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Abstract

One of the great challenges in modern society is the reduction of noise and vibration.
High noise levels can occur in urban environments or industrial applications. Whether
the goal is to protect humans from the negative effects of noise, enable communication in
extreme environments, or acoustically disguise vehicles, traditional passive dampening is
not always the best option. The concept of active noise and vibration control has been in
existence for several decades, yet it has only been adopted on a widespread basis in certain
applications, such as headphones. When larger acoustic volumes need to be controlled,
active control systems with many components must be applied. In these systems, the
computational effort of the algorithms, coupled with low latency requirements, presents
a significant challenge. Hardware-based active noise control systems can be a solution
due to their high level of parallel computing and low latency. In other areas of signal
processing, they have already become the industry standard for the same reasons.
In this thesis, acoustic applications of adaptive filters implemented on Field Programmable
Gate Arrays will be presented and evaluated. The developed systems in this work include
well-known setups, such as Kundt’s Tube or an active headrest, for validation purposes.
The more advanced solutions incorporate a helicopter headset with additional speech
enhancement capabilities and active impedance control of an underwater surface. Addi-
tionally, an overview of the theoretical background is given, and state-of-the-art related
work is discussed.
The results of the measurements show that hardware-based adaptive filters not only match
their software counterparts, but they can enhance noise reduction performance. In the
case of the helicopter headset, the additional computational headroom of the chosen plat-
form is used to include Wiener filter-based speech enhancement. This system produces
impressive results in the evaluated speech quality, in addition to the active noise reduction
of the headset. Active control of underwater sound bears additional challenges when it
comes to latency requirements due to the high speed of sound. The proposed hardware-
based system in this thesis is capable of effectively minimizing reflected sound waves from
an underwater surface. This outstanding feature could be used in future applications to
conceal underwater vehicles from active sonar. Overall, the findings in this thesis provide
compelling arguments for hardware-based adaptive filters for acoustic applications.
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1. Introduction

1.1. Motivation

The control of acoustic noise and vibrations is of ongoing interest for engineers in many

applications. Noise pollution, for example, is harmful to humans and animals alike. It

is a major concern in urban settings or industrial areas. Studies show that high noise

levels have a negative impact on the physical and mental well-being of humans [Hah+19]

and the population of wildlife [KS11]. The studies found that long term exposure to

high noise levels is in particularly bad for the cardiovascular system. In 2019 the World

Health Organization (WHO) published their updated environmental guidelines for the

European region [Org19], in which they give recommendations for the noise exposure

to dedicated categories like road, aircraft, railway noise, wind turbine and leisure noise

with specific decibel (dB) levels. It is the task of governments to implement these guide-

lines by applying them to laws and regulations that need to be followed and enforced.

Traditionally, countermeasures in the form of passive noise damping are used, which are

very effective for high-frequency noise. Examples of passive measures for noise reduction

can be found everywhere, from the sound proofing of cars by adding isolating material

to the construction of noise barriers next to railroads and highways. Unfortunately, the

damping of low-frequency noise requires large volumes of material and can therefore be

impractical where space or weight is limited. When passive approaches are failing or

are simply not practical, active noise control (ANC) or active impedance control (AIC)

can be viable alternatives. The working principal of ANC is the destructive interference

of sound waves. These systems need sensors, actuators and a computational platform.

To calculate a suitable driving signal for an actuator, different algorithms can be used.

For smaller ANC applications, like headphones, the acoustic volume is limited and the

computational effort to achieve good noise reduction is low. Therefore, headphones are

representing an optimal use case for the application of ANC, and they are widely avail-

able for consumers. If the unwanted noise is dominated by tonal frequencies, frequency

domain based ANC systems can be applied with reasonable effort. Challenging situations

emerge when large system with unknown broadband noise are considered, where a single

1



2 1. Introduction

secondary noise source is not sufficient to control the noise locally. For these applications

multiple-input and multiple-output (MIMO) ANC systems with high system dimensions

can be a solution, but they are coming at the cost of extreme computational demands. At

the institute of Mechatronics of the Helmut-Schmidt-University advanced ANC systems

are researched over the last decade. The applications are ranging from aerospace appli-

cations [PS10; Koc09; BS21] to submarines [JS16a] and civil engineering for better sleep

[KSB07]. The applied ANC algorithms are typically using long static and adaptive Finite

Impulse Response (FIR) filters. Digital Signal Processing (DSP)-based control can be

easily overloaded when the requirements of the application are high. To circumvent this

problem modern multicore Central Processing Unit (CPU) platforms can be used [JS16b]

to balance the load on multiple cores. While this can be a valid strategy in research and

development for a prototype, the cost, energy consumption and heat generation prevent

realization as a product for the end customers. There are also numerous efforts to reduce

the computational complexity of ANC algorithms. But typically, these come at the cost

of decreasing noise reduction performance.

The obvious solution for this kind of problem seems to switch to a different comput-

ing platform, like an Field Programmable Gate Array (FPGA). While FPGA are an

industry-standard in many applications of digital signal processing, their application in

ANC system is still rather exotic. In Addition, to their advantage in parallel comput-

ing, FPGA are also superior when it comes to latency, compared to a classical software

solution, executed on a DSP. In applications that require or can benefit from low laten-

cies, like underwater sound control or real time speech processing, the full potential of

hardware-based solutions can be utilized.

1.2. Thesis Objectives

This thesis gives an overview of state-of-the-art ANC-, AIC- and speech enhancement

systems with a focus on hardware-based adaptive FIR filters. Furthermore, it shows the

advantages of hardware-based approaches, by applying advanced algorithms with high

computational demands to currently researched problems. This work therefore demon-

strates the benefits of hardware-based adaptive systems for acoustic applications.
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1.3. Thesis Structure

This thesis is structured as the following: In Chapter 2 a broad overview and explanation

of ANC, AIC and hardware signal processing is given. In Chapter 3 the state of the art

of adaptive filters for acoustic applications with a focus on hardware designs is discussed.

The implementation methodology of the algorithms, the hardware platform and used

software is presented in Chapter 4. There are two types of experiments in this thesis:

Chapter 5 validates hardware-based ANC-systems in different experiments. It provides

comparisons with software-based approaches and evaluates their performance in terms of

achieved noise reduction. Chapter 6 explores further benefits of FPGA-based approaches

by showing different applications, ranging from underwater AIC to speech enhancement

for helicopter headsets. A conclusion is drawn and an outlook given in Chapter 7.





2. Background of Acoustic, Signal

Processing and Hardware

Architectures

This thesis discusses and demonstrates the use of hardware-based adaptive filters for

acoustic applications. This chapter aims to provide a comprehensive understanding of

the theoretical background. Section 2.1 introduces the necessities of acoustics and under-

water acoustics. In Section 2.2, the concepts of ANC, AIC, and speech enhancement are

explained. This chapter concludes in Section 2.3, rounding up the theoretical knowledge

with the basics of computer architecture, focusing on FPGA.

2.1. Acoustic

2.1.1. Fundamental Equations

To understand the working principles of active noise or impedance control, it is necessary

to introduce the fundamental concepts. First, a mathematical description of sound waves

is required.

One-Dimensional Wave and Helmholtz Equation

The complex wave equation is derived from Euler’s equations of fluid dynamics and the

ideal gas equation [LSW09, p. 11]. The simplified wave equation for one dimension can

be formulated as follows [Ell01, p. 3]:

∂2p(u, t)

∂u2
−

1

c2
∂2p(u, t)

∂t2
= 0, (2.1)

where p(u, t) is the pressure at position u in a one-dimensional sound field at time t. It

also depends on the speed of sound c, which changes depending on the medium, pressure,

5



6 2. Background of Acoustic, Signal Processing and Hardware Architectures

and temperature. In one dimension, the direction in which the acoustic wave is traveling

can be expressed with

p(u, t) = p(t ±
u

c
), (2.2)

where a positive term means that the wave is traveling in the negative direction of u. In

this idealized model, all waves travel with the same speed c in a homogeneous medium

without a change in amplitude or wave form [Ell01, p. 4]. A tonal sound wave that is

traveling in the positive direction of u can therefore be represented as:

p(u, t) = Re[Aej(ωt−kwu)], (2.3)

where

kw =
ω

c
(2.4)

is the wave number and Re[.] is the real part of a given expression. For further consider-

ations it is useful to define the complex pressure

p(u) = Ae−jkwu, (2.5)

resulting in

p(u, t) = Aej(ωt−kwu) = p(u)ejωt. (2.6)

The complex sound pressure of the sound wave that is traveling in the negative direction

of u can be similarly defined as:

p(u) = Be+jkwu, (2.7)

When inserting the expression for the pressure from Equation (2.6) into the one-dimensional

wave Equation (2.1), under the assumption that a solution must exist for all times, this

results in the famous Helmholtz Equation (2.8) for one dimension.

d2p(u)

du2
+ k2

wp(u) = 0, (2.8)

In addition to the sound pressure it is also possible to define the sound velocity, which is

connected to the pressure through Newton’s law of inertia [Mö15, p. 33] in one dimension,

as

ρ
∂v

∂t
= −

∂p

∂u
. (2.9)
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For a propagating sound wave the general solution for the sound velocity v becomes:

v = −

∫

1

ρ

∂p

∂u
dt. (2.10)

The sound velocity can also be written in complex notation

v =
j

ωρ

∂p

∂u
(2.11)

Standing Sound Waves and Resonances

The pressure of a one-dimensional sound field that consists of two sound waves traveling

in opposite directions can be formulated as [LSW09, p.30]

p(u, t) = Aej(ωt−kwu) +Bej(ωt+kwu). (2.12)

When the acoustic medium is limited in one direction and reflections occur, Equation

(2.13) can also be rewritten in terms of the incident and reflected sound wave in complex

notation

p(u) = A(e−jkwu + re−jkwu). (2.13)

The complex reflection coefficient

r =
B

A
(2.14)

is defined as the ratio between the complex amplitude of the reflected sound wave B and

the complex amplitude of the incident sound wave A. Since reflections at a surface in

general include a phase shift, the reflection coefficient is inherently a complex measure. If

this phase shift is not of importance, the magnitude of the reflection coefficient is often

used

r = |r|ejφ. (2.15)

A magnitude of the reflection coefficient of one therefore means a total reflection of the

sound wave at the surface, while a zero means that only a incident sound wave is present

[Mö15, p.191].

2.1.2. Underwater Acoustics

The importance of underwater acoustics increased significantly in the beginning of the

20th century with the necessity to locate maritime vessels. Locating objects through sonar

is still one of the major applications of underwater water acoustics, together with nav-



8 2. Background of Acoustic, Signal Processing and Hardware Architectures

igation, fish finding, communication, control of sound activated devices and exploration

[LSW09, p.537], [Uri83, p.7-8]. The importance of acoustics in underwater applications

can be explained by looking at the dampening coefficients for signals of different wave

lengths, see Figure 2.1 Especially, for low frequency sound waves the dampening coeffi-
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Figure 2.1.: Dampening coefficient in water, adopted from [LSW09; Uri83]

cient, that is measured in dBm=1, is very low. While radio waves or light can only be

transmitted in water over short distances, low frequency noise can be transmitted and

received from hundreds of kilometers away. This is why so many applications rely on

acoustic signals to transmit and receive information in the oceans. The reference Sound

Pressure Level (SPL) for underwater applications differ from the reference values of air-

borne sound [LSW09, p.539]. While for 20 µPa is used for air, 1 µPa is used in water for

the calculation of the SPL, resulting in

SPLair = 20 log10(
p

20 · 10−6 Pa
) (2.16)

and

SPLwater = 20 log10(
p

1 · 10−6 Pa
). (2.17)
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This difference in the calculation needs to be respected when the results of the different

measurements are discussed later.

Speed of Sound

The speed of sound in water is significantly higher than in gas, such as air, under normal

atmospheric pressure. While sound travels in air at around 343m s=1, in water it can travel

above 1500m s=1. The exact speed depends on the temperature, pressure, and salinity of

the water. Over the last few decades, there have been many publications regarding models

for a precise formula of the speed of sound in salt water. One of the most cited is the

nine-term formula by Mackenzie in 1981 [Mac81]. For convenience, a simpler formulation

from Fasold [Fas84] is used, which is also recommended in the educational book by Lerch

et al. [LSW09, p.540]:

cwater = 1449.2
m

s
+ 4.62

m

s °C
T + 1.60510−6 m

sPa
p+ 1.4

m

s
(Sal − 35) (2.18)

The c in salt water depends on the temperature T , pressure p, and salinity Sal in %.

Depending on the oceanic location, the speed of sound can vary and show unique profiles

depending on depth. To provide an overview of how much these speed of sound profiles

can vary, Figure 2.2 displays the variations at locations with different characteristics. The

Figure 2.2.: Three speed of sound profiles for different oceanic regions, as shown in
[LSW09]
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diagram on the left side shows the speed of sound profile of the Atlantic Ocean, close to

the equator, the middle shows the North Atlantic Ocean, and the right shows the North

Atlantic south of Greenland. Closer to the equator, the speed of sound shows a charac-

teristic minimum between depths of 1000m and 1500m. The water closer to the surface

in these regions is higher in temperature, which leads to an increase in sound speed. At

increased depths, the pressure part of Equation (2.18) dominates the characteristic speed

of sound profile. Closer to the poles, the water temperature does not change much with

depth, which is why the minimum of the speed of sound is always at the surface [LSW09,

p.540].

In the scope of this thesis, there are two major problems that need to be addressed

when working with active control for underwater acoustic applications: If the control sys-

tem depends on the speed of sound c as a parameter, it needs to be able to compensate for

changes of c. Since the acoustic run-times are much shorter compared to the run-times of

airborne acoustics, the available time to compute an output signal for the active control

system is significantly shorter. The control-platform must therefore be optimized for low

latency to ensure causality within the control system.

The Active Sonar Equation and Target Strength

One aspect of this thesis focuses on a system designed to shield underwater objects from

detection by active sonar. To comprehend how an active sonar system operates and

how an object can be safeguarded against detection, it is crucial to discuss the concept

of target strength. In underwater acoustics, the target strength is often perceived as

the acoustic size of an object. It relies on the dimensions of an object, but also on its

material, geometric, and inner structure [Cox89],[Abr19, p.68]. It plays a significant role

in the widely recognized active sonar equation:

SNRa = SL − PLa + TS − PLb − NL+ AG (2.19)

The active sonar equation is dependent on the source level SL, the propagation loss PLa

that occurs on the way to the object and PLb on the way back, the target strength TS, the

noise level NL, and the array gain AG [Abr19, p.58-75]. In the context of a mono-static

sonar, the propagation loss PLa = PLb, since the transmitter and receiver are located

at the same site. From the active sonar Equation (2.19), it is observable that the lower

an object’s target strength is, the less likely it will be detected by the active sonar. The
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target strength, in terms of the sonar equation, can also be expressed as:

TS = 10 log10(Gt) dB rem2, (2.20)

where ”re” stands for relative to one m2 and (Gt) denotes the target gain. The unit of

TS therefore refers to the differential scattering cross-section [Abr19, p.67-68]. An object

that possesses a larger target strength appears to be larger and, consequently, is easier to

detect.

The measurements in the practical chapters of this thesis will not directly evaluate the

TS, since the measurement setup is confined to a one-dimensional sound field. Instead,

the previously introduced reflection coefficient will be assessed. If a reflection of the in-

coming sound wave from an active sonar can be minimized at the surface of an object,

the TS of the object should decrease as well.

2.2. Acoustic Signal Processing

2.2.1. Active Noise Control

The basic concept of ANC was first mentioned in a patent of Paul Lueg in 1934 [Lue34].

One of his drawings of the working principle is displayed in Figure 2.3. This drawing

Figure 2.3.: Drawing from Lueg’s Patent in 1934 of a process of silencing oscillations
[Lue34]

depicts a duct, complete with a microphone, a loudspeaker, and an amplifier. As Lueg

demonstrated in his sketch, ANC is based on the destructive interference of sound waves.

The initial harmonic sound wave is superposed with a secondary sound wave from the

loudspeaker, which is phase-shifted perfectly, thus cancelling each other out. In contrast to

traditional passive noise damping, ANC systems require less space and are more effective

against low-frequency noise. To achieve a high degree of noise reduction, the amplitude
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The update Equation (2.38) therefore slightly changes to:

w(n+ 1) = w(n) + µx′(n)e(n) (2.42)

Figure 2.7 shows the block diagram of the feedforward Single-Input and Single-Output

(SISO) FxLMS. P (z) describes the primary path of the system and W (z) is the adaptive

Figure 2.7.: Block diagram of the feedforward FxLMS according to [KM96, p.64]

filter that is weighted by the LMS algorithm. In the following sections, different variations

and additions to the FxLMS will be presented. They are either designed for certain use-

cases or help improve stability, convergence speed, and steady-state error.

Frequency Domain FxLMS

For certain applications, applying the FxLMS in the frequency domain can be beneficial.

This is especially true, if only selected tonal frequencies should be controlled. The feasi-

bility arises because the time signals must first be transferred into the frequency domain

using an Fast Fourier Transform (FFT) for example. Figure 2.8 illustrates the block dia-

gram of the frequency domain FxLMS. Depending on the size of the Short Time Fourier

Transform (STFT), the complex signals have a number of frequency bins denoted by k.

In terms of the algorithm, the changes are relatively minor when comparing the complex

FxLMS with its real counterpart. Instead of the real discrete signals, the adaptive filter

uses the complex reference X(k,m), filtered reference X ′(k,m), and error signal E(k,m)

as inputs. These depend on the frequency bin k and the considered time frame m. The

output of the filter, Y (k,m), is also complex and will be processed by an Inverse Short

Time Fourier Transform (ISTFT) to transform the signal back into the time domain.

Due to the required buffering before the transformation into the frequency domain, the
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Figure 2.8.: Block diagram of the frequency domain FxLMS, adopted from [KM96, p.255]

sampling rate of the algorithm decreases according to the used buffer length. Overlap-

ping buffers can be used to speed up the algorithm. The update Equation (2.42) of the

real-time FxLMS changes in the complex variant to:

W k(m+ 1) = W k(m) + µX ′

k
∗(m)Ek(m) k = 0, 1, ..., kmax − 1, (2.43)

where [.]∗ denotes the conjugate complex of a complex number. For each frequency bin,

k, one complex filter coefficient, W k, can be calculated. It is important to note that

the filtering of the reference with the estimation of the secondary path, Ŝ(z) (which is a

convolution in the time domain), can also be performed as a complex multiplication for

each frequency bin, k. Due to the block processing of the complex FxLMS, it is not well-

suited for broadband random noise, where causality problems are almost certain [KM96,

p.255-257]. However, a complex FxLMS can be effectively used to control periodic noise,

as demonstrated in Chapter 6 of this thesis.
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Step Size Normalization and Leakage Factor

The overall performance of the LMS algorithm depends on the choice of the step size µ,

the power of the reference signal x, and the length of the adaptive filter Ladapt. A large

step size might improve the convergence speed, but it can also cause instabilities when the

power of the reference signal is high. To make the step size independent of the reference

signal power and the length of the adaptive filter, the step size can be normalized. Several

approaches exist for step size normalization. This thesis adopts the standard provided in

[KM96, p.33-35]. The now variable step size µ(n) can be expressed as follows:

µ(n) =
α

LadaptP̂ x(n)
, (2.44)

where α denotes the normalized step size, that should be chosen between 0 and 2. The

term Ladapt is the length of the adaptive filter, whereas P̂ x(n) represents the power es-

timate of the reference signal x. If an FxLMS is employed, the estimated power of the

filtered reference, P̂ x′(n), might be utilized instead. To enhance stability, especially when

P̂x(n) is near zero and the calculated step size becomes excessively large, a minimum

reference signal power, Pmin, can be introduced. This modification then alters equation

(2.45) as follows:

µ(n) =
α

Ladapt max[P̂ x(n), Pmin]
(2.45)

Large fluctuations in the calculated step size, due to rapid changes or measurement errors

in the estimated reference signal power, can be avoided by averaging P̂ x(n) over several

time steps. An efficient method to average P̂ x(n) is to introduce a smoothing parameter,

β, and calculate.

P̂ x(n) = (1 − β)P̂ x(n − 1) + βx2(n). (2.46)

Choosing β = 0.1, for example, would result in 10% new information of the power esti-

mate per time step.

To further enhance the stability of the LMS algorithm, a leakage factor can be introduced.

This method of leaking some information of the adaptive filter weights can prevent uncon-

trolled growth of the filter components, thereby enhancing system stability. This leakage

mechanism can be applied to the adaptive update Equation (2.38) with

w(n+ 1) = νw(n) + µx(n)e(n), (2.47)
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from the error signal e(n) and the output of the adaptive filter y(n) as follows:

x(n) ≡ d̂(n) = e(n) +

Lstatic−1
∑

i=0

ŝiy(n − i) (2.49)

Lstatic is the length of the secondary path and ŝi the i-th static filter coefficient of the

estimated secondary path. The update of the filter weight is performed in the same way as

for the feedforward structure, see Equation (2.42). In addition to the obvious advantages

of a feedback controller structure, these systems also have drawbacks. Generally, feedback

ANC is known to be less stable and controllable frequency range is heavily depending on

the delay that is introduced by the secondary path. In addition, real world feedback

ANC-systems also suffer from the so-called ”Waterbed Effect”. These limitations will be

discussed in detail in Chapter 5.

MIMO-Systems

The working principle of ANC involves the local destructive interference of sound waves.

It thus creates a quiet zone around the error microphone, which is dependent on the

acoustic wavelength. If the acoustic volume, V , is large, a single secondary source will

not be sufficient. The sound field in an enclosed volume is primarily influenced by the

number of acoustic modes, Nmodes [Kin+99].

Nmodes ≈
4πV

3c3
f 3 (2.50)

The number of modes depends on the volume V , the speed of sound c, and the frequency

f . Equation (2.50) thus implies that systems with small volumes and low frequencies

yield fewer acoustic modes, making them ideal for ANC. A workaround for successfully

applying ANC to larger volumes with higher frequencies is the use of MIMO systems.

These systems can incorporate J reference sensors, K secondary sources, and M error

sensors. The system dimension can thus be expressed as JxKxM . Figure 2.11 presents

a schematic of a feedforward MIMO ANC system in an enclosure with a variable system

dimension.

It can be helpful to formulate the reference, error and output signals in terms of vectors

and the system dimension JxKxM :

x(n) ≡ [x1(n) x2(n) . . . xJ(n)]
T (2.51)









26 2. Background of Acoustic, Signal Processing and Hardware Architectures

Computational Demand

The computational demand of the FxLMS algorithm can be expressed in terms of Multi-

ply–Accumulate (MAC) operations per time sample n. A single MAC operation describes

the multiplication of two numbers that are subsequently accumulated. The largest contrib-

utors to the computational load are the convolutions and the adaptation of the adaptive

filter coefficients. These must be calculated separately for a feedforward and feedback

system.

NMACFFFxLMS = JK(M + 1)Lstatic + JKMLadapt + 6J (2.60)

and

NMACFBFxLMS = KM(M + 1)Lstatic +K(M + 3)Ladapt + 6M. (2.61)

Both calculations already include MIMO systems, step size normalization and the leakage

factor according to Equation (2.44) to (2.48) [Kle+21a]. As seen from both equations, the

numbers of MAC operations rapidly rise with channel count. A good graphical represen-

tation of the rising computational demand can be found when looking at the example of

a feedback FxLMS with long filters in Figure 2.14. A feedback ANC system with 10 x 10
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Figure 2.14.: Total number of MAC operations with increasing I/O channels and a filter
length of Ladapt=Lstatic= 2049 in feedback configuration [Kle+21a]

channels therefore can reach 1 200 000 MAC operations per sample. With a moderate

sampling rate of fs = 12 kHz the computational platform would have to be able to handle

over 10GMACs per second.
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2.2.2. Active Impedance Control

In specific applications, the reflection of a sound wave from a surface should be minimized

rather than creating an area of low SPL. The goal of AIC can be to manipulate the wall

impedance in such a way that the reflected sound wave is controlled or suppressed. This

technique, called AIC, was already demonstrated in the 1980s within an impedance tube

with air as the acoustic medium [SYT81; GK84]. This method requires the decomposition

of the sound field into incident and reflected waves and can be implemented in either the

frequency or time domain. To visualize its working mechanism, it will be explained using

a modified Kundt’s tube, which is normally used for acoustic material measurements

according to DIN EN ISO 10534-1 [DIN01a] and 10534-2 [DIN01b]. Figure 2.15 shows

a schematic of an impedance tube with two co-located microphones. The procedure and

Figure 2.15.: Schematic of an impedance tube for material measurements adopted from
[DIN01a]

calculations will be first explained in the frequency domain and then in the time domain.

Frequency Domain Wave Separation

The incident and reflected sound waves, as shown in Equation (2.12), can be calculated

with two co-located sensors according to [DIN01a], see Figure 2.15. A and B are the

complex amplitudes of the incident and reflected sound waves, respectively, that need to

be solved to calculate the reflection coefficient (see Equation (2.14)). In a system that

measures the pressure at the two microphones, the following two equations can be solved

in the frequency domain, see Equations (2.5) and (2.7):

p
1
(l1) = Ae−jkwl1 +Bejkwl1 (2.62)

and

p
2
(l2) = Ae−jkwl2 +Bejkwl2 (2.63)
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Sensor 1 is at a distance of l1 from the wall and sensor 2 is at a distance of l2 from the wall,

as shown in Figure 2.15. According to [SYT81], the two signals h1 and h2 are measured

at the sensors in the time domain and can be expressed in terms of

h1(t) = H1[pi(t+
l1
c
) + pr(t −

l1
c
)] (2.66)

and

h2(t) = H2[pi(t+
l1 +∆l

c
) + pr(t −

l1 +∆l

c
)], (2.67)

whereH1 andH2 are weighting factors describing the respective sensitivities of the sensors.

Using the speed of sound c, the acoustic time delay τ between the two sensor positions l1

and l2 can be calculated with

τ =
∆l

c
. (2.68)

The time signals h′

1(t) and h′

2(t) delayed by τ can thus be formulated in terms of the

incident wave pi and reflected sound wave pr as follows:

h′

1(t) = H1[pi(t+
l1 − ∆l

c
) + pr(t −

l1 +∆l

c
)] (2.69)

and

h′

2(t) = H2[pi(t+
l1
c
) + pr(t −

l1 + 2∆l

c
)]. (2.70)

Assuming the sensitivities H1 and H2 of the two sensors are identical, the difference

between Equations (2.67) and (2.69), denoted here as u(t), and the difference between

(2.66) and (2.70), denoted here v(t), are calculated as follows:

u(t) = H[pi(t+
l1 +∆l

c
) − pi(t −

l1 − ∆l

c
)] (2.71)

and

v(t) = H[pr(t −
l1
c
) − pr(t −

l1 + 2∆l

c
)], (2.72)

respectively. It is obvious that u(t) consists only of components of the incident sound

wave and v(t) is correspondingly composed exclusively of components of the reflected

sound wave. Thus, u(t) and v(t) provide an estimate of the incident and reflected sound

waves according to

pi(t) ≈ u(t) = h2(t) − h′

1(t) (2.73)

and

pr(t) ≈ v(t) = h1(t) − h′

2(t). (2.74)
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To calculate the complex reflection coefficient r(ω), u(t) and v(t) would have to be trans-

formed into the frequency domain [SYT81].

To perform AIC with an adaptive filter, the representations of the incident and reflected

sound waves u(t) and v(t) are sufficient, as later demonstrated in the experiments of

Chapter 6.

2.2.3. Speech Enhancement

Another topic of interest in this thesis is the enhancement of speech quality. In headsets,

which are mandatory in some vehicles to operate them without risking hearing damage,

it is necessary to record and transmit speech. Therefore, it is sometimes insufficient

to merely apply active and passive countermeasures to protect hearing; the recorded

speech signals also need to be improved by eliminating the background noise. A discrete

output signal from a microphone, y(n), in the time domain that contains speech can, in

theory, be interpreted as a superposition of speech sp and noise dn. This can be expressed

mathematically as:

y(n) = sp(n) − dn(n). (2.75)

In the frequency domain Equation (2.75) can be expressed by the complex spectra:

Y (f) = Sp(f) +Dn(f). (2.76)

Transformation into the frequency domain can be achieved by an FFT. Since speech is

a non-stationary phenomenon, it is considered within relatively short time frames, which

are gathered by the STFT. When rewriting the Equation (2.75) in terms of time frames

m and frequency bins k of the spectrum, the following algorithms and methods can be

explained more elegantly as follows.

Y (k,m) = Sp(k,m) +Dn(k,m). (2.77)

Representations of the noisy speech signals y and the noise signal dn can be measured

using microphones. The speech signal sp, on the other hand, can only be estimated. In the

following sections, different methods of estimating clean speech will be presented. These

methods are referred to as speech enhancement, as they aim to provide a de-noised and

more understandable version of the noisy speech.





32 2. Background of Acoustic, Signal Processing and Hardware Architectures

using

VAD =

∑kmax

k=kmin
|Y (k,m)|2

kmax − kmin

> ϵ. (2.79)

Human speech does not stretch over the full frequency range, so the detection algorithm

should be band-limited. The sum of all considered frequency bins is formed and divided

by the number of these bins. If this value exceeds a predefined threshold, denoted as ϵ,

the frame is flagged as containing speech. The value for ϵ can either be chosen empirically

or set according to a measurement of the background noise. If the unwanted noise is

stationary or changes slowly over time, reducing the influence of short-term trends in

the signal by averaging the noise spectrum over several time frames can be beneficial.

One implementation method is similar to that in Equation (2.46), where a smoothing

parameter is introduced. The average noise spectrum can be calculated with

|D̄n(k,m)| = |D̄n(k,m − 1)| · (1 − β) + |Ŝp(k,m)| · β, (2.80)

where the parameter β is used to determine how much new information is used from

the current time frame m. The importance of not updating the noise average during

speech cannot be overstated. The differentiation between speech and noise hinges on the

disparities in signal power. The performance of this implementation declines when the

SNR of y is low [Loi13]. Compared to a dual microphone setup, this implementation of

VAD also has limited responsiveness to swift alterations in noise characteristics.

Spectral Subtraction Methods

Spectral subtraction-based speech enhancement has been in use for decades [Bol79]. By

rewriting Equation (2.77), we obtain the classic spectral subtraction equation in terms of

the magnitude spectrum.

|Ŝp(k,m)| = |Y (k,m)| − η |Dn(k,m)| (2.81)

The factor η can be introduced as a subtraction factor [BCH12] and adjusts how much

of the noise spectrum is subtracted from the noisy speech spectrum. Note, that alterna-

tively also the power spectra can be used for this algorithm. |Ŝp(k,m)| is the estimated

magnitude speech spectrum. η = 1 represents a full subtraction, while η > 1 results in an

over-subtraction. When measurement errors occur or over-subtraction is used, the sub-

traction can result in negative values of |Ŝp(k,m)|, which has no physical representation.
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speech spectrum |Ŝp(k,m)|.

|Ŝp(k,m)| = G(k,m) · |Y (k,m)|, (2.89)

For reconstruction in the time domain, the original phase information of Y (k,m) is added

to |Ŝp(k,m)| for the ISTFT, resulting in the reconstructed speech signal ŝp(n).

Objective Evaluation of Speech Quality

Traditionally, speech quality can be evaluated using listening tests. Listening tests with

human subjects are never objective and always rely on the preferences and hearing ca-

pabilities of the test subjects. To combat this problem, larger groups of participants are

required to achieve representative results. Depending on the number and duration of these

tests, this procedure requires significant resources and time, which is often not feasible.

On the other hand, a simple metric, like the SNR, is not sufficient to rate the quality of

speech. For these reasons, the following objective performance measures will be used in

this thesis: The Log Likelihood Ratio (LLR), Segmented Signal-to-Noise-Ratio (SSNR),

Weighted Spectral Slope (WSS), and perceptual evaluation of speech quality (PESQ).

These four performance measures can be used to formulate the following composite mea-

sures, according to [Loi13, p.479-504]: The Signal Distortion (SD), the background dis-

tortion (BD), and the overall quality (OQ). In his book, Loizou also provides attached

MATLAB scripts for the calculation of these measures, which will be used in this thesis.

Therefore, there will be no detailed explanation of their calculation here.

2.3. Integrated Circuit Architecture

The importance of choosing a hardware platform cannot be overstated, especially when

the computational demand is high, as shown in Section 2.2.1. Integrated Circuit (IC)s can

be divided into various subcategories, as illustrated in Figure 2.16. On the one hand, there

are the standard ICs, which can be, for example, microprocessors, memory, or circuits for

ADC and DAC conversions. These circuits are designed and produced by manufacturers

and can be purchased by customers for specific applications. On the other hand, there

are Application Specific Integrated Circuits (ASICs), which can further be separated into

semi-custom and full-custom ASICs. This type of IC is usually fully or partially designed

by the customer and manufactured according to the customer’s needs to fulfill very specific

tasks. Between these two extremes is a group of chips called Programmable Logic Device

(PLD). As the name implies, these ICs can be programmed by the user. Therefore,
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Figure 2.16.: Overview of ICs adopted from [KB13, p.122]

their function can be changed by the user, even though they are all fabricated the same

way by the manufacturer. These PLDs can be categorized into Simple Programmable

Logic Device (SPLD)s, which only consist of a programmable logic array implemented as

an AND/OR array with Input/Output (I/O), or Complex Programmable Logic Device

(CPLD)s, which can combine multiple programmable logic arrays and more I/O[MB21,

p. 4-5]. FPGA represents the last subcategory of PLDs, which will be used throughout

this thesis. They will be discussed in detail in the following section.

2.3.1. FPGA

In 1983, Xilinx produced its first logic cell array. This solution was targeted at customers

who wanted the same level of cell granularity as in ASICs, but also the freedom of user-

programmable IC. These low-complexity logic cells, also known as Configurable Logic

Block (CLB), are arranged in an array and are still used in a modified form in modern

FPGA [MB21, p. 3]. Figure 2.17 shows a simplified architecture of an FPGA. The fine

granularity of the FPGA necessitates a fine grid of routing channels, as opposed to a global

routing matrix. These channels are oriented both horizontally and vertically within the

array. The array structure is encompassed by I/O blocks. In addition to the CLBs, there

are also Block Random Access Memory (BRAM) tiles and specialized hardware units such

as DSP slices integrated into the array structure of modern FPGAs. Depending on the

manufacturer and product family, various additional function units are utilized. The use

of multipliers, targeted towards DSP applications, can potentially conserve many logic

elements. In the context of adaptive filters, they can be utilized to expedite the necessary

mathematical convolutions. Executing these operations solely with CLBs would either
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Figure 2.17.: Simplified FPGA-architecture, according to [Huf+10, p.9]

consume an excessive amount of resources or impede the application. As these DSP slices

vary from one manufacturer and product line to another, only one example is depicted in

Figure 2.18. The figure shows a block diagram of a DSP48E2 DSP-slice from the Xilinx

Figure 2.18.: DSP48E2 Functionality according to [Xil18]

Ultrascale product family. At its core, it offers a 27 x 18 bit multiplier. It should be clearly

stated that the Kintex 7 FPGA used in this thesis has DSP48E1 DSP-slices, which only

contain 25 x 18 bit multipliers with a 48-bit accumulator. The main advantage of using

these DSP-slices for MAC operations in signal processing is that they can perform one

MAC operation within one clock of the FPGA’s base clock-rate. The only restriction is





3. Related Work

This chapter is divided in three sections and should provide an overview of the state-of-the-

art research concerning the topics of ANC, speech enhancement and AIC for underwater

applications. The focus of each topic will be on hardware-based systems, if applicable. The

first section is discussing significant studies of ANC, highlighting the most important work

of the last decades and the history of ANC at the Institute of Mechatronics. The focus

is then shifted toward FPGA-implementations of ANC systems. Section 3.2 discusses

current research of hardware-based speech enhancement. The last Section 3.3 gives an

overview of methods for target strength reduction of submarines and AIC. The focus here

are potential use-cases and maritime application that are related to the experiments in

this thesis.

3.1. Related Studies of Active Noise Control

Even though the working principle of ANC was already discovered 90 years ago, com-

mercially available products with ANC are limited to a few categories. Most of the fully

developed solutions can be found in smaller applications like ANC headphones. The small

acoustic volume V that is restricted to the ear canal or ear cup of the headphones limits

the number of necessary secondary sources, reference and error microphones significantly.

In case of headphones, the secondary sources are already installed and limited to one for

each ear. Depending on the applied algorithm the number of used reference microphones

can vary. This low channel count limits the computational effort of the ANC algorithms

significantly. In addition, commercially available products often use shorter static IIR

filters, that also save MAC operations by lacking the adaptation part of the algorithms.

High computational demands arise typically in larger scale MIMO systems, as discussed

in 2.2.1.

At the institute of Mechatronics at the Helmut-Schmidt-University larger scale ANC

systems has been researched over the last decades. One specific field of interest was the

reduction of noise in bedrooms to ensure healthy sleep. In [KS09] a transmission test rig is

39
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to reduce noise in a bedroom requires higher channel counts with significant computa-

tional effort. For this reason the computational platform was changed from a quad-core

DSP to an FPGA in [Han+18] with a first test of a SISO feedback FxLMS in a Kundt’s

tube. The presented VHDL written parametrizable FxLMS implementation presented in

[Kle+19] also builds the foundation of the hardware-based ANC systems in this thesis.

Figure 3.1 shows the tilted window with the 20 x 20 feedback system from Hanselka, run-

ning on the dSPACE DS1006 with dual integrated quad-core setup. The full timeline of

Figure 3.1.: Prototype of a tilted window with a 20 x 20 feedback ANC system [Han20]

the studies that lead from the early prototype of the feedforward system with a system

dimension up to 2 x 20 x 20 for the tilted window to a feedback variant and early measure-

ments with the hardware-based SISO prototype are presented in Hanselkas thesis [Han20].

To stay in the context of ANC systems that are targeted towards open windows or aper-

ture, there are several important studies published from different research groups. Kwon

and Park [KP13] for example published a study in 2012 where they proposed a feedfor-

ward control system with 4 reference sensors and 8 secondary speakers. The model of

a small room with a window opening is placed in an anechoic chamber. They used a

non-adaptive pre-calculated control filter with 10 kHz sampling rate that was executed on

the dSPACE DS1103. The claimed noise reduction within the excited frequency range

between 400Hz and 1000 Hz up to 10 dB. Due to their usage of fixed FIR filters they
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Figure 3.2.: 1 x 24 x 24 ANC-system for a sliding window [Shi+20]

performing the convolutions for J parallel branches. For longer filters they would have to

trade decrease the sampling rate accordingly.

While some of the presented ANC systems for open or tilted windows are already im-

plemented on an FPGA there are other areas of active noise control, where researchers

successfully tested hardware platforms. A majority of the studies implemented versions

of the LMS. In many cases, tests were only performed through simulations or laboratory

measurements that feed the reference and error signals directly into the platform, without

an acoustic measurement environment. Stefano et al. proposes an adaptive noise canceler

in [SSG05], which is based on an LMS algorithm with 32 filter coefficients and compared

it to a modified LMS, both implemented on a Xilinx Spartan2E-300 FPGA. Unfortu-

nately, the results produced only using simulations in their case. The same holds true

for Mustafa et al. [Mus+09]. They also implemented an LMS, this time for a Cyclone II

FPGA, with 64 filter coefficients and a sampling rate of 48 kHz. They demonstrated that

they could identify an unknown system, which was represented by an FIR filter on the

same platform. This can be understood as an example for an offline system identification.

Anghel et al. proposed a slightly different application for a variable step size normalized

LMS algorithm, that they executed on a Xilinx Spartan 2E XC2S600E FPGA. The pro-

posed system is targeted towards acoustic echo cancellation. Interestingly, they used long

adaptive filters for this purpose with 500 filter coefficients, while using a sampling rate

of 8 kHz. Boroujeny and Eshgi presented an FxLMS-based modular ANC system with

online secondary path estimation for an Altera Stratix EP2S180F1508C4 FPGA [BE10].
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a larger scale MIMO system with a real world application.

3.2. Hardware-Based Speech Enhancement

Similar to the previous discussed research focus, hardware-based speech enhancement

systems are less common than software-based implementations. The speech enhancement

algorithms in this thesis are targeted specifically towards the application in a helicopter

ANC headset. An important requirement for this type of system is that it can operate on

a real-time platform with minimal processing latency. As discussed before, FPGA stand

out in this type of application. The most relevant contributions should be discussed in

the following. Speech enhancement techniques can be split up into several categories, see

Section 2.2.3. Methods based on spectral subtractions are the most common methods,

while the Wiener filter is also used to some degree. The third and most recent method,

which will be not directly discussed in this thesis is speech enhancement based on neural

networks and machine learning, for example [NMY21].

There are several studies with hardware implementations of the BSS. For instance, Mah-

bub et al. [MRR09] in 2009 and Biswas et al. [Bis+14] in 2014. Unfortunately, they only

evaluated their implementation based on the SNR, which provides only limited insights

into speech quality and intelligibility. Later Biswas et al. [Bis+19] extended their algo-

rithms to the MBOS, a technique also adopted by Bahoura et al. [Bah17]. The basics

of MBOS were also explained in previously in Section 2.2.3. Biwas et al. evaluated their

algorithms by utilizing the PESQ, which is an industry standard in telecommunication.

All of these studies, except for Mahbub et al., are using Xilinx FPGA and implemented

their algorithm with the Xilinx System Generator (XSG) within MATLAB Simulink. This

method typically ensures a shorter developing time than writing in VHDL, by giving up

some control and flexibility. Independent of the computational hardware, one known lim-

itation of spectral subtraction based methods is typically the presents of ”musical noise”,

which is a ringing noise that can be unpleasant for the listener [Loi13].

The Wiener filter approach, which is not suffering from this phenomenon, has also been

implemented for an FPGA in [Agr18] and [KC20]. Agrawal stated one other benefit of

the hardware design in form of the extremely low power consumption of only 0.14W

while achieving a latency of only 0.25ms. He also used the XSG to program a Xlilinx

Spartan 3E FPGA. The speech quality was not evaluated in detail. A possible applica-

tion of hardware-based speech enhancements using a Wiener filter are hearing aids, which
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minimal configuration of a feedback MIMO ANC system. To explore the limits of the

presented hardware implementation two additional theoretical configurations are created

and synthesized. H5 represents the theoretical maximum in terms of the channel count

Table 5.5.: Parameter overview of the feasibility study of the MIMO Feedback FxLMS
configurations

H5 H6
fs in kHz 40 20
Dimension 5 x 5 11 x 11
Lstatic 2049 2049
Ladapt 2049 2049
Nstatic 1 1
Nadapt 1 1

and filter length that would still fit on the FPGA of the MicroLabBox. For H6 is differ-

ent commercially available FPGA, the Xilinx UltraScale+ VU9P has been chosen, that

provides additional hardware resources. Table 5.6 provides an overview of the hardware

utilization of H5 and H6 on the two different FPGA. Both configuration use almost 90%

of the available DSP-slices. An additional benefit of the UltraScale+ VU9P are the im-

proved DSP48E2 DSP-slices that are capable of multiplication up to 27 x 18 bit, compared

to the DSP48E1 with 25 x 18 bit of the Kintex 7. There are cases where the VU9P maybe

only needs one DSP slice, where the XC7K325T needs two cascaded slices, for the same

mathematical operations. In terms of the applied ANC system, a majority of the multi-

plications are performed in 32 x 16 bit, that is originating form the 16 bit data precision

of the I/O and the chosen 32 bit precision of the filter coefficients. Overall this short fea-

sibility study shows, that with modern FPGA, ANC systems with channel counts above

10 x 10 in terms of feedback and 10 x 10 x 10 in terms of feedforward are realizable with

high sampling rates and long adaptive and static filter.

5.3. Design Limitations and Potential Solutions

The hardware implementation of the FxLMS developed and tested throughout [Kle+19;

Tim+20; Kle+21b; Kle23] is designed for maximum performance in terms of the sam-

Table 5.6.: Resource utilization comparison as a feasibility Study

Config. CLB-Slices (%) BRAM Tiles (%) DSP-Slices (%)
H5 (XC7K325T) 16398 (32.18) 235 (52.81) 745 (88.69)
H6 (VU9P) 69419 (46.97) 1835 (84.95) 5896 (86.20)









6. Design Extensions and Advanced

Applications

In this chapter applications for hardware-based adaptive filters are presented and dis-

cussed, that extend the typical use-case of ANC. Section 6.1 discusses and demonstrates

potential benefits of using an FPGA-based headset for helicopter pilots that include ANC

functionality and employs Wiener filter based real-time speech enhancement. This part

of the thesis is contributing to the dtec.bw project Missionlab, that provided funding, in

particular for the recordings of the necessary acoustic flight data. Section 6.2 focuses on

AIC of an underwater surface with potential application on a submarine hull. It is part

of a project that was partially funded and supported by thyssenkrupp Marine Systems.

The goal of this cooperation was a proof of concept, that an active system can be used to

limit the reflections of sonar-like acoustic waves from the submarines surface. This system

would therefore be able to decrease the submarines target strength TS, which means that

the submarine would be harder to detect by an opponent.

6.1. ANC Helicopter Headset with integrated Speech

Enhancement

Parts of this chapter are derived from the works published in [TES22] and [TES23]. It is

well established that common applications of ANC systems are headphones or headsets.

In a project contributing to the dtec.bw MissionLab, there is an ongoing research on the

human-machine-interface of pilots in a helicopter cockpit. The goal of this project is to

provide helicopter pilots with an advanced headset platform that combines ANC, speech

enhancement and 3D-audio. In [EBS21] the ANC part of the headset has been presented.

Other publications, for example [ESB22], include simulations of speech enhancement, an

in depth analysis of the acoustics in a helicopter cabin [ES22] and test of the 3D audio

system [ES23]. Given that the combination of these underlying algorithms increases the

computational demands, a portion of the calculations is assigned to the pre-existing Mi-
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To obtain a clean reference signal of the speech processed by the HATS, that includes

only minimal background noise, a measurement in an anechoic chamber at the Helmut-

Schmidt-University has been performed. The chamber complies with DIN EN ISO 3745,

for acoustic measurements above 100Hz. The identical Brüel&Kjær 4958 microphone

used in the dual microphone setup is also employed to capture this reference signal from

the HATS, thereby ensuring an accurate assessment of speech quality for this study.

6.1.1. 2 x SISO Feedforward with Spectral Subtraction

Implementation and Measurement Setup

As described in section 2.2.3 speech enhancement based on spectral subtraction methods

is straight forward to implement. Figure 6.2 shows the signal flow based on the dual

microphone setup. The noisy speech signal y and the noise signal dn are buffered, a Hann

FFT

FFT
Windowing &

IFFT

Buffer

Overlap-Add

Buffer

Zero Padding

Windowing &
Zero Padding

Basic

Spectral

Subtractiony(n) Y(k,m)

|Sp(k,m)|

Dn(k,m)dn(n)

sp(n) Sp(k,m)

Phase
Y(k,m)

Figure 6.2.: Signal flow of the implemented BSS

window is applied, and the signals are zero padded before being transformed with an

STFT into the frequency domain. This block diagram is then implemented using the

XSG in MATLAB Simulink for the Xilinx FPGA of the dSPACE MicroLabBox. Figure

6.3 gives an edited overview of the implemented elements in MATLAB Simulink. A ma-

jority of the parameters can be set in a file that has to be executed as a MATLAB script

before synthesis. This implementation makes use of the Xilinx IP cores, for example the

FFT algorithm [Xil21c], division [Xil21b] or dual-port RAMs. In total four dual-port

RAM blocks of configurable lengths are utilized. Their sizes are directly depended on

the investigated time frames of the frequency domain based speech enhancement. Since

the recommendation for the speech frame length ranges from 20ms to 30ms [Loi13], 512

samples are chosen. With a sampling rate of fs = 20 kHz, the resulting time frame is

25.6ms long. To buffer the two measured signals y(n) and dn(n) two dual-port RAM are
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Figure 6.3.: Overview of the MATLAB Simulink and XSG design of the basic spectral
subtraction implementation from [TES22]

necessary. They are controlled by a logic that also enables a fixed 50% overlap when

chosen by the user. A Hann window is applied to the buffered signals, that is generated

before run-time and saved in Read Only Memory (ROM) (green block). The transfor-

mation of the two buffered and windowed signals is done by the Xilinx Logicore IP FFT

core [Xil21c]. It is configured in pipelined streaming I/O architecture, that is using the

decimation-in-frequency method, for maximum throughput. The block is processing both

buffered and windowed input signals in serial, by delaying the noise signal. Since the used

FPGA in this study runs at 100MHz, while the acoustic signals are only processed at

a significantly lower sampling rate, the output of the FFT core is still available within

the timing constrains of same 20 kHz time step. The FFT-length can be configured in

powers of two in the mask of the FFT block. By choosing a higher FFT-length than

the actual buffered signal length, zero padding can be applied by the user. In Figure

6.3 the BSS algorithm is placed in the cyan colored sub system and performing an over-

subtraction according to Equation (2.81). The over subtraction factor η and noise floor

parameter θ can be configured by the user during runtime. Fixed-point notation is used

with variable bit widths, except for parts of the spectral subtraction. For the calculation

of the magnitude spectrum the divider IP core of Xilinx is utilized, that is based on the

CORDIC algorithm [Xil21b]. The original phase information of Y (k,m) is added back

to the estimated enhanced speech signal |Ŝp(k,m)| and transformed back into the time

domain, using another FFT core, that is set to perform the Inverse Fast Fourier Trans-

form (IFFT). If the user selected windowing and a 50% overlap, the time signal can be
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Figure 6.6.: Results of the BSS executed on the FPGA, as shown in [TES22]

pass, the enhanced speech signal that is calculated by the BSS sound more natural, by

preserving more of the full frequency range of the human voices. One known limitation

of spectral subtraction based methods is the presents of musical noise [Vas96, p.249-252],

which is also audible from the recording.

In this first measurement with a hardware-based speech enhancement algorithm no lis-

tening test or in depth analysis of the enhanced speech signal has been conducted. This

implementation and measurement should be only understood as a feasibility study in

terms of the speech enhancement capabilities. In the following section an in depth anal-

ysis of different speech enhancement techniques will be carried out, and the hardware

implementation will be improved accordingly.

6.1.2. Dual Stage Speech Enhancement

Development and Simulation

In the previous section, a simple BSS has been used for speech enhancement to demon-

strate the working mechanism in combination with the ANC headset. The question to be

ask is if spectral subtraction-based methods really deliver optimal de-noising of the speech

signals recorded in the helicopter cabin. During the early measurements it has been ob-

served that because of the low SNR a pre-filtering of the noisy speech might be beneficial,

resulting in a two stage algorithm [ESB22]. This idea should be further examined in the

following through simulations. The concept of the two stage speech enhancement is the
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Table 6.6.: Resource utilization of the Xilinx Kintex-7 XC7K325T - Dual stage BSS and
Wiener filter speech enhancement without ANC

Type Used Available Utilization

Configurable Logic Block Slices 10284 50950 20.18%
Configurable Logic Block Slice LUTs 30493 203800 14.96%
Configurable Logic Block Slice Flip-Flops 30489 407600 7.48%
Block RAM Blocks 32 Kb 3 445 0.67%
Block RAM Blocks 16 Kb 17 890 1.91%
DSP Slices 109 840 12.98%

Results of the FPGA Implementation

To test the design of the dual stage BSS and Wiener filter speech enhancement, the same

RCP, the dSPACE MicroLabBox is used. The resource requirements of the algorithms,

this time without the ANC part of the headset is listed in Table 6.6. The highest resource

utilization are the CLBs with around 20%, which is more than the previous system that

includes the BSS and the two SISO feedforward FxLMS. These results ensure, that there

is enough space on the used FPGA for an ANC-system, similar to the previous 2 x SISO

implementation. This implementation would also provide the necessary headroom for

more complex ANC approaches, like a hybrid feedforward feedback FxLMS that is not

strictly separated between the right and left side, as shown in [ES24].

For the real-time measurement the audio files are loaded onto the MicroLabBox for con-

venience. Alternatively, the ADCs can be used to feed the audio signals directly from

microphones or another external source. All results are recorded with the dSPACE Con-

trolDesk software, exported as .mat files and converted to .wav files for the evaluation

with the toolbox provided in [Loi13]. The results in terms of the objective and compos-

ite speech quality measures are presented in Table 6.7. Compared to the results of the

Table 6.7.: Speech quality results of the FPGA implementation in terms of objective and
composite measures

Algorithm LLR SSNR WSS PESQ SD BD OQ
Dual Stage WF (FPGA) 0.95 5.01 37.25 1.97 2.97 2.63 2.43

simulations, the results are similar, but the real time hardware implementations varies

in evaluated performance measures. The LLR, PESQ, SD and OQ of the FPGA imple-

mentation achieve lower values than the simulations, while the SSNR and WSS show a

slight increase. A possible explanation for these deviations might be the difference in data
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6.2. Active Impedance Control for Underwater

Applications

Parts of the contents of this section has been published in [Tim+21] and [THS23] respec-

tively in cooperation with thyssenkrupp Marine Systems. In the context of this cooper-

ation there was also a patent filed at the German Patent and Trademark office on the

01.02.2023. The main goal of this cooperation is the development of an active system for

the surface of a submarine that is able to reduce the target strength TS of the submarine.

For this purpose, an active surface with a very thin piezoceramic actuator is developed

and tested in a water-filled impedance tube as a feasibility study. The underlying working

principle that was tested is the AIC introduced in Section 2.2.2. In the context of military

operations, detection by the opponent’s sonar should be avoided. To reduce the reflection

of active sonar pings at the submarine hull for higher frequencies, ships or submarines

can be covered in sound-absorbing materials. In the medium-frequency range, the outer

form of the vehicle can be modified to scatter the incident sound wave and prevent a

reflection back to the sonar. This approach of a stealth form has been described and

discussed in [Avs19; Avs21]. For frequencies below 1500Hz, these passive measures are

not effective due to the long lengths of the acoustic waves. Therefore, the active system

will target this lower frequency range. In underwater applications, where the speed of

sound reaches over 1500m s=1, active systems need to calculate the driving signals for

the actuators within a few milliseconds. Consequently, a hardware-based approach that

is capable of high sampling rates with low latency, executed on an FPGA-platform is a

suitable choice for this application. In addition, it is planned to extend this prototype to

a larger scale structure, which would require a MIMO system that needs more compu-

tational resources. These requirements could be hardly met with software-based approach.

The following section is divided into two experiments: The first set of measurements

is performed in a shorter impedance tube with a frequency domain controller according

to Section 2.2.2. This design was still be executed on a CPU with an internal reference

as a proof of concept. The results are published in [Tim+21]. The revised version of the

system is tested with a longer impedance tube and a physical reference sensor pair. This

AIC system is working in the time domain according to Section 2.2.2 and is executed

on an FPGA. This revised and improved system is presented, tested and the results are

discussed in [THS23].
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6.2.1. Software Frequency Domain Control for Harmonic Signals

with Internal Reference

Measurement Setup

The measurement setup of the first study consist of a standing and water-filled impedance

tube that can be pressurized and also allows being temperature controlled. This tube is

custom-made for underwater acoustic material tests, modular and is around 1m long in

the default configuration with an inner diameter of 35mm. Cross-modes should there-

fore only appear above the cut-on frequency of around 25 kHz [Mö15, p.189-191]. Figure

6.11 shows a photograph and a assembly drawing of the impedance tube. At one end of

Figure 6.11.: Measurement setup for the frequency domain AIC controller for the water-
filled impedance tube from [Tim+21]

the tube a Tonpliz transducer made by ELAC SONAR is installed as a primary acoustic

source, in the middle a material sample can be mounted, separating the tube in two sides.

The bottom end of the tube is normally equipped with a passive termination element,

which can be also equipped with a cone to decrease reflections of the acoustic sound waves.

In this measurement the passive end element is exchanged by a d33-mode 0.2mm thick

piezoceramic disk embedded into a potting compound (AptFlex F21 from Precision Acous-

tics). In this configuration, the piezoceramic disk works in the lengthwise direction of the

impedance tube. There is no material sample mounted in the tube for the following mea-

surements. The construction progress of this experimental actuator is displayed in Figure
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6.12. The piezoceramic disc is fully electrically contacted on the top and bottom by the

Figure 6.12.: Construction of the piezoceramic-based actuator [Tim+21]

manufacturer. Thin wires can then be soldered to the top and bottom and fed through

a channel to the back of the steel termination. The disk is then placed inside the cavity

and the front and back are filled up with the potting compound. The compound not only

ensures electrical insulation from the steel housing, but also protects the piezoceramic

from mechanical or chemical damage. The embedding of the thin piezoceramic disk also

improves the hydrostatic piezoelectric coupling and therefore improves the acoustic sound

generation in water.

In the top and bottom half of the tube hydrophone modules can be installed with up

to tree sensors (Benthos AQ-4) in each module. Unfortunately, these sensors showed sig-

nificant differences in their sensitivities and proved to be unsuitable during early testing.

Consequently, two different sensors have been chosen (PCB Piezotronics S112A22 and

PCB Piezotronics 106B) and integrated in a newly manufactured hydrophone module,

displayed in Figure 6.13. From the technical drawing it can be seen that three sensors of

each type can be installed in the module on the opposite sites. Two different sensor types

are only chosen and integrated for comparison. They both have different sensitivities and

characteristics. In practice both the PCB S112A22 and PCB 106B have been proven

to deliver good results, especially compared to the Benthos AQ-4. According to Section

2.2.2 two sensors are necessary to separate the sound field into an incident and a reflected

sound wave, which the controller needs to actively control the reflection coefficient of the
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Figure 6.13.: Photograph and technical drawing of the newly manufactured hydrophone
module, as shown in [Tim+21]

surface. Here, the two hydrophones are placed into the module that is closer to the active

piezoceramic surface at the bottom of the tube.

The signals from the two hydrophones are converted with two ADCs of the dSPACE

MicroLabBox, that is introduced in section 4.2. To understand the signal processing a

simple block diagram of the control system is shown in Figure 6.14. The schematic block

p2(k,m)
ADC 2

ADC 1 FFT

FFT

Wave

Separation

Complex

FxLMS

p1(k,m)

Signal

Generator

B(k,m)=E(k,m)

IFFTDAC 2

DAC 1

FFT

r(k,m)

X(k,m)

Y(k,m)

x(n)

y(n)

p1(n)

p2(n)

Figure 6.14.: Block diagram of the software implementation for the frequency domain
FxLMS for AIC, adopted from [Tim+21]

diagram assumes that the sensitivity of the sensors are identical, which they were not.

Instead, the different sensitivities were compensated by a digital gain, according to their
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6.2.2. Hardware Time Domain Control for Sonar-like Signals

Measurement Setup

In a second set of experiments the measurement setup gets changed, by using an impedance

tube with a variable-length of up to 9.81m. Throughout the measurements in this thesis

a fixed length of the tube of 5.03m is used because of resonance effects, that will be dis-

cussed later. It has the same 35mm inner diameter but is this time lying and sloped by

an angle of 14 ° compared to the standing position in the previous section. A slight incline

angle was necessary to ensure self-venting of the system, as all previous measurements

have shown that bubbles or air pockets can strongly influence the results, especially in

higher frequencies. At the top end of the tube the same Tonpilz transducer is installed

that simulates the active sonar. The opposite side is realized by the termination segment

with the thin piezoceramic, see Figure 6.12. The piezoceramic-actuator is not the same

as in the first measurement, since it stopped working, probably due to experiments with

higher voltages between both studies. Instead, a second actuator, that is identical in

construction, is used for the following measurements. Directly attached to termination

with the experimental piezoceramic-actuator is the first measurement module, see Fig-

ure 6.17. In addition to the measurement module shown in Figure 6.13 in the previous

Figure 6.17.: Experimental piezoceramic-actuator termination with connected hy-
drophone module for up to three pressure sensors [THS23]

section two additional hydrophone modules are manufactured. These additional modules

can be equipped with up to three PCB Piezotronics S112A22 pressure sensors. To get an

overview of the full setup, a picture from the laboratory at the Helmut-Schmidt-University
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Table 6.8.: Positions of the pressure sensors inside the tube.

H1.1 H1.2 H1.3 H2.1 H2.2 H2.3

Distance to piezoceramic-actuator in m 0.076 0.107 0.151 1.841 1.874 1.916

is displayed in Figure 6.18. The impedance tube offers flexible deployment of up to all

Figure 6.18.: Experimental setup of the modular steel tube including the measurement
hardware.

three hydrophone modules. For this measurement, two are used with six hydrophones

in total. The hydrophones within one module are not arranged equidistantly. This has

the simple reason to avoid nodes of a standing wave field inside the tube to fall on all

sensors at the same time, which could be possible at given frequencies. Table 6.8 list

the exact location of all pressure sensors measured from the surface of the experimen-

tal piezoceramic-actuator on the left lower end of the tube. To support the modular

impedance tube, it is placed down in folded steel sheet. To prevent interactions between

the tube and the construction, and damp vibrations that can interfere with measure-

ment, a rubber mat is placed in between. Figure 6.19 gives an overview about the signal

flow and the complete measurement setup as a schematic. In the following measurements
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Figure 6.19.: Schematic of 1D demonstrator of the impedance tube and signal flow in-
cluding the selectable reference

three different types of references should be compared for the feedforward AIC system. As

shown in the schematic, the user can switch between an internal reference that is directly

taken from the signal generator for the primary source, a pressure based reference from

an ADC and a reference calculated from a sensor pair that represents the incident sound

wave. The RCP platform used is the dSPACE MicroLabBox, represented as the digital

domain in Figure 6.19. For signal conditioning and as an aliasing filter an analog filter

bank from I.E.D is used. The cut-off frequency of the second order Bessel low-pass filters

is set to 8 kHz, which represents the maximum cut-off frequency of these filters. The low

filter order should still limit the added latency. Moreover, the performance of the feedfor-

ward structure of this controller design is in theory less negatively influenced by delays of

the secondary path. Early test showed, that the measurement setup is very sensitive to

influences of the electrical power grid, with a base frequency of 50Hz and multiples of it.

While this was not a concern for the previous frequency domain controller, because only

selective parts of the spectrum were processed, for this following time domain method

additional filter are needed. For this purpose a Kemo VBF/8 filter, configured to a high-

pass of 200Hz with an 8th-order Butterworth filter, was applied to the signals that are

used for the references of the controller. It was also tested to apply a high-pass filter to

the signals that are used to calculate the error signal, but this lowered the performance
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Fenster mittels mehrdimensionaler Regelung-Konstruktive und

algorithmische Optimierung und Umsetzung als Hardware-Schaltung,

Dissertation. Helmut-Schmidt-Universität, 2020.



124 Bibliography

[HAS23] Kevin Hostombe, Tom Avsic, and Delf Sachau. “Experiments with coated

surfaces to generate sound waves in water”. In: The Journal of the

Acoustical Society of America. Oct. 2023, A355–A355.

[He+19] Jianjun He, Bhan Lam, Dongyuan Shi, and Woon Seng Gan. “Exploiting

the Underdetermined System in Multichannel Active Noise Control for

Open Windows”. In: Applied Sciences 9 (3 Jan. 2019), p. 390.

[HJS16] Jonas Hanselka, Sergej Jukkert, and Delf Sachau. “Experimental study on

the influence of the sensor and actuator arrangement on the performance of

an active noise blocker for a tilted window”. In: INTER-NOISE and

NOISE-CON Congress and Conference Proceedings. 2016, pp. 5298–5309.

[HJS17] Jonas Hanselka, Sergej Jukkert, and Delf Sachau. “Converting an active

noise blocker for a tilted window from feedforward control into a feedback

system”. In: INTER-NOISE 2017 - 46th International Congress and

Exposition on Noise Control Engineering: Taming Noise and Moving Quiet

2017-Janua (2017), pp. 3452–3459.

[How+92] Thomas R. Howarth, Vijay K. Varadan, Xiaoqi Bao, and

Vasundara V. Varadan. “Piezocomposite coating for active underwater

sound reduction”. In: The Journal of the Acoustical Society of America 91

(2 Feb. 1992), pp. 823–831.

[Huf+10] Ted Huffmire, Cynthia Irvine, Thuy D. Nguyen, Timothy Levin,

Ryan Kastner, and Timothy Sherwood. Handbook of FPGA design security.

Springer Netherlands, 2010.

[JS16a] Sergej Jukkert and Delf Sachau. “Robustness of the extended delayed-X

harmonics synthesizer algorithm applied to engine exhaust noise control”.

In: Proceedings of Meetings on Acoustics. Vol. 29. 2016, p. 040002.

[JS16b] Sergej Jukkert and Delf Sachau. “Umsetzung einer adaptiven Steuerung für

den aktiven Schall-Blocker auf einem Echtzeitsystem mit mehreren

Kernen”. In: Fortschritte der Akustik - DAGA 2016 42. Jahrestagung für

Akustik. DEGA, 2016, pp. 456–460.

[Kar+24] Tim Karl, Kai Simanowski, Johannes Timmermann, and Delf Sachau.
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lokalen Gegenschall im Transmissionspfad”. In: Fortschritte der Akustik -

DAGA 2012, 38. Deutsche Jahrestagung für Akustik. 2012, pp. 753–754.

[KSB07] T. Kletschkowski, D. Sachau, and S. Böhme. “Active noise control enables
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