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Abstract

Excessive noise in vehicle cabins, particularly from the propulsion systems and their inter-
action with the environment (e.g., wind, road, waves), significantly diminishes the acoustic
comfort of passengers. At low frequencies, where acoustic energy is typically concentrated
in these disturbances, the feasibility of using conventional passive sound insulation tech-
niques is limited due to the increased weight and thickness of these structures as the
wavelength of the acoustic disturbances increases. The primary objective of this doctoral
thesis is to devise and evaluate innovative systems for global and local active noise control
in the cabins of small aircraft and yachts. The proposed methods focus on enhancing the
performance of existing techniques, while also exploring the potential for integration into
real-world applications.

Initially, the focus is on developing a local active noise control system, known as the
active headrest, which is installed at the front headrest of the passenger seat. The purpose
of this system is to create a quiet zone around the ears, where a substantial reduction in
sound pressure level is achieved, and the zone must be large enough to allow for gentle head
movements while maintaining the reduced noise level. The development of this system
involved an initial evaluation of a low-complexity linear adaptive control algorithm, with
the aim of facilitating its implementation in digital signal processing systems and enabling
the operation of multiple such systems, without requiring powerful processors. The mixed
error FxLMS algorithm, an alternative to the multichannel FxLMS algorithm, was found
to be an effective solution for local noise control systems, as it reduced computational
complexity without significantly impacting performance.

In the second phase of the system’s development, a method for estimating acoustic
pressure in the passenger’s ears was incorporated, using microphones positioned a few
centimeters away. This method, based on linear extrapolation, allowed for the reloca-
tion of the quiet zone to the desired location without the need for physical microphones,
which are often constrained by spatial limitations. Finally, to achieve greater sound level
reduction, a nonlinear algorithm was employed, based on a simple single-level functional
link neural network. This algorithm combined mixed error and linear extrapolation tech-

niques, offering the benefits previously mentioned. The system demonstrated improved
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performance, particularly for real-world acoustic disturbances recorded in vehicle cabins.

In the last part of this thesis, an investigation was conducted into the sound field of
the entire cabin when multiple local control systems were operational simultaneously. The
findings revealed that although quiet zones persisted in front of the headrest, the sound
levels in the sub-regions of the cabin remained high. To address this issue, a global active
noise control system was devised, which utilized active sound absorbers. The examination
of this system demonstrated that by strategically positioning the absorbers, a reduction

of over 10 dB in sound pressure levels could be attained in all areas of a small cabin.

Keywords: Local Active Noise Control, Global Active Noise Control, Aircraft Cabin
Noise, Noise Cancellation, Active Sound Absorber, Filtered-x Least Mean Squares, Func-

tional Link Neural Network, Quiet Zones, Active Headrest.



>0vomn

O YopuPog otig xauTVEC TV PECWY UETAPORAS, TOU TPOEQYETOL XUPLE OO TOL GUCTAUNTY
TEOWONS XoME Xt THY CAANAETBEoT TOUC UE TO TEPY3EANOY (TE.X. &vepog, dpoHOC, m’)poctoc),
amotehel Evay onuavTind mopdyovto mou uofadullel TNV axoucTIXY AVECT) TWV ETBATOV.
Ewwd otic younhéc ouyvotnteg, 6mou cuvATmE Elval CUYXEVTEWUEVT 1) dXOUCTIXTY EVERYELX
OTIC EV AOY W OLITARUYES, 1) BUVATOTNTA YPHOMNS CUUBATIXODVY TOUNTIXWY TEYVIXWY 1Y OUOVOOTS
elvon UetwPévn, Wag xou To Bdpog xou To TAYO0C oUTMV TWY ToUNTIXOY SOUMY ouEAveTaL
HE TNV ad&Non Tou UAXOUC XOUATOC TV UXOUGTIXOV OLITIRU(OY. XXOTOS NS Tapoloug
oo TopWAG BlatEBhc elvon 1 avdmTudn xon 1) AELOAOY O XUUVOTOUWY CUOTNUATLY OAXO0
xou TOoTXOU EVERYNTIX0U eAEYY0oU VopUBou OE OUTIVES ULXPOY AEQOOHAPHOY XUl OXAPHDY
avapuyhc.

Ou mpotewvoueveg pédodot, eotidlouvy agevog otn Peitiwon Tng amddoong TwY UTap-
YOVIOVY TEYVIXMY X0l APETEPOU OTI BUVATOTNTA EVOWUATWONG OF TEOYUUTIXES EQPUPUOYES.
'Etot, apywd divetan €ugoon otny avdntuin evog cuoTHUATOS Tomxol eAéyyou Hoplfou, To
ornolo eyxadicTaton 0To TPOOKEPUAO TG VEONE TOU ETBATY (evepyo npooxécpoc)\o). Yxomo¢
TOU GUC TAUATOS oW TOU Efval 1) ONULoVEYIa YA TEQLOYT] YURW OO T AUTLY, OTOU ETMLTUY Y dve-
Tou onuavTixd uetwon tne nyootddunc. Emmhéov, n neploy auty|, 1 omola ovoudleton {dvn
novylog mpeEnel vou elvon apAETE PEYEAT), (OOTE VoL ETUTEETEL HTEC XUVACELS TOU XEQUALOU TOU
emPdTn, SluTnewvTaC TN Yetwpévn otddun Yopfou.

To mpdTo oTddl0 TN AVATTUENS TOU CUCTHUATOS aUTOU TEplEAdUPave TNV a&loAdynoT -
VOC YROUULXOU TEOCURUOG TX00 ohy0pilUou EAEYYOU UE YAUUNAT) UTOAOYLO TIXT) TOAUTAOXOTY-
T, OOTE VoL EVOL TILO EUXOAY 1) UNOTIOINGT) GE EVOWUATOUEVO YN@Loxd GUG TAUOTA XAIMS XL 1)
TORAAANAT Acttoupyiot TOAAGDY TETOWWY CUCTNUATWY YWElg Vo UTdEYEL avdryxn Yiol Lo LEOUS
enelepyactéc Pnpraxol oruatog mou Yo avéBalav To x6cTog NG epapuoyrc. Ipdyuatt,
o alyopriuoc autdc mou ovoudleton FXLMS pixtol ogdipotoc xan amotedel evolhoxTixt
ToU ToAUXavahxol alyoplduou FXLMS, @dvnxe 6t amotelel évav ahyodpriuo mou umopet
va. yenowonowniel oty LhoTolnon TOTIXWY CUCTNUATLY EAEYYOL VopUBou UELOVOVTAS TNV
UTIOAOYIG TIXT) TOAUTAOXOTNTY, YWelg Vo emneedleTtal Wiadtepa 1 am6do0o.

'Eneita, 070 8e0TEp0 0TABI0 avdmTuUENG TOL GUC THUATOS ToTXoL EAEYY 0L YopUou, evow-

pot@inxe yio pEYodog extiunomng Tng axouo TixY|g TEoNg oo auTd Tou ETBATY, UE TN YPrioN
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UXEOPOVLY Tou BeloxovTton e andoTaoT UEPIX®Y EXUTOCTGY and autd. H pédodoc auth
mou Pooileton 6T YRoUUXH TaEEXTAoT, BIVEL T1) BuVITOTHTA UETaPOopds Tng Ldvng nouyiog
070 oNuElo EVOLAPEPOVTOG, Ywpic TNV TOTOVETNOT QPUOLXMY UXEOPMVKY, TO 0Ttolo cuVlwg
avTpeTonilel yweotalixolg Tepopiopole. Téhog, yio v emiteuy Vel ueyahitepn uelwon e
NyooTddung yenotwomotinxe Evag un Yeouuxog ahyopriuog Bactouévog e €va amhd veu-
pwvix6 dixtuo evog emmédou (FLNN). Xtov odydprdyo autd evowpatdinxoy ot teyvixée
TOU UXTOU OYANIAUTOS XU TNG YPUUULXNG TOUPEXTAOTS TEOCPEQOVTAS TO TAEOVEXTAUNT TOU
avopépUnxay mapandve. ‘Etol, nopatnerinxe xahitepn amddoor Witepa yior TRy UUTIXES
UXOUC TIXEG DLUTARIUYES TOU MY OYRUPHUNXAY G XoUTIVES PECWY UETAPORES.

Y10 televtafo xopudTl TS TapoLoas BdaxTopAC OLTEBNC, UEAETAUNXE TO oxoUCTI-
%6 Tedlo OhOXANENE TNG ouTivag, GToY AELTOUEYOVY TOUTOYEOVO TOAAY GUG THUTA TOTIXOU
ehéyyou Yoplfou, BlamoTOvovTag 6Tt eV ot Lwveg nouytag e€oxoroudolv vo undpyouy
UTEOGTd GTO TROOXEPUAO, 1) YO0 TAYUN TUEUUEVEL UPNAT OTIC UTOAOLTES TEQLOYES TNG XO-
urbvac. ‘Etou dnuoupyRinxe n avdyxn avdmtuing evog cusTAUATOC GUVORLXOU EAEYYOU TOU
nynTuxoL medlov, tou Baciletar oe evepyols amoppognTéc fyou. H yehétn tou cuctriuatog
auToU €0elle OTL PE XUTIAANAT TOTOVETNOT TWV AmopPEOPNTGLY, Unopel va emteuy Vel ueiwon

e NyooTdiune peyoklteene twv 10 dB o dheg tng meployéc uiog uxerc xoumivoc.

Ae&erg xhewdid: Tomunde Evepyntindg Ereyyoc Ooplfou, Oluodg Evepyntindc ‘Eheyyog
©opUBou, Ob6puBoc Kaurivag Aspooxdpouc, Axdpwon GoplBou, Evepyntinog Anoppogntic
‘Hyou, Filtered-x Least Mean Squares, Functional Link Neural Network, Zovee Houylog,
Evepyo Ilpooxéqato.
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CHAPTER 1

Introduction

1.1 Context and Motivation

Active Noise Control (ANC) is a group of techniques used to mitigate acoustic pressure
and unlike passive conventional methods, they do not use physical barriers for this pur-
pose. Instead, they rely on the generation of acoustic waves that result in the cancellation
or absorption of unwanted disturbances. Thus, we can divide ANC methods into those
based on noise cancellation (NC) and those based on sound absorption. The concept of
active NC was first patented by Paul Lueg [1] early in 1933. It is based on the idea that a
sound wave can be cancelled by producing an antinoise wave of same amplitude and oppo-
site phase, resulting to wave destructive interference. However, technological limitations
did not allow its widespread application [2], until Olson and May proposed the concept
of Active Sound absorber [3] based on Lueg’s idea. The breakthrough in this field came
from Widrow with the introduction of the LMS [4] and FxLMS [5] algorithms in 1975 and

1981 respectively, which even today are still a benchmark for Active NC systems.

Nowadays, many NC systems are incorporated into commercially available headphones
and earbuds. In the future it seems that such systems will be integrated into a variety
of devices such as noise cancelling headrests [6], [7], active windows [§] and active noise
barriers [9]. On the other hand, Active Sound Absorption (ASA) techniques [10]-[13]
are designed to change the acoustic impedance of a boundary in order to achieve sound
absorption, which can result in the reduction of acoustic pressure in an enclosure. A vari-
ety of methods have been proposed to modify the acoustic impedance, including altering
the electric load of the loudspeaker or changing the absorption coefficient by computing

and minimizing the reflected component of a sound wave in front of a loudspeaker that

1
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acts as a sound absorber. Finally, there is a category of methods known as Active Vi-
bration Control (AVC) [14], |15], which aim to decrease acoustic pressure by diminishing
structure-borne sound. Although these techniques are noteworthy, they will not be the

focus of this dissertation.

An application of ANC which is gaining increasing interest in both academia and
industry is the use of such systems to reduce acoustic pressure in vehicle cabins.The issue
of excessive noise levels within these enclosures has emerged as a significant problem that
diminishes passenger comfort. The main sources of acoustic disturbances are the vehicle
engines as well as the air or waves in the case of boats. Traditional strategies to mitigate
this issue involve the utilization of passive insulation and sound-absorbing structures,
such as fibrous materials, foams, and puffed materials [16]. However, a crucial drawback
of these passive methods is their limited effectiveness in attenuating low-frequency sounds

that are often present in cabin acoustic disturbances.

In order to enhance their efficiency, the deployment of structures with substantial
thickness and weight is necessary. In particular, the A/4 rule applies to the thickness of
passive noise barriers, which stipulates that the thickness must be at least one-quarter
of the wavelength of the lowest harmonic component of the acoustic disturbance in order
to achieve absorption. This approach, however, conflicts with the general objective of
manufacturers to minimize the weight and the cost of vehicles. Reducing the weight of
the fuselage is a critical factor in the aircraft industry, as it is directly linked to a reduction
in fuel consumption and C'Oy emissions [17]. As a result, active noise control methods
are increasingly being considered for controlling noise within vehicle cabins.

Since many scientific researches have focused on ANC systems in cars [18], [19], the
emphasis of this dissertation is laid on aircraft and yacht cabins, which have not been
extensively studied. In particular, the study examines ANC in tilt rotors [20], [21] and
conventional propeller-driven aircraft, as well as in yacht cabins. The primary target of the
ANC system is the harmonic acoustic disturbances and noise generated by various sources,
particularly in low frequencies, which are dominated by the Blade Passage Frequency of
the propeller or rotor and its harmonics [17], [22]. In the case of yacht cabins, the emphasis
was on the acoustic disturbances produced by electric generators [23], [24], which can be

a significant source of discomfort for passengers during the night.

In addition to broadband harmonic sound components, this study also examines the
chaotic components of acoustic disturbances, which pose challenges for their mitigation
with active methods. However, since these chaotic characteristics contribute less as we
move lower in the frequency spectrum, they do not significantly impact the performance of
the ANC system [22]. A small attenuation of these chaotic components can still provide
an advantage to the ANC method that achieves it. Beyond the reduction in acoustic
pressure achieved by an ANC system, the size of the area where this reduction is achieved

is also important. Therefore, this dissertation focuses on methods that can extend the size
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of the quiet zones, whether local or global, throughout an enclosure. Finally, practicality

issues such as computational complexity and suitability for installation in small cabins

are also considered in the study of these systems.

Reference mic Error mic

IMM 8 ... Primary acoustic parh) /\/\/‘Hj]

Noise source Point of sound wave Anti-Noise source

destructive interference

Figure 1.1: Working principle of a single-input single-output feedforward Active NC sys-

tem
Year Authors Contribution Reference
1936 Lueg First patent in ANC 1]
1953 Olson & May ANC headrest [3]
1955 Simshauser & Hawley ANC headphones [25]
1981 Widrow & Shur & Shaffer FxLMS algorithm [5]
1987 Elliot & Stothers & Nelson Multiple Error FxLMS [26]
1989 Dorling & Eatwell & Hutchins et al. Aircraft cabin ANC [27]
1992 Ordufia-Bustamante & Nelson FxLMS for Active Absorption [28]
2004 Das & Panda FsLMS algorithm [29]
2005 Zhou & Zhang & Li & Gan Back Propagation ANC [30]
2018 Elliot & Jung & Cheer Head-tracking active headrest [31]

Table 1.1: Timeline of ANC

1.2 State-of-the-art

The concept of the active headrest refers to a device that uses speakers, microphones

and a Digital Signal Processor (DSP) to create QZs around a vehicle occupant’s ears,

where a reduction in acoustic pressure is achieved [6], [32]-[34]. An NC algorithm is
implemented in the DSP, with FXLMS being the benchmark for all other algorithms.

Although numerous studies on active headrests utilize feedforward FxLMS, significant

progress is being made to propose more efficient control algorithms that can better reduce

acoustic pressure and computational complexity, making these systems more suitable
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for practical applications. As a result, various algorithms, such as the Kalman filter
[32], Recursive least squares (RLS) [35], [36], and feedback [37] and hybrid versions of
FxLMS [38], have been proposed, but have not yet achieved significant improvements in
both acoustic pressure reduction and computing speed. Non-linear algorithms, on the
other hand, have shown more promising results in terms of noise reduction [39]. These
algorithms, which are primarily based on Volterra series [40], [41] and Functional Link
Neural Networks with sinusoidal expansion [29], [42], effectively model the non-linearities
present in individual electroacoustic systems and can more accurately predict the sound
disturbance reaching the passenger’s ear. This enables the reproduction of antinoise
signals that achieve better cancellation. Furthermore, an extension of the Volterra-based
algorithm, known as Bilinear FXLMS [43], [44], has been proposed, which incorporates a
feedback path from the controller output. Finally, a convex combination approach [45],
which combines filters derived from both linear and non-linear algorithms, has been tested

to optimize the performance of FxLMS in certain scenarios.

The techniques detailed herein follow an adaptive approach to ANC, where the weights
of the generated filters are updated in real time in response to changes in acoustic distur-
bances. In recent years, a shift towards ANC systems based on pretrained neural network
models [46] has been observed due to advancements in machine learning-based techniques
[47], [48]. Although these systems, which are non-adaptive, exhibit superior performance
compared to previously mentioned systems, their non-adaptive behaviour and high com-
putational complexity have limited their widespread application in both research and

commercial settings.

Despite these challenges, the constant advances in technology, including the increasing
computing power of DSPs and the evolution of machine learning algorithms, have made it
possible to implement practical systems that can be utilized in real-world applications. As
a result, systems based primarily on Recurrent [49] and Convolutional Neural Networks
[50] have been proposed, which demonstrate a substantial improvement in performance
compared to conventional FXLMS systems. To address the limitation of non adaptive
behaviour in machine learning-based systems, another interesting idea is to develop a
pool of models that have been trained with various datasets of acoustic disturbances.
By employing a pattern matching algorithm, an appropriate model can be selected to
facilitate active noise control. This technique, known as Selective ANC [34], |51}, can
pave the way for incorporating neural network algorithms into active noise control systems,

achieving good performance for various acoustic disturbances.

Apart from the control algorithm, the design of an ANC system for an active headrest
depends on several factors, including the size and location of the quiet zone to be created.
The parameters that affect the size of the quiet zone are the number of loudspeakers and
microphones that make up the ANC system, the diameter of the loudspeaker diaphragm,

and the distance of the microphone position from the diaphragm [52]. It is important to
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note that a conventional noise-cancelling system with one loudspeaker and one microphone
can only cancel the acoustic disturbance at points and cannot create an extended zone
of acoustic disturbance mitigation [53]. Therefore, such a system is suitable only for
headphone applications and not for applications that require the creation of a quiet zone.
In contrast, an ANC system for active headrest typically relies on two speakers and
two microphones, and an algorithm that combines the signals from the microphones to
produce the signals that drive the speakers. Additionally, several studies have found that
the larger the diameter of the speakers used in an active headrest, the larger the quiet
zone produced. Therefore, the design of an ANC system involves selecting secondary
sources (loudspeakers) of appropriate diameter to increase the active area of the source
without excessively increasing the added weight. Thus, some researchers have suggested
the use of lightweight transducers for this purpose [54], [55]. Finally, the position of the
microphones in relation to the diaphragm of the loudspeakers may increase the quiet zone
radius, if the microphones are placed away from the diaphragm, but without obstructing
the movement of the head. Thus, it is sometimes selected to place the microphones at
the edges of the loudspeakers or to place the loudspeakers in a cavity of a wall, where the
ANC is placed.

Regarding the location of the quiet zone, it normally extends like a sphere centred on
the cancelling microphone, which is often inconvenient for an active headrest since the
locations where the reduction of acoustic pressure is needed are usually far away from
the microphones. Thus, various techniques referred to as Virtual Sensing Techniques
have been developed, which move the silent zone to positions far from the microphones
[56]. These methods may involve the extrapolation of acoustic pressure or the modeling
of acoustic paths, allowing the prediction of acoustic pressure at locations without a
microphone. Two such algorithms are the Virtual Microphone Technique (VMT) [57],
[58] and Remote Microphone Technique (RMT) [59], [60], which have demonstrated the
ability to transfer the quiet zone to the desired location. The primary disadvantages of the
last two algorithms are their instability, especially when there is movement of the human
head, and their impracticality due to the need for a modeling phase of the acoustic paths
before implementation. Another challenge that Virtual Sensing techniques face relates to
relocating the area where the cancellation of acoustic interference is required, as the ears
of a user of an active headrest move. A potential solution to this issue has been suggested
through the use of head-tracking systems [31], [32], which monitor the head position and
choose an appropriate acoustic system model from a pre-trained filter bank. However, the

substantial increase in computational complexity is a major limitation of this approach.

The reduction of computational requirements is another important aspect in applica-
tions where several parallel systems have to be implemented, such as in the cabin of an
aircraft since the implementation of complex algorithms leads to the use of more powerful

digital signal processors which in turn increases both the cost and power consumption of
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a large application. Thus, many papers propose either alternative algorithms, which are
usually variants of FXLMS, which are more computationally efficient [61]—[63] or different
implementations utilizing DSP platforms like FPGAs [64], [65]. Also other papers suggest
reducing the number of actuators and sensors involved in the system without particularly
affecting its performance [66]. Finally, the global approach of ANC, where the quiet zones
are not limited around the headrests of the seats of an aircraft cabin or yacht, but instead
extend throughout the enclosure, is possible to contribute to the reduction of transducers
and consequently to the reduction of the system complexity [12].

Implementing global Active Noise Control (ANC) in an enclosure involves two primary
methods. The first method entails placing speakers and microphones in strategic positions
throughout the enclosure to achieve global attenuation of acoustic pressure [52], [67]. A
multichannel algorithm is then applied to minimize the sound energy in areas of interest,
where microphones are typically placed. This approach typically results in a global effect
throughout the cabin, provided that the speakers are placed in locations that do not
excite annoying acoustic modes [68], and the microphones are not placed at antinodes of
acoustic modes that are intended to be cancelled. Therefore, the placement of transducers
must be carefully considered in such systems. Such approaches have primarily been used
in small aircraft cabins.

On the other hand, an alternative approach is based on the placement of sound ab-
sorbers |69] at points that dampen the acoustic modes of an enclosure [70]. These ab-
sorbers can be shunt loudspeakers, active electroacoustic absorbers [71], or adaptive sound
absorbers that adjust the acoustic impedance of a barrier to minimize reflection [28]. All
three types of absorbers can be a promising solution for attenuating low frequency acoustic

disturbance components in aircraft and ship cabins.

1.3 Background Concepts

In the subsequent sections, the fundamental principles of ANC systems will be introduced,
serving as the basis for the implementation of the systems outlined in the remainder of
this thesis.

1.3.1 Feedforward ANC

The primary objective of a NC system is to model an unknown plant, which lies between
the noise source and the point of cancellation, in order to predict the acoustic disturbance
and to produce the anti-noise signal. This process is typically performed by an adaptive
filter W(z). A distinguishing feature of a feedforward system is the presence of a reference
sensor situated in close proximity to the noise source, which captures the reference signal.

The reference signal is subsequently utilized in the calculation of the coefficients of W(z).
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The process of computing the filter coefficients involves the minimization of a cost func-
tion, commonly the mean squared error (MSE), resulting from the superposition of the
acoustic disturbance and the antinoise sound wave generated by the ANC system at the
point of cancellation. The error signal is obtained by a microphone placed at that point,
and through an adaptive algorithm, the cost function is minimized, and the taps of W(z)
are calculated. The most prevalent adaptive algorithm for feedforward ANC systems is
FxLMS (Figure [1.24), because of its good performance and robustness. It derives from
Least Mean Squares (LMS) algorithm, except that the reference signal is filtered by a

secondary path model before the calculation of adaptive filter coefficient [53].

y(n) = w(n) *x(n) (1.1)
x(n) d(n)
P(z)
-7
y(n) y(n)
W(z) S(z)
» /
) LMS
x(n)
(a)
d(ll) m e(n)
T
. j
X(n) y(n) y(n)
W(z) S(z)
S'(z) S'(z)
’ LMS
x(n)
L
(b)

Figure 1.2: Block diagrams of single-input single-output (a) feedforward and (b) a feed-
back ANC systems performing NC. The control algorithm in both systems is FxLMS.
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At this point we must mention that the secondary path, denoted by S(z), comprises
a collection of electroacoustic systems that are located between the error microphone and
the controller, which is responsible for generating the anti-noise signal. It usually includes
the acoustic paths between the anti-noise source and the error microphone, as well as the
noise source and the reference microphone the Analog to Digital and Digital to Analog
converters and the cables. Thus, the optimal adaptive filter can be described by the
transfer function of Eq. as it is can be derived from Figure [1.24]

P(z)
S5(2)
where P(z) is the transfer function of the primary path while S(z) is the transfer function
of the secondary path. Finally, the adaptive FIR filter coefficients that derive from FxLMS
are given by Eq. and the antinoise signal by Eq. [I.4]

We(z) =

(1.2)

w(n +1) = w(n) — ux ' (n)e(n) (1.3)
and
x'(n) =x(n) xs (n) (1.4)

where w is a vector that contains the coefficients of the FIR adaptive filter, u is the step
size, which determines the speed of cost function minimization process, and x'(n) is a
vector that contains the latest values of reference signal filtered by a model of secondary
path impulse response s /(n) as described by Eq. . Typically, the symbol * denotes the
convolution operation, while the bold font is used to represent a vector. Furthermore, the
model of the secondary path, is usually obtained during a preliminary identification stage,
when LMS is used for system identification task. Finally as long as w(n) is computed the
antinoise signal derives from Eq.

1.3.2 Feedback ANC

The basic difference between feedforward and feedback ANC systems lies in the absence of
reference sensor. Thus, in the case of feedback ANC, the reference signal is an estimation
of the acoustic disturbance d(n), which is obtained by subtracting the antinoise signal
filtered by the secondary path model from the error signal (Eq. .

z(n) = d(n) = e(n) —y(n) * s '(n) (1.5)

The primary benefit of the technique illustrated in Figure [1.2b|is that it relies on internal
model control (IMC) |72], [73] and does not necessitate a reference sensor in close proxim-

ity to the noise source, which is not always feasible in various applications. In addition, a
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common challenge with feedforward systems is the low correlation between the reference
signal and the error signal, which can negatively impact their performance. However, this
issue is resolved in feedback systems, often resulting in enhanced performance.

On the other hand, a drawback of these systems has to do with their robustness, since
due to feedback, instability problems are more often generated. Thus, special attention
should be paid to ensure the stability of such systems. Also, another issue of IMC based
ANC is the increase in computational complexity due to the convolution of the anti-noise
signal y(n) with the secondary path model. Therefore, the development of advanced
methods to reduce computational demands has been proposed. Finally, another category
of ANC systems, referred to as hybrid, integrates feedback and feedforward systems to
augment the magnitude and frequency range of acoustic pressure attenuation. In conclu-
sion, the decision to employ a specific type of ANC is impacted by several considerations,
including the computational requirements, the feasibility of deploying a reference sensor
with a strong correlation to the noise source, and the desired level of acoustic pressure

attenuation.

1.3.3 Broadband and Narrowband ANC

The term broadband refers to ANC systems that are designed to control acoustic distur-
bances with a broad frequency range. These systems, depicted in Figure [1.2] are capable
of canceling out broadband signals, which can either be captured by the reference micro-
phone or synthesized using the IMC in the feedback configuration. The specific frequency
range that these systems are effective in attenuating depends on both the control algo-
rithm and parameters such as the number of coefficients in the adaptive filter. It has
been observed that filters with a greater number of coefficients tend to be more effective
in mitigating broadband disturbances. Additionally, algorithms based on neural networks
have shown promising results in addressing broadband noise.

On the other hand, narrowband systems [74]-[76] are designed to target single fre-
quency disturbances. These systems typically employ adaptive notch filters and an algo-
rithm that identifies the dominant frequencies present in an acoustic disturbance, which
are then used as a reference for the notch filter. By combining these filters in parallel, mul-
tiple frequencies can be attenuated, although it is important to note that these systems
are not able to reduce non-harmonic elements. A similar system was implemented in the
Dynamics and Acoustics Laboratory during this PhD thesis, which uses 4 speakers and
3 error microphones to attenuate the Blade Passage Frequency (BPF) of a small aircraft
(Figure . Each speaker is driven by an adaptive notch filter and the BPF is detected
by the ESPRIT frequency estimation method [77]. Although this system was effective
for single frequency attenuation, it did not perform well for multi-frequency attenuation

due to the increase in complexity resulting from the many parallel filters and therefore
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broadband algorithms were eventually adopted.
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Figure 1.3: Multichannel narrowband ANC system used for attenuating single frequency
acoustic disturbances. It consists of four adaptive notch filters using FxLMS algorithm
to update their coefficients.

1.3.4 Virtual sensing algorithms and Quite Zones

One of the main challenges in ANC systems designed for seat headrests is the development
of large areas where acoustic pressure is significantly reduced, known as Quiet Zones
(QZs). A common benchmark for the reduction of sound pressure level (SPL) required
in these zones is 10 dB. However, single-channel systems that consist of a single speaker
and an error microphone typically produce relatively small QZs that are located around
the error microphone, making them insufficient for active headrest applications.
Consequently, multichannel algorithms are employed in such cases, using multiple
speakers and microphones, in combination with larger speaker diaphragms. Furthermore,
virtual sensing techniques are usually used. These techniques estimate the acoustic pres-
sure at the ear of the seat occupant without placing physical microphones at that point,
which is usually impractical in real-world applications. Therefore, in such systems the
physical microphones are typically placed near to the headrest and close to the system’s
speakers (Figure . This approach has twofold benefits: firstly, it eliminates the need
to place physical microphones near the ears of the seat occupant, and secondly, it increases
the distance between the virtual error microphone and the speaker diaphragm, resulting
in an expansion of the QZ. Additionally, virtual techniques enable the integration of head-

tracking systems that move the virtual sensor and, consequently, the QZ according to the
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Figure 1.4: a) Top view of an active headrest and the forming quiet zones. b) Block
diagram of the remote microphone technique for the estimation of the acoustic pressure
at a remote location.

position of the head.

A common virtual sensing technique, with significant advantages is remote microphone
technique (RMT) which aims to estimate the acoustic pressure at the virtual location
(passenger’s ear) using the models of the electroacoustic path between the secondary
sources (speakers) and the locations of physical and virtual microphones. The block
diagram of RMT is depicted in Figure [I.4b] The error signal at the virtual position (e)
is computed from the estimations of the acoustic disturbance (d]) and the control signal
(y.) at the virtual location. In order to make this computation, the secondary paths
between the physical (S)) as well as the virtual microphone (S;) and the speakers are
modeled during a preliminary identification stage. In addition, the acoustic path between
the physical and the virtual microphone (M’) is also modeled. Although, this technique

can accurately estimate the acoustic pressure at the virtual location, it increases the
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system complexity and also it requires a extra stage for the identification of electroacoustic
paths. Furthermore, it inserts a feedback loop by using y(n), which can affect system’s
robustness. In the following Chapters of this dissertation a simpler alternative virtual
sensing technique is used, which is effective for low frequency acoustic disturbances, and

is based on linear extrapolation.

1.3.5 Acoustic disturbances in vehicle cabins

High acoustic pressure in vehicle cabins can be a major factor that degrades passenger
comfort. The acoustic disturbances in such enclosures are usually caused by the vehicle
engine, the interaction with the surface, where the vehicle moves, as well as the interaction
with the air. For instance, in cars the main sources of low-frequency noise (< 500H z)
are the engine and the air, while the noise produced due to the interaction between the
road surface and the tires is characterized by higher frequencies. Moreover, regarding
the case of acoustic disturbances in train cars, it comes from a variety of sources related
to propulsion system, auxiliary equipment, aerodynamic noise at high speeds and rolling
noise.

In propeller-driven aircraft cabins, the acoustic spectrum consists of a series of dis-
crete frequency components at the Blade Passage Frequency (BPF) and its harmonics,
superimposed on a broadband background [17], [78]. The broadband noise was found to
correspond to aerodynamic pressure fluctuations associated with external attached and
separated boundary layers [22]. In addition, it has been found that the levels of the
higher order BPF harmonics are much higher when the airplane is stationary than it is
when moving forward. Thus, the low-frequency components of the BPF are dominant
in propeller-driven aircraft during flight. On the other hand, in turbojet-powered com-
mercial aircraft with cruise speeds substantially greater than those of propeller-driven
airplanes, the cabin acoustic disturbance is mainly due to turbulent boundary layer noise,
or aerodynamic noise. Interior noise generated by the external turbulent boundary layer
is usually important in frequencies bigger than 400 Hz. Therefore, active noise control
methods have been mainly used for low frequency BPF harmonic mitigation in small
propeller-driven aircraft.

Finally in boat cabins, including yachts, the acoustic disturbances usually come from
machinery and propellers as well as local sources, which can be the HVAC (Heating, Ven-
tilation and Air Conditioning) systems and the local resonance of furniture. Machinery
noise is typically characterized by both low frequency broadband noise and tonal compo-
nents, which vary depending on the operating conditions. Similarly, propeller noise also
features broadband noise and tonal components, albeit at lower frequencies than engine
noise due to the lower rotating speed of propellers. Lastly, electric power generators on

yachts can be a significant source of annoying noise, characterized by the low frequency
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harmonics of the rotating speed of the generator. These frequency components usually
range between 50 Hz and 250 Hz and can be disturbing when the background environ-
mental noise level is low [[23], [24]. Consequently, the application of active noise control

techniques can be advantageous in this situation.

1.3.6 Active noise control in enclosures

The active headrest is a system that falls under the category of local ANC, as it aims
to reduce acoustic pressure locally, around the headrest area of a seat. In contrast,
global ANC aims to mitigate acoustic pressure throughout the entire cabin. In this case,
the acoustic modes of the enclosure are significant because they are responsible for the
shape of the enclosed sound field. Therefore, knowledge of the mode shapes is essential for
effective global noise control in vehicle cabins. Actually, acoustic modes are standing waves
that occur between the boundaries of an enclosure at certain frequencies that depend on
its geometric characteristics. For instance, in a rectangular room the acoustic modes
are characterized as axial (one dimensional), tangential (two-dimensional) and oblique
(three-dimensional). The three mode categories for a rectangular enclosure are depicted
in Figure At this point we must mention that the mode shapes change when the
enclosure is not rectangular, and as a result the shape of the enclosure is an important
parameter in order to decide the architecture of a global ANC system.

A common approach to global ANC in enclosures is based on placing the speakers
in antinodes of the acoustic modes excited by the acoustic disturbance, since only then
is it possible to cancel them. In addition, error microphones must also be placed away
from nodes in order to detect the oscillation modes responsible for the disturbing acous-
tic pressure. Due to the fact that the acoustic pressure distribution is not always easy
to determine in an enclosed sound field, several techniques are used that involve genetic
algorithms to coalesce the optimal position of speakers and microphones in an enclosure.
If the enclosure is cubic, things are usually straightforward, since maximum noise atten-
uation is achieved when the speakers are placed at the four corners. In more complex
geometries, however, special care must be taken in the placement strategy for sensors and
actuators. An alternative approach for ANC in enclosures is based on the placement of
active sound absorbers to damp low frequency acoustic modes. The global system for air-
craft cabins proposed in this thesis is also based on this approach. In the next paragraph

some introductory concepts about the concept of active sound absorber are given.

1.3.7 The concept of Active Sound Absorber

An active sound absorber is usually a loudspeaker, that can modify the acoustic impedance
of the diaphragm in order to maximize the absorption coefficient and perform perfect

absorption in a specific frequency band. Many techniques have been proposed in order to
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Figure 1.5: Acoustic modes of a rectangular enclosure.

implement an active absorber. Some methods rely on the the feedback of a combination
of sound pressure and diaphragm velocity, resulting in a broadband acoustic impedance
control. Other methods use an electric resistance loading the electric terminals of the
loudspeaker. This device, which is usually called shunt loudspeaker can perform as sound
absorber, however it is not active as the resistance must be preselected in order to absorb
a specific frequency band, which is usually narrow. Furthermore, another method uses
adaptive algorithm like LMS in order to minimize the reflected part of a sound wave at
a loudspeaker’s diaphragm. This, technique requires the separation of the sound wave
into incident and reflected component, which can be achieved with sound intensity p-
p method, using two closely spaced microphones. Finally, hybrid active/passive sound
absorbers have been proposed that perform active control of the impedance at the rear
face of a porous material panel so that the front face impedance takes on a desired value.
Various sound absorbing devices have been implemented by combining the aforementioned
methods and have been used for modal equalization of rooms as well as the mitigation
of low frequency acoustic disturbances in small enclosures. In this dissertation, they are
effectively employed for the global mitigation of low frequency acoustic disturbances in a

small aircraft cabin mockup.

1.4 Original contributions

Summarizing the current state-of-the-art, it is evident that there is considerable interest
in advanced ANC systems that effectively suppress low frequency acoustic disturbances in
vehicle cabins, such as those found in small aircraft and yachts. The primary challenges

associated with these systems involve:

e The performance of the control algorithm in terms of acoustic pressure attenuation.
e The system’s computational efficiency and practicality.
e The size and relocation of the quiet zone when employing local control strategies.

e The global attenuation of low frequency acoustic modes, using a limited number of

sensors and actuators.
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This thesis has attempted to answer the challenges herein:

e Adapting an algorithm more computationally efficient than multichannel FxLMS
to an active headrest. This algorithm, referred to as mixed-error FxLMS, was
applied to a local ANC system designed for a single seat headrest, as well as to
a system covering two adjacent seats. By doing so, the computational load was

further reduced, as were the number of loudspeakers and microphones required.

e Incorporating a technique based on linear extrapolation of the acoustic pressure to
increase and relocate the quiet zone. The main novelty lays in the combination of

mixed-error approach with linear extrapolation, to form a new method.

e Proposing a nonlinear control algorithm that improves the performance of conven-
tional FxLMS in attenuating low frequency components of a small aircraft cabin
acoustic disturbance. This algorithm is based on a Functional Link Neural Net-
work with sinusoidal expansion and incorporates both mixed-error approach and

the ability to relocate the quiet zone.

e Giving an insight on the operation of multiple stand-alone ANC systems in the same
cabin. This study was made by implementing several simulation models using FEM

as well as through experimental evaluation.

e Presenting a novel method for global ANC in an aircraft cabin mockup using active
sound absorbers. This method, that has never been employed in an aircraft cabin,
tries to damp the significant acoustic modes of the enclosure, in order to reduce SPL

throughout the cabin.

1.5 Outline of the dissertation

The doctoral dissertation comprises five chapters, wherein the fundamental techniques
and systems for local and global active noise control in vehicle cabins are developed.
The first section of each Chapter provides background information on the subject matter.
Subsequently, the analytical models, simulations, and experimental tests conducted for the
methods outlined in each Chapter are detailed. Each Chapter concludes with a section
summarizing the findings. The final Chapter offers an overall conclusion based on the
research conducted throughout the thesis. Finally, the Appendix provides comprehensive
details on the implementation of the simulation models and experimental setups, as well
as relevant codes implemented on embedded digital signal processors. The remainder of
this section describes the structure and purpose of each chapter:

Chapter 2: Herein, an algorithm known as mixed-error FxLMS is examined. This

algorithm serves as a viable alternative to the traditional multichannel FxLLMS and one of
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its primary advantage is the reduced computational complexity, making it an attractive
option for large-scale, real-world applications. Subsequently, the mixed error FxLMS is
evaluated for local ANC applications via FEM simulations. Furthermore, the experimen-
tal evaluation of a novel ANC system for two adjacent aircraft seats is presented. The
results show that the mixed-error version can achieve significant attenuation of the SPL

while saving computational resources.

Chapter 3: A major challenge of local ANC systems is to create an area of reduced
SPL around the ears of the seat occupant, using methods to relocate the quiet zone,
which normally extends around the error microphones. Therefore, this chapter presents
a novel algorithm, called VEM-FxLMS that combines the mixed-error approach with the
linear extrapolation employed for the prediction of acoustic pressure at passenger’s ears.
The proposed method was evaluated through simulations using k-space pseudospectral
method and tested experimentally in a cabin mockup installed in the Dynamics and
Acoustics Laboratory. Finally, a system with 2 inputs and 1 output based on this method
was successfully installed on the deck of a yacht, in order to cancel the acoustic produced

by the yacht’ electric generators.

Chapter 4: In chapter 4, another novel method is introduced, based on a Func-
tional Link Neural Network with sinusoidal functional expansion. Firstly, simulations of
convergence as well as acoustic simulations based on FEM are presented. Subsequently,
the experimental evaluation of the proposed method used included the mitigation of a
real-world acoustic disturbance captured in the cabin of a small tilt-rotor aircraft and
the comparison with conventional FxLLMS. The comparison demonstrated that the FLNN
based algorithm outperforms the FxLMS in terms of BPF harmonic attenuation. Good
results were also obtained when the novel system was employed for the mitigation of other
real-world acoustic disturbances, that comprised of yacht cabin noise while sailing, as well

as cabin noise from a propeller driven aircraft and a helicopter, captured during flight.

Chapter 5: After investigating the operation of stand-alone local ANC systems, it
became necessary to determine their behavior when operating simultaneously in an enclo-
sure. Thus, the interaction of either four or six separate systems was studied, through sim-
ulations and experiments. Initially, two-dimensional simulation of the concurrent function
of six systems either in a cooperating or a stand-alone mode is presented. Subsequently,
a section implementing three-dimensional simulations discusses the size of the quiet zones
that are shaped throughout the cabin, as well as the sound field between the quiet zones
after the ANC activation. The final section of Chapter 5 discusses the experimental test,
which employed four stand-alone single channel local ANC systems to study the enclosed
sound field both in front of the loudspeakers and the areas between them.

Chapter 6:In this section of the thesis, the global control of the enclosed sound field of
the cabin is attempted using active sound absorbers based on the wave separation method

in incident and reflected. The evaluation of the method is done through three-dimensional
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FEM simulations for various low frequency harmonic disturbances that can be encountered
in a cabin of a small tilt-rotor aircraft. Furthermore, experimental tests performed on the
cabin mockup in the laboratory confirmed the effectiveness of the method and are listed
at the end of the chapter.
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CHAPTER 2

Multichannel algorithms for active

headrests

2.1 Introductory notes

In the introduction of this thesis, the concept of an active headrest was introduced as an
ANC system that is installed on the headrest of a passenger’s seat, generally in a means
of transportation, with the aim of creating areas of reduced acoustic pressure around
the ears. Previous research has proposed methods for implementing such systems. This
Chapter begins by discussing the multichannel FxLMS algorithm, which is commonly
used in such systems and serves as a benchmark for their performance. Subsequently,
the mixed error FxLMS algorithm is presented, which exhibits reduced computational
complexity. Lastly, the chapter examines ANC architectures that have been tailored for

use in active headrest applications using mixed error FxLMS.

2.2 Single-Reference/Multichannel FxLMS algorithm

The multichannel FxLMS algorithm, with one reference signal, K loudspeakers and M
microphones based on the analysis of Kuo and Morgan [79], is depicted in Figure .

The adaptive multichannel FxLMS algorithm computes the weights of K adaptive FIR
filters wy(n). Thus, we obtain the vector w(n) with dimensions K x L, where L is the
number of coefficients for each adaptive filter, which is typically referred to as the filter

length.

19
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Figure 2.1: Multichannel FxLMS with single reference signal, K loudspeakers and M
microphones.

where

wi(n) = [wro(n) wri(n) - wpra)), k=12, K (2.2)

Furthermore, the antinoise signal for each loudspeaker is computed by the dot product

between the reference signal and the corresponding adaptive filter (Eq.

ye(n) = wi (n)x(n) (2.3)

where
x(n) =[z(n) z(n—1) --- z(n—L+1)]" (2.4)

The error signal vector e(n) of M error microphones is also given by Eq. 2.5
e(n) =d(n) +y'(n) (2.5)
where

y'(n) = S(n) *y(n) (2.6)

and S(n) is a K x M matrix that contains all the secondary paths between K loudspeakers

and M microphones
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At this point, it is essential to emphasize that in Eq. we employ the sum rather
than the subtraction of the two signals, which is used in the original analysis of Kuo and
Morgan. This is because we presume that the antinoise signal y(n) incorporates the phase
inversion when it is calculated by the adaptive algorithm. Moreover, this assumption
forms the basis for the code implementation utilized in the controllers implemented for

this dissertation.

The antinoise signal that reaches the m'* microphone is obtained by Eq. .

Y(n) = spi(n) #yp(n), m=1,2,... M (2.8)

Combining Eqgs. [2.3] and [2.6) we can write in matrix form:

e(n) = d(n) +S(n) xy(n) = d(n) + S(n) * X" (n)w(n)] (2.9)

where X(n) is a KL x K block-diagonal matrix, that contains the same reference signal

in its diagonal.

In addition, the cost function is the mean-squared error of M error signals:

J(n) =Y Ele},(n)], m=12 ..M (2.10)

m=1

According to LMS algorithm, the mean squared error can be approximated by the in-
stantaneous squared error. Therefore, the cost function of Eq. can be rewritten

as:

J(n) = i e2(n), m=12..,M (2.11)

m=1

Employing the gradient descent method, the adaptive weight vector w(n) is updated by
Eq. 212
w(n+1)=w(n) — gVJ(n) (2.12)

First the gradient of the cost function of Eq. will be calculated with respect to the
k" weight subvector wy(n) at time n. By combining Egs. , and we obtain:
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Vid(n) = Vi Y el (n) =23 [spe(n) xx(n)lem(n), k=1,2,.. K (2.13)

Thus we can write the gradient of the cost function in matrix form:

si1(n) xx(n)  sa1(n) * x(n) e sy1(n) xx(n)
V() o | X el | 1y
sig(n) *x(n) so(n)*xx(n) -+ syx(n)*xx(n)

= 2[8"(n) ® X(n)]e(n)

where ® denotes the Kronecker product convolution.

In the implementation of FxLMS in practical systems, secondary paths are typically
unavailable. Consequently, we rely on the models obtained during a preliminary iden-
tification stage [53]. During this stage, the k™ loudspeaker emits white noise, which is
captured by the m!* microphone to create the model s,,(n) of the secondary path. By
employing LMS, we obtain the model s},,(n) of the secondary path, and we form the
matrix S'(n) respectively. Therefore, Eq. becomes:

ViJ(n) = 2[S"(n) ® X(n)]e(n) = 2X'(n)e(n) (2.15)

Finally, from Egs. and we obtain the update equation of the coefficients of the
K adaptive filters:

M
wi(n+1) =wg(n) —p Z Xem(n)em(n), k=1,2,.. K. (2.16)
m=1
which in matrix form becomes:

wi(n+ 1) = wi(n) — pX'(n)e(n) (2.17)

2.3 The need of an algorithm of lower complexity

The multichannel FxLMS algorithm possesses several advantages, including its ability

to effectively attenuate acoustic disturbances, create larger silence bands, and achieve
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rapid convergence. Additionally, it is highly effective in broadband disturbances. Despite
these advantages, the high computational complexity of the algorithm poses a challenge
for its practical implementation. This complexity stems primarily from the numerous
convolution operations required between the secondary paths connecting the speakers
and microphones with the reference signal. As the number of sensors and actuators
increases, the number of these operations also increases, necessitating the use of powerful
digital signal processors (DSPs) to implement the algorithm in large environments such
as aircraft cabins or ships. This increase in cost is undesirable for manufacturers of these
vehicles, which is one reason why multichannel active noise control systems have not been
widely adopted in commercial applications. To address this issue, numerous research
studies have focused on developing methods to reduce the computational requirements of

multichannel ANC systems.

Douglas et al. proposed an alternative implementation of the conventional FxLMS
algorithm that can save operations and memory storage in multichannel case [80]. In
addition, a computationally efficient architecture based on multiple-parallel-branch was
implemented in an FPGA controller [81]. Furthermore, some papers present alternative
approaches to the implementation of multichannel ANC that aim to reduce convolution
operations, either by replacing high-order global secondary path estimate with multiple
low-order local estimates [63], or by reducing the secondary path models involved in the
computation of the filtered reference signals [82]. Moreover, there are works that apply
modifications that lead to algorithms which have the same optimal control as the standard
multichannel FxLMS but with lower computational demands. Shi et al. proposed a
system based on the adjoint least mean square algorithm [83], while proving that its
multichannel version has a significantly lower computation cost than the FxLMS, while
Ho et al. presented a method to split the reference signal into different time slots, in order

to reduce the signals from multiple reference microphones [84].

Another attempt to reduce the computational cost involved in using the conventional
multichannel FxLMS was made by Murao et al. who proposed a cost function involving
the mean square of the sum of the error signals instead of the sum of the mean square
errors [85]. This algorithm was used for an active window application, where loudspeakers
and microphones were placed in front of the opening surface, in order to reduce the
acoustic pressure entering a room from outside. Experimental evaluation demonstrated
that this algorithm exhibits similar performance to the conventional FxLMS in terms of
SPL reduction while significantly reducing the computational complexity. The remainder
of this chapter will analyze this algorithm called mixed error FxLLMS and two applications

for active headrest based on it will be presented.
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2.4 Mixed-error FxLMS algorithm

The mixed error FxLMS algorithm, initially introduced by T. Murao, C. Shi, W.S. Gan,
and M. Nishimura, presents an alternative approach to single-reference multichannel ANC
systems employing K loudspeakers and M microphones. It has been used for an active
window application [8] and it is distinguished by its notably reduced computational com-
plexity. Moreover, the algorithm operates under the assumption that the acoustic pressure
observed at each error microphone is nearly identical. The original research elucidates
through mathematical analysis that under conditions, where this assumption is valid, the
mixed error algorithm converges to the same global minimum as the conventional multi-
channel FxLMS algorithm. Consequently, this approach proves particularly advantageous
in mitigating low-frequency acoustic disturbances, where spatial variations in acoustic
pressure are small because of the large wavelengths. The block diagram of mixed-error
FxLMS algorithm is depicted in Figure 2.2 In this algorithm, we use the mixed error
(Eq. instead of the separate errors of each microphone.

x(n)

y(n)

A
w

w(n)

LMS

X'(n) K

Figure 2.2: Mixed-error FxLMS with single reference signal, K loudspeakers and M mi-
crophones.

M
emiz(N) = Z em(n), m=12.. K. (2.18)

m=1
In addition, the k' mixed secondary path is computed during a preliminary identifi-
cation stage, which is described in Figure [2.3] During this process, the corresponding
loudspeaker reproduces band limited white noise, which is used as reference signal for
the LMS algorithm. In addition, the M error microphones record the acoustic pressure
at the cancellation area. Subsequently, the mixed error is computed by summing the

separate error signals. The coefficients of the filter obtained by the LMS algorithm are
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updated with respect to the mixed error, producing the model of the mixed secondary
path. The whole procedure of k'* mixed secondary path modeling is depicted in Figure
2.3] Therefore, we form the block vector S,,;; of K mixed secondary paths, expressed by

Eq. 219

Smim - [Sl,mim 82, mix T SK,mix] (219)
§ . a
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Figure 2.3: Block diagram of preliminary identification stage of k*" mixed secondary path.

Subsequently, the filtered reference block vector is computed by Eq)2.20}

X'(n) = [Stmiz * X(N)  Somiz *X(N) -+ Sk.miz * X(N)] (2.20)

= [Xll,mi:r (n> XIZ,mix(n) T X,K,miz (n)]

Thus, the kth adaptive filter coefficients are updated by Eq. [2.21] Subsequently, the
antinoise signal is computed similarly to Eq.
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wi(n+1) = wi(n) — X kmiz(n)emiz(n), k=1,2,... K. (2.21)

2.5 Mixed-error algorithm for active headrests

The majority of headrest applications usually incorporate two or three microphones and
two loudspeakers. Consequently, the mixed-error algorithm analysis that follows is based
on these configurations. As already mentioned in section [2.4] the original research that
employed this algorithm to create a noise-canceling window presupposed that the acous-
tic pressure at the locations of the error microphones was nearly identical. However, this
assumption may not always be valid in active headrest applications. Therefore, the ob-
jective of this analysis is to extend the capabilities of the algorithm to situations where

the acoustic pressure differs between the two error microphones.

2.5.1 2 input-2 output mixed error FxLMS
To begin with, the anti-noise signal that drives the system’s loudspeakers is represented
by the following equation:

ye(n) = wi (n)x(n), k=1,2 (2.22)

where x is the reference signal obtained by a sensor close to the noise source and w
is a vector of adaptive filter coefficients computed by Eq. corresponding to k"
loudspeaker.
The vectors are also denoted with bold letters, just like the analysis in previous para-
graphs.

wi(n) = [wro(n) wgi(n) - wrr—1(n)], k=12 K (2.23)

where L is the adaptive filter length.
In addition, the mixed-error cost function that has to be minimized is the instantaneous
squared sum of the 2 error signals given by Eq.

2 2
miz(n) = €2.,.(n) = (Z em(n)) = (e1)* + (e2)* + 2e169 (2.24)
m=1
The gradient of the cost function is given by Eq.

V Jmiz(n) = 2[Venmiz(n)|emiz(n) (2.25)

In addition, the error signal of each microphone is given by Eq.
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ei(n) =d;(n) + Zs;ﬁ(n) * [wi(n)x(n)], i=1,2. (2.26)

where d; is the acoustic disturbance at the ¥ microphone, s;; is the secondary path from
k" loudspeaker to the " microphone and * denotes the convolution operator. Further-
more, the gradient of the mixed error is given by Eq. [2.27 As we differentiate with

respect to wj, the mixed error derivative will be different for each loudspeaker.

2

Vemin, (1) = V < i ei(n)) Oy ( i (di(n) + ) ski(n) = M(n)xm)]))) =
i=1 k=1 (2.27)

where s; is the parallel combination of the 2 secondary paths from one loudspeaker to
each error microphone in the active headrest. This assumption can be made as the
distance between the loudspeakers and the microphones is relatively small comparing to
the wavelength of low frequency acoustic disturbances. As a result, it can be assumed
that during the secondary path identification stage, the acoustic path through the air is
common to all microphones. The only thing that changes is the electrical path involving
the DAC, ADC and cables. Finally, the coefficients of the adaptive filters, which produce
the output signal of each loudspeaker derive from Eq. [2.28

wi(n+1) = wy(n) — gwm(n) =
(2.28)
wi(n + 1) = wi(n) — pxj(n)emiz(n)

where p is the step size of the minimization process.

As already mentioned, the mixed-error algorithm converges to the same optimum control
filters as those of the normal multichannel FxLMS algorithm, when the output of every
error microphone is almost identical [85]. However, this condition is not always valid in
the case of an active headrest. If we assume that the acoustic disturbance consists of
low frequency harmonic components, we can make the assumption that their wavelength
is sufficiently longer than the distance between the microphones, which are part of the

active headrest. As a result, the acoustic pressure at the midpoints between them can be
described by a linear equation given by Eq.

e1(n) + ex(n)
2

where e,,;4,, 1S the acoustic pressure at the midpoint between the two error microphones of

(2.29)

Emidya (n) -
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the active headrest and eq, e; are the acoustic pressures at these microphones. In addition,
the cost function resulting from the conventional multichannel FxLMS for minimizing the

acoustic pressure at the midpoints between the microphones is obtained from Eq. [2.30]

e1(n) + ex(n)

Imid(n) = €, (n) = (#)2 = ic]mm(n) (2.30)

Thus, the relationship between the gradient of the conventional FxLMS algorithm for
minimizing the acoustic pressure at the midpoint between the two error microphones and

the gradient of the mixed-error cost function is described by equation 10.

1

Thus, we can conclude that the 2 input-2 output mixed-error algorithm converges to the
optimum control filters as those of the normal multichannel FxLLMS algorithm, minimizing
the acoustic pressure at the midpoints between the actual error microphones of the active
headrest when the assumption made in Eq. is valid and e; # e5. The only parameter
that changes is the convergence rate, as indicated in Egs. 2.31}

Simulation results

The three-dimensional simulations of the active headrest system were conducted using
time domain FEM in Comsol Multiphysics®, in order to evaluate its performance in terms
of acoustic pressure attenuation and the size of the quiet zone. The geometry of the model
used for the simulation purposes consisted of a cuboid air domain, which is surrounded
by a PML in order to simulate free space. The loudspeaker diaphragms were simulated as
circles with a normal acceleration boundary condition, while the microphones were domain
point probes. Two different configurations for the loudspeaker setup were evaluated. In
the first configuration, the noise source was positioned opposite to the active headrest.
Conversely, in the second configuration, the noise source was aligned with the headrest.
The driving signals of the loudspeakers were inserted into the model by adding global
equations, that control the normal acceleration of the circular boundaries that model
their diaphragm. Each of these equations included a Matlab function implementing the
desired control algorithm. In addition, the communication between Comsol and Matlab
was achieved via Matlab Livelink® for each iteration of the time dependent solver. Finally,
the noise source, which was also simulated as a circle with a normal acceleration boundary
condition, consisted of three sinusoidal components at 72 Hz, 96 Hz, and 120 Hz. Further

details on this simulation model are also given in Appendix A.2.1.
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Figure 2.4: Top view of the geometry used during FEM simulations of the active headrest,
with the two different loudspeaker setups (vertical or horizontal).

Vertical loudspeaker setup

In these simulations, corresponding to A loudspeaker setup of Figure the loudspeakers
of the active headrest were placed opposite to the noise source, so that the acoustic
pressure at the points, where the error microphones were placed is almost the same. This
is due to the long wavelength of the harmonic components of the acoustic disturbance and
the fact that there is a PML around the air domain, resulting in absence of reflections. In
addition, the distance between the error microphones was set to 30 cm, and the distance
between the loudspeaker diaphragm and the corresponding error microphone to 10 cm.

Initially, the conventional multichannel FxLMS with 2 inputs and 2 outputs was em-
ployed to mitigate acoustic pressure in front of the active headrest. Figure illustrates
the SPL distribution before and after the ANC activation, as well as the shape of the
quiet zones that were shaped in front of the system’s loudspeakers. Therefore, we can
observe that the largest SPL reduction is located around the position where the error
microphones are placed and reaches 25 dB. In contrast, in the area between them, the
reduction is 10 dB (Figure[2.5b] These results are expected for conventional multichannel
FxLMS, which creates quiet zones around the error microphones.

Furthermore, when the mixed error FxLMS was employed as control algorithm, the
SPL distribution remained the same as in the conventional FxLMS as illustrated in Figure
2.5c, Thus, we confirm the analysis of section that the mixed error FxLMS has
similar behavior to conventional FxLMS, when the output of every error microphone is
almost identical. In such cases, therefore, the use of the mixed error version leads to

similar performance as the conventional version with reduced computational complexity
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(c)

Figure 2.5: a) SPL distribution at a measurement plane at the middle of the loudspeaker
diaphragm for vertical loudspeaker setup when a) the ANC is off, b) the conventional
multichannel FXxLMS is used, ¢) the mixed error FXLMS is used.

since the convolution operations are significantly reduced.

Horizontal loudspeaker setup

The horizontal loudspeaker setup corresponds to the configuration B that is illustrated in
Figure In this configuration, the acoustic pressure at the midpoint between the two
error microphones is given by Eq. for acoustic disturbances with large wavelengths
compared to the microphone distance. For instance the wavelength of a 72 Hz sound wave
at 25°C' is A = 4.5m. Thus, the error microphone distance is A/15, which supports the
assumption made in the derivation of Eq. [2.29]

According to Figure [2.6d, it can be seen that the conventional multichannel FxLMS
algorithm achieved the maximum SPL attenuation at the positions of the error micro-
phones. On the other hand, the mixed error algorithm produced a quiet zone where the
SPL was significantly lower in the area between the error microphones. This can be par-
ticularly observed when the distance between the error microphones is 50 ¢m, as depicted
in Figure 2.70] In this case, the SPL attenuation at the midpoint reached 20 dB, while at
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(a) (b)

-

(c)

Figure 2.6: a) SPL distribution at a measurement plane at the middle of the loudspeaker
diaphragm for horizontal loudspeaker setup when a) the ANC is off, b) the conventional
multichannel FxLMS is used, c) the mixed error FxLMS is used.

(a) (b)

Figure 2.7: a) SPL distribution at a measurement plane at the middle of the loudspeaker
diaphragm for vertical loudspeaker setup when the distance between the error microphones
was a) 20 cm and b) 50 cm.

the error microphone positions it was 10 dB. Furthermore, when the microphone distance
was 30 cm and 20 cm (Figs. , the SPL distribution did not change significantly
when the ANC was activated. The SPL attenuation at the midpoint was 15 dB, while at
the error microphone positions it remained at 10 dB.

Thus, we observe that if the acoustic pressure captured by the error microphones is

different, the maximum SPL attenuation is achieved at the midpoint between the error
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microphones instead of the positions where they are located, assuming that we use mixed
error FxLMS as control algorithm and the wavelengths of the acoustic disturbance is
much larger than the distance between the error microphones. This finding can lead us
to choose different speaker and microphone layouts in order to bring the maximum SPL
reduction to the passenger’s ears. However, even if this condition does not exist, noise
mitigation is in most cases sufficient to make it worth the small decline in performance, in
order to reduce computational complexity. In the following paragraph, the configuration
of loudspeaker and microphones along with the mixed error FXLMS were combined for
the implementation of an ANC system for adjacent aircraft seats characterized by low

computational complexity.

2.5.2 3 input-2 output mixed error FxLMS

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

T(n)x(n) (2.32)
where x is the reference signal obtained by a sensor close to the noise source and w is a
vector of adaptive filter coefficients computed by Eq. 2.21] as shown in Eq. [2.33]

w(n) = [wi(n) we(n) ws(n) ... wr(n)] (2.33)

where L is the filter length.

Seat A SeatB
‘ 55cm .
| o= =
777777777 mic 2 | 25cm )
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[} —
3 20cm

Figure 2.8: The ANC setup for two adjacent seats that consists of two subwoofers and
three microphones.

The mixed error FxLMS algorithm is used to compute 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 Eq. [2.34]
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J(n) = [ex(n) + ea(n) + ea(n))” = €2y, (2.34)

Then the analysis is similar to the 2 input-2 output system described in the previous
paragraph. Except from the mixed error, that consists of three error signals, another
difference has to do with the mixed error secondary path model, which is computed with

respect to three error microphone, instead of two.

Simulation results

The three-dimensional simulations of the proposed ANC headrest were conducted using
time domain FEM in Comsol Multiphysics®. The cabin mockup of the aircraft was
designed to be identical to the one installed in the laboratory for the system’s experimental
testing. More details on the dimensions of the cabin mockup as well as on the model

developed for the simulation purposes are given in the Appendix section.

Figure 2.9: Top view of the cabin mockup modeled using FEM (a) before and (b) after
the activation of the ANC system.

The driving signal of the loudspeakers was again inserted into the model by adding

global equations, which control the normal acceleration of the boundaries that model the
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diaphragms. A loudspeaker that was placed one meter away from the cabin was used
as the noise source. It was driven by a synthetic signal consisting of three 24 Hz BPF
harmonics at 72 Hz, 96 Hz, and 120 Hz.

Figure illustrates the SPL distribution at a plane parallel to the cabin’s floor, at
the height of the center of the loudspeaker’s diaphragm. When the ANC was activated
(Figure 2.9b] the SPL attenuation reached 18 dB in front of seat A and 20 dB in front of
seat B. In addition, the maximum attenuation was achieved 10 cm to 15 cm far from the
surface of the subwoofers. The quiet zone had a surface area of 30cm x 30c¢m in front of
both seats, and over the area between them. Furthermore, the rest of the cabin was not
negatively affected by the system’s activation. Instead, the acoustic pressure was reduced
in the vicinity of the subwoofers. 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 between 105 cm
and 135 cm. As a result, the generated quiet zone is adequate for gentle head movements
by passengers of various heights. Moreover, the mixed error algorithm proves to be an
effective solution for a 3-input-2-output system, demonstrating a lack of significant impact

on performance as a result of the assumptions made during the algorithm analysis.

Experimental Evaluation

The experimental set-up consisted of two Pioneer TS-A25054 subwoofers, which were
utilized to reproduce the low frequencies necessary for the application, and three Shure
MX 183 microphones as shown in Figure|2.10l The control algorithm was implemented on
a National Instruments CRIO-9030 microcontroller. Moreover, in order to take advantage
of the parallel data processing capabilities of the FPGA, specifically the Xilinx Kintex-7,
and the Labview® platform was used.

The synthesized acoustic disturbance was generated through the combination of three
sinusoidal components at 72 Hz, 96 Hz, and 120 Hz, as well as low-amplitude white noise.
The noise source was placed in proximity to the cabin mockup, and a microphone placed
5 cm away from the source captured the reference signal. A total of 16 microphones,
arranged in a grid covering an area of 30 cm by 25 cm, were used to measure the acoustic
pressure in front of the two seats. Linear interpolation was additionally utilized to estimate
the acoustic pressure levels at points between the measurement locations. More details
on the measurement microphone setup are given on the Appendix D of this dissertation.

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 (see Figure 2.11a)), and 13 dB in front of seat B (see Figure [2.11D]).
However, the surface of the zone where this attenuation was maintained differed between
the two headrests. At seat A there was 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
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Figure 2.10: The 3-input-2-output ANC system for two adjacent seats installed in the
cabin mockup.

of seat B, the amplitude of the 72 Hz and 96 Hz harmonics is reduced by more than 10
dB for all measurement points (see Table [2.1). 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 dB, and smaller
for the 120 Hz harmonic, reaching 8.25 dB.
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Figure 2.11: Attenuation of the SPL in front of a) seat A and b) seat B. The error
microphones 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 the passenger’s
left ear.
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Figure 2.12: Frequency spectrums captured by a) microphone A, b) microphone B, ¢)
microphone C and d) microphone D demonstrated in Figs. [2.11al and [2.11b| before (black
line) and after (gray dotted line) the ANC activation.

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

2.5.3 Computational complexity

The computational complexity of the conventional multichannel FxLMS as well as the
mixed-error approach is summarized in the study of Shi et al. [81]. For an ANC setup
with 1 reference signal, K loudspeakers and M microphones, the Multiply-Accumulate
(MAC) operations for multichannel FxLMS are (2M + 1)K L+ M, where L is the number
of taps of both the secondary path and the adaptive filter w(n). On the other hand, the
MAC operations for the mixed-error FXLMS are 3K L + 1. Therefore, in the case of a 2-
input-2-output setup, assuming L = 250 we have 2502 MAC operations for conventional
FxLMS and 1501 MAC operations for the mixed-error approach. When we have a 3-
input-2-output, the MAC operations are 3503 and 1501 respectively. We see that the
computational complexity of the mixed-error FXLMS remains the same while the number
of microphones increases, as there are no convolution operations between the reference
signal and the secondary path that corresponds to each error microphone. Thus, the

computational advantage of this approach is significant, especially when we implement
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large-scale applications.

2.6 Concluding remarks

The application of the mixed-error approach of the multichannel FxLMS algorithm to local
ANC applications of low-frequency acoustic disturbances was examined in this Chapter.
Compared to the conventional version, this approach offers a significant computational
advantage, especially when the number of microphones is increased. The SPL reduction
achieved by this method is greater than 10 dB in a range that covers light head movements
of the seat occupant. Interestingly, the points where a larger SPL attenuation is observed
are identical to those of the conventional algorithm when the acoustic pressures in the
error microphones are equal. Otherwise, the maximum SPL attenuation is located in the
middle of the microphones. This characteristic can be exploited to design special ANC
configurations, such as the 3-inputs and 2-outputs configuration intended for the headrests
of adjacent aircraft seats. By adopting this approach, both hardware and computing

resources can be utilized more efficiently.



CHAPTER 3

Virtual sensing for local ANC

systems

3.1 Introductory notes

The previous chapter discussed the mixed error FxLLMS algorithm, which is characterized
by low computational complexity, making it well-suited for practical applications. More-
over, this algorithm was applied to local ANC systems achieving comparable performance
and stability to conventional FxLMS. As mentioned in the thesis introduction, these sys-
tems face a significant issue in that the maximum attenuation of acoustic disturbance
occurs around the error microphones. However, in most cases of active headrests, it is
challenging to place microphones around the passenger’s ears due to spatial constraints.
As a result, the quiet zone where the maximum attenuation of sound pressure level oc-
curs is located at distance from the passenger ears. Furthermore, the placement of the
physical error microphones near the loudspeaker diaphragm results in the reduction in
the size of the generated quiet zone, as it is contingent upon the distance between the

error microphone and the diaphragm surface.

In order to address this issue, many systems take advantage of several virtual mi-
crophone techniques that have been proposed in recent years. These techniques aim to
estimate the acoustic pressure at a remote location, near to he passenger’s seat occu-
pant’s head, without placing physical microphones. In [37], [86], a Virtual Microphone
Technique (VMT) has been used to relocate the quiet zones around the points of interest,
while in [87], [88] the Remote Microphone Technique (RMT) in combination with a head

tracking system have been developed for the same purpose. Another algorithm called

38
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Virtual Microphone Control (VMC) [6], developed in a multiple input multiple output
(MIMO) format, has managed to move the maximum attenuation of the acoustic pressure
around the passenger ears. Recently [89] proposed a virtual sensing method that combines
Additional Filter and Remote Microphone methods for a headrest application, improving
system’s performance and robustness.

However, the main disadvantage of the aforementioned techniques lies in the com-
plexity that is introduced during the computation of the antinoise signal, while they also
need to compute the additional filters in an additional identification stage. In addition,
as it is mentioned in [57], a head tracking system is needed to ensure stability and the
10 dB quiet zone is obtained for acoustic disturbances with relatively small bandwidth
(100 Hz) and big filter lengths. Other approaches that also use head tracking systems
for the relocation of the quiet zone have been proposed in [7], [32]. Finally, in [90] the
error microphones are mounted on a hat, that is applied on people’s head. However, this
approach could be inconvenient for some applications (e.g. seats in vehicles).

Another approach to virtual sensing methods is to extrapolate the acoustic pressure
using a polynomial [56], [58], [91]. The simplest version is linear extrapolation, which
uses a straight line in order to approximate the acoustic pressure at a short distance
from the physical microphones [92]. Usually two or more physical microphones are used
in order to approximate the virtual acoustic pressure. Finally, another method uses
both the pressure and the velocity of the air molecules to make a better estimate of
the sound wave at the remote location and improve the performance of the ANC [93].
Certainly, the method of simple linear extrapolation has been demonstrated to be the most
computationally effective in reducing low frequency acoustic disturbances, as it requires
minimal calculations and delivers superior results in terms of noise reduction and the
size of the quiet band. Thus, the subsequent paragraphs details a system that integrates
mixed error FxLMS with linear extrapolation and present simulation results, as well as

the experimental evaluation.

3.2 VEM-FxLMS method

This section discusses an innovative method for active headrest applications combining
mixed error FxLMS with linear extrapolation. This method (VEM-FxLMS) was originally
proposed in 23] and was used for the attenuation of the acoustic disturbance produced
by the electric generators of luxury yacht, both in the cabins and on the deck.

For a system with two virtual microphones (Figure , the estimated acoustic pres-
sures can be approximated by the first-order finite difference estimate (Eq. , assuming
that the wavelength is much larger than the distance between the physical microphones:

epk2 (1) — €pr1(n)

epi(n) = - x + eppa(n), for k=1,2 (3.1)
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where e, is the estimated virtual acoustic pressure at the point of interest, ey 2 are
the signals captured by the physical microphones, a is the distance between the physical
microphones and x is the distance between the farthest physical microphones and the

point where the virtual acoustic pressure is estimated.
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Figure 3.1: Top view of active headrest consisting of 2 loudspeakers and 4 physical micro-
phones, which are use for the estimation of the acoustic pressure at two virtual locations.

Then the virtual mixed error derives as the sum of the virtual errors:

k=1

eyna2(n) +em(n) —e n €p21(M 3.2

pia() ¥ eyl )a puln) = eyl )x+€p12(”)+6p22(”)— (3.2
6p2,mi:c (n) - epl,miw(n)

T + €p2.miz(N)

In order to derive the update equation for the adaptive filter coefficients, we need to
estimate the virtual mixed secondary path, which corresponds to the virtual locations.
However, this is not straightforward as there are no physical microphones at these loca-
tions. As demonstrated in the publication in 23], the virtual mixed secondary path can
be approximated from the mixed secondary path that corresponds to ey iz (1), using the
procedure described in Section [2.5] Practically, we assume that the acoustic path between
the farthest physical microphones and the points of NC (virtual microphones) can be ig-
nored during the secondary path modeling, without significant deterioration in system
performance and stability. This assumption is only valid for acoustic disturbances with
high power spectral density at lower frequencies and low spatial change of acoustic pres-
sure due to long wavelengths. In addition, the physical microphones of each pair must be
close to one another (a < 5¢m) and the extrapolation distance relative small (z < 30cm).
As a result, the formula for the computation of the filter weights is demonstrated in Eq.
3.3] which is practically Eq. incorporating linear extrapolation:

wi(n+1) = wi(n) — uX'kmiz () ey miz(n), k=1,2,..., K. (3.3)
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where p represents the step size of the algorithm, e, ,,(n) is the virtual mixed error
defined in (Eq. and y ;. is the reference vector filtered by the virtual mixed sec-
ondary path that correspond to k' secondary source with respect to mixed error signal
ep12(n) + epa2(n). Therefore, the antinoise signal is given by Eq. as in the simple
mixed-error FxLMS.

3.3 Computer simulation analysis

During the computer simulation analysis of the VEM-FxLMS, two ANC architectures were
employed. The first utilized one loudspeaker and four physical microphones (4-input-1-
output), while the second used two loudspeakers and four physical microphones (4-input-2-
output). Furthermore, the k-Wave MATLAB toolbox [94] was used to simulate the sound
pressure in a free field. The acoustic modelling is based on the solution of three coupled
first-order partial differential equations, which are equivalent to a generalized form of the
Westervelt equation. The equations are solved using a k-space pseudo-spectral method
where spatial gradients are calculated using a Fourier collocation scheme, and temporal
gradients are calculated using a k-space corrected finite-difference scheme. More details
on this method and Matlab toolbox are given in Appendix A.1.

A narrowband synthesized signal characterized by harmonic tones at f; = 55H z and
fo = 110H z was generated by the primary source. The SPL in front of the loudspeakers
reached 85 dB when the ANC system was disabled. The primary acoustic pressure field
was assumed to be uniform in the x-y plane. Note that changing the directions of the
incident plane wave has a small effect at the low frequencies of interest. The simulations
were performed in two-dimensions using a grid point spacing in the x and y directions
dr = dy = 0.0lm, a grid size of (N, = 300) x (NN, = 300) grid points or 3m x 3m,
a time step of dt = 8.596e %sec, a total simulation time of T = 2sec, medium density
po = 1.2Kg/m?, and sound speed ¢y = 349m/sec.

The microphones were assumed as one grid point sensors, while the loudspeakers were
configured as arcs. The reference sensor was located close to the noise source. The
diameter of the subwoofer was D,, = 0.26m (Figure [3.2), while the diameter of the
medium-sized loudspeakers was D, = 0.125m (Figure . Moreover, the coordinates of
the mid-point of the loudspeaker/s were defined as (N, /10 + 32, N, /4 + 32). The spacing
between the error sensors at a microphone array was h = 0.04m (Figure 3.3b)). Similarly,
the distance between the loudspeaker/s edge and the microphone array in the x direction
was 7 = 0.04m in the case of 4-input-1-output configuration and r = 0.06m in case of
4-input-2-output configuration (Figure , respectively. The noise source was located
at (N;/2, N,/10) and it was expressed as one grid point source. The ears (basic points of
interest) were placed 0.1 m away from the control box edge, while the desired quiet zone
(DQZ) was located 0.05 m away from the audio box edge. As presented in Figure the
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DQZ was assumed to be an area of 0.6 x 0.15m>.
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Figure 3.2: Total SPL reduction in the presence of a simulated primary noise generated
by k-wave Matlab toolkit applying the proposed ANC scheme for different values of x:
(a), (b) x=8cm (c), (d) x=16 cm and for different distances between the two pairs of error
sensors (a), (¢) 16 cm and (b), (d) 36 cm. The brown ellipse represents the basic locations
of the right (R) ear and left (L) ears.

The ANC system was modelled by incorporating the extrapolation-based virtual sens-
ing technique discussed in Section into the acoustic modelling. To test the validity
of the method, the noise reduction performance was measured under both system con-
figurations. For comparison, the conventional single channel FxLMS was also applied
as control algorithm. For modeling purposes, the filter length was chosen equal to be
L = 100 taps and the step size was set as u = 3e~°. The preliminary step was to model
the mixed secondary path with respect to mixed error signal e,2(n) + eyea(n), for each
loudspeaker, using Gaussian white noise as it has been described in Section [2.4 Then the

VEM-FxLMS algorithm was tested for the two setups.

The simulation results demonstrated that a significant noise attenuation up to 30 dB is
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achieved throughout an area far from the physical error microphone location that depends
on the parameter x which is the distance of the virtual microphone from the farthest
physical microphone. At this point, we must note that the conventional FxLMS achieves
a similar noise attenuation at an area close to the physical error microphone location when
it is used both with 4-input-1-output and 4-input-2-output scheme. However, the noise
attenuation does not reach the passenger ears and therefore the produced quiet zone is

not located at the desired place.
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Figure 3.3: Total SPL reduction in the presence of a simulated primary noise generated
by k-wave Matlab toolkit applying the proposed ANC scheme using two loudspeakers for
x=8 cm, for distance between the two pairs of error sensors (a) 16 cm and (b) 36 cm. The
brown ellipse represents the basic locations of the right (R) ear and left (L) ear.

Consequently, the influence of the ANC configuration as well as the topology of the
physical error sensors on the control performance of the VEM-FxLMS to the DQZ and
the 10dB-quiet zone (QZ10) were investigated. The results of the 4-input-1-output system
simulation setup are illustrated in Figure |3.2] The virtual sensors can be virtually placed
anywhere in the DQZ. Hence, the variable x of the extrapolation technique is set to 8cm
in order to relocate the quiet zone close to the ears. This means that the virtual sensors
are placed at x = 0.08m away from the audio box. In order to investigate the effect of
the physical sensors topology located in front of the control source, the space between
the error microphone arrays is chosen to be (a) smaller (Figs. [3.24] and (b) larger
(Figs. than the diameter D,, of the subwoofer. It is observed in Figs. and
3.2b, where parameter x has been chosen to be 8cm, that any noise attenuation at the
ears is now much higher than at the error microphones. The noise attenuation reaches
up to 30 dB directly to the ears. As demonstrated in Figs. and [3.2b] the 4-input-1-
output setup can ensure comfort to the passenger for head movements inside the DQZ,
while the QZ10 is extended when the space between the microphone arrays is larger than

the diameter D, of the subwoofer. Moreover, the passenger can experience reasonable
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noise suppression for lateral head movements outside the DQZ. But, the noise attenuation
outside the DQZ drops faster until reaching the 5 dB zone that extends over all practical
forward head movements. Note that the non-symmetry of the produced silence zone is

due to the location of the primary source.

3.4 Experimental evaluation

Subsequently, the ANC system configurations described in the previous paragraph (Fig-
ure [3.4) were experimentally evaluated in the Dynamics and Acoustics Laboratory for
synthesized acoustic disturbances that simulated the ones encountered in real-world con-

ditions.

15 cm

Scm
20 cm [ - 36 cm

15 em

10 em /’ \
AR L}

Figure 3.4: Headrest configuration for (a) 4 input-2 output and (b) 4 input-1 output ANC
scheme.

The experiments were taken place either in the cabin mockup or freely in the labora-
tory’s room. The 4 input-2 output system consisted of 4 Shure® MX-183 microphones
and two Visaton® FR 6.5” loudspeakers. Furthermore, a handmade, lightweight ampli-
fier was employed to amplify their signal. On the other hand, in the 4 input-1 output
system, the two loudspeakers were substituted by an Omnitronix® BX 1250 subwoofer.
The primary noise signal was generated using Labview®, and it was reproduced through
the sound card of a desktop computer and a subwoofer. A Behringer® KM750 amplifier
was also used to amplify the primary noise signal. The selection of the woofer was made
because a low frequency acoustic disturbance, captured in the cabin of a yacht was used
for the evaluation of the 4-input-1-output system setup. It consisted of a 55 Hz harmonic,
which was the most prevalent one measured onboard when the electric generators were in
operation. The SPL distribution on a horizontal and flat testing area was determined by
placing observation microphones on a wooden grille and calculating the results. In order
to create a three-dimensional measurement grid, the grille was raised vertically, resulting

in five flat planes with a separation distance of 5 centimeters between them. It is impor-
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tant to note that plane C intersects with the center of the control loudspeakers, which is
at a level that corresponds to a passenger ear. The distance between the center of the

cone and the floor was 1.20 meters.
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Figure 3.5: (a) The hardware configuration of the 4-input-2-output (upper left) and the
4-input-1-output ANC systems. (b) A 2D sketch of the experimental setup for the 4-
input-1-output system evaluation.

3.4.1 4-input-2-output system

In the case of the 4-input-2-output system, the acoustic disturbance was a multi-tonal
synthetic signal contaminated by a 30 dB white noise. When the ANC was disabled,
the SPL ranged from 80 to 85 dB at each of the five measurement planes. The noise
attenuation was determined by measuring the difference in SPL when the ANC system
was turned on and off. After applying the extrapolation-based virtual sensing technique,
the ANC was activated to relocate the (QZ;0 close to the ears. The SPL attenuation
for five measurement planes, using the proposed scheme for x = 32cm, are illustrated in
Figure [3.6]

It can be observed that the SPL reduction varies from 17 to 24 dB directly at the ears
at planes B, C, D, and E, while it is approximately 9 dB at plane A. The QQZ;¢ not only
encompassed the entire DQZ, but it has also been significantly expanded beyond the DQZ.
The SPL reduction ranged from 10 to 24 dB for a distance of approximately 20 cm beyond
the DQZ at planes B, C, and D. The analysis in Figure |3.6| indicates that the 4-input-2-
output system allows head movements within an area of volume SV3y = 0.4x0.37 x0.157+.
The symbol + denotes a larger dimension in certain areas of the DQZ. The outcomes of this
real-time experiment were intriguing because the VEM-FxLMS system was not expected

to extend the (7o, but only to relocate it, as discussed in Section 3.3.
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When the parameter x was selected to be 8cm, the passenger can experience acceptable
noise reduction within the DQZ in every fixed flat plane. The noise attenuation varies from
8 to 15 dB directly at the ears at the standard/initial locations. The QZ;o covers nearly
the entire DQZ at planes A, B, and C. However, the proposed ANC system for a distance of
x = 8cm exhibits poor noise reduction at plane E. Furthermore, the noise attenuation for
a distance of x = 5em outside the DQZ drops to 5 dB. The proposed system for x = 8cm
enables head movement within a silence volume of SVz = 0.4x0.15x0.15m3(= Wx Lx H),
creating a quiet environment for the passenger.

Moreover, when x was selected to be 16¢m, it is noted that the () Z;y not only encom-
passed the entire DQZ but also expanded considerably beyond. Consequently, for forward
head movements, the noise attenuation varies from 10 to 21 dB for a distance of at least
10 centimeters beyond the DQZ at planes A, B, C, and D. The noise reduction is approxi-
mately 20 dB directly at the ears at planes B, C, and D, and around 12 dB at planes A and
E. Additionally, the 4-input-2-output system for an extrapolation distance of 16 centime-
ters allows for head movement within a silence volume of SVi5 = 0.4 x 0.25 x 0.15m?>. In
conclusion, as the parameter x increases, we observe an enlargement of the quiet zone, so
that when it becomes 32¢m we obtain the largest ()7 and an adequate SPL attenuation

at passenger ears.

3.4.2 4-input-1-output system

The 4-input-1-output system was experimentally evaluated in the wooden cabin mockup
(cabin setup’), installed in the Dynamics and Acoustics Laboratory, in order to simulate
the acoustic environment of a small enclosure as well as outside of it (‘deck setup’).
More details on the construction and the acoustic characteristics of this cabin are given in
Appendix B of this dissertation. Furthermore, the acoustic disturbance was selected to be
a signal captured in a cabin of a luxury yacht, while the electric generators were working.
Then the measured signal was reproduced in the laboratory, following the procedure
described in Section[3.4.1] Therefore, the acoustic disturbance consisted of 55 Hz harmonic
as well as broadband noise.

When the ’cabin setup’ was implemented, the obtained SPL distribution of the 3D
measurement grid when the proposed ANC system was off varied from 73 to 77 dBA. The
A-weighted sound pressure level was about 73 dBA directly at the ears, at the standard
position at all the planes. Initially, the conventional single channel FxLLMS was performed.
However, the desired noise attenuation didn’t reach to the ears, as it was limited around
the error microphone positions. Thus, the overall attenuation results obtained from the
classic FxLMS algorithm were poor. The SPL attenuation did not exceed 3 dBA in the
areas of interest, around the passenger ears. Then, the proposed 4-input-1-output VEM-

FxLMS algorithm was applied for an extrapolation distance of x = 8cm. The results
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Figure 3.6: Total SPL attenuation at five different horizontal planes when the proposed
4-input-2-output scheme was applied with z = 32cm: (a) A plane, (b) B plane, (c¢) C
plane, (d) D plane and (e) E plane.

are presented in Figure 3.7, The SPL attenuation varied from 8 to 12 dBA directly at
the ears at the standard locations at the planes A, B and C. In addition, the control
performance was poor at the plane E. In case of forward head movements, the noise
attenuation varied from 9 to 12 dBA for a distance up to 10 cm far from the standard ear
locations throughout the planes A and B. Thus, based on the analysis in Figure for
the value of parameter x being 8 cm the proposed system allowed a head movement in a
silence volume that equals to SVg = 0.40 x 0.15 x 0.10FmS3.
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Figure 3.7: Total SPL attenuation profile at different horizontal contours in the case of
‘cabin setup’ applying the proposed ANC scheme: (a) A plane, (b) B plane, (¢) C plane
and (d) D plane. The ‘o’ indicates the basic location of the ears

Finally, in this stage of the experimental evaluation, the 4-input-1-output system was
placed in the laboratory’s room far from the walls, in order to simulate a more open
space without many reflections. Therefore, this configuration will be referred to as 'deck
setup’. Again, the proposed technique was performed for a distance x = 8cm. When the
ANC system was off, the SPL distribution at all the planes varied from 70 to 75 dBA.
Initially, the conventional FxLMS was applied. It should be noted that the results are
close to those obtained in the test with the ‘cabin setup’. The SPL reduction did not
exceed 3 dBA in the areas of interest at all the planes. At the same time, in contrast
to the conventional FxLMS, the proposed VEM-FxLMS achieved to expand the QZ10 to
the DQZ and provide significant noise attenuation. As illustrated in Figure the noise
reduction varied from 9 to 15 dBA directly at the ears at the standard locations at all
the planes. In case of forward head movements, the noise attenuation varied from 9 to 15
dBA for a distance up to 15 cm beyond the standard ear locations in the planes B, C and
D. Hence, based on the analysis in Figure [3.8] the proposed methodology allows a head

movement in a silence volume SVi = 0.40 x 0.20 x 0.15 m?3.

Moreover, Figure [3.9] illustrates the comparison of the frequency spectrums at the
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Figure 3.8: Total SPL attenuation profile at different horizontal contours in the case of
‘deck setup’ applying the proposed ANC scheme: (a) A plane, (b) B plane, (¢) C plane
and (d) D plane. The ‘o’ indicates the basic location of the ears

locations of passenger ears for the ’deck setup’, when the ANC was enabled and disabled.
We observe that the attenuation of 55 Hz harmonic was 10.89 and 10. 94 dBA at right
and left ears respectively, which is due to the relocation of the quiet zone achieved by
the acoustic pressure prediction technique, based on linear extrapolation. In addition,
smaller but significant amplitude attenuation was observed for other harmonics like the
one at 164 Hz. The achievement of greater than 10 dBA attenuation is of paramount
importance, as it corresponds to a level of reduction that is discernible to the human ear
and can have a substantial impact on the acoustic comfort of passengers in settings, such

as yachts.

3.5 Yacht application

The 4-input-1-output system was installed on the deck of a yacht, as illustrated in Figure
3.10al, in order to mitigate the acoustic disturbance produced by one of the electric gen-
erators. The control algorithm was feedforward VEM-FxLMS using an Omnitronix® BX

1250 subwoofer as secondary source and four 4 Shure® MX-183 microphones, arranged in
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Figure 3.9: Spectrums of monitoring signal measured in B plane close to a) the right ear
and b) the left ear while the ANC system using the proposed methodology is disabled
(red dot line) and enabled (black line).

pairs in order to implement the forward difference prediction technique. Additionally, the
reference microphone was strategically positioned in the engine room, between the two
electric generators (Figure , to ensure a strong correlation between the reference
signal and the noise source. The engine room was located below the deck, which could
potentially create a causality constraint issue for the FxLMS algorithm. Nevertheless,
the algorithm’s implementation was designed to be efficient enough to prevent any such
issues from arising.

To assess the system’s performance with respect to both SPL attenuation and the size
of the quiet zone, measurements were taken at 84 points in front of the secondary source,
with the data collected both when the ANC was activated and when it was deactivated.
The measurement points were organized into three height levels that corresponded to
the middle of the subwoofer, the bottom, and the top. Each height level comprised 28
measurement points arranged in four rows, with seven points in each row. The distance
between points in the same row was 10 cm, and the distance between rows was 15 cm.

As a result, the measurement volume had dimensions of 60cm x 45¢m x 40cm.

The measurement microphone, situated in front of the woofer’s diaphragm and 0 cm
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Figure 3.10: a) The active headrest system implemented on the yachts deck, b) the engine
room, with two electric generators (ONAN 17 KW), where the reference microphone was
placed.
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Figure 3.11: Time domain signals and frequency spectrums when the VEM-FxLMS based
ANC operated on the deck of a yacht in real-world conditions. The distance between the
error and the measurement microphone along the z-axis was 0 cm.

away from the error microphones, recorded both the time signal and frequency spectrum
when the ANC was activated and deactivated. These results are depicted in Figure [3.11]
Our analysis indicates that the attenuation of the 52 Hz harmonic magnitude reached
18 dB. Furthermore, we observe increased attenuation of the low-frequency broadband
components of the acoustic disturbance. When the distance from the error microphone

was 15 cm, the magnitude attenuation reached its maximum value, which was 25 dB
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Figure 3.12: Time domain signals and frequency spectrums when the VEM-FxLMS based
ANC operated on the deck of a yacht in real-world conditions. The distance between the
error and the measurement microphone along the z-axis was 15 cm.

(Figure . This is related to the parameter x of Eq. representing the first-order
finite difference estimation of acoustic pressure, which was set at 15 cm.

When the distance from the error microphone became 30 cm the magnitude attenua-
tion reached 15 dB and finally at 45 cm the magnitude attenuation reduced to 10 dB. As a
result the 10 dB quiet zone, when employing the VEM-FxLMS algorithm, extended from
the positions of the error microphones up to 45 cm far from them. In addition, similar
measurements were recorded for the measurement planes up and down from the medium
plane, resulting at a 10 dB quiet zone of 40 cm at the y-axis. Furthermore, the woofer’s
diaphragm diameter was 30cm, and the SPL attenuation along the diaphragm was sim-
ilar to the measurements done for the central microphone. In addition, the 10 dB SPL
attenuation was attained 10 cm left and right from the diaphragm’s end. As a result, we
observe an 40cm x 40cm x 45¢m area of more than 10 dB magnitude attenuation, which
shows the ability of VEM-FxLMS to relocate and expand the quiet zone due to the linear

prediction technique of the acoustic pressure.

3.6 Concluding remarks

The main objective of this chapter was to introduce a new algorithm, VEM-FxLMS,
which integrates the mixed-error method discussed in Chapter 2 with linear extrapolation
of the acoustic pressure to relocate the quiet zone. The algorithm was evaluated through

both computer simulations and experimental tests, which showed that the SPL reduction
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Figure 3.13: Time domain signals and frequency spectrums when the VEM-FxLMS based
ANC operated on the deck of a yacht in real-world conditions. The distance between the

error and the measurement microphone along the z-axis was 30 cm.
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Figure 3.14: Time domain signals and frequency spectrums when the VEM-FxLMS based
ANC operated on the deck of a yacht in real-world conditions. The distance between the

error and the measurement microphone along the z-axis was 45 cm.

is contingent on the distance between the second error microphone of each pair and the

desired noise cancellation location, as determined by the parameter x.

The system’s

effectiveness was maintained in both small enclosures and larger rooms, and it achieved
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an additional SPL reduction of more than 10 dB with both a 4-input-2-output and a
4-input-1-output setup. This reduction is significant because it is an acoustic pressure
difference that is easily perceptible to the human ear. The 4-input-1-output system, which
performed slightly better in laboratory tests, was installed on the open deck of a yacht
and successfully reduced the amplitude of the 52 Hz harmonic generated by the yacht’s
diesel generators by 25 dB at the positions where the ears were thought to be located.
This demonstrates that the proposed system is effective in both laboratory and real-world
conditions, and the results are particularly noteworthy since they indicate that the system

can perform well in both environments.



CHAPTER 4

FLNN based non-linear ANC

4.1 Introductory notes

In the previous chapters, linear algorithms for ANC systems were discussed, and particular
attention was given to reducing computational complexity and creating and relocating
the areas where acoustic pressure reduction is achieved to a satisfactory extent. However,
algorithms based on FXLMS are inherently linear and usually have reduced performance
when used to model electroacoustic systems where strong nonlinearities are present [95]
or when solving tasks which involve the prediction of time series that are a mixture of
harmonic and chaotic elements. The non-linearities in ANC systems can arise from the
sensors, actuators, or amplifiers employed in the system, usually in the secondary path.
The presence of high amplitude levels in the primary noise may cause saturation in low-
power devices like the reference and error microphones. The effect of non-linearities due
to the components in the secondary paths on the FxLMS algorithm has been studied in
[96], which shows that the presence of even a small non-linearity may affect the noise
mitigation capacity [97].

Another issue that can degrade the performance of the ANC is the non-minimum phase
behavior of secondary paths. In this situation, the system’s response moves to a different
direction than the system’s input, causing difficulty in modeling by linear algorithms. A
typical example of a system with non-minimum phase is the aircraft pitching-up action,
which is used to increase the altitude. Systems with similar behavior can be usually met
in electroacoustic systems. Furthermore, it has been reported that the noise generated
by a fan in a duct shows a chaotic behavior and can be modelled by a nonlinear and

deterministic process [98]. Acoustic disturbances with similar characteristics are usually

95
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present in vehicle cabins and mainly in aircraft. The effect of this type of noise on the
controller behavior, when an ANC system is employed for controlling such sound, has
also been studied in [98]. In real-world applications and in particular in vehicles such
phenomena are very frequent, resulting in a reduction of the SPL reduction achieved by
ANC systems [99].

A solution to this problem has been given by non-linear adaptive filters, which are more
effective in attenuating broadband acoustic disturbances characterized by the combination
of harmonic and chaotic components, that propagate through non-linear electroacoustic
paths. Several researches have focused on non-linear controllers based on Volterra series
[40], [41] and bilinear filters [43], |44], while others have been utilized architectures that
employ the convex combination of non-linear and linear filters [45]. Moreover, Functional
Link Neural Networks with several functional expansions is another solution that has been
employed by several researches [100]—[102].

In case of sinusoidal functional expansion, Das et al. proposed a non-linear FsLMS al-
gorithm [29], that is a single layer Functional Link Neural Network (FLNN) with trigono-
metric functional expansion to enhance ANC system performance. In |42, a modified
version of the algorithm has achieved better performance in noise cancellation, when the
primary path is non-linear. Moreover, a combination of FsLMS and Remote Microphone
Technique was presented in |[103] for the relocation of the quiet zone far from the physical
microphones, forming a virtual version of the FsLMS. This version was used in a headrest
system [104], achieving better performance than conventional FxLMS when non-linearities
are present either at primary and secondary paths, or at cancelling loudspeakers (distorted
speaker). However, this system is characterized by uncertainties in the computation of
virtual error that can lead to robustness issues [87] and by high computational complex-
ity. In this Chapter, the FsLMS is combined with the mixed error approach, discussed in
Chapter 2 and with the linear extrapolation of acoustic pressure, to form a novel method

that is applied in a headrest application.

4.2 Filtered-s Least Mean Squares algorithm

FLNN [105] is a type of neural network that aims to address the complexity issue com-
monly associated with conventional neural networks that employ backpropagation for
training. The operation of FLNNs is built upon the functional expansion of the origi-
nal input layer using specific functions, such as trigonometric [106], Chebyshev |107] and
Lagrange [108], to enable the modeling of nonlinearities. One of the key advantages of
FLNNSs is their reduced complexity, which enables online training and real-time monitor-
ing of changes in the modeled problem. FLNNs have been effectively utilized in the areas
of system identification [109], [110] and time-series prediction [35], [111].

Although it appears that various algorithms, particularly neural networks, have the
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potential to improve the performance of the original FxLMS especially in real-world ap-
plications, there is a subtle issue that continuously presents challenges. Specifically, the
existence of the secondary path after the output of the digital signal processor, where the
control algorithm is implemented, poses difficulties in defining the training task. This
system filters the signal that is being computed, which can hinder the ability of the
noise-cancelling task to perform as it was trained to. As a result, the impact of the sec-
ondary path must be considered in any algorithm that aims to achieve NC. In the case
of the FLNN algorithm, the effect of the secondary path was introduced by the FsLMS
algorithm, whose filter bank implementation is shown in Figure [4.1]

In single-channel FsLMS the functionally expanded reference signal described by Eq.
is employed. The reference signal x(n) (Eq. is obtained by a reference sensor
located near to the noise source, similarly to the conventional FXLMS. Then s(n) is
calculated by passing x(n) as input to sinusoidal functions. Furthermore, the model of the
secondary path H’ is obtained similarly to the FxLMS, during a preliminary identification

stage.

x(n) =[z(n) z(n—1) --- z(n—L+1)]" (4.1)
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x(n), ifi=1
si(n) = < sin(lmx(n)), ifiis even (4.2)
cos(lrx(n)), ifiis odd
for 1<I<Pand 1< ¢ <2P+1, assuming that P is the FLNN order.

Therefore, we obtain:

s(n) =[s(n) s(n—1) --- s(n—L+1)]" (4.3)

In a filter bank implementation of FsLMS, where a separate filter is computed for
each component of the trigonometrically expanded reference signal, the weights of the
non-linear adaptive filter derive from Eq. [4.4}

wi(n + 1) = wi(n) - pis(n)e(n) (4.4)

where w represents the weights vector, p the step size of the algorithm, and si(n) the
functionally expanded reference signal filtered by the model of the secondary path H'.
Then, the antinoise signal is obtained by summing the outputs of the filters in the filter
bank.

y(n) = > ui(n) (4.5)
where
yi(n) = wi" (n)s(n) (4.6)

4.3 Mixed-error FsLMS

The mixed-error FsLMS algorithm is an extension of the algorithm presented in section
2.4 Again, it employs the mixed error of Eq. in order to update the weight coeffi-
cients of the kth non-linear adaptive filter, that drives the kth loudspeaker (Figure .
Therefore, for a multichannel ANC system with K loudspeakers and M microphones the

update equation of the adaptive filter coefficient

wir(n + 1) = wi(n) — us'smiz(n)emiz(n), k=1,2,.., K. (4.7)

where p is the step size of the algorithm, and s’y ;. (n) the functionally expanded reference

miz cOrTesponding to

signal, filtered by the model of the mixed error secondary path H;

kth and the sum of M error signals. Thus, the antinoise signal for the kth loudspeaker is
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computed by Eq. 4.8
() =Y yar(n) (4.8)
n=1

where

x(n) ’_4

y,2 ()
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Figure 4.2: Block diagram of mixed-error FsLMS algorithm for a multichannel ANC with
k loudspeakers and M microphones. The functionally expanded reference signal filtered
by the mixed secondary path H,,; is denoted by s'(n).

N

emix(n)

As in the VEM-FxLMS of section [3.2] we can integrate the first-order finite difference
technique to estimate the acoustic pressure at the ears of the seat occupant and therefore
to relocate the quiet zone in a more significant area for the passenger comfort. At this
point we would like to reiterate that this particular method of acoustic pressure estimation
is only effective at low frequencies (< 500H z), due to its relatively small spatial variation,

which in turn is due to the long wavelengths of these acoustic disturbances.

wi(n+ 1) = wi(n) — p8 kmiz(n) ey miz(n), k=1,2,.. K. (4.10)

where e, ,iz(n) for a system with two error microphones is computed by Eq. In
addition, the functionally expanded reference signal is filtered by the mixed secondary
path H,,;, that corresponds to the furthest microphone pair as, described in section
and depicted in Figure [4.3] Subsequently, the antinoise signal is computed by Eqs. [.§]
4.9
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Figure 4.3: Block diagram of the FLNN based algorithm using 2 loudspeakers and 2
physical microphone pairs in order to estimate virtual error signals e, €,s.

4.3.1 Computational complexity

The computational complexity of a single iteration of the proposed algorithm is detailed
in Table [£.1] The algorithm is designed to operate on a sample-by-sample basis; hence,
determining the computational load per iteration and the sampling frequency provides
comprehensive information regarding the requirements for the digital signal processor. It
is assumed that the ANC system features two outputs and two inputs, which serve as
virtual error signals. Furthermore, a FIR filter of length L is utilized to model the mixed
error secondary path. The vectors w;, have a length of N, and P denotes the order of
the FLNN. The mixed error secondary path is identified during a preliminary stage using
the conventional LMS algorithm, resulting in low computational complexity during this

phase.

The low computational load during the control stage is attributable to both the mixed
error approach of the multichannel FLNN and the simplicity of the first-order prediction
technique. The benefits of these methods are realized if the assumptions outlined in
Sections 2.1 and 2.2 are satisfied. The mixed error approach minimizes the number of
convolution operations, as demonstrated by the comparison between Egs. and [L.5]
According to [112], the traditional multichannel FLNN, with an equivalent number of
inputs and outputs, requires 2(2P + 1)(3N +4L), which results in 2(2P + 1)(N +3L) — 2
more multiplications than the proposed algorithm. Similarly, we can derive that the
number of additions is reduced by 2(2P +1)(N + 3L —4) — 1. Finally, the publication[57]
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demonstrates that the number of multiplications increases significantly when any of the
VMT, RMT, or VMC virtual sensing techniques is applied. Conversely, the integration
of the first-order prediction technique introduces only two additional multiplications per
iteration.

An example with P =1 and L = N = 250 demonstrates the computational efficiency
of the proposed algorithm. In this scenario, the total number of additions is 4,501, and
the total number of multiplications is 4,502 during the control stage. In contrast, the
FLNN described in |104] for a headrest application, which incorporates the Remote Mi-
crophone Technique, requires 7,020 multiplications and 7,008 additions to compute the
output signals. This discrepancy becomes significant when multiple systems are imple-
mented. For instance, in the cabin of a small airplane with six seats, fewer digital signal
processors would be needed, leading to reduced hardware and lower cost. Moreover, the
low computational complexity allows for the addition of more input and output signals,

potentially enhancing the system’s overall performance.

Computation Multiplications Additions sin(.)/
cos(.)
Cv,mix 2 3 -
S mie 2L(2P + 1) 2L(2P + 1) — 2 ;
Total 2P+ 1) 2N+ L)+2 2Q2P+1)2N+L)+1 4P

Table 4.1: Number of computations for 1 iteration of the control algorithm, with 2 inputs,
2 outputs. L and N denote the length of Hy i, and wj; respectively. P is the order of
the FLNN.

4.4 Computer simulations analysis

Two types of numerical simulations were conducted. The first examined the proposed
algorithm’s convergence and stability in comparison to the linear FxLMS. The second
simulated the acoustic behavior of the ANC system when placed in an aircraft cabin.
Both the FLNN and the FXLMS algorithms were implemented in Matlab® to evaluate
their convergence and stability, as well as to compare their performance. The instanta-
neous squared error was used as the criterion. For the purpose of this study, three types
of reference signals were used: 1) two signals recorded in the cabin of a tilt-rotor air-
craft during a measurement campaign for the PTANO project [113[; 2) a synthetic logistic
chaotic signal; and 3) a mixture of three tonal components (48 Hz, 72 Hz, 96 Hz) added
with white Gaussian noise at a signal-to-noise ratio of 30 dB. The real-world signals cor-
respond to flight at 10 kft and 20 kft with speeds of 150 kts and 200 kts, respectively.

These signals consist of harmonics of the BPF of the aircraft’s rotor and background
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noise, which has chaotic characteristics, as demonstrated in subsequent sections. The
logistic chaotic acoustic disturbance is described by Eq. and has been used in many
previous works [29], [112], [114], [115] for the evaluation of non-linear ANC algorithms
based on trigonometric FLNN due to its effectiveness at detecting the presence of chaotic

characteristics in acoustic disturbances.

z(n+1) = Ax(n)[l —z(n)] (4.11)

where A = 4 and z(0) = 9.

Moreover, the primary electroacoustic paths between the reference microphone and the
four error microphones (Eq. , as well as the secondary paths between the secondary
sources and the two furthest error microphones (Figure , are identical to the actual
systems in the laboratory and align with the experimental analysis paths. These paths

were modeled using the LMS algorithm for the purpose of the simulation.

p11 = [—0.0025 — 0.0028 — 0.0014 — 0.0003 — 0.0009 — 0.0014 — 0.0001
0.0020 0.0032 — 0.0004]

p12 = [—0.0021 — 0.0030 — 0.0014 — 0.0001 — 0.0007 — 0.0016 — 0.0006
0.0019 0.0035 — 0.0008]

pa1 = [—0.0015 — 0.0026 — 0.0011 — 0.0005 — 0.0002 — 0.0015 — 0.0010
0.0011 0.0026 — 0.0017]

pa2 = [—0.0015 — 0.0024 — 0.0075 0.0007 — 0.000017 — 0.0015 — 0.0009
0.0012 0.0029 — 0.0022]

(4.12)
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Figure 4.4: Impulse response of one loudspeaker’s mixed error secondary path.

The minimization of the instantaneous error for both FxLMS, first order FLNN and

second order FLNN is demonstrated in Figure [4.5 The performance of the second or-
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Figure 4.5: Instantaneous Squared Error of the FxLMS and FLNN of first and second
order when the reference signal is (a) the acoustic disturbance captured during flight at
10 kft with speed of 150 kts, (b) the acoustic disturbance captured during flight at 10 kft
with speed of 200 kts, (c) the logistic chaotic noise described by Eq. and (d) the
mixture of tonal components and the Gaussian white noise.

der FLNN surpasses that of the other algorithms for both four signals. For the logistic
chaotic signal (Figure , the difference between linear and non-linear systems is more
pronounced, indicating that the trigonometric FLNN is a better predictor in the presence
of chaotic characteristics. When using recorded real-world signals as reference (Figs. ,
, the difference between the three algorithms is smaller, which can be attributed to
their strong harmonic characteristics. However, chaotic characteristics are also present,
as indicated by the method based on the computation of Lyapunov exponent A .
For the signal corresponding to 150 kts, A = 0.0314, and for the signal corresponding
to 200 kts, A = 0.0718. This suggests the presence of chaos in these time series, which
can explain the improvement in performance when non-linear algorithms are employed.
Moreover, the non-minimum phase behavior of the secondary paths, as depicted in Figure
, is better modeled by a trigonometric FLNN, as previously mentioned in . The
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non-minimum phase behavior of the secondary paths used in the convergence simulation
can also account for the superior performance of the FLNN in the case of the signal
with tonal and noisy components (Figure [4.5d]). Finally, the presence of noise can make

non-linear control more effective in time series prediction than linear control.

(c)

Figure 4.6: Sound Pressure Level around the loudspeakers of the ANC headrest system
based on second order FLNN. The simulations were conducted using time domain FEM
when (a) ANC is deactivated, (b) ANC is activated and x= 0 cm, and (c) ANC is activated

and x=6 cm

Apart from conducting convergence simulations, acoustic simulations were executed
using the FEM. These simulations were performed in the Acoustics module of Comsol
Multiphysics®. Additional information pertaining to these simulations, along with details

on other simulations conducted in this dissertation, can be found in Appendix A.2.3. In
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Figure [4.6] the SPL distribution in front of the headrest is presented. In Figure the
system was inactive, while in Figs. and the ANC based on the second-order
FLNN algorithm was activated. The second-order algorithm was selected for deployment
due to its superior performance in the convergence simulations. Moreover, in the case of
Figure the value of the parameter x in the extrapolation method was set to 0 cm,
while in the case of Figure [4.6¢} it was set to 6 cm. The difference in size between the
shaped quiet zones is considerable.

Their dimensions are 10 cm x 40 cm without acoustic pressure’s prediction at the
passenger ears and 25 cm x 50 cm with it. As a result, the first order prediction tech-
nique manages to extend the quiet zone far from the surface of the headrest and around
the passenger head, making the system suitable for an aircraft headrest application. In
addition, for a synthesized acoustic disturbance consisting of three harmonics of the BPF
at 48 Hz, 72 Hz, and 96 Hz, the maximum attenuation of the sound pressure level reached
25 dB (from around 93 dB to 68 dB). Similar results have also been demonstrated during
the evaluation of VEM-FxLMS, thus showing that the non-linear nature of the method

proposed in this Chapter is compatible with linear extrapolation of acoustic pressure.

4.5 Experimental evaluation

The experimental evaluation of the FLNN-based ANC system was held in the interior of
the aircraft cabin mock-up, similar to the experiments discussed in the previous Chapters.
Further details on the construction and the acoustic characteristics of the cabin are given
in Appendix section of this dissertation. In addition, a sketch of the top view of the cabin
mockup is demonstrated in Figure

310
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Figure 4.7: a) Sketch of the top view of the aircraft cabin mockup installed in the Dy-
namics and Acoustics laboratory. b) Active headrest setup employed the proposed FLNN
algorithm.
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The choice of an enclosure instead of an anechoic chamber for the experimental evalu-
ation of the active headrest, derives from the need to simulate as much as possible the real
electro-acoustic paths that exist in an aircraft, which are characterized by non-linearities
and non-minimum phase behaviour, like most real-world systems. Furthermore, the Ac-
tive Headrest is depicted in Figure . It comprised two subwoofers (Visaton WS 25E)
and four microphones (Shure MX 183). The utilization of subwoofers rather than con-
ventional loudspeakers aimed to minimize low frequencies, and the frequency response of
the subwoofers was suitable for this purpose. The development of the control algorithm
involved the use of a National Instruments® ¢RIO 9030 controller, which integrates an
embedded FPGA (Xilinx® Kintex-7) with a dual-core CPU (Intel atom) operating at
1.33 GHz. The core of the FLNN algorithm was constructed within the FPGA part of
the ¢cRIO 9030 controller using the Labview® FPGA development platform. The ¢RIO
9030 was connected to the reference and error microphones via an ADC (NI 9220) and
to the secondary sources through a DAC (NI 9264). Lastly, the system’s microphone
preamplifiers and the amplifiers used to drive the loudspeakers were integrated into a
lightweight, handcrafted electronic board that adheres to the weight and size constraints

of an aircraft application.

The experimental evaluation of the ANC system was conducted using acoustic dis-
turbances that were recorded within the cabins of a tilt-rotor aircraft, a small propeller
driven one and a helicopter during flight as well as the yacht mentioned in Chapter 3. The
disturbance from the tilt-rotor was also utilized in the convergence simulations described
in Section 4.4 To reproduce the original signal’s spectral characteristics, the acoustic
disturbance was played through a subwoofer (Omnitronix BX 1250) that was driven by
a power amplifier (Behringer KM750) in a laboratory setting. An omnidirectional mi-
crophone (t-Bone MM-1) was used to record the reference signal, which was placed 5

centimeters in front of the primary source, as depicted in Figure [4.7a

A series of measurements were taken to determine the SPL around a passenger’s head
when the ANC was either enabled or disabled. These measurements were conducted
using a sophisticated measurement system that incorporated 16 microphones mounted on
a grille (see Figure . The construction of this measurement system is further detailed
in the Appendix section. Additionally, the accuracy of the measurements was validated
using a sound level meter (RION NL-52).

Two stages were necessary for the system activation. Initially, a preliminary identifi-
cation stage was carried out to model the mixed secondary path of each secondary source
Hj, miz- In this process, the step size and filter length of the LMS algorithm were chosen
to be figen = 0.001 and N=250 taps, respectively. The reference signal was white noise,
which was replicated by the corresponding secondary source. The error signal was the
sum of the signals obtained from the farthest error microphones of each pair for both
secondary paths (as illustrated in Figure .



4.5. Experimental evaluation 67

After the identification stage was completed, the control stage calculates the noise-
canceling signal for each secondary source. The step size for adapting the linear terms
in the filter bank, which is shown in Figure 4.2] was tineer = 0.0001 and for the non-
linear terms it was fnon_inear = 0.0005. The total number of taps in all sub-filters was
set to 250, as longer filter lengths can significantly improve the mitigation of broadband
acoustic disturbances, as demonstrated in [117]. The reference signal was recorded by
a microphone placed in front of the noise source, which is shown in Figure [4.7a] In
a real-world application, the position of the reference microphone must be selected to
ensure the maximum correlation between the reference and the error signal while meeting
the causality constraint. The control algorithm was implemented using a mixed error
approach and the first-order prediction technique for estimating the acoustic pressure
at the passenger’s ears according to Eq. [4.10f Both the distance between the error
microphones of each pair and the distance between the secondary sources and the nearest
microphones was set to 3 cm. Finally, the sampling frequency for both identification and

control stages was f, = 2kHz.

4.5.1 Tilt-rotor aircraft cabin noise

Evaluation of the linear prediction technique

While the linear prediction technique presented in section has been thoroughly studied
in 23], [92], [93], to the best of the author’s knowledge, it has never been combined with
an FLNN. In this experiment, the changes of the SPL in front of the headrest have
been investigated, while changing the parameter x of Eq. [6.9 The acoustic disturbance
recorded in the aircraft cabin and reproduced in the laboratory is shown in Figure [4.10
with the black line.

The lower frequency band is dominated by the harmonics of the rotor’s BPF at 24 Hz.
As a result, there are peaks at 48 Hz, 72 Hz, 96 Hz and 119 Hz along with broadband
noise. The proposed control algorithm was tested for various values of parameter x in
order to evaluate the effectiveness of the acoustic pressure prediction technique. Figure
depicts the shifting of the quiet zone for x= 0, 4, 8, 12, and 16 cm. The area between 0
and 5 cm in the y direction is empty because the ears are usually positioned 5 cm in front
of the headrest even when the head touches it. We observe that the control algorithm
converges for all values of x, and the relocation of the QZ is accurate enough for the
current application, which aims to attenuate low frequencies.

It is obvious that the maximum attenuation of the SPL is observed near to the y
coordinate that is defined by parameter x. When x is selected to be 0 cm, the SPL
reduction at the points with coordinates (-5,10) and (5,10) that correspond to the possible
positions of the passenger ears is 2-3 dB, given that before the system activation the overall
SPL varied between 86.5 and 88.5 dB (Figure [4.8a)). The best performance is achieved for
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Figure 4.8: Sound Pressure Level at the measurement area for different values of parameter
x: a) x=0 cm, b) x=4 cm, ¢) x=8 cm, d) x=12 c¢m, and e) x=16 cm. The dotted rectangle
denotes the area with SPL attenuation greater than or equal to 7 dB.

x=12 cm (Figure , where the 10 dB attenuation is reached near the passenger ears.
Finally, when x=16 cm a good performance is achieved at most points of measurement
(Figure [4.8€). However, the attenuation does not reach the threshold of 10 dB. Thus, we
can say that when the quiet zone is shifted far from the microphone pairs, the overall
SPL is attenuated over a larger area but the performance slightly decreases. This is due
to a decline in the accuracy of acoustic pressure prediction. As previously stated, the
accuracy is determined by the spectral characteristics of the acoustic disturbance and the

parameter x. As a result, this method is more effective for low-frequency disturbances
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and short distances between the physical and virtual error microphones.

Evaluation of algorithm’s noise attenuation performance
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Figure 4.9: Sound Pressure Level in the vicinity of the active headrest for real-world
acoustic disturbance at a height of 110 cm from the cabin’s floor when (a) ANC is deac-
tivated, an (b) the ANC based on second order FLNN is activated. The dotted rectangle
denotes the area with SPL attenuation greater than or equal to 7 dB.

For the evaluation of the algorithm’s performance in mitigating noise, the parameter
x was set to 10 cm in order to achieve the maximum attenuation of acoustic pressure
between 5 cm and 10 c¢cm from the surface of the headrest. In this way, the maximum
SPL reduction is achieved around the ears when the passenger’s head touches the seat’s
headrest. Figure[d.9]shows the SPL map before and after ANC activation. We can see that
from 87 dB to 88 dB 5c¢m - 10 cm away from the surface of the headrest, the SPL drops
to 77dB - 77.5 dB, corresponding to a 10 dB noise reduction. Although this reduction
in SPL is significant for an aircraft application, it is smaller than the 25 dB observed in
the acoustic simulation. This is due to the broadband characteristics of the real world
acoustic disturbance and the existence of background noise, which inserts extra difficulty
in the prediction problem. Consequently, the size of the 10 dB quiet zone is limited
comparing to the simulation results, covering a surface of (15x15) cm?. However, it can
cover the passengers’ ears when the head touches the headrest. In addition, a significant
attenuation of 8 dB is achieved in a 30 cm x 17 cm area.

Furthermore, the frequency spectrums before and after the ANC activation were

recorded by measurement microphones with coordinates (-5,10) and (5,10), which cor-
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respond to the passenger’s ears and are depicted in Figure The most significant
BPF harmonics were attenuated by 12 dB to 23 dB (Table 4.2). In addition, at the
frequency range between 50 Hz and 150 Hz the frequency spectrum is flattened, showing
the broadband noise attenuation capabilities of the proposed algorithm. As a result, the
proposed system can achieve significant amplitude reduction for low frequency harmonics,
which can be extremely annoying in an aircraft cabin and are difficult to mitigate using

passive sound absorption techniques.
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Figure 4.10: Frequency spectrums before and after the ANC activation. They were
recorded by the measurement microphones which were placed 10 cm far from the head-
rest’s surface and 110 cm from the cabin’s floor corresponding to the (a)left and (b)right
ear of the seat’s occupant.
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Comparison with the FxLMS algorithm

In section [£.4] it was demonstrated through convergence simulations that the ANC system
based on the second order FLNN performs better than the similar systems based on first
order FLNN and FxLMS, with respect to the minimization of the instantaneous squared
mixed error for the acoustic disturbances of a tilt-rotor aircraft. When the performance
criteria are SPL attenuation in different 1/3 octave bands (Figure and harmonic

amplitude mitigation, the second order FLNN also outperforms.

10 15.849 25.119 39.811 63.096 100 158.49 251.19 398.11
Frequency(Hz)

(a)

10 15.849 25119 39.811 63.096 100 158.49 251.19 398.11
Frequency(Hz)

(b)

Figure 4.11: SPL for different 1/3 octave bands, after the ANC activation at the (a)left
and (b)right ear of the seat’s occupant. The blue columns correspond to FXLMS and the
orange to second order FLNN.

The greatest difference is observed in the 1/3 octave bands with central frequencies of
53 Hz and 60 Hz, where the second order FLNN achieves a 3-4dB higher SPL attenuation.
This difference derives from the bigger reduction of some harmonics (Table and the
mitigation of chaotic components. The amplitude of 48 Hz harmonic was reduced by 12
dB and 17 dB at the right and left ear respectively when second order FLNN was used as
control algorithm instead of 1 dB when FXLMS was applied. In addition, the performance
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Frequency (Hz) Attenuation (dB)
FxLMS 274 order FLNN
Left Right Left Right

48 1 1 12 17
72 21 19 23 21
96 17 27 19 27
119 15 14 13 15
163 8 7 14 12
280 3 2 15 12

Table 4.2: Comparison of the attenuation achieved by the FxLMS and the second order
FLNN algorithms for different harmonics of the real-world acoustic disturbance. The
measurements correspond to the left and right ear measurement microphones.

of the FLNN is superior in the case of frequencies at 163 Hz and 280 Hz, where there
are peaks in the frequency spectrum (Figure . The FLNN’s superior performance
is due to its ability to predict chaotic disturbances and better model physical systems
with non-linearities, as stated in section [£.4] Finally, the advantages of the FLNN may
be even more significant for acoustic systems with stronger nonlinearities, which will be

investigated in future research.

4.5.2 Propeller-driven aircraft cabin noise

To further investigate the performance of the FLNN based ANC system, a signal recorded
inside a small aircraft illustrated in Figure was used as a noise source. The acoustic
energy of this signal, as well as that in the cabin of the tilt-rotor, is concentrated in
low frequency bands, namely from 60 Hz to 200 Hz. We also observe two harmonic
components at 62 and 124 Hz which are related to the BPF of the propeller. In addition,
up to 500 Hz there is broadband noise which is at a much lower level than the harmonic
components. Thus, before activation of the ANC the magnitudes of the harmonics at 62
Hz and 124 Hz were 78 and 83 dB respectively in the right ear of the passenger and 79
and 81 dB in the left ear. The passenger ears were also assumed to be 10 ¢m in front of

the error microphones.

As the ANC was activated, a significant reduction in the magnitude of the frequency
spectrum from 60 to 140 Hz was observed, for both measurement points corresponding
to the two passenger ears. The largest reductions were observed in the 62 and 124 Hz
components, which were 14 and 17 dB respectively for the right ear (Figure and
14 and 15 dB for the left ear (Figure . In addition, the other peaks of the fre-
quency spectrum up to 500 Hz also subjected to a reduction, leading to a flattening of

the spectrum.
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Figure 4.12: Small propeller-driven aircraft (Pipistrel Alpha Trainer), where the cabin-
noise was recorded.
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Figure 4.13: Frequency spectrums at the aircraft cabin mockup, using a recorded signal
from the cabin of a propeller-driven aircraft as noise source; a) left passenger ear when
ANC is enabled and disabled (dotted line), b) right passenger ear when ANC is enabled
and disabled (dotted line).

4.5.3 Helicopter cabin noise

The evaluation process was continued using a noise recording from a helicopter cabin as
the noise source. In the frequency spectrum of the acoustic disturbance, harmonics of 26
Hz as well as a frequency component at 115 Hz were observed, along with a concentration
of energy in the low frequencies, similar to the case of small propeller-driven aircraft.
The 26 Hz harmonic is related to the BPF of the helicopter, which is much lower than
the propeller driven aircraft. Furthermore, the magnitude of the individual harmonic
elements ranged from 76 to 84 dB at the passenger’s ears prior to the activation of the
ANC system.

Following the ANC activation, the amplitude of the 26 Hz harmonic was reduced by 3
dB in the left ear and 1 dB in the right ear. Although the reduction in BPF amplitude was
small, it did not negatively impact the system’s performance, as the human ear has limited

perceptual capability for frequencies below 50 Hz, except in cases where the amplitude
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(b)

Figure 4.14: a) Helicopter and b) yacht cabin, where the acoustic disturbances used for
the evaluation of the FLNN based ANC system were recorded.
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Figure 4.15: Frequency spectrums at the aircraft cabin mockup, using a recorded signal
from the cabin of a helicopter as noise source; a) left passenger ear when ANC is enabled
and disabled (dotted line), b) right passenger ear when ANC is enabled and disabled
(dotted line).

is very large. The SPL reduction was larger for higher harmonic components like the
harmonic at 52 Hz which showed an attenuation of 11 dB. In addition, the magnitude
reduction was 14 dB at the left ear and 15 dB at the right ear of the passenger at 78 Hz.
Additionally, the harmonics at 92 and 115 Hz showed an amplitude drop of 19 and 18 dB
in the left ear and 16 and 22 dB in the right ear, respectively. Finally, it is worth noting

that there was a general decrease in broadband noise up to 200 Hz in this case as well.

4.5.4 Yacht cabin noise

Finally, the FLNN-based ANC system was employed to attenuate an acoustic disturbance

recorded in one of the yacht’s cabins while one of the electric generators was operating.
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Thus, the frequency spectrum consisted of a harmonic component at 55 Hz and broadband
noise. As for the harmonic at 55 Hz before the ANC was activated it reached 78 and 77
dB at the right and left ear of the passenger respectively. When the ANC was activated,
a reduction in amplitude of 16 and 14 dB respectively was achieved. In addition, a slight

reduction in the broadband noise level was observed.
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Figure 4.16: Frequency spectrums at the aircraft cabin mockup, using a recorded signal
from yacht cabin as noise source; a) left passenger ear when ANC is enabled and disabled
(dotted line), b) right passenger ear when ANC is enabled and disabled (dotted line).

4.6 Concluding remarks

In this Chapter, the methods presented in this dissertation are expanded upon by a non-
linear algorithm that aims to be more efficient than conventional FxLMS for real-world
acoustic disturbances. The algorithm combines a second-order Functional Link Neural
Network with sinusoidal functional expansion, the mixed error approach presented in
Chapter 2, and the linear prediction technique of the acoustic pressure at the passen-
ger ears presented in Chapter 3. The algorithm was evaluated through simulations and
experimental tests at the cabin mockup installed in the laboratory, achieving significant
attenuation of SPL over a QZ of adequate size for gentle passenger movements. Further-
more, convergence simulations revealed that the proposed FLNN outperforms the FxLMS
algorithm in terms of instantaneous squared error minimization, resulting in greater har-
monic attenuation during experimental tests. Acoustic simulations using FEM and exper-
imental tests have also demonstrated that the system remains stable, when the distance
between physical microphones and the area of acoustic pressure prediction is relatively
small. Moreover, the proposed algorithm maintains low computational complexity, mak-
ing it suitable for real-world applications. At the end of the Chapter, the proposed system
was also tested for noise sources such as helicopter cabin noise, yacht cabin noise, and

small propeller-driven aircraft cabin noise, achieving the mitigation of the majority of
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main harmonic components for more than 15 dB. In addition, it demonstrated the ability

to attenuate low-frequency broadband noise.



CHAPTER 5

Interaction of local ANC systems in

small enclosures

5.1 Introductory notes

Previous chapters of this dissertation have focused on ANC system architectures and
algorithms that are suitable for an active headrest system in vehicles, such as small aircraft
and yachts, to mitigate acoustic disturbances around the passenger’s head. This approach
relies on the local effect of separate systems, as the attenuation of acoustic pressure occurs
within a specific quiet zone. Consequently, this approach is referred to as local ANC.
However, randomly placing many local ANC systems in a small enclosure, like a boat
or aircraft cabin may not guarantee how it will affect the sound field at other locations
within the enclosure, which are far from the quiet zones. To address this issue, P.A.
Nelson and S.J. Elliot have thoroughly described the principles that govern the placement
of loudspeakers and microphones to minimize the total potential acoustic energy in the
enclosure [52]. At first, it is crucial that the error microphones detect the acoustic modes,
and their placement must avoid the nodes of the modes that are intended to be canceled.
Another principle involves the placement of loudspeakers, which must be positioned near
a pressure maximum of at least one mode to achieve maximum attenuation of that specific
mode.

While this approach can provide a solution for the placement of sensors and actuators,
which can also be optimized using appropriate algorithms, it may not always be compat-
ible with multiple active headrests, as the seat headrest may be located in a suboptimal

position for minimizing potential acoustic energy. Additionally, even if an optimized place-

77
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ment is achieved, there may still be locations where acoustic pressure increases. Therefore,
it is important to study the interaction of separate local ANC systems in an enclosure,
if this type of ANC architecture is selected to avoid extreme acoustic pressure in certain
areas of the cabin or instability issues resulting from the interaction of adjacent systems.

In this chapter, we utilize FEM simulations to investigate the interactions between
local ANC systems. Specifically, we evaluate two architectures: one in which each seat
has a dedicated ANC system (Figure , and another in which adjacent seats share a
multichannel system (Figure [p.1a)). Our analysis draws conclusions about the advantages
and disadvantages of each architecture. Furthermore, we present experimental results
that assess the stability of the systems and the distribution of SPL attenuation in a cabin

mockup installed in our laboratory.

5.2 Computer simulation analysis

For the purpose of simulation, two models were created in the Acoustics module of Comsol
Multiphysics®, both in 2 and 3 dimensions. The dimensions of the cabin were identical to
those of a small tilt rotor aircraft cabin. Further details regarding the model may be found
in Appendix A.2, similar to the other simulations discussed in this dissertation. Addi-
tionally, two ANC architectures were simulated. In the first scenario, which is depicted in
Figure [5.1b| a multichannel system with two inputs and one output was assigned to every
seat, while in the second scenario, which is depicted in Figure an ANC system with
two inputs and two outputs was responsible for creating quiet zones in front of adjacent
seats. In other words, in the second case, the adjacent loudspeakers collaborated with
each other, reducing the need for additional hardware and computing power. Each system
utilized a mixed error FsLMS algorithm, which was analyzed in Chapter 4, combined with
a first-order forward difference method for predicting the acoustic pressure far from the
passenger’s ears. This resulted in the relocation of the quiet zone, and thus, microphone

pairs were employed instead of single microphones.

5.2.1 2D models

The two-dimensional model incorporated a total of six loudspeakers, with each one specif-
ically designed for active noise control tasks in the vicinity of each seat’s headrest. The
simulations involving the 2 input-2 output ANC architecture (Figure , which uti-
lized collaborating adjacent loudspeakers, also incorporated 24 microphones, which cor-
responded to two microphones per seat. Conversely, the model simulating the 2 input-1
output architecture (Figure , which was designed for seat-dedicated systems, utilized
4 microphones per seat.

The virtual acoustic pressures at the passenger’s ears have been estimated using the
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first order extrapolation technique and two microphone pairs, as discussed Chapter 3.
The distance between the microphones of each pair and between the first microphone and
the loudspeaker’s surface was set to 3 cm. In addition, the distance between the centers
of two adjacent loudspeakers was set to 65 cm and the distance between two opposites
to 1.8 m. Finally, due to the fact that second order FsLMS algorithm is feedforward, a
reference microphone is needed. The reference signal must be highly correlated with the
signal of the error microphones in order to achieve a good ANC performance. In these
simulations, the reference microphone was placed in front of a hypothetical noise source at
the rear end of the cabin. In real application, tests should be made for the determination

of the reference sensor’s position in order to achieve the best performance.
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Figure 5.1: The two different system setups investigated during the 2D simulations. (a)
At the first setup, every system consisted of 2 microphone pairs (black rectangles) and 1
loudspeaker (arc) dedicated to one seat. (b) At the second setup every system consisted
of 2 microphone pairs and 2 loudspeakers which cooperated to attenuate noise in front of
adjacent seats.

Figure illustrates the SPL within the cabin when the six active headrests were
activated. The measurement of SPL occurred six seconds after the activation time. The
acoustic disturbance generated in the Comsol platform comprised four harmonics at 48 Hz,
72 Hz, 96 Hz, and 119 Hz, resembling the actual measurement taken inside the aircraft.
Moreover, low-frequency pink noise was added to enhance the realism of the simulation.
Prior to the activation of the ANC, the SPL levels in front of seats A and B were 96 dB,
in front of seats C and D were 93 dB, and in front of seats E and F were 96 dB (refer to
Figure . Upon activation of the six separate active headrests, six quiet zones were
established in front of the headrests (as shown in Figure [5.2b). The attenuation in SPL
between seats A and B varied between 7 and 18 dB, as indicated by the blue color, and

the quiet zone covered an area measuring approximately 20 cm in width (x-axis) and 45
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Figure 5.2: SPL distribution in the 2-dimensional enclosure, when a) the ANC is off, b)
the 2-input-1-output architecture is employed, with standalone systems, c¢) the 2-input-2-
output architecture is employed, with cooperating adjacent systems.
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cm in length (y-axis).

In the case of seats C and D, the SPL reduction ranged from 8 to 19 dB, which is
similar to the values obtained for seats A and D. However, the zone of high acoustic
pressure attenuation was larger, thus providing better coverage for the passengers’ ears.
The dimensions of each quiet zone was approximately 25 cm in width and 30 centimeters
in length. In contrast, the attenuation of acoustic pressure was worse in front of seats E
and F, as evidenced by the SPL difference ranging from 6 to 11 dB within a quiet zone
of surface 12 cm by 15 cm. This decline in the system’s performance is attributed to the
small distance between the active headrest of these seats and the reference sensor, which
results in an intense feedback phenomenon. Nevertheless, the overall reduction in SPL
around the passengers’ ears is approximately 9 dB, which is deemed satisfactory. As a
result, no feedback neutralization technique was employed to minimize the computational

complexity of the algorithm.

In the case of adjacent cooperative loudspeakers belonging to the same multichannel
system with 2-inputs and 2-outputs, the distribution of SPL can be observed in Figure
b.2d Compared to the ANC architecture of six stand-alone systems, the quiet zones in
front of seats A, B, E, and F are larger and more uniform. Moreover, the 10 dB quiet zone
is more extensive, and areas with increased SPL no longer exist. Additionally, the quiet
zone in front of seats C and D has expanded over the area between the two headrests,
resulting in a reduction of 6 dB in the SPL. As a consequence, the performance of the
total ANC system is significantly better than in the case of six stand-alone systems. This
improvement is accompanied by a decrease in the computational resources required for
the system’s implementation, as the number of FsLMS algorithms running simultaneously

was reduced by 3.

Furthermore, the overall behavior of the system was better aligned with a global
approach to noise control of the cabin, as the acoustic conditions inside the enclosure
have been enhanced. Moreover, in addition to the significant reduction of the SPL, which
is a crucial factor for the overall performance of the system, the enhancement of the
acoustic environment becomes apparent from the frequency spectra at the passenger’s
ears, which are depicted in Figure For instance, in the case of seat A (as shown in
Figure , which shares similarities with seat B due to symmetry, the attenuation of
various harmonics is comparable to the solution provided by stand-alone systems. The
primary improvement in this case is the decrease in noise level between 150 Hz and 200
Hz. A similar conclusion can be drawn for the case of seat C. The 2-input-2-output
architecture offers the most significant improvement in seat E, where the attenuation of
the 48 Hz harmonic reaches 11 dB, and no amplified harmonics are present (as depicted
in Figure . A comprehensive comparison between the two architectures is provided
in Table 5.1
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Figure 5.3: Frequency spectra measured 10 cm from the loudspeakers of seats A, C and E
in the 2-dimensional model. Figures a), ¢) and e) correspond to architecture of cooperative
adjacent loudspeakers, while figures b), d) and f) correspond to standalone systems each
for one seat.

5.2.2 3D model

Since the solution with the adjacent loudspeakers cooperating with each other has im-
portant advantages, an additional 3D simulation has been held for this system. Due

to limitations in computational resources, the 3D simulation has been held for only 4
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SPL reduction (dB)  Harmonic attenuation (dB)
48 Hz 72 Hz 96 Hz 119 Hz

Stand-alone systems

Seats A-B 12 10 18 2 12

Seats C-D 16 4 18 17 10

Seats E-F 9 0 10 16 3
Cooperative systems

Seats A-B 11 6 14 4 13

Seats C-D 15 10 17 16 10

Seats E-F 15 11 14 15 8

Table 5.1: SPL and BPF harmonic attenuation for the two ANC setups investigated in
the 2-dimensional simulations.
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Figure 5.4: SPL distribution (dB) after the activation of ANC at the passenger’s ears
level (120 c¢m), for the 3D simulation

loudspeakers. The design of the model involved the creation of an air domain with semi-
absorbing boundaries, which served as a representation of the cabin. Additionally, two
Perfectly Matched Layers were incorporated at the front and rear ends of the cabin, re-
spectively, to simulate the absorption of air in a long, corridor-like environment, such as
an aircraft cabin. Further details on this model geometry are given in the Appendix A.2.2
of this dissertation.

The SPL reduction around the headrests is also presented in Figure When the
ANC was not activated, the overall SPL reached 105 dB in this simulation. When it was
activated, the attenuation ranged from 8 dB to 19 dB forming a quiet zone of dimensions
20cm (length) x 38cm (width) x 25cm (height). The shape of the quiet zone was spherical,
as depicted in Figure and it was large enough to allow gentle head movements. In
addition, at the passenger’s ears level, which refer to height of 120 c¢m, the attenuation

ranged from 12 dB to 19 dB. Similar results were obtained for the levels at 100 cm and
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110 cm.

Figure 5.5: Shape of the quiet zones formed around the passenger headrests. The SPL is
measured in dB.

Furthermore, the independent operation of opposing did not compromise their stabil-
ity. Nevertheless, there was a slight increase in acoustic pressure in the areas between
them, in case of non-cooperative systems. These conclusions are related to the geometry,
which includes perfectly matched layers at the front and rear ends of the cabin. In the
following paragraph, we will discuss the experimental evaluation of concurrent operation

of separate ANC systems in an enclosure and draw conclusions accordingly.

5.3 Experimental evaluation

The experimental evaluation of the interaction between autonomous local ANC systems
installed in a small enclosure was conducted in two phases. Initially, the interaction
of the systems when they were mounted facing each other and exposed to a real-world
acoustic disturbance, recorded within the cabin of a small tilt rotor aircraft, was assessed.
Subsequently, the impact of four such systems on the overall sound field of the enclosure
was investigated, when it was excited by low-frequency harmonic acoustic disturbances.
All experimental evaluations were performed in the cabin mockup of a small aircraft at

the Dynamics and Acoustics Laboratory.

5.3.1 Interaction between opposite-placed systems

At the outset of the evaluation of opposing local ANC systems (Figure , only the
first seat’s active headrest was activated, and subsequently, the activation of the opposite
system followed. In addition, the 2-input-2output mixed error FXLMS of section [2.5.1
was used as control algorithm for both systems. A reduction of 8 dB in the overall sound
pressure level was achieved as illustrated in Figure [5.6b| and this reduction was consistent

in both cases.
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(a) Opposite local ANC systems in the
small aircraft cabin mockup installed
in the Dynamics and Acoustics Labo- (b) Quiet zone at ear level when one system is acti-
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Figure 5.6: Opposing local ANC configuration and quiet zones in front of them

There was a slight improvement (about 0.5 dB) in performance when the system
operated without interference from the opposing headrest (Figure . In terms of the
amplitude of main harmonic components, there was a reduction of 9 dB in the amplitude
of the 119 Hz harmonic when the active headrest functioned as a stand-alone system.
However, when both systems were active, the mitigation of the 119 Hz amplitude decreased
to 7 dB. Another difference between the two spectra has to do with the harmonic at 48 Hz
which was reduced by 5 dB more when both opposite headrests were activated. Conversely,
the mitigation of the 72 Hz harmonic was reduced when the opposite active headrest was
activated.

To sum up, although the attenuation of different harmonics varied when the oppos-
ing headrests were activated, both the overall SPL reduction and the system’s stability

were maintained in front of the headrests in the cabin mockup. This result matches the
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simulation results even if there were no PML at the cabin ends in the experiment. Thus,
it appears that two active headrests located opposite to each other can operate within a
small enclosure with little decrease in performance. However, as we will see in the follow-
ing section the acoustic pressure attenuation is limited through the quiet zone in front of
the speakers and in some parts of the cabin there can be an amplification as demonstrated

in the simulations of the two-dimensional model.

5.3.2 Four autonomous local ANC systems
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Figure 5.7: Frequency spectrums before and after the activation of four autonomous ANC
systems, captured at the position of the error microphone for three harmonic acoustic
disturbances at 76 Hz, 95 Hz and 110 Hz.

In this section, the performance of four local ANC systems is investigated when they
operate simultaneously within the small aircraft cabin mockup. A single-input, single-
output FxLMS algorithm was used for each individual system. In terms of hardware,
four subwoofers and four microphones were used. The subwoofers were placed in the four
corners of the cabin, as shown in Figure In addition, single frequency harmonic
acoustic disturbances that can be encountered in small aircraft cabins were used as noise
sources for the system evaluation. Thus, harmonic disturbances with frequencies, 76 Hz,
95 Hz and 110 Hz, which have been occasionally identified in measuring campaigns of the
Dynamics and Acoustics Laboratory, were selected.

The graph in Figure depicts the frequency spectra, which were measured at the
error microphone of system 1 (depicted in Figure under various conditions. Specif-

ically, the spectra were obtained when the ANC was either enabled or disabled, and when
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Figure 5.8: Frequency spectrums before and after the activation of four autonomous
ANC systems, captured 20 cm from the error microphone for three harmonic acoustic
disturbances at 76 Hz, 95 Hz and 110 Hz.
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Figure 5.9: Frequency spectrums before and after the activation of four autonomous
ANC systems, captured 40 cm from the error microphone for three harmonic acoustic
disturbances at 76 Hz, 95 Hz and 110 Hz.

the cabin was excited by the aforementioned harmonic acoustic disturbances.

The results of the measurements at the three different frequencies indicate a substantial

decrease in SPL, equal to or greater than 15 dB, when the frequency spectrums were
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Figure 5.10: a) Top view of the cabin mockup with four single-input single-output ANC
systems, b) subwoofers of adjacent systems.

recorded at the error microphone. Specifically, the amplitude of the frequency at 75 Hz
decreased by 15 dB, at 96 Hz by 19 dB, and at 110 Hz by 17 dB (Figure . Similar
decreases were observed at the error microphones in front of the other systems (systems 2,
3, 4). When the frequency spectrum was recorded 20 c¢m in front of the error microphones,
the SPL reduction was zero for the acoustic disturbance at 75 Hz, while it was only 2
dB at 96 Hz and 3 dB at 110 Hz (Figure [5.8). Additionally, when the measurement
microphone was located 40 cm from the error microphone of system 1, an increase of 1
dB in SPL was observed at 76 Hz, a reduction of zero dB at 95 Hz, and a reduction of 2
dB at 110 Hz (Figure [5.9).

Furthermore, assuming the speed of sound at a temperature of 25°C' to be 346.1 m/s,
we can determine the wavelengths of the three acoustic disturbances. Consequently, the
wavelength of 75 Hz is 4.55 m, the one of 96 Hz is 3.64 m, and the one of 110 Hz is 3.15
m. At a distance of 20 ¢cm from the error microphone, which corresponds to A\/23 for
76 Hz, A/18 for 95 Hz, and A/16 for 110 Hz, the SPL attenuation is negligible or very
small, causing no discernible effect on a human’s perception. As a result, the autonomous
ANC, randomly placed in the small enclosure of the cabin mockup, can create a quiet
zone in front of each loudspeaker that extends almost A/10 from the error microphone
. In other areas of the cabin, the SPL attenuation is very small or even exhibits areas
of increased acoustic pressure. Finally, it is important to note that the simultaneous
operation of four autonomous ANC systems within the cabin can result in the excitation
of acoustic modes that are unrelated to external sound sources, which may negatively

impact the noise reduction effect in the enclosure.
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5.4 Concluding remarks

In this chapter, we examined the behaviour of several autonomous local ANC systems
when operating simultaneously in the same enclosed space. Our findings, which were
based on 2D and 3D simulations, demonstrated that a quiet zone is created in front of the
speakers. However, when two adjacent systems cooperate, there are several advantages,
including limiting the hardware used and keeping the SPL in cabin spaces away from
the quiet zone at low levels. In contrast, when six stand-alone systems are operated
simultaneously, an increase in acoustic pressure in the areas between them was observed.
Furthermore, our experiments revealed that ANC systems placed opposite to each other
at a distance of about 2 meters maintain their stability, although a small decrease in
performance of 1-2 dB is observed. Finally, we found that placing local single channel
systems in a random manner in an enclosure does not guarantee a global control of the
sound field of the cabin. Therefore, alternative methods should be sought if global control

is desired. In the following Chapter, a novel approach to global noise control is presented.



CHAPTER 6

Global ANC with Active Sound
Absorbers

6.1 Introductory notes

In previous chapters, we have developed local ANC systems to create areas near passenger
headrests in aircraft cabins or yachts with reduced acoustic pressure, which are called
Quiet Zones. In Chapter 5, we also analyzed the interaction between these systems and
their effects on the cabin’s enclosed sound field, particularly in areas far from these zones.
Thus, we discovered that the use of multiple stand-alone active headrests, along with the
use of multiple actuators and sensors and the need for increased computational power,
can result in increased acoustic pressure in some cabin areas, which can be a significant

issue.

To overcome this problem, global ANC systems have been proposed that aim to re-
duce acoustic pressure throughout the entire cabin. One approach to global ANC involves
minimizing the potential acoustic energy of the cabin by minimizing the sum of squares of
a series of error signals. These signals are obtained using microphones placed at different
positions of the enclosure, to observe the acoustic modes, which are responsible for the
acoustic disturbance. An adaptive algorithm then calculates the antinoise signal, which
drives the loudspeakers scattered throughout the cabin. Such systems have been evalu-
ated during in-flight experiments, demonstrating good results [27], [67]. Several methods
have also been suggested for optimizing the placement and quantity of microphones and
speakers in global ANC systems [68], [118]-[120]. Moreover, a technique that explicitly

predicts the sound field within an enclosure was compared with the optimum active noise

90
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control sensor and actuator positioning method based on the modal analysis of an enclo-
sure. This was found to be more accurate for realistic enclosures [121], and was employed
to simulate the acoustics of a car cabin, demonstrating that a single optimized secondary

source could couple efficiently with the single primary source [122].

Another approach has to do with the reduction of structure-borne noise. Extensive
research has been conducted on the propagation of structure-borne noise in order to reduce
acoustic pressure in cabins. A sensorless system that employs an electrically excited
inertial actuator was proposed with the aim of reducing the sound power radiated from
an aircraft trim panel [123]. Authors of [124] designed an active structural acoustic
control system to mitigate helicopter gear meshing noise. Additionally, the authors of
[15] mounted inertial force actuators on aircraft linings, achieving an SPL attenuation of
approximately 10 dB in front of them. However, a drawback of these methods is that they
cannot control airborne noise, despite the fact that air serves as an important propagation

path for acoustic disturbances within aircraft cabins.

In this Chapter, the global ANC of an enclosed sound field is investigated using active
sound absorbers, strategically located throughout an aircraft cabin mockup installed in
the Dynamics and Acoustics laboratory. This approach can prove highly effective in the
low frequency band, where a small enclosure is characterized by a low modal density.
Sound absorbers aim to change the acoustic impedance of boundaries to achieve absorp-
tion [125]. A hybrid passive-active absorber based on the minimization of the acoustic
pressure at the rear face of a porous layer was proposed in |126], with the goal of reducing
noise transmitted out of an enclosure. Additionally, the authors of [71] investigated an
electroacoustic absorber that combined sensor- and shunt-based techniques for damping
low frequency modes in a waveguide. They achieved promising results that can potentially

be replicated in a three-dimensional enclosure with appropriate modifications.

Other studies have also employed the wave separation method, which separates the
sound waves into incident and reflected by using the p-p sound intensity measurement
principle [127]. Thus, perfect absorption is achieved by minimizing the reflected compo-
nents [12§], [129]. Iwamoto et al. proposed a methodology that employs the damping of
acoustic modes by absorbing reflected sound wave components to achieve global atten-
uation in a rectangular enclosure [130]. Meanwhile, an active wave control method for
a small rectangular cavity using loudspeakers and microphones was also proposed and
experimentally proven in another study [131]. Norambuena et al. demonstrated through
three-dimensional simulations that low frequency sound fields inside rectangular rooms
can be significantly attenuated by placing active sound absorbers based on the reflected
wave minimization principle at the boundaries [10]. Heuchel et al. used loudspeakers and
an array of microphones near the wall of a lecture hall to attenuate low frequency room
modes [70]. The plane wave decomposition technique was used to perform wave separa-

tion, resulting in an SPL attenuation exceeding 10 dB in the frequency band between 30
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and 120 Hz. Finally, Santillan et al. achieved the equalization of a rectangular room’s low
frequency response (up to 425 Hz) by filling a wall with loudspeakers and minimizing the
cost function calculated using acoustic pressures measured by 76 microphones arranged
in two planes in the center of the room [132].

Although the method of placing active sound absorbers has been used in order to
equalize the low frequency response of small enclosures, it has never been used for at-
tenuation of low frequency acoustic disturbances in small aircraft cabins. The fact that
the acoustic disturbances in small propeller-driven aircrafts are characterized by low fre-
quency harmonics of the Blade Passage Frequency, along with the acoustic mode sparsity
in this frequency band, make sound field shape predictable. As a result, if active sound
absorbers that are highly effective at low frequencies are strategically placed to equalize
the dominant acoustic modes of the cabin, then a significant reduction in SPL can be
achieved. This is the main idea behind the global ANC technique presented in this chap-
ter. Its main advantages are: a) the reduction of acoustic pressure at locations remote
from the system microphones, unlike conventional active noise control approaches that
create quiet zones around them, b) the need of a small number of sensors and actua-
tors and c) the relatively small portion of the cabin surface covered by sound absorbers,

thereby meeting the weight restrictions of modern aircraft.

6.2 Active control of absorption coefficient

As mentioned in the previous section, the active sound absorbers, that are employed in
the proposed methodology, are based on the active control of the absorption coefficient.
This is achieved by decomposing the sound waves propagating into the enclosure into
incident and reflected, and subsequently the minimization of the reflected component.
This process is thoroughly described in the following lines.

A plane wave traveling through a long, narrow duct with a diameter much smaller than
the wavelength and a rigid termination at one end can be considered as a one-dimensional
sound field. By placing two microphones at a relatively close distance compared to the
wavelength, the acoustic pressure at the midpoint can be separated into two components.
The first component is due to the incident wave, while the second is due to the reflected
wave. The two components are measured using the p-p sound intensity principle, which
determines the acoustic pressure and particle velocity at the midpoint between the two
microphones [133]. The following analysis is also presented by Zhu et al. [129]. The
incident and reflected components are given by Egs. and [6.2]

pi = %(erpcu) (6.1)

and
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1
pr = 5(p — peu) (6.2)
where p; and p, are the acoustic pressures caused by the incident and the reflected wave
respectively, p is the density of the propagation medium, c is the speed of sound and p, u
are the acoustic pressure and the particle velocity at the midpoint of the two microphones,

which can be computed from Egs. and [6.4]

pi(t) + pa(t)

. (6.3)

p(t) =

and

u(t) = p% / (01(7) — pa(r)) dr (6.4)

where d,, is the distance between the two microphones.

Thus, for a one-dimensional sound field, Eqgs. 6.4] can be used to calculate the
incident and reflected components of the acoustic pressure. Furthermore, the absorption

coefficient at a given boundary for a plane wave of normal incidence is given by Eq. [6.5

a=1—|R? (6.5)

where R is the reflection factor given by Eq. [6.6

Pr
R="" 6.6
. (6.6)

The control of the absorption coefficient can be achieved by modifying the reflection factor.

Let Ry denote the desired reflection factor. Then the error that has to be minimized

derives from Eqs. and [6.7]
e(n) = Ro— R = Ry — ) (6.7)
pi(n)

where n denotes time in discrete signals. If the Mean Square Error criterion is used for

the minimization of e(n), the cost function is given by Eq. :

o e(n 2 — _pr(n) 2
J = Efle(n)"} = E{|Ro pi(n)\ } (6.8)

Furthermore, in order to achieve perfect absorption a must be equal to 1 and Ry equal to
0. As a result, Eq. becomes:

7 =E(M e (6.9)

pi(n)
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J is minimized when p, is minimum. Thus, the cost function that has to be minimized in

order to achieve maximum absorption derives from Eq. [6.10}
Japs = E{|p,(n)|*} = minimum (6.10)

This optimization problem can be solved using the well-known FxLMS algorithm [129].
According to the FXxLMS the coefficients of the N-length adaptive filter are computed

from Eq. [6.11]
w(n+1) = w(n) — uz'(n)p,(n) (6.11)

where w is the vector of the FIR filter coefficients, u is the step size and z’(n) is a
synthesized reference signal filtered by the model of the secondary path with respect to
the reflected component of the acoustic wave (Eq. .

The method for obtaining the secondary path model s'(n) involves utilizing the LMS
algorithm during a preliminary identification stage. During this process, the loudspeaker
acts as an active absorber and reproduces a white noise signal, which is used as a reference
for the LMS algorithm. Additionally, the acoustic pressure from the reflected wave (p;.)
is employed in the computation of the identification error. It is important to note that in
comparison to the identification process of the secondary path in Active Noise Cancellation
systems, where the measured acoustic pressure at the cancellation point is used, p, must
be computed using Eq. in the case of an Active Absorption system. Therefore, the
filtered reference signal of Eq. is derived from Eq.

2'(n) = x(n) * s'(n) (6.12)

where z(n) is the reference sinusoidal signal. The frequency of the signal is the one
where absorption is intended. In addition, * denotes the convolution operator. After this
analysis, the driving signal of the active absorber derives from Eq. as:

y(n) =w(n) * z(n) (6.13)

6.3 Sound absorber positions in the cabin mockup

At low frequencies, where the wavelengths are roughly equivalent to the dimensions of the
enclosure, the enclosed sound field is primarily influenced by the excitation of acoustic
modes. In this context, the modal density is relatively low, which allows for an accurate
estimation of the acoustic pressure distribution. This, in turn, can facilitate the effective
application of Active Noise Control techniques, as outlined in the work of [134]. The
acoustic pressure within an enclosure can be expressed as the sum of the mode shape

functions, which are orthogonal. Therefore, if the acoustic modes that make a signifi-
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cant contribution can be damped, then the acoustic pressure within the cabin of a small
propeller-driven aircraft, which is primarily characterized by the low-frequency harmon-
ics of the Blade Passage Frequency, can be reduced. An active absorber based on the
wave separation method, as previously discussed, is effective for one-dimensional acoustic
waves with normal incidence. In three dimensions, absorption can be achieved for waves
propagating in the direction of the diaphragm’s surface normal vector, as detailed in the
research of [135]. This occurs as a result of the decomposition into incident and reflected
waves, as well as the minimization of the reflected component in this particular direction.

Therefore, the subwoofers of the global ANC system, based on sound absorption, must
be arranged in such a way that their diaphragms are perpendicular to the direction of wave
propagation. In addition, they must be placed in both positive and negative directions to
attain maximum absorption for a specific dimension [10]. To employ the wave separation
method, a microphone pair must be placed in close proximity to the subwoofers. Following
this, the FxLMS algorithm described in section[6.2]is applied. It is important to note, that
the attenuation of the acoustic pressure can be increased, if the subwoofers are placed
near a pressure maximum (antinode), as this is the location where the acoustic mode
can be detected by the microphones of the active absorber [68]. By adhering to these
guidelines, it is possible to determine the optimal positioning of the subwoofers based on
the spectral characteristics of the low-frequency acoustic disturbance.

As previously stated, the knowledge of the shapes of acoustic modes is crucial for
determining the optimal placement of active sound absorbers and attaining the maxi-
mum attenuation of acoustic pressure. Figure depicts the first six mode shapes and
their corresponding frequencies for an aircraft cabin mockup measuring 310 cm in length,
245 c¢m in width, and 200 cm in height, with sound-hard walls, installed in a laboratory.
Given that this enclosure is a horizontal cylindrical segment, the acoustic pressure can be
expressed as a combination of azimuthal and longitudinal acoustic modes. The order of
the longitudinal modes is denoted by the parameter ¢, while the order of the azimuthal
modes is represented by the parameter j. Moreover, the value of j affects the distri-
bution of acoustic pressure. According to Figure [6.1], the first six modes correspond to
(i,7) = (1,0),(0,1),(1,1),(0,2),(1,2),(2,0). Finally, Figure also indicates the loca-
tion where the acoustic pressure attains its maximum value for each mode shape. With
this information, it is possible to determine the positions of the active sound absorbers
to achieve global attenuation of the acoustic pressure in the enclosure for low-frequency

acoustic disturbances.

6.4 Computer simulation analysis

The method of active sound absorption described in section was initially evaluated
though FEM simulations using the Acoustics module of Comsol Multiphysics®. The
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Figure 6.1: Acoustic modes of the aircraft cabin mockup up to 113 Hz and acoustic
pressure distribution for each mode.

Figure 6.2: Geometry of the model developed for FEM simulations of the proposed
method.
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model’s geometry, which is depicted in Figure|6.2| consisted of the cabin mockup, a quarter
spherical domain of air and a Perfectly Matched Layer. In addition, four active absorbers
were employed, in order to attenuate the acoustic disturbances that consisted of the first
acoustic modes of the cabin mockup. Moreover, the wave separation method necessitated
the placement of microphones at the same height as the center of the diaphragm of the
active absorbers. More specifically, the distance between the diaphragm surface and the
first microphone was set at 10 cm, while the distance between the two microphones was
set at 3 cm. It is important to note that the distance should be small in comparison to the
wavelength of the acoustic disturbances being absorbed, in order for the wave separation
method to be applicable. Subsequently, the enclosure was excited by an external noise
source positioned near it, and the acoustic disturbance was sinusoidal. Three of the cabin’s
acoustic resonances, namely (1,0), (0,1), and (0,2), as well as 110 Hz, were selected as the

excitation frequencies.

In an enclosure with non-rigid walls, the acoustic resonances differ slightly from those
of an enclosure with sound-hard boundaries [52], [136]. This is reflected in the first
resonance of the aircraft cabin mockup model, which appeared at 61 Hz along the x-axis
(Figure instead of the expected 56.807 Hz, corresponding to the hard-walled model
(Figure . When subjected to a sinusoidal acoustic disturbance at 61 Hz, the SPL
attained a maximum value of 100 dB at both x = 0 and = = L, a realistic value for the
interior of an aircraft cabin, according to [22], [137]. The active absorbers were positioned
with the loudspeaker diaphragms perpendicular to the x-axis and near the maximum SPL
locations, as detailed in Section|6.3] Furthermore, they were placed opposite to each other

to provide absorption in both positive and negative directions [135].

The SPL attenuation at the x-y plane located at a height of 120 cm (Figure |6.3b)
demonstrated a range of 12 to 20 dB when four active absorbers were enabled. As antici-
pated, the highest attenuation was observed at the midpoint between the two microphones
used in the wave separation method, with the microphones placed at a height of 120 cm,
corresponding to the level of a sitting passenger’s head. The SPL across the cabin sig-
nificantly decreased, as indicated by the SPL surfaces parallel to the x-z plane (Figure
. The maximum SPL of 88 dB was observed in areas near the walls of the cabin at
x=0, L, while the minimum SPL of 62 dB was observed near the center of the cabin at
x=L/2. The variation in acoustic pressure after the activation of the absorbers is related
to the shape of the sound pressure field prior to their activation. Since the attenuation
remains constant at 12 dB in remote areas of the cabin, the areas with the maximum SPL
before the activation of the absorbers, maintained the highest values after their activa-
tion. Similarly, the areas with low SPL before activation experienced an even lower SPL

afterward.

The second acoustic mode of the non-rigid walled cabin mockup was observed at 76

Hz and corresponded to ¢ = 0 and 5 = 1. When the cabin was excited by this mode, the
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N
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Figure 6.3: Sound Pressure Level (dB) in cabin model at two planes symmetrically located
0.85 m from x-z plane of symmetry and at one plane parallel to x-y plane (z=120 cm)
(a) before and (b) after the activation of the sound absorbers. The cabin was excited by
the longitudinal acoustic mode (1,0) at 61 Hz and diaphragms of active sound absorbers
were set perpendicular to x-axis.

active absorbers were positioned on the cabin floor, where the maximum acoustic pressure
was observed. The diaphragms were oriented perpendicular to the y-axis. Prior to the
activation of the active absorbers, the maximum SPL in the cabin reached 104 dB near
the walls (Figure. Due to the acoustic mode shape, the SPL was lower in the cabin’s
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Figure 6.4: Sound Pressure Level (dB) in cabin model at two planes symmetrically located
0.85 m from x-z plane of symmetry and at one plane parallel to x-y plane (z=120 cm)
(a) before and (b) after the activation of the sound absorbers. The cabin was excited by
azimuthal acoustic mode (0,1) at 76 Hz and diaphragms of active sound absorbers were
set perpendicular to y axis.

center, ranging from 75 dB to 81 dB. Following the activation of the absorbers, the global
attenuation ranged from 13 to 24 dB. Additionally, at 120 cm, the SPL reduction reached

14 dB (Figure 6.4b), resulting in a significant global attenuation of the acoustic pressure.

Furthermore, when the cabin was excited by a 95 Hz sinusoidal acoustic disturbance

that coincided with the resonance frequency of 92.947 Hz (i = 0, j = 2) of the sound-hard
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(b)

Figure 6.5: Sound Pressure Level (dB) in cabin model at two planes symmetrically located
0.85 m from x-z plane of symmetry and at one plane parallel to x-y plane (z=120 cm)
(a) before and (b) after the activation of the sound absorbers. Cabin was excited by
azimuthal acoustic mode (0,2) at 95 Hz and diaphragms of the active sound absorbers
were set perpendicular to z axis.

walled cabin (Figure , the SPL at a height of 120 ¢m ranged from 105 to 108 dB
(Figure . The active absorbers were placed in three different setups, with absorbing
surfaces oriented perpendicularly to the x, y, or z axes, in order to discover which one
was mare efficient in terms of SPL attenuation. The maximum attenuation was obtained

when the absorbers were placed perpendicularly to the z-axis, with the y-coordinate set to
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0, due to the shape of the acoustic field, as depicted in Figure[6.1d. The SPL attenuation
within the cabin was primarily 20 dB (Figure , but at the corners of the cabin it
was only 4 dB, which can be attributed to the placement of the absorbers along the x-z
(y=0) plane. To enhance the SPL attenuation in these areas of the cabin, additional
absorbers should be placed nearby. It is important to note that the orientation of the
additional loudspeakers must be carefully selected to achieve maximum acoustic pressure
reduction, since absorption is achieved for the wave propagation component perpendicular
to the loudspeaker diaphragm. While the installation of additional subwoofers improves
performance, it also increases the overall system complexity, and the case of resonance at
95 Hz is not comparable to the other resonances when four subwoofers are utilized and
therefore four subwoofers were employed.

Finally, the cabin was excited by a 110 Hz harmonic acoustic disturbance, as this
frequency is usually encountered in small propeller-driven aircraft cabins. When the
absorbing surfaces were again placed perpendicularly to z-axis, the acoustic pressure was
significantly reduced. Thus, a global SPL attenuation of more than 10 dB was observed.
Particularly, at the 120 cm z-plane, where SPL reached 95 dB, a reduction of more than
15 dB was observed following the activation of the sound absorbers. This particular
absorber setup is efficient for this acoustic disturbance, because it performs damping to
(1 = 0,5 = 2) acoustic mode, which is the most significant in forming the shape of this

particular sound field.

6.5 Experimental evaluation

The experimental evaluation took place in the cabin mockup for a 61 Hz sinusoidal acous-
tic disturbance. Four active sound absorbers were placed in the way depicted in Figure
[6.3D} in order to achieve maximum SPL attenuation. Furthermore, 36 measurement mi-
crophones were selected to capture the acoustic pressure reduction prior to and subsequent
to the activation of the active absorbers, as depicted in Figure[6.7] Along the x-axis, the
distance between the measurement points and the absorber diaphragm was 30 c¢m for
Points 1, 3, and 5, and 60 cm for Points 2, 4, and 6, respectively.

The distance between the measurement microphones and the floor of the cabin was
100 c¢m for Points 5 and 6, 120 cm for Points 3 and 4, and 140 cm for Points 1 and 2. As
a result, the microphones were arranged in three planes that were parallel to the x-axis.
Finally, 12 of the 36 measurement microphones were placed in the middle of the adjacent
subwoofers in order to evaluate the attenuation of the acoustic pressure in areas of the
cabin that were not directly in front of the diaphragms. These microphones were divided
into two groups, with the front group denoted as F and the rear group indicated by R.
Microphones F1-F6 were arranged in the same manner as the microphones in front of

absorbers A and B, while microphones R1-R6 were placed in the same way as those in
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Figure 6.7: The 36 measurement microphones used for the monitoring of the performance
of the proposed method. Each color corresponds to a z plane of the same height.

front of absorbers C and D.

The hardware utilized for the experimental evaluation of the active sound absorption
method included four Pioneer® TS-A25094 subwoofers, each rated at 400 Watts, and eight
Shure® MX 183 omnidirectional microphones. Two of the microphones were situated in
front of each subwoofer to implement the wave separation method (illustrated in Figure
. The distance between the two microphones was set at 3cm, while the distance
between the diaphragm of the subwoofer and the nearest microphone was 10cm, which

aligns with the simulation configuration. To implement the algorithm that minimized the
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reflected component of the acoustic wave, Python was utilized with the Motu® Ultralite
AVB soundcard. The source code of both active absorption process and the secondary
path modeling are presented in Appendix C.2 of this dissertation.

The evaluation of the proposed approach entails the progressive activation of four
sound absorbers to assess the attenuation of sound pressure in each situation. Initially,
only absorber A was activated, followed by the gradual activation of the other absorbers
until they operated together. The SPL as well as the frequency spectra were measured
at the 36 measurement points during the different scenarios. It is important to mention
that the 61 Hz harmonic noise coincided with the longitudinal acoustic mode of the cabin

mockup.

Activated sound absorbers Attenuation (dB)
Min Max Avg

A 0 4 24
AB 3 8 6.4
ABC 7 10 7.8

ABCD 9 17 133

Table 6.1: Minimum, maximum and average attenuation of amplitude of 61 Hz acoustic
disturbance during experimental evaluation of proposed methodology. Results were ob-
tained from measurement of acoustic pressure at 36 different positions of cabin mockup
when different number of active sound absorbers were activated.

As demonstrated in Table [6.1] the highest average amplitude attenuation of 13.3 dB
was achieved among the 36 measurements when all four sound absorbers were activated.
As shown in Figure [6.8], the frequency spectra captured by the monitoring microphones
positioned 30 cm from the absorbing surfaces and 120 cm from the cabin floor for different
numbers of activated absorbers reveal a maximum reduction of the 61 Hz amplitude when
either three or four absorbers were activated. The amplitude reduction measured by
Microphones A3, B3, and C3 was the same during the simultaneous operation of either
three or four absorbers and reached 12 and 13 dB, respectively. However, the amplitude
measured by measurement microphone D3 was further reduced by 7 dB when Sound
Absorber D was activated, resulting in a total attenuation of 17 dB.

Additionally, when the monitoring microphones were positioned 60 cm from the di-
aphragms of the subwoofers, the amplitude reduction was less than that observed at 30
cm (as shown in Figure [6.9). The greatest reduction was achieved in front of absorber
D, amounting to 14 dB, while it was 10, 11, and 10 dB at Positions A4, B4, and C4,
respectively. Although the reduction of the harmonic amplitude was greater closer to the
absorber diaphragms, as demonstrated in Figures and [6.9] the final amplitude value
was almost the same, resulting in an equalization of the acoustic pressure in front of each
sound absorber. Moreover, at positions A4, B4, C4, and D4, the acoustic pressure was

lowest when all four absorbers were activated, in contrast to Positions A3, B3, and C3,
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Figure 6.8: Frequency spectra captured by measurement microphones in front of sound
absorbers (a) A, (b) B, (¢) C and (d) D when they were gradually activated. ”OFF”
corresponds to the state when all absorbers were deactivated, ”A” to the activation of
absorber A, ”AB” to the activation of both absorbers A and B etc. Measurement micro-
phones were placed 30 cm from the subwoofer diaphragms and 120 cm from the cabin
floor, which correspond to measurement microphones A3, B3, C3 and D3.

where the same harmonic amplitude was observed under both three and four activated

absorbers.

Finally, the microphones located in the middle of the cabin (F1-F6 and R1-R6) mea-
sured a comparable reduction in acoustic pressure to those positioned in front of the
absorbers (Figure . As a result, the amplitude of the 61 Hz peak was attenuated by
12, 10, 13, and 11 dB at Microphones F3, F4, R3, and R4, respectively, when all four
absorbers were activated. This finding supports the contention that the proposed method

effectively reduces the cabin acoustic pressure globally.

Moreover, the reduction in acoustic pressure at the monitoring locations 30 cm from
the absorbers was greater when measured at points featuring a height of 120 cm, which
coincides with the level at which the centers of the diaphragms of the loudspeakers are
located. At heights of 100 and 140 cm, the reduction was less, as expected, as one moves
away from the absorbing surface of the subwoofers along the z-axis. Between the 120
cm plane and the two other planes at 100 and 140 cm, a 2-5 dB difference in amplitude
attenuation was observed. However, for most of the measurement positions, the harmonic
amplitude attenuation exceeds 10 dB. Thus, even at locations farther from the subwoofer

diaphragms, we observed that the amplitude decreased slightly and remained at low levels



6.6. Concluding remarks 105

o
S
o
3

IS
S
IS
=]

Magnitude (dB)
Magnitude (dB)

0 . . 0 . .
45 50 55 60 65 70 75 45 50 55 60 65 70 75
Frequency (Hz) Frequency (Hz)

(a)

80dB --A
70dB

3
3

o
3

Magnitude (dB)

pod
>

0 I . . I .
45 50 55 60 65 70 75 45 50 55 60 65 70 75
Frequency (Hz) Frequency (Hz)

() (d)

Figure 6.9: Frequency spectra captured by measurement microphones in front of sound
absorbers (a) A, (b) B, (¢) C and (d) D when they were gradually activated. ”OFF”
corresponds to the state when all absorbers were deactivated, "A” to the activation of
absorber A, ”AB” to the activation of both absorbers A and B etc. Measurement micro-
phones were placed 60 cm from the subwoofer diaphragms and 120 cm from the cabin
floor, which correspond to measurement microphones A4, B4, C4 and D4.

due to the effective damping of the longitudinal acoustic mode. Consequently, we can

conclude that global attenuation was achieved.

6.6 Concluding remarks

In summary, employing active sound absorbers based on the wave separation method
can effectively mitigate low-frequency harmonic acoustic disturbances in small aircraft
cabins. The success of this method relies on the way of placement of the absorbers, which
must be situated at pressure antinodes and oriented perpendicularly to the path of sound
propagation. Initially, the shapes of the low frequency acoustic modes were determined
both analytically and through the use of the Finite Element Method. Subsequently,
simulations were executed to investigate the attenuation of acoustic pressure that can
be achieved in an aircraft cabin mockup using various configurations of four active sound
absorbers. The simulation outcomes indicated that by strategically placing the absorption
boundaries, the SPL for a range of excitation frequencies of the enclosure, was significantly
reduced. Although the sound pressure level attenuation was widespread throughout the

cabin mockup, it was slightly greater in front of the absorbers and at the z-planes near
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Figure 6.10: Comparison of the SPL attenuation obtained through the simulation (orange
squares) and the experimental evaluation (blue dots) for 61 Hz harmonic excitation.

the height of the absorbing surface.

The outcomes of the proposed methodology were also experimentally corroborated
to a satisfactory degree in an aircraft cabin mockup situated in the laboratory. When
the cabin was excited by the first longitudinal mode at 61 Hz, significant global sound
pressure level attenuation was documented, although it was lower at certain measurement
points than the value predicted by the simulation model, as also demonstrated in Figure
Moreover, as the number of absorbers was increased, the performance generally
improved. However, in an attempt to cover only a small portion of the interior surface
area of the cabin and to limit the usage of hardware, four absorbers were found to be
sufficient for addressing single frequency harmonic disturbances. The experimental data
and simulation results demonstrated the viability and efficiency of the method for dealing

with single frequency harmonic excitations.



CHAPTER 7

Conclusions

Research overview and basic concluding remarks

The aim of the research conducted in this PhD thesis was to develop methods and systems
for the active control of low-frequency acoustic disturbances occurring in vehicle cabins,
such as small aircraft and yachts, which deteriorate the acoustic comfort of passengers.
Active Noise Control in these environments offers several advantages over conventional
passive methods in terms of size and weight, making it a highly sought-after area of re-
search and development for both manufacturers and researchers. However, key challenges
such as enhancing acoustic pressure attenuation, increasing quiet zone size, lowering com-
putational complexity, and ensuring the robustness of active systems have yet to be fully
addressed, limiting their widespread use in real-world applications. To address these chal-
lenges, this thesis utilizes novel methods evaluated through a series of analytical models,
simulation models, and real-time implementations in embedded digital signal processors,
with the aim of providing a new perspective on both local and global ANC while focusing
on practical real-world applications. The conclusions drawn are presented below for each

concept addressed in this thesis:

e Computational complexity of the control algorithm

1. The conventional multichannel FxLMS algorithm can be replaced with the
computationally more efficient mixed error FxLMS in local Active Noise Con-
trol applications for headrests in transportation vehicles, such as aircraft and
yachts, assuming low-noise acoustic disturbances, such as those found in the

cabins of these vehicles.

107
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2. The performance of mixed error FxLLMS in terms of acoustic pressure reduction
is comparable to that of conventional multichannel FxLLMS, but the location of
this reduction changes. Specifically, when the acoustic pressure at the error mi-
crophones is different, the maximum acoustic pressure attenuation is achieved
between them. Hence, the position of the loudspeakers and microphones must
be selected appropriately so that the maximum SPL reduction is close to the

ears of the seat occupant.

3. The reduced computational resources required for the implementation of the
proposed mixed FxLMS-based system can decrease the cost of the digital signal

processor, resulting in a more cost-effective and easily implementable system.
e Size and Location of the Quiet Zone

1. The use of linear extrapolation to predict the acoustic pressure at ear loca-
tions of the seat occupant in combination with mixed-error FxLMS, led to
the creation of a novel algorithm for local ANC systems for seat headrests
called VEM-FxLMS. This method is capable of moving the quiet zone away
from the error microphones with relative accuracy for low-frequency acoustic

disturbances.

2. The relocation of the quiet zone also results in its enlargement, as when the
error microphones are moved away from the speakers. The distance, that the
quiet zone can be successfully moved and its size depends on the wavelength
of the acoustic disturbance. Thus, the general rule is that the attenuation of
disturbances with longer wavelengths, leads to quiet zones of larger diameter

being relocated further away from the error microphones.

3. The use of the feedforward VEM-FxLMS in combination with a woofer, four er-
ror microphones and a reference microphone placed between the electric power
generators of a yacht led to the creation of a local ANC that successfully mit-
igated the noise coming from the generators on the yacht’s deck. This demon-
strated the ability of the proposed method to perform efficiently in real-world

conditions.
e Performance of the control algorithm

1. When instead of the linear FxLMS, an FLNN was used as the core of the
control algorithm, a larger reduction of the harmonic amplitudes of the BPF

of the rotor of a small tilt-rotor aircraft was achieved.

2. The FLNN-based algorithm successfully incorporated both the mixed-error

approach and the acoustic pressure prediction technique at passenger ears,
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based on linear extrapolation, resulting in a system that maintains stability

and is characterized by relatively short convergence time.

3. The superior performance of the FLNN compared to the FxLMS can be at-
tributed to its ability to perform the prediction task when the primary and
secondary electroacoustic paths have non-minimum phase behavior. In addi-
tion, it performs better when the acoustic disturbances have stochastic char-

acteristics, like the ones encountered in aircraft cabins.
e Interaction of local ANC systems in small enclosures

1. Separate standalone local ANC systems can operate simultaneously within a
cabin, creating a quiet zone in the area in front of the speakers. In the case
of the cabin mockup installed in the Dynamics and Acoustics Laboratory, four
such systems operated simultaneously while maintaining their stability, with
the distance between opposing positions being 2m. However, a slight drop in
performance was observed compared to the case where each system operates

without the presence of the others.

2. In the areas of the cabin away from the local quiet zones either no change
in acoustic pressure or a slight increase was observed. Therefore, the random
placement of local noise control systems does not imply global control of the

enclosed sound field and in some cases may lead to an increase in the overall

SPL.

3. When local ANC systems are installed in a small aircraft cabin setup, it is
preferable that adjacent seats share one system with cooperating loudspeakers,
to achieve better performance and minimize hardware and computing resources

needed.
e ANC with Active Sound Absorbers

1. Four active sound absorbers, placed near the walls of a cabin with surface mea-
suring 7.595m? and height 2m, are capable of producing a global attenuation
of low-frequency acoustic disturbances greater than 10 dB. In some areas of

the cabin, this attenuation can reach 24 dB.

2. The position of the absorbers is very important for the performance of the
global ANC. In order to determine it, we need to approximate the shape of the
acoustic modes of the enclosure; thus, the diaphragms should be perpendicular
to the direction of wave propagation, when the mode we want to control is

excited.

3. Installing sound absorbers along the boundaries of the enclosure is necessary

to control several modes, to ensure both that there will always exist an ab-
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sorber that is not placed at an acoustic pressure node and that the absorber

diaphragms are perpendicular to the direction of wave propagation.

Further work

The research presented in this thesis deals with various issues of local and global ANC in
vehicle cabins, leaving open several issues that need improvement and could be investi-
gated in future studies.

The first and most important issue, that a future research work should focus on is
the control algorithm and the investigation of artificial intelligence and machine learning
methods to improve ANC performance, both in terms of acoustic pressure reduction and
quiet zone size. Since the algorithmic problem of ANC is a combination of time series pre-
diction and system identification tasks, neural networks are a very promising prospect.
Especially, in cases where there are non-linearities in electroacoustic systems and non-
harmonic components in acoustic disturbances, nonlinear algorithms present many ad-
vantages, as was also demonstrated by the superior performance of FLNN compared to
the linear FxLMS. Thus, neural networks such as Recurrent Neural Networks and Con-
volutional Neural Networks, which are known for their good performance in similar tasks
(speech enhancement and speech recognition) should be investigated for their performance
in ANC in real-world conditions. Although some research has already been done, it is
mostly limited to computer simulations, without creating embedded systems due to the
computational burden, that makes the implementation of such a neural network difficult
on a DSP. However, the evolution of both algorithms and embedded systems gives in-
creasing possibilities in real-time implementation that need to be explored. For example,
the Reservoir Computing method for RNN training, gives a new perspective that is to be
explored in future work on the ANC task.

In addition, future research would focus on improving the practicality of the ANC
system. This includes reducing the weight by creating smart ANC configurations and
using lighter transducers. In addition, adapting the proposed methods to a feedback logic
would eliminate the need for a reference signal in good correlation with the error signal.
Therefore, the direction of these systems would be towards a plug and play logic that
would increase practicality and thus attractiveness for commercial applications. Even
in the case of reference microphones, however, there is a need for further research to
determine their frequency and number in order to achieve optimal performance.

As far as global ANC using active sound absorbers is concerned, further research using
more absorbers is needed to investigate the possibility of damping more acoustic modes.
Furthermore, the behavior of the method in real-world acoustic disturbances, recorded in
vehicle cabins, needs to be investigated. Another method to be explored in future research

has to do with the structure borne noise of the cabin and its mitigation. This method is
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called active vibration control and uses inertial actuators mounted on the fuselage linings
in combination with microphones and accelerometers, in order to damp the vibrations
transmitted through the fuselage to the cabin. Thus, it would be interesting to study
how this approach works in comparison with the proposed local and global ANC systems.
Overall, a comprehensive study of the combination of the aforementioned active methods
of cabin noise mitigation, in order to create an integrated system with upgraded efficiency

will be among the long-term objectives of the research work.
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Simulation models

In the preceding chapters of this dissertation, the proposed ANC system configurations
and control algorithms were evaluated by means of diverse simulation models. These
models were either based on the k-space pseudospectral method or the widely used Fi-
nite Element Method (FEM). Appendix A provides comprehensive details regarding the

implementation of the simulation models developed for this dissertation.

A.1 Models using k-Wave Matlab toolbox

The two-dimensional simulation models utilized for evaluating the VEM-FxLMS in Chap-
ter 3 employed the k-Wave Matlab toolkit [138] as the implementation platform. This
toolkit employs the k-space pseudospectral method to solve the wave equation in two
dimensions and compute the acoustic pressure throughout a predefined domain. There
are many numerical methods for solving partial differential equations, with numerous
permutations for each method. The best approach depends on factors like computational
domain size, frequencies of interest, medium properties, and boundary conditions. To
assess ANC systems, a method that gives a time-domain solution of the wave equation
for broadband acoustic waves in heterogeneous media is necessary. Classic finite differ-
ence and finite element methods require at least 10 grid points per acoustic wavelength
for accuracy, leading to impractically large computational grids. For instance, a 3 MHz
ultrasound image with 15 cm depth requires a 3D computational domain with over 10'1
grid elements, needing more than 400 GB of memory.

To address this, k-Wave uses the k-space pseudospectral method [139], combining
spectral calculation of spatial derivatives with a temporal propagator in the spatial fre-

quency domain (k-space). Unlike finite difference schemes that compute spatial gradients
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locally, the Fourier collocation spectral method fits a Fourier series to all data, offering two
main advantages: efficient amplitude calculation via the fast Fourier transform (FFT) and
the need for only two grid points per wavelength. Therefore, the k-space pseudospectral
method gives an effective alternative to FEM, that needs less computational resources.
More details on this method are given in the k-Wave user’s manual [94].

Firstly, when we create a new acoustic simulation in k-Wave we define parameters such
as the size of the grid and each grid point, the properties of the propagation medium such
as sound speed and density, and the points where there are speakers or microphones. Then
one driving signal is assigned to each source and the problem is solved by calling the built-
in function kspaceFirstOrder2D. The peculiarity of modeling an ANC system lies in the
dynamic calculation of the antinoise signal, depending on the error and reference signals.
Thus, the driving signal for the antinoise sources cannot be defined from the beginning.
For this reason, the function kspaceFirstOrder2D was modified to dynamically calculate
the antinoise signal. Therefore, the proposed control algorithms were incorporated in the
aforementioned built-in function as illustrated in Figure [A.2] This method enables us to
calculate the suitable antinoise signal for any algorithm, such as single channel FxLMs or
VEM-FxLMS;, at each iteration. One of the significant advantages of this method is that
the ANC is implemented in real-time, as it would be in a real-world application, which
enhances the model’s reliability compared to offline simulations.

Furthermore, the grid that is created depending on the simulation parameters is il-
lustrated in Figure [A.T, We observe the speakers, which can be represented as a sum of
point sources and form arcs, thus simulating the speaker signal. In addition, barriers (e.g.
walls) can be placed changing the properties of the propagation medium. Moreover, the
microphones are modeled by one grid point. A drawback of this toolbox is nevertheless
the inability to simulate reverberation phenomena in enclosed spaces, as well as phenom-
ena related to the acoustic oscillation modes of an enclosure. Since such phenomena play
a very important role when designing strategies for noise control in an enclosure, the need
to develop models that take such phenomena into account emerged. Thus, in the following

sections of the Appendix, such models are discussed.

A.2 FEM models

The Finite Element Method (FEM) is a numerical technique for solving complex problems
in engineering and physics, particularly those involving partial differential equations. It
works by dividing a large, complex problem into smaller, simpler parts called finite ele-
ments, which are then analyzed and assembled to model the entire system. This method
allows for precise modeling of complex geometries and material properties. In acous-
tic simulations, FEM is advantageous because it can accurately capture the behavior of

sound waves in heterogeneous media and complex structures, providing detailed insights
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Figure A.1: k-Wave grid while simulating a 4in-2out VEM-FxLMS based ANC system.

into sound propagation, reflection, and absorption [140], [141]. This makes FEM an es-
sential tool for designing quieter and more efficient acoustic environments and devices.

In this thesis three 3D models based on the finite element method were developed in
Comsol Multiphysics ® platform [142] : one that models the open space, where there are
very few reflections, one that represents a cabin that has no walls on its front and rear sides,
thus simulating a long enclosure and a closed cabin. In all cases, particular attention was
paid to the definition of the size of the finite elements, which is determined by the formula:
s = ’\m—;“’, where )\, is the wavelength of the lowest harmonic component of the simulated
acoustic disturbance in the frequency spectrum. Moreover, the control algorithms that
performed the ANC task were inserted into the model through global equations (Figure
that controlled the normal acceleration of the loudspeaker diaphragms. Each global
equation was linked with a Matlab® function (Figure , through Comsol Matlab
Livelink ® module .

A.2.1 Open space

The schematic representation of the open space model, as depicted in Figure [A.4] was
designed to mimic an anechoic chamber where reflections are absent. This model was
employed in the simulation of Chapter 2, where the mixed error FxLMS algorithm was
assessed for various loudspeaker arrangements. The model’s architecture comprised a
rectangular air domain with dimensions of 4 meters in width, 3 meters in length, and
4 meters in height, which was encompassed by a PML with thickness of 3 meters. The
PML’s thickness is determined by the wavelength of the lowest frequency component in

the acoustic disturbance. In this model, the lowest frequency that we selected to solve the
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480 — if_flags.cﬂmpu!:e_direct.ivity && (flags.record p || flags.record I || flags.record_ I_avg)
481 — sensor_data.p(:, file index) = directionalResponse (kgrid, sensor, sensor_mask index, p_k):
482 — end
48
484 — end
485
48 ANC CODE- FxLMS
487
488
489 $3added ANC code
490 — if t_index<index end
481 — ;ef_mic=p(Nx:Nx/‘i—2,Ny/2]; % reference microphone
482 — Wx=[ref mic Wx(l:flength-1)]; % update the controller state
483 — WFsum(Ex.*WwJ; % calculate the controller output
454 — antinoise speaker gain=l;
485 — antinoise_speaker;antj.naj.se speaker gain*Wy;
496 — suurce.ptE,:)=[sUuIcE.p(l,thiindexj_ antinoise_ speaker zeros(l,index end-t_index-1)]; %driving signal of the antinoise
487 %source
483 — error_mic pressure=p(Nx/8+2,Hy/2); l% error mic
469 — e cont=error mic pressure; % measure the residue
500 - Snx=[ref mic Snhx(1l:flength-1)]1; % update the state of 5h(z)
501 — Xhx=[sum (Shx.*5hw) Xhx(l:flength-1)]: % calculate the filtered x(k)
502 — Ww=Ww-mu*e_cont*Xhx; % adjust the controller weight according to FxILMS algorithm
503
504 %at the end of the algorithm keep the maximum pressure level at all
505 Fgrid
506 — if (t_index>index end-(3* (index end/10}))
507 — for i=1:1:Nx
508 — for j=1:1:Ny
509 — if abs(p(i,]j))>abs(max_pressures(i,j))
Ll e max_pressures(i,j)=abs(p(i,])):
511 — end
512 — end
513 — end
514 — end
515 — end
(a)
439 — if flags.compute directivity £& (flags.record p || flags.record I || flags.record I avg)
430 — sensor_data.p(:, file index) = directionalResponse(kgrid, sensor, sensor mask index, p kj;
491 — end
452
493 — end
454
435 EELRTEEEEEEETTTTLLLLLLRRLLLLEEY VEM-FxLMS FRLLLLLLLRRRRRRREEETIITTTLLGY
456 R R R TR R R R R R R T L L R R L L LR R R R R R T L LTI R I TIIILLI LRI R TR R R R R R R R R RITTYTYTYRSY
457
488 — if t_index<index end
435 — ref=p (Hx/2, Ny/15-8); %determine the reference signal
500 — Wal=[ref WxO(l:flength-1)]; %Wx0 is the reference buffer
501
502 fcompute antinoise signal for the two antinoise sources
503 — Wy=sum (Wx0.*Wwl) ;
504 — antinoise speaker gain=l1;
505 — antinoise speaker=antinoise speaker gain®*Wy; % the same signal is used beacuase of geometrical symmetry
506 % and lack of
507 % reflections
508
509 %drive point sources with the proper signal
510 — for i=1l:14
SO0 = source.p(i,:)=[source.p(i,l:t_index) antinoise speaker zeros(l,index end-t_index-1)];
S0 = end
513 — error_mic pressure=p (Nx-Nx/6-20,Ny/15+20+3); % error mic 1
514 — error_micZ_pressure=p (Nx-Nx/6-20-9,Ny/15+20+3) ; % error mic 2
S5 = eXtr_mic_pressure=p (Nx-Nx/6-20,Ny/15+20+3+h) ; % extrapolation mic 1
516 — eXtr_micZ_ pressure=p (Nx-Nx/6-20-9,Ny/l5+20+3+h); % extrapolation mic 2
517
518 $virtual error mics pressure estimation using linear extrapolation at position X
S0 = €_COnt=(eXtI_mic pressure-error_mic_pressure) *x/h+exXtr mic_pressure;
520 — e_cont2=(extr_mic2_pressure-error_mic2_ pressure) *x/h+extr_mic2_pressure:
521
522 — XhxO=[sum (Wx0.*5hw) Xhx0(l:flength-1)]:; % filter the reference with the mixed secondary path Shw
523 - Wwi=WwO-mu*Xhx0* (e cont+e contl): % weight update equation using mixed error FxLMS

(b)

Figure A.2: Matlab codes implementing a) single channel FxLMS and b) VEM-FxLMS
as they are incorporated in kspaceFirstOrder2D built-in function of k-Wave.

wave equation was 72 Hz, corresponding to a wavelength of 4.8 meters. In order to achieve
complete absorption, the PML thickness follows the formula dp,, = %. However, due to

the substantial computational requirements of the model, we selected a smaller thickness
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Label:  Global Equations 1 (5]
~ Global Equations
Futiptieet) =0, ulto) = ug. ulte)=1ur
»
Name | f(u, ututt1) (1) Initial value (u{ Initial value (u_t Description
k e-fxlms_mch_broad(ref,error 0 0
! I-fxlms_mch_broad_left(ref,error}) |0 0 1] function out=fxlms_mch_broad(ref_mic,error_mic)
0 [} 2
4 s identification stage
5 stica\spath_mixed_anc| 2mics_opposite_secm_right.txt'))";
6 % store the quantities computed by the model into
7 % persistent varisbles
8
9
pL:]
11
V= ke B
13
Name: b
3 15
b utt ) (1) =
17 r where referenve signal| is stored
ke-Fxlms_meh_broad (ref,error
18 ignal
Initial value (u_0) (1): 19 ror_mic; %
° 20 buffer=[sum(ref_buffer.*s_path) _buffer(1:¥1-1)1; | % filter ref buffer with seconary pa
21 ights-u*conv_error=filtered ref buffer; % update adaptive filtel weights
Initial value (u_td) (1/5): =48 - -
0
Description: (b)
~ Units
"
Dependent variable quantity Unit 4
Dimensionless 1 =
"
Source term quantity Unit ’
Dimensionless 1 =

Figure A.3: a) Global equations in Comsol platform, b) Matlab function used as global
equation.

than the recommended value without encountering any reflective interference that would
significantly diminish the model’s accuracy.

In addition, the time while the ANC was working was 3 seconds and the control
algorithms were conventional multichannel FxLMS as well as mixed error FxLMS for
comparison reasons. Furthermore, the mesh was different depending on the domain type
of the model. For the PML, a swept mesh was used, which is is a type of structured
or semi-structured mesh composed of prisms or hexahedrons. By structured, we mean
a mesh where the interior mesh vertices are adjacent to the same number of elements.
The mesh is structured in the sweep direction and then either structured or unstructured
orthogonally to the sweep direction. For the air domain, a tetrahedral mesh was used,
while the size of the tetrahedrons used for the loudspeakers diaphragms determined as

extra fine.

A.2.2 Cabin with open ends

The open-ended cabin was designed to replicate the interior of an aircraft cabin, whose
length is such that the reflections from the walls at the ends are not significant when
we investigate the behavior of an ANC system. Therefore, two PML of thickness 1.8 m
were placed at the front and rear end. In addition, the cabin’s geometry was a cylindrical
segment with dimensions of 1.5 meters in width, 3.45 meters in length, and 1.6 meters

in height, which correspond to the cabin of a small tilt-rotor aircraft. The material of

th
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Figure A.4: Geometry and meshing of the open space model implemented in Comsol

Multiphysics.

the outer shell was aluminum. The parameters of the selected material were sound speed
¢ = 6420m/s and density rho = 2700kg/m?. The noise source was also placed at the rear
end of the cabin, and it was modeled by a circle with 0.15 m diameter. Moreover, the
global equations were inserted in the same way as in the open space model. The same
principles were also followed for the determination of mesh size.
The open-ended model which is illustrated in Figure was employed in Chapter
5, where we examined the interaction between multiple ANC systems that coexist in
an aircraft cabin. The 2-dimensional simulations in the same Chapter take place in a
domain that is practically a top view of the three-dimensional model. In these simulations
the loudspeakers were modeled as arcs ant the microphones as Domain point probes in
similar way to the three-dimensional models. The big advantage of the two-dimensional

simulations is the small complexity, which allows solving the model in a short time.
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Figure A.5: Geometry and meshing of the model of the open-ended cabin implemented

in Comsol Multiphysics.
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A.2.3 Closed cabin

The closed cabin model was employed in simulations of Chapters 4 and 6 and modeled
the small aircraft cabin mockup installed in the Dynamics and Acoustics Laboratory. The
model of the cabin mockup was designed to have the same dimensions as the one installed
in the laboratory (refer to Figure for the purpose of conducting experimental tests
on the system. The material used for the horizontal cylindrical segment had an impact on
the damping of the walls. MDF, which has a density of p = 558kg/m3 and a sound speed
of ¢ = 2177m/s, was chosen for its similarity to the material used in the laboratory’s
mockup, as reported by . In addition, a semi-spherical air domain and a PML were
placed around the cabin to represent free space (refer to Figure .

The loudspeakers were represented as circles with diameters of 40 cm for the noise
source and 24 cm for the secondary sources. The driving signals derived from the selected
control algorithm were introduced into the model by incorporating global equations that
control the normal acceleration of the circular boundaries that represent the diaphragms
of the subwoofers, as described by Figure Each of these equations included a Mat-
lab function implementing the corresponding algorithm. Moreover, the communication
between Comsol and Matlab was facilitated through Matlab Livelink® for each iteration

of the time-dependent solver.

yx.! o 5 Om Noise source

Figure A.6: Geometry and meshing of the model of the closed cabin implemented in
Comsol Multiphysics.
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Aircraft cabin mockup

The experimental evaluation of the ANC systems detailed in this dissertation was con-
ducted in a wooden cabin mockup that was constructed in the Dynamics and Acoustics
Laboratory. This mockup provided a small enclosed space with predefined acoustic prop-

erties, which was suitable for assessing an ANC system intended for installation in a

similar small enclosed space, such as an aircraft cabin.

Figure B.1: a) Cabin mockup with dimensions of 310 cm length, 245 cm width, 200 cm
height, b) The wooden frame of the mockup where the outer shell and rock wool panels
were installed.

The shape of the mockup was a cylindrical segment that simulated a portion of an
aircraft fuselage. Although it resembled an aircraft, the enclosed space could be used

to evaluate an ANC system in any enclosure, including the cabin of a yacht. The most
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significant difference between evaluating a system in an anechoic room and an enclosure
lies in the presence of reflections on the boundaries of the cabin. Additionally, due to
the small dimensions of the enclosure, low-frequency acoustic modes were excited, which
could only be simulated in a cabin mockup with similar dimensions. Thus the experiments
in this mockup gave an extra reliability to proposed systems regarding their functionality
in real-world conditions.

In addition, two pieces of medium-density fiberboard measuring 3 centimeters in thick-
ness were utilized to construct the flat side walls of the mockup. The curved surface,
having a thickness of 10 centimeters, comprised of thin, flexible MDF panels that were
fastened to a wooden frame. In addition, rock wool was inserted between the outer and
inner panels. The dimensions of the mockup were specified as (length, L=310cm; width,
W=245cm; and height, H=200cm) to replicate the cabin of a small aircraft. The rever-
beration times T3 in octave bands up to 500 Hz, as measured, are listed in Table B.1.
Although these values are higher than those reported in the literature for actual aircraft

cabins [145], they are within a realistic range.

Frequency (Hz) 63 125 250 500
Tho (5) 1.69 0.75 033 0.44

Table B.1: Measured reverberation times T3, for aircraft cabin mockup in octave bands.
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DSP algorithm implementation

The control algorithms of this thesis were implemented on a National Instruments Com-
pactRIO controller, illustrated in Figure and a Motu Ultralite AVB sound card,
illustrated in Figure . In case of CompactRIO Labview® and Labview® FPGA were
used as development platforms, while in case of the sound card the algorithm implemen-
tation was made in Python. In addition, the noise cancellation systems of Chapters 2, 3,
4 and 5 were implemented in CompactRIO while the active sound absorber algorithm of

Chapter 6 was implemented in the sound card.
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s 3 1 ™ s 3 1
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(a) (b)
Figure C.1: a) CompactRIO-9030 DSP controller and b) Motu Ultralite AVB soundcard.

C.1 CompactRIO-9030

The ¢RIO-9030 controller, as shown in Figure [C.1a] features (a) an Intel Atom 1.33
GHz real-time processor running NI Linux real-time operating system for fast FPGA
and host controller communication and signal processing, (b) a Xilinx Kintex-7 type
FPGA controller for high-speed control application, with fully customizable timing and 4
slots for analog I/O modules. Also, due to the built-in user interface capability with NI
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Linux Real-Time, a local human-machine interface (HMI) is allowed to be implemented
to simplify application development. The CompactRIO controller is ideal for complex
digital signal processing applications. It has the capabilities required to integrate many
parallel tasks into a single controller, ultimately reducing system cost, development time
and complexity. Dual power supply inputs are supported with a wide range from 9 VDC
to 30 VDC to ensure reliable operation in critical applications. A variety of connectivity

options are also available, including Gigabit Ethernet, USB Hi-Speed host and serial ports.

1/0 Modules Sensors and

Actuators
Signal Signal
Conditioning Conditioning
| Signal Signal

Real-Time

Processor PCl Bus
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5 ]

Sig! | Signal e’
0 Conditioning Conditioning

Figure C.2: Architecture of the cRIO 9030 ||

For the analog to digital conversion of the signals, a NI 9220 module was used, which
is illustrated in Figure The NI 9220 analog input module is suitable for installa-
tion in CompactRIO devices. It has 16 differential analog inputs, which can operate
simultaneously and independently of each other. Each analog input channel provides a
measurement range of = 10 V and 16-bit resolution. The maximum sample rate per chan-
nel is 100 kS/s, and the maximum data rate is 3.2 MB/s when all channels are operating

at the maximum sample rate.
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Figure C.3: a) Analog to Digital converter (ADC) NI 9220, b) block diagram of N19220
[147].
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Moreover, the digital to analog conversion of the produced signals was carried out by
NI 92 64 module, illustrated in Figure[C.4l The NI-9264 analog output module is suitable
for installation in CompactRIO devices. It has 16 differential channels of synchronous
analog output, with a maximum sampling rate of 25 kS/s per channel. Each analog
output channel has its own digital-to-analog converter (DAC), which can produce an
output voltage signal with a maximum range of &= 10 V and a resolution of 16 bits.
Each channel also has surged and short-circuit protection. In addition, each channel is

connected to earth ground.
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Figure C.4: a) Digital to analog converter (DAC) NI 9264, b) block diagram of N19264
[148).

The deployment of the algorithms featured a standard architecture that incorporated
the implementation of the signal processing aspect on the Compact RIO FPGA using
Labview version 2017. Subsequently, a user interface was developed within the real-time
processor to enable users to configure various parameters, such as step size and filter
length, as well as to visualize the real-time evolution of multiple signals, including the
reference and error signals.

To provide a clearer illustration of the implementation of the ANC methods within
the CompactRIO system, a block diagram of the mixed error FSLMS method outlined
in Chapter 4 is presented. The A and B components of the diagram involve the initial-
ization of certain memories and FIFOs. Next, in the C part of the diagram, the linear
extrapolation-based acoustic pressure prediction technique described in Chapter 3 is im-
plemented. Finally, in track D, the second-order FLNN is implemented using the built-in
function FXP Filtered-X LMS.vi, which calculates the adaptive filter coefficients while
accounting for the secondary path. By computing the sine and cosine of the reference
signal, the filter bank version of the second-order FLNN can be executed.

The modeling process of the secondary path was also implemented in the FPGA part
of the controller using the FXP LMS. v built-in function, appropriately modified in order
to fit the requirements of the proposed methods. For instance, the filter length as well as
the step size, had to be modified according to each application needs. At first, a loop is
running while the loudspeaker reproduces white noise, which is used as reference. In the

meantime, the error signal is captured by the error microphone and the LMS algorithm is
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updating the coefficients of the secondary path, until the modeling time has passed. The
modeling time is a parameter determined by the user. Then the computed coefficients
are stored in a FIFO in order to be visualized by the user interface and to be used in the
noise-cancelling algorithm.

In the same way as in the noise cancellation algorithm a user interface was also imple-
mented in order to enter the preferred parameters and to visualize the computed secondary
paths and the convergence plots, in order to decide whether the secondary path modeling
was accurate, as the accuracy of the secondary path modeling process is crucial for the
ANC system’s performance. The user interface communicates with the FPGA part of the
code with FIFOs, which are a very common way of communication between the FPGA
and the real-time processor of the CompactRIO. At the end of this appendix are presented

selected block diagrams in Labview of some algorithms implemented in this thesis.

)
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BCE
il

o e

igi
|

>
o

o .

B

Figure C.5: Labview block diagram of the second order FLNN, as implemented for the
FPGA part of the CompactRIO.

C.2 Motu Ultralite AVB soundcard

The MOTU UltraLite AVB is a versatile audio interface boasting 18 inputs and 18 outputs,
allowing for extensive connectivity with support for sample rates up to 192 kHz. In this
dissertation, the soundcard was accessed via Python in order to implement the active
sound absorbers based on the wave separation technique into incident and reflected, using
two closely spaced microphones. The sampling rate that was used was 44.1 kHz. In

addition, the sounddevice python library [149] was used to play and record NumPy arrays
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Figure C.6: The linear extrapolation based acoustic pressure prediction technique illus-
trated in C part of Figure

B w

Figure C.7: The loop, which contains parts C and D of the diagram illustrated in Figure
and implements the update equation of the non-linear adaptive filter coefficients.

containing audio signals. The update of the weights of the adaptive filter described in
Chapter 6 is implemented by a callback function, which also computes in each iteration the
driving signal for the active sound absorber. The Python code of this function is presented
in Figure Before calculating the weights of the adaptive filter that implements the

sound absorption task, the secondary path with respect to the reflected component of the
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Figure C.8: The user interface, which is connected via FIFOs with the second order
FLNN function, implemented in the FPGA platform of CompactRIO. The user interface
is implemented in the real-time processor.
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Figure C.9: Modeling procedure based on FXP LMS.vi built-in function.

acoustic wave has been determined. The Python code, wich for this process also uses a

callback function and the sounddevice function library, is presented in Figure [C.10}
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ted_buffer_r[@]

Figure C.10: Callback function implementing the modeling of the secondary path, which
is used for the active sound absorption method described in Chapter 6.
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Figure C.11: Callback function implementing the active sound absorber introduced in
Chapter 6.



APPENDIX D

SPL measuring configuration

To measure the attenuation of sound pressure levels at the passenger’s ears as well as
to determine the size of the quiet zone in front of the active headrest systems studied
in this thesis, a measuring setup consisting of a set of 16 observation microphones was
implemented. These microphones were evenly distributed on a metallic grille, as shown

in Figure [D.1] to measure the sound pressure at a horizontal area up to A = 0.5m x 0.5m.

Figure D.1: The metallic grille, where 16 measurement microphones were mounted in
order to monitor the acoustic pressure before and after the ANC activation.

The measured data were used to calculate the corresponding SPL. A linear interpola-
tion of the calculated SPLs with resolution of 0.1 cm was implemented to form an SPL
distribution on the entire horizontal area. Additionally, a vertical displacement of the
grille was applied to build a 3D measurement grid consisting of horizontal planes. The
DSP algorithm that processed the data measured from the measurement microphones was
developed in National instruments® PXI 8820 controller and the ADC and DAC tasks

were performed by PXI 6251 sampling card. Moreover, Labview® was employed to create

129
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an application for real-time processing and monitoring of the obtained acoustic pressure

signals. The user interface of this application is also illustrated in Figure [D.2]

B

-
NATIONA [
l\7INSTRUMI 155

Figure D.2: User interface of the application used for the monitoring of acoustic pressure
in front of the proposed ANC systems.



References

P. Lueg, <Process of silencing sound oscillationss, U.S. patent No. 2,043,416.Ap-
plication:8 March 1934. Patented:9 June 1936. Priority(Germany): 27 January
193,

D. Guicking, «On the invention of active noise control by Paul Luegs, The Journal
of the Acoustical Society of America, vol. 87, no. 5, pp. 2251-2254, May 1990, 1SSN:
0001-4966. pOT: 10.1121/1.399195. eprint: https://pubs.aip.org/asa/jasa/
article-pdf/87/5/2251/11927142/2251\_1\_online.pdf. [Online]. Available:
https://doi.org/10.1121/1.399195.

H. F. Olson and E. G. May, <Electronic Sound Absorbers, The Journal of the
Acoustical Society of America, vol. 25, no. 6, pp. 1130-1136, Nov. 1953, ISSN:
0001-4966. DOT: 10.1121/1.1907249. eprint: https://pubs.aip.org/asa/jasa/
article-pdf/25/6/1130/18731915/1130\_1\_online.pdf. [Online]. Available:
https://doi.org/10.1121/1.1907249.

B. Widrow, J. Glover, J. McCool, et al., «Adaptive noise cancelling: Principles and
applicationss, Proceedings of the IEEE, vol. 63, no. 12, pp. 1692-1716, 1975. DOTI:
10.1109/PR0C.1975.10036.

B. Widrow, D. Shur, and S. Shaffer, «On adaptive inverse controls, in "15th Asilo-
mar Conference Clircuits, Systems Computers’, 1981, pp. 185-89.

M. Pawelczyk, <«Adaptive noise control algorithms for active headrest systems,
Control Engineering Practice, vol. 12, no. 9, pp. 1101-1112, 2004, 1SSN: 0967-
0661. DOL: https://doi.org/10.1016/ j . conengprac.2003.11.006. [On-
line]. Available: https://www . sciencedirect . com/science/article/pii/
S50967066103002569.

C.-Y. Chang, C.-T. Chuang, S. M. Kuo, and C.-H. Lin, «<Multi-functional active
noise control system on headrest of airplane seats, Mechanical Systems and Signal
Processing, vol. 167, p. 108552, 2022, 1SSN: 0888-3270. DOI: https://doi.org/
10.1016/j.ymssp.2021.108552.

131


https://doi.org/10.1121/1.399195
https://pubs.aip.org/asa/jasa/article-pdf/87/5/2251/11927142/2251\_1\_online.pdf
https://pubs.aip.org/asa/jasa/article-pdf/87/5/2251/11927142/2251\_1\_online.pdf
https://doi.org/10.1121/1.399195
https://doi.org/10.1121/1.1907249
https://pubs.aip.org/asa/jasa/article-pdf/25/6/1130/18731915/1130\_1\_online.pdf
https://pubs.aip.org/asa/jasa/article-pdf/25/6/1130/18731915/1130\_1\_online.pdf
https://doi.org/10.1121/1.1907249
https://doi.org/10.1109/PROC.1975.10036
https://doi.org/https://doi.org/10.1016/j.conengprac.2003.11.006
https://www.sciencedirect.com/science/article/pii/S0967066103002569
https://www.sciencedirect.com/science/article/pii/S0967066103002569
https://doi.org/https://doi.org/10.1016/j.ymssp.2021.108552
https://doi.org/https://doi.org/10.1016/j.ymssp.2021.108552

132

References

[10]

[11]

[12]

[13]

[14]

[15]

[16]

H. M. Lee, Y. Hua, Z. Wang, K. M. Lim, and H. P. Lee, <A review of the ap-
plication of active noise control technologies on windows: Challenges and limita-
tions>, Applied Acoustics, vol. 174, p. 107 753, 2021, 1sSN: 0003-682X. DOI: https:
//doi.org/10.1016/j.apacoust.2020.107753.

B. Lam, W.-S. Gan, D. Shi, M. Nishimura, and S. Elliott, <Ten questions con-
cerning active noise control in the built environment>, Building and Environment,
vol. 200, p. 107928, 2021, 1ssN: 0360-1323. DOI: https://doi.org/10.1016/].
buildenv.2021.107928.

M. Norambuena, A. Jakob, and M. Moser, «Mathematical model for a multichannel
active absorption systems, Acta Acustica united with Acustica, vol. 99, pp. 905—
916, 6 Nov. 2013, 1sSN: 16101928. DOI: 10.3813/AAA.918670.

B. Betgen and M.-A. Galland, <A new hybrid active/passive sound absorber with
variable surface impedances, Mechanical Systems and Signal Processing, vol. 25,
pp. 17151726, 5 Jul. 2011, 1SSN: 08883270. DOI: 10.1016/j.ymssp.2010.12.006.

D. Mylonas, A. Erspamer, C. Yiakopoulos, and I. Antoniadis, «Global control of
propeller-induced aircraft cabin noise using active sound absorberss, Journal of
Sound and Vibration, vol. 573, p. 118 213, 2024, 1SSN: 0022-460X. DOI: https :
//doi.org/10.1016/j.jsv.2023.118213. [Online|. Available: https://www.
sciencedirect.com/science/article/pii/S0022460X23006624.

P. Cobo, A. Fernandez, and O. Doutres, «Low-frequency absorption using a two-
layer system with active control of input impedances, The Journal of the Acoustical
Society of America, vol. 114, pp. 3211-3216, 6 Dec. 2003, 18SN: 0001-4966. DOTI:
10.1121/1.1629306.

K. An, J. Back, S.-K. Lee, S. Shin, and D. Jang, <Active vibration control for
reduction of interior noise caused by r-mdps of electric power steering in elec-
tric vehicles, Applied Acoustics, vol. 211, p. 109 544, 2023, 1sSN: 0003-682X. DOI:
https://doi.org/10.1016/ j . apacoust . 2023 . 109544. [Online|. Available:
https://www.sciencedirect.com/science/article/pii/S0003682X23003420.

M. Misol, <Full-scale experiments on the reduction of propeller-induced aircraft
interior noise with active trim panelss, Applied Acoustics, vol. 159, p. 107 086,
Feb. 2020, 18SN: 0003682X. DOI: [10.1016/j.apacoust.2019.107086.

H. V. Fuchs, <Absorbers with active components>, in Applied Acoustics: Concepts,
Absorbers, and Silencers for Acoustical Comfort and Noise Control: Alternative
Solutions - Innovative Tools - Practical Examples. Berlin, Heidelberg: Springer
Berlin Heidelberg, 2013, pp. 89-99.


https://doi.org/https://doi.org/10.1016/j.apacoust.2020.107753
https://doi.org/https://doi.org/10.1016/j.apacoust.2020.107753
https://doi.org/https://doi.org/10.1016/j.buildenv.2021.107928
https://doi.org/https://doi.org/10.1016/j.buildenv.2021.107928
https://doi.org/10.3813/AAA.918670
https://doi.org/10.1016/j.ymssp.2010.12.006
https://doi.org/https://doi.org/10.1016/j.jsv.2023.118213
https://doi.org/https://doi.org/10.1016/j.jsv.2023.118213
https://www.sciencedirect.com/science/article/pii/S0022460X23006624
https://www.sciencedirect.com/science/article/pii/S0022460X23006624
https://doi.org/10.1121/1.1629306
https://doi.org/https://doi.org/10.1016/j.apacoust.2023.109544
https://www.sciencedirect.com/science/article/pii/S0003682X23003420
https://doi.org/10.1016/j.apacoust.2019.107086

References 133

[17] L. Dimino and F. Aliabadi, Active Control of Aircraft Cabin Noise. IMPERIAL
COLLEGE PRESS, 2015. DOI: 10.1142/p996|. eprint: https://www.worldscientific.
com/doi/pdf/10.1142/p996. [Online|. Available: https://www.worldscientific.
com/doi/abs/10.1142/p996.

[18] J. Cheer, S. J. Elliott, and W. Jung, <Sound field control in the automotive envi-
ronments, in Automotive Acoustics Conference 2015, W. Siebenpfeiffer, Ed., Wies-
baden: Springer Fachmedien Wiesbaden, 2019, pp. 158-175.

[19] C. L. Ferrari, J. Cheer, and M. Mautone, <Investigation of an engine order noise
cancellation system in a super sports cars, Acta Acust, vol. 7, 2023. DOI: 10.1051/
aacus/2022060.

[20] G. Bernardini, C. Testa, and M. Gennaretti, <Tiltrotor cabin noise control through
smart actuatorss, Journal of Vibration and Control, vol. 22, pp. 3-17, 1 Jan. 2016,
ISSN: 1077-5463. DOI: 10.1177/1077546314526919.

[21] A.D. Marano, T. Polito, M. Guida, et al., <Tiltrotor acoustic data acquisition and
analysis>, Aerotecnica Missili and Spazio, vol. 100, pp. 111-122, 2 Jun. 2021, ISSN:
0365-7442. DOT: 10.1007/s42496-021-00075-5.

[22] J. Wilby, <Aircraft interior noises, Journal of Sound and Vibration, vol. 190, no. 3,
pp. 545-564, 1996, 1SSN: 0022-460X. DOI: https://doi.org/10.1006/jsvi.1996.
0078. [Online|. Available: https://www.sciencedirect.com/science/article/
pii/S0022460X96900784.

[23] D. Mylonas, A. Erspamer, C. Yiakopoulos, and I. Antoniadis, «An extrapolation-
based virtual sensing technique of improving the control performance of the fxlms
algorithm in a maritime environments, Applied Acoustics, vol. 193, p. 108 756,
2022, 18SN: 0003-682X. DOIL: https://doi.org/10.1016/j . apacoust.2022.
108756. [Online|. Available: https://www.sciencedirect.com/science/article/
pii/S0003682X2200130X.

[24] J. Cheer and S. J. Elliott, <Active noise control of a diesel generator in a luxury
yachts>, Appl Acoust, vol. 105, pp. 209-214, 2016. po1: 10. 1016/ j . apacoust .
2015.12.007.

[25] E. D. Simshauser and M. E. Hawley, «The Noise-Cancelling Headset—An Active
Ear Defenders, The Journal of the Acoustical Society of America, vol. 27, no. 1
Supplement, pp. 207-207, Jan. 1955, 1sSN: 0001-4966. DOI: [10.1121/1.1917899.

[26] S. Elliott, A. Curtis, A. Bullmore, and P. Nelson, «The active minimization of
harmonic enclosed sound fields, part iii: Experimental verification>, Journal of
Sound and Vibration, vol. 117, no. 1, pp. 35-58, 1987, 1sSN: 0022-460X. DOI: https:
//doi.org/10.1016/0022-460X(87)90434-2.


https://doi.org/10.1142/p996
https://www.worldscientific.com/doi/pdf/10.1142/p996
https://www.worldscientific.com/doi/pdf/10.1142/p996
https://www.worldscientific.com/doi/abs/10.1142/p996
https://www.worldscientific.com/doi/abs/10.1142/p996
https://doi.org/10.1051/aacus/2022060
https://doi.org/10.1051/aacus/2022060
https://doi.org/10.1177/1077546314526919
https://doi.org/10.1007/s42496-021-00075-5
https://doi.org/https://doi.org/10.1006/jsvi.1996.0078
https://doi.org/https://doi.org/10.1006/jsvi.1996.0078
https://www.sciencedirect.com/science/article/pii/S0022460X96900784
https://www.sciencedirect.com/science/article/pii/S0022460X96900784
https://doi.org/https://doi.org/10.1016/j.apacoust.2022.108756
https://doi.org/https://doi.org/10.1016/j.apacoust.2022.108756
https://www.sciencedirect.com/science/article/pii/S0003682X2200130X
https://www.sciencedirect.com/science/article/pii/S0003682X2200130X
https://doi.org/10.1016/j.apacoust.2015.12.007
https://doi.org/10.1016/j.apacoust.2015.12.007
https://doi.org/10.1121/1.1917899
https://doi.org/https://doi.org/10.1016/0022-460X(87)90434-2
https://doi.org/https://doi.org/10.1016/0022-460X(87)90434-2

134

References

[27]

[28]

[29]

[30]

[31]

32]

[33]

[34]

C. Dorling, G. Eatwell, S. Hutchins, C. Ross, and S. S.C.G., <A demontration
of active noise reduction in an aircraft cabins, Journal of Sound and Vibration,
vol. 128, pp. 358-360, 1989. DOI: 10.1038/s41598-018-23531~y. [Online]. Avail-
able: https://doi.org/10.1038/s41598-018-23531-y.

F. Orduna-Bustamante and P. A. Nelson, «An adaptive controller for the active
absorption of sounds, The Journal of the Acoustical Society of America, vol. 91,
no. 5, pp. 2740-2747, May 1992, 1SSN: 0001-4966. poI: 10.1121/1.403779. [On-
line]. Available: https://doi.org/10.1121/1.403779.

D. Das and G. Panda, <Active mitigation of nonlinear noise processes using a novel
filtered-s Ims algorithms, IEEFE Transactions on Speech and Audio Processing,
vol. 12, no. 3, pp. 313-322, 2004. po1: 10.1109/TSA.2003.822741.

Y.-L. Zhou, Q.-Z. Zhang, X.-D. Li, and W.-S. Gan, <Analysis and dsp imple-
mentation of an anc system using a filtered-error neural networks, Journal of
Sound and Vibration, vol. 285, no. 1, pp. 1-25, 2005, 1SSN: 0022-460X. DOI: https:
//doi.org/10.1016/j.jsv.2004.08.007. [Online|]. Available: https://www.
sciencedirect.com/science/article/pii/S0022460X04006364.

S. J. Elliott, W. Jung, and J. Cheer, <Head tracking extends local active control of
broadband sound to higher frequencies>, Scientific Reports, 2018. DOI: 10.1038/
S41598—018—23531—y.U)nhne].Avaﬂabb:httpS://dOi.org/lo.1038/841598—
018-23531-y.

R. Han, M. Wu, C. Gong, et al., «<Combination of robust algorithm and head-
tracking for a feedforward active headrests>, Applied Sciences (Switzerland), vol. 9,
9 May 2019, 18SN: 20763417. DOI: [10.3390/app9091760.

M. L. N. S. Karthik, S. Pradhan, and N. V. George, <Performance evaluation of an
active headrest system using a filtered-x least mean square/fourth algorithm with
virtual sensings, The Journal of the Acoustical Society of America, vol. 154, no. 5,
pp. 2878-2891, Nov. 2023, 18SN: 0001-4966. DOI: 10.1121/10.0022329. eprint:
https://pubs.aip.org/asa/jasa/article-pdf/154/5/2878 /18201554 /
2878\_1\_10.0022329.pdf. [Online|. Available: https://doi.org/10.1121/10.
0022329.

L. Yin, Z. Zhang, M. Wu, et al., <Adaptive parallel filter method for active can-
cellation of road noise inside vehicless, Mechanical Systems and Signal Processing,
vol. 193, p. 110274, 2023, 1SSN: 0888-3270. DOI: https://doi.org/10.1016/
j.ymssp.2023.110274. [Online]. Available: https://www.sciencedirect.com/
science/article/pii/S0888327023001814.


https://doi.org/10.1038/s41598-018-23531-y
https://doi.org/10.1038/s41598-018-23531-y
https://doi.org/10.1121/1.403779
https://doi.org/10.1121/1.403779
https://doi.org/10.1109/TSA.2003.822741
https://doi.org/https://doi.org/10.1016/j.jsv.2004.08.007
https://doi.org/https://doi.org/10.1016/j.jsv.2004.08.007
https://www.sciencedirect.com/science/article/pii/S0022460X04006364
https://www.sciencedirect.com/science/article/pii/S0022460X04006364
https://doi.org/10.1038/s41598-018-23531-y
https://doi.org/10.1038/s41598-018-23531-y
https://doi.org/10.1038/s41598-018-23531-y
https://doi.org/10.1038/s41598-018-23531-y
https://doi.org/10.3390/app9091760
https://doi.org/10.1121/10.0022329
https://pubs.aip.org/asa/jasa/article-pdf/154/5/2878/18201554/2878\_1\_10.0022329.pdf
https://pubs.aip.org/asa/jasa/article-pdf/154/5/2878/18201554/2878\_1\_10.0022329.pdf
https://doi.org/10.1121/10.0022329
https://doi.org/10.1121/10.0022329
https://doi.org/https://doi.org/10.1016/j.ymssp.2023.110274
https://doi.org/https://doi.org/10.1016/j.ymssp.2023.110274
https://www.sciencedirect.com/science/article/pii/S0888327023001814
https://www.sciencedirect.com/science/article/pii/S0888327023001814

References 135

[35] X. Liang, J. Yao, L. Luo, W. Zhu, W. Zhang, and Y. Wang, <A new proportionate
filtered-x rls algorithm for active noise control systems, Sensors (Basel), vol. 22,
no. 12, p. 4566, 2022. DOI: 10.3390/s22124566..

[36] A. Zeb, A. Mirza, and S. A. Sheikh, <Filtered-x rls algorithm based active noise
control of impulsive noise>, in 2015 7th International Conference on Modelling,
Identification and Control (ICMIC), 2015, pp. 1-5. DOI: 10.1109/ICMIC.2015.
7409414

[37]  Z.Zhang, M. Wu, C. Gong, L. Yin, and J. Yang, «Adjustable structure for feedback
active headrest system using the virtual microphone methods, Applied Sciences
(Switzerland), vol. 11, 11 Jun. 2021, 1SSN: 20763417. DOI: 10.3390/app11115033.

[38] X. Shen, W.-S. Gan, and D. Shi, <Alternative switching hybrid ancs, Applied
Acoustics, vol. 173, p. 107712, 2021, 18SN: 0003-682X. DOI: https://doi.org/10.
1016/j.apacoust.2020.107712. [Online|. Available: https://www.sciencedirect.
com/science/article/pii/S0003682X20308161.

[39] L. Lu, K.-L. Yin, R. C. de Lamare, et al., <A survey on active noise control in the
past decade—part ii: Nonlinear systemss, Signal Processing, vol. 181, p. 107929,
2021, 1SSN: 0165-1684. DOL: https://doi.org/10.1016/7.sigpro.2020.107929!
[Online]. Available: https://www.sciencedirect.com/science/article/pii/
S50165168420304734.

[40] J. Seo, K. Kim, and S. Nam, <Nonlinear anc using a third-order volterra filter
with an 1dlt-fap algorithms, IFAC Proceedings Volumes, vol. 41, no. 2, pp. 7566—
7569, 2008, 17th IFAC World Congress, 1SSN: 1474-6670. DOI: https : //doi .
org/10.3182/20080706-5-KR-1001.01279. [Online]. Available: https://www.
sciencedirect.com/science/article/pii/S147466701640162X.

[41] L. Tan and J. Jiang, <Adaptive volterra filters for active control of nonlinear noise
processes>, IEEE Transactions on Signal Processing, vol. 49, no. 8, pp. 1667-1676,
2001. DOI1:110.1109/78.934136.

[42] L. Luo, J. Sun, B. Huang, and X. Jiang, <A modified fslms algorithm for nonlinear
ancs, in 2016 Asia-Pacific Signal and Information Processing Association Annual
Summit and Conference (APSIPA), 2016, pp. 1-4. DOI: 10.1109/APSIPA.2016.
7820859.

[43] S. Kuo and H.-T. Wu, «Nonlinear adaptive bilinear filters for active noise control
systemss, IEEE Transactions on Circuits and Systems I: Regular Papers, vol. 52,
no. 3, pp. 617-624, 2005. DOT: [10.1109/TCST . 2004 . 842429


https://doi.org/10.3390/s22124566
https://doi.org/10.1109/ICMIC.2015.7409414
https://doi.org/10.1109/ICMIC.2015.7409414
https://doi.org/10.3390/app11115033
https://doi.org/https://doi.org/10.1016/j.apacoust.2020.107712
https://doi.org/https://doi.org/10.1016/j.apacoust.2020.107712
https://www.sciencedirect.com/science/article/pii/S0003682X20308161
https://www.sciencedirect.com/science/article/pii/S0003682X20308161
https://doi.org/https://doi.org/10.1016/j.sigpro.2020.107929
https://www.sciencedirect.com/science/article/pii/S0165168420304734
https://www.sciencedirect.com/science/article/pii/S0165168420304734
https://doi.org/https://doi.org/10.3182/20080706-5-KR-1001.01279
https://doi.org/https://doi.org/10.3182/20080706-5-KR-1001.01279
https://www.sciencedirect.com/science/article/pii/S147466701640162X
https://www.sciencedirect.com/science/article/pii/S147466701640162X
https://doi.org/10.1109/78.934136
https://doi.org/10.1109/APSIPA.2016.7820859
https://doi.org/10.1109/APSIPA.2016.7820859
https://doi.org/10.1109/TCSI.2004.842429

136

References

[44]

[45]

[46]

[47]

[48]

[49]

[50]

[51]

X. Guo, J. Jiang, J. Chen, S. Du, and L. Tan, <Bibo-stable implementation of
adaptive function expansion bilinear filter for nonlinear active noise controls, Ap-
plied Acoustics, vol. 168, p. 107407, 2020, 1ssN: 0003-682X. DOI: https://doi.
org/10.1016/j . apacoust . 2020 . 107407. [Online]. Available: https: //www .
sciencedirect.com/science/article/pii/S0003682X20305119.

M. Scarpiniti, D. Comminiello, R. Parisi, and A. Uncini, <A collaborative fil-
ter approach to adaptive noise cancellations, in Neural Nets and Surroundings:
22nd Italian Workshop on Neural Nets, WIRN 2012, May 17-19, Vietri sul Mare,
Salerno, Italy, B. Apolloni, S. Bassis, A. Esposito, and F. C. Morabito, Eds. Berlin,
Heidelberg: Springer Berlin Heidelberg, 2013, pp. 101-109, 1SBN: 978-3-642-35467-
0. DOI: [10.1007/978-3-642-35467-0_11. [Online]. Available: https://doi .
org/10.1007/978-3-642-35467-0_11.

D. Shi, B. Lam, K. Ooi, X. Shen, and W.-S. Gan, <Selective fixed-filter active
noise control based on convolutional neural networks, Signal Processing, vol. 190,
p. 108317, 2022, 1SSN: 0165-1684. DOI: https://doi.org/10.1016/j.sigpro.
2021.108317. [Online|. Available: https://www.sciencedirect.com/science/
article/pii/S0165168421003546.

H. Zhang and D. Wang, <Deep anc: A deep learning approach to active noise
controls, Neural Networks, vol. 141, pp. 1-10, 2021, 18SN: 0893-6080. DOI: https:
//doi.org/10.1016/ j . neunet . 2021 . 03 . 037. [Online|. Available: https :
//www.sciencedirect.com/science/article/pii/S0893608021001258.

A. S. M, R. Biradar, and P. V. Joshi, «Implementation of an active noise can-
cellation technique using deep learning>, in 2022 International Conference on In-
ventive Computation Technologies (ICICT), 2022, pp. 249-253. poOI: |10 . 1109/
ICICT54344.2022.9850807.

K. Zhang, G. Lyu, and X. Luo, <A deep recurrent neural network controller for
nonlinear active noise control systems>, in 2020 IEEE 6th International Conference
on Computer and Communications (ICCC), 2020, pp. 2393-2396. DOI: 10.1109/
ICCC51575.2020.9345164.

Y.-J. Jang, J. Park, W.-C. Lee, and H.-J. Park, <A convolution-neural-network
feedforward active-noise-cancellation system on fpga for in-ear headphone>, Ap-
plied Sciences, vol. 12, no. 11, 2022, 1SSN: 2076-3417. DOI: 10.3390/app12115300.
[Online]. Available: https://www.mdpi.com/2076-3417/12/11/5300.

D. Shi, W.-S. Gan, B. Lam, and S. Wen, <Feedforward selective fixed-filter active
noise control: Algorithm and implementations, IEEE/ACM Transactions on Au-
dio, Speech, and Language Processing, vol. 28, pp. 1479-1492, 2020. DOI1:|10.1109/
TASLP.2020.2989582.


https://doi.org/https://doi.org/10.1016/j.apacoust.2020.107407
https://doi.org/https://doi.org/10.1016/j.apacoust.2020.107407
https://www.sciencedirect.com/science/article/pii/S0003682X20305119
https://www.sciencedirect.com/science/article/pii/S0003682X20305119
https://doi.org/10.1007/978-3-642-35467-0_11
https://doi.org/10.1007/978-3-642-35467-0_11
https://doi.org/10.1007/978-3-642-35467-0_11
https://doi.org/https://doi.org/10.1016/j.sigpro.2021.108317
https://doi.org/https://doi.org/10.1016/j.sigpro.2021.108317
https://www.sciencedirect.com/science/article/pii/S0165168421003546
https://www.sciencedirect.com/science/article/pii/S0165168421003546
https://doi.org/https://doi.org/10.1016/j.neunet.2021.03.037
https://doi.org/https://doi.org/10.1016/j.neunet.2021.03.037
https://www.sciencedirect.com/science/article/pii/S0893608021001258
https://www.sciencedirect.com/science/article/pii/S0893608021001258
https://doi.org/10.1109/ICICT54344.2022.9850807
https://doi.org/10.1109/ICICT54344.2022.9850807
https://doi.org/10.1109/ICCC51575.2020.9345164
https://doi.org/10.1109/ICCC51575.2020.9345164
https://doi.org/10.3390/app12115300
https://www.mdpi.com/2076-3417/12/11/5300
https://doi.org/10.1109/TASLP.2020.2989582
https://doi.org/10.1109/TASLP.2020.2989582

References 137

[52]

[53]

[54]

[59]

[60]

[61]

P. Nelson and S. Elliot, Active Control of Sound. London: Academic Press Limited,
1992.

S. Kuo and D. Morgan, <Active noise control: A tutorial reviews, Proceedings of
the IEEE, vol. 87, no. 6, pp. 943-973, 1999. por1: 10.1109/5.763310.

R. Corsaro, <Inflatable lightweight low-frequency loudspeakers, The Journal of
the Acoustical Society of America, vol. 110, pp. 2671-2671, Nov. 2001, 1ssN: 0001-
4966. DOI: 10.1121/1.4777127. [Online|. Available: https://doi.org/10.1121/
1.4777127.

J. Han, J. H. Lang, and V. Bulovi¢, «An ultrathin flexible loudspeaker based on
a piezoelectric microdome arrays, [FEE Transactions on Industrial Electronics,
vol. 70, no. 1, pp. 985-994, 2023. por: [10.1109/TIE.2022.3150082.

D. Moreau, B. Cazzolato, A. Zander, and C. Petersen, <A review of virtual sensing
algorithms for active noise controls, Algorithms, vol. 1, pp. 69-99, 2 Dec. 2008,
ISSN: 19994893. DOI: 110.3390/21020069.

J. Buck, S. Jukkert, and D. Sachau, «Performance evaluation of an active head-
rest considering non-stationary broadband disturbances and head movement>, The
Journal of the Acoustical Society of America, vol. 143, pp. 2571-2579, 5 May 2018,
1SSN: 0001-4966. poI: 10.1121/1.5034767.

C. D. Petersen, A. C. Zander, B. S. Cazzolato, and C. H. Hansen, <A moving zone
of quiet for narrowband noise in a one-dimensional duct using virtual sensing>,
The Journal of the Acoustical Society of America, vol. 121, pp. 1459-1470, 3 Mar.
2007, 1ssN: 0001-4966. por: 10.1121/1.2431583.

A. Roure and A. Albarrazin, <The remote microphone technique for active noise
control>, in Proceedings of the INTER-NOISE and NOISE-CON Congress and
Conference, vol. 5, 1999, pp. 1233-1244.

C. Lei, J. Xu, J. Wang, C. Zheng, and X. Li, «Active headrest with robust perfor-
mance against head movement>, Journal of Low Frequency Noise, Vibration and
Active Control, vol. 34, pp. 233-250, 3 Jun. 2015, 1SSN: 1461-3484. DOI: [10.1260/
0263-0923.34.3.233.

M. Ferrer, A. Gonzalez, M. de Diego, and G. Pinero, «Computationally efficient
version of the affine projection algorithm for multichannel active noise controls,
in Processing Workshop Proceedings, 2004 Sensor Array and Multichannel Signal,
2004, pp. 561-565. DOT: [10.1109/SAM. 2004 . 1503011

S. Gaiotto, A. Laudani, G. M. Lozito, and F. R. Fulginei, <A computationally ef-
ficient algorithm for feedforward active noise control systemss, FElectronics, vol. 9,
no. 9, 2020, 1SSN: 2079-9292. DOI: |10.3390/electronics9091504. [Online]. Avail-
able: https://www.mdpi.com/2079-9292/9/9/1504.


https://doi.org/10.1109/5.763310
https://doi.org/10.1121/1.4777127
https://doi.org/10.1121/1.4777127
https://doi.org/10.1121/1.4777127
https://doi.org/10.1109/TIE.2022.3150082
https://doi.org/10.3390/a1020069
https://doi.org/10.1121/1.5034767
https://doi.org/10.1121/1.2431583
https://doi.org/10.1260/0263-0923.34.3.233
https://doi.org/10.1260/0263-0923.34.3.233
https://doi.org/10.1109/SAM.2004.1503011
https://doi.org/10.3390/electronics9091504
https://www.mdpi.com/2079-9292/9/9/1504

138

References

[63]

[64]

[65]

[68]

[69]

W. Chen, Z. Liu, L. Hu, et al.,, <A low-complexity multi-channel active noise
control system using local secondary path estimation and clustered control strategy
for vehicle interior engine noise>, Mech Syst Signal Process, vol. 204, 2023. DOT:
10.1016/j.ymssp.2023.110786.

S. Park and D. Park, <Low-power fpga realization of lightweight active noise can-
cellation with cnn noise classifications, FElectronics, vol. 12, no. 11, 2023, 1SSN:
2079-9292. pDOI: 10.3390/electronics12112511. [Online|. Available: https://
www.mdpi.com/2079-9292/12/11/2511

A. Leva and L. Piroddi, <Fpga-based implementation of high-speed active noise
and vibration controllerss, Control Engineering Practice, vol. 19, no. 8, pp. 798-
808, 2011, 1SSN: 0967-0661. DOI: https://doi.org/10.1016/j . conengprac.
2011.04.006. [Online|. Available: https://www.sciencedirect.com/science/
article/pii/S0967066111000724.

D. Mylonas, A. Erspamer, C. Yiakopoulos, and I. Antoniadis, <A low computa-
tional complexity local active noise control system for adjacent aircraft seatss, in
Forum Acusticum Proceedings, Torino, Italy, 2023. DOI: 10.61782/fa.2023.0022.

S. Elliot, P. Nelson, I. Stothers, and C. Boucher, <In-flight experiments on the
active control of propeller-induced cabin noises, Journal of Sound and Vibra-
tion, vol. 140, no. 2, pp. 219-238, 1990, 1SsN: 0022-460X. DOI: https://doi .
org/10.1016 /0022 -460X(90) 90525 - 5. [Online|. Available: https : //www .
sciencedirect.com/science/article/pii/0022460X90905255.

S. ELLIOTT, <9 - optimisation of transducer location>, in Signal Processing for
Active Control, ser. Signal Processing and its Applications, S. ELLIOTT, Ed.,
London: Academic Press, 2001, pp. 411-438, 1SBN: 978-0-12-237085-4. DOI: https:
//doi.org/10.1016/B978-012237085-4/50011-9. [Online]. Available: https:
//www.sciencedirect.com/science/article/pii/B9780122370854500119.

H. Lissek, R. Boulandet, and R. Fleury, <Electroacoustic absorbers: Bridging the
gap between shunt loudspeakers and active sound absorptions, The Journal of
the Acoustical Society of America, vol. 129, no. 5, pp. 2968-2978, May 2011, I1SSN:
0001-4966. DO1: 10.1121/1.3569707. eprint: https://pubs.aip.org/asa/jasa/
article-pdf/129/5/2968/13951213/2968\_1\_online.pdf. [Online|. Available:
https://doi.org/10.1121/1.3569707.

F. M. Heuchel, E. Fernandez-Grande, F. T. Agerkvist, and E. Shabalina, <Active
room compensation for sound reinforcement using sound field separation tech-
niquess>, The Journal of the Acoustical Society of America, vol. 143, pp. 1346—
1354, 3 Mar. 2018, 18sN: 0001-4966. DOI1: [10.1121/1.5024903.


https://doi.org/10.1016/j.ymssp.2023.110786
https://doi.org/10.3390/electronics12112511
https://www.mdpi.com/2079-9292/12/11/2511
https://www.mdpi.com/2079-9292/12/11/2511
https://doi.org/https://doi.org/10.1016/j.conengprac.2011.04.006
https://doi.org/https://doi.org/10.1016/j.conengprac.2011.04.006
https://www.sciencedirect.com/science/article/pii/S0967066111000724
https://www.sciencedirect.com/science/article/pii/S0967066111000724
https://doi.org/10.61782/fa.2023.0022
https://doi.org/https://doi.org/10.1016/0022-460X(90)90525-5
https://doi.org/https://doi.org/10.1016/0022-460X(90)90525-5
https://www.sciencedirect.com/science/article/pii/0022460X90905255
https://www.sciencedirect.com/science/article/pii/0022460X90905255
https://doi.org/https://doi.org/10.1016/B978-012237085-4/50011-9
https://doi.org/https://doi.org/10.1016/B978-012237085-4/50011-9
https://www.sciencedirect.com/science/article/pii/B9780122370854500119
https://www.sciencedirect.com/science/article/pii/B9780122370854500119
https://doi.org/10.1121/1.3569707
https://pubs.aip.org/asa/jasa/article-pdf/129/5/2968/13951213/2968\_1\_online.pdf
https://pubs.aip.org/asa/jasa/article-pdf/129/5/2968/13951213/2968\_1\_online.pdf
https://doi.org/10.1121/1.3569707
https://doi.org/10.1121/1.5024903

References 139

[71]

73]

[74]

[75]

[76]

78]

[79]

[80]

E. Rivet, S. Karkar, and H. Lissek, «Broadband low-frequency electroacoustic ab-
sorbers through hybrid sensor-/shunt-based impedance controls, IEEE Transac-
tions on Control Systems Technology, vol. 25, pp. 63-72, 1 Jan. 2017, 1SSN: 1063-
6536. DOI: 10.1109/TCST.2016.2547981.

S. Adachi and H. Sano, <Application of two-degree-of-freedom type active noise
control using imc to road noise inside automobiles>, in Proceedings of 35th IEEE
Conference on Decision and Control, vol. 3, 1996, 2794-2795 vol.3. DOI:[10.1109/
CDC.1996.573537.

S. M. Kuo, Y.-R. Chen, C.-Y. Chang, and C.-W. Lai, «Development and evaluation
of light-weight active noise cancellation earphoness, Applied Sciences, vol. 8, no. 7,
2018, 1SSN: 2076-3417. DOI: |10 . 3390/ app8071178. [Online|. Available: https :
//www.mdpi.com/2076-3417/8/7/1178.

C. Gong, M. Wu, J. Guo, Z. Zhang, Y. Cao, and J. Yang, «Multichannel narrow-
band active noise control system with a frequency estimator based on dft coeffi-
cients>, Journal of Sound and Vibration, vol. 521, p. 116 660, 2022, 1SSN: 0022-
460X. DOI: https://doi.org/10.1016/j.jsv.2021.116660. [Online|. Available:
https://www.sciencedirect.com/science/article/pii/S0022460X21006726.

J. Su, J. Nie, and S. Chen, <Application of an improved wide-narrow-band hybrid
anc algorithm in a large commercial vehicle cabines, Scientific Reports, vol. 14,
no. 1, p. 10470, 2024. DOT: |10.1038/s41598-024-60979~7. [Online]. Available:
https://doi.org/10.1038/s415698-024-60979-7.

F. Yang, A. Gupta, and S. M. Kuo, «Parallel multi-frequency narrowband ac-
tive noise control systemss, in 2009 IEEFE International Conference on Acoustics,
Speech and Signal Processing, 2009, pp. 253-256. DOI: 10.1109/ICASSP . 2009 .
4959568.

R. Roy and T. Kailath, <Esprit-estimation of signal parameters via rotational
invariance techniquess, IEEFE Transactions on Acoustics, Speech, and Signal Pro-
cessing, vol. 37, no. 7, pp. 984-995, 1989. DOI: 10.1109/29.32276.

S. Johansson, <Active control of propeller-induced noise in aircraft-algorithms and
methods>, Ph.D. dissertation, Blekinge Institute of Technology, Ronneby, Sweden,
2020.

S. Kuo and D. Morgan, <5 - multiple-channel active noise controls, in Active Noise
Control Systems-Algorithms and DSP Implementations, ser. Series in Telecommu-

nications and Signal Processing, New York: Wiley, 1996, pp. 158-167.

S. C. Douglas, <Fast implementations of the filtered-x Ims and Ilms algorithms
for multichannel active noise controls, IEEE Transactions on Speech and Audio
Processing, vol. 7, pp. 454—465, 1999. DOI1: 10.1109/89.771315.


https://doi.org/10.1109/TCST.2016.2547981
https://doi.org/10.1109/CDC.1996.573537
https://doi.org/10.1109/CDC.1996.573537
https://doi.org/10.3390/app8071178
https://www.mdpi.com/2076-3417/8/7/1178
https://www.mdpi.com/2076-3417/8/7/1178
https://doi.org/https://doi.org/10.1016/j.jsv.2021.116660
https://www.sciencedirect.com/science/article/pii/S0022460X21006726
https://doi.org/10.1038/s41598-024-60979-7
https://doi.org/10.1038/s41598-024-60979-7
https://doi.org/10.1109/ICASSP.2009.4959568
https://doi.org/10.1109/ICASSP.2009.4959568
https://doi.org/10.1109/29.32276
https://doi.org/10.1109/89.771315

140

References

[81]

[82]

[38]

D. Shi, W. S. Gan, J. He, and B. Lam, «Practical implementation of multichannel
filtered-x least mean square algorithm based on the multiple-parallel-branch with
folding architecture for large-scale active noise controls, IEEE Transactions on
Very Large Scale Integration (VLSI) Systems, vol. 28, pp. 940-953, 2020. DOLI:
10.1109/TVLSI.2019.2956524.

C. Shi and Y. Kajikawa, <A partial-update minimax algorithm for practical im-
plementation of multi-channel feedforward active noise controls, in 16th Inter-
national Workshop on Acoustic Signal Enhancement (IWAENC), 2018, pp. 1-15.
DOI: 10.1109/IWAENC.2018.8521376.

D. Shi, B. Lam, J. Ji, X. Shen, C. K. Lai, and W. S. Gan, «Computation-efficient
solution for fully-connected active noise control window: Analysis and implemen-
tation of multichannel adjoint least mean square algorithms, Mech Syst and Signal
Process, vol. 199, 2023. DOI: 10.1016/j.ymssp.2023.110444.

C.Y. Ho, L. Liu, K. K. Shyu, S. M. Kuo, and C. Y. Chang, «Time-division multiple
reference approach for multiple-channel active noise control system=, J. Sound Vib,
vol. 495, 2021. DOI1: 10.1016/.

T. Murao, C. Shi, W. S. Gan, and M. Nishimura, «Mixed-error approach for multi-
channel active noise control of open windowss, Applied Acoustics, vol. 127, pp. 305—
315, Dec. 2017, 1ssN: 1872910X. DOI: 10.1016/j.apacoust.2017.06.024.

J. Garcia-Bonito, S. J. Elliott, and C. C. Boucher, <«Generation of zones of quiet
using a virtual microphone arrangements, The Journal of the Acoustical Society
of America, vol. 101, pp. 3498-3516, 6 Jun. 1997, 1ssN: 0001-4966. DOT: [10.1121/
1.418357.

W. Jung, S. J. Elliott, and J. Cheer, «Combining the remote microphone technique
with head-tracking for local active sound controls, The Journal of the Acoustical
Society of America, vol. 142, pp. 298-307, 1 Jul. 2017, 1ssN: 0001-4966. DOTI: 10.
1121/1.4994292.

J. Buck and D. Sachau, <Active headrests with selective delayless subband adap-
tive filters in an aircraft cabins, Mechanical Systems and Signal Processing, vol. 148,
p. 107164, 2021, 1SSN: 0888-3270. DOI: https://doi.org/10.1016/j.ymssp.
2020.107164. [Online]. Available: https://www.sciencedirect.com/science/
article/pii/S0888327020305501.

Z. Zhang, M. Wu, L. Yin, et al., <Robust parallel virtual sensing method for feed-
back active noise control in a headrest>, Mechanical Systems and Signal Processing,
vol. 178, p. 109293, 2022, 1SSN: 0888-3270. DOI: https://doi.org/10.1016/j.
ymssp . 2022 . 109293. [Online|. Available: https://www.sciencedirect . com/
science/article/pii/S0888327022004344.


https://doi.org/10.1109/TVLSI.2019.2956524
https://doi.org/10.1109/IWAENC.2018.8521376
https://doi.org/10.1016/j.ymssp.2023.110444
https://doi.org/10.1016/
https://doi.org/10.1016/j.apacoust.2017.06.024
https://doi.org/10.1121/1.418357
https://doi.org/10.1121/1.418357
https://doi.org/10.1121/1.4994292
https://doi.org/10.1121/1.4994292
https://doi.org/https://doi.org/10.1016/j.ymssp.2020.107164
https://doi.org/https://doi.org/10.1016/j.ymssp.2020.107164
https://www.sciencedirect.com/science/article/pii/S0888327020305501
https://www.sciencedirect.com/science/article/pii/S0888327020305501
https://doi.org/https://doi.org/10.1016/j.ymssp.2022.109293
https://doi.org/https://doi.org/10.1016/j.ymssp.2022.109293
https://www.sciencedirect.com/science/article/pii/S0888327022004344
https://www.sciencedirect.com/science/article/pii/S0888327022004344

References 141

[90]

[91]

[95]

[96]

S. K. Behera, D. P. Das, and B. Subudhi, «<Head movement immune active noise
control with head mounted moving microphoness, The Journal of the Acoustical
Society of America, vol. 142, pp. 573-587, 2 Aug. 2017, 1ssN: 0001-4966. DOI:
10.1121/1.4996125.

D. Petersen, A. C. Zander, B. S. Cazzolato, and C. H. Hansen, «Optimal virtual
sensing for active noise control in a rigid-walled acoustic duct>, The Journal of
the Acoustical Society of America, vol. 118, pp. 3086-3093, 5 Nov. 2005, ISSN:
0001-4966. pOI: 10.1121/1.2047127.

C. D. Kestell, B. S. Cazzolato, and C. H. Hansen, <Active noise control in a
free field with virtual sensorss, The Journal of the Acoustical Society of America,
vol. 109, pp. 232-243, 1 Jan. 2001, 1SSN: 0001-4966. DOI: 10.1121/1.1326950.

B. Cazzolato, <Sensing systems for active control of sound transmission into cavi-

ties>, Ph.D. dissertation, Department of Mechanical Engineering, The University

of Adelaide, 1999.

B. Treeby, B. Cox, and J. Jaros, K-wave user manual version 1.1, Accessed: 2024-
06-08, 2016. [Online]. Available: http://www.k-wave.org/manual/k-wave_user_
manual_1.1.pdf.

N. V. George and G. Panda, <«Advances in active noise control: A survey, with
emphasis on recent nonlinear techniquess, Signal Processing, vol. 93, pp. 363377,
2 Feb. 2013, 1ssN: 01651684. DO1: 10.1016/j.sigpro.2012.08.013.

M. Costa, J. Bermudez, and N. Bershad, <Stochastic analysis of the filtered-x
Ims algorithm in systems with nonlinear secondary pathss, IEEE Transactions on
Signal Processing, vol. 50, no. 6, pp. 1327-1342, 2002. por: 10.1109/TSP.2002.
1003058.

A. C. Sicuranza, <Nonlinear multichannel active noise controls, in Advances in
Nonlinear Signal and Image Processing, S. Marshall and G. Sicuranza, Eds., Hin-
dawi Publishing Corporation, 2006, pp. 169-203.

T. Matsuura, T. Hiei, H. Itoh, and K. Torikoshi, <Active noise control by using
prediction of time series data with a neural networks, in Proceedings of IEEE
International Conference on Systems, Man, and Cybernetics, vol. 3, 1995, pp. 2070—
2075.

S. K. Behera, D. P. Das, and B. Subudhi, «Functional link artificial neural network
applied to active noise control of a mixture of tonal and chaotic noise>, Applied
Soft Computing Journal, vol. 23, pp. 51-60, 2014, 1SSN: 15684946. DOI: 10.1016/
j.asoc.2014.06.007.


https://doi.org/10.1121/1.4996125
https://doi.org/10.1121/1.2047127
https://doi.org/10.1121/1.1326950
http://www.k-wave.org/manual/k-wave_user_manual_1.1.pdf
http://www.k-wave.org/manual/k-wave_user_manual_1.1.pdf
https://doi.org/10.1016/j.sigpro.2012.08.013
https://doi.org/10.1109/TSP.2002.1003058
https://doi.org/10.1109/TSP.2002.1003058
https://doi.org/10.1016/j.asoc.2014.06.007
https://doi.org/10.1016/j.asoc.2014.06.007

142

References

[100]

[101]

[102]

[103]

104]

[105]

[106]

107]

R. Walia and S. Ghosh, «Design of active noise control system using hybrid func-
tional link artificial neural network and finite impulse response filterss, Neural
Computing and Applications, vol. 32, no. 7, pp. 2257-2266, Apr. 2020, 1SSN: 1433-
3058. DOI: 10.1007/s00521-018-3697-5. [Online|. Available: https://doi.org/
10.1007/s00521-018-3697-5.

K.-L. Yin, Y.-F. Pu, and L. Lu, «Hermite functional link artificial-neural-network-
assisted adaptive algorithms for iov nonlinear active noise controls>, IEEFE Internet
of Things Journal, vol. 7, no. 9, pp. 8372-8383, 2020. DOI: 10.1109/JI0T.2020.
2989761.

B. Chen, S. Yu, Y. Yu, and R. Guo, «<Nonlinear active noise control system based on
correlated emd and chebyshev filter>, Mechanical Systems and Signal Processing,
vol. 130, pp. 74-86, 2019, 1sSN: 0888-3270. DOI: https://doi.org/10.1016/j.
ymssp . 2019 . 04 . 059. [Online]. Available: https://www.sciencedirect . com/
science/article/pii/S0888327019302961.

D. P. Das, D. J. Moreau, and B. S. Cazzolato, <A nonlinear active noise control
algorithm for virtual microphones controlling chaotic noise>, The Journal of the
Acoustical Society of America, vol. 132, pp. 779-788, 2 Aug. 2012, 1ssN: 0001-4966.
DOI: 110.1121/1.4731227.

D. P. Das, D. J. Moreau, and B. S. Cazzolato, «<Nonlinear active noise control for
headrest using virtual microphone controls, Control Engineering Practice, vol. 21,
pp. 544-555, 4 Apr. 2013, 1sSSN: 09670661. DOT: 10.1016/ j . conengprac .2012.
11.007.

Y.-H. Pao and Y. Takefuji, «Functional-link net computing: Theory, system ar-
chitecture, and functionalities>, Computer, vol. 25, no. 5, pp. 76-79, 1992. DOI:
10.1109/2.144401.

L. Luo, Z. Bai, W. Zhu, and J. Sun, «<Improved functional link artificial neural net-
work filters for nonlinear active noise controls, Applied Acoustics, vol. 135, pp. 111—
123, 2018, 18sN: 0003-682X. DOI: https://doi.org/10.1016/j . apacoust .
2018.01.021. [Online|. Available: https://www.sciencedirect.com/science/
article/pii/S0003682X17306242.

J. Ren, Q. Song, X. Wang, and X. Yang, <Chebyshev functional link neural network
integrating fir filter architecture for power amplifier linearization>, in 2022 IEEFE
International Conference on Consumer Electronics (ICCE), 2022, pp. 1-5. DOI:
10.1109/ICCE53296.2022.9730573.


https://doi.org/10.1007/s00521-018-3697-5
https://doi.org/10.1007/s00521-018-3697-5
https://doi.org/10.1007/s00521-018-3697-5
https://doi.org/10.1109/JIOT.2020.2989761
https://doi.org/10.1109/JIOT.2020.2989761
https://doi.org/https://doi.org/10.1016/j.ymssp.2019.04.059
https://doi.org/https://doi.org/10.1016/j.ymssp.2019.04.059
https://www.sciencedirect.com/science/article/pii/S0888327019302961
https://www.sciencedirect.com/science/article/pii/S0888327019302961
https://doi.org/10.1121/1.4731227
https://doi.org/10.1016/j.conengprac.2012.11.007
https://doi.org/10.1016/j.conengprac.2012.11.007
https://doi.org/10.1109/2.144401
https://doi.org/https://doi.org/10.1016/j.apacoust.2018.01.021
https://doi.org/https://doi.org/10.1016/j.apacoust.2018.01.021
https://www.sciencedirect.com/science/article/pii/S0003682X17306242
https://www.sciencedirect.com/science/article/pii/S0003682X17306242
https://doi.org/10.1109/ICCE53296.2022.9730573

References 143

[108]

[109]

[110]

[111]

[112]

[113]

[114]

[115]

[116]

F. G. Lasaki, H. Ebrahimi, and M. Ilie, <A novel lagrange functional link neural
network for solving variable-order fractional time-varying delay differential equa-
tions: A comparison with multilayer perceptron neural networkss, Soft Computing,
vol. 27, no. 17, pp. 12595-12 608, 2023, 1SSN: 1433-7479. DOI: 10.1007/s00500-
023-08494-1. [Online]. Available: https://doi.org/10.1007/s00500- 023~
08494-1.

D. M. Sahoo and S. Chakraverty, <Functional link neural network approach to
solve structural system identification problemss, Neural Computing and Applica-
tions, vol. 30, no. 11, pp. 3327-3338, 2018, 1SSN: 1433-3058. DOI1: 10.1007 /500521~
017-2907-%. [Online|. Available: https://doi.org/10.1007/s00521-017-2907~

X.

V. Patel, V. Gandhi, S. Heda, and N. V. George, <Design of adaptive exponential
functional link network-based nonlinear filterss>, IEFEE Transactions on Circuits
and Systems I: Regular Papers, vol. 63, no. 9, pp. 1434-1442, 2016. por: 10.1109/
TCSI.2016.2572091.

P. P. Das, R. Bisoi, and P. Dash, <Time series forecasting using fuzzy functional
link neural network trained by improved second order levenberg-marquardt algo-
rithms, in 2015 IEEE Power, Communication and Information Technology Con-
ference (PCITC), 2015, pp. 827-833. DOI: 10.1109/PCITC.2015.7438110.

D. P. Das, S. R. Mohapatra, A. Routray, and T. K. Basu, <Filtered-s Ims algorithm
for multichannel active control of nonlinear noise processess>, IEEFE Transactions
on Audio, Speech and Language Processing, vol. 14, pp. 1875-1880, 5 Sep. 2006,
ISSN: 15587916. DOT: [10.1109/TSA.2005.858543.

<Path identification for active noise control (piano), horizon 2020>. (2023), [On-

line]. Available: https://piano-project.eu/scope/.

L. Luo and W. Zhu, <Fast-convergence hybrid functional link artificial neural net-
work for active noise control with a mixture of tonal and chaotic noise>, Digital
Signal Processing: A Review Journal, vol. 106, Nov. 2020, 1SSN: 10512004. DOTI:
10.1016/j.dsp.2020.102846.

G. L. Sicuranza and A. Carini, «On the bibo stability condition of adaptive recur-
sive flann filters with application to nonlinear active noise control>, IEEE Trans-
actions on Audio, Speech and Language Processing, vol. 20, pp. 234-245, 1 2012,
ISSN: 15587916. DOI: [10.1109/TASL.2011.2159788.

A. BenSaida, <A practical test for noisy chaotic dynamicss, SoftwareX, vol. 3-4,
pp. 1-5, 2015, 1SSN: 2352-7110. DOL: https://doi.org/10.1016/j.softx.
2015.08.002. [Online|. Available: https://www.sciencedirect.com/science/
article/pii/S2352711015000096.


https://doi.org/10.1007/s00500-023-08494-1
https://doi.org/10.1007/s00500-023-08494-1
https://doi.org/10.1007/s00500-023-08494-1
https://doi.org/10.1007/s00500-023-08494-1
https://doi.org/10.1007/s00521-017-2907-x
https://doi.org/10.1007/s00521-017-2907-x
https://doi.org/10.1007/s00521-017-2907-x
https://doi.org/10.1007/s00521-017-2907-x
https://doi.org/10.1109/TCSI.2016.2572091
https://doi.org/10.1109/TCSI.2016.2572091
https://doi.org/10.1109/PCITC.2015.7438110
https://doi.org/10.1109/TSA.2005.858543
https://piano-project.eu/scope/
https://doi.org/10.1016/j.dsp.2020.102846
https://doi.org/10.1109/TASL.2011.2159788
https://doi.org/https://doi.org/10.1016/j.softx.2015.08.002
https://doi.org/https://doi.org/10.1016/j.softx.2015.08.002
https://www.sciencedirect.com/science/article/pii/S2352711015000096
https://www.sciencedirect.com/science/article/pii/S2352711015000096

144

References

[117)

[118]

[119]

[120]

[121]

[122]

[123]

[124]

[125]

[126]

[127]

F. Félix, M. de Castro Magalhaes, and G. de Souza Papini, <An improved anc
algorithm for the attenuation of industrial fan noise>, Journal of Vibration Engi-
neering and Technologies, 2020. DOT: |10.1007/s42417-020-00225-2.

F. Fahroo and M. A. Demetriou, «Optimal actuator/sensor location for active
noise regulator and tracking control problemss, Journal of Computational and
Applied Mathematics, vol. 114, no. 1, pp. 137-158, 2000, 1SSN: 0377-0427. DOI:
https://doi.org/10.1016/30377 - 0427(99) 00293 -9. [Online]. Available:
https://www.sciencedirect.com/science/article/pii/S0377042799002939.

G. Charalampopoulos, S. Mouzakitis, and C. Provatidis, «Gradient optimisation
methods for the positioning of active noise control actuators in enclosuress, Inter-
national Journal of Acoustics and Vibrations, vol. 9, pp. 163-174, Dec. 2004. DOTI:
10.20855/ijav.2004.9.4165.

S. Mouzakitis, «Simulation of noise attenuation systemss, Ph.D. dissertation, Na-
tional Technical University of Athens, 2006. DOI: |10.12681/eadd/17022. [Online].
Available: http://hdl.handle.net/10442/hedi/17022.

C. Provatidis, S. Mouzakitis, and G. Charalampopoulos, «Optimum positioning of
active noise control sensors and actuators in enclosures with significant damping

propertiess>, Acta Acustica united with Acustica, vol. 91, pp. 846-859, Sep. 2005.

C. G. Provatidis, S. T. Mouzakitis, and G. Charalampopoulos, <Simulation of
active noise control in enclosures using direct sound field predictions, Journal of
Computational Acoustics, vol. 17, pp. 83-107, 2009. DOI:/10.1142/50218396X09003859.

R. Boulandet, M. Michau, P. Micheau, and A. Berry, <Aircraft panel with sensor-
less active sound power reduction capabilities through virtual mechanical impedances>,
Journal of Sound and Vibration, vol. 361, pp. 2-19, Jan. 2016, 1SSN: 0022460X. DOI:
10.1016/7 . sv.2015.09.042.

X. Ma, Y. Lu, and F. Wang, <Active structural acoustic control of helicopter
interior multifrequency noise using input-output-based hybrid controls, Journal
of Sound and Vibration, vol. 405, pp. 187-207, Sep. 2017, 1sSN: 0022460X. DOTI:
10.1016/j.jsv.2017.05.051,

O. Lacour, M. Galland, and D. Thenail, <Preliminary experiments on noise reduc-
tion in cavities using active impedance changess, Journal of Sound and Vibration,
vol. 230, pp. 69-99, 1 Feb. 2000, 1sSN: 0022460X. DOI: 10.1006/jsvi.1999.2614.

J.-B. Dupont and M.-A. Galland, <Active absorption to reduce the noise trans-
mitted out of an enclosures, Applied Acoustics, vol. 70, pp. 142-152, 1 Jan. 2009,
1SSN: 0003682X. DOI: |10.1016/j.apacoust.2007.12.008.

F. Fahy, Sound Intensity. CRC Press, 2017, 1SBN: 9781135822026. [Online]. Avail-
able: https://books.google.gr/books?id=HSSpDwAAQBAJ.


https://doi.org/10.1007/s42417-020-00225-2
https://doi.org/https://doi.org/10.1016/S0377-0427(99)00293-9
https://www.sciencedirect.com/science/article/pii/S0377042799002939
https://doi.org/10.20855/ijav.2004.9.4165
https://doi.org/10.12681/eadd/17022
http://hdl.handle.net/10442/hedi/17022
https://doi.org/10.1142/S0218396X09003859
https://doi.org/10.1016/j.jsv.2015.09.042
https://doi.org/10.1016/j.jsv.2017.05.051
https://doi.org/10.1006/jsvi.1999.2614
https://doi.org/10.1016/j.apacoust.2007.12.008
https://books.google.gr/books?id=HSSpDwAAQBAJ

References 145

[128]

[129]

[130]

[131]

[132]

[133]

[134]

[135]

[136]

[137]

F. Orduna-Bustamante and P. A. Nelson, «An adaptive controller for the active
absorption of sounds, The Journal of the Acoustical Society of America, vol. 91,
pp. 2740-2747, 5 May 1992, 1sSN: 0001-4966. DOI: 10.1121/1.403779.

H. Zhu, R. Rajamani, and K. A. Stelson, <Active control of acoustic reflection,
absorption, and transmission using thin panel speakers>, The Journal of the Acous-
tical Society of America, vol. 113, pp. 852-870, 2 Feb. 2003, 1sSN: 0001-4966. DOTI:
10.1121/1.1534834.

H. Iwamoto, N. Tanaka, and A. Sanada, <Noise reduction in a rectangular enclo-
sure using active wave controls, Journal of Environment and Engineering, vol. 6,
pp- 107-118, 1 2011, 18SN: 1880-988X. DOI: |10.1299/jee.6.107.

H. Iwamoto, N. Tanaka, and A. Sanada, «Wave-filter-based approach for gener-
ation of a quiet space in a rectangular cavitys, Mechanical Systems and Signal
Processing, vol. 100, pp. 570-587, Feb. 2018, 1SSN: 08883270. DOI: 10.1016/ 7 .
ymssp.2017.07.050.

A. O. Santillan, C. S. Pedersen, and M. Lydolf, «<Experimental implementation of a
low-frequency global sound equalization method based on free field propagations,
Applied Acoustics, vol. 68, no. 10, pp. 1063-1085, 2007, 1ssN: 0003-682X. DOI:
https://doi.org/10.1016/j.apacoust.2006.05.010.

F. Jacobsen and H.-E. Bree, <A comparison of two different sound intensity mea-
surement principless, Journal of The Acoustical Society of America - J ACOUST
SOC AMER, vol. 118, Sep. 2005. po1: [10.1121/1.1984860.

Pham Vu, Thach and Lissek, Hervé, <Low frequency sound field reconstruction in a
non-rectangular room using a small number of microphoness, Acta Acust., vol. 4,
no. 2, p. 5, 2020. por: 10 . 1051/ aacus/2020006. [Online]. Available: https :
//doi.org/10.1051/aacus/2020006.

M. Norambuena, <Active control of sound absorptions, Ph.D. dissertation, Berlin
Institute of Technology, 2012.

A. Pierce, Acoustics: An Introduction to Its Physical Principles and Applications.
Springer, 2019, 1SBN: 978-3-030-11214-1. DOIL: https://doi.org/10.1007/978-
3-030-11214-1.

S. A. Bagherzadeh and M. Salehi, «Assessment of cabin noise contributing factors
of a turbo-propeller airplane using emd and ssa signal decomposition methods>,
Applied Acoustics, vol. 178, p. 108 020, 2021, 1ssN: 0003-682X. DOI: https://doi.
org/10.1016/j . apacoust . 2021 . 108020, [Online]. Available: https: //www .
sciencedirect.com/science/article/pii/S0003682X21001134.


https://doi.org/10.1121/1.403779
https://doi.org/10.1121/1.1534834
https://doi.org/10.1299/jee.6.107
https://doi.org/10.1016/j.ymssp.2017.07.050
https://doi.org/10.1016/j.ymssp.2017.07.050
https://doi.org/https://doi.org/10.1016/j.apacoust.2006.05.010
https://doi.org/10.1121/1.1984860
https://doi.org/10.1051/aacus/2020006
https://doi.org/10.1051/aacus/2020006
https://doi.org/10.1051/aacus/2020006
https://doi.org/https://doi.org/10.1007/978-3-030-11214-1
https://doi.org/https://doi.org/10.1007/978-3-030-11214-1
https://doi.org/https://doi.org/10.1016/j.apacoust.2021.108020
https://doi.org/https://doi.org/10.1016/j.apacoust.2021.108020
https://www.sciencedirect.com/science/article/pii/S0003682X21001134
https://www.sciencedirect.com/science/article/pii/S0003682X21001134

146

References

138

[139)]

[140]

141]

[142]

[143)]

144]

[145]

[146]

[147)

148

B. E. Treeby and B. T. Cox, <K-wave: Matlab toolbox for the simulation and
reconstruction of photoacoustic wave-fieldss, Journal of Biomedical Optics, vol. 15,
no. 2, p. 021314, 2010. por: 10.1117/1.3360308.

B. E. Treeby, J. Jaros, A. P. Rendell, and B. T. Cox, «Modeling nonlinear ul-
trasound propagation in heterogeneous media with power law absorption using a
k-space pseudospectral method>, Journal of the Acoustical Society of America,
vol. 131, no. 6, pp. 43244336, 2012. por: [10.1121/1.4712021.

N. Atalla and F. Sgard, Finite Element and Boundary Methods in Structural Acous-
tics and Vibration. Boca Raton, Florida: CRC Press, 2015, 1SBN: 9781138749177.

M. Petyt, <Finite element techniques for acousticss, in Theoretical Acoustics and
Numerical Techniques, P. Filippi, Ed. Vienna: Springer Vienna, 1983, pp. 51-103,
ISBN: 978-3-7091-4340-7. DOIL: 10.1007/978-3-7091-4340-7_2. [Online|. Avail-
able: https://doi.org/10.1007/978-3-7091-4340-7_2.

COMSOL vr 5.5, COMSOL Miltiphysics Reference Manual, Accessed: 2024-06-10,
2020. [Online]. Available: https://doc . comsol.com/5.5/doc/com. comsol.
help.comsol/COMSOL_ReferenceManual . pdf.

COMSOL vr 5.5, LiveLink for MATLAB User’s Guide, Accessed: 2024-06-10, 2020.
[Online]. Available: https://doc . comsol.com/5.4/doc/com. comsol .help.
llmatlab/LiveLinkForMATLABUsersGuide.pdf.

J. Smardzewski, T. Kamisinski, D. Dziurka, et al., «Sound absorption of wood-
based materials>, Holzforschung, vol. 69, no. 4, pp. 431-439, 2015. DOI: doi :
10.1515/hf-2014-0114. [Online]. Available: https://doi.org/10.1515/hf-
2014-0114.

M. Misol, <Experiment on noise reduction aircraft with active sidewall panels.>,
in Proc. 25th International Congress on Sound and Vibration, Hiroshima, Japan,
Jan. 2018.

N. Instruments, Crio-9030 specifications, Accessed: 2024-06-12, 2024. [Online].
Available: https://www.ni.com/docs/en-US/bundle/crio-9030- specs/
page/specs.htmll

N. Instruments, Ni-9220 getting started guide, Accessed: 2024-06-12, 2024. [Online].
Available: https://www.ni.com/docs/en-US/bundle/ni-9220-getting-

started/page/overview.html.

N. Instruments, Ni-926/ getting started guide, Accessed: 2024-06-12, 2024. [Online].
Available: https://www.ni.com/docs/en-US/bundle/ni-9264-getting-

started/page/overview.html.


https://doi.org/10.1117/1.3360308
https://doi.org/10.1121/1.4712021
https://doi.org/10.1007/978-3-7091-4340-7_2
https://doi.org/10.1007/978-3-7091-4340-7_2
https://doc.comsol.com/5.5/doc/com.comsol.help.comsol/COMSOL_ReferenceManual.pdf
https://doc.comsol.com/5.5/doc/com.comsol.help.comsol/COMSOL_ReferenceManual.pdf
https://doc.comsol.com/5.4/doc/com.comsol.help.llmatlab/LiveLinkForMATLABUsersGuide.pdf
https://doc.comsol.com/5.4/doc/com.comsol.help.llmatlab/LiveLinkForMATLABUsersGuide.pdf
https://doi.org/doi:10.1515/hf-2014-0114
https://doi.org/doi:10.1515/hf-2014-0114
https://doi.org/10.1515/hf-2014-0114
https://doi.org/10.1515/hf-2014-0114
https://www.ni.com/docs/en-US/bundle/crio-9030-specs/page/specs.html
https://www.ni.com/docs/en-US/bundle/crio-9030-specs/page/specs.html
https://www.ni.com/docs/en-US/bundle/ni-9220-getting-started/page/overview.html
https://www.ni.com/docs/en-US/bundle/ni-9220-getting-started/page/overview.html
https://www.ni.com/docs/en-US/bundle/ni-9264-getting-started/page/overview.html
https://www.ni.com/docs/en-US/bundle/ni-9264-getting-started/page/overview.html

References 147

[149]

[150]

Matthias Geier, Python-sounddevice, https : / / github . com / spatialaudio /
python-sounddevice/, Accessed: 2024-06-13, 2024.

[. Dimino, C. Colangeli, J. Cuenca, P. Vitiello, and M. Barbarino, <Active noise
control for aircraft cabin seatss>, Applied Sciences, vol. 12, no. 11, 2022, 1SSN: 2076-
3417. DOL: 10.3390/app12115610. [Online|. Available: https://www.mdpi. com/
2076-3417/12/11/5610.


https://github.com/spatialaudio/python-sounddevice/
https://github.com/spatialaudio/python-sounddevice/
https://doi.org/10.3390/app12115610
https://www.mdpi.com/2076-3417/12/11/5610
https://www.mdpi.com/2076-3417/12/11/5610

Extevnc meplindn




Yvothuato Tomxod xouw OAwoU
Evepyntixob EAgyyouv Boplfiou oe
Oyruota

1. Ewcaywyn

O Evepynuxéc Eleyyoc Ooplfou (EEO) nepthopufdver pa oudda teyvixwy mou yenot-
HOTOLOUVTAL YLOL TOV UETELIOUO TNG oXouoTixNg Tieong xou oe avtieon ue Ti¢ modnTinég
ouufBatixéc pedddoug, OE YENOYOTOOVY PUOXE EUTODLN Yia TOV GXoT6 auTto. Avtiveta,
Baotlovtar o1 SNULoUEYid AXOUCTIXDY XUUATLY TOU €YOLY KOS ATOTEAECHA TNY oX0EWoN 1
TNV ATOPEOPNON TV AVETLIVUNTWY 0XOUC TIXWY dlatapayoy. 'Etol, utopolue va ywploouue
Tic pevodoug EEO o autéc mou PaciCoviar oty axdpwon Yopdfou xou o autég mou Po-
otlovton otV anoppdnor Tou oxoucTixol xouatoc. H évvola tng evepyntinic oxdpwong
YopUBou Blatuneinxe Y TpdTn @opd and tov Paul Lueg [1] otic opyéc tou 1933. Booile-
TOL OTNV oEYY| TNG XATAC TEOPIXNG CUUBOAAG BUO XUUETWY, GOUPWVA UE TNV OTtola TO TAYTOS
eVOC axouo TIXoU xUpatog uropel vo undeviotel av ouvavtniel ye va xOua (Blov TAdToug
xou avtidetne @done. Hopdha autd, Teyvohoyxol Teplopiouol 6ev emétoedoy yior TOAD xapd
v evpeio egapuoyn Tou EEO o npaypatixée ouvivixe 2], uéypet mou ot Olson xou May
Tpotevay TNV Wéa Tou Evepynuixod Anoppognti fyou [3], tou n apyn hertovpyio tou Ba-
otlovtav otnv 1éa Tou Lueg. M axduo onpovtiny avoxdiuvdn oc autéy Tov Touca fove
o tov Widrow pe tnv elooywyn v odyopiduwy LMS [4] xar FXLMS [5] to 1975 xo 10
1981 avtiototya, ot omolol oxdun xon orucpa e€axorouoly vo amoTeholy GNUElD avaPopds

Yo T ouo ThRaTa Evepyntinric Axdpwaong ©oplfou.

YTIg MEPES oG, TOMAG TETOWL CUCTANATY EYOLY EVoUUTWUEl ot eumopxd dlodEotua o-
XOUC TG, EVEM OTO UENOV QaiveTan 6TL TETOL CUC THUOTA Yol EVOWHATWI0OUY GE Ui TotaAla
OUOXEVRY, 0TS Tpoaxépala axpwone YoptBou (6], 7], evepyd mapddupa 8] xou evepyd
pedrypata Yoplfou [9]. And v dhhn mAevpd, ot teyvixéc Evepynuxic Anoppdgnonc Oo-

eVBou (EAG®) éyouv oyeduotel yio vor ahhdlouv v oxovotixy oUvietn avtiotoon ulag

i
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ETLPAVELAS TIPOXEWEVOL Vo eiteuy Vel nyoamopedgnor, 1 omolo urnopel vo 0dnyrfoel o1 pe-
fwon g axoucTrg mieong oe évav xhewoTd Yweo. Lta mhaiolo ouTd, €youv mpoToel
mouxiAeg pédodol yio TNV TeoTOTONoY TNG 0xoLCTIXNC cUVIETNC avTloTaoNG, CUUTERLAA-
Bovouévne g oAhayic TG NAEXTEXAC avTloTAONG TOU UEYOPMYOL TOU Bpo GoV EVERYOS
ATOEEOPNTAC N TNG AAAXYHC TOU GUVTEAEC TY| ATOPEOPNONG UE UTOAOYLOUO X0l EAYLO TOTOLN-
O™ TNG AVOXAWUEVNG CUVIC TWOUS EVOS NYTTIXOU XOPATOC UTPOG T amd 1o Yeydpwvo. Tehog,
untdipyet o xorTnyopla uedddwy yvwotdv e Evepyntxdc Eleyyoc Aovicewv (EEA), ol
omoleg oToYEOLY O UElWOT TN UXOVOTIXNS TeoNC UECK TNG UElWONE TWY DOV CEWY TToU
METOBIBOVTOL BLUUECOU TWV BOUXGY GTOLYEIWY.

M xatnyoplo egapuoy®y tTwv cuotnudtoy EEO éyouv va xdvouv pe 1t uelwon tng
oXOVCTIXTG TECTG O XOUTIVES O NUATWY, avTiueTnTiovtag Ta VPNAS enineda YopBou mou
TEOEPYOVTOL OO TOV XIVNTARO XoU TNY AAANAETIDEAOT) UE T oTOLYEld TOL TERUBEANOVTOC, OTIKC
Tov agpar xou to xOuata [24], [150]. O mopadosctoxée mointixée uédodol dmwe 1 wovwaorn Ue
NY0UTOEEOPNTIXG LAY €lvor ALYOTEQO AUMOTEASOUATIXEC O YOUUNAEG CUYVOTNTES [16], woc
xou TEPLAAUPBAvouV Blatdlelc Ue UeYdho méyog xou Bdpoc mou €pyovion ot avtideon ue tnv
tdomn pelwong tou Bdpoug xatd TV XATUAOXELY| Oy NUdTWY. AUTH 1 TEOXANCT EYEL 0ONYNOEL
0€ UEYOAUTEQO eVOLapépoy Yo To cuothpata EEO, to omola otoyebouv otov uetplooud
Tou YopUfou, ehayloTOTOLOVTNG TAUTOYEOVA To [Bdpoc o To x6cTo¢ Tou oyfuatoc. H
ueiewon Tou Bdpoug dAAKMGTE elvor THUTOYEOVOL ULdl CTUXVTIXT TORAUETEOS Yior TN Blounyavio
AEPOOHAPWY 0PoU CUVTEAEL 0T Pelwon TNg xaTavaAwong xauaiuou xal cuvaxolovdo Twv
exmounoVv agpiwyv Tou Yepuoxnmiou.

YUVETKS, 1) Topoloa didoxTopt| Slate3r eoTidlel o cuoThuata EEO oc xauniveg ui-
APV OEPOCHAPMY XL OHAPGY avorpuyhc, Tou €youv YiVEL aVTIXEUEVO TIO TEQLOPLOUEVNC
€peuVaC OE OYEoT UE TIC XOPTIVES TV emBatny®y avtoxvitwy (18], [19]. Etot, Siepeuvdto
1 anoTEAEoPATIXOTNTY TwV EEO oty axlonmon yaunAdouy vy apuovIXGDY Xol YOOTIXMY o
XOUCTIXWY DLATORAY MY, TOU OPEIAOVTOL OTOUG XIVNTARES XU TOUG ENXES TWV OEPOCHAUPHY
XS X OTIC UNYAVES X0 TIC YEVVATELES TwV oxapy avahuyhc. H tapodoo uerétn npo-
Tebvel axdpo xouvotopeg uedodoug yior T UeTaxivnom xat TNV eMExTaoT TV Lwvoy nouyiog
pEoa oTIC xouTiveg, TN BeATiwon TG amddooNg TwY LTUEYOVIWY ahyopliuwy eAEYyOU XaL
emmiéov e0TALEL OTNY TEAXTIXY) VAOTOINCT TV TEOTEWVOUEVGDY CUCTNUATLY, eLeTdlovTag

INTAROTE OO 1) UTOAOYLO TIXT| TOAUTAOXOTNTA X0 1) EYXUTAG TAUCT) OE UixpoUE Y WEOUC.

2. Koct.vo-coptioc

Yta mhadota Tng Tapovcag BtdaxTopnhg SlaTeBh avamTOy Xy duo VEoL oAyopriuoL EAEY-
you yio cucthuato EEO, ot omolot ectidlouy oty oxdpwor YaUnAOGUY VWY oXOUC TIXMY
OLotapay Y YOpw omd TO TEOCKEPUNO TV VECEWY agp0oXaP®Y xou Tholwy. H ulo pédo-
do¢ eoTdlel oTn yeyéduvon xa Tn Yetoxivnon g {ovng Omou €youlus PEYEAN ueiwon Tou

emnédou YoplPou (Lidvn nouyioc), xovtd ota auTid Tou emPBdTn, eved N dAAN yeNoLUoToLE
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eva U yeauuxd @idteo mou Pacileton o éva veupwmvixd dixtuo FLNN yia va Beitindoet
™V anédoon evog cuoTidatoc EEO. Ko ot 600 mpotewvoueveg pétodor estidlouy otny uU-
AOTLOINGCT| OF TRUYUXTIXES EQUOUOYES XU W EX TOUTOUL LOLUTERT EUQuoT) BlveTal o1 UElwoT)
TNC UTOAOYIC TIXAC TOAUTAOXOTNTAC, HOOTE Vo Elvol BUVATY 1) UAOTOINOT) € €vay ETECERY AT TH
dmnegroncod orjuatoc. Extdc amd tic Suo xavotéues uedod0oug, TopouctdleTal Uiol GUC TNUNTIXN
MEAETN TOU 0XOUCTIXOU TEBIOU TOU BLUUOPPWVETOL HECH OF EVAY XAEICTO YWEO ULXPNG ETL-
QAVELAS, OTAY AEITOLEYOUV TAUTOY POV TOAAG auTOVOoud cucThUaTa. Télog, yia TewTn Qopd
EMLYERELTOL O GUVOALIXOC EAEYYOC TOU axouUC TiXoU Tediou Tou oynuatileton oe Evay XAELOTO
Y®OPO TOU TROGOUOLWVEL XUUTHV AEPOCHAPOUCE, UECE EVERYMVY ATOREOPNTGY 1you. Ot amop-
copnTéc autol elvor €vag GLYBLAOUOS MyYElwY xaL UxEoPOVWY Tou Bacilouv TN Asttoupyia
TOUG OTOV BLOYWELOHO EVOS OXOUGTIXOU XVUNTOS OE TEOCTUTTOV X0 OVOXAWUEVO UEEOC XAl

TOV GUVOXOAOLDO UNBEVIOUO TOU OVOXAWUEVOL.

3. O aAydpriuog FXLMS pixtol ocpdipatog

O mo ouvndopévog alybdpriuog eAeyyou Tou yenoulomoleiton oe cuoThuato EEO moliov
€l0000Y TOAMOY €£60wV elvar 0 cupPotindg mohuxavakxde FxLMS [26]. O ahydprduoc
QUTOC ATOTEAEL ULl TROGUPUOYT| TOL Yoeouuxol alyopiduou LMS cto npdBAnua tny evepyrc
wx0pewong VopUou, cUUTERLAUUBEVOVTUC GTNY AVIAUGT] TO BEUTEQOYEVES NAEXTRO-0XOUCTIXG
uovordtt. ‘Etol o alyoprduoc eAéyyou yiveton euoTadfc ULog xon EE0UBETERHVOVTAL OL TTOAOL
TOL ELOAYEL TO €V AOYW cLoTNUA. Amd exel xou émetta, 1 Aettoupyd Tou akyoplduou autol
Baoiletan otnV elayloTonolnoT ToU aEOIOUATOC TWY TETRUYWVMY TV OTLYULIWY CNUSTDY
O&AUTOS IO CUAREYOVTAL amd M uixpdpwva. 'ETol yia €va ToAUXavoAxd GUCTNUA UE EVX
ofua avaopds xou K nyela, ot cuvteheotéc TOU YRUUUIXO) TEOCUQUOCTIXOU QIATEOU TOU

meoxUmtel and tov oupPatind FXLMS divovton and tny oxdroudr e€lowon:

wir(n+1) = wi(n) — u szm(n)em(n), k=1,2,..., K. (1)

omou pu ebvon 1 ToPdUETEOC oL eneedlel T Toy TNt GUYXALONG XAt T, €lvor To orjua
AVOUPORES PLATEUPLOMEVO UTO EVAL LOVTEAOD TO BEUTEQOYEVOUS UOVOTUTIOV amtd To k MyElo oTo
m uxedponvo o@didoatos. To povtého autd utoloyiletou o€ wa Qdor povielonolnong, Tou
mponyeiton tng Aettovpyiag Tou EEO. Kotd tn @don auth, to xde nyelo avamapdyel Aeuxd
VopuPo mou yenowdomote{ton ooV oYU AVAPORAS, X TO AVTIGTOLYO UXPOPWYO GPIAUNTOS
XOUTAYRAPEL TO O TTOU TEQUOE PECH AT TO BEUTEPOYEVEC povordtt. ‘Eneita, o ahyodpriuog
LMS ypenowonoleltar yia T poviehonolnor Tou Yovorotiol.

LUVETWE, YIoL TOV UTOAOYIOUO TV GUVTEAEGTOY TG e&lowaorng , Yeedletar o uToloyi-
OUOC TNG CUVEMENG AVAUESH GTO GHHOL OVAPORUS Xl TO LOVTEAD TOU avT{GTOLYOU BEVTERO-
yevoug povoratiol. Auth) 1 mpdén eivon Wiontépmwe x0oToBépa amd UTOAOYIOTIXTG GXOTIAC.

Emniéov, To unoloyloTd x66T0¢ auidveton ToAY, 6tay oTo cuo T EEO tepthaufBdvovton
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TOMAGL el xon uxedPova GQIMNIATOC.

Ané v dAn, n mpooéyylon uxTol opdAUaTog TEPLOPIlEl TIC CUVEAEEIS OF W Yl
xordévo amd To Nyela Tou yenowonotolvtal. ‘Etol 1 e&lowon unoloylouol Twy cuVTEAESTMY
TOU TPOGUPUOGTIXOL (ihTeou Tou tpoxUTTeL amd Tov FXLMS uixtol) ogpdipatog diveton amd

v e&iowon 2

wi(n+1) = wi(n) — X'k miz(n)emiz(n), k=1,2,.., K. (2)

omou 1 ebvon xon T 1) TUESUETEOS oL EMNEESLEL TNV Tay UTNTY COYXALONG, T} i EVOL TO
OOt AVaPOEES PLATOUPIOUEVO OO TO UIXTO DEUTEQOYEVEC HOVOTIATL XL €y €Vl TO dpOL-
ouo TV oTiypdwy onudtwy ogdiuatog. Ernlong, to poviédo tou uixtol deutepoyevoUg
novornatiol umohoyileton Omwe xon ot cuuPatiny| exdoyr| Tou FXLMS, ue tn dwgpopd ot

oav ofjuo opdAgatog Aopfdveton Eavd To dipotopa TwY ONUATKY Twv M Uixpo@hvey.

3.1 Ilpoocopowwoeig

[ v a€lordynon tou ahyopituou FXLMS uixtol ogpdiyatoc oe €Qupuoyéc TOTXGY GU-
otnudtwy EEO dievepyinxay TplobldoTates TROCOUOWMOE YONOWOTOWWVTAS TN UéVodo
TEMEQUOUEVLY oToLElwY. Ta éva choTNUa 500 1060wV 600 ££OBWY, 0 €V AOYW ahyoELiog
onuioupyet tapouoteg Lwveg novylag pe Tov oupPatind FXLMS, 1600 w¢ mpog ) peinon tewv
emmEdwWY Yoplfou, 660 xaL (kS TEOG TO GY YUY, OTNY TERITTWOT TOU To IXEOPOVA GPIUAUATOS
HETEOUY OYEBOV (BlEC axouCTXES TECELS, OTWE ameEoVI(eETon 6TO Xy fua . Ye avtivetn
TEPIMTWOT), OTAV Ol AXOVCTIXES TUETELS OLUPEQOLY, 1) UEYLO T MElWOT TNG axouc TXAC TEoTG
TORUTNEELTUL 0TO UECO AVEPESH GTOL BUO UXEOPWVY CPIAUNTOS. Ot ToEaTdVE BLATO TWMOELS
TeoUTOVETOLY TNV ToEaBOoY Y| OTL TO UAXOC XVPATOS TV UXOUC TIXMY DLUTAURUY (DY EVOL CTa-
VTG UEYOAUTEQO OE GYEDT UE TNV AMOCTUOT) AVIUECI OTA IXEOPOVA GQINIAUTOC.

Emnhéov, eletdotnxe éva cloTNUA 3 E1060WV-2 €€60WY, TOU OXOTOS TOU ATAV 1) YE-
fwon Twv emmédwy YopBou unpocTtd and To TEOGKEPUAA BUO BITAAVGY VECEWY XouTivVaC
agpooHdpoLs.  XTny TeplnTwon auth mapatneRinxe 6t ue T yeron tou FXLMS uputo-
U ogdhpatog pmopel va emitevydel o Yelwon Tov emmédwy Yoplfou amd 18 Eng 20 dB
umeootd amd xde Véom, ue o Cwvn novylog apxetd Yeydhn kdote vo xohlder ehappéc
XWVACELS TOU XEQAALOU Tou emBdTy, 6mwe ametxoviCetar 6To Ly . Téhog, mpémel va
OTNUELOOCOUUE OTL 1) OXOUC TLXY) DLUTHUEAYT) TTOU Y ENOULOTOLAUNXE OTIC TPOCOUOLOOELS Xl TWV
0UO CUCTNUATKY ATOTEAOUVTAY OO TEELC UPUOVIXEG CUVIOTMOES TNg ouyvotntag BPF evig
UXE00 0gp0oAdpoUC Tou HEAETHUNNXE oTa TAalota TNE Tapovoa dtateBhc. H ouyvétnta auth
nopouotaloviay ota 24 Hz xon xatd cuVETELR OL dpUOVIXEC CUVICTHOOES BploxovTay 6Ta 72,
96 »or 120 Hz.

Téhog, 600 agopd 6T0 UTOAOYLOTIXG XOGTOC, AUTO EIVAL ONUUVTIXG UEIWHUEVO AQPOU Xou
Yoo T Buo cucTAuaTa Topouével oTic 1501 mpdelc ToAAATAACLIOUOY XoL TROGVECTS Yid

tov FXLMS wixtol o@dhpatog. Avtideta, o ougfatixog FXLMS amantel 2502 xon 3503
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TEAEELC VI To CUOTHUATY 2 EL0OBWVY-2 £O0WV Xt 3 €L06BMV-2 €€60WV avtioTorya, yio xdde

emavaAndm. Ltoug Topandve UToAoYIoUOUS UTOTEDXE 6TL 0 0EIIUOC TWV GUVTEAECTMY TGV

TEOGUPUOCTIXWY QIATEWY elvon 250.

Ly o 1: o) Zovn novylag umpootd améd To duo Nyela evog cuothdatog EEO 2 ei066wv-
2 €€66wv mou ypenowomnotel Tov akyodprduo FXLMS uixtol o@dhuatog, dtav ol axouoTtixnég
TUEGEL OTOL IXEOPOVL GPIALATOC Efvon oyeddv (Biec. ) Ou {idveg nouyioc unpootd amd Tic
Véoeic A xou B tou aepooxdgpoue, 6tav yenoylomoleltal 1o cUoTNUO 3 ELI0OBWY-2 EE68WY.

3.2 Ileipapatinr, afloAoynon

H nepopating a€lohdynomn tou cusTHUATOC 3 €1660wV-2 e€60wV Blevepyinxe 6To opolwua
HoUTVOG AEPOOHAPOUE IOV Elval EYXATECTNUEVO 010 Epyaotriplo Auvauixr xoaw AxovoTixnc
(Ey o Yl Buo dimhavée Véoeic (Eyfua . H ocuvietinr| axovotin datapoyt| on-
HovEYUNXE UEGEK TOU GUVBLUCUOU TELOY NULTOVOELWDWY GUVCTWOMY oTa 72, 96 xou 120 Hz,
xodog xan Asuxol YopUfou yauniol mhdtouc. H mnyrh Yoplfou tomodethinxe oc xovtvi
AmOGTUOT) OO TO OMOIWUA TNG XAUTEVOG ot EVOL XEOPWYO ToU HTay TOTOVETNUEVO OE O-
TOGTAON Sem amd T TYH XUTEYRUPE TO oYjda avapopdc. T T u€Tenom TG axouoTIXHC
mleong Unpootd amd To dvo xodiopota, yenowono|inxay cuvohxd 16 uxpdpwva, Tomtole-
TNUEVYL oE €va TAEYUA TTou xdhunte pa teployh epfadod 30cm ent 25¢m. Xenowonow|dnxe
eTTALOV, 1) YEOUUIXY) TUREUBOAT Yiot TNV EXTIUNOT TV EMTEDMY axouc TixNg ieong ot ornueia
peTagl Tov Yocwy uétpnone. Ko yia ta 600 xadiopoata, n uéylotn eCaciévion tou emimédou
YopiPou emitelydnxe 10cm paxpLd amd Tor xeOPwVo GPIAUNTOS, YEYOVOS TOU CUUTITTEL UE
ToL amoTeEAEoUaTa TN Tpooopoiwong. Tho cuyxexpiuéva 1 elwon tne SPL égptace o 15,5
dB unpoctd and to xdhoua A xou to 13 dB unpootd and to xddoua B. Emniéov, 1 yelwon
TV TAUTOV TWV ETYEQOUS dpUoVIXGY xUUdvInxe and 10 €ng 22 dB umpootd and tn Yéon

A xon ané 4 €wg 20 dB unpootd and tn déon B.
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(o)

Eynuo 2: of) To opoimya xoumivag dgpooxdQous, EYXATECTNUEVO 0TO EpYATTAPLO Auvoyl-
xfc xouw AxousTirc. ﬁ) Alo dumhavég Véoeig 0To opolwua xaumivag aepooxdPous, 6ToU
EQUOUOCTIUE TO CUOTNUA 3 ELOOOWY-2 €OBMV.

4. O aryoerdpog VEM-FxLMS

To ouotuata EEO tng mponyoluevng evotnrag metuyaivouy Tn ueyohltepn pelworn tng
axovoThc Teong, eite Ylpw amd To UxEOPWVOL GQININTOS, ETE GTNY TEPLOYT OVAUECH
Toug. To yeyovog autd unopel vo anotehéoel TEOBANUN OF TEQITTMOELS TOU TA ULXEOQPWVI
0ev pmopolv va tortodeTnioly xovTd 6To auTid ToU ETBATY, AOY W YWEOTUELXDY TEPLOPLOUOV.
Téte ypewdletan wa pédodog mou vo yetaxtvel 0 Ldvn nouylog uaxpud amd To Uixpdewva,
OOTE 1 UEYIOTN Yelwon Twv emnEdwY YopBou Vo ETTUY YAVETOL GTNY TEPLOY T EVOLUPEQOVTOG.
Yy xatevduvon auth, N Topoloa evoTnTa Tapouotdlet wa véa pédodo mou cuvoLAlel Tov
oAyopripo FXxLMS uixtol ogdiyoatog ue wio pédodo mpdliedne tng axovotxic meong o
XOVTWV| AmOOTUON Omd Tol UXpoQeYA 6@dhuatoc, Tou Bacileton ot yédodo TN YeouUXnc
TOEEXTAONG.  LOUPWVYL PE TN YEV0BO auTh, 1 oxxouoTixy| Teorn oo auTd Tou emBTn Yo

YUUNAOGUYVES axouoTIXES Blatapoyéc utohoyileton amd tny ediowon |3 :

epr2(n) — epp1(n)

eor(n) = T+ eppa(n), for x=1,2 (3)
OTIOV €pp1, Epka EVAL TOL OYUAUTO GPAAULATOC omd Tal CEUYT) UIXPOPOVWY TOU Y ENOLLOTOLOUVTOL
YIOU TN YROWUIXY TEEXTAOT), OTwe omewovilovtar oto Xynua 3, a elvor 1 anéoTaon TV
UxEowVLY xdie (ebyoug xon T eivol 1) amOGTACT) OO TO HUXEVO Uxeo@wvo xdie (ebyoug

uéyer T Véom mou emdUKOUUE TNV UeTaxivion g Lovng nouylag.

['a Tov oynuotiousd g e€i0womng UTOROYIOUOU TV CUVTEAEGTWY TOU TROGUQUOCTIXOU (il-

Teou Tou VEM-FXLMS, unoloyilouue 10 exovixd uxtd ogdiuo and tnyv e€lonon Et
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Cv,miz (n) = Z evk<n) =

k=

p21(n)

Q)
—_

ep12(n) + epa(n) — epui(n) —
a

ep2,mix (n> - epl,mix(n)
a

T + €p12(n) + eng(n) =

T + €p2.miz(N)

‘Encita o1 ouvtekeotég unoloyilovtar and tny eiowon [f] Emmiéov, 1o povtého tou deu-
TEPOYEVOUC HovoTaTiol utohoyileton 6w xou otov ahyopriuo FXLMS uixtol ogdipotoc

AoBavovTag OUwe UTOPT ToL OHUATA €p1a, Ep2a.

wi(n+1) =wi(n) — uxX'kmiz(n)epmiz(n), k=1,2.. K. (5)

b i — . 0 p =
% o —
aI. €21 €11 @ Physical
y O 22 G2 @ microphones
X

Virtual
microphones

Eyfuo 3: Kdrodn tou evepyol mpooxégoulou mou amotekeiton and 2 nyela xon 4 Quotxd
HXEOQWVAL, T OTIO{L YENOLLOTOLOVTOL YloL TNV EXTUNCT NG oxouoTixng Teong oe 600
ewovixéc YEoelc.

4.1 Ilpoocopowoeig

Kotd tn didpxeia tne npocouolwong tou VEM-FXLMS otov unoloyioty|, yenotuonouin-
xav dvo apyitextovxés EEO. H npwtn yenowonoinos éva pueydpwvo xan T€6oepa puoxd
UXEOPWVAL (4 eloodor-1 é€odog), evdd 1 0eUTEEY Yenotuomoinoce dV0 UEYAPLVYL XaL TEGOE-
oo puotxd wxpdpwva (4 elocodol-2 €€odot), omwe anexoviletoar ota LyRuota WO .
Emniéov, yenowonomiinxe n Bihoidxn cuvaptrioewy k-Wave tou MATLAB yu tnv mpo-
copoiwon e 8lddoone Tou oxouoTixoL xUuatoc o eheblepo medio. To anoteréouota Tng
Tpocouoiwong €dellay OTL EMTUYYAVETL onpavTixy peiwon tou YoplBou éwe xou 30 dB oe
Lo TTEPLOY T HOELd amd T uOIXY| D€aT TOU UXEOPMVOU GQIAUATOC, 1 omolo e€apTdTal o-

TO TNV TUPAUETPO X TOU Elval 1) AmOCTAOT| TNG EXOVIXAG YEONG Umd TO TUO UTOUAXOUOUEVO
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PUOLXO UXEOPWVO. e aUTO TO ONUEiD TEETEL VoL ONUEWWCOVUE 6TL 6ToV cuufatind FXLMS
eTTLYYAVETOL Topouota pelwon YoplBou ot ula TEpLoy Y| XOVTd 6T QuoLxY| VECT TOU Uixpo-
(PWVOU CPIAUUTOS OTAV YENOWOTOLELTUL TG0 €val VO TNUA 4 €l60BKV-1 €€6B0L 6O xa éva
oloTnua 4 €1660mVv-2 e£60wv. 2oTdc0, 1) eCaciévion Tou YoplBou Be PTAVEL OTA AUTLE TWV

emBaUTOY %01, ENOPEVKS, 1) TaparyOuevn Lwmvn nouylog oe Peioxeton oto emduuntd onueio.

-0.9

control
loudspeakers

-0.85

-0.8

m)

=-0.75

Y axis

-0.7

-0.65

-0.6

-0.8 06 -04 -0.2 0
X axis (m) X axis (m)

(o) ®)

Yyfuo 4: Metaxivion tne Ldvne nouyiog xatd 8cm dtav €youue obotnuo: o) 4 e1668wv-1
e€680u xou 3) 4 e1068wv-2 eZ6BwV.

4.2 Ilewpapatinn aloAoynon

To ev AMoyw cuosTtAuata aglohoyinxay 6To opoinmua xaurivag Tou epyaoTnelou xal ERELTa To
oVotnua EEO 4 e1066wv-1 e€6dou totodetiinxe 010 xatdotpwpo evog oxdgoug avauyhc
TEOXEWEVOU Vo Slomotwiel av umopel vor e€oudeTep®oel To Vopufo Tou opdyeTon amd TIC
NAEXTEOYEVVATRLES. LUVETQC, 1) pédodoc VEM-FXLMS allohoyrdnxe xon oe mporyuatinég
oLvirxec. XNV TMERINTOON TWV EQYACTNPLANWY DOXIUMY, 1) AXOLCTIXTY DLTApOy ) HTOY £V
Tohutovix6 ouvletind ofua pall ye Aeuxd VépuBo mAdtoug 30 dB. ‘Otav to EEO #rtav
amevepyoTotnuévo, To eninedo YopiBou xupouvotay and 80 éwg 85 dB oe xdie éva and mévte
enineda yEtpnong. ‘Otav to clotnua evepyomolfinxe nopatneriinxe yelwon tou emnédou
YopUfou mou xupaiveton amd 17 €wg 24 dB amevdeiog ota avtid tou emPBdrn. Autd To
amotéheoua TeoRhe Ye Tov xadoploud TNE TUPUUETEOU T oTa 32¢m.

Yy meplntwon tng Aettoupyiog 6To XaTdoTeMU TOU oxdpoug avahuyng, Tapatneinxe
TTHON ToU ThdToug e apuovixic ota 52 Hz e tddne tov 25 dB (B, XyAua 5), dtov 1
TopdueTeog T Atav 15em. Emmiéov, o 6yxog tne Ldvng nouylog émou ta enineda YoplfBou
Topouctacay TTwor dvew Twv 10 dB elye daotdoeic 60cm x 45cm x 40cm. Q¢ anotéleoua, 1
Covn novyloac twv 10 dB, xatd tn yerion tou aiyopiduou VEM-FXLMS, enextdinxe and Tic
VECELS TV UXPOPOVLY GQPININTOS £6G xou 45em haxptd amd autd. Emmiéov, xotaypdgnxoy

TOPOUOLEG UETPNOELS Yial Tol ETUTEDN UETENONG TV Xt xTw omd To Uecaio eninedo, ue
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AMOTEAEOUA UG TIEQLOY S ME UElwoT Tou eminédou Yoplfou xatd 10 dB e 0o 40cm xotd

Ufxog Tou dEova z.
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Lyfuor 5: MAuato 0To TEDO TOU YPOVOU X PACUATH GUYVOTHTLY 6Tay To cuotnua EEO
ue Bdon tov VEM-FxXLMS Aettolpynoe 010 xatdotpmpa evOg oxdpous avapuy e ot Teay-
potixée ouvirrec. H amdotoomn petald Tou Uixpopivou CEAMNINTOS XaL TOU UXPOPOVOU
uétenone Yoy 15em.

5. Mn yeauuxode EEO Boaociwouévog os €va FLNN

Y1ic mponyolueveg evotnTeg culnthtnxay yeouuxol akyderduot yia cucthuate EEO xau
00UNxe 1BwitERN TEOCOY Y GTN UEIOT) TNG UTOAOYLOTIXTC TONUTAOXOTNTAS XAl OTY| ONLOUEe-
yiot xou TN HETUTOTOT TWV TEQLOY WY, OTOV ETTUYYAVETAL PElwoT TNS axovoTixrg Tieong o
wavoroinTid Baduod. Qotéco, ol alyopriuol mou Basilovton otov FXLMS elvan eyyevee
Yoouuxol xou cUVATLG EYOLY PELWPEVT] UTOBOCT OTAY YENOUOTOUVTOL YId T MOVIENO-
TolNoT NAEXTEOUXOVUC TIXWY CUCTNUATOY OTOU UTHEYOLY LOYVEES UT| YRUUUIXOTNTES M
OTOY YPNOWOTOUVTOL Ylal TNV TEOBAEDT YPOVOCEIRMY TTOL AMOTEAOVY UELYUOL APUOVIXY ol
YOOTIXWY O TOLYElWY.

Ou un ypopuxotnteg ota ouotuata EEO unopodv va tpoxdpouy amd ta tixpdponva, to
nyeta 1) Toug EVIoYUTES, Tou EUTAEXOVTUL XxUplwe GTO deutepoyevEg povordtl. H mapoucio
CUYVOTAHTWY UE UEYIA TALTH O0TOV TpwToYEVH VOpuUP0 UTopEl axdua Vo TEOXAAECEL XOPEGUO
O€ GUOXEUES YoUNANS Lo 00G, OTWS TOL XPOQPWVIL avapopdc xou opdhuatog. H enidpaon twv
U1 YROUUULXOTHTWY Tou ogeihovTan ot autd To ototyelo et pehetniel oe Bddog otny epyaocio
wwv Costa et al.[96], n onolo delyver 611 1 mapoustior axdun xon PLoc WXEAS U1 YEUUXOTNTAS

UTOpPEL Vo ETNEEAOEL TNV XAVOTNTU UETELICUOU Tou Yoplfou.
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Abon og auto 1o {iTnua Tpoonadoly Vo 6GOCOULY Tal U Y eI TROCUOUOC TiXd QlATEa,
Tot omolar EfVol TO ATMOTEAEOUATIXNG OTNY ATOOPBEST TWV EUPLLWVIXDY UXOUC TIXWY OLOTAPO-
Y@V oL yoeaxTNeiovTon omd TOV GUVOUACUS OQUOVIXMDY XOL YAOTIXY CUVLC TWOKY, Ol OTOLEC
OLoBIBOVTAL UEGE) U1 YRUUUIXWY NAEXTEOUXOUG TIXWY BLUBPOUMY. L€ AUTY| TNV EVOTNTA THROL-
oldleton Evag U yeauuxog akyoderduoc Bactopévog o éva FLNN pe nuitovoeldr enéxtoon
(BA. Eynuo 6), TOU EVOOUATOVEL X0 TIC TEXYVIXES TWV TEONYOUUEVGDY EVOTATWY, 660

apopd o1 YeNoN TOU WXTOV CQIAIUTOS Xl TNG YRUUUXNC TUREXTAOTG.

x(n) ’_4

y1 (n)

—>| sm[nx(n)]
—’| cos[mx(n)]

—>|si11[P7tX(11)]

os[Prx(n)]

W(2P+1)(11)

e(n)

Hmix LM S z
S'(ll) J emix(n)

Lyfuo 6: Mmox udrypappo tou ahyoplduou FLNN mou exvepatever Ty teyvixr Tou ixtou
ofuotog o@dhuatog Yo éva mohuxavaiixd EEO pe K peydpwvo xou M uxpdgpova. To
OLEUPUUEVO GUN AVAPORAS TIOU QPLATEYEETAL OO TO OEUTEREVOV HOVOTIATL IXTOU GPIAUATOG
H i oupPolileton pe s'(n).

5.1 Ilpoocopoiwwoeig

[ v a&lohdynon Tne TeoTewvouevng uedodou, Erafay yweo 1000 TEOGOUOUOCELS GUYXAL-
ong tou ahyoplduou, 600 o OXOUGTIXEC TPOCOUOLMOELS YENOHOTOWWVTAS TN uEY0do Te-
TepaoUEVeLY otoyeiwy. Koataupynyv, otic tpocouolnoelg olyxhorng, 1 anédoorn tou FLNN
0eUTEENC TAENE EETEPVE LT TWV GAAWY ahY0pUwY Xan Yol Tl TEGCERPA GYUTOL TOU Y PTOLLO-
moufjunxay. Tao ouato autd Toy 500 XATUYPAPES TNG AXOUC TIXHAG DLUTARUY IS CTNY XU TivVYL
EVOC UXEOV 0EROCKAPOUS XAVOVTOS GTEOPEIOL, EVaL YAOTXO OTU AOYIGTIXOU TUTIOU XL EVX
uelypa Tovix@v ototyelwy xou Aeuxod Yoplfou. To To yaoTixd orfua hoyioTxo) TiTou, 1|
OLopOpEd HETUED YROUUIXMY XOlL U1) YROUUIXWY CUCTNUGTGVY EVaL TO £VTOVY), UTOOEIXVIOVTOS

ot 1 wévodog mou Pacileton oto FLNN umopel va mpofAénet xohitepa ypovooelpés, dmou
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urdipyouy yaotxd otovyetr (Bh. Lyfua [Ta]). Emmkéov, 1 axovotind npocopoiwon deiie
OTL 1) péYodog NG Yeauuixrg TapéxTaong yio Tr) Yetaxivion tng {ovng nouylog, Asttoupyel
ATOTEAEOUATING, OYL HOVO UETOXIVOVTUS IAAS %ot UEYEVUVOVTOC TNV TEPLOY T UE LXAVOTIONTIXT
TTOOT TV EMTEdWY VopUBou, OIS XATAGEXVIETOL XoL OTO My U . ‘Etot, yio ot ouv-
VeTinr| 0oV TIXY BLUToRoy Y| TOU AMOTEAELTAL OO TEELS APUOVIXES TNG CUYVOTNTOG OLEAELOTS
e éhxag (BPF) oto 48, 72 xou 96 Hz, n uéyiotn e€acdévion tou emnédou YoptfBou ¢prével
o 25 dB (ané nepinou 93 oe 68 dB).

-30

fxlms

-35

-40

ISE (dB)

flnn 1% order

45} )

wo 0s

-50

flnn 224 order b

-55

0 5 10 15
Iterations %10°

(o) ()

Eynuo 7: of) Brvypiodo tetparywvixd o@dhuo tou FxLMS xo tou FLNN npdhtne xon Sedtepne
ENe, 6ty To onuo avapopds elvor yaotixd, Aoylotixol timou. ) Zdvn nouyioc mou
oynuatileton pe tov ouvduaoud tou FLNN xou tny ypouuiny| mopéxtoao.

5.2 Ileipapatinr a&lohoynom

H repopotied] alohAdynom tng ToTEVOUEVTS U Yoo pedodou tepterduBave Tn doxiun
NG Yol TEOYUOTIXG CHUATO TOU XAUTOYRAPNUOY OE XUUTIVES UXOWY EMXOPORMY UEPOCHA-
POV XL AEPOOHAPWY XAVOVTOS GTROPEIOL XAVMOG X0 GE XUUTIVI EMXOTTEQOU Yol GHAPOUG
avauyfc. Oha To TEWOUATIXG TECT €YVOV OTO OUOIWHO XOUTIVAG UEQOOXUPOUS TOU €-
fva eYXATECTNUEVO OTO EPYUCTARLO. LTNY TERITTWOT TNG XATAYPUPHC OO TO UELOCHAPOS
xhivovtog otpogeiou, 1 uédodog mou Bacileton oto FLNN 8eltepne tdéne €deile xahitepn
amodoon and tov FXLMS otig 1/3 oxTdPeg pe xevtpixég cuyvotnteg 53 xou 60 Hz, 6mou
emtuyyavel 3-4 dB peyahOtepn yelwon e nyootddung (ﬁ)\ Ly . H dwpopd auth)
TEOXUTTEL AT T1) UEYOAUTEQT UEICT) OPLOUEVOV UPUOVIXGY XL TOV PETPLAOUO TGV YAOTL-
%WV oo Twony. To mAdtog tng apuovinAc twv 48 Hz yewwinxe xatd 12 dB xou 17 dB
070 0e&l xan To oploTERS auTi avtioTorya 6Tay yenowonotfinxe we ahyopriuog eAEyyou o
FLNN 06e0tepne tééne avtl yw 1 dB otav egapudéotnxe o FxLMS. Emnmiéov, n anddoon
Tou FLNN eivou aveytepn oty mepintwon twv cuyvothitwy ota 163 xaw 280 Hz. H avotepn
anodoor Tou FLNN ogeiletar otny icavoTntd Tou var TpoAETEL YaoTIXES DLUTOpay G Xol VoL
HOVTEAOTIOLEL XOAUTEQY QPUOIXY GUCTHUTA UE UT| YEUUUXOTNTES.

Emunicov, otny meplntewon Tou pxpol eEAXopdeou depooxdpous Tapatneinxe onuavtixy

uelwon tng oxxovotxrg mieong oto @dopa cuyvothtwy and To 60 Ewg ta 140 Hz, xou yio
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Toe 000 onueio YETENong oL avTIoTOLYOUY oTa 000 auTd TV emPatedy. Ou ueyahiTepeg
HELOOELS Tapatnerdnxay oTic cuvioThoeg Twv 62 xaw 124 Hz, ov omoleg Atav 14 xou 17 dB
avtioTolyo yio To 6e&i autl xou 14 xan 15 dB o 1o aplotepd autl. To napandve cuunepdouato
ametxoviCovton 610 My fua . LNy neplntewon Tou eEAMxoTTéQoL, 1) UelwaoT TN NYooTadung
ATOY PEYOAUTERT Yiot TIC UPNAGTERES OPUOVIXES CUVICTWOES, OTWS 1) apUovixry ota 52 Hz,
n omoio moapoucioce eCacdévion 11 dB. Emniéov, n uelwon tou midrtoug frav 14 dB oto
aptotepd autl xou 15 dB oto 6edl autl Tou emfBdtn ota 78 Hz. Emmiéov, ol apuoviréc oo 92
xou 115 Hz mapouvciocay yelworn mhdtoug xotd 19 xon 18 dB oto apiotepd auti xou 16 xon 22
dB o7o 6e&i autl, avtiotoya. Téhog, yia Tov Y6pufo Tou oxdgpoug avaduyhc mapatneiinxe
ueiewon e nyootddung mou xuudvinxe and 14 €nc 16 dB.
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Yy o 8: o) Awapopd TG Moo TAIUNG YLot TIG OLAPORES 1/3 oxtdfec otav To EEO yenoylo-
rotel tov FXLMS (umié) # tov FLNN 8eltepne téne (toptoxahi). B') ®douoa ouyvothtwy
TEWY o UETE TNy evepyoToinon tou FLNN vyl 1o ofua tng xopumivag tou puixeol ehixogpdpou
AEPOTAHAPOUC.

6. AANAMAETiOpaoT TOTUXOY cuoTINATLwY EEO oe ut-
xeoLg Y Wweoug

OL TpomYOUUEVEG EVOTNTEC ETUXEVTPWUNXOAY O UEYLTEXTOVIXES XaL ahyopliuoug cuoTUdTWY
EEO© nou elvar xatdhAniot yio €va evepyd cOGTNUO TROOHEPUAOL GE OY LT, OTWS UXEd
QEQOCHAPT X OXAPT ovapUYAC, Yol TOV HETELIUOUO TWV IXOUCTIXDY BLOToRoy (Y YR omd
T0 xe@dM Tou emPBdtn. H mpocéyyion auth Bacileton oty Tomxy enidpact EexwELOTOV
Lo TNUATWY, xoWS 1 eac¥évion g axoucTixrg Ttleong AaUBAveL yWE EVTOS LG CUYXE-
xpévne Lovng novyloac. Kotd ouvénela, 1 mpooéyyion auty) avoagépeton o¢ Tomxog EEO.
Qo1600, N TLY Al TOTOVETNOT TOAADY TOTUXWY CUOTNUATKY O EVOY ULXPO YWEO, OTKG UL
xopmivor oxdpoug avauyhic 1 EEOOXAPOUS, BEV EYYUTOL TO TPOTO Tou Yo EMNeeaoTel To
YNt edlo oe dhheg Véoelg evidg Tou ywpou, ol omoleg Peloxovton paxpld and tig (OVES
nouylag. Xe auTh TNV EVOTNTO, YENOWOTOUUE TEOGOUOLOOELS Tou Bactlovton otr yédo-

00 TEMEPACPUEVGY G TOLYELWY, XM KoL TELQGUOTA VLol VO DIEGEUVIHCOUNE TNV AAANAETOpUOT
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HETAZ) TOTUX®Y cuoTNudtwy EEO. Yuyxexpyéva, aflohoyolue 8U0 apylTEXTOVIXES: OTNY
TEOTN, xde V€on ddétel Eva anoxieloTind cvotnua EEO, evey otn dedtepn yettovixég

Véoeig popdlovTon £va TOAUXAVOAIXG GUGTNUA, OTKE TEpLypdpnxe oty Evétnta 3.

6.1 Ilpoocopoiwwoeig

Téco Biodidotateg, 600 Xt TEICOWIO TATES TPOCOUOIWOELS EABay Yo Yior TNV a&lohGYNoN
NS Am6O00TE TV TOTXWOY cUGTNUdTwY EEO, 6tav Asttovpyolv tautdypova o €va Yoo
TIOU TPOCOUOLOVEL TNV XOUTVOL EVOC 0EROOHAPOUS HAVOVTOC GTROYEID UE avoLy Td Tor dxpa
OTNV EUNEOC %ot Tiow TAEURd, WOTE Vo Tpocouolwlel To ueydio prxoc. H axouotiny dota-
pary ) mou dnuoveYHunxe otny TAatgodpu Comsol nepthdufave t€ooeplg apuovineg ota 48,
72, 96 xou 119 Hz, mou potdlouv Ue TNV TEoyUoTixr] SLoTapoy ) 6TO ECMHTEPIXO TOU OEQO-
OUBPOUC Xol GOV ahyOErIU0g EAEYYOU ETAEYINXE O U Yeuuuixog alyopriuog tou Bacileton
oto FLNN 68eltepne tdng. XNtny meplnteon TV YEITOVIX®Y UEYAPOVWY TOU aViXOUV GTO
(B0 mohuxavakixd cloTNUA PE 2 El6OBoUC Xt 2 €£6BOUC (B)\ Ly , N MEWON NG
nyootéddunc éptace ota o 19 dB umpootd and oplouéva xadioyata. Ye olyxplon Ue TNV
apyttextovixr) EEO €E1 autdvouwy cuo Tnudteny, ol Loveg nouyiog unpootd and to xadiopota
AToy YEYAAOTEQES Xan To ouotduopges. Emmhéov, 1 meployr| émou 1 mtdon tng nyootdd-
ung Aoy yeyaivtepn twv 10 dB Ytav mo extetopévn xou dev unpy oy TAEoV TEpLOYES OTIOU
nopatneinxe ad&nomn e axovoTixrg meong. Télog, n Ldvn novylag umpoctd amd o Ue-
oaio xardilopora emexTdinxe oTny TEPLOY T UETAEY TWV BU0 TPOOHEPUAWY, UE ATOTEAEOUA TN

ueiewon e nyootdune xatd 6 dB.

Ly 9: o) Kotavouy) tne nyootdiung, 6tav yenowonoteiton 1 apyiteXxTovixy 2 elo0dwy-2
€€60wY, Pe ouVERYULOUEVOL YEITOVIXE CUCTAATA . B) Tewodidotatn anexovion Twv {wvoy
novylog umpootd and o emuEpoug Tomixd cuothuato EEO.

Aedouévou 6Tl 1) Ao Ue Tor yertovixd nyeta mou ouvepydlovton Yetald Toug EYEL ONuo-
VTG TASOVEXTAUATY, TRoydaToTOINXE plar TEOGVETY TELOBIAO TUT TEOCOUOIWST Yiol AUTO
10 cUotnua. H pelwon tng nyootédung yiew and ta npooxégaia mopouctdleton 0To Ly fud

PB] ‘Otav to EEO bev ftav evepyonomuévo, 1 nyootéiun égptace to 105 dB oe awth v
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mpocoyolwor. ‘Otav evepyonotjinxe, 1 eZacdévion xuudvinxe and 8 éwe 19dB oynuatiCo-
vtog wa {wvn nouylag dlactdoewy 20cm X 38cm x 25cm. Emmiéov, to oyfua tne {ovng
nouylag Aoy o@ouexd xu To YEyedog TNG ATaY JEXETO, MHOTE Vo EMTEETEL HTEG XIVAOELS

7 4
TOLV XS(PO()\lOU TOL STCLBO(TT].

6.2 Ileipapatinr, afloAoynon

H rewpopotinn allohdynon tne aAAnAenidpaong HETAE) dUTOVOUWY TOTIXWY CLC TNUATWY EEO
EYXATECTNUEVWY GTO opolmua xourivag teaypatonotiinxe oc dVo @doelg. Apywd, allolo-
YHONxe 1 AAANAETDPUOT TV CUCTNUATKY OTAY AUTA HToY TOTOVETNUEVA TO €Val UTEVOVTL
am6 TO GARO xo eEXTEVNHAY OE ULo TROYUOTIXT) 0XOUG TLxY| Blatoparyr, 1) omola xaTorypdpnxe
EVTOC NG XouTVaG TOu aEPOGXAPOUS xAVOVTOG GTpogelou. TN CUVEYELN, DIEEUVIUTXE 1|
enldpuoT TECOdPWY TETOLWY CUCTNUATLY GTO GUVOMXO MyNTixd medlo tng xaumivag, otov
auTO BleyelpeTan Amd APUOVIXES AXOUC TIXES DLUTURAYES YOUNANG CUYVOTNTAS.

Yy mepintworn mou 600 AUTOVOUN GUC TARNTA AELTOURYOUY améVavTl To €val 6TO dAhO,
omwe anewoviCeton 6to Lyfua 10, mapdro mou 1 eCacVEVION TWV BUPOREY UPUOVIXOY OLo-
@épet and TNV TEp(mTwon 6mou xudéva Aertoupyel LOVO Tou, TOCO 1) UElWor TG CUVONXTC
Yoo Tddunc 600 ot 1 eV TEVEL TOU CGUC TAUATOS BLUTNEOVVTAY UTEOG TE omd ToL TEOGKEPAL-
Ao To anotéheopo auTtd Touptdlel Ue To AMOTEAECHOTA TNE TPOCOUOIOTNS, TUPOAO TOL GTNY
TEOGOUOIWOT To dxpa TN xouTivag ftay avoly té. 'Etot, galvetar 6TL 500 evepyd TpooxEpaia
TOTOUETNUEVOL TO €VOL ATEVAVTL OO TO GAAO UTOPOUY Vo AELTOURYTGOUY UECO GE EVOL X0

Tep{BAnua ue wixer elworn tng anédoong.

Eyfuor 10: Tomxd cvothpata EEO, tonodetnuéva anévoavtt o éva 6To dAlo, Uéco OTO
opolmua xaumivag uxeol agpooxdpoug Tou €yel eyxataotadel oto Epyaotipo Auvouxrc
xou AxouoTinig.

LNy TEplnTwoT TV TE60HpWY UG TNUATELY TOLU AELTOURYOVY TAUTOY POV GTO ECLTERLXO
NG XUUTIVOG, TO ATOTEAECUOTA TV UETEYOEWY OF TEELG OLUPORETIXEC CLYVOTNTES UTODEL-

®VOOLY ONUAVTIXT UElWOT) TN NyooTéiung, lon A yeyordteen and 15 dB, dtav ta gdouata
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Yyfuo 11: Pdopoata GuYVOTHTLY TRV X0l HETE TNV EVERYOTOINGT TECGURWY AUTOVOUWY CU-
otnudTey EEO, xoatayeypoupéva otn €01 TOU UXpo@OYOU GOAMINTOS Yiol TEELS UPUOVIXES
axouc Tixéc dtatapayéc ot 76 Hz, 95 Hz xan 110 Hz.

OLYVOTATOV XOTAYSPNUAY TIEVL GTO UXEOPwYo o@didatog (BA. Eyhua 11). Xuyxexpl-
péva, To TAdTOG TN ouyvotntog ot 75 Hz pewwidnxe xotd 15 dB, ota 96 Hz xatd 19 dB
xou ot 110 Hz xotd 17 dB. Hoapduoleg Yeunoel mapatnefiinxoy ool xpopmyo. GQPIAUNTOS
UTEOC T amd Tor dAha cuo THUNTA. Oty To Qdoua GUYVOTHTWY xatayedgnxe 20cm urtpocTd
Ao TAL UXEOPWVO GOANIATOS, 1) TTWOT TNG NYOOTAIUNG HTOY UNOEVIXY| YIdL TNV AXOUC TIXT
oatapary ) ota 75 Hz, eved Aoy uévo 2 dB ota 96 Hz xou 3 dB ot 110 Hz. Emniéoyv, dtav
TO UXpOPrVO UETENomg Betoxdtay ot andctact 40cm amd To IXEOPLVO GPIAIATOS OF EVa
amb To TEGOEPN CUC TAUATY, TapATNEHUNXE adEnom Tne Nyootdune xatd 1 dB ota 76 Hz,
ueiowon xatd pndev dB ota 95 Hz xou peiwon xatd 2 dB ota 110 Hz.

7. OAxdg EEO® ue yenon Evepyodv Anoppopntdv
"Hyou

e autr) TV evotnTa dlepeuvdtal 0 ohixdc EEO oe éva xhelotd yipo, Ue TN yeron EVEpY®Y
ATOEEOPTTWY YOV, OTEATNYIXA TOTOVETNUEVWY OTO ouolwua Xaumivae dEEooHAPOUS ToU
€yelL eyxatacTtadel 0To epyaoTrpto Auvauixic xar AxovoTixric. Auth 1 Tpocéyylon Unopel
vor amodety Vel Wwitepa aroteAeoyotiny) oTr (VN YUUNAOY CUYVOTHTOY, OTIOU TO 0XOUGTIXO
medlo yopoxtnelleton amd younhn TUXVOTNTA AXOUCTIXMY TEOTWY Tokdviwone. 'Etot, ol
ATOEEOPNTES YYOL ATOOXOTOUY GTNY GAAAYT TNG oxOLOTXNSC aviioTaong Twv oplwv TNng
xoumivag, PE oThYo TNV andofBect) TwV xuplapywy TEOTWY TUAAVTWONS, Tou odnyel oTn
ueiewon Tng cuvolxhc NyooTduNe TN xaumivag .

Av xou 1 pédodog TomoVETNONG EVERYWY NY0ATORROPNTAOVY EYEL yenoylotomdel yia Ty
eZI00PPOTNCT TNG ATOXELONG YUUNAWY CUYVOTATOV XMV BOUATIWY, BEV EYEL YENOWOTOL-
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niel ToTé yiow TNV €OUBETEPWOT TWV YAUNAOCUY VY UXOUC TIXMY DLOTAURUY OV O XOUTEVES
UEwY agpooxap®y. To yeyovdg 6Tl oL axOLCTIXEC DUTUPUYES OF XY EMXOPOR AEQO-
oxdpn yoeaxtnetlovTon amd dpUOVIXES TNG CLYVOTNTAS BLEAEUCNC TWYV TTEPUYIWY TNG Ehxa,
OE GUYOUAOUO UE TNV AEOLT| XUTAVOUT| TV AXOUC TIXGMY TEOTWY TaAdvTwong ot auth 1 o
oLYVOTATWY, xahoTolY To oyf Tou MyNTol mediou mpofBiéduwo. Koatd cuvéneia, edv
tonovetnloly oe xatdAinha onueia evepyol amoppogntéc Ayou mou elvar WLadTepa amoTE-
AEOATIXOL GTIC YOUUNAES GUYVOTNTES Yol VoL EEIGOPPOTAGOUY TOUG XLRl0Y0UC axous TiXoUS
TPOTOUC TNE XoUTvVaCS, TOTE Unopel va emiteuy Vel onpoavtixd peiwon tng nyootddunc. Aut
ebvor 1 Boaow Wéa tiow and Ty wédodo cuvolxol EEO mou mapoucidletar oe auth Ty
EVOTNTAL.

O evepyol amoppognTég oL TOL YENCLLOTOLOLYTUL GTNY TEOTEWVOUEVT Uedodoloyia Bo-
oilovtal 6ToV EVERYNTIXG EAEYYO TOU CUVTEAECTY| AMOPEOPNONS, UTPOGTA Amd TO BLdpEoy U
eVOC Myelou. AuTO ETITUYYAVETAL UE TOV DL WPELOHO TOU NYNTOU XVUUTOS OF TEOCTITTOV
X0l OVOXAWUEVO, XAl GTY) CUVEYELXL UE TNV EAAYLO TOTOINOT) TNG AVOUXAWUEVTS GUVLO TWOUS (@)\
Eynuo 12). T tov Sy oplogd autdy Tmv GUVGTHoOY Yenotwonotelta 1 uédodog p-p yuo
T pé€TEnom Tng éviaomg Tou NyNTon xouatog. o va egoupuoctel 1 uédodog auty| amatelton
1 ToToVETNOT BVO UXEOPWVWY UE ULIXQT| ATOCTUON UETAEY TOUG, UTPOC T amd TO Bdpeoryud
Tou Tyclou. 'Emeita to nyelo, mou Aertoupyel cav evepyds nyoamoppopnThc odnyeiton amd
€VOL GTUAL IOV TROXUTITEL EAOLYLO TOTOLOVTUG TNV OVUXADUEVT] CUVICTOOU PHECK EVOS TOOCUR-
Hootixol akyopiduou émwe o FXLMS [28]. ¥to onueio autd éyxertar xor 1 onuovtixdtepn
OLoPOEd. TNG TEYVIXNAC TNG EVEQYNTIXAC ATOPEOYNONG OE OYEDT) UE TNV TEYVIXT| TNG EVEQY-
TG axdpwong Yoplfou, émou ehayloToTolElTaL 1) 0xOVCTIXY TeoT Tou PETEIETOL amtd Eva

HUXEOPOVO GPIAUATOS.

Yyfua 12: O evepydg anoppognthc Hyou e 600 Uixpdpwva, Tou e@apuolel tn uédodo p-p

Y100 TO Ol WELOUO TOU UXOUCTIXOU XVUNTOC GE TEOCTUTTOV XAl AVAXADUEVO.
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7.1 Ilpocopowwoelg

Or npocopolnoelg mou Baciotnray ot uéYodo Tenepaouévwy oTolyelwy dlevepyRinxay Tpo-
XEWEVOU VoL Slamo TwUEl 1) amoTeAeoUaTIXOTNTY TNG UeV6dou olixol EEO, 6co agopd o
uéyedog tne nyoueinong oto ecwtepind TN xounivag. I'ot Ty vhomoinon g, yenoionot-
AUy TEGOERLC MY 0uTOPEOPNTES oL oTolol TotoVeTHUnxay o dlapopeTid onueia, EyovTag
TO DLAPEAYUA TV NYEIDY TOUC OTPUUUEVO OE BLUPOPETIXG TEOCAUVATOAMOUO AVAAOYU UE 1|
CUYVOTNTA TNG OQUOVIXAC OLOTUROY .

‘Otav 1 ouyvotnTa Tng axovoTxhc dtatopay g Ytav to 61 Hz, ol evepyol anoppogntég
TomoVeTAU XY UE To BLopedry HoTal TwV NyElwy xdeTor 6ToV dE0VaL X X0 XOVTH GTIC TEPLOYES
ue ) péytotn nyootddun. H ueiwon tng nyootddunc oto olvoro tng xaumivag, 6o eninedo
x-y mou Ppioxeton oe Udog 120 cm xupdvinxe amd 12 éng 20 dB 6tav evepyomotinxay
oL TEGOEPLC ATOPPOYNTES, OTWSG GAAWOTE QPUVETOL OTO My AU . ‘Onwe avayevéoTay, 1
uPnAotepn Uelwon mopatneRinxe oTo PEoo UETOED TV 800 ULXPOPOVKY, UE TA ULXEOQPLVIL

Tonodetnuéva oe Oog 120 cm, mou umotédnxe 6TL AVTIOTOLYEL OTO ENUMEDO TOU XEPUAOD

evog xahotol em3dTy).

Eyfuor 13: Metwon tng nyootédung otny xauniva acpooxdgoug oe dVo enineda mou Peioxo-
VoL OUUPETEWE o€ anooTaon 0,85 m amd to eminedo ocupuetplag X-z xou o eva eninedo
TopdAAnho mpog to eninedo x-y (z=120 cm) yior oppovixs oxovo Ty Bortopay ) GLYVOTNTAC
o) 61 Hz xou (') 76 Hz.

‘Otav 1 xaumniva Sieyépinxe and Wi appovixt| datapayf) ot 76 Hz, mou cuunintel ye tov
OEUTEPO AXOUCTIXO TEOTO TAAAVIWOTS, Ol EVERYOL amoppognTeEg TotoveTHUnxay 6T0 ddNEdO
™G xoumivag, 6mou TapaTneUnXe 1 LYo TN axovoTixy Tleon. Ta Suppedyuato Toy Tpoca-
votoMouéva xdieta otov d€ova y. Ilpv amd tnv evepyomoinon Twv EVERYHOY AmopEOPNTWLY,
n péytotn nyootddun otny xouriva éptace o 104 dB xovtd ota toryoduata.  Adyw tng
Hop®ic ToL NYNTo0 TEd{oU, N NY oo TAVUN ATay YAUNAOTERT OTO PECO TNG XOUUTIVOC, XL XU-
podvovTay amd 75 €wmg 81 dB. Metd tnyv evepyomnolnot twv amoppo@ni®y, 1 GUVOAXY| UElWTT
e wupdvinxe ond 13 éog 24 dB (Bh. Eyrua [1357). Emmiéov, oe Odoc 120 cm and 1o

ddmedo, N peiwon eptaoe Ta 14 dB | mou anotehel war ixavomomnTixy nyouelwon.
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Yy meplntwon g axouvo iy dlatopayric ota 95 Hz, mou amotekel Tov tétapto axou-
0T TEOTO TUAGYTLWONG TNg xauTivag, topatnefinxe wa petwon tne Nyootédung xoatd 20
dB, étav ta nyeio Tomodetidnray ye to ddpporyud Toug xddeta mpog Tov dlova z. Télog,
OTaY 1) CLYVOTNTAL TN axouo Tixg datapoyic Rtay 110 Hz, n onola amavtdtar cuyvd oe
Ul ehxo@opa agpooxdpn topautneinxe TTwor peyahitepn twv 15 dB oto eninedo ue

Uhog 120 cm omd To BdmEdO TNG NP TIVIS.

7.2 Iewpapatixr, afloAoynon

H mepapatind aglohdynon EhaPe yhpo 6To opolmua TS XUTVOS Yiol NULTOVOELDT| aX0UC TIXN
ottapayhy ota 61 Hz. Téooepic evepyol nyoanoppogpntéc Totovetriinxay ye Tov 1pdémo mou
Teptypdgpnxe oty meonyoluevn evotnta. Emmiéov, emhéydnxoav 36 puxpdpwva yétenong
Yo Vo xatorypdpouy T PElnOT) TG oxous TIXAC TECTC TPV XolL YUETE TNV EVERYOTOINGT TV
evepYnV amoppo@nT®v. I'ot Ty e@apuoyr Tou ahyoplduou tou ehayto ToTOLEL TNV avVohOUE-
VI CUVIO TGO TOU aX0VG TiXoU xUpatog, Yenowornounxe n Python ue to Motu® Ultralite
AVB xdpto fiyou. H allohdynon tng meoTtevOuevnS TeocEyylione TEpLhouBaveL TNy Tpoo-
OEUTIXTY) EVEPYOTONOT] TEGOUPWY M) OATOREOPNTLY Yot TNV allohdynon Tng eCaciévione tng
nynuxic Tieong oe xdde xatdotacn. H upniotepn péon eacdévion midtoug 13,3 dB emite-
OyOnxe petald twv 36 ueTprioewy 6Tay EVERYOTOWUNXaY XL Ol TEGGEQLC MY 0ATOPEOPNTES.
Emuniéov n uéyiotn yelwon tou mhdtoug tng appovixiic ot 61 Hz égrace to 17 dB, umpootd
ond évay and to téooepa Nyela (BA. LyAuo 14). Enioneg, npénel va onueiwel 6t peimon
™ NyooTdiung Yeyahlteen twv 10 dB aviyvedinxe and dlo o Uixpdpova UETENOTG, oVE-
Edptnta and To ornuelo Tou HToy TOTOVETNUEVO 0TV XAUUTEVAL, XUTOUBEXVIOVTOS Uldl GUVORXT

uelwon tou YoplfBou, 6mewe AAWoTE ATay ot 1) €MBIWEN TN TEOTEWOUEVNS UEVOOOU.

90 T

80 -

45 50 55 60 65 70 75
Frequency (Hz)

Yyfuo 14: Méyiotn pelworn tou tAdtoug tng appovixfic ota 61 Hz, 30 cm ympootd and évay
amb ToL 4 ATOPEOPNTES.
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8. LUUTEPACUAT

H épeuva mou dielrydn oc auty| tn Swaxtopxr) dlatellY| elye w¢ oTtdyo TNV avdmTuln pe-
VOBWY Yo TOV EVERYNTIXO EAEYYO YOUUNAOCUY VLY OXOUCTIXMY OLUTARUY MY OTIS XOUTEVEG
HETAPOPODY HECKV, OTWE ULXEE AEQOOXAPY) Xall OX3PT) avopuy g, TEOXEWEVOL Vo BehTiwiel
n axoucTxt| dveorn twv emPBatdv. H evepyn axdpoworn HoplBou ce autd ta tepBdAiovTa
TEOGPEREL TASOVEXTHUATA OE GO UE TIC SUPPatinég TadnTnég ueddodoug, GGV aPopd 6To
uéyedog xan To Bdpog, xorhoTOVTUS TNV €V TOUEN EVTOVNE EPELVOG O AVETTUENG Yol XOTO-
oxeVAOTEC X EpeUVNTES. §2oT600, Bacxéc mpoxhnoelc OTwe Bedtinon Tne anédoone 6o
apopd o1 UElwon TNE axouo Tixrg ieong, 1 adénon tou yeyédoug tne Lwvne novylag, 1 Ue-
{womn TN LTOAOYIO TN TOAUTAOXOTNTUC Kol 1) DLUCQIALOT TNG EVEWO TG TWY CUCTNUATWY
aUTWV ot Toixiheg ouVUixeS BEV €youv oxoUa TANPWS AVTIETOTICTEL, TeEplopllovTac TNV
eupeia ypron Toug oe TEaYUUTIXES EQapuoYES. [ol var avTIETWTIOTOUY aUTES Ol TPOXATCELS,
1 mapovoo SlatelY) elodyel véeg YedOoUC ToU aLOAOYOUVTOL UEGE OVUAUTIXGY LOVTEAGY,
HOVTEAWY TEOCOUOIWONG XUl VAOTIO|OEWY OE TEAYUAUTIXO YEOVO OF EVOWUATWUEVOUS ETE-
CepyaoTég dmyLoxol GHUNTOS, UE OTOYO Vo TUEEYEL Uiol VEA HoTid TOCO GTOV TOTXO OGO
%o oTtov oLVOhx6 Evepyntind Eleyyo Ooplfou oe uxpolc yweoug, divovtag Eugact o
TRUXTIXEG EPUQUOYES OF TEAYHATIXEC GUVITIXEG.

To wOpror evpruata TepthaBdvouy: o) TNV TpocapUoyY| tou akyoplduou mixed-error
FXLMS oe egapuoyéc tomixol EEO yio mpooxégaia VEcewy UEowY UETAPORAS, O OTolog
TEOG(EREL TRt Uelwor Yoplfou Ue T Topadoctuxés PeVOd0oUE UE YOUNAOTERES ool
Thoelc oe unohoyloTixh oyl xou x6otog, B) évay ohyoprduo VEM-FXLMS yia tv enéxtaon
xou Yeyeduvon tov Lovey nouylog uaxpeld amd o uxpdpunve ohiAuatog, o otolog eivon 1dta-
{repa amoteeopaTndg o€ TEUYUUTIXES cLVITXES, TO oTtolo amodelyUnxe dTav eyxatac Téin-
XE OTO XUTUOTEWHN EVOS axdipouc avohuyie, v) évay akybprduo eréyyou Baotopévo e évol
FLNN 68eltepnc tééne mou mopouctdlel PeyahOTERT) AMOTEAECUATIXOTNTA OE OYEDT) UE TOV
Yoouuixd FXLMS, 6tav mpdxetton yior TNV aVTHIETOTICT U1 YROUUUXOY NAEXTOOUXOUC TIXMY
CUCTNUATWY X0 GTOYACTIXWY AXOUCTIXGY Slatopay . Erniong, mpoéxule to cuunépacua
OTL TOAMATAG awtévoue cucthuata EEO unopolv vo Aertoupyolv tautdypova oe Uixpolc
UAELGTOUC YWEOUS UE Wit UxeY| MElwom oTny ambédoon 600 agopd oTNV Ny ouciworn Tou emt-
TuYYdveTar oTr {wvn Nouylag xdle cUGTARATOS Xou UE Wil pxer) adEnom Tne Ny oo Taiung
o€ meployéc poxpld anod Tic {oveg avtéc. Téhog, dwmotdidnxe 6T 1) yerion EVERY®Y 1) o-
ATOPEOPTTWY GE CUYXEXPWEVES VECEIC OTNY XouTiva EVOC WOl 0gp0oxdpouS, UTopEl va
HELOOEL oNpovTixd To eninedo younhéouyvou Yoplfou oe OAOXANEO TO YWEO, oV UTORECEL
vo emiteuy Vel andofeorn TV x0plwy TEOTWY TAAAVTIWOoTNS Tou BlEYElpOVTOL amd TIC AUTES TIC
OXOUC TIXES DLUTUPALY EC.

Téhog, 660 agopd oTn YeAhovTIXY| €peuva Tdve ota cucThuata EEO, auty uropel va
nepthopBdver: o) tn BeAtiwon v ahyoplduwy eAEYYou, YENOWOTOIOVTAS TEYVIXES TEYVNTAS
VONUooLVNG xat Unyovixiis hddnong, yior Ty ad&non tng anddoong 660 agopd otr ueiwon
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e Nyootddung 6co xou oty avinon tou ueyédoug tne Lwvng nouylac. To vevpwvixd
dixtuo, etdwd tor Avadpoud (RNN) xon tar Buvehtind Nevpwvixd Aixtuo (CNN), ebvou
TOMG UTOGYOUEVES TEYVOAOYLES, EOXE VLol TNV AVTWETOTICT TV U1 YRUUUXOTHTWY OTA
NAEXTEOXOVG TIXY GUCTHUOTO XUl TWV 1) UPUOVIXMY OLOTAURUY (Y, AV X0l 1) UAOTOINGY| TOUG
oe eneepYaoTEC YNPLocod ONUATOS, TUPAUUEVEL TEOXANCT AOYW TwV LYNAOY UTOAOYIOTI-
xwv anouthoewy. H yehhovtinn €peuva mpenel eniong vo emxevipwiel 0Ny TEox o TNt
TV cucTudtwy EEO, ueidvovtoac to Bdeog xo avanticooviag EEUTVES BIUTACELS Xou EAa-
ppUTEPOLC ETEVERYNTES (N)Ela) YpnotwomoudvTog Teyvohoyies, dnne ta petabixd. Eniong, 1
TPOCUPUOYT| TWYV TROTEWVOUEVWY PEVOBWY O hoyixn avddpaong Yo uropoloe va eCahelel Ty
VS XY YL OOl avopoEdis, XrMo TOVTS ToL CUCTHUOTOL O EAXUCTIXGL YL EUTOPIXES EQOlR-
woyéc. Emmiéov, ypewdleton mepoutépw €peuva 600 agopd 6To cuvolxd EEO e evepyoic
NYOAUTOPEOPNTEC XU OTNY AVATTUEY UEVOOWY xatanoréunons tou Yoplfou mou ueTudide-
Tow Yoo amd To dopxd ototyelor wag xounivag. ‘Etol, o cuvbuaoudc autdv TV uedodwy
Yo unopoloe va 0dnyHoeL oTr dnuioupyiol EVOC OAOXANEWUEVOL GUGTAUATOC PE QUENUEVT

ATOBOTXOTNTU OE TEAYUATIXES CUVITXES AetTovpyiag.
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