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Abstract

Air traffic noise emissions are responsible for a significant part of the overall environmental
noise, especially in the vicinity of airports. Exposure to environmental noise is known to
negatively impact health and to be associated with cardiovascular diseases, sleep disturbance,
cognitive impairment of children, and annoyance. To improve the energetical efficiency of
turbofan engines, Ultra-High Bypass Ratio (UHBR) engines are being developed, whose tonal
noise emissions are predominant and with lower frequency content, and in which the inlet
diameter is increased, and the nacelle shortened. With the planned evolution of turbofan
engine designs, the passive sound-absorbing liners conventionally embedded in their nacelle
are no longer satisfactory and new designs for acoustic absorbers must be researched.

This thesis aims at the design and optimization of active electroacoustic absorbers specifically
intended for being embedded in these future aircraft engines. These absorbers are electro-
dynamic loudspeakers whose resonant behavior of their membrane is actively modified by
a digital controller to optimally absorb the noise emission of the engine. The design and the
experimental assessment of an active liner based on the state-of-the-art hybrid sensor-/shunt-
based control method in a flow duct, and in a one-to-four scale UHBR engines test facility are
first presented in this work. The results obtained with this active liner show that the technology
is promising but requires more robust controllers to improve its stability and its reliability.
Several ways of improving the reliability of an electroacoustic absorber are then presented.
The first proposed improvement consists of a better method for the estimation of the required
parameters of the transducer. Two novel control architectures of the electroacoustic absorber
are then presented, which both rely on the use of an additional microphone placed in the
enclosure behind the loudspeaker. The first design is purely based on feedback control and
no longer depends on the analytical model of the transducer. It is however limited in the
range of achievable target behaviors of the membrane. The second design is a combination of
feedforward and feedback control, which enables a wide range of tunability while reducing the
sensitivity to uncertainties in the analytical model of the transducer. The stability limits of the
improved electroacoustic absorber in its acoustic environment are then analyzed and exploited
to select an optimal configuration of the controller. The overall contribution of this thesis
opens the way for more robust and reliable active electroacoustic absorbers and liners. The
thesis concludes by proposing some future perspectives, regarding, among others, the optimal
target behavior of the liner, real-time estimation of the parameters, and taking advantage of
the lattice configuration of the unit cell absorber in a liner design.

Keywords— Active sound absorption, electrodynamic loudspeaker, aircraft noise, robustness,
stability, passivity.
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Résumé

Les émissions sonores du trafic aérien sont responsables d’une part importante du bruit
environnemental, en particulier à proximité des aéroports. Il a été démontré que l’exposition
au bruit environnemental a un impact négatif sur la santé, causant notamment des maladies
cardiovasculaires, des troubles du sommeil, des troubles cognitifs chez les enfants et de la gêne.
Afin d’améliorer l’efficacité énergétique des turboréacteurs, desmoteurs a haut taux de dilution
sont en cours de développement, dont les émissions sonores sont principalement tonales
et plus dans les basses fréquences, et dans lesquels le diamètre d’entrée est augmenté et la
nacelle raccourcie. Avec l’évolution prévue de ces turboréacteurs, les revêtements acoustiques
traditionnels intégrés à la nacelle ne sont plus satisfaisants et de nouveaux concepts doivent
être recherchés.

Cette thèse vise la conception et l’optimisation d’absorbeurs électroacoustiques actifs destinés
à être intégrés dans ces futurs moteurs. Ces absorbeurs sont des haut-parleurs électrody-
namiques dont le comportement résonant de la membrane est activement modifié par un
contrôleur numérique afin d’absorber les émissions sonores du moteur. La conception et
l’évaluation expérimentale d’un revêtement actif dans un conduit d’écoulement et dans une
installation d’essai de moteurs à haut taux de dilution sont d’abord présentées dans ce travail.
Les résultats obtenus montrent que la technologie est prometteuse mais qu’elle nécessite
des contrôleurs plus robustes pour en améliorer la stabilité et la fiabilité. Plusieurs moyens
d’améliorer la fiabilité d’un absorbeur électroacoustique sont ensuite présentés. La première
amélioration proposée consiste en une meilleure méthode d’estimation des paramètres requis
du transducteur. Deux nouvelles architectures de contrôle de l’absorbeur électroacoustique
sont ensuite présentées, qui reposent toutes deux sur l’utilisation d’un microphone supplé-
mentaire placé dans l’enceinte du haut-parleur. La première conception est purement basée
sur la commande par rétroaction et ne dépend plus dumodèle analytique du transducteur. Elle
est cependant limitée dans la gamme des comportements cibles réalisables de la membrane.
La deuxième conception est une combinaison de contrôle par anticipation et par rétroaction,
qui permet une large gamme de réglages tout en réduisant la sensibilité aux incertitudes du
modèle analytique du transducteur. Les limites de stabilité de l’absorbeur électroacoustique
amélioré dans son environnement acoustique sont ensuite analysées et exploitées pour en
sélectionner une configuration optimale. La contribution globale de cette thèse ouvre la voie à
des absorbeurs électroacoustiques actifs et à des revêtements plus robustes et plus fiables. La
thèse conclut en proposant quelques perspectives, concernant notamment le comportement
cible optimal du revêtement, l’estimation en temps réel des paramètres, et l’exploitation de
l’arrangement périodique des absorbeurs dans le revêtement.

Mots-clés—Absorptionactive, haut-parleur electrodynamique, emissions sonores, robustesse,
stabilité, passivité.
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1 Introduction

1.1 Societal Issues andThreats Due to Air Traffic Noise

Many large-scale epidemiological studies have shown evidence of the negative impact of
environmental noise exposure and its negative impact on health [1]. Environmental noise
is known to be associated with cardiovascular diseases such as hypertension and ischemic
heart diseases, cognitive impairment in children, sleep disturbance, and annoyance. It is
estimated that the amount of disability-adjusted life years (number of years lost to poor health,
disability, or early death) that environmental noise costs inWestern Europe are of 61000 years
for ischemic heart diseases, 45000 years for cognitive impairment of children, 903000 years for
sleep disturbance, 22000 years for tinnitus and 587000 years for annoyance. These numbers
add up to a total of 1 to 1.6million healthy years of life lost every year inWestern European
countries.

A significant proportion of the total environmental noise is caused by air traffic, and its adverse
effects on health are considerable [2], [3]. It is estimated that in 2017, aviation was responsible
for 3% of the environmental noise caused by transportation [4]. While its contribution is
smaller than road or railway noise, it is often perceived as more annoying and its adverse
health effects exist at noise levels 10dB lower than other sources. In the urban areas close
to major airports, such as Paris, Frankfurt, or Naples, more than 25% of the population is
exposed to these harmful levels of noise [5]. In Switzerland, it is estimated that 75000 people
are exposed at night to a harmful level of noise caused by air traffic, representing around
10% of the total amount of people exposed to harmful noise at night [6]. Also, the amount of
passengers carried by aircraft in the past few years until the COVID-19 outbreak has constantly
increased and is expected to continue to grow [4], [7]. From 2012 to 2019, the number of
passengers traveling by airplane in the world has increased from 3013million to 4490million
per year, representing a 49% growth. The amount of freight carried by airplanes has increased
by 20% over the same period, passing from 48.5million tons in 2012 to 58million tons in 2019.
This air traffic growth implies an increase in the environmental noise it causes. In Europe, in
2019, 3.16 millions of people are exposed to noise levels of 55dBSPL or more, which is 30%
more than in 2005 [4].
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Chapter 1. Introduction

(a) Low bypass ratio turbofan (b) Ultra-High Bypass Ratio (UHBR) turbofan

Figure 1.1: Schematic of turbofan engines (source: [12])

1.2 Aircraft Engine Noise Emissions

Aircraft turbofan engines are typically composed of two parts: the turbojet and the fan [8].
The turbojet consists of a compressor, a combustion chamber, and a turbine that drives the
compressor. The air enters the compressor and gets compressed before entering the com-
bustion chamber, in which fuel is injected into the air and ignited, producing a propulsive
thrust. This thrust also drives the turbine which in turn drives the compressor. In turbofan
engines, the turbojet also drives a ducted fan that propels the air backward, giving additional
thrust to the engine. The ratio between the mass flow of air that bypasses the turbojet and the
quantity which passes through it is called the bypass ratio. An illustration of such an engine is
shown in figure 1.1a, in which the turbojet is visible in the center of the engine. The two main
components of turbofan engines emit different types of noise: the jet produces a broadband
noise and the fan a much more tonal noise for which the sound power is concentrated around
a few discrete frequencies [9]–[11].

To improve the engine efficiency and noise emission, Ultra-High Bypass Ratio (UHBR) turbo-
fans are being developed, in which the fan is larger while the nacelle is shorter compared to
previous engines generations [13], [14] (see figure 1.1b). The bypass ratio of such engines is
in the range of 10 to 12, meaning that most of the thrust is given by the fan. Increasing the
size of the fan has for consequence that it will generate significantly more noise, and of lower
frequency compared to existing engine technologies [10], [15]. Also, shortened nacelles offer
less surface for acoustic treatments, further increasing the contribution of the fan to the total
noise. Overall, while reducing the broadband noise of the jet, these new designs are increasing
the proportion of tonal noise emitted by the engine.

Conventionally, noise absorption in turbofan engines is achieved by embedding in the nacelle
acoustic liners, which are based on resonant absorption mechanisms [14], [16], [17]. They
consist of one or two stacked layers of honeycombed structure and perforated plates, most
effective at one or two frequencies respectively. Because of the reduced size of the nacelle and
the fact that the dominant noise of UHBR engines is tonal and engine regime dependent, these
liners are not expected to show satisfactory noise reduction. UHBR engines, therefore, require
innovative acoustic treatments.

To overcome the limitations of conventional passive liners, new active technologies based
on electroacoustic transducers have been proposed [14], [18]. These early-stage prototypes
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have served as proof of concept for this new technology, but showed multiple issues yet to
be solved: loudspeakers presented strong rocking modes which prevented proper operation,
microphones were saturating, preventing operation at high Mach numbers larger than 0.15,
the range of adaptability was limited due to stability issues, and the technical constraints such
as bulkiness and weight were not met. These first results are showing that the technology is
promising although it must be further improved.

1.3 Research ProblemDefinition and Objectives

Because current solutions to reduce thenoise of aircraft engines are not suitable for the planned
evolution of the construction of these engines, new solutions must be found. Active sound
absorption seems to be promising because it is adaptable to different engine configurations,
has the potential for miniaturization, and is capable of dealing with lower-frequency noises
than conventional solutions. The objective of this thesis is to propose solutions to step up in
Technology Readiness Level (TRL) for the integration of these active absorbers in the nacelle
of the engines. This happens through the two main axes of the thesis which are

• the development, measurement, and analysis of an array of electroacoustic absorbers
to be tested in both an acoustic flow duct facility and a test rig designed to perform
aerodynamics and aeroacoustics studies of UHBR turbofan engines at a ¼ scale,

• the investigation of new strategies to improve the unit cell robustness to the harsh and
varying environmental conditions of the aircraft engine.

1.4 Thesis Organization

Chapter 2 — Passive and Active Sound Absorption Mechanisms consists of a review of
the physics of acoustic wave propagation in mediums with an ambient flow, as well as the
different technologies for passive and active sound absorption. The original contributions in
this chapter are the Monte-Carlo sensitivity analysis of the sensor-/shunt-based control and
the analysis of the active shunt-based control.

Chapter 3 — Active Electroacoustic Liner for Aircraft Noise Reduction presents the de-
velopment of the two- and three-dimensional liner prototypes based on the state-of-the-art
feedforward control. It then exposes the experimental results of these liners in a flow duct
and a UHBR engine test facility. The original contributions in this chapter are the guidelines
developed for designing the resonators, as well as the measurement results and discussions
obtained with both the two-dimensional and three-dimensional prototypes.

Chapter 4 — Improving the Estimation of the Electroacoustic Absorber Parameters in-
vestigates how the current ways of estimating the required parameters of the electroacoustic
absorber can be improved. Thanks to the more accurate and rigorous estimation of these
parameters, the state-of-the-art feedforward controller is more robust and stable. The original
contributions in this chapter are the improvement of the transfer function estimation in an
impedance tube, and the more rigorous estimation of the parameters of the absorber using
nonlinear least square regression.
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Chapter 5 — Model-Less Control presents a new control method for the electroacoustic
absorber that relies on an additional microphone placed in the enclosure of the speaker to
estimate the displacement of the membrane of the electrodynamic loudspeaker. The proposed
architecture relies purely on a feedback implementation rather than on model inversion and
is therefore robust to parameter variation or uncertainty. This chapter finishes with the presen-
tation of another model-less control method that can be built with only analog components,
thus reducing its fabrication cost for a better Input-Output latency of the controller. The
original contributions in this chapter are the development of the two new control strategies,
the investigation of the quality of the membrane displacement estimation, and the measured
experimental performance of the first proposed method.

Chapter 6—Mixed Feedforward-Feedback Control presents a new method for direct im-
pedance control that combines the benefits of the state-of-the-art feedforward method and
the model-less method from the previous chapter to combine both advantages of each. It
is shown that this new method is capable of accurately achieving a given target impedance
while also being more robust to parameter uncertainty. The original contributions in this chap-
ter are the development of the new control strategy, the analytical and numerical sensitivity
analysis regarding parameter uncertainty, and the experimental comparison of the proposed
architecture against the state-of-the-art feedforward controller.

Chapter 7 — Stability Limits presents a method to experimentally estimate the acoustic
environment in which the absorber is placed, enabling the assessment of the stability limits of
the absorber. With these stability limits, a designer can predict if a desired target behavior is
achievable, and how robust it is. Furthermore, the knowledge of these stability limits can be
exploited to select an optimal configuration of the controller that maximizes its robustness.
The original contributions in this chapter are the estimation of the acoustic environment, the
analysis of it, and the method for generating the optimal controller.

Chapter 8—Discussion and Future Work summarizes the main results and contributions of
the thesis and proposes some further perspectives.
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2 Passive and Active Sound Absorption
Mechanisms

This chapter first briefly recalls the basics of linear acoustics required to understand sound
propagation in flow ducts and sound absorption. An overview of the different principles of
passive sound absorption, and the explanations of the underlying physics are then reviewed
along with their advantages, disadvantages, and use cases, followed by an overview of the
different active sound absorption methods available in the literature.

2.1 Fundamentals of Linear Acoustics

An acoustic wave, or sound, propagates in a solid or fluid, transferring energy and momentum
from one particle to its neighbors through compression and inertia phenomenons [19], [20].
In this thesis, only sound propagation in the air is considered. These mechanisms are governed
by complicated fluid mechanics and thermodynamics equations. However, thanks to the small
amplitude of these vibrations, the fluid equations can be considerably simplified through
linearization. The three required equations to derive the acoustic wave equation are the
conservation of mass, the Euler equation (the differential form of Newton’s second law of
motion), and the adiabatic behavior of an ideal gas. In the following sections, a fewassumptions
are made. They consist in assuming that the fluid in which the sound propagates can be
assimilated to an ideal gas and that its behavior is adiabatic (i.e., the sound vibrations are fast
enough to neglect thermal conduction), that the gravity can be neglected, and the possibility
of an ambient flow will be made only for irrotational flows.

2.1.1 Governing Equations

Conservation of Mass

The conservation of mass requires that the variation of the mass enclosed in a given volume𝑉
is the same as the integral over the boundary 𝜕𝑉 of mass flow leaving the volume:

∫
𝜕𝑉
𝜌v ⋅ 𝑑S

⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟
mass flow leaving the volume

=−
𝑑
𝑑𝑡

∫
𝑉
𝜌𝑑𝑉

⏟⏟⏟⏟⏟⏟⏟
enclosed mass

, (2.1)
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where 𝜌 is the local mass density of the medium, and v the velocity at which the particles move
(𝜌v is the mass flux vector). Because this integral equation must be true for any volume, it is
also for an infinitesimal volume, yielding the differential equation

𝜕𝜌
𝜕𝑡

+∇ ⋅ (𝜌v) = 0, (2.2)

which can also be written using the material derivative operator

𝐷𝜌
𝐷𝑡

∶= (
𝜕
𝜕𝑡

+v ⋅∇)𝜌 = −𝜌∇ ⋅v. (2.3)

Adiabatic Ideal Gas

When the fluid can be modeled by an ideal gas and the thermodynamic processes are fast
enough to be considered adiabatic, the following equation can be used to model an adiabatic
thermodynamic process of an ideal gas [21]:

𝑝𝑉𝛾 = const (2.4)

and
𝑝 = 𝜌

𝑅0
𝑀
𝑇, (2.5)

where 𝛾 is the heat capacity ratio (≃ 1.4 for air), 𝑅0 ≃ 8.314 JK−1mol−1 is the universal gas
constant,𝑀 is the molar mass of the gas, 𝑝 is the pressure, and 𝑇 its temperature in Kelvin.
Equation (2.4) can also be expressed in terms of differentials as

𝐷𝑝
𝐷𝑡

= 𝑐2
𝐷𝜌
𝐷𝑡

, (2.6)

where 𝑐will later be found to be the speed of sound, which is expressed as

𝑐2 =
𝛾𝑝
𝜌

= 𝛾
𝑅0
𝑀
𝑇 (2.7)

thanks to equation (2.5). For the air, with average molar mass of 28.97 gmol−1, the speed of
sound can be calculated as

𝑐(𝑇 ) =√𝛾
𝑅0
𝑀
𝑇0 ⋅√

𝑇
𝑇0

= 343.2ms−1 ⋅√
𝑇
𝑇0
, (2.8)

where𝑇0 = 293.15K is the standard reference temperature. Themass density of air can easily be
found from equation (2.5). Combining both equations (2.3) and (2.6) gives the single equation

𝐷𝑝
𝐷𝑡

+𝜌𝑐2∇⋅v= 0. (2.9)

Conservation of Momentum

The generalization of Newton’s second law of motion for a continuous medium yields the Euler
equation, which states that 𝜌𝐷𝑣/𝐷𝑡 equals the force per unit mass on the material. The forces
acting on the material can be either a body force (such as gravitational or electromagnetic
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2.1 Fundamentals of Linear Acoustics

forces) or surface forces (such as compression of viscous forces). By considering only gravity g
as body force and no viscous shear forces (i.e., the stress tensor is diagonal, which is following
the ideal gas hypothesis), the Euler equation is

𝐷v
𝐷𝑡

=
𝜕v
𝜕𝑡

−v∧(∇∧v)+
1
2
∇𝑣2 = g−

∇𝑝
𝜌
. (2.10)

By taking the curl of equation (2.10), it can be shown that the vorticity of v is governed by

𝐷
𝐷𝑡

(∇∧v)+ (∇∧v)(∇ ⋅v)− [(∇∧v) ⋅∇]v=
∇𝜌∧∇𝑝

𝜌2
. (2.11)

2.1.2 Linearization

Because the perturbations of the thermodynamic quantities are small compared to their
ambient values, the governing equations can be linearized. The ambient quantities (zeroth
order) are described with a subscript 0, and the time-varying quantities (which have zero
means) with a prime. For instance, the total pressure is 𝑝 = 𝑝0 +𝑝′, where 𝑝0 is the static
pressure and 𝑝′ is the acoustic pressure. The linearization process consists in neglecting the
variation compared to the ambient quantities (𝑝′ ll𝑝0), and in neglecting second or higher
orders. Also, because the ambient quantities also exist without the perturbation, they must
satisfy the fluid and thermodynamic equations as well.

Because of the adiabatic assumption, the specific entropy is everywhere constant, and 𝑝 can
be regarded as a function of only 𝜌. Therefore, the linearization of equation (2.9) results in

𝜕𝑝
𝜕𝑡

= 𝑐2
𝜕𝜌
𝜕𝑡

∇𝑝 = 𝑐2∇𝜌 𝑝′ = 𝑐20𝜌
′, (2.12)

which has as consequence that∇𝑝∧∇𝜌 = 0. In equation (2.11), thismeans that if initially there
is no vorticity (∇∧v= 0), it will remain so in the future. In otherwords, in the absence of viscous
forces, there is no transversal strain, and the motion of particles v cannot spontaneously show
vorticity [22]. Then, it can be assumed that the flow is irrotational, and with this assumption,
the linearization of equations (2.9) and (2.10) leads, after some transformation and neglecting
gravity, to the two equations

𝜌0 (
𝜕
𝜕𝑡

+v0 ⋅∇)(
𝑝′

𝜌0𝑐20
)+∇ ⋅ (𝜌0v′) = 0 (2.13)

and
𝜕v′

𝜕𝑡
+v0∧(∇∧v′) = −∇(

𝑝′

𝜌0
+v0 ⋅v′) . (2.14)

Because the curl of the acoustic velocity v′ is also zero, it can be expressed in terms of the
velocity potentialΦ

v′ =∇Φ, (2.15)

and equation (2.14) appears to be always true with

𝑝′ =−𝜌0𝐷𝑡Φ, (2.16)
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where𝐷𝑡 = 𝜕𝑡+v0 ⋅∇ represents the material derivative operator following the ambient flow.
Injecting both equations (2.15) and (2.16) into equation (2.13), one gets the convected wave
equation for sound propagation in an inhomogeneous medium with irrotational flow v0,
assuming an ideal gas with adiabatic behavior, and neglecting gravity:

𝐷𝑡 (
1
𝑐20
𝐷𝑡Φ)−

1
𝜌0
∇⋅ (𝜌0∇Φ) = 0. (2.17)

Under some assumptions, this wave equation can be simplified and written as a function of
the acoustic pressure 𝑝′. When the medium is homogeneous and there is no ambient flow, it
becomes the ordinary well-known wave equation [22]:

∇2𝑝′−
1
𝑐20

𝜕2𝑝′

𝜕𝑡2
= 0. (2.18)

Without any ambient flow, it simplifies to [20]

𝜌0∇⋅ (
1
𝜌0
∇𝑝′)−

1
𝑐20

𝜕𝑝′

𝜕𝑡
= 0. (2.19)

And when the medium is homogeneous but with an ambient flow, it simplifies to [23]:

∇2𝑝′−
1
𝑐20
𝐷2
𝑡𝑝′ = 0. (2.20)

Because all the waves equations above do not depend on the ambient pressure and the density
perturbation, in the following of the thesis, the subscript 0 will be omitted on 𝜌0 and 𝑐0, and
the prime is omitted on 𝑝′ and v′, for the sake of simplicity

2.1.3 Frequency Domain Representation

All thewave equations (2.17) to (2.19) are linear partial differential equations, and it is, therefore,
more convenient to solve for the bilateral Laplace transform (frequency domain) rather than
directly the time domain solution. The bilateral Laplace transform 𝑝(𝑠) =ℒ(𝑝(𝑡)) is defined
as [24]

𝑝(𝑡) =
1
2𝑗𝜋

lim
𝑇→∞

∫
const+𝑗𝑇

const−𝑗𝑇
𝑝(𝑠)𝑒𝑠𝑡𝑑𝑠

ℒ
⟺ 𝑝(𝑠) =∫

∞

−∞
𝑝(𝑡)𝑒𝑠𝑡𝑑𝑡, (2.21)

where 𝑠 is called the Laplace variable. By restricting 𝑠 to the imaginary axis of the complex
plane, the Laplace transform is equivalent to the Fourier transform. In the Laplace domain, it
appears that the time derivation and time integration operators become multiplications and
divisions by 𝑠 respectively

𝜕𝑝(𝑡)
𝜕𝑡

ℒ
⟺ 𝑠𝑝(𝑠) (2.22)

∫
𝑡

−∞
𝑝(𝑡′)𝑑𝑡′

ℒ
⟺

𝑝(𝑠)
𝑠

. (2.23)
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n𝑝𝑖

𝜙𝑖

𝑝𝑟

𝜙𝑟
𝑍𝑠

v0

Figure 2.1: Plane wave hitting a surface in a uniform flow

With this knowledge, the wave equations can be transformed into the Helmholtz equations.
The wave equation (2.18) in a homogeneous medium with no ambient flow becomes

∇2𝑝+𝑘2𝑝 = 0, (2.24)

where 𝑘 = 𝜔/𝑐 = 2𝜋/𝜆 is the wavenumber and 𝜆 is the wavelength. In an inhomogeneous
medium without ambient flow, equation (2.19) becomes

𝜌∇ ⋅ (
1
𝜌
∇𝑝)+𝑘2𝑝 = 0. (2.25)

And in a homogenous medium with an ambient flow, equation (2.20) becomes

∇2𝑝−(M0 ⋅∇)2𝑝−2𝑗𝑘M0 ⋅∇𝑝+𝑘2𝑝 = 0, (2.26)

whereM0 = v0/𝑐 is the Mach number.

2.1.4 Impedance Boundary Condition

When a sound wave interacts with a boundary, (e.g., an absorbing material or a resonant
membrane), its propagation will be affected by the specific impedance of this boundary. The
specific impedance 𝑍𝑠(𝑠) (the subscript 𝑠 is used to denote a specific quantity throughout this
thesis) is defined as the ratio between the acoustic pressure 𝑝 and the normal inwards acoustic
particle velocity −n ⋅v

𝑍𝑠(𝑠) ∶=
𝑝

−n ⋅v
=𝑅𝑠(𝑠)+𝑋𝑠(𝑠), (2.27)

where n is the unit vector pointing outwards normal to the surface, 𝑅𝑠 and 𝑋𝑠 are the real
and imaginary parts of the impedance and are called the specific resistance and the specific
reactance respectively. The impedance boundary condition imposes that the pressure field
on the boundary satisfies [25], [26]

n ⋅∇𝑝+𝑗𝑘
𝜌𝑐
𝑍𝑠

⎛
⎜⎜
⎝
1−

k ⋅M0

𝑘⏟⏟⏟⏟⏟⏟⏟
𝑀0 sin𝜙𝑖

⎞
⎟
⎠
𝑝 = 0. (2.28)

Let us consider a planewave𝑝𝑖(r) impinging at an angle𝜙𝑖 aboundarywith specific impedance
𝑍𝑠 homogeneous along the boundary, as illustrated in figure 2.1. The reflected wave 𝑝𝑟(r) is

9
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v0

x

y

zhard wall

Figure 2.2: Geometry of the infinite duct with uniform axial flow (source: [20])

propagating with the same angle 𝜙𝑟 as the incident wave. The reflection coefficient is the ratio
of both complex amplitudes on the boundary and is

Γ =
𝑝𝑟
𝑝𝑖

=
𝑍𝑠 cos(𝜙𝑖)−𝜌𝑐(1−𝑀0 sin𝜙𝑖)2

𝑍𝑠 cos(𝜙𝑖)+𝜌𝑐(1−𝑀0 sin𝜙𝑖)2
. (2.29)

The absorption coefficient is the ratio of absorbed power compared to the incident power, and
thanks to the fact that the reflected angle is the same as the incident one, it is expressed as

𝛼 =
|I𝑖|− |I𝑟|

|I𝑖|
= 1− |Γ|2 , (2.30)

where I𝑖 is the intensity of the incident field, and I𝑟 is the intensity of the reflected field. The
sound intensity Iwith an ambient flow is the difference in energy flux with and without the
acoustic perturbation and can be found as [14], [20], [27]

I=ℜ{(𝑝+𝜌v0 ⋅v)(v+
v0
𝜌𝑐2

𝑝)}, (2.31)

where 𝑧 denotes the complex conjugate of the complex number 𝑧. Without flow, the acoustic
intensity simplifies to the well-known expression [22]

𝐼 = ℜ{𝑝v} . (2.32)

2.1.5 The Special Case of a 2D Duct with Flow

Let us consider the case of a hard-walled duct with uniform axial flow v0 = [𝑐0𝑀𝑥 0 0]
𝑇

along the x-axis as shown in figure 2.2. Under these conditions, equation (2.26) becomes [20],
[28], [29]

(∇2
𝑦𝑧+(1+𝑀 2

𝑥 )
𝜕2

𝜕𝑥2
−𝑗𝑘𝑀𝑥

𝜕
𝜕𝑥

+𝑘2)𝑝(r) = 0, (2.33)

where ∇2
𝑦𝑧 = 𝜕2𝑦 +𝜕2𝑧 is the laplacian operator on the transverse coordinates. By separating the

axial and transversal variables, we find the solutions of this equation in the form

𝑝±(r) = 𝐴± exp(−𝑗𝑘±𝑥 )𝐸𝑦𝑧(𝑦,𝑧), (2.34)

10



2.2 Passive Sound Absorption

where 𝑝+ and 𝑝− are forward and backward propagating waves of amplitude 𝐴+ and 𝐴− and of
axial wavenumber𝑘+𝑥 and𝑘−𝑥 respectively, and𝐸𝑦𝑧(𝑦,𝑧) is themode shape. Both the transverse
wavenumbers 𝑘𝑦 and 𝑘𝑧, and their associated mode shapes 𝐸𝑦𝑧 are given by the solutions of

(∇2
𝑦𝑧+𝑘2𝑦 +𝑘2𝑧)𝐸𝑦𝑧(𝑦,𝑧) = 0, (2.35)

which are also respecting the boundary conditions. The solution for 𝑘±𝑥 for each mode can
then be found with

𝑘±𝑥 =
±𝛽−𝑀𝑥

1−𝑀 2
𝑥
𝑘, (2.36)

where

𝛽 =√1−(1−𝑀 2
𝑥 )
𝑘2𝑦 +𝑘2𝑧
𝑘2

. (2.37)

The axial velocities 𝑣+𝑥 and 𝑣−𝑥 corresponding to the forward and backward waves are

𝑣±𝑥 (r) =
−𝑝±(r)
𝜌𝑐

(
±𝛽−𝑀𝑥

±𝛽𝑀𝑥−1
), (2.38)

leading to the forward and backward wave intensities above cut-off (i.e., 𝛽 ∈ ℝ)

𝐼±𝑥 =±
|𝐴±|2

2𝜌𝑐
𝛽(

1−𝑀 2
𝑥

1−𝛽𝑀𝑥
)
2

. (2.39)

It is noticeable that for𝑀𝑥 ≠ 0, the forward and backward intensities are not the same even
though the pressure waves have the same amplitude 𝐴±.

Another interesting result obtained by Tester [25] is the optimal impedance the wall of this
duct must present to show optimal attenuation. Without flow, the optimal specific impedance
is

𝑍𝑠,opt(𝑗𝜔) = (0.929−𝑗0.744)
𝜔ℎ
𝜋𝑐

𝜌𝑐 (2.40)

for a two-dimensional duct of heightℎ. For a circular duct of radius 𝑎without flow, the optimal
impedance is

𝑍𝑠,opt(𝑗𝜔) = (0.88− 𝑗0.38)
𝜔𝑎
𝜋𝑐

𝜌𝑐. (2.41)

With flow, the optimal impedance becomes

𝑍𝑠,opt(𝑗𝜔)|𝑀𝑥
=
𝑍𝑠,opt(𝑗𝜔)|𝑀𝑥=0

(1+𝑀𝑥)2
. (2.42)

In practice, this optimal impedance can serve as a starting point but is not the optimum
because of the finite length of the treatment.

2.2 Passive Sound Absorption

In an aircraft engine application, the goal is to use absorption to remove energy from the
acoustic field, thus reducing the emitted noise intensity. There exist two main types of passive
absorption: porous absorption and resonant absorption [30].
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Figure 2.3: Normal incidence absorption of melamine foam of different thicknesses on a rigid
backing

2.2.1 Porous Absorption

Porous absorbers typically consist of a network of interconnected pores, such as fibers, foam,
or mineral wool. This small porous structure enables two effects that so far were neglected in
the wave equations to occur: viscosity and thermal conduction [31], [32]. The boundary layer
of the acoustic perturbation in the air for audible frequencies is typically millimeter-sized, and
dissipation due to the viscosity of the air, therefore, occurs close to thewalls of the cavities. Also,
because the ratio of surface to volume of these absorbers is high, thermal conduction from
the air to the material is playing an important role and leads to energy dissipation too. For the
porous absorber to be efficient, its poresmust be interconnected andplaced at a positionwhere
the particle velocity is high. Because the particle velocity is low against a boundary (it is even
null for a perfectly hard wall), and maximum at a quarter wavelength away from it, a porous
absorber typically must extend to a quarter of wavelength thickness to be considered fully
absorbing and approximately a tenth of a wavelength to be significant. This means that 50mm
of foam will only be effective starting from around 700Hz under normal incidence. Figure 2.3
shows the normal incidence absorption coefficient for different thicknesses of melamine foam,
in which this typical highpass behavior of the absorption coefficient is observable. Also, with
the 53mm thick sample, it is indeed showing a decent absorption from 700Hz and above.

2.2.2 Resonant Absorption

It is also possible to take advantage of resonance to achieve absorption with dimensions much
smaller than with porous absorption. However, because of their resonant nature, these absor-
bers are not as broadband as porous absorbers and are only capable of absorption around their
resonance frequency. Their acoustical or mechanical resonance is a mass oscillating against a
spring and some damping. At the resonance frequency, the amplitude of the oscillations is
maximum and good dissipation can be achieved by placing porous absorbent at the location
where this maximum velocity happens. There are typically two common constructions of reso-
nant absorbers: Helmholtz and membrane absorbers. Helmholtz absorbers are typically built
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(b) Membrane absorber

Figure 2.4: Typical construction of two resonant absorbers
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Figure 2.5: Normal incidence absorption coefficient of a commercial membrane absorber
(source: [30])

by a cavity covered by one or more small openings with some absorbent material close to it.
Figure 2.4a shows a typical construction of such absorbers. In these absorbers, the resonance
is acoustic: the mass is the volume of air in the neck of the perforated plate, and the spring is
the compression of the air in the cavity. The porousmaterial is placed close to the neck because
it is there that the velocity is the highest. A membrane absorber is constructed by a membrane
close to some porous material, as depicted in figure 2.4b. Both the mass and the stiffness are
embedded in the membrane (in its mass density andYoung’s modulus). The measurement of
the normal incidence absorption coefficient of a commercially available membrane resonator
is plotted in figure 2.5 and is typical of the performance of any resonant absorber.

2.2.3 Passive Sound Absorption in Aircraft Engines

Conventionally, sound absorption is achieved in the nacelle of the aircraft engine by passive
resonant absorbers. These absorbers typically are Helmholtz resonators [9], [33], [34]. A Single-
Degree-Of-Freedom (SDOF) liner consists of a honeycomb structure sandwiched between a
rigid backplate and a porous face sheet with a perforated plate, as shown in figure 2.6a, or with
an absorbent material instead of the honeycomb structure, as shown in figure 2.6b. Because it
is a resonant absorber, it will only absorb frequencies close to its resonance and is therefore
tailored to target the main frequencies of the noise. It is possible to stack multiple layers of
honeycomb and perforated plates to absorb typically two or three different frequencies. Figure
2.6c shows the construction of a Double-Degree-Of-Freedom (DDOF) These liners are placed
at the intake of the engine, close to its fan, as shown in figure 2.7.
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(a) SDOF liner (b) Bulk liner

(c) DDOF liner

Figure 2.6: Typical construction of Single-Degree-Of-Freedom (SDOF), bulk and Double-
Degree-Of-Freedom (DDOF) acoustic liners (source: [33])

Figure 2.7: Placement of a Single-Degree-Of-Freedom(SDOF) liner in anaircraft engine (source:
[35])
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2.3 Hybrid Passive/Active Absorption

Figure 2.8: Averaged SPL of allmicrophones separated into tonal (rotor-locked) and broadband
(fluctuating) components in a Ultra-High Bypass Ratio (UHBR) engine (source: [36])

With increasing fan diameters and bypass ratio, the tonal noise becomes more and more
prominent. If an emitted frequency from the engine is not falling on a resonance of the
acoustic liner, it will not be attenuated. This means that even if the liner is well-tuned for a
given engine configuration, e.g., at takeoff, it will not be for another configuration, e.g., at
approach. Furthermore, a typical sound spectrum of an aircraft engine, as shown in figure
2.8, contains multiple frequencies [36]. The spectrum is typically separated into the two
components that are shown in figure 2.8 [37]. The rotor-locked component is the contribution
to the total sound field which is synchronous to the rotor and the most tonal. The fluctuating
part is the difference between the total SPL and the rotor-locked contribution. The challenge is
therefore to design a liner capable of achieving a given impedance on a large frequency band
and over a large range of engine operating conditions. It is therefore of interest to develop
an active acoustic liner for it is tuneable and adaptable to the different phases of the flight
and emitted sound spectra. There exist different architectures that achieve active impedance
control. These are discussed in the following section.

2.3 Hybrid Passive/Active Absorption

As stated before, a porous absorber will be the most effective where the particle velocity is the
highest, meaning that the absorption will be efficient when the distance between the porous
layer and the rigid wall behind it is a quarter of a wavelength. From equation (2.9), it can be
observed that at a maximum of velocity, ∇ ⋅v = 0, the pressure is zero. If one can artificially
create a zero of the pressure right behind a layer of porous absorbent, its absorption properties
would be maximized. This zero in the acoustic pressure can be achieved with Active Noise
Cancellation (ANC) techniques and was first presented in [38], [39]. Such a device would look
like the one illustrated in figure 2.9.

However, because the impedance of the absorber will be the same as the porous layer, this kind
of device is neither tuneable nor adaptable. Also, because the impedance of a porous material
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Figure 2.9: A hybrid passive/active absorber

is mostly real, it is not suitable for attenuation under grazing incidence in ducts, for which
the target impedance contains a significant reactive term. Nevertheless, because this design
relies on active noise cancellation behind the porous layer, there is no requirement for a large
membrane displacement as for other designs. It is, therefore, possible to use a piezoelectric
actuator instead of an electrodynamic one, which is much more lightweight, as has been done
in [38].

2.4 Active Electroacoustic Absorption

An electrodynamic loudspeaker can also be considered a membrane absorber and is, therefore,
a candidate to implement active impedance control. Indeed, it ismade of amovingmembrane,
composed of the diaphragm and the dome (acting as the mass) suspended by a suspension
and a spider (playing the role of the spring) to the rigid frame, also called the basket. But
it is more than just a regular membrane absorber: it can be electrically actuated. There is a
voice coil attached to the membrane, that is free to move vertically in the air gap of a magnet.
Any current flowing in the coil will result in a force applied on the coil and the membrane.
To have good efficiency and linearity, the air gap must be narrow, leading to some damping
of the oscillator. Figures 2.10a and 2.10b show a typical construction of an electrodynamic
loudspeaker.

Active electroacoustic absorption consists in modifying the natural resonant behavior of an
electrodynamic loudspeaker to achieve a desired target impedance on its membrane. To better
understand the different state-of-the-art designs for active impedance control, let us first
introduce an analytical model of the electrodynamic loudspeaker [22].

2.4.1 Model of the Electrodynamic Loudspeaker

The different parameters describing the model of the speaker are called the Thiele-Small
parameters [41] and are summarized in table 2.1.

We identify four different forces acting on the membrane: the acoustic pressure in front and
behind the membrane 𝑝𝑓 and 𝑝𝑏 respectively, the Lorentz force from the current 𝑖 flowing in
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(a) Open view (source: [40])
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(b) Schematic view

Figure 2.10: Typical construction of an electrodynamic loudspeaker

Table 2.1: Thiele-small parameters

Parameter Units Description
𝑆𝑑 m2 Equivalent piston area
𝑅𝑚𝑠 Nsm−1 Mechanical resistance (damping) of the driver
𝑀𝑚𝑠 kg Moving mass (diaphragm and voice-coil)
𝐶𝑚𝑠 mN−1 Mechanical compliance of the driver
𝑅𝑒 𝛺 Electrical resistance of the voice coil
𝐿𝑒 H Electrical inductance of the voice coil
𝐵𝑙 Tm Force factor of the voice coil
𝜉max m Maximum linear displacement
𝑃𝑛 W Rated power
𝜔𝑠 rads−1 Resonance angular frequency 1/√𝑀𝑚𝑠𝐶𝑚𝑠
𝑄𝑚𝑠 - Mechanical quality factor 𝑅−1

𝑚𝑠√𝑀𝑚𝑠/𝐶𝑚𝑠
𝐹 PaA−1 Coupling factor 𝐵𝑙/𝑆𝑑
𝑉𝑎𝑠 m3 Equivalent volume of air 𝜌𝑐2𝑆2𝑑𝐶𝑚𝑠
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the coil, the callback force from the spring and the damping force resisting motion. Newton’s
second law of motion for the membrane of the loudspeaker is written

𝑀𝑚𝑠
𝜕2𝜉(𝑡)
𝜕𝑡2

= 𝑆𝑑 (𝑝𝑓(𝑡)−𝑝𝑏(𝑡))−𝐵𝑙𝑖(𝑡)−𝑅𝑚𝑠
𝜕𝜉(𝑡)
𝜕𝑡

−
𝜉(𝑡)
𝐶𝑚𝑠

, (2.43)

where 𝜉 is the position of the membrane, counted positively when pushed into the speaker, 𝐵
is the mean induction field in the gap and 𝑙 is the length of the coil (such that 𝐵𝑙 is the force
factor). Subscript𝑚 on the quantities indicates that it is a mechanical quantity, linking a force
and a velocity together. The voice coil of the speaker is modeled by a series of an inductance
𝐿𝑒 and electrical resistance 𝑅𝑒

𝑢(𝑡) = 𝐿𝑒
𝜕𝑖(𝑡)
𝜕𝑡

+𝑅𝑒𝑖(𝑡)−𝐵𝑙
𝜕𝜉(𝑡)
𝜕𝑡

, (2.44)

where 𝑢(𝑡) is the voltage on the terminals of the coils, and −𝐵𝑙𝑣 is the induced voltage from
the motion of the voice coil. Note that the signs of the current 𝑖 and the voltage 𝑢 depend on
the convention used for the loudspeaker polarity. Reversing the polarity has as a consequence
the flipping of the sign of the force factor 𝐵𝑙. The subscript 𝑒 indicates that the concerned
quantities are electrical, and are linking a voltage and a current together. In practice, the value
of 𝐿𝑒 is not constant but increases with higher frequencies because the distribution of the
induced eddy currents in the pole pieces of the driver will distribute closer to the surface with
increasing frequency. Different advanced models exist for modeling this behavior [42], [43],
but for simplicity, the 𝐿𝑒 is approximated by a constant in this project.

Typically, a loudspeaker is mounted on a box of volume𝑉𝑏 to avoid interference between the
front and rear radiated fields. For frequencies smaller than the first resonances of the box, i.e.,
wavelengths smaller than the cabinet dimensions, the rear enclosure can be modeled by a
spring: the main phenomenon is the compression of the air trapped in the box

𝑆𝑑𝑝𝑏(𝑡) =
𝜉(𝑡)
𝐶𝑚𝑏

, (2.45)

where 𝐶𝑚𝑏 =𝑉𝑏/(𝑆2𝑑𝜌𝑐
2) is the mechanical compliance of the enclosure. Equation (2.45) can

be embedded into equation (2.43) to eliminate the rear pressure 𝑝𝑏 and create the combined
compliance 𝐶𝑚𝑐 parameter

⎡
⎢⎢⎢
⎣

𝑀𝑚𝑠
𝜕2

𝜕𝑡2
+𝑅𝑚𝑠

𝜕
𝜕𝑡

+ (
1

𝐶𝑚𝑠
+

1
𝐶𝑚𝑏

)
⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟

𝐶−1
𝑚𝑐

⎤
⎥⎥⎥
⎦

𝜉(𝑡) = 𝑆𝑑𝑝𝑓(𝑡)−𝐵𝑙𝑖(𝑡). (2.46)

In the frequency domain, equations (2.43), (2.44) and (2.45) can be written in terms of the
velocity of the membrane 𝑣 = 𝜕𝜉/𝜕𝑡

(𝑍𝑚𝑠(𝑠)+
1

𝑠𝐶𝑚𝑐
)𝑣(𝑠) = 𝑆𝑑𝑝𝑓(𝑠)−𝐵𝑙𝑖(𝑠) (2.47)

𝑢(𝑠) = 𝑍𝑒(𝑠)−𝐵𝑙𝑣(𝑠) (2.48)
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𝑝𝑓

Figure 2.11: Block diagram of a current-driven electrodynamic loudspeaker mounted on a
cabinet

𝑣 𝑅𝑠𝑠 𝑀𝑠𝑠
𝐶𝑠𝑐

𝐵𝑙𝑖
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𝑝𝑓 −𝐵𝑙𝑣

𝑅𝑒 𝐿𝑒 𝑖

𝑢

Figure 2.12: Equivalent circuit of an electrodynamic loudspeaker

𝑆𝑑𝑝𝑏(𝑠) =
𝑣(𝑠)
𝑠𝐶𝑚𝑏

, (2.49)

where 𝑍𝑒 =𝑅𝑒+𝑠𝐿𝑒 is the electrical impedance and

𝑍𝑚𝑠(𝑠) = 𝑠𝑀𝑚𝑠+𝑅𝑚𝑠+
1

𝑠𝐶𝑚𝑠
=𝑅𝑚𝑠

𝑠2+𝑠𝜔𝑠/𝑄𝑚𝑠+𝜔2
𝑠

𝑠𝜔𝑠/𝑄𝑚𝑠
(2.50)

is the mechanical impedance. The combined mechanical impedance is

𝑍𝑚𝑐(𝑠) ∶= 𝑍𝑚𝑠(𝑠)+1/(𝑠𝐶𝑚𝑏) = 𝑠𝑀𝑚𝑠+𝑅𝑚𝑠+
1

𝑠𝐶𝑚𝑐
=𝑅𝑚𝑠

𝑠2+𝑠𝜔0/𝑄𝑚𝑐+𝜔2
0

𝑠𝜔0/𝑄𝑚𝑐
. (2.51)

From equation (2.51), it appears now obvious that the speaker is a resonant absorber with
resonance angular frequency 𝜔0 = 1/√𝑀𝑚𝑠𝐶𝑚𝑐 and quality factor𝑄𝑚𝑐 =𝑅−1

𝑚𝑠√𝑀𝑚𝑠/𝐶𝑚𝑐. A
block diagram of a current-driven loudspeaker, corresponding to equations (2.47) and (2.49),
is given in figure 2.11.

It is possible to model equations (2.47), (2.48) and (2.49) by the equivalent electrical circuit of
figure 2.12 in which the acoustic pressure is represented by a voltage and the acoustic particle
velocity by a current. The specific quantities, linking the acoustic pressure and the acoustic
particle velocity in this circuit are denoted with subscript 𝑠. The specific impedance of the
speaker is

𝑍𝑠𝑠 =
𝑝𝑓−𝑝𝑏

𝑣
|||𝑖=0

=
𝑍𝑚𝑠

𝑆𝑑
= 𝑠𝑀𝑠𝑠+𝑅𝑠𝑠+

1
𝑠𝐶𝑠𝑠

, (2.52)

and the combined specific impedance as

𝑍𝑠𝑐 =
𝑝𝑓
𝑣
|||𝑖=0

=
𝑍𝑚𝑠+1/(𝑠𝐶𝑚𝑏)

𝑆𝑑
= 𝑠𝑀𝑠𝑠+𝑅𝑠𝑠+

1
𝑠𝐶𝑠𝑐

. (2.53)

This section will later present different state-of-the-art designs for active impedance control
Numerical studies will be presented to highlight the problematic phenomena. These simu-
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Table 2.2: Parameters of the absorber for numerical simulations

Parameter Symbol Value
Specific resistance 𝑅𝑠𝑠 567.8Pasm−1

Specific mass 𝑀𝑠𝑠 969.7 gm−2

Combined specific compliance 𝐶𝑠𝑐 0.1310µmPa−1

Cabinet specific compliance 𝐶𝑠𝑏 0.1657µmPa−1

Force factor 𝐵𝑙 0.6375Tm
Effective piston area 𝑆𝑑 25.00 cm2

Coupling factor 𝐹 255.0PaA−1

Mechanical Q factor 𝑄𝑚𝑐 4.792
Resonant frequency 𝑓0 446.5Hz

Table 2.3: Three considered target impedances parameters (scalar for SDOF, vector for DDOF)

Target 𝑅𝑠𝑡/𝜌𝑐 𝜔𝑡/(2𝜋) 𝑄𝑡
SDOF 1 1 kHz 7
Broadband 1 447Hz 0.5
DDOF [1,1] [200Hz,1kHz] [7,7]

lations are done with the parameters of the speaker reported in table 2.2. Different target
impedances are compared with different control methods in this chapter: a SDOF resonator
whose resonance is shifted compared to the passive one, a broadband SDOF resonator cen-
tered at the passive resonance, and a DDOF resonator with two distinct shifted resonances.
The target impedance is defined according to

𝑍𝑠𝑡(𝑠) = (
𝑁
∑
𝑛=1

1
𝑅𝑠𝑡,𝑛

𝑠𝜔𝑡,𝑛/𝑄𝑡,𝑛

𝑠2+𝑠𝜔𝑡,𝑛/𝑄𝑡,𝑛+𝜔2
𝑡,𝑛
)
−1

, (2.54)

where 𝑁 is the number of degrees of freedom, 𝜔𝑡,𝑛 are the different resonance frequencies,
and 𝑅𝑠𝑡,𝑛 and𝑄𝑡,𝑛 are the target resistances and quality factors of each resonance. Different
realizations of the target impedance could also be considered, but the rest of this thesis will
consider the form of equation (2.54) without loss of generality. The target impedances for
each considered target are reported in table 2.3.

2.4.2 Direct Impedance Control

The first attempt at direct impedance control was presented by Olson and May and was called
“Electronic Sound Absorber” [44]. Its realization is shown in figure 2.13a. It consists of a
microphone placed in front of the loudspeaker that it is driving through an amplifier of gain
𝐺𝑝. The achieved specific impedance on the membrane of the absorber with this setup is

𝑍𝑠𝑎 = (𝑍𝑠𝑐+
(𝐵𝑙)2

𝑆𝑑𝑍𝑒
)(1−

(𝐵𝑙)2

𝑆𝑑𝑍𝑒

𝐺𝑝

𝐵𝑙
)
−1

, (2.55)

where one can notice that (𝐵𝑙)2/(𝑆𝑑𝑍𝑒) is the electrical impedance seen from the acoustic
domain.

It is possible to improve this design and along with the gain from the measured pressure,
add another gain from the measured velocity of the membrane, using, e.g., a laser Doppler
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(a) First concept of active electroacoustic absorber
from Olson and May [44]

𝑣

𝑝𝑓

Vibrometer

+
+

𝐺𝑝

𝐺𝑣

𝑣 𝑢

(b) Improvement of the design of Olson and May
with a constant gain from the velocity signal

Figure 2.13: Eearly designs for direct impedance control

vibrometer [45], as shown in figure 2.13b. The voltage driving the loudspeaker is then 𝑢 =
𝐺𝑝𝑝+𝐺𝑣𝑣 and the achieved impedance

𝑍𝑠𝑎 = (𝑍𝑠𝑐+
(𝐵𝑙)2

𝑆𝑑𝑍𝑒
(1+

𝐺𝑣

𝐵𝑙
))(1−

(𝐵𝑙)2

𝑆𝑑𝑍𝑒

𝐺𝑝

𝐵𝑙
)
−1

. (2.56)

This last equation shows that if both 𝐺𝑝 and 𝐺𝑣 are constant gains, it is not possible to modify
the resonance of the absorber. The achieved impedance is still a single degree of freedom
oscillator with the same resonance frequency. Its achieved resistance and quality factor are
respectively

𝑅𝑠𝑎 = (𝑅𝑠𝑠+
(𝐵𝑙)2

𝑆𝑑𝑅𝑒
(1+

𝐺𝑣

𝐵𝑙
))(1−

(𝐵𝑙)2

𝑆𝑑𝑅𝑒

𝐺𝑝

𝐵𝑙
)
−1

(2.57)

and

𝑄𝑎 = (𝑅𝑠𝑠+
(𝐵𝑙)2

𝑆𝑑𝑅𝑒
(1+

𝐺𝑣

𝐵𝑙
))

−1
√𝑀𝑠𝑠

𝐶𝑠𝑐
. (2.58)

In practice, the usage of a vibrometer is impossible for an aircraft liner design for two reasons.
First, the cost of such a device is in the order of hundreds of thousands of dollars. Secondly,
it stands in front of the speaker, rendering the absorber incompatible with the compactness
constraints. Velocity sensing can also be achieved through the use of a second coil on the
speaker to sense the induced voltage on it, proportional to the membrane velocity [46], [47].
This comes at the cost of increased damping and moving mass, effectively setting the passive
behavior of the absorber further away from a typical low resistance and broadband target,
making it more difficult to achieve it.

2.4.3 Feedback Control

When the model of the actuator is unknown, or prone to substantial uncertainty, it is still
possible to build an absorber by using a microphone recording the pressure acting on its
membrane and some other sensor allowing the real-time estimation of the membrane velocity
[30], [48]. Such a sensor can typically be an accelerometer fixed on the speaker diaphragm
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𝑣

𝑝𝑓
𝐻(𝑠)

Controller

𝑝𝑓

𝑖

Figure 2.14: Hybrid sensor-/shunt-based impedance control (feedforward control)

[49], two closely placed microphones [50], two microphones separated by a layer of porous
material of known resistivity [51] or a secondary sensing coil of the speaker [46]. From the
pressure, it is possible to calculate the required velocity to meet the target impedance. The
difference between the target velocity and the actual one makes the error signal, which a
feedback controller can minimize. But because the design relies on an error signal to actuate
the transducer, there will always be some discrepancies between the target and the achieved
impedances. In practice, these designs are not compatible with the compactness requirement
for aircraft engine integration or the different typical targets: an accelerometer is not feasible
on a small loudspeaker membrane (typically 5 cm wide), placing two microphones in front
of it is either not compact or not accurate for low frequencies (at which the wavelength is
much bigger than the distance between the microphones) and a secondary coil will add an
unacceptable moving mass and damping to the impedance of the speaker.

Oneway to get rid of this residual error signal is to train an adaptive controller such as a filtered-
x Least Mean Squares (LMS) algorithm [30] to make the controller converge to the appropriate
transfer function. When the performance is satisfactory, i.e., the residual error is small enough,
the adaptation is disabled and the control transfer function does no longer evolve. This leads
to the direct impedance control method presented in [45], except that instead of relying on
the model of the transducer, the adaptive algorithm automatically converges to it.

2.4.4 Hybrid Sensor-/Shunt-Based Impedance Control

Instead of controlling the loudspeaker in voltage, it is a good idea to instead control the current
flowing into it using a voltage-controlled current source [18]. By doing so, the electrical part
of the model of figure 2.12 must no longer be considered. Indeed, the driving force on the
membrane is directly proportional to the current flowing in the coil. A voltage-controlled
current source a device can be, e.g., a Howland Current Pump (HCP) [52], of which a detailed
schematic is provided in appendix A. The idea behind hybrid sensor-/shunt-based impedance
control presented in [18] is to replace the amplifier gain 𝐺𝑝 in equation (2.55) by a smarter
control transfer function 𝐻(𝑠) enabling a wider range of target impedances, and to control
the electrodynamic actuator in current. An illustration of this absorber design is shown in
figure 2.14. However, the derivation of the control transfer function requires the model of the
actuator. Because the control relies on the knowledge of the transducer to calculate in advance
the proper current signal, this design can also be understood as a feedforward control.
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The achieved impedance of such a design given a controller𝐻(𝑠) is

𝑍𝑠𝑎(𝑠) =
𝑍𝑠𝑐(𝑠)

1−𝐹𝐻(𝑠)
, (2.59)

where𝐹 is definedas𝐵𝑙/𝑆𝑑. This last equation canbe inverted to express the required controller
as a function of the target impedance 𝑍𝑠𝑡

𝐻(𝑠) =
1
𝐹
(1−

𝑍𝑠𝑐(𝑠)
𝑍𝑠𝑡(𝑠)

) , (2.60)

in which 𝑍𝑠𝑡(𝑠) can be any impedance of any order, as long as it results in a stable absorber.

With an ideal controller, the target is perfectly achieved, but in practice, the controller cannot
be considered ideal. First, because the controller requires the model of the transducer, its
parameters must be estimated and will contain some uncertainty. Secondly, because of its
digital nature, it will present an Input-Output (I/O) latency consisting of the sum of:

• half a sampling time because of the sampled nature of the signals, typically 3µs to 10µs,

• Analog to Digital Conversion (ADC) time, typically 0.1µs to 5µs,

• processing time: depends on the computation load for a microcontroller and typically
less than 1µs for implementation on a Field-Programmable Gate Array (FPGA) (cannot
be larger than the sampling time),

• Digital to Analog Conversion (DAC) time, typically 1µs to 10µs,

which add up to a total I/O latency of typically 5µs to 30µs. When a I/O latency 𝜏 is introduced
in the control transfer function such that

𝐻𝑟(𝑠)←𝐻𝑟(𝑠)exp(−𝑗𝜔𝜏) 𝐻ℎ𝑐𝑝(𝑠)←𝐻ℎ𝑐𝑝(𝑠)exp(−𝑗𝜔𝜏) , (2.61)

the achieved impedances and absorption coefficients can significantly deviate from the target
[53]. This achieved impedance of the feedforward controller is given in figure 2.15a for a
controller with a small I/O latency of 4.25µs, and in figure 2.15b for a larger latency of 30µs.
In these two figures, it is visible that the feedforward controller performs well with a small
latency and the achieved impedance is close to the target one, but with a larger delay, it is no
longer accurate at the passive resonance of the speaker, around 450Hz. This inaccuracy of the
achieved impedance reflects on the achieved absorption coefficients which can be observed
to be negative around the passive resonance in figure 2.15d whereas it remains positive with a
small latency, shown in figure 2.15c.

It is important to notice that equation (2.60) requires the model of the loudspeaker to be
controlled. The required parameters are 𝑀𝑠𝑠, 𝑅𝑠𝑠, 𝐶𝑠𝑐 and 𝐹. They are usually given by the
manufacturer of the driver but typically can vary by more than 10% from one driver to another.
Also, the contribution of the box in the combined compliance is not a property of the driver
itself. It is therefore important to estimate each absorber individually. They can be estimated
using a laser Doppler vibrometer and amicrophone tomeasure themembrane velocity and the
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Figure 2.15: Theoretically achieved impedance and normal incidence absorption for the SDOF
target with a feedforward controller, and with different Input-Output (I/O) latencies
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Figure 2.16: Monte-Carrlo simulations of the feedforward control for the different considered
targets. First and third quartiles of the achieved absorption coefficientwith 105 random relative
errors of 10% standard deviation on the four estimated parameters. Half of all the simulated
results fall in the shaded regions (first and third quartiles)
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pressure acting on it respectively. More details about a state-of-the-art estimation method are
given in section 2.4.6, and an original more rigorous and accurate method is given in chapter 4.

Any error in the model or the estimation of its parameters will affect the achieved impedance.
In this paragraph, a numerical sensitivity analysis is shown for the three different control targets
of table 2.3, which consists in evaluating 105 times the achieved normal incidence absorption
coefficient 𝛼𝑎, with random Gaussian deviations of 10% on the estimated parameters �̂�𝑠𝑠, �̂�0,
�̂�𝑚𝑠, �̂� and ̂𝐶𝑠𝑏. This value of standard deviation is chosen because the parameters of the ab-
sorbers typically deviate by 10% from the datasheet values (see, e.g., table 3.1). The absorption
coefficient 𝛼𝑎, defined as the ratio between absorbed and incident power, lies between 0 and 1
for acoustically passive systems, whereas it is negative if the system is acoustically active (for
which energy is injected in the acoustic domain instead of being absorbed). It is calculated
from the achieved impedance 𝑍𝑠𝑎(𝑠) as

𝛼𝑎(𝑠) = 1−
||||
𝑍𝑠𝑎(𝑠)−𝜌𝑐
𝑍𝑠𝑎(𝑠)+𝜌𝑐

||||

2
, (2.62)

where 𝑍𝑠𝑎, the achieved impedance evaluated according to equation (2.59). At every simulated
frequency, the valuesof thefirst and the thirdquartiles of the absorption coefficient are reported
in figure 2.16a, 2.16b, and 2.16c for each considered target. In these figures, it is observable
that the absorption coefficient with this absorber design can deviate far away from the target.
It can even reach negative values around the passive resonance of the actuator, which is likely
to cause stability issues. Indeed, with a negative absorption coefficient, the reflected wave
carries more energy than the incident one, which can lead to energy build-up, or in other
words, instability. Negative absorption coefficients are especially problematic when many
active absorbers are placed in a confined environment (such as an active liner), in which
very little energy is dissipated but a large number of active absorbers generates too much
energy. Typically, the stability limits of such absorbers are assessed by trial and error. Chapter 7
rigorously presents the stability limits of this active absorber design.

2.4.5 Shunt-BasedMethods

To modify the passive impedance the loudspeaker presents (𝑍𝑠𝑐), one simple solution is to load
its voice coil by a tailored electrical shunt impedance𝑍𝑠ℎ [45], [54]. The great advantage of such
an absorber is that it only contains passive elements, which guarantees that the absorber will
remain passive (i.e., it is incapable of injecting energy in the acoustic domain). However, with
a purely passive shunt impedance, it is not possible to reduce the damping of the loudspeaker.
Nevertheless, there exist means to create negative electrical resistance by using, e.g., a negative
impedance converter [55], [56], but they no longer guarantee a stable behavior.

Although these types of absorbers are mechanically robust and cheap to build, they are not
field-programmable. Indeed, if the target impedance should change, it would require that the
absorber is opened and that its whole electrical shunt is replaced, or at least its components.
With a digitally controlled synthetic shunt, this design becomes tuneable [57]. There exist
different ways to implement a digitally controlled synthetic shunt: either by taking advantage
of a known reference resistance [58] or by using a voltage-controlled current source such as a
HCP [52], [57]. Figures 2.17a and 2.17b show the implementation of a shunt using a reference
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Figure 2.17: Two possible architectures for a digitally controlled shunt impedance

resistance or a current pump respectively. The transfer functions running on the controller
that will achieve a target absorber impedance 𝑍𝑠𝑡 are respectively

𝐻𝑟(𝑠) = 1−
𝑅𝑟𝑒𝑓
𝑍𝑠ℎ(𝑠)

= 1−𝑅𝑟𝑒𝑓 (
(𝐵𝑙)2

𝑆𝑑 (𝑍𝑠𝑡(𝑠)−𝑍𝑠𝑐(𝑠))
−𝑍𝑒(𝑠))

−1

(2.63)

and

𝐻ℎ𝑐𝑝(𝑠) =
−1

𝐺ℎ𝑐𝑝𝑍𝑠ℎ(𝑠)
=

−1
𝐺ℎ𝑐𝑝

(
(𝐵𝑙)2

𝑆𝑑 (𝑍𝑠𝑡(𝑠)−𝑍𝑠𝑐(𝑠))
−𝑍𝑒(𝑠))

−1

, (2.64)

for an impelementation with the reference resistance or with the HCP, where 𝐺ℎ𝑐𝑝 = 𝑖𝑜𝑢𝑡/𝑣𝑜𝑢𝑡
is the transconductance of the HCP.

For this control architecture too, an ideal controller can perfectly reach the target impedance.
However, with even a small latency of 4.25µs, the achieved impedances and absorption co-
efficients significantly deviate from the target [53], as can be seen in figures 2.18a and 2.18c,
which compare the achieved target impedances and absorption coefficient for the SDOF target.
With a larger delay of 30µs, more representative of a microcontroller implementation, the
shunt controller fails to even modify the passive behavior, as shown in figures 2.18b and 2.18d.
This design is therefore not well suited for digital control in the aircraft engine environment
because it lacks robustness.

2.4.6 Estimation of theThiele-Small Parameters of the Loudspeaker

Many of the presented active electroacoustic sound absorption methods presented above
require the model of the loudspeaker, if not necessarily for generating a controller, at least
to know what is the achieved impedance. Conventionally, the Thiele-Small parameters of an
electroacoustic loudspeaker are estimated using standard methods consisting of measuring
the input electric impedance of the speaker mounted on a standard baffle in an anechoic
chamber [22], [59], [60]. These methods are however not satisfactory for estimating the model
of the transducer and using it in active electroacoustic absorption. Indeed, they rely on the
fact that the mechanical impedance of the speaker is also seen at the electric terminals of the
speaker by the electromotive coupling of the membrane and the coil. The problem is that the
transducer is also loaded by the radiation impedance that will also be seen at the terminals
[22]. The radiation impedance models the reaction of the air on the moving membrane, and
typically contains a resistive and reactive part. The resistive part represents the radiated power
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Figure 2.18: Theoretically achieved impedance and normal incidence absorption for the SDOF
target with an active shunt controller, and with different Input-Output (I/O) latencies
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that propagates away from the speaker and does not come back, and the reactive part is, in
first approximation, the inertia of the mass of air being moved by the diaphragm.

To overcome this issue, it is possible to estimate the parameters from the acoustic side instead
of from the electrical side [18]. The impedance presented by the absorber is measured with a
laser Doppler vibrometer or an impedance tube [61], and the three mechanical parameters
𝑅𝑠𝑠,𝑀𝑠𝑠, and 𝐶𝑠𝑐 are then obtained by fitting the measured impedance curve. To obtain the
force factor 𝐵𝑙, a second measurement is performed in which the electrical terminals of the
absorber are shorted. This short allows a current to flow in the voice coil, effectively increasing
the mechanical damping

𝑍𝑠𝑎(𝑠)|shorted = 𝑍𝑠𝑐(𝑠)+
(𝐵𝑙)2

𝑆𝑑𝑅𝑒
, (2.65)

when the inductance 𝐿𝑒 is neglected (i.e., 𝑅𝑒/𝐿𝑒 ≫𝜔0). From the increase in damping, it is
possible to retrieve the absolute value of 𝐵𝑙 provided that 𝑆𝑑 and 𝑅𝑒 are known. The sign of
𝐵𝑙 depends on the direction of the current: it is positive for a current flowing from positive to
negative terminals. Typically, 𝑅𝑒 can be measured in the Direct Current (DC) regime with a
multimeter and 𝑆𝑑 geometrically from the projected area of the membrane, or by taking the
datasheet values from the manufacturer.

2.5 Conclusion

This chapter has presented the fundamental acoustic notions required to understand sound ab-
sorption, with and without ambient flow. The overview of the passive absorption mechanisms
has shown that they are no longer suitable for sound absorption in new UHBR aircraft engines.
Active electroacoustic has been presented, as well as an analytical model of the loudspeaker
on which the remaining part of the thesis will rely. The presented designs of active sound
absorbers have all shown their limitations for embedding them in a turbofan engine, especially
regarding the accuracy of the achievable targets as well as their passivity and stability issues.
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3 Active Electroacoustic Liner for
Aircraft Noise Reduction

Active electroacoustic absorption has been shown in the previous chapter to be a promising
candidate for the noise reduction of turbofan aircraft engines. This chapter presents how
the hybrid sensor-/shunt-based (or feedforward) impedance control, the most appropriate
available candidate for this application, has been implemented in the construction of active
liners for aircraft noise reduction. The measurement results of these active liners will also
highlight the limitations of this technology and serve as a motivation for the following chapters
of the thesis.

3.1 Introduction

Active noise absorption for aircraft engine noise reduction applications has already been
attempted with a recent European project ENgine mOduleVALidators (ENOVAL) [14], devoted
to assessing a first iteration of an active electroacoustic liner concept in a duct flow facility. It
showed promising results from this technology, but also that many flaws must yet be solved.
The developed prototype in this study is pictured in figures 3.1a and 3.1b. This prototype was
designed to be used in the flow duct facility of the Netherland Aerospace Center (NLR) shown
in figure 3.2, which is a duct of a cross-section of 150mm×300mm in which the prototype is
mounted on the side wall for a length of 500mm and covers the whole height of 150mm of
the duct. Two reverberant chambers on both extremities of the duct enable the excitation of
an acoustic broadband signal and the assessment of the Transmission Loss (TL) of the duct.

(a) Whole liner (b) One cell

Figure 3.1: Photographs of the ENOVAL liner prototype (500mm×150mm)
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Test section: 0.15 × 0.3 × 1.05 m3

Air suction

Wind tunnel

Receiving 
reverberation chamber

Sending
reverberation chamber

Sound source

Figure 3.2: Acoustic flow duct facility used in the experimental assessment of the two-
dimensional prototype at the Netherland Aerospace Center (NLR)
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For stability reasons, it was necessary to treat the wall facing the active liner with a passive
liner. The Insertion Loss (IL) that the active liner introduced in the duct can then be deduced
by taking the difference of TL in dB with and without the presence of it. The measured IL
of different configurations with and without flow are reported in figures 3.3a, 3.3b and 3.3c.
Note that the controller of 𝑅𝑠𝑡 = 𝜌𝑐 at 𝑓0 is shown in blue in all three plots and can serve for
comparison. The results of these figures prove that it is possible to achieve a good IL on a wide
frequency band of adaptability (almost two octaves). Without flow (figure 3.3a), the insertion
loss can reach values as high as 15dB around the natural resonance, and still values larger than
6dB when the band of absorption was moved to lower and higher frequencies. With Mach
0.15 flow rate (figures 3.3b and 3.3c), IL of more than 10dB could also be measured around the
passive resonance of the speaker, but when a higher frequency absorption was attempted, the
IL was not as high: only around 5dB. Also, in figure 3.3c, it can be observed that the IL tends to
improve with lower target resistance values. Measurements were limited to a flow velocity of
Mach 0.15 to prevent saturation of the control microphone by the flow-induced noise, which
corresponds to a level of 114dBSPL. Typically, a new liner design iteration must be able to deal
with levels up to 150dBSPL.
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Figure 3.3: Measured Insertion Loss (IL) at NLR for different configurations of the ENOVAL
liner with and without ambient flow (𝑓0 is the passive resonance frequency)
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3.2 Dimensioning of the Transducers

Let us first introduce in more detail the different constraints for the integration of active
impedance control in an aircraft engine application. These constraints on the liner are that

• it must have a low profile, because it is integrated into the nacelle of the engine, and a
too-thick nacelle would impact negatively the aerodynamics,

• it must be lightweight, typically lighter than 10 kgm−2,
• its surface must be smooth for aerodynamic reasons, meaning that the active liner will

stand behind a wire mesh, which will act as a porous layer in front of it,
• its working frequency band must be in the same range as the engine emissions, which

can vary from one engine to another, but typically lies in the range between 500Hz and
1 kHz,

• the dimensions of its actuators should not exceed a quarter of a wavelength, i.e., 86mm
at 1 kHz because of the grazing incidence sound,

• it must be operational at high SPL, typically 130dBSPL to 150dBSPL, meaning that it must
be capable of quite large linear displacement given the target impedance magnitude.

Given these constraints, it appears that the best available candidate for active impedance
control is still hybrid sensor-/shunt-based impedance control mainly because it allows for the
target to be widely tunable and thanks to its single sensor can be compact and lightweight.
Due to the number of absorbers to build and for cost reasons, it is best to find commercially
available transducers that comply with the requirements.

During the screening of the available microphones, it has been observed that most of the
commercial products typically have an acoustic overload point (AOP) that is located at around
130dBSPL and a price of around 1CHF per piece. The acoustic overload point is the SPL that
produces 10% total harmonic distortion [22]. Laboratory microphones on the other hand can
handle much higher SPL, typically up to 170dBSPL, but come at an unaffordable price typically
higher than 500CHF per piece. There are however a few microphones that are available for
an affordable price and can handle high SPL. Two examples are the KnowlesWP-30113-P03
and theVesperVM2020 which respectively have an acoustic overload point of 154dBSPL and
152dBSPL and come both at an affordable price of around 10 to 20CHF.

The different acoustic actuator candidates are electrodynamic loudspeakers, inertial actuators,
electrostatic loudspeakers, piezoelectric loudspeakers, or plasma-based transducers. The
electrodynamic loudspeaker has already been introduced in section 2.4.1. Inertial actuators
can be seen as electrodynamic loudspeakers without a membrane. This is an interesting
substitute for electrodynamic transducers as they have the same electromechanical behavior,
but rather use an intermediate radiating structure (eg. the duct walls) to interact with sound.
It has been successfully assessed for reducing transmission noise from panels inside aircraft
cabins [62], but not on direct sound absorption in such a loud environment as an engine
nacelle. The main limitation regards the dimensions and weight of the attached structure
which limits the absorption performance much more than conventional electrodynamic
moving coil loudspeakers.

Electrostatic transducers rely on an electrostatic capacitor with one moving armature, allowing
an electromechanical coupling through the Coulomb force acting on the moving membrane
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Figure 3.4: Photograph of a plasma-based loudspeaker (source: [65])

to produce sound. Besides some ANC headphones, there has been no active sound absorption
concept with electrostatic transducers reported so far. The main problem in using this kind of
actuator in the liner is the fragility of the very thin membrane. Also, dust and humidity will
gradually deteriorate the membrane which will need periodic replacement.

Piezoelectric loudspeakers rely on the polarization of piezoelectric crystals. At a mesoscopic
scale, it can be seen as an “electrostatic-like” loudspeaker, where the piezoelectric crystal
polarization triggers a global charge movement within the bulk of the material. With an ad-hoc
coupling to a radiating structure (depending on the piezoelectric class, generally through
transverse motion), it can couple with the external fluid medium to create sound. These
transducers have been reported as active noise control sources in several publications [38], [63].
The main issue with piezoelectric loudspeakers is the small displacement of the membrane
and their nonlinearity.

The plasma-based transducer is a promising concept as regards active sound absorption [51],
[64]. It relies on the corona discharge in the air that enables to control the movement of the
air particle directly with a high electric field. It consists of a simple frame that can be made
of plastic, supporting an electrically grounded metallic grid (wire mesh and/or perforated
plate) over which a few very thin conductive wires are arranged, as illustrated in figure 3.4. It
has been shown to outperform conventional loudspeakers as active sound absorbers, due to
their absence of resonating structure (mass-spring-damper). However, this kind of actuator is
not yet suitable for aircraft noise reduction because it is not capable to handle the high SPL
of an aircraft engine, and the high-voltage power amplifier required to drive it is still under
development.

3.2.1 Electrodynamic Loudspeaker

From the constraints exposed above, and the advantages versus disadvantages comparison
of each actuator family, the best-suited actuator is the electrodynamic loudspeaker. Indeed,
it is capable of large particle displacement which is necessary for high SPL absorption, it is
mechanically robust, it has a relatively low moving mass and stiffness, and it is commercially
available making it a relatively cheap actuator. The constraints for choosing the most appropri-
ate electrodynamic loudspeaker from the large panel of commercially available ones are the
dimensions, weight, maximum linear displacement, rated power, and passive impedance of
the actuator. Its dimensions and weight can directly be obtained from the datasheet. However,
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because the loudspeaker is not used conventionally, some calculations must be conducted to
get the control parameters, the required current, and membrane displacement to achieve a
given target impedance.

Specification on the Displacement of the Membrane

The membrane displacement with a front pressure 𝑝𝑓 is

𝜉(𝑠) =
𝑝𝑓

𝑠𝑍𝑠𝑡(𝑠)
. (3.1)

For a SDOF target, 𝜉(𝑠) is a second-order low-pass filter with its maximum at the resonance if
underdamped (𝑄𝑡 ≤ 1/√2) or at 𝜔→0 if overdamped (𝑄𝑡 ≥ 1/√2). The maximum displace-
ment for the same incident pressure at any frequency is therefore

max
𝜔

|𝜉(𝑗𝜔)| =
|𝑝𝑓|

𝑅𝑠𝑡𝜔𝑡𝑄𝑡
⋅

⎧⎪⎪⎪
⎨
⎪⎪⎪⎩

1 if𝑄𝑡 ≤ 1/√2
2𝑄2

𝑡

√4𝑄2
𝑡 −1

if𝑄𝑡 ≥ 1/√2 . (3.2)

Using the maximum displacement is however not a good indicator, because it supposes that all
the incident pressure is concentrated either at zero frequency or at the target resonance, which
is not the practice case. A better-suited constraint is the RootMean Square (RMS) displacement
under white noise incident pressure. Because white noise contains the same energy at each
frequency, the RMS displacement is then

𝜉𝑟𝑚𝑠 =𝑝𝑓,𝑟𝑚𝑠

√√√√√√√
⎷

1
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|||||||||

2

𝑑𝜔 (3.3)

which is an integral that is not easy to solve analytically. However, the inverse Laplace transform
of Ξ(𝑠), which is its impulse response, is

Ξ(𝑡) =
2

𝑅𝑠𝑡√1−4𝑄2
𝑡

exp(
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2𝑄𝑡

𝑡)sinh
⎛

⎝

√1−4𝑄2
𝑡𝜔𝑡

2𝑄𝑡
𝑡
⎞

⎠
. (3.4)

The integral of its squared value is
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, (3.5)

which is now a solvable integral: it is a sum of three decaying exponentials. From this last
result, it is possible to calculate the RMS displacement with a white noise front pressure thanks
to the fact that white noise has a flat Power Spectral Density (PSD). This RMS displacement is
found to be

𝜉𝑟𝑚𝑠 =
𝑝𝑓,𝑟𝑚𝑠

𝑅𝑠𝑡√𝜔𝑡𝑄𝑡
. (3.6)

37



Chapter 3. Active Electroacoustic Liner for Aircraft Noise Reduction

With 𝑅𝑠𝑡 = 0.5𝜌𝑐, 𝜔𝑡 = 2𝜋 ⋅ 750Hz, 𝑄𝑡 = 6 and 𝑝𝑓 = 130dBSPL, one gets 𝜉𝑟𝑚𝑠 = 1.83mm. The
maximum linear displacement that the electrodynamic loudspeaker should be able to sustain
must be of the order of 1mm.

Specification on the Rated Power

Similar reasoning can be made for the control current of the loudspeaker in the case of a
feedforward controller. The current is

𝑖(𝑠) =
𝑝𝑓(𝑠)
𝐹

(1−
𝑍𝑠𝑐(𝑠)
𝑍𝑠𝑡(𝑠)

) . (3.7)

When assuming that the target impedance specific mass𝑀𝑠𝑡, resistance 𝑅𝑠𝑡 and stiffness 𝐶−1
𝑠𝑡

are all changed by the same factor 𝜇 from the passive behavior

𝑀𝑠𝑡 = 𝜇𝑀𝑠𝑠 𝑀𝑠𝑡 = 𝜇𝑅𝑠𝑠 𝐶𝑠𝑡 = 𝜇−1𝐶𝑠𝑐, (3.8)

then the required current simplifies to

𝑖𝑟𝑚𝑠 =
𝑝𝑓,𝑟𝑚𝑠

𝐹
||||
1−

1
𝜇
||||
, (3.9)

which with 𝜇 = 0.3, 𝐹 = 300PaA−1 and 𝑝𝑓 = 130dBSPL, the maximum required current is
492mA, corresponding to a power of 2W for an 8𝛺 loudspeaker.

With these constraints, the selected loudspeaker is theVisaton FRWS 5 R – 8𝛺, which has a
maximum linear excursion of 2mm and a rated power of 4W. Its overall diameter is 50mm
which is smaller than the quarter wavelength at 1 kHz, and its depth is 25.5mm. Also, its weight
is 0.098 kg, resulting in a liner weight of 27.2 kgm−2 for an arrangement of transducers on a
60mm by 60mm array. This weight is above the constraint for an aircraft engine liner but
is acceptable for the 2D and 3D prototypes. Its resonant frequency without any enclosure
is 𝜔𝑠 = 2𝜋 ⋅ 250Hz, and is increased to 𝜔0 = 2𝜋 ⋅ 665Hz when mounted on a small cabinet of
volume𝑉𝑏 = 28cm3. This volume of a cabinet corresponds approximately to an enclosure size
of 30mm3×40mm3×40mm3 in which the transducer itself fills around 42% of the cavity.

3.3 2D Prototype: Flow Duct Measurements

The content of this section is mostly taken from an internal report of the Smart Acoustic
Lining for UHBRTechnologies Engines (SALUTE) European project, co-written by Kévin Billon
(LTDS ECL), Thomas Humbert (LAUM) and Martin Gillet (FEMTO). People involved in the
measurement of the data presented in this section are Manuel Collet (LTDS ECL), Edouard
Salze (LMFA ECL), Morvan Ouisse (FEMTO), MaximeVolery (EPFL), Hervé Lissek (EPFL) and
Jacky Mardjono (Safran aircraft engines). A summary of the results has also been published in
the conference paper [66].

A two-dimensional active liner was built to be tested in the same flow duct facility at NLR,
represented in figure 3.2. This liner is composed of 39 cells (3 lines of 13 cells) covered by a
wire mesh to avoid turbulence in front of the microphones and protect the cells from the flow
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3.3 2D Prototype: Flow Duct Measurements

(a) With the wire mesh (b) Without the wire mesh

(c) Mounted on the NLR flow duct facility

Figure 3.5: Photographs of the SALUTE liner

and measures 150mm×800mm. Similar to the ENOVAL measurements, the liner is placed
in front of a passive liner of size 150mm×540mm. Figure 3.5a shows the assembled liner,
figure 3.5b shows the liner without the wire mesh, where all the cells are visible, and figure 3.5c
shows the liner mounted on the flow duct, where its rear face is visible. Photographs of the
unit cell being assembled are shown in figure 3.6. The assembled unit cell is shown in figure
3.7. In these figures, it can be seen that the cell is composed of a 3D-printed cavity closed on
its face by theVisaton FRWS 5 loudspeaker, and at its back by the electronic printed circuited,
containing the microcontroller (STM32F407VG), the HCP and the microphones conditioners.
Four microphones are placed around the loudspeaker, enabling a good estimation of the
acoustic pressure acting on the membrane when the average between the four signals is
considered. This is especially important when the sound field is impinging at grazing incidence
and for wavelengths of similar length as the loudspeaker. Also, an equalization hole is present
in the enclosure to avoid breaking the actuator with variations of the static pressure. Silicone
sealant has been applied around the loudspeaker and the microphones to ensure that the
cavity is well sealed (except for the equalization hole). The average parameters across all
the 110 produced cells are reported in table 3.1. Note that even though the cells do contain a
microphone inside the enclosure (seefigure 3.6), itwasnot used in thismeasurement campaign
because the thesis was still in an early stage and it was not yet well understood at this time
how to use them properly. The way this additional microphone can be exploited to improve
the absorber will be further explained in chapters 5 and 6.

The IL measurements of the whole liner are performed in the NLR flow duct facility of figure
3.2. The facility is a closed circuit flow duct with a test section of 150mm2 ×300mm2, and
IL measurements with Mach numbers up to 0.6 are achievable. The panels are installed at
the sidewalls of the test section and the test section is closed off with steel doors to prevent
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(a) Front view (b) Rear view

Figure 3.6: Photographs of a SALUTE liner unit cell being assembled

(a) Front view (b) Rear view

Figure 3.7: Photographs of a SALUTE liner unit cell

Table 3.1: Estimated parameters of the SALUTE liner unit cells

Parameter Symbol Average Standard deviation
Specific resistance 𝑅𝑠𝑠 0.555𝜌𝑐 20.9%
Specific moving mass 𝑀𝑠𝑠 402 gm−2 10.5%
Specific compliance 𝐶𝑠𝑐 0.149mmPa−1 12.5%
Resonant frequency 𝑤0/(2𝜋) 655Hz 3.96%
Mechanical Q factor 𝑄𝑚𝑐 7.46 17.8%
Coupling factor 𝐹 1.23PamA−1 7.27%
Density of air 𝜌 1.2 kgm−3 -
Speed of sound 𝑐 343ms−1 -
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Table 3.2: Signal-to-Noise Ratio (SNR) values measured in the flow-duct facility on the active
liner

Mach number SNR
0 60dB

0.15 30dB
0.3 15dB
0.4 7.5dB
0.5 less than 5dB

air and sound leakage near the test section. The flow duct test section is terminated by two
50m3 reverberation rooms. The sound sources are placed in the upstream reverberation room,
simulating the outlet liner configuration. There is one microphone per reverberant room, each
one placed on a rotating support, which scans the average SPL in these rooms.

The acoustic measurements were performed with a sampling frequency of 40.96 kHz and the
window length was set to 2048 samples, resulting in a frequency resolution of 20Hz. The
measurement time was 64 s. The time signals were recorded by a GBM-Viper data acquisition
system. After a Fourier transformation, the periodograms were calculated and averaged. A
Hann window was applied with an overlap of 50%. The TL and IL were calculated from the
average SPL in each reverberant room. The measured SPL in the sending and receiving room
(𝑝𝑠𝑚 and 𝑝𝑟𝑚) are first corrected for the tunnel background noise (𝑝𝑠0 and 𝑝𝑟0)

𝑝2
𝑠 =𝑝2

𝑠𝑚−𝑝2
𝑠0 𝑝2

𝑟 =𝑝2
𝑟𝑚−𝑝2

𝑟0 (3.10)

The TL and IL can then be obtained with

𝑇𝐿 = 10 log10 (
𝑝2
𝑠

𝑝2
𝑟
) (3.11)

and
𝐼𝐿 = 𝑇𝐿|liner−𝑇𝐿|hard wall. (3.12)

Before measuring the IL of the liner, the Signal-to-Noise Ratio (SNR) is first estimated using
the control microphones of 3 cells (one at the beginning, one at the middle, and one at the end
of the active surface) to ensure correct measurements. The flow is generated between Mach 0
and Mach 0.5. Power spectral densities of the average pressure are measured for each Mach
number without and with acoustic source and shown in figures 3.8a to 3.8e. Experimental
tests have been done with a white noise signal between 200 Hz and 2500 Hz with an equivalent
acoustic level in the duct of 130dBSPL. The SNR between the noise generated by the flow and
the acoustic source has been evaluated and their values are reported in table 3.2. With the
acoustic level in the tube at M0.5 generated by the acoustic source, results with this mach
number should be treated with caution due to the low SNR.

3.3.1 Results

The target impedance of the liner is a SDOF resonator and was defined in terms of the target
resistance𝑅𝑠𝑡, and the mass and stiffness modifier coefficients 𝜇𝑀 =𝑀𝑠𝑡/𝑀𝑠𝑠 and 𝜇𝐾 =𝐶𝑠𝑐/𝐶𝑠𝑡
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Figure 3.8: Averaged power spectral densities of the signals with and without the reverberant
chamber sound source recorded by the control microphones with different flow velocities
(without control)
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respectively. The target resonance frequency and quality factor are therefore

𝜔𝑡 =𝜔0√
𝜇𝐾
𝜇𝑀

(3.13)

and
𝑄𝑡 =𝑄𝑚𝑐

𝑅𝑠𝑠
𝑅𝑠𝑡

√𝜇𝑀𝜇𝐾. (3.14)

The measured IL for Mach numbers between 0 and 0.5 and for different controlled frequencies
are given in figures 3.9a to 3.9e. In these figures, the target resistance is kept constant at
𝑅𝑠𝑡 = 𝜌𝑐/8 as well as the mass modifier 𝜇𝑀 = 0.7while the stiffness modifier has been varied
to cover different target frequencies. Because of the limited time at the facility and the number
of control configurations to test to find the optimal value of attenuation, the presented IL are
probably not the best ones that are achievable. Also, at Mach 0.5, the IL cannot reach values
above 5dB because the SNR is very poor at this flow velocity.

An interesting observation is that the control was more stable at Mach 0.15 than without any
flow. Indeed, in figure 3.9b, 𝜇𝑘 could be increased to values as high as 1.61 without loss of
passivity of the liner, whereas it could not exceed 1.3without flow. This is probably explained
by a poor estimation of the parameters of each unit cell. Then, with an ambient flow, the static
pressure is reduced, leading to a change in the stiffness of each unit cell, which fortunately
happens to yield a more accurate and thus robust control.

Also, it is observable in figure 3.9d in which the control was pushed to the limit that with an
extreme shift of the frequency, passivity is lost (IL becomes negative) at some frequencies. This
is especially visible for 𝜇𝑘 = 1.61 and 𝜇𝑘 = 2.31. This behavior is expected and predicted by the
Monte-Calo simulations of figures 2.16a, 2.16b and 2.16c.
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Figure 3.9: Measured Insertion Loss (IL) at NLR of the SALUTE liner at different Mach numbers
with 𝑅𝑠𝑡 = 0.125𝜌𝑐 and 𝜇𝑀 = 0.7
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3.4 3D Prototype: UHBR Test Rig Measurements

Most of the content of this section is taken from an internal report of the SALUTE project,
co-written by Edouard Salze (ECL) and Emanuele de Bono (FEMTO). People involved in the
measurement of the data presented in this section are Kevin Billon (ECL), Maxime Volery
(EPFL), Martin Gillet (FEMTO), Manuel Collet (ECL), Morvan Ouisse (FEMTO), Hervé Lissek
(EPFL), Jacky Mardjono (Safran aircraft engines), David Lamidel (Safran aircraft engines) and
Sébastien Gradel (Safran aircraft engines). A summary of the results has also been published
in the conference paper [67].

3.4.1 TheUHBR Test Facility

The UHBR test facility is located in Ecole Centrale (ECL) in Lyon. This test rig is representative
of a turbofan engine at a ¼ scale, approximately, and allows aero-acoustic tests on innovative
UHBR configurations. During the one-month test campaign, the active liner was tested and
compared to the reference case with no liner, to extract its acoustic efficiency. The facility is
shown in figure 3.10a. It is composed of three main parts: an anechoic chamber containing the
fan stage (figures 3.10b and 3.10c), a power supply room, and a basement with aVenturi tube
and exhaust circuit [10]. The power supply rooms contain an electrical engine that drives the
UHBR test rig. It also has a variable valve system designed to control the airflow rate passing
through the test rig. The air sucked from the anechoic room by the fan flows through the
Venturi tube used to measure the mass flow. TheVenturi tube is terminated by a silencer that
minimizes external noise emissions.

Noise emission from the UHBR test rig is monitored by a circular antenna of 27 microphones
which can rotate around the vertical axis. This antenna enables directivity measurements of
the radiated noise and is visible in figure 3.10c. There is a turbulence control screen (the gray
sphere in figure 3.10c) which reduces the inflow distortion at the fan intake and reproduces
realistic in-flight conditions. The active 3D liner is placed on the inlet of the test rig, as shown
in figure 3.11a. A more detailed schematic of the 3D liner is shown in figure 3.11b. Due to
the shortage of microphones and electronic supplies during the COVID-19 outbreak, the
three-dimensional liner for this test rig did not embed a fifth microphone in the cavity of the
absorbers. The advantages of the feedback contributions further presented in chapters 5 and 6
can therefore not be observed in these experiments.

3.4.2 Results

The performance of the active liner was measured for different engine regimes, as well as
different liner configurations at each regime. The regime is given in percentage of the nominal
value rotational speed𝑁𝑛. The different regime values reported here are 30%, 55%, 80% and
100%. To simplify the notation and the figures, each control configuration is given a number,
and the corresponding control parameters are listed in table 3.3.

All acoustic signals are recorded during 60 s at a sample rate of 102.4 kHz. The spectra are
computed using rectangular windows of 250ms with a 50% overlap. The IL is estimated by
taking the difference on the sixth microphone of the antenna of the SPL with the active liner
and with the reference. This microphone corresponds to 111° on the directivity plots. It is
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Air intake
with acoustic baffles

Power supply room

Anechoic chamber

Test-rig

Variable valve 
system

Venturi tube

Air outlet
with acoustic baffles

(a) The whole facility [10]

(b) Zoom on the test rig and the anechoic chamber (c) Test rig and the directivity antenna

Figure 3.10: Ultra-High Bypass Ratio (UHBR) test facility

Table 3.3: Control parameters of each measurement

𝑁𝑛 𝑅𝑠𝑡/(𝜌𝑐) 𝜇𝑀 𝜇𝐾
1

30%
2.5 0.3 1

2 1 0.5 1.26
3 [0.75,0.75] [1,1] [1,2.49]
4

55%
2.5 1 8.54

5 1 0.3 0.7
6 1.5 0.2 0.47
7

80%
0.33 0.7 0.44

8 0.5 0.7 0.44
9 0.1 0.5 0.56
10 100% 0.33 0.5 0.852
11 [0.75,0.75] [2,2] [3.38,5.29]
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(a) Photograph of the inlet and the 3D liner

(b) Detailed schematic of the assembled liner

Figure 3.11: 3D liner installed on the test rig inlet
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the direction in which most of the emissions are concentrated for the rigid reference. Two
different references are available: a rigid aluminum wall replacing the liner, and the passive
liner (no control). The IL with the rigid reference are given in figures 3.12a to 3.12d and in
figures 3.13a to 3.13d for the passive reference. In these eight figures, the frequency axis is
given in terms of engine order, which corresponds to a normalization of the frequency to the
engine rotational speed. The nominal rotational speed is approximately 12290 rpm, resulting
in a frequency of 61.5Hz at 0.3𝑁𝑛, 113Hz at 0.55𝑁𝑛, 164Hz at 0.8𝑁𝑛 and 205Hz at𝑁𝑛. The fan
is built with 16 blades, resulting in a blade bypass frequency (BPF) 16 times higher than the
rotational speed. The IL curves in these eight last figures contain significant ripples. This is
because the engine nominal regime is defined in terms of thermodynamic quantities, and if
temperature, humidity, or static pressure vary, the rotational speed will vary too. Therefore, the
tonal frequency content can be slightly shifted between the measurement and its reference
case, resulting in these ripples. Indeed, at 30%, 55% and 80% of the nominal regime, the
ripples appear mostly for the rigid reference and at nominal speed, for the passive reference.
To produce cleaner results, the reference should be measured directly before or after to ensure
minimal environmental condition variations.

Directly observing the IL on the sixth microphone is not sufficient to assess the performance of
the liner, because the directivity patternmight change compared to the reference. Nevertheless,
it still can serve as an indicator of the quality of the implemented control law. For instance, in
figure 3.12a, around engine order 5, the measured IL gets negative for the three control laws.
This phenomenon is also observable in figure 3.12c at engine order 3.5 and in figure 3.12d at
engine orders larger than 6.

When observing the IL compared to the passive electroacoustic liner, it is observed that a dip
is present at engine order 10, 5, 3.5 and 2.5 in figures 3.13a, 3.13b, 3.13c, and 3.13d respectively.
These values of engine order all correspond to a frequency of around 600Hzwhich is the passive
resonance frequency of the unit cells. Indeed, the passive liner is also a resonant absorber,
mostly efficient around its resonance frequency, and when the resonance of the active liner
is shifted, it no longer absorbs sound at the passive resonance. This appears in the IL as a
drop. However, using a DDOF resonator, it is possible to keep this passive resonance along
with another tuneable one. Measurements 3 and 11 in figures 3.13a and 3.13d respectively
correspond to a DDOF target and show that it is possible to keep the passive absorption along
with another frequency of absorption.

Directivity patterns are given for one configuration at each engine regime in figures 3.14a
to 3.14d. The directivity patterns show that the choice of choosing the sixth microphone
for the IL plots might induce a strong underestimation of the overall value. For instance, at
nominal speed, it is visible in figure 3.14d that the sixth microphone (at 111°) underestimates
the IL compared to the rigid reference by several decibels. In general, it can be observed
that compared to the rigid wall, the active liner is capable of successfully being tuned to
target different frequency ranges between 300Hz to 1000Hz depending on the rotational
speed, reaching additional attenuations of the tones up to 4dB to 8dB, depending on the
configuration. In the IL compared to the passive case, it is noticeable that in some cases (e.g.,
measurements 4, 7, and 11) the IL is negative. This is due to the shifted target resonance of
the liner, which no longer absorbs at its natural resonance, as was the case for the reference,
resulting in negative IL. The usage of a DDOF target (measurements 3 and 11) shows that it is
possible to keep the natural resonance along with the desired one.
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Figure 3.12: Insertion Loss (IL) relative to the rigid wall on the sixth microphone (111°)
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Figure 3.13: Insertion Loss (IL) relative to the passive liner on the sixth microphone (111°)
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(a) At 0.3𝑁𝑛, engine order 16, measurement 2
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(b) At 0.55𝑁𝑛, engine order 8, measurement 5

0°

30°

60°
90°120°

150°

180°

210°

240° 270° 300°

330°

0 2 4

Rigid ref.
Passive ref.

(c) At 0.8𝑁𝑛, engine order 3, measurement 7
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Figure 3.14: Insertion Loss (IL) directivity for different engine regimes. Reference is either the
rigid wall or the passive liner (control off). The engine is at 0° and facing 180°.
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3.5 Conclusion

The measurement results of this chapter have shown that the robustness of the cells regarding
parameter uncertainties must be improved to increase the adaptability and performance of
these active liner concepts. Indeed, the static pressure variations due to the flow have an
impact on the mechanical parameters of each absorber. Different Mach numbers will result
in different static pressures on the absorber. Because the static pressure is also the ambient
pressure in the cavity due to the equalization hole, the air mass density as well as the speed of
sound in this cavity are not constantmeaning that the stiffness of the cavity is also not constant.
This will affect both the combined compliance 𝐶𝑠𝑐 of the absorber, as well as the estimation of
the velocity of the membrane. This effect could be compensated for, by adding in the cavity
(i.e., directly on the printed circuit board) a thermocouple to measure the air temperature and
a manometer to measure the static pressure from which both the mass density of the air and
the speed of sound can be calculated thanks to equations (2.5) and (2.8).

In this whole chapter, control strategies with the rear microphone could not be tested in
realistic conditions due to the parallel development of the SALUTE liners and the thesis and
the COVID-19 epidemic. Thismicrophone can be used to improve the robustness of the control
to varying, uncertain, or poorly estimated parameters, as will be shown in chapters 5 and 6.
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4 Improving the Estimation of the
Electroacoustic Absorber Parameters

The first step to improving the robustness and accuracy of the feedforward electroacoustic
absorbers is to ensure an accurate estimation of the parameters required to synthesize a
controller. This chapter first presents the absorber prototype under test, which will be used for
the remaining part of the thesis, as well as the experimental setup for measuring its achieved
performance. It then exposes how the required parameters of the model of the transducer
can be estimated in an accurate manner using the very same experimental setup. The original
contribution of this section is the improvement of the existing methods for measuring the
absorber and estimating the parameters of the loudspeaker with its enclosure.

4.1 Experimental Setup

The absorber that was built to test and compare the different control strategies investigated in
this thesis is shown infigures 4.1 and4.2. It consists of a 3D-printed enclosure inwhichaVisaton
FRWS 5 – 8𝛺 speaker ismounted. It allows for the placement of two quarter-inchmicrophones
to be attached to for recording both the pressure in front and behind its membrane. In figure
4.2 it is visible that some adhesive paste has been placed between the two parts of the enclosure
to ensure good sealing of the cavity. It is also visible in this last figure that the cavity contains
some melamine foam that helps in damping the cavity resonances.

The measurement setup used to experimentally measure the impedance of the (new) absorber
design is shown in figure 4.3 and schematized in figure 4.4. The two microphones used to
control the electroacoustic absorber are connected to the FPGA controller through an Inte-
grated Electronics Piezo-Electric (IEPE) signal conditioner. The digital filter running on the
FPGA is the bilinear transform of the control transfer function with a sampling frequency of
200 kHz. For better numerical stability, the digital filter is realized as a cascade of second-order
sections [68]. More details about the FPGA filter realization are available in appendix B. The
output voltage of the controller is converted into a current by a HCP with a transconductance
𝐺ℎ𝑐𝑝 = 10mAV−1, whose schematic is available in appendix A. The I/O response of the digital
filter, when a unity gain is programmed is shown in figure 4.5. From the measured roll-off of
the phase of this measurement, the I/O latency of the controller at 200 kHz sampling has been
estimated to 4.25µs.

The achieved impedance presented by the absorber is measured using an impedance tube
after ISO 10534-2 [61]. Thanks to its parallelization capabilities the same FPGA controller used
for the filter realization is also used for the impedance measurement. It feeds white noise with
RMS voltage of 50mV to the amplified external source during 60 s, resulting in a SPL up to
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Figure 4.1: Photographs of the electroacoustic absorber

Figure 4.2: Photograph of the inside of the electroacoustic absorber
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Figure 4.3: Experimental setup used to measure the impedance presented by the absorber.
1) Electroacoustic absorber 2) measurement microphones 3) condenser microphone power
supply 4) amplified sound source 5) IEPE signal conditioner 6) FPGA controller I/O terminal
7) Howland Current Pump (HCP)

Absorber

𝑣

Sound source
Waveguide

𝑝𝑓 𝑝𝑏𝑝2𝑝1

Signal
conditioner

FPGA
Controller
Current
source

Mic. power
supply

FPGA
Analyzer
Power

amplifier

𝑝𝑏 𝑝𝑓

𝑖

Δ𝑥 𝑥1

𝐿

−𝐿 −𝑥1 −𝑥2 𝑥 = 0
𝑥

Figure 4.4: Schematic of the experimental setup used to measure the impedance presented by
the absorber

Table 4.1: Experimental setup equipment list

Equipment Model
Measurement microphones Norsonic type 1225
Measurement microphones preamplifier Norsonic type 1201
Measurement microphones power supply Brüel & Kjær type 2807
Control microphones TMS 130A10
Control microphones preamplifier TMS 130P10
IEPE signal conditioner MMF M29
FPGA controller Speedgoat IO334
Power amplifier ST-PA6 6W Mono Audio Amplifier
Absorber transducer Visaton FRWS 5 – 8𝛺
Waveguide dimensions Δ𝑥: 50mm, 𝑥1: 385mm, 𝐿: 500mm,

section: 50mm×50mm
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Figure 4.5: Input-Output (I/O) response of the controller with unit gain filter

20 log10(𝑝𝑓/20µPa) = 95.4dBSPL at the absorber position while measuring the signals from the
two measurement microphones 𝑝1 and 𝑝2. All the hardware equipment used is listed in table
4.1. Figure 4.6 shows the PSD of the pressure in front of the absorber.

The acoustic pressure along the duct is

𝑝(𝑥) = 𝐶(𝑒−𝑗𝑘𝑥+Γ𝑒𝑗𝑘𝑥) , (4.1)

where Γ is the reflection coefficient at the end of the duct and 𝐶 is a constant in Pa which
depends on the source, the duct, and its termination. The 𝑥 axis is defined such that 𝑥 = 0 is
the position of the absorber, 𝑥 =−𝑥1 is the position of microphone 1, and 𝑥 =−𝑥2 =−𝑥1+Δ𝑥
is the position of microphone 2. From the transfer function between the two microphones
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Figure 4.6: Power Spectral Density (PSD) of 𝑝𝑓 on the passive absorber
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𝐻12 =𝑝2(𝑠)/𝑝1(𝑠) and their position 𝑥1 and 𝑥2, the reflection coefficient of the termination of
the waveguide, and thus its impedance, can be estimated [61]. Indeed, the transfer function is

𝐻12 =
𝑝2
𝑝1

=
𝑝(−𝑥1+Δ𝑥)
𝑝(−𝑥1)

=
𝑒𝑗𝑘𝑥2 +Γ𝑒−𝑗𝑘𝑥2

𝑒𝑗𝑘𝑥1 +Γ𝑒−𝑗𝑘𝑥1
, (4.2)

which no longer depends on 𝐶, and is estimated with a linear averaging of Hann windows of
1 s duration, overlapping by 66.7%, with a 1Hz frequency resolution. This last relation can be
solved to find the termination normal reflection coefficient as a function of the𝐻12 transfer
function

Γ(𝑗𝜔) = −𝑒2𝑗𝑘𝑥1
𝐻12(𝑗𝜔)−𝑒−𝑗𝑘Δ𝑥

𝐻12(𝑗𝜔)−𝑒𝑗𝑘Δ𝑥
, (4.3)

and the terminal impedance can then be found to be

𝑍𝑠𝑎(𝑗𝜔) = 𝜌𝑐
1+Γ(𝑗𝜔)
1−Γ(𝑗𝜔)

= −𝑗𝜌𝑐
𝐻12 sin(𝑘𝑥1)− sin(𝑘𝑥2)
𝐻12 cos(𝑘𝑥1)−cos(𝑘𝑥2)

. (4.4)

There are however some limitations to this measurement method. First, because the tube
is reduced to a one-dimensional transmission line problem, it is assumed that only plane
waves are traveling in the duct. This assumption is valid only below the cutoff frequency of the
second mode. In a rectangular duct, this means that the measurement setup is only valid for
frequencies smaller than 𝑐/(2𝑑), where𝑑 is the largest dimension of the duct cross-section. For
the considered setup, this maximum frequency is 3.43 kHz. In a circular duct, the maximum
frequency is related to the first zero of the Bessel function and is 1.841𝑐/(𝜋𝑑), where 1.841 is
the smallest zero of the derivative of the Bessel function and 𝑑 is the diameter of the tube [69].
Also, it appears that equations (4.3) and (4.4) are ill-conditioned for low frequencies and will
require a very accurate measurement of the𝐻12 transfer function. Indeed, when the frequency
tends to zero (𝜔/𝑐ll 2𝜋Δ𝑥), these equations become ill conditioned because both𝐻12(𝑗𝜔),
𝑒±𝑗𝑘Δ𝑥, and cos(𝑘𝑥1,2) tend to one whereas sin(𝑘𝑥1,2) tends to zero. Equations (4.3) and (4.4)
are therefore very sensitive to the measurement errors in𝐻12 for low frequencies.

4.1.1 Standard Calibration of the Measurement Microphones

Better calibration of the measurement microphones is required to improve the quality of the
measurement. Traditionally, microphone calibration is performed at a single frequency (e.g.,
1 kHz), and the manufacturer guarantees that the sensitivity on the specified frequency band
does not deviatemore than 1dB. This is however not sufficient in this case, and amore accurate
calibration is required. Because the absolute values of the pressure are not required, but only
their ratio, the values of the sensitivities are neither required, but only their ratio. Let us denote
𝜎1 and 𝜎2 the sensitivities of microphones 1 and 2 respectively, as well as their output signal
voltages 𝑢1 and 𝑢2. The calibration is then performed in two steps [61]. First, a measurement
of the transfer function between the two acquired voltage signals is performed, leading to

𝐻 𝐼
12(𝑗𝜔) =

𝑢𝐼2(𝑗𝜔)
𝑢𝐼1(𝑗𝜔)

=
𝑝2(𝑗𝜔)𝜎2(𝑗𝜔)
𝑝1(𝑗𝜔)𝜎1(𝑗𝜔)

. (4.5)

57



Chapter 4. Improving the Estimation of the Electroacoustic Absorber Parameters

Another acquisition of the transfer function is performed, but this time, the two positions of
the microphones are switched, leading to the second transfer function

𝐻 𝐼𝐼
12 (𝑗𝜔) =

𝑢𝐼𝐼2 (𝑗𝜔)
𝑢𝐼𝐼1 (𝑗𝜔)

=
𝑝1(𝑗𝜔)𝜎2(𝑗𝜔)
𝑝2(𝑗𝜔)𝜎1(𝑗𝜔)

. (4.6)

The sensitivities ratio can then easily be found using the two calibration transfer functions𝐻 𝐼
12

and𝐻 𝐼𝐼
12 and the calibration curve is defined as

𝐻𝑐(𝑗𝜔) ∶=√𝐻 𝐼
12𝐻

𝐼𝐼
12 =

𝜎2(𝑗𝜔)
𝜎1(𝑗𝜔)

, (4.7)

in which the appropriate branch of the square root must be taken. For similar microphones
with the same sign of sensitivity, the product 𝐻 𝐼

12𝐻
𝐼𝐼
12 is almost a positive real value, and the

principal value of the square root is the correct branch. The calibrated measurement can then
be found with

𝐻12𝑐(𝑗𝜔) =
𝐻12(𝑗𝜔)
𝐻𝑐(𝑗𝜔)

. (4.8)

If the reflection coefficient of duct termination is high, the standing wave ratio will also be high,
leading to well-marked zeros in the duct, where the magnitude of the acoustic pressure is very
small. For the frequencies at which these zeros were to happen at the same position as one
of the two measurement microphones, the recorded signal would be noisy for this frequency,
leading to a poor estimation of the calibration curve 𝐻𝑐(𝑠). This is why it is a good practice
to calibrate the microphones by putting a piece of porous material at the termination of the
duct to dampen these resonances and improve the quality of the calibration. The measured
calibration curves are reported in figure 4.7a, in which it is visible that𝐻𝑐(𝑠) is mainly a gain
adjustment, thanks to the high-quality class-1 measurement microphones. Figure 4.7b shows
themeasured absorption coefficient of the calibration sample, a rectangular piece ofmelamine
foam, of the same section as the duct (50mm×50mm) and 132mm long.

4.1.2 Unbiased Transfer Function Estimation

Another step that can be taken to improve the ill condition of the measurement system is to
use more advanced estimators for the𝐻12(𝑠) and𝐻𝑐(𝑠) transfer functions estimation. Typical
estimators, like the tfestimate function in Matlab, use the H1 and H2 estimators [70]. These
two estimators are

𝐻1(𝑗𝜔) = �̂�𝑦𝑢(𝑗𝜔)�̂�−1𝑢𝑢(𝑗𝜔), (4.9)

and
𝐻2(𝑗𝜔) = �̂�𝑦𝑦(𝑗𝜔)�̂�−1𝑢𝑦(𝑗𝜔), (4.10)

where �̂�(𝑗𝜔) is an estimation of the CPSD, 𝑢 and 𝑦 are the input and output signals and �̂� and
�̂� are the measured input and output signals. The measured signals are corrupted by some
noise

�̂� = 𝑢+𝑛𝑢 �̂� = 𝑦+𝑛𝑦. (4.11)
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Figure 4.7: Measured calibration curves and calibration sample
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Chapter 4. Improving the Estimation of the Electroacoustic Absorber Parameters

The estimation of the CPSDs �̂� is done withWelch’s method [71]. First, the signal is split into
𝑁 overlapping segments, and each of them is weighted with a window function (typically a
Hammingwindow). Windowing reduces the effects of spectral leakage in the Fourier transform
calculation. For each windowed segment, the Fourier transform is calculated, from which the
periodogram of the segment is calculated. All the periodograms are then averaged to reduce
their variance and give the estimated CPSD

�̂�𝑢𝑦(𝑗𝜔) =
1
𝑁

𝑁−1
∑
𝑖=0

�̂�𝑖(𝑗𝜔)�̂�𝑖(𝑗𝜔), (4.12)

where �̂�𝑖(𝑗𝜔) it the 𝑖th windowed segment of signal �̂�,

Because of the noise in the measured signals, the estimation of the PSDs and CPSDs with
Welch’s method is biased. Indeed, if both noises are uncorrelated with the signals, the CPSD
density of the measured noisy signals is

�̂�𝑢𝑦(𝑗𝜔) = 𝑆𝑢𝑦+𝑁𝑢𝑦, (4.13)

where 𝑁𝑢𝑦 is the noise CPSD density. When assuming that the two noise signals 𝑛𝑢 and 𝑛𝑦
are uncorrelated (i.e.,𝑁𝑢𝑦 = 0), one concludes that the CPSD is unbiased while the PSD are.
Therefore, the H1 estimator is only appropriate when there is no noise on the input signal and
the H2 estimator when there is no noise on the output signal. With noise on both input and
output signals, the estimators are biased proportionally to the SNR

𝐻1(𝑗𝜔) =𝐻(𝑗𝜔)(1+𝑁𝑢𝑢/𝑆𝑢𝑢)−1 (4.14)

𝐻2(𝑗𝜔) =𝐻(𝑗𝜔)(1+𝑁𝑦𝑦/𝑆𝑦𝑦) . (4.15)

Nevertheless, the advantage of the H1 and H2 estimators is that they are also applicable to
Multiple-Input Multiple-Output (MIMO) systems. The CPSDs estimation �̂� becomes a matrix,
which is the Fourier transform of the correlation matrix. Note that the number of inputs must
be equal to the number of outputs for the H2 estimator.

In the measurement setup from figure 4.4, assuming no noise on one of the two measurement
microphones is not possible. One possibility to overcome this problem is to decompose the
transfer function between the two microphones to the electrical signal driving the source,
which can be perfectly known. Using the H1 estimator for the transfer function from the
driving signal to 𝑝1 and the H2 estimator for the transfer function from 𝑝2 to the driving signal,
and multiplying the two results, one gets an unbiased transfer function estimation.

However, it is possible to find an unbiased transfer function without having to rely on the
driving signal when the noises are uncorrelated and their PSDs are known

[
�̂�𝑢𝑢(𝑗𝜔) �̂�𝑢𝑦(𝑗𝜔)
�̂�𝑦𝑢(𝑗𝜔) �̂�𝑦𝑦(𝑗𝜔)

] = [
𝑆𝑢𝑢(𝑗𝜔) 𝑆𝑢𝑦(𝑗𝜔)
𝑆𝑦𝑢(𝑗𝜔) 𝑆𝑦𝑦(𝑗𝜔)

]+[
𝑁𝑢𝑢(𝑗𝜔) 0

0 𝜂𝑁𝑢𝑢(𝑗𝜔)
] , (4.16)
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4.2 Method of the Parameters of the Electroacoustic Absorber

where 𝜂(𝑗𝜔) =𝑁𝑦𝑦(𝑗𝜔)/𝑁𝑢𝑢(𝑗𝜔) is the ratio between the noise PSDs. With this assumption, it
is possible to estimate the noise𝑁𝑢𝑢(𝑗𝜔) and to find the unbiased estimator𝐻𝑠(𝑗𝜔) [70]

�̂�𝑢𝑢 =
1
2

⎛
⎜
⎝
�̂�𝑢𝑢+

�̂�𝑦𝑦
𝜂

−

√√√
⎷(�̂�𝑢𝑢−

�̂�𝑦𝑦
𝜂
)
2

+
4|�̂�𝑢𝑦|

2

𝜂

⎞
⎟
⎠

(4.17)

𝐻𝑠(𝑗𝜔) =
�̂�𝑦𝑦(𝑗𝜔)−�̂�𝑢𝑢(𝑗𝜔)

�̂�𝑢𝑦(𝑗𝜔)
. (4.18)

And if both noise PSD are the same (𝜂 = 1 and𝑁𝑢𝑢 =𝑁𝑦𝑦 =𝑁), this estimator can be simplified
to the𝐻𝑣 estimator [72]

�̂� =
�̂�𝑢𝑢+�̂�𝑦𝑦

2
−
√√√
⎷(

�̂�𝑢𝑢−�̂�𝑦𝑦
2

)
2

+|�̂�𝑢𝑦|
2

(4.19)

𝐻𝑣(𝑗𝜔) =
�̂�𝑦𝑦(𝑗𝜔)−�̂�(𝑗𝜔)

�̂�𝑢𝑦(𝑗𝜔)
. (4.20)

This uncommon𝐻𝑣 estimator is particularly useful for impedance tube measurement where
the two measurement microphones are of the same model. This is especially true for highly
reflective termination, which would create a zero of the acoustic pressure on one of the two
measurement microphone positions, resulting in a poor signal-to-noise ratio.

4.2 Method of the Parameters of the Electroacoustic Absorber

To implement the control transfer functions five parameters of the electrodynamic loudspeaker
are needed: 𝑅𝑠𝑠, 𝑀𝑠𝑠, 𝐶𝑠𝑐 = 𝐾−1

𝑠𝑐 , 𝐹 = 𝐵𝑙/𝑆𝑑 and 𝐶𝑠𝑏. The estimation of the specific mass
𝑀𝑠𝑠, resistance 𝑅𝑠𝑠, and stiffness 𝐾𝑠𝑐 can be obtained by fitting the passive (open circuit)
measurement. The parameter 𝐹 can be obtained by a second measurement with a constant
control from the front pressure [73], and the box compliance with a third measurement with a
constant control from the rear pressure. With least-squares, it is possible tofit all theparameters
at once, but it is better to fit them sequentially, because the control will induce some artifacts,
i.e., the microphone in front is not exactly on the membrane, the cavity is not perfectly a
stiffness and the digital control will inevitably introduce a small delay.

Three different methods were investigated: the fitting of the measured impedances, the normal
incidence reflection coefficients, or the calibrated transfer functions of the impedance tube
𝐻12𝑐. Because the transformation between the terminal impedance, reflection coefficient, and
𝐻12𝑐 will induce a bias when there is noise in the measurement, the impedance is the most
appropriate when they are measured with a laser Doppler vibrometer, whereas fitting 𝐻12𝑐

is the best with the impedance tube. Fitting on the reflection coefficient is a possibility to
have a decent fit without having to rely on the impedance tube dimensions. These quantities
(𝑍𝑠𝑐, Γ or𝐻12𝑐) are measured in the frequency domain and are complex vectors of𝑁 elements
(𝑁 frequencies). Because they are complex and the parameters of the speaker must be real,
the equations for estimating them are split into real and imaginary parts. Also, because the
measurements are more accurate around the resonance of the speaker where the absorption
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Chapter 4. Improving the Estimation of the Electroacoustic Absorber Parameters

coefficient is the highest, it is a good practice to use a weighting proportional to the normal
incidence absorption coefficient for the fit.

4.2.1 Estimation of the Mechanical Parameters

First, the mechanical parameters of the passive speaker𝑀𝑠𝑠, 𝑅𝑠𝑠, and 𝐾𝑠𝑐 must be estimated.
They can be found by solving the following overdetermined system

Ax= b, (4.21)

whose solution can be found with the weighted Moore-Penrose matrix inverse [74]

x= (A𝑇WA)−1A𝑇Wb, (4.22)

where

W= [
diag(w) 0

0 diag(w)
] ∈ ℝ2𝑁×2𝑁 (4.23)

is a diagonalmatrix inwhichw are the differentweights for each frequency of themeasurement,
and x is the vector containing the normalized parameters to estimate. The vector x is defined
as

x=
1
𝜌𝑐

⎡
⎢
⎣

𝜔𝑟�̂�𝑠𝑠

�̂�𝑠𝑠
�̂�𝑠𝑐/𝜔𝑟

⎤
⎥
⎦
, (4.24)

where 𝜔𝑟 is a rough estimation of the resonance frequency which will help to better condition
the matrix A𝑇WA. The matrix A ∈ ℝ2𝑁×3 and the vector b ∈ ℝ2𝑁 are built as

A= [
ℜ{A𝑍,Γ,𝐻(�⃗�)}
ℑ{A𝑍,Γ,𝐻(�⃗�)}

] b= [
ℜ{b𝑍,Γ,𝐻(�⃗�)}
ℑ{b𝑍,Γ,𝐻(�⃗�)}

] , (4.25)

where �⃗� ∈ ℝ𝑁 is the vector containingall the angular frequenciesof themeasurement. Subscript
𝑍, Γ or𝐻 are respectively corresponding to the impedance, reflection, or𝐻12𝑐 measurements.
The matrices A𝑍, AΓ and A𝐻 and the vectors b𝑍, bΓ and b𝐻 have in their 𝑖th row (corresponding
to the measurement frequency 𝜔𝑖)

A𝑍(𝜔𝑖) = [ 𝑗𝜔𝑖𝜔𝑟
1 𝜔𝑟

𝑗𝜔𝑖
] 𝑏𝑍(𝜔𝑖) = 𝑍𝑠𝑐(𝜔𝑖) (4.26)

AΓ(𝜔𝑖) = (1−Γ(𝜔𝑖))A𝑍(𝜔𝑖) 𝑏Γ(𝜔𝑖) = (1+Γ(𝜔𝑖)) (4.27)

A𝐻(𝜔𝑖) = (𝐻12𝑐(𝜔𝑖)cos𝜙1−cos𝜙2)A𝑍(𝜔𝑖) 𝑏𝐻(𝜔𝑖) = −𝑗(𝐻12𝑐(𝜔𝑖)sin𝜙1− sin𝜙2) , (4.28)

where 𝑍𝑠𝑐(𝜔𝑖), Γ(𝜔𝑖) and 𝐻12𝑐(𝜔𝑖) are the measurement at 𝜔𝑖 of the combined specific im-
pedance, reflection coefficient, and 𝐻12𝑐 respectively, and 𝜙1,2 = 𝑥1,2𝜔𝑖/𝑐 is the phase shift
introduced by the wave propagation in the tube.

Because in equations (4.27) and (4.28), the measurements appear on both sides of the equa-
tion, noise present in these measurements will introduce a bias. It is therefore good to use a
recursive algorithm to improve the initial estimation provided by equations (4.27) and (4.28).
An undamped Gauss-Newton algorithm [74] was chosen because it is quite simple to imple-
ment and the Jacobian of the residuals required by the algorithm is simple to find analytically.
Furthermore, this algorithm does not require second-order derivatives of the residuals. For
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4.2 Method of the Parameters of the Electroacoustic Absorber

each iteration of the algorithm, the residuals to solve are linearized around the previous so-
lution. The solution of the linearized function will serve for the next iteration. Formally, the
update on the estimation at each step is

x𝑛+1 = x𝑛−(J𝑇WJ)−1J𝑇Wr(x𝑛), (4.29)

where J and r are again split into real and imaginary parts to ensure real estimated coefficients

J(x) = [
ℜ{JΓ,𝐻(x, �⃗�)} 0

0 ℑ{JΓ,𝐻(x, �⃗�)}
] r(x) = [

ℜ{rΓ,𝐻(x, �⃗�)}
ℑ{rΓ,𝐻(x, �⃗�)}

] . (4.30)

The complex residuals rΓ and r𝐻 and their complex Jacobians JΓ and J𝐻 have in their 𝑖th row
(corresponding to the measurement frequency 𝜔𝑖)

JΓ(x,𝜔𝑖) =
2A𝑍(𝜔𝑖)

(1+ �̂�𝑠𝑐(𝜔𝑖))
2 𝑟Γ(x,𝜔𝑖) =

�̂�𝑠𝑐(x,𝜔𝑖)−𝜌𝑐
�̂�𝑠𝑐(x,𝜔𝑖)+𝜌𝑐

−Γ(𝜔𝑖) (4.31)

J𝐻(x,𝜔𝑖) =
𝑗sin(𝜙1−𝜙2)A𝑍(𝜔𝑖)

(�̂�𝑠𝑐(x,𝜔𝑖)cos𝜙1+𝑗sin𝜙1)
2 𝑟𝐻(x,𝜔𝑖) =

�̂�𝑠𝑐(x,𝜔𝑖)cos𝜙2+𝑗sin𝜙2
�̂�𝑠𝑐(x,𝜔𝑖)cos𝜙1+𝑗sin𝜙1

−𝐻12𝑐(𝜔𝑖),

(4.32)

where Ẑ𝑠𝑐(x) is the impedance obtained from the estimated parameters. Note that for the im-
pedance fitting case, the Jacobian would be equivalent to A𝑍, and equation (4.29) is equivalent
to equation (4.22).

4.2.2 Estimation of the Coupling Factor

With a control current directly proportional to the front pressure 𝑖 = 𝐾1𝑝𝑓 [73] it is possible to
estimate the coupling factor. Indeed, this proportional controller will effectively modify the
achieved impedance by a gain. In practice, the controller is not exactly proportional due to the
delay 𝜏 in the digital controller and the fact that the control microphone is not exactly placed
on the membrane, but rather at a distance 𝑑 from it. The normalized parameter 𝑥1 = 𝐾1�̂�
corresponding to 𝐹 can be estimated as

𝑥1 =ℜ{
𝑁
∑
𝑖=1

𝑤𝑖𝑒𝑗𝜔𝑖𝜏
𝑍𝑠1(𝜔𝑖)−𝑍𝑠𝑐(𝜔𝑖)

𝑍𝑠1(𝜔𝑖)cos(𝜔𝑖𝑑/𝑐)+ 𝑗sin(𝜔𝑖𝑑/𝑐)
}(

𝑁
∑
𝑖=1

𝑤𝑖)
−1

, (4.33)

where𝑤𝑖 is the 𝑖th element ofw and 𝑍𝑠1 is the specific impedance measured with the constant
feedforward controller of gain 𝐾1, either directly, or calculated from the reflection coefficient

𝑍𝑠1 =
1+Γ1
1−Γ1

, (4.34)

or from the𝐻12𝑐

𝑍𝑠1 =−𝑗
𝐻12,1 sin𝜙1− sin𝜙2
𝐻12,1 cos𝜙1−cos𝜙2

, (4.35)

where Γ1 and 𝐻12,1 are respectively the reflection coefficient and the 𝐻12𝑐 transfer function
measured with the constant control 𝐾1.
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Again, for the three cases, the estimation �̂� is biased, and refinement is required using the
undamped Gauss-Newton algorithm. Here the complex residuals and their Jacobians (both
are vectors because 𝑥1 is scalar) are

𝐽𝑍(𝑥1,𝜔𝑖) =
�̂�𝑠1(𝑥1,𝜔𝑖)−𝑍𝑠𝑐(𝜔𝑖)

𝑥1 (1−𝑒−𝑖𝜔𝑖𝜏𝑥1 cos(𝑤𝑖𝑑/𝑐))
𝑟𝑍(𝑥1,𝜔𝑖) = �̂�𝑠1(𝑥1,𝜔𝑖)−𝑍𝑠1(𝜔𝑖) (4.36)

𝐽Γ(𝑥1,𝜔𝑖) =
2𝐽𝑍(𝑥1,𝜔𝑖)

(1+ �̂�𝑠1(𝜔𝑖))
2 𝑟Γ(𝑥1,𝜔𝑖) =

�̂�𝑠1(𝑥1,𝜔𝑖)−𝜌𝑐
�̂�𝑠1(𝑥1,𝜔𝑖)+𝜌𝑐

−Γ1(𝜔𝑖) (4.37)

𝐽𝐻(𝑥1,𝜔𝑖) =
𝑗sin(𝜙1−𝜙2)𝐽𝑍(𝑥1,𝜔𝑖)

(�̂�𝑠1(𝑥1,𝜔𝑖)cos𝜙1+𝑗sin𝜙1)
2 𝑟𝐻(𝑥1,𝜔𝑖) =

�̂�𝑠1(𝑥1,𝜔𝑖)cos𝜙2+𝑗sin𝜙2
�̂�𝑠1(𝑥1,𝜔𝑖)cos𝜙1+𝑗sin𝜙1

−𝐻12,1(𝜔𝑖)

(4.38)

where

�̂�𝑠1(𝑥1,𝜔𝑖) =
𝑍𝑠𝑐(𝜔𝑖)+ 𝑗𝑥1𝑒−𝑗𝜔𝑖𝜏 sin(𝜔𝑖𝑑/𝑐)

1−𝑥1𝑒−𝑗𝜔𝑖𝜏 cos(𝜔𝑖𝑑/𝑐)
(4.39)

is the achieved impedance with constant control 𝐾1 estimated from 𝑥1.

4.2.3 Estimation of the Compliance of the Enclosure

Finally, a second proportional control of the current from the rear pressure 𝑖 = 𝐾2𝑝𝑏 effectively
changes the stiffness of the absorber. From the amount of which the achieved stiffness has
changed, the normalized parameter related to the compliance of the enclosure

𝑥2 =
𝐾2�̂�

𝜌𝑐𝜔𝑟 ̂𝐶𝑠𝑏
(4.40)

can be estimated as

𝑥2 =ℜ{
𝑁
∑
𝑖=1

𝑤𝑖𝑒𝑗𝜔𝑖𝜏
𝑗𝜔𝑖
𝜔𝑟

(𝑍𝑠2(𝜔𝑖)−𝑍𝑠𝑐(𝜔𝑖))}(
𝑁
∑
𝑖=1

𝑤𝑖)
−1

, (4.41)

where𝑍𝑠2 is the specific impedance with the constant feedback controller of gain𝐾2, measured
either directly, or calculated from the measured𝐻12𝑐 transfer function.

Here, 𝑥2 is unbiased for the fitting of the impedance curves but is biased when using the
reflection coefficient or𝐻12𝑐. Again, this bias is leveraged with the undamped Gauss-Newton
algorithm for which the complex residuals and their complex Jacobians (also vectors) are

𝐽Γ(𝑥2,𝜔𝑖) =
−2𝑗𝑒−𝑗𝜔𝑖𝜏𝜔𝑟/𝜔𝑖
(1+ �̂�𝑠2(𝜔𝑖))

2 𝑟Γ(𝑥2,𝜔𝑖) =
�̂�𝑠2(𝑥2,𝜔𝑖)−𝜌𝑐
�̂�𝑠2(𝑥2,𝜔𝑖)+𝜌𝑐

−Γ2(𝜔𝑖) (4.42)

𝐽𝐻(𝑥2,𝜔𝑖) =
sin(𝜙1−𝜙2)𝑒−𝑗𝜔𝑖𝜏𝜔𝑟/𝜔𝑖

(�̂�𝑠2(𝑥2,𝜔𝑖)cos𝜙1+𝑗sin𝜙1)
2 𝑟𝐻(𝑥2,𝜔𝑖) =

�̂�𝑠2(𝑥2,𝜔𝑖)cos𝜙2+𝑗sin𝜙2
�̂�𝑠2(𝑥2,𝜔𝑖)cos𝜙1+𝑗sin𝜙1

−𝐻12,2(𝜔𝑖)

(4.43)

where
�̂�𝑠2(𝜔𝑖) = 𝑍𝑜𝑐(𝜔𝑖)+𝑒−𝑗𝜔𝑖𝜏𝑥2

𝜔𝑟
𝑗𝜔𝑖

(4.44)

is the achieved impedance with constant control 𝐾2 estimated from 𝑥2, and Γ2 and𝐻12,2 are
the measured reflection coefficient transfer function with 𝐾2 control.
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4.3 Results

Table 4.2: Estimated parameters of the absorber

Parameter Symbol Value
Specific resistance 𝑅𝑠𝑠 1.380𝜌𝑐
Resonant frequency 𝜔0/(2𝜋) 447Hz
Mechanical Q factor 𝑄𝑚𝑐 4.79
Box spec. compliance 𝐶𝑠𝑏 0.166µmPa−1

Coupling factor 𝐹 255PaA−1

Density of air 𝜌 1.2 kgm−3

Speed of sound 𝑐 343ms−1

4.3 Results

The frequency band considered for the estimation is from 300Hz to 600Hz with steps of 1Hz.
The constant controller gains are chosen as 𝐾1 = −1mAPa−1 and 𝐾2 = 1mAPa−1. The delay
of the controller is 𝜏 = 60µs and the microphone distance 𝑑 = 5mm. The five estimated
parameters of the electroacoustic absorber are reported in Table 4.2, and the visual quality of
the fit is shown in figures 4.8a, 4.8b and 4.8c. After having tried different values of I/O latency 𝜏,
the best fit was obtained with 60µs. It is not clear yet why the fit is the best with 60µs instead
of the estimated 4.25µs I/O latency.

Note that these parameters describe the termination of the impedance tube, and not the mem-
brane of the speaker, which does not represent the whole termination. To get the loudspeaker
parameters instead of the termination, the mechanical parameters𝑀𝑠𝑠, 𝑅𝑠𝑠 and 𝐾𝑠𝑐 must be
scaled by 𝑆𝑑/𝑆duct, where 𝑆duct is the cross-section of the duct. However, this is not necessary if
one is interested in controlling the impedance of the whole termination instead of only the
loudspeaker. Indeed, using the cross-section 𝑆duct instead of 𝑆𝑑 is equivalent to a scaling of 𝑣,
and thus a scaling of the impedances and the box compliance. Therefore, it has no impact on
the equations if all the measured impedances as well as the target one are considered with the
same cross-section, and the whole termination can be considered to be the absorber under
test. It is also interesting to notice that the calibration of the two control microphones and the
HCP is not necessary. Indeed, the errors in the sensitivities are embedded in the estimation of
𝐹 and 𝐶𝑠𝑏 thanks to the fact that the estimation of these two parameters was performed by
using them in the proportional controllers.
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Figure 4.8: Fitting results with 𝐾1 =−1mAPa−1, 𝐾2 = 1mAPa−1, 𝜏 = 60µs, and 𝑑 = 5mm
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4.4 Conclusion

This chapter has presented a more rigorous method for estimating the parameters of the ab-
sorber. Because the previously available methods from the literature are either not capable to
measure the absorber without its radiation impedance, or they are fitting the acoustic impe-
dance directly, they are not adapted for loudspeaker parameters estimation in an impedance
tube. Careful manual tweaking of the estimated parameters was then often required, reducing
the advantage of the parameter estimation methods.

Additionally, with the proposed method, the estimated parameters already embed the sen-
sitivities of the two control microphones and the HCP. Indeed, the sensitivities of the front
microphone and the HCP are already embedded in the estimation of the coupling factor �̂�,
and the sensitivity of the rear microphone into the cavity compliance ̂𝐶𝑠𝑏.

However, accurate estimation of the parameters is not sufficient if the model is not correct
(e.g., it is an approximation of the system and neglects some other phenomenons), or when
these parameters are subject to drift in time (e.g., fatigue, temperature variations, etc.).

Along with the estimation of the parameters, this chapter has also presented the experimental
setup used to measure the performance of the absorbers The following chapter will introduce
a control method that does not rely on these estimated parameters, but they will be required
for the controller presented in chapter 6.
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5 Model-Less Control

It has been shown in previous chapters how a better accuracy of the estimated parameters
helps the feedforward controller in more accurately achieving the target impedance thus
improving its stability robustness. This chapter presents a novel control architecture of an
active electroacoustic absorber that does not require an accurate model of the transducer
thanks to a non-intrusive feedback system. This control can therefore be implemented on
electrodynamic loudspeakers which do not follow well the analytical model of section 2.4.1, or
on other types of transducers where the dynamics are not well understood. Measurements
of the proposed control strategy are shown, highlighting the behavior of this absorber to the
feedback gain settings and its limitations. The content of this section is also reported in [75].

5.1 Control Strategy

Feedforward impedance control has proved to be effective but requires an accurate model
of the electroacoustic actuator. Alternatively, by sensing the pressure on the electrodynamic
absorber membrane simultaneously with its velocity, a target acoustic impedance can be
achieved on electroacoustic actuators, without requiring a thorough estimation of the trans-
ducer model parameter. The active impedance control system presented in [30], [48] estimates
the membrane velocity by integrating the signal generated by an accelerometer placed on the
speaker cone. This approach is especially impractical for small absorbers where the accelerom-
eter would be too big and introduce an incompatible moving mass. On the other hand, in [76],
aWheatstone bridge is used to estimate the membrane velocity, which requires a fine-tuning
of resistors.

In theproposed implementation, amicrophone located inside the enclosure of the loudspeaker
measures a signal proportional to the membrane displacement, which allows for estimating
the membrane velocity, as shown in figure 5.1 and according to equation (2.49). The great
advantageof this control scheme is thatnomodel of the electrodynamic loudspeaker is required
except the estimation of the specific compliance of the cavity 𝐶𝑠𝑏. This compliance can easily
be measured by estimating the transfer function from the membrane velocity and the signal
from the rear microphone, using e.g., a laser vibrometer, or, as shown in the previous chapter,
an impedance tube [61]. Also, the usage of a microphone in the backing cavity is compatible
with most of the absorber realization, regardless of their size and bulkiness constraints.

Once the cavity compliance is known, the controller can be designed. The rear pressure signal
𝑝𝑏 is numerically differentiated and multiplied by 𝐶𝑠𝑏 to obtain an estimation of the actual
velocity of the membrane �̂�. The target velocity 𝑣𝑡 is obtained by dividing the acoustic front
pressure signal𝑝𝑓 by the target impedance𝑍𝑠𝑡. With error velocity being the difference between
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Figure 5.1: Architecture of the model-less absorber

these two velocities, a proportional controller with gain 𝐺/𝐹 ≥ 0 is used to inject in the coil a
correction current proportional to the error velocity. Such a controller is written as

𝑖(𝑠) =
𝐺
𝐹
(𝑠𝐶𝑠𝑏𝑝𝑏(𝑠)−

𝑝𝑓(𝑠)
𝑍𝑠𝑡(𝑠)

) , (5.1)

and the achieved impedance can be obtained by injecting this last equation into the loudspea-
ker model from equations (2.47) and (2.49)

𝑍𝑠𝑎 = 𝑍𝑠𝑡
𝑍𝑠𝑐+𝐺
𝑍𝑠𝑡+𝐺

. (5.2)

This achieved specific impedance tends to 𝑍𝑠𝑡 when 𝐺 tends to infinity. Even though the
coupling factor 𝐹 appears in the gain in the controller, it has no real impact because it acts as a
scaling on the gain 𝐺. The only required physical parameter remains the enclosure acoustic
compliance 𝐶𝑠𝑏.

Because the target impedance is not exactly achieved but only approached (𝐺 should be infinite
to exactly match the target), the passivity of the achieved impedance is not guaranteed. For
real targets, the achieved impedance remains a SDOF impedance, which is passive, but if the
target contains a reactive part, the achieved impedance shape is more complex and can have
negative real parts.

5.2 Placement of the Rear Microphone

For wavelengths much smaller than the dimension of the enclosure of the loudspeaker, the
pressure in the cavity is proportional to the displacement of the membrane. However, as the
frequency increases, the model of the box is becoming worse, and cavity modes appear. The
position of the microphone in the cavity can help mitigate this effect. Furthermore, placing
some absorbent material such as melamine foam in the cavity also helps in dampening the
resonances and in providing a flatter frequency response.

Simulations have been conducted in the frequency domain using the finite element simulation
software COMSOL Multiphysics to find an optimal microphone position. The simulated
geometry is given in figure 5.2 in which two microphone positions are documented. Note that
this geometry is a rough approximation of the experimental absorber, and the simulated values
of 𝐶𝑠𝑏 might differ significantly from the estimated one. Two simulations were conducted: one
with the cavity filled with air, and the second one with the cavity filled with melamine foam
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Figure 5.2: Simulated geometry with units in mm

Table 5.1: Poroacoustic parameters for the Johnson-Champoux-Allard model of the simulated
melamine foam (source: [78])

parameter value
porosity 0.99

flow resistivity 10925Pasm−2

thermal characteristic length 0.1mm
viscous characteristic length 0.13mm

tortuosity factor 1.02

whose parameters for the Johnson-Champoux-Allard poroacoustic model [77] are taken from
[78] and reported in table 5.1. The obtained relationships from the membrane displacement to
the pressure at the position of the microphone𝑝𝑏/𝜉 are reported in figure 5.3a for a cavity filled
with air, and in figure 5.3b for a cavity filled with melamine foam. In the first graph, it is visible
that the first cavity mode happens at 2.2 kHz and is not well damped: the response extends on
multiple orders of magnitude. Nevertheless, the response of the microphone at position 1 has
the flattest response up to this frequency and is therefore chosen in the experimental absorber
prototype. Furthermore, figure 5.3b shows that the insertion of melamine in the cavity indeed
helps to dampen the response that is well contained between 1.03Paµm−1 and 3.34Paµm−1

for position 1 and between 1.03Paµm−1 and 7.07Paµm−1 for position 2. In conclusion, it
has been observed that position 1 is better than position two and that the response with the
melamine is flatter and results in a better estimator of the membrane displacement. It is,
therefore, important to include some porous material in the cavity and to carefully choose the
position of the rear microphone.
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Figure 5.3: Simulated transfer function from the membrane displacement to the rear micro-
phone, for two different positions of the rear microphone

5.3 Experimental Results

This control scheme was implemented on a Visaton FRWS 5 transducer, whose identified
parameters are reported in table 4.2. Note that only 𝐶𝑠𝑏 needs to be known. Three target impe-
dances were considered. The first target is a real resistance of 𝜌𝑐 (optimal normal incidence
absorption), and the achieved impedance and absorption are shown in figures 5.4a and 5.5a
for different feedback gain values. In these two figures, it is visible that the target of 𝜌𝑐 is not
achieved, and that the larger the gain, the closer the achieved impedance is from the target one,
and thus the largest the bandwidth of absorption. This is only true up to a given limit, at which
the system is close to instability, resulting in more noise and less accuracy in the achieved
impedance (see 𝐺 = 5𝜌𝑐 in figures 5.4a and 5.5a). This also reflects on the coherence spectra
corresponding to these measurements, available in figure 5.6, in which the coherence is lower
for higher gains of the feedback. The coherence is the frequency domain representation of
the normalized cross-correlation between two signals [74]. It measures how well two signals
are correlated for each frequency, and therefore how much the estimated transfer function
between these two signals can be trusted. The coherence spectrum takes values between 0
and 1, 0 being totally uncorrelated and 1 perfectly correlated. The mathematical expression of
the coherence spectrum between signal 𝑢 and 𝑦 is

𝜅𝑢𝑦(𝑗𝜔) =
𝑆2𝑢𝑦(𝑗𝜔)

𝑆𝑢𝑢(𝑗𝜔)𝑆𝑦𝑦(𝑗𝜔)
. (5.3)

The second and third targets are complex SDOF impedances with 𝑅𝑠𝑡 = 𝜌𝑐/5, 𝑄𝑡 = 5 and
𝜔𝑡/(2𝜋) = 250Hz and 750Hz, whose performance are reported in figures 5.4b and 5.5b. Be-
cause the target is no longer purely real, the achieved impedance is active at some frequencies,
which is visible in the absorption coefficient curves at 200Hz for the lower frequency resonator
and at 900Hz for the higher frequency one. Again, this is an undesirable behavior of the absor-
ber and can lead to instability, especially when many of these absorbers are assembled in a
liner configuration.
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Figure 5.4: Achieved impedances with model-less control
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Figure 5.5: Achieved normal incidence absorption with model-less control
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Figure 5.6: Coherence spectra between the measurement signals with model-less control with
a real target of 𝜌𝑐 and different feedback gains

5.4 PID-like control

Another possibility formodel-less impedance control, reported in [79], [80], is the Proportional-
Integral-Derivative (PID)-like control, which has the nice advantage of being realizable with
purely analog components and thus low-cost. When driving the electrodynamic loudspeaker
with a current proportional to the measured pressure in front and behind the membrane,
as well as to the time derivatives of the rear pressure, as shown in figure 5.7, it is possible
to tune independently the moving mass, the damping and the stiffness of the loudspeaker.
The name Proportional-Integral-Derivative (PID)-like refers to the ability of this controller to
independently tune the response to the proportional, integral, and differential parts of the
membrane velocity: 𝑅𝑠𝑡, 1/𝐶𝑠𝑡, and𝑀𝑠𝑡 respectively.

With this control method, the current driving the speaker is written

𝑖(𝑠) = 𝐺𝑓𝑝𝑓(𝑠)+ (𝐺𝑏+𝑠𝐺 ′
𝑏)𝑝𝑏(𝑠), (5.4)

𝑣
𝑝𝑓

𝑝𝑏
+

+
+

𝐺𝑓

𝐺𝑏

𝐺 ′
𝑏

𝜕
𝜕𝑡

𝑖

Figure 5.7: PID-like active impedance control
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where 𝐺𝑓 𝐺𝑏 and 𝐺 ′
𝑏 are different constant gains, leading to an achieved impedance

𝑍𝑠𝑎 =
𝑍𝑠𝑐+𝐹(𝐺𝑏+𝑠𝐺 ′

𝑏)/(𝑠𝐶𝑠𝑏)
1−𝐹𝐺𝑓

. (5.5)

From this last equation, it is possible to find the unique combination of the appropriate gains
that result in the target specific mass𝑀𝑠𝑡, resistance 𝑅𝑠𝑡 and compliance 𝐶𝑠𝑡

𝐺𝑓 =
1
𝐹
(1−

𝑀𝑠𝑠

𝑀𝑠𝑡
) (5.6)

𝐺𝑏 =
−𝐶𝑠𝑏
𝐹𝐶𝑠𝑡

(
𝐶𝑠𝑡
𝐶𝑠𝑐

−
𝑀𝑠𝑠

𝑀𝑠𝑡
) (5.7)

𝐺 ′
𝑏 =

−𝐶𝑠𝑏𝑅𝑠𝑡
𝐹

(
𝑅𝑠𝑠
𝑅𝑠𝑡

−
𝑀𝑠𝑠

𝑀𝑠𝑡
) . (5.8)

This controller can, in fact, only be considered model-less in the sense that even if the model
of the speaker is not correct, the three different gain values will still result in a SDOF passive
absorber. Indeed, the effect of 𝐺𝑓 is to modify the whole impedance 𝑍𝑠𝑐 by a real gain, 𝐺𝑏

effectively modifies the stiffness of the speaker, and 𝐺 ′
𝑏 its resistance.

This control method performs well with a small controller I/O latency of 4.25µs, as it can be
seen infigures 5.8a and 5.8c inwhich the achieved curve followswell the target one. However, in
figure 5.8b, it canbe observed thatwith the larger latency of 30µs, the resistance of the achieved
impedance is no longer correct as it reaches negative values over most of the frequency band of
interest. Negative resistances are not passive anymore, meaning it injects some energy instead
of dissipating it. This is visible in the achieved absorption coefficient of figure 5.8d whose
magnitude reaches negative values as low as 0.4. This means that under normal incidence,
the reflected wave transports more energy than the incident one. This behavior is likely to be
unstable because if the acoustic environment around this absorber (which is in reality not
absorbing) dissipates less power than the one created by the absorber, energy will build up,
leading to instability, which will be perceived as a whistling. It is only with a manual tweaking
of the target resistance to 2.1𝜌𝑐 instead of 𝜌𝑐 that an appropriate impedance is achieved. This
design is thus not well suited for the targeted application, because of its lack of robustness to
the controller latency, and the fact that only SDOF impedances can be realized. However, this
implementation has the advantage of being realizable with purely analog components such as
resistors, capacitors, and operational amplifiers, leading to a low-cost solution with no I/O
latency, although it is not easily tuneable.
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Figure 5.8: Theoretically achieved impedance and normal incidence absorption for the SDOF
target with a PID-like controller, and with different Input-Output (I/O) latencies
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5.5 Conclusion

Although it is still rudimentary, the model-less controller scheme presented in this chapter
has been proven to work. Because it does not require a transducer model, it is more accurate
around the resonance frequency than what is obtained by a feed-forward scheme. Indeed,
the feed-forward architecture is sensitive to model inaccuracies and the digital delay of the
controller. However, careful attention must be given when designing the absorber, especially
in the placement of the rear microphone. Here, a simple proportional controller was built,
but more advanced control theory techniques could be applied. Furthermore, because this
scheme is not dependent on a model, it is capable to control other kinds of actuators, such as
a plasma-based loudspeaker, which was successfully controlled in [64].

The second kind of controller presented in this chapter is of a very simple architecture because
it consists of only three gains and a differentiator. Even though the target impedance can only
be a SDOF resonator, it is possible, thanks to the simplicity of the controller, to realize it with
purely analog components such as resistors, operational amplifiers, and a capacitor (for the
differentiator). This analog implementation results in a drastic reduction of the production cost
of each absorber, which can prove crucial for a liner implementation consisting of dozens of
unit cells. Furthermore, an analog implementation of the controller would result in a negligible
I/O latency, effectively breaking free from the passivity issue reported in figure 5.8c.
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6 Mixed Feedforward-Feedback Control

This chapter presents an acoustic impedance control architecture for an electroacoustic ab-
sorber combining both feedforward and feedback microphone-based strategies on a current-
driven loudspeaker. Feedforward systems enable good performance for direct impedance
control. However, we have seen that inaccuracies in the required actuator model can lead
to a loss of passivity, which can cause unstable behavior. An absorber design based purely
on feedback, as shown in the previous chapter, does not require the model of the actuator
and is therefore not sensitive to parameter uncertainty. This new controller design aims at
combining both methods and exhibits the advantages of each. The feedback contribution
allows the absorber to better handle model errors and still achieve an accurate impedance,
preserving passivity. Numerical and experimental studies were conducted to compare this
new architecture against a state-of-the-art feedforward control method. The content of this
chapter is published in [81], [82].

6.1 Formulation of the Two-Input Single-Output controller

The model-less absorber from the previous chapter is not capable of correctly reaching the
target impedance because it relies solely on a feedback loop. This means that there will always
be an error between the target and the achieved impedance (no error would mean no control).
Also, because the target is only approached and never reached, the achieved impedance can
be active in some frequencies even if the target was not. The question one can ask to improve
the model-less design is

How should one modify the target impedance that is given to the model-less
controller to truly reach the desired value?

By solving equation (5.2) for 𝑍𝑠𝑡 one finds

𝑍𝑠𝑡 =
𝐺𝑍𝑠𝑎

𝐺 +𝑍𝑠𝑐−𝑍𝑠𝑎
, (6.1)

from which it can be deduced that the two-input-one-output control transfer function should
be of the form

𝑖(𝑠) = 𝐻1(𝑠)𝑝𝑓(𝑠)+𝐻2(𝑠)𝑝𝑏(𝑠), (6.2)

where

𝐻1(𝑠) =
1
𝐹
(1−

𝑍𝑠𝑐(𝑠)+𝐺(𝑠)
𝑍𝑠𝑡(𝑠)

) (6.3)
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Figure 6.1: Architecture of the mixed feedforward-feedback absorber

and
𝐻2(𝑠) =

𝑠𝐶𝑠𝑏𝐺
𝐹

. (6.4)

An illustration of such a controller is given in figure 6.1a, and its detailed block diagram is
shown in figure 6.1b. In the latter, it is visible that𝐻1(𝑠) is the feedforward part of the controller,
and𝐻2(𝑠) is the feedback part.

It can be observed that equations (6.3) and (6.4) result in the exact target impedance regardless
of the value of 𝐺. To keep the controller proper such that its magnitude does not diverge for
high frequencies, 𝐺 is chosen as a low-pass filter for the rest of this chapter

𝐺(𝑠) = 𝜌𝑐𝑘𝑔
𝜔𝑔

𝑠+𝜔𝑔
, (6.5)

where𝑘𝑔 ≥ 0 is a dimensionless tuneable feedback gain and𝜔𝑔 is the cut-off angular frequency
of the low-pass filter 𝐺(𝑠). Having 𝐺(𝑠) as a low-pass filter also has the advantage that the
contribution of the velocity feedback from the rear pressure is only applied for low frequencies,
at which the model of the cavity of the speaker from equation (2.45) is valid. A careful designer
will choose the cutoff frequency 𝜔𝑔 such that it is smaller than the first resonance of the cavity.
Furthermore, if 𝑘𝑔 is set to zero, only𝐻1 remains and is equivalent to the feedforward control
method from [18]. Equations (6.3) and (6.4) can thus also be interpreted as the superposition
of the pure feedforward and the model-less designs.

6.2 Proof of Stability

A pole analysis of the feedback loop created by𝐻2(𝑠) is required to show the stability properties
of the absorber. Both transfer functions𝐻1(𝑠) and𝐻2(𝑠) are individually (open loop) proper
and stable. There is one feed-forward loop, which is stable if its components are stable, and
a feedback loop which is stable if the real part of all its poles is negative. These poles are the
solutions of

𝐺(𝑠)𝑍−1
𝑠𝑐 (𝑠)+1 = 0, (6.6)

which is equivalent to solving
𝑠3+𝑎𝑠2+𝑏𝑠+𝑐 = 0, (6.7)
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where
𝑎 =

𝜔0
𝑄𝑚𝑐

+𝜔𝑔, (6.8)

𝑏 =𝜔2
0 +

𝜔0𝜔𝑔
𝑄𝑚𝑐

(
𝜌𝑐𝑘𝑔
𝑅𝑠𝑠

+1) (6.9)

and
𝑐 = 𝜔2

0𝜔𝑔. (6.10)

It is interesting to notice that equation (6.7) does not depend on the target impedance. The
closed loop is stable if and only if the Hurwitz matrix

ℋ=
⎡
⎢
⎣

𝑎 𝑐 0
1 𝑏 0
0 𝑎 𝑐

⎤
⎥
⎦

(6.11)

corresponding to the polynomial of equation (6.7) has all its three leading principal minors
which are positive [83], i.e.,

𝑎 > 0, (6.12)

||||
𝑎 𝑐
1 𝑏

||||
= 𝑎𝑏−𝑐 > 0 (6.13)

and
|||||||

𝑎 𝑐 0
1 𝑏 0
0 𝑎 𝑐

|||||||
= 𝑐(𝑎𝑏−𝑐) > 0, (6.14)

where |𝐴| denotes the determinant of a square matrix 𝐴. This means that 𝑘𝑔 must satisfy

𝑘𝑔 >−
𝑅𝑠𝑠
𝜌𝑐

⎛

⎝
1+

𝑄𝑚𝑐 (𝜔0/𝜔𝑔)
2

𝑄𝑚𝑐+𝜔0/𝜔𝑔

⎞

⎠
, (6.15)

which is always true for nonnegative values of 𝑘𝑔.

6.3 Sensitivity to Parameter Variations

To analyze the robustness of the proposed method to parameter estimation inaccuracy, the
sensitivity functions of the achieved impedance are calculated. When the estimated values
�̂�𝑠𝑐, �̂� and ̂𝐶𝑠𝑏 of the parameters 𝑍𝑠𝑐, 𝐹 and 𝐶𝑠𝑏 respectively are used in the controller transfer
functions from equations (6.3) and (6.4), the achieved impedance is

𝑍𝑠𝑎 = 𝑍𝑠𝑡
𝐺(𝑠) ̂𝐶𝑠𝑏/𝐶𝑠𝑏+𝑍𝑠𝑐(𝑠)�̂�/𝐹

𝐺(𝑠)+ �̂�𝑠𝑐(𝑠)+𝑍𝑠𝑡(𝑠)(�̂�/𝐹 −1)
. (6.16)

The sensitivity function to a parameter 𝑥 of this achieved impedance is defined as the ratio
between the percentage of change in the achieved impedance 𝑍𝑠𝑎 to the percentage of change
in the parameter 𝑥 [84]:

𝑆𝑥(𝑠) =
𝜕𝑍𝑠𝑎
𝜕𝑥

𝑥
𝑍𝑠𝑎

. (6.17)
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which results in

𝑆�̂�𝑠𝑐(𝑠) = −(1+
𝐺 +(�̂�/𝐹−1)𝑍𝑠𝑡

�̂�𝑠𝑐
)
−1

, (6.18)

𝑆�̂�(𝑠) = (1+
̂𝐶𝑠𝑏𝐹𝐺

𝐶𝑠𝑏�̂�𝑍𝑠𝑐
)
−1

−(1+
𝐹(𝐺 + �̂�𝑠𝑐−𝑍𝑠𝑡)

�̂�𝑍𝑠𝑡
)
−1

(6.19)

and

𝑆 ̂𝐶𝑠𝑏(𝑠) = (1+
𝐶𝑠𝑏�̂�𝑍𝑠𝑐
̂𝐶𝑠𝑏𝐹𝐺

)
−1

, (6.20)

for parameters �̂�𝑠𝑐, �̂� and ̂𝐶𝑠𝑏 respectively. The limit when 𝐺(𝑠) → ∞ of 𝑆�̂�𝑠𝑐(𝑠), 𝑆�̂�(𝑠) and
𝑆 ̂𝐶𝑠𝑏(𝑠) are respectively 0, 0 and 1. It can therefore be concluded that any variation in the
estimation �̂�𝑠𝑐 and �̂� will be less significant when the magnitude of 𝐺(𝑠) is larger. This is
however not true for ̂𝐶𝑠𝑏, for which the error on the achieved impedance becomes proportional
to the error in ̂𝐶𝑠𝑏 when the magnitude of 𝐺(𝑠) is large. This can easily be understood by the
fact that the feedback loop helps in decreasing the sensitivity to parameter uncertainty, but it
relies proportionally on the compliance of the enclosure.

6.4 Numerical Sensitivity Analysis

In this section, a numerical sensitivity analysis is presented for the three different control
targets from table 2.3. The parameter values of the absorber for the numerical simulations are
the same as in table 2.2. The numerical sensitivity analysis consists in evaluating the achieved
normal incidence absorption coefficient 𝛼𝑎 105 times, with random Gaussian deviations of
10%on the estimatedparameters �̂�𝑠𝑠, �̂�0, �̂�𝑚𝑠, �̂� and ̂𝐶𝑠𝑏. This absorption coefficient is defined
as the ratio between absorbed and incident power. It lies between 0 and 1 for acoustically
passive systems, whereas it is smaller than one if the system is acoustically active (for which
energy is injected in the acoustic domain instead of being absorbed). It is calculated from the
achieved impedance 𝑍𝑠𝑎(𝑠) of equation (6.16) as

𝛼𝑎(𝑠) = 1−
||||
𝑍𝑠𝑎(𝑠)−𝜌𝑐
𝑍𝑠𝑎(𝑠)+𝜌𝑐

||||

2
. (6.21)

At every simulated frequency, the values of the first and the third quartiles of the absorption
coefficient are reported in figures 6.2a, 6.2b and 6.2c for each considered target, meaning that
half of the simulated values fall in the shaded regions. In these figures, it is observable that the
absorption coefficient with only feedforward deviates further away from the target than with
the mixed feedforward-feedback control. It can even reach negative values around the passive
resonance of the actuator. With feedback, however, it is much better controlled around this
resonance, and somewhat spread on the neighboring frequencies.

Although the feedbackdoesnot bring somuch improvement for thebroadbandabsorption case
shown infigure 6.2b, it does for the twoother cases. In anUltraHighBypassRatio aircraft engine
application, the sound to absorb is typically tonal, and an absorber with multiple frequencies
of absorption would be convenient. Also, in this application, the optimal impedance would
not be 𝜌𝑐 but rather consists of a given resistive part and a reactive part, as explained in [25],
[29], for which this new architecture can bring interesting improvements.
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Figure 6.2: Comparison of the Monte-Carrlo simulations of the control with and without feed-
back for the different considered targets. First and third quartiles of the achieved absorption
coefficient with 105 random relative errors of 10% standard deviation on the four estimated
parameters. Half of all the simulated results fall in the shaded regions (first and third quartiles)
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6.5 Experimental Results

The three considered target impedances described by the parameters from table 2.3 are ex-
perimentally assessed in this section. In figure 6.3a, 6.3b and 6.3c, the passive, the target, and
the achieved absorption coefficients with and without the feedback contribution are drawn.
The selected values for 𝑘𝑔 and 𝜔𝑔 in the SDOF, broadband and DDOF target are respectively
𝑘𝑔 = 4.2, 𝜔𝑔 = 2𝜋 ⋅ 1.5kHz, 𝑘𝑔 = 4, 𝜔𝑔 = 2𝜋 ⋅ 1kHz and 𝑘𝑔 = 3.2, 𝜔𝑔 = 2𝜋 ⋅ 1.46kHz. For the
broadband case, to avoid saturation of the controller, the RMS value of the white noise voltage
given to the sound source has been reduced from 50mV to 20mV. As for the numerical study,
it is observed that the passive resonant behavior is still present in the achieved impedances
without feedback, reaching in some cases a negative value of absorption and adding a degree of
freedom to the achieved impedance. The mixed feedforward-feedback controller is capable to
overcome this issue and does more accurately match the target, especially around the passive
resonance of the loudspeaker.

When estimation error is purposely included in the estimated parameters, the achieved ab-
sorption of the pure feedforward control can deviate from the target, reaching some seriously
negative values of the achieved absorption coefficient. Figure 6.4a shows the achieved absor-
ption coefficient for the SDOF target with an underestimation of 5% of the coupling factor,
whereas figure 6.4b shows the achieved absorption for the DDOF target with an overestimation
of 5% of the same parameter. In both figures, the absorption coefficient reaches values lower
than −0.2, which can be problematic when many of these absorbers are arranged together, e.g.
in a liner configuration. The inclusion of the feedback contribution in the controller efficiently
manages to mitigate this problem.

The larger mismatch with the broadband target from figure 6.3b compared to the other targets
can be explained by two main reasons. First, the cutoff frequency of the feedback function
𝐺(𝑠) is of 1 kHz, which is lower than for the two other targets. Secondly, the broadband target
is more difficult to achieve compared to the other, principally because the moving mass of the
speaker is much more reduced. Indeed, for the SDOF case the passive mass𝑀𝑠𝑠 is reduced
to 47.3% of it, whereas, for the broadband case, it is 7.56%, more than six times lower. The
passive stiffness 1/𝐶𝑠𝑐 is increased to 2.37 times for the SDOF case and reduced to 7.57% for
the broadband target. The broadband target is therefore pushed much further away from the
passive behavior. It can be seen in equations (6.18) and (6.19) that the larger the difference or
ratio between 𝑍𝑠𝑐 and 𝑍𝑠𝑡, the larger the values of sensitivity and the less accurate the expected
achieved impedance. Because the broadband target is pushed closer to the instability, it affects
the coherence of the measurement microphones. For the broadband target, its coherence
spectrum is shown in figure 6.3d, in which it can be observed that the feedback improves the
coherence at the resonance. Other drops in the coherence correspond to the resonances of
the duct, at which one of the two measurement microphones is in a pressure node, recording
a low SNR signal and therefore resulting in poor coherence of the result.
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Figure 6.3: Experimentally obtained absorption coefficients
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(a) SDOF absorber with �̂� = 0.95𝐹
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(b) DDOF absorber with �̂� = 1.05𝐹

Figure 6.4: Experimentally obtained absorption coefficients with estimation error on �̂�

6.6 Conclusion

Even if the addition of feedback does not bring a noticeable improvement for broadband
absorption, as targeted by the feedforward architecture, it does significantly improve the
passivity, and thus the stability, of a multi-degree-of-freedom absorber, as formerly used
in aircraft engine noise reduction applications. Additionally, in such an environment, the
estimated parameters of the absorber might change significantly with the static pressure,
surrounding temperature, or humidity. With the feedback contribution, the sensitivity to errors
is lowered and is, therefore, more adapted to drifting parameters. Also, a more sophisticated
model of the relationship between the membrane velocity and the pressure in the cavity could
be considered to extend the feedback contribution to higher frequencies or larger loudspeaker
enclosures. For this, a more elaborated fitting should be used rather than a constant real value.
Furthermore, themixed feedforward-feedback control could also be used to linearize actuators
at high SPL, at which their stiffness and coupling factors are no longer constant and typically
depend on the membrane position.

In the experimental results section, it is explained that the broadband is “pushed closer to the
instability” because of its large mass and stiffness reduction. The next chapter will explain
these stability limits in a more rigorous way rather than empirically, as was done in this chapter.
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A limitation in all the electroacoustic absorber designs shown so far is their stability. Even with
a low-latency digital controller, it is not possible to achieve any arbitrary target impedance.
Indeed, when the target behavior is pushed too far from the passive one, it has been empirically
observed that the absorber gets unstable. This chapter presents how the acoustic environment
in which the absorber is placed affects its stability and can limit the range of achievable targets.
This acoustic environment can be measured and used to estimate the stability limits and
margins of the controller. Knowledge about these stability limits helps the control designer
choose the most robust configuration of the feedback contribution.

7.1 Feedback from the Acoustic Environment

In section6.2, itwas shown that the feedback loop in themixed feedforward-feedback controller
is stable. However, there exists another feedback loop, which is the acoustic environment the
absorber is placed in. Indeed, the pressure scattered by the absorber 𝑝𝑠 is given by its specific
radiation impedance 𝑍𝑠𝑟, which highly depends on the acoustic environment in which the
absorber is placed

𝑝𝑠 =−𝑍𝑠𝑟(𝑠)𝑣. (7.1)

Note the negative sign for the radiation impedance, because𝑣 is defined as the inwards velocity.
The total pressure in front of the absorber is then the sum of the scattered pressure 𝑝𝑠, and the
background pressure 𝑝𝑏𝑔, which is the only contribution to the front pressure if the membrane
does not move (𝑣 = 0). The block diagram of the mixed feedforward-feedback absorber with
the radiation impedance is shown in figure 7.1 in which it can be observed that the whole
system can be separated into two different parts: the controllerH(𝑠) and the plant P(𝑠). For
the mixed feedforward-feedback absorber, the controller is defined as

𝑖 =H(𝑠)[
𝑝𝑓
𝑝𝑏
] = [𝐻1(𝑠) 𝐻2(𝑠)][

𝑝𝑓
𝑝𝑏
], (7.2)

and the plant as

[
𝑝𝑓
𝑝𝑏
] = [P1(𝑠) P2(𝑠)]⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟

P(𝑠)

[
𝑖
𝑝𝑏𝑔

] =
1

𝑍𝑠𝑐(𝑠)+𝑍𝑠𝑟(𝑠)
[
𝐹𝑍𝑠𝑟(𝑠) 𝑍𝑠𝑐(𝑠)

−𝐹/(𝑠𝐶𝑠𝑏) 1/(𝑠𝐶𝑠𝑏)
][

𝑖
𝑝𝑏𝑔

], (7.3)

where P(𝑠) ∈ ℂ2×2 is the plant two-input-two-output transfer function. The description of the
system as a combination of a plant and controller transfer functions is shown in figure 7.2 in
which the negative feedback loop appears evident.
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Figure 7.1: Block diagram of the mixed feedforward-feedback absorber in its acoustic environ-
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Figure 7.2: High-level block diagram of the plant and the controller

Because the frequency response of the radiation impedance𝑍𝑠𝑟(𝑠) can be of a very complicated
shape (dependent on the environment), and that closed-form analytical solutions only exist
in very specific cases, it is not feasible to analyze the stability of the closed loop as was done in
section 6.2. It is, however, possible to measure the plant response by driving it with an arbitrary
broadband signal, such as white noise, from the output of the controller while recording its
two input signals. A bode plot of the measured plant response P1 in a slightly damped duct
is given in figure 7.3. In this figure, the resonances of the impedance tube are visible around
300Hz, 450Hz, 600Hz, etc. To emphasize the fact that the plant response is highly dependent
on the acoustic environment, it was also measured in the anechoic chamber. A photograph of
the absorber in the anechoic chamber is shown in figure 7.4. The bode plot of the measured
plant response in the anechoic chamber is shown in figure 7.5, in which it is noticeable that it
is completely different from the duct response. From this measured frequency response, it
appears now obvious that an analytical representation of the plant is not possible.
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Figure 7.3: Measured frequency response of the 1-input-2-output plant P1 frequency response
in a slightly damped duct. In blue/red: the transfer function from the controller output voltage
to the front/rear microphone voltage signal.

Figure 7.4: Photograph of the electroacoustic absorber in the anechoic chamber
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Figure 7.5: Measured frequency response of the 1-input-2-output plant P1 frequency response
in the anechoic chamber. In blue/red: the transfer function from the controller output voltage
to the front/rear microphone voltage signal.
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7.2 Stability CriterionMargins

The open loop transfer function of the feedback loop of figure 7.2 is

𝑇(𝑠) = −H(𝑠)P1(𝑠) =
−𝐹

𝑍𝑠𝑐(𝑠)+𝑍𝑠𝑟(𝑠)
(𝐻1(𝑠)𝑍𝑠𝑟(𝑠)−

𝐻2(𝑠)
𝑠𝐶𝑠𝑏

) . (7.4)

From the plant measurement and the analytical frequency response of the controller, it is
possible to find the open-loop transfer functions of a given configuration of the absorber in a
given acoustic environment. Figure 7.6 shows the open-loop frequency responses 𝑇(𝑠) for
the three different considered target impedances, each time with and without the feedback
contribution.

The Nyquist criterion is a graphical method to assess the stability of a negative feedback loop
by analyzing the Nyquist diagram of the open-loop transfer function [85]. The Nyquist diagram
is a parametric plot of the frequency response of 𝑇(𝑠) in the complex plane as a function of
the frequency, which is swept as a parameter. The Nyquist diagrams of the three considered
targets are given in figures 7.7a, 7.7b and 7.7c. The Nyquist theorem states that

Theorem. The closed-loop system is stable if and only if the net number of clockwise encir-
clements of the point 𝑠 = −1 by the Nyquist diagram of 𝑇(𝑠) plus the number of unstable poles
of 𝑇(𝑠) is zero.

In our case, we only consider stable open-loop transfer functions 𝑇(𝑠), meaning that the
Nyquist diagram of 𝑇(𝑠)must not encircle the point 𝑠 = −1 in the Laplace plane. Using this
theorem, it is visible that all three configurations are stable, although the broadband case is
very close to the critical point.

To quantify “how close to the critical point” the Nyquist plot is, it is possible to use the gain and
phase margins, which tell the designer how much gain or phase can be added to the controller
before an unstable behavior occurs. The larger these values, the more robust the absorber. The
definitions of the gain and phase margins 𝐺𝑚 and 𝜙𝑚 are graphically shown in figure 7.8. It
often happens that multiple margins exist (i.e., the gain is unity or the phase is 180° at multiple
frequencies), in which case only the worst case is taken (the smallest margins). Another metric
that combines both gain and phase margin information is the disk margin𝐷𝑚 [86]. It is the
smallest distance across all frequencies from the Nyquist curve to the critical point −1+0𝑗

𝐷𝑚 =min
𝜔

|𝑇 (𝑗𝜔)+1| (7.5)

The predicted stability margins for the three target impedances of table 2.3 as well as for an
extreme, almost unstable SDOF target of 𝑅𝑠𝑠 = 0.3𝜌𝑐, 𝜔0 = 2𝜋 ⋅1kHz and𝑄𝑡 = 5.5 are reported
in table 7.1 with and without the velocity feedback contribution. These margins show that the
feedback contribution is capable to improve the robustness of the absorber. For instance, in
the case of the DDOF target, the disk margin is improved from 0.964 to 0.650. Another example
is for the extreme target for which the disk margin, although small, is improved by almost a
factor of 3. These improvements in robustness are also observable in the gain margins.
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Figure 7.6: Open-loop frequency responses for the three targets in a slightly damped duct
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Table 7.1: Stability margins of the four different considered targets in a slightly damped duct

𝑘𝑔 𝜔𝑔/(2𝜋) Gainmargin 𝐺𝑚 Phasemargin 𝜙𝑚 Diskmargin𝐷𝑚
SDOF Feedforward 7.99dB (341Hz) −60.8° (873Hz) 0.517 (51.6Hz)
SDOF 4.2 1500Hz 10.3dB (586Hz) 57.8° (1.20 kHz) 0.643 (92.0Hz)
Broadband Feedforward 4.26dB (4.72 kHz) −52.3° (57.4Hz) 0.354 (750Hz)
Broadband 4 1 kHz 4.40dB (4.97 kHz) −47.7° (56.8Hz) 0.331 (751Hz)
DDOF Feedforward 7.43dB (362Hz) 35.1° (322Hz) 0.394 (53.0Hz)
DDOF 3.6 1500Hz 10.8dB (339Hz) 58.3° (1.20 kHz) 0.650 (92.6Hz)
Extreme Feedforward 0.274dB (4.71 kHz) 19.3° (3.84 kHz) 0.0299 (750Hz)
Extreme 3.2 1460Hz 1.08dB (4.97 kHz) 5.91° (4.71 kHz) 0.0855 (752Hz)

7.3 Optimal Feedback Configuration

The optimal feedback settings of the controller (𝑘𝑔 and 𝜔𝑔) can be found by evaluating the
disk margin for each combination of parameters for a given target impedance. The results of
such a sweep are shown in figures 7.9a, 7.9b, 7.9c, and 7.9d for the three targets from table
2.3 and the extreme target respectively. From these plots, it is possible to select an optimal
controller which will result in the most robust implementation. The selected configuration of
the feedback is highlighted in a black circle in these figures. For the SDOF, DDOF, and extreme
targets, the selected controller is the optimal one on the investigated region. The optimal
configuration for the broadband target is without any feedback (𝑘𝑔 = 0). However, the selected
configuration for the feedback on the broadband target is chosen as 𝑘𝑔 = 4 and𝜔𝑔 = 2𝜋 ⋅1kHz
because it provides a large enough feedback gain for good accuracy while keeping a relatively
good disk margin. As was expected from the experimental measurements of the previous
chapter, the gain, phase, and disk margins of the broadband target show that it is indeed closer
to instability than the SDOF and DDOF targets.

Furthermore, the feedback can help to stabilize a system. With an extreme controller with
target 𝑅𝑠𝑡 = 0.3𝜌𝑐, 𝜔𝑡 = 2𝜋 ⋅ 1kHz and 𝑄𝑡 = 5.5, the predicted gain margin is very close to
0dB with no feedback, which is an indicator of an almost unstable closed loop. But with the
feedback gain of 𝑘𝑔 = 3.2 and 𝜔𝑔 = 2𝜋 ⋅1460Hz, the gain margins is improved to 1.08dB. This
reflects on the disk margin which is almost three times larger with the feedback compared to
without it.

One other interesting usage of the stability margins is that it can be used to predict at which fre-
quency the whistling due to the instability will occur. With the extreme feedforward controller,
the instability is predicted at 4.71 kHz by the gain margin and at 3.84 kHz by the phase margin.
When applying this controller to the absorber, it starts whistling. Because of small nonlinearity,
the whistling is of constant amplitude and does not reach the controller saturation. The two
main causes for nonlinearity are the coupling factor and the mechanical compliance which
both get smaller with larger displacement. The frequency of the whistling is randomly switch-
ing between two audible frequencies each time the filter states are reset. The PSDs measured
on microphone 1 of the impedance tube for the two different instabilities are given in figure
7.10. The results of this figure are following the predicted stability margins.
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Figure 7.9: Sweep results of the disk margins𝐷𝑚 value over each controller configuration and
the location of the retained configuration
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Figure 7.10: Power Spectral Density (PSD) of the measurement microphone 1 with an unstable
controller

7.4 Conclusion

Even though the stability limits of an active electroacoustic absorber are highly dependent
on the acoustic environment in which it is placed, it is possible to estimate this environment
in a quite simple way. Even if it is not possible to remove any source of noise in the acoustic
environment while measuring it, it is still possible to estimate it using the H1 estimator, in
which the acoustic disturbance will behave as noise on the recorded signals. There still is
room for improving the methodology presented in this chapter for multiple mutually-coupled
absorbers. In this case, there are also multiple controllers which must be regarded as a single
controller with as many more times inputs and outputs as there are absorbers. The same
applies to the plant. The stability margins must then be computed for a MIMO system, which
is not as straightforward as a Single-Input Single-Output (SISO) system, and many definitions
of the MIMO stability margins exist in the literature [87]–[90].
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8 Discussion and Future Work

The work reported in this thesis aims at improving the stability, robustness, and reliability of
active electroacoustic sound absorbers for aircraft noise reduction. Indeed, it has first been
observed with the development and measurement of active liners for flow duct UHBR engine
test facilities that this technology is promising but that more scientific research should be de-
voted to it, especially to improve their stability. Therefore, this was then the goal of the next few
chapters of the thesis, devoted to improving the estimation of the required parameters of the
absorber, and to the development of new control strategies for electroacoustic absorption. The
last contribution of the thesis is about the assessment of the stability limits of electroacoustic
absorption, and highlighting that in multiple cases, the optimal configuration of the proposed
mixed feedforward-feedback controller shows better stability margins, and thus robustness,
than the previously available state-of-the-art technique. This chapter presents a summary
of each contribution that this thesis brought, and some further perspectives that should be
worthwhile investigating.

8.1 Summary of the Original Contributions

Dimensioning the Electroacoustic Absorber

The work reported in this thesis first started with the development of two-dimensional and
three-dimensional liners composed of an arrangement of active electroacoustic absorbers.
Before constructing such liners, some work has been devoted to better understanding the con-
straints that apply to the electroacoustic resonators in such an unconventional environment.
These constraints enable a designer to draw some guidelines to design these active resonators
and to properly select the transducers.

Assessment of the Electroacoustic Liners with Ambient Flow

The two active liners were then measured and challenged in a flow-duct facility as well as a
¼ scaled test rig of UHBR aircraft engines. The performance of the two-dimensional liner,
assessed in the flow-duct facility, has proved that even the pure feedforward controller can
work in this framework. Because the usage of the feedback loop was not yet understood at this
stage of the thesis, it could not be tested. Later, the three-dimensional circular liner, which is
mounted on the inlet of the aircraft engine test rig has been build and assessed. Unfortunately,
due to anunforeseen shortage ofmicrophones and electronic supply during themanufacturing
of the absorbers, this liner did not embed a fifth microphone in the cavity of the absorbers.
The advantages of the feedback contributions could therefore not be directly observed in these
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experiments. Nevertheless, this active liner showed promising results, paving the way to an
increment in the TRL for UHBR aircraft engine noise active absorption. The publications
resulting from this work are [66], [91]–[93].

It was observed that the available tuneable electroacoustic absorber designs were not robust
to model variation and uncertainty. The utilization of such designs in an aircraft engine noise
reduction framework is not advised. The most promising candidate among these designs is
the hybrid sensor-/shunt-based control, which enables a wide range of target impedances to
be achieved by the electroacoustic resonator. However, because it relies on the model of the
transducer to build a feedforward controller, it is sensitive to modeling errors and parameter
estimations. This thesis, therefore, emphasizes the improvement of the robustness of the
electroacoustic absorber.

Accurate Estimation of the Parameters of the Electroacoustic Absorber

The first step in improving the robustness of the electroacoustic absorber consisted in inves-
tigating a parameter estimation method that results in more accurate results. This method
consists in fitting directly with nonlinear least-squares the measured transfer function of the
impedance tube, and not the impedance curve derived from these transfer functions, which is
ill-conditioned.

Model-Less Control

A new controller design was then developed, purely relying on velocity feedback, resulting
in the model-less controller, which does not require an analytical model of the actuator. The
velocity is estimated via an additional microphone in the speaker enclosure, a cheap, compact,
and non-intrusive way to implement the feedback. This method has the advantage of being
simple to implement and has successfully been used with an unconventional plasma-based
transducer, whose analytical model was not yet understood at the time. However, in this
control method, the target impedance is never exactly achieved because the feedback needs an
error signal. This has for consequence that only simple real-valued impedances can be targeted.
With any other targets, there exists a risk that the achieved impedance is no longer passive,
potentially causing stability issues. This contribution has been published in the conference
paper [75].

PID-like Control

Also taking advantage of the pressure sensing in the enclosure of the loudspeaker, another
controller design was developed, which relies on proportionally weighting the front pressure,
the rear pressure, and its time derivative. Thanks to its simplicity, the controller must not nec-
essarily be digital, and can rather be implemented analogically. Indeed, with an analog signal
path, the I/O latency of the controller is much reduced, enabling a large span of achievable
targets, as well as a lower-cost implementation. This contribution is published in [79], [80].
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8.2 Perspectives and Future Work

Mixed Feedforward-Feedback Control

The model-less controller not being tuneable enough, so the mixed feedforward-feedback
controller was developed, somewhat in between the model-less controller and the feedforward
controller. It is capable of targetting any arbitrary impedance but still incorporates a velocity
feedback loop based on the additional microphone, which improves its robustness and accu-
racy. It has shown that it is capable to deal with inaccuracies in the model of the transducer
while being more accurate and passive than the controller based purely on feedforward. This
contribution is published in [81], [82].

Stability Limits

Also, the stability limitations of the mixed feedback-feedback controller have been investigated
in this thesis. Indeed, when the target impedance differs too much from the passive behavior
of the absorber, instability can occur. These instabilities are due to the feedback of the acoustic
environment through the radiation impedance seen by the absorber. It has been shown that
it is possible to estimate the plant, consisting of a combination of the radiation impedance
and the electroacoustic absorber. From this estimation, stability margins can be computed,
allowing a designer to predict if the desired target will be stable in this given environment or
not. Furthermore, these margins tell how robust the system is, i.e., how far the controller is
from the instability. This contribution has been submitted for publication [94].

Optimal settings of the Mixed Feedforward-Feedback Control

Being able to compute the stability margins of a given mixed feedforward-feedback controller
enables the designer to choose an optimal configuration for the feedback contribution in
the absorber. The optimal controller then shows the best robustness among all its possible
configurations. This contribution is part of the submitted work [94].

8.2 Perspectives and Future Work

Optimal Impedance

In chapter 3 — Active Electroacoustic Liner for Aircraft Noise Reduction, the attentive reader
noticed that the optimal target impedance is unknown and that a rough scanning of the differ-
ent control parameters has been performed. This scanning is three-dimensional for a SDOF
resonator because the harmonic oscillator is governed by three parameters: its amplitude,
its resonance frequency, and its quality factor. More research should be devoted to the in-
vestigation of the optimal impedance. The meaning of optimal depends on the purpose of
the electroacoustic absorber. In this thesis, the IL was taken as a criterion to find the optimal
impedance. In other contexts, for instance, room acoustics, the goal typically is to obtain the
flattest room response and thus the maximum damping of each room mode [95]. With the
estimation of the plant response (as was done in chapter 7 — Stability Limits) it is possible to
estimate the radiation impedance

𝑍𝑠𝑟(𝑠) =
−𝑝𝑓(𝑠)
𝑣(𝑠)

=
−𝑃11(𝑠)

𝑠𝐶𝑠𝑏𝑃12(𝑠)
. (8.1)
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The maximum energy absorption then happens when the absorber impedance is the complex
conjugate of the radiation impedance. If there aremany cells coupled together, as in the case of
a liner, the radiation impedance matrix can also be retrieved from the estimation of the MIMO
transfer function from the current of each cell to the pressure on both microphones of each
cell. The optimal impedance can then be found to be the complex conjugate of this radiation
impedance matrix. Because this matrix is not diagonal, the absorbers are no longer locally
reacting, opening the way to more complex non-local control strategies. Furthermore, with
the additional microphone in the enclosure, information about the absorbed power can be
gained. Indeed, the front microphone records the pressure acting and the membrane and the
rear microphone can be used as an estimator of its velocity. The cross-power-spectral density
between the front pressure signals and the time derivative of the rear signal is a direct indicator
of how much energy is absorbed in each frequency. If the source and the absorber are not
strongly coupled, optimizing the energy absorbed by the active resonator can lead to a near-
optimal configuration for minimizing the sound pressure level in the acoustic environment,
and thus the IL. This technique could be further extended to blindly seek the optimal controller
without any required knowledge of the model of the absorber.

Real-Time Parameters Estimation

Thanks to the rear microphone, it is possible to estimate the mechanical parameters of the
resonator without having to rely on an external measurement setup. Indeed, by recording
and analyzing in real-time the front and rear pressure, and knowing the current driving the
speaker, the mechanical impedance of the loudspeaker can be estimated while the control
is running, provided that the excitation is broadband enough. This real-time updating of the
parameters of the speaker can be useful to further improve the robustness of the speaker to
parameter uncertainty and variation. Parameters are subject to variation with temperature,
static pressure, and/or fatigue.

Taking Advantage of the Array of Microphones

In the proposed architecture of the liner, each cell is equipped with its controlling unit, which
was responsible for controlling it independently from any neighboring cell. This prevents the
synchronous utilization of all the microphones present on the liner for an in situ real-time
modal decomposition. Indeed, the liner is an array of active absorbers and therefore also an
array of microphones, which can be used to analyze the pressure field. The controllers could
then be updated to, e.g., minimize the sound intensity propagating in a given direction. Similar
work has been done in [96], where the velocity of the membrane is not only proportional to the
total pressure in front of the resonator but also to its tangential gradient, leading to a spatially
dispersive boundary condition. However, by exploiting thewhole lattice ofmicrophones rather
than just the four of each cell as in [96], more information about the acoustic field can be
extracted.
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A TheHowland Current Pump

The voltage-controlled current source used for driving the loudspeaker in the experimental
measurements is a Howland Current Pump (HCP) and is depicted in Figure A.1 and is inspired
by the application report [52]. The chosen operational amplifier is a TL288CP from Texas
Instruments. The output current can be shown to be

𝑖𝑜𝑢𝑡 = 𝑣𝑖𝑛
𝑅3𝑅4+𝑅2(𝑅4+𝑅5)
(𝑅1+𝑅4)𝑅2𝑅5

+𝑣𝑜𝑢𝑡
𝑅1𝑅3−𝑅2(𝑅4+𝑅5)
(𝑅1+𝑅4)𝑅2𝑅5

. (A.1)

When 𝑅1 = 𝑅2 and 𝑅3 = 𝑅4 +𝑅5, it simplifies to a proportional relation between the input
voltage and the output current, regardless of the load impedance 𝑍𝐿:

𝑖𝑜𝑢𝑡 = 𝑣𝑖𝑛
𝑅3
𝑅1𝑅5

. (A.2)

With the values from Figure A.1, a suitable voltage-controlled current source for driving a
loudspeaker is obtained:

𝑖𝑜𝑢𝑡 = 𝑣𝑖𝑛 ⋅ 9.97mAV−1−𝑣𝑜𝑢𝑡 ⋅ 10.7µAV−1. (A.3)

The maximal output current for the TL288CP is of 80mA and is linked to the output current of
the HCP through

𝑖𝑜𝑎 = 𝑖𝑜𝑢𝑡 (
𝑅3−𝑅5
𝑅3

𝑅1+𝑅3+𝑅5
𝑅1+𝑅3−𝑅5

+
2𝑍𝐿

𝑅1+𝑅3−𝑅5
) . (A.4)

Because 𝑅5 and the 𝑍𝐿 are both much smaller than 𝑅3, the output current of the HCP is
approximately equal to the output current of the operational amplifier. A photograph of the
four-channel assembled HCP used in this thesis is shown in figure A.2, although only one
channel was used.
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Figure A.1: Howland Current Pump schematic

Figure A.2: Photograph of the four-channel Howland Current Pump (input on the left and
output on the right)
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B Digital Filter Implementation on FPGA

A Field-Programmable Gate Array (FPGA) is an integrated circuit containing programmable
logic blocks that are wired together by reconfigurable interconnections [97], [98]. Logic blocks
are typically composedof Look-UpTables (LUTs) andD-typeFlip-Flops (FFs) (registers). Unlike
microcontrollers that perform operations sequentially, FPGAs are very good at performing
operations in parallel. This is because they must rather be thought of as a logical circuit rather
than a microcontroller. They are used in high-speed, high-performance tasks such as image
processing, telecommunications, digital signal processing, etc. They are therefore well suited
for the realization of digital filters for the real-time control of electroacoustic absorbers, for
which low latencies and fast signal rates are crucial. FPGAs are configured with a Hardware
Description Language (HDL), typically VHDL orVerilog. These languages are very low-level,
as they describe gates and registers. In this thesis, the FPGA being used is a Xilinx Kintex-7
XC7K325T on a Speedgoat IO334 board. The advantage of using a Speedgoat board is that it
does not require coding in HDL, but is provided with a framework enabling the translation of
Simulink code into either VHDL orVerilog.

Thebenefit of using anFPGA is thehugeparallelizationpossibilities, leading to low I/O latencies
of the implemented digital filter. The main drawback is that it is operating at a lower level.
Typically, double precision representation of numbers is not advised in FPGAs because their
manipulation (addition, multiplications, etc.) requires a lot of resources (logic blocks). Rather,
the numbers are represented as integers or fixed-point. With this representation, the designer
must be aware of the quantization and overflow issues: it is not possible to represent arbitrary
small or large numbers with a given amount of bits [68]. Typically, a signed fixed-point number
on 16 bits with 5 bits for the fractional part can represent numbers from −210 = −1024 to
210−2−5 = 1023.96875with steps of 2−15 = 0.03125. This quantization can cause problems in
the conditioning of digital filters, typically with high sampling rates (e.g., 200 kHz in this thesis)
and with cutoff frequencies in the order of 100Hz to 1000Hz. Let us define the coefficients 𝑏𝑖
and 𝑎𝑖 of a digital filter𝐻(𝑧) as

𝐻(𝑧) =
∑𝑁−1
𝑖=0 𝑏𝑖𝑧−𝑖

1+∑𝑁−1
𝑖=1 𝑎𝑖𝑧−𝑖

, (B.1)

where 𝑧−1 is the operator representing a delay of one sample time. An example of a digital
Butterworth filter of order 𝑁 = 6 sampled at 200 kHz with cutoff frequency at 1 kHz has its
coefficient 𝑏𝑖 and 𝑎𝑖 taking the values

b= 10−12 ⋅ [0.2277 1.366 3.416 4.555 3.416 1.366 0.2277]
𝑇

(B.2)

a= [1 −5.939 14.70 −19.40 14.40 −5.704 0.9411]
𝑇
. (B.3)

103



Appendix B. Digital Filter Implementation on FPGA

48-Bit Accumulator/Logic Unit

Pattern Detector

25 x 18
Multiplier

Pre-adder

B

A

D

C

P

+ / –

X

=

+
–

Figure B.1: Basic DSP48E1 slice functionality (source: [102])

In a floating-point implementation, these coefficients are not problematic, but they would
consume way too many resources for a fixed-point arithmetic implementation in one of the
four canonical direct forms.

There exist smart ways to find a state-space realization of any digital filter which results in
a good tradeoff between quantization noise and overflow probability [99], [100]. However,
although these state-space realizations might be of optimal performance, they require too
many resources. It is indeed possible to implement a digital filter of order 𝑁 with 2𝑁 + 1
multipliers, 2𝑁 +2 adders, and𝑁 registers, but a SISO state-space implementation requires
𝑁 2+2𝑁 +1multiplications,𝑁 2+2𝑁 −2 additions, and𝑁 registers. It is therefore not resource-
wise smart to implement the digital filter with a state-space representation either.

What is commonly done in digital signal processing is to split the filter into cascaded second-
order sections [68], [101]. Indeed, the poles and zeros of any real-valued transfer function
are either real or come in complex conjugated pairs. Therefore, it is always possible to group
them with their conjugated values, or with other real values. Any group of two zeros and two
poles forms a biquadratic filter: a filter of order 2. It is therefore always possible to represent a
digital filter as a cascade of biquadratic filters, requiring in total ⌈5𝑁/2⌉multipliers, 2⌈𝑁/2⌉
adders, and𝑁 registers. This implementation is slightly sub-optimal but has the neat advantage
of being more robust to overflows and quantization. The grouping of poles and zeros, the
orders of the sections as well as the gain of each section can still be optimized to minimize the
quantization noise or the risk of overflow, or more sensibly a compromise between the two
issues.

Most of the high-end FPGAs include in their architecture Digital Signal Processor (DSP) slices
along with LUTs and FFs. A DSP slice is a dedicated piece of hardware devoted to performing
high-performance calculations that would normally take a lot of resources in LUTs and FFs,
such as multiplying two numbers together and adding a third one. The functional diagram
of a typical DSP48E1 slice is shown in figure B.1, which includes among others a 25×18 two’s
complement multiplier, a 48-bit accumulator [102]. DSP slices are very useful for improving
the performance of the digital filter while saving some resources on the FPGA. However, they
come in a limited number on each chip. The Xilinx Kintex-7 XC7K325T for instance contains
840 DSP48E1 slices. To be able to handle large signal dynamics in a filter with weakly damped

104



poles and zeros, it is necessary to allocate enough bits to the floating-point signals being
processed, and multiple DSP slices must be combined to handle signals with more than 25-bit
width. To implement two 8th-order filters with 32-bit wide coefficients and 64-bit wide signals,
it is necessary to share the DSP slices through serialization. This means that the same hardware
is sequentially used to perform different operations. Because FPGA coding is low-level, this
must be done manually in the Simulink block diagram. The block diagram of one second-order
section is given in figure B.2, and its subsystems in figures B.3a and B.3b. On the top-level
diagram of figure B.2, it is visible that there is only one multiply-add block, that is used five
times sequentially to implement the whole biquadratic filter on DSP slices in the direct form
II realization. On the left of the block diagram, there is a serializer block (source in figure
B.3a), responsible to select the appropriate inputs of the multiply-add block for executing the
different operations of the filter in the appropriate order. The signal x is a two-element vector
representing the state of the filter. Because the DSP slice requires three clock cycles to operate,
the serializer is driven by a counter that counts from 0 to 12 incrementing every third FPGA
clock cycle. This custom counter is triggered by the clk_in signal that indicates that a new
sample has arrived at the filter, and automatically stops at 4 and holds the final value. The
source of this custom-triggered counter is given in figure B.3b. The right-hand side of the block
diagram of figure B.2 is responsible for sampling and holding the DSP slice output value in the
appropriate registers when the counter outputs the appropriate value. It also is responsible to
shift the values of the state vector at the end of the filter calculation.

With this implementation of the filter, the number of consumed DSP slices is reduced by five
times saving a significant amount of resources with a small increase of the latency. Indeed,
with a direct form II fully parallel realization of the biquadratic filter, it would take 9 cycles (3
cycles per multiply-add slice), whereas it takes now 15 cycles with the serial realization. With
the IO334 FPGA, the clock period is 10ns, resulting in an overall latency increase of 240ns, a
quite negligible performance loss compared to the overall 4.25µs measured I/O latency of the
whole digital filter (including conversion times).
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Appendix B. Digital Filter Implementation on FPGA

1y

1
sos

sfix32_E
n20

(24)

4

clk_in

boolean

2

clk_out

S
ynchronoustrigger

count
ufix3

sfix64_E
n35

(2)
sos

uxidx

fbcntr

abc

sfix32_E
n20

2

sfix64_E
n35

sfix64_E
n35

24
u

Z
-1

sfix64_E
n35

(2)
2

sfix64_E
n35

(2)

Z
-1

boolean

2

Z
-3

sfix64_E
n35

uint8
=
=
1

boolean
2

sfix64_E
n35

sfix64_E
n35

sfix64_E
n35

(2)

u

Z
-1

2
sfix64_E

n35
(2)

=
=
4

boolean

2
u

sfix64_E
n35

3rst

boolean

abc

c+
(a.*b)

sfix64_E
n35

Z
-3

ufix3

u

Z
-1

sfix64_E
n35

Figure
B.2:Top-levelSim

ulink
block

diagram
ofone

second-ordersection

106



function [a, b, c] = serializer(sos, u, x, idx, fb, cntr)

N = 4;

switch cntr

case 0

a = x(2);

b = −sos(idx + 5*N); % a2

c = u;

case 1

a = x(1);

b = −sos(idx + 4*N); % a1

c = fb;

case 2

a = fb;

b = sos(idx); % b0

c = zeros(1, 'like', u);

case 3

a = x(1);

b = sos(idx + N); % b1

c = fb;

otherwise

a = x(2);

b = sos(idx + 2*N); % b2

c = fb;

end

end

(a) Matlab code of the serializer function
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Figure B.3: Simulink code of lower level blocks of one second-order section
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