat
B. Although the highest SPL attenuation is not achieved

in a large quiet zone in the case of seat B, the amplitude
of the 72 Hz and 96 Hz harmonics is reduced by more
than 10 dB for all measurement points Tab. 1. However,
efficient reduction in some areas is not achieved in the
case of the 120 HZ harmonic, resulting in a decline in
system’s performance around microphone D. Finally, for
the four measuring microphones, the average attenuation
was greater for the 96 Hz harmonic, reaching 18.25 Hz,
and smaller for the 20 Hz harmonic, reaching 8.25 Hz.

(a)

(b)

Figure 6: Attenuation of the Sound Pressure Level
in front of a) seat A and b) seat B. The error mi-
crophones are located at the zero level of the y axis.
Measurement microphones A and C correspond to
the passenger’s right ear, while microphones B and
D to passenger’s left ear.
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(a) (b)

(c) (d)

Figure 7: Frequency spectrums captured by a) microphone A, b) microphone B, c) microphone C and d) mi-
crophone D demonstrated in Figs. 6a and 6b before (black line) and after (grey dotted line) the ANC activation.

5. DISCUSSION

The mixed-error solution given by Eqn. (7) can con-
verge to the one derived from conventional multichannel
FxLMS, if the outputs of each error microphone are al-
most identical. This hypothesis is not valid in the case of
the current headrest application. However, the proposed
system achieves significant acoustic pressure attenuation
through an area around the central error microphone. As
we move closer to the edge error microphones, the atten-
uation decreases. This behaviour is further explained in
Appendix.

Furthermore, the 10 dB quiet zone is extended 10 cm -
15 cm away from the error microphones, along the y axis.
This is due to the distance between the subwoofers’ di-
aphragms and the error microphones (10 cm), as the radial
extent of 10 dB quiet zone depends on the distance from
secondary sources to cancelling microphones [10]. In ad-
dition, the size of the quiet zone depends on the diameter
of the subwoofers’ diaphragm. This is another contribu-
tion of the subwoofers aside from the mitigation of low
frequency harmonics.

Finally, the proposed system exhibits the behavior
described in the previous paragraphs for low frequency
acoustic disturbances, when the wavelength is bigger than
the distance between the error microphones. For this rea-
son it is suitable for the specific application where acous-
tic disturbances due to aircraft rotors or propellers include
frequencies below 400 Hz.

6. CONCLUSION

This paper presents an Active Noise Control system that
that aims to mitigate acoustic pressure around the head-
rests of two adjacent aircraft seats. It is based on an al-
ternative to the original multichannel FxLMS algorithm,
which has a lower computational complexity. The sys-
tem was evaluated using three-dimensional FEM simu-
lations and experiments in an aircraft’s cabin mockup,
which demonstrated that the aforementioned mixed er-
ror FxLMS can be used for an ANC headrest application,
achieving a more than 10 dB attenuation of the sound pres-
sure level over a large area around the passenger’s ears.
The placement of the error microphones at the edges of
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Frequency (Hz) SPL Attenuation (dB)
micA micB micC micD Average

72 12 20 13 9 13.5
96 20 22 20 11 18.25
120 12 10 7 4 8.25

Table 1: Attenuation of three BPF harmonics’ amplitudes after the activation of the proposed ANC system.

the seat headrests, as well as the large diameter of the sec-
ondary sources, contributed to the expansion of the quiet
zone. Finally, the proposed system is a promising solu-
tion for real-world applications due to the limitations of
the convolution operations needed comparing to the origi-
nal multichannel algorithm, as well as the coverage of two
seats by only two secondary sources.

7. APPENDIX

The cost function of Eqn. (3) can be written as follows:

J(n) = e21(n) + e22(n) + e23(n)︸ ︷︷ ︸
J1(n)

+...

...+ 2e1(n)e2(n) + 2e2(n)e3(n) + 2e1(n)e3(n)︸ ︷︷ ︸
J2(n)

(8)

Thus, the gradient of the cost function is:

∇J(n) = ∇J1(n) +∇J2(n) (9)

In addition, at low frequencies, when the distance between
the microphones is much less than the wavelength, the
acoustic pressure at the midpoint between microphones 1
and 2 can be estimated by Eqn. (10) [11].

emid12
(n) =

e1(n) + e2(n)

2
(10)

Similar equations can be also written for the rest micro-
phone couples. Furthermore, if the sum of the squares of
the acoustic pressures is minimized, the potential acoustic
energy is minimized [12]. Eqn. (12) gives the cost func-
tion for minimizing potential energy at the midpoints.

Jmid(n) = e2mid12
(n) + e2mid13

(n) + e2mid23
(n) =

= e21(n) + e22(n) + e23(n) + ...

...e1(n)e2(n) + e2(n)e3(n) + e1(n)e3(n)

(11)

Combining Eqn. (9) with Eqn. (11) we obtain:

Jmid(n) = J1(n) +
1

2
J2(n) (12)

and

∇Jmid(n) = ∇J1(n) +
1

2
∇J2(n) (13)

As a result, the update equations for both cost func-
tions are nearly similar, with the exception of a constant
factor that only affects the convergence rate. The pro-
posed methodology, therefore minimizes the acoustic en-
ergy at the midpoints between the three microphone pairs,
which can explain the shape of the quiet zone presented in
Fig. 6a and Fig. 6b.
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