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Abstract 

 

Active Noise Control (ANC) is a possible technique for reducing noise in the 
surroundings of appliances, consumer electronics, industrial equipment, mainly 
emitting in the low frequency range. The ANC technique is based on the cancellation 
of an noise control filters by generating an anti-noise using electronically controlled 
speakers. Noise reduction filters are applied to the control signal before being 
emitted by the speakers, which is how sound waves that are identical to amplitude 
but in opposition in phase compared to the unwanted noise are produced. Adaptive 
algorithms are used to update those noise control filters. 

  

This thesis discusses the development of ANC algorithms that have been applied to 
both indoor and outdoor environments. The proposed algorithms are based on the 
Filtered-x Normalized Least Mean Squares (FxNLMS), typically employed for active 
noise cancellation problems. In particular, ANC techniques are employed for two 
specific applications and signals: the first one considers the reduction of a complex, 
but a priori known, signal (e.g. the siren of an ambulance), while the second one 
refers to a stationary pure tone noise produced by large industrial machinery (e.g. 
the emission of an electric reactor). 

  

For the ambulance siren’s case the objective was to protect drivers from the noise 
reaching inside the cabin, as they are exposed to loud and repeated sounds during 
field operations for extended periods of time. Environmental noise reduction, and 
particularly the noise generated by emergency vehicles, has been the focus of 
increased interest in the last decade due to its negative impact on people's physical 
and mental health. One of the most promising noise-mitigating solutions is the 
implementation of intelligent systems whose acoustic performance is actively 
controlled. The algorithms were first implemented in a Single Input Single Output 
(SISO) configuration, which served as a step towards a multichannel architecture. 
The adaptive filtering system consists of an error microphone and a control 
(secondary) loudspeaker, without employing a reference microphone to detect the 
noise that needs canceling, as the signal to be attenuated is known in advance. 
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Referring to the reduction of stationary noise produced by large industrial machines, 
the activity has been mainly focused on electric reactors, operating within a local 
electric substation, implementing active noise control techniques designed for noise 
reduction of the stationary, pure tone, humming noise they generate during 
operation. Such noise has been characterized, modeled, and investigated as a 
relevant case study of interest.  

 

Finally, experimental activities were conducted to demonstrate the effectiveness of 
the developed control logic for both the SISO and Single Input Multiple Outputs 
(SIMO) configurations. 

For all the above studies and application, the chosen approach involved actively 
intervening at the noise sources themselves to reduce their impact, rather than 
merely attenuating the noise downstream. 

The results showed that intelligent noise cancellation system could achieve almost 
complete noise reduction within designated areas of interest, highlighting the 
successful performance of the systems studied and implemented. 

  

  

Keywords: Active Noise Control (ANC), Filtered-x Normalized Least Mean Squares 

(FxNLMS), Adaptive filtering, Feedforward ANC. 
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Chapter 1 

 

Introduction 
 

 

 

 

 

 

 

 

 

Active Noise Control (ANC) is a powerful technology aimed at reducing or 
eliminating unwanted noise in different environments. It makes use of sophisticated 
technology and algorithms to actively cancel out unwanted sounds. Destructive 
interference is the underlying principle behind ANC. 

ANC systems can successfully reduce or cancel undesired sounds by producing an 
anti-noise signal that is identical in amplitude but in anti-phase to the incoming noise. 

Here is a comprehensive overview of Active Noise Control (ANC) techniques, along 
with an explanation of the underlying acoustic principles that underpin active 
control. Then, the contributions and research objectives for each of the two 
applications of interest—stationary pure tone noise generated by huge industrial 
machinery and complex signals with known a priori characteristics—are 
emphasized. Lastly, summaries of the upcoming chapters are given. 
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1.1  Basic principles of Acoustics 

 

The study of sound is the focus of the field of acoustics in physics, such as mechanical 
waves that travel through a solid, liquid, or gaseous media because of object 
vibrations. Understanding sound waves and their properties – frequency, 
wavelength, velocity, and intensity – is one of the fundamental of acoustics. 

A noise wave is a disturbance that propagates through space, carrying energy and 
momentum from one point to another, with a specific direction of propagation sound 
waves are therefore longitudinal waves. In Figure 1. 1, a classic example of a 
sinusoidal signal is depicted, highlighting the wavelength on the x-axis and intensity 
and distance on the y-axis. 

 

 
Figure 1. 1: Frequency-Wavelength. 

 

1.1.1 The Physics of Sound Waves 

 

Based on empirical evidence, vibrations generated by a membrane or any other 
surface at a specific frequency propagate through the atmosphere and are 
interpreted as sound when they reach our ears. A piston moving in reciprocating 
rectilinear motion at the mouth of a tube with rigid walls, as shown in Figure 1. 2, can 
serve as an explanatory example and produce sound. 

 

 

 
Figure 1. 2: Production of sound waves by a vibrating piston. 
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Compression and rarefaction occur in the air in contact with the piston. A sound wave 
is produced by a pressure disturbance that occurs inside the tube. Three distinct 
phases can be identified in the sound propagation system: emission, propagation, 
and reception. Propagation is the process by which movement is communicated and 
spreads across the fluid medium surrounding the body functioning as the source, 
whereas emission is the process by which a sound source creates excitation in an 
elastic medium by transferring mechanical energy. The pressure wave that makes up 
sound always follows a series of compressions and rarefactions and propagates 
according to different laws. Finally, reception is the process by which the sound is 
detected and converted into a physiological sensation (human ear) or into a 
measurable signal (measuring instrument) [1]. 

 

1.1.2 Principles of Pure Tones, RMS Pressure and Sound Strength 

 

As it is well-known, sound propagation occurs only if there is an elastic medium 
(solid, liquid, or gas) for it to travel through. A specific type of sound wave is a plane 
progressive wave, where all particles within a plane in space move in a single 
direction with equal velocity and pressure. A typical source is a piston moving 
inside a tube of indefinite length (thus the motion is in one direction only) with 
angular velocity ⍵ = 𝑐𝑜𝑠 𝑡 = 2𝜋𝑓. Consequently, the plane wave propagating in the 
tube is also sinusoidal in nature and is described by the equation of propagation: 

 

𝑝(𝑥, 𝑡) = 𝑝𝑚𝑎𝑥𝑐𝑜𝑠 (⍵𝑡 − 𝑘𝑥 + 𝛿) 
(1. 1) 

 

This is the equation of a progressive wave, meaning a wave that advances in the 
direction of increasing x with the passage of time. Similarly, a regressive wave will 
have a similar relationship to the above but with a positive sign for the term 𝑘𝑥 and 
𝛿 represent phase angle. 

Since sound pressure is a time- and space-varying quantity, it is useful to take its 
average value into account. However, a simple arithmetic average would produce a 
null result, which does not match the actual sound experience because sound 
pressure is a fluctuating quantity that revolves around zero. Because of this, effective 
sound pressure (Pe), which is always guaranteed to be different from zero, is 
introduced. Pe is the square root of the temporal average of squared values. 
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𝑝𝑅𝑀𝑆 = √∫ 𝑝(𝑥, 𝑡)2𝑑𝑡
𝑇

0

 

(1. 2) 

 

In the case of a plane wave, this relationship holds: 

 

𝑝𝑅𝑀𝑆 =
𝑝𝑚𝑎𝑥

√2
 

(1. 3) 

 

Considering an infinitesimal volume element of the medium, it is observed that as it 
oscillates around its equilibrium position, both its kinetic and potential energy vary. 
Along the x-axis, instantaneous power 𝑊(𝑡) travels through the normal surface 𝐴 to 
the direction of wave propagation. 

Instantaneous sound intensity 𝐼(𝑡): 

𝐼(𝑡) =
𝑊(𝑡)

𝐴
 

(1. 4) 

 

Considering that instantaneous power can be expressed as the product of the force 
acting on the element by the instantaneous velocity, we derive, by calculating the 
average: 

 

𝐼 =
1

𝑇
∫ 𝑝 ∗ 𝑢

𝑇

0

𝑑𝑡 

(1. 5) 

 

Making considerations regarding the velocity with 𝝆𝟎 (medium density), 𝒄 
(propagation velocity in the medium), and substituting the effective pressure, we 
obtain: 

𝐼 =
𝑝𝑅𝑀𝑆

2

𝝆𝟎 ∗ 𝒄
 

(1. 6) 

Therefore, with the relationship between effective RMS pressure and maximum 
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pressure for the case of the a plane wave, this equation represent it:  

 

𝐼 =
𝑝𝑚𝑎𝑥

2

2𝝆𝟎 ∗ 𝒄
 

(1. 7) 

 

The product ρ0*c, known as acoustic impedance z, denotes the resistance that a 
material presents to the acoustic flow resulting from an applied sound pressure to 
the system. It is an intrinsic property of the medium through which the wave 
propagates. 

It can be stated that sound intensity is a vector quantity, and its magnitude depends 
on the power of the source, the distance from the source to the receiver, and the 
characteristics of the medium through which the wave propagates. 

 

1.1.3 Crafting Plane Sound Waves 

 

Considering two plane sound waves propagating along the x-direction, each 
generating a disturbance at point x, respectively d𝟏(t) and d𝟐(t), if these 
disturbances overlap, the total pressure p(t) will result from the sum of their effects.  

If the frequencies and maximum pressures of the two waves are identical, it would 
result: 

 

𝑑1(𝑡) =  𝑝𝑚𝑎𝑥,1 ∗ 𝑐𝑜𝑠(⍵1𝑡 + 𝛿1) 
(1. 8) 

 

𝑑2(𝑡) =  𝑝𝑚𝑎𝑥,1 ∗ 𝑐𝑜𝑠(⍵2𝑡 + 𝛿2) 
(1. 9) 

 

Therefore, the square of the RMS pressure will be: 

 

𝑝𝑅𝑀𝑆(𝑡) = 𝑝𝑅𝑀𝑆1
 +  𝑝𝑅𝑀𝑆2

+ 2 𝑝𝑅𝑀𝑆1
𝑝𝑅𝑀𝑆2

∗ 𝑐𝑜𝑠(𝛿1 − 𝛿2) 

(1. 10) 

 

The phase difference (𝛿1 − 𝛿2) between the two waves will provide different 
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outcomes. If the difference is the equal to 0, meaning the two waves are in phase, we 

get 𝑝𝑅𝑀𝑆
2 = 4 ∗ 𝑝𝑅𝑀𝑆1

2 , whereas if the difference is 
𝜋

2
, meaning the waves are in 

antiphase, we get 𝑝𝑅𝑀𝑆
2 = 0. Therefore, the sound wave could be completely cancelled 

out if an identical wave with a phase shift of 
𝜋

2
 is overlaid on it. RMS pressure from 

the composition of N random waves is typically equal to the total of the RMS 
pressures from each individual wave. 

 

1.1.4 Complex Sound Waves with Regular Patterns 

 

Multiple harmonically correlated frequency components are a defining feature of 
periodic complex sounds. The human ear perceives sounds differently, even when 
they have the same frequency and different waveforms [1]. The timbre of a sound is 
a property that the ear attributes to it. Fourier's theorem states that the sum of a 
specific number of sinusoidal or harmonic components can be used to represent a 
periodic disturbance: 

 

𝑝(𝑥, 𝑡) =  𝑝𝑚𝑎𝑥,1 𝑐𝑜𝑠(⍵𝑡 + 𝛿1) + 𝑝𝑚𝑎𝑥,2 𝑐𝑜𝑠(2⍵𝑡 + 𝛿2) + ⋯ 

(1. 11) 

Where: 

➢ ⍵ is fundamental pulsation. 

➢ 2⍵, 3⍵ are the higher harmonics. 

➢ 𝛿1, 𝛿2 are phase angles. 

 

Analyzing a wave's frequency spectrum is essential since it defines a wave's 
properties and how the human ear interprets them. One must perform a sound wave 
frequency analysis to identify these characteristics. The Fourier Transform, which 
assumes different forms based on the kind of signal being studied, is the foundation 
of this research. Nevertheless, the signal is seen by all Fourier Transform variants as 
a combination of a specific number—often even an unlimited number—of sinusoidal 
components operating at various frequencies.  

The sound spectrum for stationary periodic sounds, or signals made up of waves with 
characteristics repeating over a fundamental period T, is made up of the fundamental 
frequency, f0 = 1/T, and a range of frequencies that are multiples of the fundamental 
and are referred to as harmonics. 

Only those frequency components in a spectrum that are whole number multiples of 
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the fundamental frequency—also referred to as harmonics—are included in the 
harmonic spectrum. The harmonics are depicted by a segment whose length is 
proportional to the square of the effective pressure (RMS) 𝑝𝑅𝑀𝑆,𝑖

2  at the frequency 

associated with the respective harmonic, as illustrated in the Figure 1. 3. 

 

 
Figure 1. 3:Example of the acoustic spectrum. 

 

This demonstrates, for example, how notes generated by various musical 
instruments can appear diverse even when they share the same basic frequency. The 
two instruments are believed to have different tones because of the only difference 
between them being the amplitudes of the harmonics that make up the two complex 
waves. 

 

1.1.5 Complex Sound Waves without Regular Patterns 

 

Aperiodic complex sounds lack this regularity and do not have a distinct base 
frequency, in contrast to periodic sounds, which are distinguished by a regular 
sequence of repetitions throughout time and a distinct basic frequency. These noises 
are produced when different frequencies of sound waves collide since there is no set 
harmonic order for the sound waves. When compared to periodic sounds, these 
noises are typically seen as more complicated and unexpected, and they are 
frequently labeled as noise. The sound of burning wood crackling, the continual hum 
of city traffic, or the whisper of wind through leaves are a few examples. These 
sounds have a distinct timbral nature since the spectrum analysis does not disclose 
the distinct peaks associated with harmonics, which are typical of periodic sounds. 
Instead, it reveals a continuous range of frequencies as depicted in the Figure 1. 4: 
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Figure 1. 4: Cosine Series Plus Noise in frequency and time domain. 

 

Noise as a spectral characteristic shows a continuous distribution of infinite 
frequencies instead of discrete frequencies in harmonic relationships. Instead of 
identifying individual harmonic frequencies, the noise spectrum is usually examined 
using frequency bands, which are created by dividing the whole acoustic spectrum 
into intervals known as bands. 

Analyzing an acoustic signal's spectrum entails determining how sound energy is 
distributed across different frequency bands. By applying particular filters to block 
frequencies outside of these ranges—high-pass filters are used to block lower 
frequencies, and low-pass filters are used to block higher frequencies—one can 
determine the effective sound pressure level within each frequency range, which is 
defined by a lower frequency limit (𝒇1) and an upper frequency limit (𝒇2). Octaves 
and one-third octaves are the most widely used divisions for this kind of study. 

An octave interval is the range of frequencies between two frequencies, f1 and f2, 
where f2 is exactly twice f1 in the context of musical acoustics. The relationship 𝑓𝑐 =

 √𝑓1 ∗ 𝑓2 indicates that the ratio of the bandwidth to the central frequency 𝒇𝒄 stays 

constant inside each octave. To break down octaves even further, one can further 
subdivide them into intervals of one-third octaves, which have three different ranges 
in each. 

The application of the constant bandwidth band division approach to frequency 
analysis is covered in this paragraph, with an emphasis on the investigation of 
vibrations in equipment and structures. It highlights how useful this method is for 
carrying out in-depth and complex vibration assessments, which are essential for 
comprehending the behavior and structural integrity of machinery, buildings, 
bridges, and other engineering systems. The paragraph emphasizes that narrow 
band division is especially useful for higher frequencies, allowing for more exact 
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analysis compared to one-third octave or octave bands, even if it is beneficial for both 
low and high frequencies. This implies that narrow bands are better than wider 
bands for obtaining more accurate results in high-frequency vibration investigations 
[2]. 

 

1.1.6 Decibel Scale and Sound Intensity Analysis 

 

Vibrations originating from a sound source are transmitted through the medium in 
the form of waves and then impact the eardrum membrane in the ear. For these 
vibrations to be considered as sound, that is, perceptible to the human ear, they must 
have a frequency ranging between 20 Hz and 20 kHz, which are the sensitivity limits 
of the human auditory system, defining the so-called audible range. 

However, these limits have only statistical significance, as they can vary from 
individual to individual and with age. Moreover, higher frequencies, close to 20 kHz, 
may only be perceived by a listener at a young age, but the sensation is often 
accompanied by a feeling of discomfort. 

Oscillations at frequencies lower or higher than this range no longer elicit any 
auditory sensation and are respectively referred to as infrasound and ultrasound: 
seismic waves are an example of infrasound, while ultrasound can be produced, for 
instance, by the elastic vibrations of a quartz crystal induced by resonance through 
the application of an alternating electric field (piezoelectric effect) [2]. 

In practical acoustic problems, given the vast range of variables involved (such as 
frequency and power), it is not convenient to express acoustic quantities like sound 
pressure, power, and intensity in absolute values. 

It is preferred to express these quantities by taking the logarithm of the ratio between 
them and certain reference values assumed as "zero" levels. 

This system has proven useful because the logarithmic scale compresses numerical 
values, and because the intensity of auditory sensations is approximately 
proportional to the logarithm of the stimulus rather than its absolute value. 

In acoustics, therefore, for energy quantities, it is common to adopt the sound level 
expressed in decibels (dB), defined as the decimal logarithm of the ratio between the 
value in question and the reference value. 
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In the next formulas are described the fundamentals level of the description of the 
acoustics phenomena: 

 

➢ Sound power Level Lw: 

𝐿𝑤 = 10 𝑙𝑜𝑔
𝑃𝑤

𝑃0
 (𝑑𝐵) 

(1. 12) 

where 𝑃𝑤 is the sound power considerate (Watt) and P is the reference sound power    (10-

12 Watt) 

➢ Sound Intensity Level Li: 

𝐿𝑖 = 10 𝑙𝑜𝑔
𝐼

𝐼0
 (𝑑𝐵) 

(1. 13) 

where I is the sound intensity under consideration (W/m²) and 𝐼0 is the reference 
sound intensity (10-12 W/m²) 

➢ Sound Pressure Level Lp: 

𝐿𝑝 = 10 𝑙𝑜𝑔
𝑝2

𝑝0
2 = 20 𝑙𝑜𝑔

𝑝

𝑝0
(𝑑𝐵) 

(1. 14) 

where p is the sound pressure considered (Pa) and 𝑝0 is the reference sound 
pressure (2×10-5 Pa) 

One of the obstacles in defining noise occurrences in quantitative terms is from the 
necessity to quantify them, which are usually variable. Equivalent continuous sound 
level, or Leq, was developed as a solution to this problem. This is the amount of a 
continuous, steady noise that would be similar in terms of its negative consequences 
to the fluctuating noise that is being evaluated. In essence, it conveys the noise's 
average energy level across the given time span. It is more accurately described as 
the level of constant, continuous noise that, over the same duration, would produce 
the same amount of sound energy as fluctuating noise. The formula of the equivalent 
level is: 

 

𝐿𝐴𝑒𝑞 = 10𝑙𝑜𝑔
1

𝑇
∫(

𝑝𝐴(𝑡)
𝑝0

⁄
2

)

𝑇

0

𝑑𝑡 

(1. 15) 
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where T represents the duration of the noisy emission (and thus the reference time 
interval), 𝑝𝐴(𝑡) is the instantaneous value of the sound pressure, using A-weighting, 
and 𝑝0 is the reference sound pressure value. 

 

1.1.7 Spatial Distribution of Sound Sources 

 

An entity that can produce waves with properties like amplitude, frequency, and 
duration is called a source. The waves this source emits propagate within an elastic 
media when it comes in contact with it. The waves released by the source propagate 
directionally at high frequencies, which correspond to short wavelengths, affecting 
only restricted and geometrically defined portions of the medium. Waves become 
less directed as frequency decreases, and eventually waves with almost spherical 
wavefronts encompass the entire medium at low frequencies. Furthermore, the 
importance of secondary wave emissions that occur laterally, including transverse 
and surface waves, increases Errore. L'origine riferimento non è stata trovata.. 

 

1.2  Acoustic Properties: Reflection, Diffraction, and Refraction 

 

When a sound wave encounters any material, its energy interacts with the material 
in several distinct ways, dividing into: 
 

➢ Reflected Energy: a part of the energy contained in the sound wave is reflected 
into its original environment. This phenomenon is called reflection. The 
acoustic impedance mismatch between the encountered substance and the 
sound's propagation medium (such as air) determines the degree of reflection. 
Smooth, hard surfaces tend to reflect more sound than porous, squishy 
surfaces. 

➢ Transmitted Energy: a further fraction of the energy of the sound wave travels 
through the substance and out the other side. Along with thickness and 
density, the material's acoustic impedance determines how much energy is 
transmitted. In general, materials that are thicker and denser transmit less 
sound energy than those that are thinner or less dense. 

➢ Absorbed Energy: finally, the substance itself absorbs some of the energy. 
Because of internal friction and the viscoelasticity of the material, the 
absorbed energy is transformed into heat. To acoustically insulating an area, 
absorption is especially crucial since it lessens the quantity of sound energy 
reflected, which lowers reverberation and enhances sound quality. Acoustic 
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foam and rock wool are two examples of porous or fibrous materials that are 
particularly good at absorbing sound. 

 
The way that the energy of a sound wave is distributed among its three categories—
reflected, transmitted, and absorbed—determines the acoustic characteristics of the 
material, the surrounding environment, which in turn affects how sound is perceived, 
and the wavelength and angle of incidence of the sound wave.  
 
The following explores different scenarios dependent on the thickness of the barrier 
T and the wavelength of the sound wave λ: 
 

➢ T  >>  λ: when the obstacle is significantly larger than the wavelength of the 
incident vibration, it sharply reflects the waves back according to the principles 
of geometric acoustics, thereby creating a well-defined reflected beam. 
Consequently, beyond the obstacle, an equally well-defined transmission zone 
is formed. 

➢ T  <<  λ: when the obstacle is significantly smaller than the incident 
wavelength, it acts exactly like an elementary Huygens-Fresnel source, 
dispersing waves over space and going completely undetectable. 

➢ T  ≈  λ: diffraction phenomena cause the reflected wave to spread out in a 
diverging cone when the obstacle's dimensions are similar to the incident 
wave's wavelength. Within this cone, the wave propagates in many directions. 

 

Diffraction is a phenomenon that occurs when the wavelengths are comparable to 
the thickness of the obstacle they encounter; for smaller wavelengths, corresponding 
to higher frequencies, the phenomenon is less evident. To understand how 
diffraction is generated, we must consider that each point on the wavefront acts as a 
point source, and as we've seen before, waves overlap. If there are N sources on a 
straight wavefront and we consider the superposition of the waves they generate, it 
can be observed that the resulting wave is also a straight wavefront. In the following 
Figure 1. 5, the different behavior for a sound source emitting waves at high 
frequencies and at low frequencies, where the phenomenon of diffraction occurs. 
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Figure 1. 5: Diffraction effect. 

 

When waves move from one medium to another, they refract, whether they are sound 
or light waves. This is because the waves move through different materials at 
different rates. The wave's path will diverge at the interface where the two media 
meet since continuity needs to be preserved. The wave's changes in direction and 
speed when it transitions from one medium with a refractive index to another are 
what produce this divergence. The refractive index difference between the two 
materials determines the degree of refraction; larger differences cause the wave's 
path to change more noticeably Figure 1. 6. 

 

 

 
Figure 1. 6: Reflection and refraction effect. 

 

1.3  Methods for Minimizing Undesirable Sources 

 

Over the years, the use of noisy mechanical and electronic devices has increased 
exponentially in our daily lives. This has resulted in elevated levels of stress that have 
a negative impact on our health and productivity. Currently, available methods to 
mitigate this noise/stress issue are categorized as active and passive. Passive 
methods, such as concrete barriers, perform well at higher frequencies but become 
impractical at lower frequencies as the dimensions of these structures need to be 
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designed, constructed, and selected based on the wavelength of the noise under 
consideration [4].  
 
In summary, passive techniques are generally based on vibration-damping 
technology, sound-absorbing materials, sound-insulating techniques (e.g. sound 
insulating box), and diffraction phenomenon (e.g. noise barriers), while to reduce 
undesired sound waves using active noise control techniques relies on the 
application of noise cancellation devices.  
 

1.3.1 Active Control Methods-Basic principles of ANC 

 

Active noise control (ANC) is the preferred choice for addressing low-frequency 
noises [5]. Due to its effectiveness, ANC is widely used in various industries, such as 
automotive and consumer audio, to enhance user experience by reducing ambient 
noise. Proper management of phase and amplitude of the cancellation signal is crucial 
for successful implementation of ANC [6]. Recently, active noise control (ANC) has 
experienced significant success in commercial products such as automobiles, 
headphones, and mobile phones, as well as demonstrated impressive results in 
various other applications, including aircraft cabin noise reduction, magnetic 
resonance imaging scanners, incubators, and air conditioning ducts [7]. 
Given that noise sources in both open and enclosed contexts are prone to time-
varying fluctuations, the cancellation of the primary noise often depends on the 
distance and phase of the canceling noise. The fundamental noise's amplitude, 
frequency, and phase, change because of these alterations. By modifying key 
parameters of the classic cancellation algorithms (variations of the FxLMS in our 
cases) such as the step-size, input data correlation, and leakage factor, adaptive 
filters are used to handle these time-varying difficulties in real-time. These adaptive 
filters adjust to the input signal, but the input affects how they respond in terms of 
frequency. 
The capacity of adaptive filters to dynamically change their bandwidth in response 
to changes is one of its key characteristics. Least-Mean-Square (LMS), Normalized 
Least-Mean-Square (NLMS), Recursive Least Squares (RLS), and Filtered Least Mean 
Square (FxLMS) are some of the common methods employed [8]. FxNLMS, combining 
NLMS and FxLMS above, was the algorithm used in the research study that produced 
the best outcomes and struck the ideal balance between the different algorithms. 
The aim of the present research was to identify and implement active control 
algorithms for actual systems. 
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1.4  Literature Review on Adaptive Algorithms 

 

Adaptive algorithms are widely used in signal processing and automatic control 
because they can effectively track slowly varying systems by utilizing time-invariant 
models. In the scientific literature [9] [10], a group of researchers has focused on 
analyzing and evaluating the performance of the adaptive algorithm known as LMS 
(Least Mean Square) using the mean square error as an evaluation metric. This study 
is based on the ability to have a priori knowledge of the received data and to acquire 
information during the execution process related to the operating environment of 
the algorithm. Then, different adaptive filters based on the mean square error are 
investigated and discussed. 

 

1.4.1 Least Mean Square (LMS) Algorithm 

 

The Least Mean Square (LMS) algorithm, developed by Widrow and Hoff in 1959 
[11], is an adaptive algorithm that makes use of the steepest descent gradient-based 
technique [12]. The gradient vector's estimates from the supplied data are used by 
the LMS method. The least-squares method (LMS) is an iterative process that 
incrementally corrects the weight vector in the direction of the gradient vector's 
inverse to arrive at the minimal mean square error. In comparison to other methods, 
the LMS algorithm is relatively straightforward; it does not call for the calculation of 
a correlation function or the inversion of a matrix. In the following Figure 1. 7 shows 
the diagram of a typical adaptive filter, LMS. 

 

 
Figure 1. 7: LMS algorithm block diagram. 

 

In the figure below: 
• x(n) is the input signal to a linear filter,  
• y(n) is the corresponding output signal,  
• d(n) is an additional input signal to the adaptive filter,  
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• e(n) is the error signal that denotes the difference between d(n) and y(n).  

 

Different linear filter types, such as finite impulse response (FIR) and infinite impulse 
response (IIR), are available. To reduce the power of e(n), an adaptive algorithm 
iteratively modifies the linear filter's coefficients. Among other adaptive algorithms, 
the LMS method iteratively modifies the FIR filter coefficients. The LMS algorithm 
performs the following operations to update the coefficients of an adaptive FIR filter: 
The LMS algorithm performs the following operations to update the coefficients of an 
adaptive FIR filter: 
 

➢ Calculates the FIR filter’s output signal, y(n): 
 

𝑦(𝑛) =  𝑢⃗ 𝑇(𝑛) ∗  𝑤⃗⃗ (𝑛) 

(1. 16) 

 
Where: 

• 𝑢⃗ (𝑛) is the filter input vector and  
 

𝑢⃗ (𝑛) = [𝑥(𝑛)𝑥(𝑛 − 1)…𝑥(𝑛 − 𝑁 + 1)]𝑇 
(1. 17) 

 
• 𝑤⃗⃗ (𝑛) is the filter coefficients vector and 

 
𝑤⃗⃗ (𝑛) = [𝑤0(𝑛)𝑤1(𝑛)…𝑤𝑁−1(𝑛))]𝑇 

(1. 18) 

➢ Calculates the error signal e(n) by using the following equation:  

𝑒(𝑛) =  𝑑(𝑛) −  𝑦(𝑛) 

(1. 19) 

➢ Updates the filter coefficients by using the following equation: 

𝑤⃗⃗ (𝑛 + 1) = (1 − µ)𝑤⃗⃗ (𝑛) +  µ ∗ 𝑒(𝑛) ∗  𝑢⃗ (𝑛) 

(1. 20) 
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where    
▪ μ is the step size of the adaptive filter;  
▪ w(n) is the filter coefficients vector, weights; 
▪ u(n) is the filter input vector. 

 

When evaluating the performance of the LMS algorithm, convergence and stability 
are crucial factors to consider. 

Convergence refers to the behavior of the algorithm as it iteratively updates the 
weights towards the optimal solution. Stability, on the other hand, relates to the 
behavior of the algorithm in the presence of perturbations or noise. A stable 
algorithm makes sure that minor changes in the learning process or the input data 
don't lead to abrupt, significant changes in the weight updates. 

An important parameter to detect stability and convergence in the LMS algorithm is 
the step size, sometimes referred to as the learning rate or adaption parameter. To 
perform well, the selection of an adequate step size is crucial. 

If the value of the step size, µ, is chosen to be large, the weights may vary by a 
significant amount, which could cause a gradient that was initially negative to turn 
positive. This is because the weights’ amount of change is very dependent on the 
gradient estimate. And because of the negative gradient, the weight may shift 
significantly in the other way at the second moment, continuing to oscillate with a 
wide variance around the ideal weights [13]. 

On the other hand, if µ is chosen to be too small, time to converge to the optimal 
weights will be too large.  

 

Consequently, an upper bound on µ is required, and it is given as  

 

0 <  µ <  
2

𝜆𝑚𝑎𝑥
 

(1. 21) 

 

where λmax is the greatest value of the R, where  

 

𝑅 = 𝐸(𝑢(𝑛)𝑢𝑇(𝑛)) 

(1. 22) 

 

is the autocorrelation matrix of the input signal. Maximum convergence speed is 
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achieved when: 

µ =  
2

𝜆𝑚𝑎𝑥 + 𝜆𝑚𝑖𝑛
 

(1. 23) 

 

where λmin is the smallest eigenvalue of R. If µ is less than or equal to this optimum, 
then 𝜆𝑚𝑖𝑛 determines the rate of convergence, with a bigger value indicating a 
quicker rate of convergence. This means that faster convergence can be achieved 
when  𝜆𝑚𝑎𝑥 is close to 𝜆𝑚𝑖𝑛, that is, the maximum achievable convergence speed 
depends on the eigenvalue spread of R [14]. 

 

1.4.2 Normalized Least Mean Square (NLMS) Algorithm 

 

The Normalized Least Mean Squares filter (NLMS) is a variant of the LMS algorithm 
that solves the problem of the stability and convergence speed of the algorithm by 
normalizing the learning rate in relation with the power of the input. The step size is 
replaced by learning rate Ω(k) normalized with every new sample according to input 
power as follows: 

 

Ω(𝑘) =  
µ

ℇ + ‖𝑥(𝑘)‖2
 

(1. 24) 

where  ‖𝑥(𝑘)‖2 is norm of input vector and ℇ is a small positive constant. To maintain 
stability when the input is close to zero, this constant is introduced. With this, more 
robust and reliable implementation of NLMS algorithm is obtained. 

The stability of the NLMS filter is given by: 

 

0 ≤  µ ≤ 2 + 
2ℇ

‖𝑥(𝑘)‖2
  

(1. 25) 

The following example highlights the difference in convergence speed between the 
LMS and NLMS algorithms when using various parameters, which will be further 
specified. Using LMS and NLMS algorithms, extract the desired signal from a noise- 
corrupted signal by filtering out the noise. During the simulation filters of the 6-th 
order are used (6 adaptive coefficients). Infact, In Figure 1.3, sinusoids resulting from 
each filter—Wiener, LMS, and NLMS adaptive filters—are displayed to compare the 
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performance of these various techniques. This comparison is of significant scientific 
interest as it provides crucial insights into the effectiveness and robustness of 
different adaptive filters in the context of noise cancellation. One key aspect to 
consider is the adaptive filters' ability to reduce noise while preserving the desired 
signal. This can be evaluated by analyzing the percentage of noise reduction achieved 
by each filter relative to the original signal. Additionally, assessing the quality of the 
cleaned signal, including the presence of any artifacts or distortions introduced by 
the filtering process, is essential. Another important metric is the convergence speed 
of the filters—i.e., the time required for the filter to reach its optimal configuration 
and begin producing effective results. Rapid convergence is desirable for real-time 
applications, where changes in the acoustic environment need to be swiftly and 
efficiently managed. Furthermore, it's crucial to consider the adaptive filters' 
robustness to variations in the acoustic environment. This can be evaluated by 
examining how the filters respond to sudden or long-term changes in noise 
characteristics, such as variations in intensity or frequency. 

Lastly, the analysis should also consider the computational resources required by 
each adaptive filter. Computational complexity is a significant consideration, 
particularly for real-time applications, where striking a balance between 
performance and computational efficiency is essential. 

 

 
Figure 1. 8: Resulting denoised sinusoid for each filter. 
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During signal processing, calculating the Mean Square Error (MSE) at regular 
intervals, such as every 10 samples as depicted in Figure 1. 8, can provide valuable 
insights into the performance of the signal processing algorithm. This approach 
allows for the efficient monitoring of the algorithm's convergence and its ability to 
accurately model and adapt to the underlying signal and noise characteristics. 

 

 
Figure 1. 9: Calculated learning curves for the LMS and NLMS adaptive filters. 

Theoretical learning curves for the Least Mean Squares (LMS) and Normalized Least 
Mean Squares (NLMS) algorithms can be calculated in MATLAB software, as shown 
in Figure 1. 9. These learning curves provide insightful information on how the 
algorithms function and behave during the adaptation process. Calculating these 
learning curves is justified scientifically by the need to evaluate the algorithms' long-
term convergence and stability. Plotting the MMSE (Minimum Mean Squared Error) 
and EMSE (Excess Mean Squared Error) Figure 1. 10 across time or iterations allows 
researchers to see whether the algorithms show any indications of instability or 
divergence, as well as how quickly they converge to solutions. 
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Figure 1. 10: Predicted and actual LMS curves. 

 

1.4.3 The Exponentially Weighted Recursive Least Square (RLS) Algorithm 

 

The Recursive Least Squares (RLS) algorithm is an adaptive filter algorithm that 
iteratively determines the coefficients by minimizing a weighted linear least squares 
cost function associated with the input signals. This differs from other algorithms like 
the Least Mean Squares (LMS) algorithm, which aims to minimize the mean square 
error. While the LMS and other comparable algorithms treat the input signals as 
stochastic, the Recursive Least Squares (RLS) algorithm treats them as deterministic. 
In contrast to many rival algorithms, the RLS method exhibits very quick convergence 
[15]. It is more computationally intensive due to the higher computational 
complexity that comes with this benefit. 

By carefully choosing the filter coefficients Wn and updating the filters as new data 
is received, RLS filters aim to minimize a cost function C. The negative feedback 
diagram below, Figure 1. 11, defines the erroneous signal e(n) and desired signal d(n): 
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Figure 1. 11: Negative feedback diagram RLS. 

 

Through the estimate 𝑑̂(𝑛), the error is implicitly dependent on the filter coefficients: 

 

𝑒(𝑛) = 𝑑(𝑛) − 𝑑̂(𝑛) 

(1. 26) 

 

The weighted least squares error function C -the cost function we desire to minimize- 
being a function of e(n is therefore also dependent on the filter coefficients:  

 

𝐶(𝑤𝑛) =  ∑ 𝜆𝑛−𝑖𝑒2(𝑖)
𝑛

𝑖=0
 

(1. 27) 

where 0 <  𝜆 ≤ 1 is the “forgetting factor” which gives exponentially less weight to 
older error samples [16]. 
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1.4.4 Filtered-x Least Mean Square (FxLMS) Algorithm 

 

The weights of the control filter are frequently updated in ANC systems using the 
filtered-x least mean-square (FxLMS) algorithm, although the complexity of the 
FxLMS technique rises linearly with the length of the filter. The control filter can 
number in the thousands in some situations. The FxLMS algorithm is a simple LMS 
variation, which is why it was chosen based on the criteria for minimization of mean 
square error. In a textbook, Haykin has offered a comprehensive analysis of this 
adaptive method [17]. 

 

The diagram of the FxLMS algorithm is presented in Figure 1. 12. The following figure is 
formed by: 

▪ 𝑃(𝑧): represents the primary path. 

▪ 𝑆(𝑧) represents the secondary path (as will be illustrated in the 
upcoming sections). 

▪ 𝑊(𝑧) represents the weight vector. 

▪ 𝑥(𝑛) is the reference signal picked up by a reference microphone. 

▪ 𝑦(𝑛) is the filtered cancelling signal driven by a secondary 
loudspeaker. 

▪ 𝑑(𝑛) is the disturbance signal at the error microphone. 

 

 

 
Figure 1. 12: Fx-LMS Algorithm. 

 

The block 𝑊(𝑧) of the control filter at the time index 𝑛 is formed by the equation 
𝒘(𝑛) =  [𝑤0(𝑛), 𝑤1(𝑛), … ,𝑤𝑁𝑤−1(𝑛)]  𝑇 with a length of 𝑁𝑤. 
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𝑦(𝑛) =  𝒙𝑇(𝑛) 𝒘(𝑛) 

(1. 28) 

 

where 𝒙(𝑛) =  [𝑥(𝑛), 𝑥(𝑛 − 1),… , 𝑥(𝑛 − 𝑁𝑤 + 1)] 𝑇 is the reference signal vector. 
The cancelling signal 𝑦(𝑛) is then filtered by secondary path  𝑆(𝑧) to obtain the 
control signal 𝑧(𝑛) at the location of the error microphone:  

 

𝑧(𝑛) =  𝒚̅𝑇(𝑛) 𝒔 

(1. 29) 

 

where 𝒚̅ (𝒏) = [𝑦(𝑛), 𝑦(𝑛 − 1),… , 𝑦(𝑛 − 𝑁𝑠 + 1)] 𝑇 and 𝑠 =  [𝑠0,𝑠1, … , 𝑠𝑁𝑠−1 ] 
𝑇 is the 

weight vector of the secondary path with a length of 𝑁𝑠. 

The residual error signal picked up by the error microphone is: 

 

 

𝑒(𝑛) =  𝑑(𝑛) + 𝑧(𝑛) 

(1. 30) 

 

The primary objective of the FxLMS method is to update the weight vector [18].  

The following equation represents the weight vector in relation to step size µ and 
filtered reference signal vector 𝑽(𝑛) = [𝑣(𝑛), 𝑣(𝑛 − 1),… , 𝑣(𝑛 − 𝑁𝑤 + 1)] 𝑇: 

 

𝒘(𝑛 + 1) =  𝒘(𝑛) −  µ 𝒗(𝑛)𝑒(𝑛) 

(1. 31) 

and  

 

𝑣(𝑛) =  𝒙𝑠
𝑇(𝑛) 𝑠̂ 

(1. 32) 
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where both variables, 𝒙𝒔(𝑛) 𝑎𝑛𝑑  𝑠̂ are the estimate of the actual weight vector of the 
secondary path.  

 

𝒙𝑠(𝑛) =  [𝑥(𝑛), 𝑥(𝑛 − 1),… , 𝑥(𝑛 − 𝑁𝑠 + 1)]𝑇 

(1. 33) 

𝑠̂ =  [𝑠̂0, 𝑠̂1, … , 𝑠̂𝑁𝑠−1]
𝑇

 

(1. 34) 

 

The Fx-LMS needs a precise estimate of the secondary path, which may be obtained 
using either an offline model or an online model [19]. The multiplications are 
necessary for the Fx-LMS algorithm. The weight vector's length could exceed a 
thousand taps in some circumstances. As a result, real-time systems are very 
concerned about computational complexity. 

Mean Square Error (MSE) is determined to assess the Fx-LMS algorithm's efficacy in 
reducing noise. This parameter shows the average of the squared errors between the 
intended signal, such as a clear signal free of noise, and the filtered signal obtained 
by using the Fx-LMS algorithm to reduce the noise. 

Using MATLAB software, the MSE value, in Figure 1. 13, is calculated such as the length 
of the adaptive filter to 32 taps, step size to 0.008, and the decimation factor for 
analysis and simulation to 5. 
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Figure 1. 13:MSE behavior of the Fx-LMS. 

A low MSE signifies that there is little difference between the target signal and the 
filtered signal, which suggests that the Fx-LMS algorithm has a good ability to 
decrease noise. A high MSE score, on the other hand, denotes a lower level of noise 
reduction efficacy. 
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Finally, the following table I represents a comparison of the algorithms discussed 
above. 

 
 

Algorithm Strengths Weaknesses 

 

LMS 

 

 

 

Low computational 

complexity, Stable 

 

Slow speed of 

convergence and 

less 

robust 

 

 

 

NLMS 

 

 

 

Fast speed of 

convergence, stable 

More computational 

complexity than 

LMS and less robust 

than RLS 

 

 

RLS 

 

 

 

 

Fast speed of 

convergence, More 

robust 

Very high 

computational 

complexity and 

Unstable 

 

 

Fx-LMS Less computational 

complexity, Simple 

real time realization 

 

Slow speed of 

convergence 

 
Table  1. Comparison of the algorithms discussed. 

 

1.4.5  Feedforward Active Noise Control Systems 

 

Feedforward Active Noise Control (ANC) systems are a type of noise reduction 
system that aims to cancel out unwanted noise by generating an anti-noise signal. 
These systems are designed to attenuate noise before it reaches a desired location, 
such as a listener's ears or a specific area in a room. A reference microphone, a control 
algorithm, an adaptive filter, and a secondary loudspeaker are the main elements of 
a feedforward ANC system. The adaptive filter estimates the noise signal based on 
the reference input while the reference microphone records the undesirable noise 
signal [20],[21]. To maximize the cancellation of the noise signal, the control 
algorithm modifies the adaptive filter's coefficients. 

Creating an anti-noise signal that is out of phase with the incoming noise is the core 
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tenet of feedforward ANC [22]. Destructive interference results from adding the anti-
noise signal to the noise signal, which lowers the overall noise level. Based on the 
error signal, which is the difference between the reference microphone input and the 
filtered output, the adaptive filter continuously modifies its coefficients [23],[24]. 

 

In Figure 1. 14 is represents a schematic of a basic feedforward ANC system. 

 

 
Figure 1. 14: Feed-forward configuration of single channel ANC system. 

 

The noise control filter and the reference signal collected by the reference 
microphone combine to create the anti-noise in the feedforward ANC system. The 
undesired noise is then canceled by the anti-noise that is radiated by the secondary 
source. The undesirable noise should not get to the error microphone before the anti-
noise does. The reference path, the noise controller, and the secondary path should 
all have a smaller overall delay than the primary path. The feedforward ANC system 
is unable to eliminate the undesired noise if the causality constraint is breached, 
which happens when this criterion is not met [25]. 
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The causality constraint can be represented by: 

 

𝐷𝑝 > 𝐷𝑟 + 𝐷𝑐 + 𝐷𝑠  

(1. 35) 

 

➢ 𝐷𝑝 is the propagation delay from the noise source to the error microphone 

➢ 𝐷𝑟  is the propagation delay from the noise source and reference microphone 

➢ 𝐷𝑐  is the processing lag caused by the calculations to produce the anti-noise 

➢ 𝐷𝑠 is the sum of the reaction times of the analog-to-digital converter, digital-to-
analog converter, analog low-pass filters, secondary loudspeaker, secondary 
loudspeaker propagation time, and error microphone propagation time. 

 

The inequality can be rewritten as: 

 

𝐷𝑝 − 𝐷𝑟 > 𝐷𝑐 + 𝐷𝑠  

(1. 36) 

 

The TDOA (Time Difference of Arrival) between the reference microphone and the 
error microphone is shown on the left side of the inequality [26]. 
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The complete Acoustic Feedforward Active Noise Control system using the filtered-x 
least-mean-square (Fx-LMS) algorithm is pitched in Figure 1. 7 in the precedent 
paragraph. 

 

The Fx-LMS method is implemented in this straightforward simulation for a single 
channel feedforward active noise control system. To prevent destructive 
interference from occurring at the sensor point, the controller generates an "anti- 
noise" signal in this case. The goal is to reduce the noise leftover. 

Two jobs make up the process: "off-line" identification of the secondary propagation 
path that remains between the actuator and sensor, and "on-line" control, which 
involves modifying the controller's parameters. 

Most methodologies for online modeling of the secondary path rely on using random 
white noise as a training signal to obtain an accurate estimation of the path itself, 
namely its transfer function. Typically, a preference is given to white noise with 
higher amplitude and low variance, as this promotes greater precision and faster 
convergence, covering a broader range of frequencies [27]. 

In Figure 1. 15 the results of the product of the coefficients of the secondary path is 
presented, during its estimate, with generation of a white noise signal and applying 
least mean square algorithm. 

 
Figure 1. 15: The results of the coefficients when apply Least Mean Square algorithm. 
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In the Figure 1. 16 the active control is turned on with generation of a noise and, 
measuring the arriving noise at the sensor position, plot the report of the results of 
the Noise residue, noise signal and control signal in discrete time with amplitude, 
applying the Fx-LMS algorithm. 

 

 

 
Figure 1. 16: Report the results of Noise Residue, Noise Signal and Control Signal of the feedforward ANC system. 

 

1.4.6  Feedback Active Noise Control Systems 

 

A feedforward system requires a reference sensor to produce a time-advanced 
reference signal of the primary noise, while a feedback active noise control (ANC) 
system does not. Instead, it estimates and cancels the principal noise using the error 
signal, which is the difference between the expected signal and the actual output 
[28],[29],[30]. A control algorithm, an adaptive filter, a second speaker, and a 
microphone to record the error signal are the main elements of a feedback ANC 
system. To reduce the difference between the desired signal and the actual output, 
the control algorithm modifies the adaptive filter's coefficients based on the error 
signal. In instances where it is challenging or impractical to directly detect or collect 
a reference signal of the source noise, feedback ANC systems are frequently used. 
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This could be because there are too many primary noise sources to affordably gather 
reference signals from each one, the primary noise is inaccessible, or real-time noise 
cancellation is required because there are too many primary noise sources [31]. 

 

 

 

In Figure 1. 17 is represents a schematic of a basic feedback ANC system. 

 
Figure 1. 17: Feed-back configuration of single channel ANC system. 

 

The complete Acoustic Feedback Active Noise Control system using the filtered-x 
least-mean-square (Fx-LMS) algorithm is pitched in Figure 1. 18.  
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Figure 1. 18: Adaptive feedback ANC system block diagram. 

 

In Figure 1. 18  the reference signal 𝑥(𝑛) is synthesized as an estimate of 𝑑(𝑛), which is 
expressed as  

𝑥(𝑛) ≡  𝑑̂(𝑛) = 𝑒(𝑛) + ∑ 𝑠𝑚̂𝑦(𝑛 − 𝑚)

𝑀−1

𝑚=0

 

(1. 37) 

where 𝑠̂m,m =0,1,…,M-1 are the coefficients of the Mth order FIR filter 𝑆̂(𝑧) used to 
estimate the secondary path. 

The secondary signal 𝑦(𝑛) is generated as: 

𝑑(𝑛) 

𝑥(𝑛) 

 (𝑛) 
  

  

- 

𝑆(𝑧) 𝑊(𝑧) 

𝐿𝑀𝑆 

𝑆̂(𝑧) 𝑆̂(𝑧) 

Σ 

𝑦(𝑛) 

  

  

𝑥′(𝑛)  ′(𝑛) 

𝑑̂(𝑛) 
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𝑦(𝑛) = ∑𝑤𝑙(𝑛)𝑥(𝑛 − 𝑙)

𝐿−1

𝑙=0

 

(1. 38) 

where 𝑤𝑙(𝑛), 𝑙 = 0,1,… , 𝐿 − 1 are the coefficients of 𝑊(𝑧) at time 𝑛, and L-1 is the 
order of the FIR filter 𝑊(𝑧). The FXLMS method updates the filter's [31] coefficients 
as shown in the following expression: 

 

𝑤𝑙(𝑛 + 1) = 𝑤𝑙(𝑛) + µ𝑥′(𝑛 − 𝑙)𝑒(𝑛),        𝑙 = 0,1,… , 𝐿 − 1 

(1. 39) 

where µ is the step size, and  

 

𝑥′(𝑛) ≡  ∑ 𝑠𝑚̂𝑥(𝑛 − 𝑚)

𝑀−1

𝑚=0

 

(1. 40) 

is the filtered reference signal. 

The adaptive feedback active noise control algorithm represents in the previous 
equations, is incredibly efficient and small because it doesn't need a reference sensor 
on the outside of the headset. Large variations in noise levels, however, occasionally 
cause the algorithm to become unstable. 

An effective solution is to employ the normalized Fx-LMS algorithm as follows: 

 

𝑤𝑙(𝑛 + 1) = 𝑤𝑙(𝑛) +
µ

𝑃̂𝑥(𝑛) + 𝑐
 𝑥′(𝑛 − 𝑙)𝑒(𝑛), 

(1. 41) 

 

for 𝑙 = 0,1,… , 𝐿 − 1, where the power estimate  

 

𝑃̂𝑥(𝑛) = (1 − 𝛼)𝑃̂𝑥(𝑛 − 1) + 𝛼𝑥2(𝑛) 

(1. 42) 

 

is based on the first-order recursive with 𝛼 = 0.99, and 𝑐 is a small constant to 
prevent using a large step size [32]. 
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The Fx-LMS method is implemented in this straightforward simulation for a single 
channel feed-forward active noise control system, using MATLAB software. To 
prevent destructive interference from occurring at the sensor point, the controller 
generates an "anti-noise" signal in this case. The goal is to reduce the noise leftover. 

Two jobs make up the process: "off-line" identification of the secondary propagation 
path that remains between the actuator and sensor, and "on-line" control, which 
involves modifying the controller's parameters. In Figure 1. 19 is pitched the results of 
the product of the coefficients of the secondary path, during its estimate, with 
generation of a white noise signal and applying least mean square algorithm. 

 
Figure 1. 19: The results of the coefficients when apply Least Mean Square algorithm. 

 

Narrowband active noise control effectively manages low-frequency periodic noise, 
ensuring precise control. This entails capturing detailed frequency information of the 
primary periodic noise, including the count and specific values of its frequency 
components, to generate reference signals. 

In broadband noise control applications, the feedforward ANC structure—which 
consists of reference and error microphones—is frequently employed. On the other 
hand, there is no reference microphone in the feedback mechanism. Rather, the error 
signal is used to internally synthesize the reference signal. It is better to use the 
feedback structure while handling narrowband noise. Analog or digital filters can be 
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used in an ANC system to generate anti-noise sound. For convenience, pre-trained 
control filters are used in noise-canceling headphones. Nonetheless, adaptive 
filtering algorithms provide benefits for adjusting to changes in the surrounding 
environment. The first adaptive ANC technique, Filtered-x Least Mean Squares 
(FxLMS), adjusts the control filter coefficients iteratively. The FxLMS algorithm is 
designed to minimize the power of the error signal, thereby positioning the control 
point at the error microphone [33]. 

In the Figure 1. 20 the active control is turned on with generation of a narrow-band noise 
and, measuring the arriving noise at the sensor position, plot the report of the results 
of the Noise residue, noise signal and control signal in discrete time with amplitude. 

 
Figure 1. 20: Report the results of Noise Residue, Noise Signal and Control Signal of the feedback ANC system. 
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1.4.7  Secondary Path Estimation 

 

The description above makes it clear that the adaptive noise controller's 
performance could depend on the real time estimation of the secondary path. The 
knowledge of the secondary path would increase the performance of the ANC system. 
Only a portion of this transfer function can be estimated because it is unknown and 
cannot be analyzed [34]. 

The secondary path cannot always be constant or calculated in a spatial ANC system 
that operates in the real environment. Consequently, it may be necessary to 
continually model the secondary path while also doing noise reduction. Using 
auxiliary noise, which is an internally created noise added to the loudspeaker output, 
to identify the secondary paths is one of the most used secondary path modeling 
techniques [35]. This idea is commonly referred to as Eriksson’s method. A 
theoretical examination of the convergence characteristics for the single channel case 
was made in [36]. The approach was modified and given in [37] with a faster 
convergence rate at the expense of additional computations. Several scheduling plans 
have been put out to change the adaptive SPM filter's step size and auxiliary noise 
level while it is in operation. When the secondary route estimate is near to the true 
value, it is preferred to keep the step size large and the auxiliary noise low [38], [39]. 
A couple of these proposals [40], [41] have a particular focus on multichannel 
systems.   

Eriksson et al. proposed to use additional random noise for estimating the secondary 
path filter. Figure 1. 21 shows the Eriksson model. 
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Figure 1. 21: ANC system with secondary path modeling (Eriksson’s method). 

 

The estimated primary path filter and the estimated secondary path filter are two 
adaptive filters in the ANC system. The error microphone is picking up two signals: 
the ANC system's residual noise and the auxiliary noise signal produced by secondary 
path estimation. The estimation of the primary path filter and the secondary path 
filter are both disturbed by the two signals. As a result, the Eriksson model's system 
exhibits gradual convergence and minimal steady state error. Bao, Kuo, and Zhang 
use the third adaptive filter to address this issue. By removing the remaining noise 
from the secondary path filter's error signal, the approaches increased the 
convergence speed and steady state error of secondary path estimation, but the 
algorithm's complexity is very high. More recently, the ANC system was introduced 
with increased performance with two filters [42]. 

The anti-noise travels along the second propagation channel from the output 
loudspeaker to the error microphone inside the silent zone. 

The following simulation and figures, Figure 1. 22 and Figure 1. 23, using MATLAB software, 
generates a loudspeaker-to-error microphone impulse response that is bandlimited 
to the range 160 - 2000 Hz and with a filter length of 0.1 seconds at sampling 
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frequency of 8000 Hz. 

 

 
Figure 1. 22: Using filter noise to generate impulse response, true secondary path impulse response. 

 

 

 

The coefficients for the true and estimated paths are displayed in Figure 1. 23. The 
genuine impulse response's tail is the only part that cannot be approximated 
precisely. The active noise control system's performance while doing the selected 
task is not considerably harmed by this residual error. 
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Figure 1. 23: Secondary Path Impulse Response Estimation. 

 

1.4.8  Acoustic Feedback Estimation 

 

Reflections of the sound produced by the speakers may travel upstream in 
feedforward ANC systems and be picked up by the reference microphone. Acoustic 
feedback from the secondary source to the reference microphone is what is causing 
this unwanted detection. The system becomes unstable due to this unwanted 
auditory feedback. 

In Figure 1. 24 is shown a block diagram of a single channel feedforward active noise 
control system. From the figure, as can be seen, the ANC system uses the reference 
microphone to pick up the reference noise and is the feedback path from the 
canceling loudspeaker to the reference microphone. Unfortunately, plane waves 
from a loudspeaker mounted on a duct wall will travel both upstream and 
downstream. The outcome is a distorted reference signal x(n) since the anti-noise 
output to the loudspeaker not only suppresses noise downstream but also radiates 
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upstream to the reference microphone. This coupling of acoustic waves from the 
secondary loudspeaker to the reference microphone is called acoustic feedback 
[43],[44],[45]. 

 

 

 
Figure 1. 24: Block diagram of single-channel ANC system with 

 

 

1.4.9  Hybrid Active Noise Control Systems 

 

When a reference signal is not available for all of the primary noises detected at the 
error microphone, hybrid ANC methods are employed. Space-incoherent turbulent 
noise, multi-source noise, noise from various propagation channels, and generated 
resonance are examples of situations that arise when it is not possible to sense or 
internally generate a totally coherent reference signal. Hybrid ANC is frequently 
employed in these circumstances to make up for the occasional disruptions. The fixed 
step size parameters used in the algorithms in Hybrid ANC limit how quickly these 
methods can converge. In [46], empirical formulas for step size variation are 
published. These formulas also incorporate other adjustable factors. According to 
[47] the variable step size method is based on minimizing the mis-alignment vector 
of the adaptive filters, which necessitates an estimation of the disturbance signal 
variance. For time-varying disturbances, offline estimation is useless because the 
variance of the disturbance signal is not directly accessible. 

The feedback ANC system shown in Figure 1. 25 comprises only an error microphone 
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and secondary loudspeaker, and there is no reference signal available for the primary 
disturbance. The output of the feedback ANC passes through to generate the residual 
error signal: 

 

𝑒(𝑛) = 𝑑(𝑛) − 𝑆(𝑧) ∗ 𝑦(𝑛)  
(1. 43) 

 

The Fx-LMS method is adjusted for 𝑊(𝑧) using the residual error signal 𝑒(𝑛), which 
is captured by the error microphone. Internally, the reference signal for 𝑊(𝑧) is 
created by passing 𝑦(𝑛) through a secondary path model 𝑆̂(𝑧) and adding it to the 
residual error signal 𝑒(𝑛) as follows: 

𝑥(𝑛) = 𝑒(𝑛) + 𝑦′(𝑛) 

(1. 44) 

 

Consider the hybrid ANC system depicted in Figure 1. 21 that combines the 
feedforward ANC 𝑊1(𝑧) and the feedback ANC 𝑊2(𝑧). 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

The principal disturbances, 𝑑(𝑛) and 𝑣(𝑛), are assumed to be independent of one 
another by presuming that the signals 𝑥1(𝑛) and 𝑣(𝑛) from two noise sources are. 
The feedforward ANC 𝑊1(𝑧) receives the reference signal from the reference 

 

Figure 1. 25: Block diagram of hybrid ANC system with combination of feedback ANC and 

feedforward ANC. 
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microphone, 𝑥1(𝑛), which is correlated with 𝑑(𝑛). The outputs of 𝑊1(𝑧) and 
𝑊2(𝑧) are added to create the cancelling signal 𝑦(𝑛), which is then sent through 
𝑆(𝑧) to produce the residual error signal 𝑒(𝑛): 

 

𝑒(𝑛) = [𝑑(𝑛) + 𝑣(𝑛)] − 𝑦′(𝑛) = [𝑑(𝑛) − 𝑦1
′(𝑛)] + [𝑣(𝑛) − 𝑦2

′(𝑛)] 

(1. 45) 

 

The Fx-LMS method employs this error signal for both 𝑊1(𝑧) and 𝑊2(𝑧). Thus, both 
ANC filters 𝑊1(𝑧) and 𝑊2(𝑧), are adapted using inappropriate error signals and 
therefore may converge slowly [48]. 

 

1.4.10 Multi Channels ANC systems 

 

Using a single-channel feedforward ANC system to minimize various noise sources 
dispersed over a large area is challenging. In this scenario, an ANC system with many 
channels is employed to eliminate the undesired noises. In general, a multichannel 
feedforward ANC system has multiple reference microphones, secondary sources, 
and error microphones. A multichannel feedforward ANC system's construction and 
block diagram are depicted in Figure 1. 26 and Figure 1. 27, respectively. 

 

 
Figure 1. 26: J reference microphones, K secondary sources and M error microphones make up the structure of a multichannel 

feedforward ANC system. 
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Figure 1. 27: Block diagram of multichannel ANC system with J reference microphones, K secondary sources and M error microphones. 

 

J, K, and M in Figure 1. 26 and Figure 1. 27 stands for the quantities of reference, secondary, 
and error microphones, respectively. 

The system in question is referred to as a case (J, K, M) ANC system. In a genuine 
situation, there are feedback paths from the secondary sources to the reference 
microphones; however, for the sake of simplicity, the feedback paths are disregarded. 
The unpleasant noise's overall direction is uncertain. The placement of the reference 
microphones close to the noise control point is one approach to solving this issue 
[49]. 

However, due to the exponential rise in computational complexity, the practicality 
diminishes as the number of channels rises.  

A multichannel active noise control (MCANC) system with J reference microphones, 
K secondary sources, and M error microphones is shown in block diagram form in 
Figure 1. 28. 𝑤𝑘𝑗(𝑛) denotes the 𝑘 𝑗𝑡ℎ control filter that processes the 𝑗𝑡ℎ reference 

signal and generates the output signal 𝑦𝑗𝑘(𝑛), 𝑠𝑚𝑘  denotes the impulse response of 

the secondary path from 𝑘𝑡ℎ secondary source to 𝑚𝑡ℎ error microphone [50]. 
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Figure 1. 28: Block diagram of the multichannel active noise control system with J reference microphones, K secondary sources and M 

error microphones. 

 

1.4.11 Deep Learning for Single-Multi Channels ANC systems 

 

Adaptive signal processing, with the least mean square (LMS) algorithm as its 
cornerstone, is the basis of conventional single-channel and multi-channel active 
noise reduction (ANC) techniques; this traditional ANC methods has need to estimate 
the secondary path and adaptive filter individually.  

In recent years, scientific research has been exploring the use of neural networks and 
deep learning1 for active noise control, focusing on the study of recursive functions2. 
The main difference compared to traditional methods lies in the memory-based 
processing of sensitive data, which is essential for both secondary path estimation 
and signal attenuation in various types of environments and signals, whether 
stationary or not. 

Deep ANC uses supervised learning and trains a deep neural network to directly 
approximate the optimal controller of the transfer function like to relationship 
between primary and secondary path in order to minimize the error signal under 
different situations. A diagram of deep ANC is shown in Figure 1. 29 where: 

 
 

1 Are subfields of artificial intelligence inspired by the functioning of the human brain. Neural networks are composed of 
interconnected units ("artificial neurons") that process information similarly to how biological neurons process stimuli. Deep 
Learning is a type of neural network with a multi-layered structure that allows it to learn from large amounts of complex 
data. 
2 The output of a recursive function depends not only on the current input, but also on what the function has "computed" 
previously. 
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Figure 1. 29: Single channel diagram of the deep ANC approach. 

 

➢ FLS{٠} denotes the function of the canceling loudspeaker; 

➢ y(t) the canceling signal (output of deep ANC). 

 

The reference signal is used as input and set the ideal anti-noise as the training target. 
The optimal anti-noise should be the same as the primary noise to accomplish total 
noise cancellation. The deep ANC output is handled as a "intermediate product" 
during training, and the estimate of the anti-noise is produced by running the deep 
ANC output via the secondary path and the loudspeaker. The error signal is used to 
calculate the loss function. The reference signal divided into frames and short time 
Fourier transform (STFT) is applied to each time frame to produce the real and 
imaginary spectrograms which are denoted as Xr(m, c) and Xi(m, c), respectively, 

within a T-F unit at time m and frequency c.  

The Convolutional Recurrent Network (CRN) is shown in Figure 1. 30.  

 

 

 
Figure 1. 30: Single channel diagram of CRN based deep ANC. 
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In this figure Conv blocks denote convolutional layers, Deconv blocks denote 
deconvolutional layers. Skip connections connect layers at the same level. The inputs 
and outputs of CRN are defined in the complex STFT domain.  

The CRN is trained to map from the real and imaginary spectrograms of the reference 
signal to those of the canceling signal, Yr(m, c) and Yi(m, c). This is different from the 
methods that estimate only the magnitude spectrogram and use the phase 
spectrogram of the input signal to generate the estimated waveform output.  The 
complex spectrogram of the canceling signal goes through the inverse Fourier 
transform to derive a waveform signal y(t). The anti-noise, which can be regarded as 
an estimate of the training target, is then generated by passing the canceling signal 
through the loudspeaker and secondary path [51]. 

Like single-channel settings, deep learning for active control in multichannel systems 
uses recursive function computation and loss functions differently as well as 
integration systems. Integrating signals from several channels may present extra 
synchronization and information fusion difficulties in multichannel systems. 
Furthermore, modifications may be needed to the computation of recursive functions 
to appropriately manage the additional complexity of multichannel signals. Finally, it 
is necessary to create loss functions that consider the interplay of several channels 
when evaluating the efficacy of noise suppression. In the Figure 1. 31 is represent of the 
diagram of deep multi-channels ANC and CRN based deep multi channels ANC.  

 

 
Figure 1. 31: Diagram of (a) deep MCANC approach, and (b) CRN based deep MCANC. P and S denoted primary and secondary paths. 

Superscripts (r) and (i) denote real and imaginary parts of signals, respectively. 

The aim of deep Multiple Channel Active Noise Control (MCANC) is to produce 
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cancellation signals that effectively minimize the error signals detected by all error 
microphones.  

CRN block, for model training, has an encoder-decoder architecture, where five 
convolutional layers make up the encoder and five deconvolutional layers make up 
the decoder, respectively. 

The deep MCANC method has the capability to attenuate noise at multiple spatial 
points corresponding to the positions of error microphones. Furthermore, it can be 
trained to achieve ANC within a spatial zone using one or multiple canceling 
loudspeakers and multiple error microphones. The objective is to reduce noise in a 
target region. To accomplish this goal, the deep MCANC controller is trained on a 
variety of room impulse responses (RIRs) sampled within a spatial zone during 
training independently from the RIRs [52]. 

  

1.5  Motivation 

 

Numerous investigations completed over the past ten years were taken into 
consideration when conducting the current research study. The different ANC 
(Active Noise Control) system configurations that have been created so far differ in 
how well they perform on different performance criteria, such as convergence speed, 
steady state error, computational complexity, tracking ability, and customizable 
parameters. Utilizing effective algorithms can help reduce the amount of processing 
needed for ANC applications, which will lower energy usage and the need for 
processing resources. To lower computational costs, several techniques for single-
channel and multi-channel feedforward ANC systems have been developed. 
However, these algorithms perform poorly for signals like those examined in this 
research work. Therefore, it is necessary to use adaptive algorithms that quickly 
approach a modest steady state error without incurring additional computational 
expenses and tuning difficulties. This research study's contribution to this type of 
algorithm. Stable operation in the presence of disturbances of any kind is another 
addition. In the field of active noise cancellation, algorithms that can function in the 
presence of disturbances and attenuate these disturbances if they are associated are 
important. Adaptive algorithms are updated even after achieving convergence in the 
various control configurations described in the literature review, which is not 
helpful. A logical advancement is the creation of proactive algorithms that update 
frequently during the transition phase and infrequently during the stable state. The 
algorithms will be made to perform better without requiring more computations, 
making them appropriate for higher-order systems for both stationary and non-
stationary signals. The thesis focuses on developing control algorithms that can 
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follow changes in non-stationary signal features and achieve tiny steady state errors 
in less time and with less computational work. 

 

1.6  Contributions 

 

For a variety of ANC system configurations, adaptive algorithms have been developed 
that provide the best performance in terms of steady state noise reduction level, 
convergence speed, computational complexity, tracking, and tunability. The 
contributions of this research are focused on “a priori known complex signals” and 
“stationary noise signals produced by large industrial machineries”. The main 
contributions are summarized as follow: 

 

• The exploration of the potential application of ANC algorithms to reduce 
the ambulance siren noise. 

• The analysis of the ANC techniques including adaptive signal processing 
and digital signal processing. 

• The implementation of a feedforward ANC system using Fx-NLMS 
algorithms. 

• The development of the Fx-NLMS algorithm in MATLAB Simulink and 
their execution on Speedgoat target HardWare; 

• Study of limitations of the convergence speed, tracking and stability 
convergence of the step-size; 

o Development and publication of methods for selectively reducing 
the harmonic content of an ambulance siren using Reference 
Synthesis technique and Switching FxNLMS; 

▪ Reference Synthesis: allows the ANC system to cancel the 
noise without the need for reference microphones or direct 
connection to the noise source. Instead, the reference signal 
is generated by the canceling hardware itself, assuming that 
the noise to be canceled is perfectly known. This approach 
simplifies the setup and implementation of the ANC system, 
making it more efficient and versatile. 

▪ Switching Fx-NLMS: involves the implementation of 
separate banks of adaptive filters to individually cancel two 
alternating components of a bitonal siren. By applying this 
technique, the ANC system can selectively target and cancel 
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specific harmonic components of the siren noise, leading to 
a more precise and effective noise reduction. 

• Analyzing various configurations of secondary sources distributed 
across the reactor’s surface, with the intention of creating a virtual 
secondary source. 

• To achieve a substantial reduction of electromagnetically induced noise 
in the far field. This reduction is at least 20 meters from the noise source. 
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1.7  Thesis outline 

 

The thesis is structured as follows. 

 

Chapter 2 presents an analysis of possible Algorithms for Active Noise Control of 
Siren Noise into an Ambulance. For the study and development of the signal 
associated to the ambulance system, there are numerous algorithms available. 
Depending on the study’s goals, these algorithms differ from one another. Using 
spectral analysis techniques to pinpoint the distinctive siren components, one 
algorithm can be created specifically for the purpose of detecting ambulance sirens. 

  

Chapter 3 presents the analysis of Active Noise Control (ANC) algorithms leading to 
the development of the Fx-LMS algorithm for active control of ambulance siren noise 
reduction. Additionally, the implementation process of this algorithm on real-time 
hardware, such as the Speedgoat system, is presented, highlighting the behaviors and 
differentiations at different frequencies. 

  

Chapter 4 presents the method for selectively reducing the harmonic content of an 
ambulance siren. Based on the Fx-LMS feedforward algorithm, two developments are 
presented: 1) Reference Synthesis, for cases when the noise to be canceled is 
perfectly known, the reference signal is generated by the canceling hardware, 
without employing reference microphones nor connecting to the noise source; 2) 
Switching Fx-LMS, the implementation of separate banks of adaptive filters to 
individually cancel two alternating components of a bitonal siren. 

  

Chapter 5 introduces the study of magnetostriction in electrical reactors, specifically 
examining how the reactor emits vibrations that result in 100 Hz noises. 
Furthermore, it suggests the potential use of active control along with Fx-NLMS 
algorithms. The tests carried out involve real-time experiments using dedicated 
software and hardware. 

  

Chapter 6 provides an overview of potential areas for improvement, along with 
suggestions for methods to achieve optimal performance. This section of the 
document identifies the areas that require further interventions to achieve better 
results and presents various strategies and approaches that can be implemented to 
maximize overall performance. 

 



 

 

 

  

68 

 

Chapter 2 

 

Analysis of possible Algorithms for Active Noise Control of Siren 

Noise into an Ambulance 
 

 

 

 

 

 

 

 

 

 

 

Using a variety of secondary sources, like speakers, to create a "anti-noise" wave that 
cancels out the noise from a primary source is the fundamental idea behind Active 
Noise Control (ANC). This method is based on the idea of wave superposition, which 
states that undesired noise can be successfully cancelled out by using an equal-
amplitude and opposite-phase wave. 

For ANC to be effective, signal processing methods that are customized to the unique 
properties of the noise coming from the primary source that needs to be cancelled 
must be used. This could entail creating appropriate control algorithms, identifying 
propagation patterns, and performing spectral analysis on the noise. The primary 
signal is recorded by control microphones, which also give the ANC system feedback 
in real time. This enables the system to produce an appropriate anti-noise signal to 
reduce noise in the target area while dynamically adapting to variations in the 
primary noise. ANC, or active noise cancellation, has uses in consumer electronics, 
aviation, the automobile industry, and noise cancellation in both home and office 
settings. 
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Chapter 3 
 

An active noise control system for reducing siren noise inside the 

ambulance. 
 

 

 

 

 

 

 

 

 

 

 

 

For both patients and ambulance staff, siren noise can be an annoying and dangerous 
problem. In the past, research has suggested simulated ways to lessen ambulance 
siren noise inside utilizing Active Noise Control (ANC). This paper presents the 
implementation of a feedforward ANC system based on the well-known FxLMS 
algorithm. The system is tested in a laboratory setting using real-time hardware to 
assess its effectiveness. The algorithms are developed in MATLAB Simulink and 
executed on Speedgoat Target hardware. 
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Chapter 4 

 

Ambulance Siren Active Noise Cancellation: Reference Synthesis 

and Switching FxLMS on Real-Time Target Hardware 

 

 

 
 

 

 

This research has eloquently demonstrated the efficacy of the operational principles 
of the Active Noise Control (ANC) method through a series of painstakingly planned 
and executed tests in a rigorously controlled laboratory environment, employing 
sophisticated target hardware mounted on a headrest and a faithful replica of a 
sound source representative of the noise emitted by a real ambulance siren. It is clear 
from a detailed examination of the data that there is a great deal of promise for the 
successful cancellation of the noise signal when real-time hardware, active control 
algorithms, and signal synthesis approaches are combined. As a result, this research 
has made a substantial contribution to our understanding of and ability to use ANC 
as a practical method of reducing noise inside ambulances. It has also laid a strong 
scientific basis for future studies and technology advancements in this area. 
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Chapter 5 

 

Acoustic Source Array for Noise Reduction in Power Stations - 

an Active Noise Control Application 
 

 

 

 

 

 

Active control techniques represent a promising strategy for managing noise and 
vibrations generated by large-scale machinery, such as power station reactors. In this 
regard, a preliminary study has been conducted using simulations to assess the 
acoustic field generated by the reactor and investigate the application of an active 
control system. This analysis involved examining various configurations of 
secondary speaker arrays and evaluating the optimal placement of error 
microphones. The primary objective was to identify the most effective solutions for 
reducing noise and vibrations, thereby contributing to improving the working 
environment within power stations and ensuring the well-being of operators 
Operators, but mainly to also reduce the acoustic pollution perceived by residents of 
areas neighbouring the electric station. The findings of this study provide a solid 
foundation for the development and implementation of large-scale active control 
systems, promoting efficiency and safety in industrial infrastructure. 
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5.1  Introduction to Electromagnetically Induced Acoustic Noise 

 

Reactor units play an essential and fundamental role in an electrical power system. 
Their basic operation relies on the generation of rotating magnetic fields, [53] which, 
in turn, produce vibrations, sometimes extremely hazardous. To ensure stable and 
secure operations, it is crucial to install safety systems around reactors. 
 
Vibrations not only pose a concrete threat to the operational safety of the reactors, 
but also contribute to significant acoustic pollution, which is the central focus of this 
chapter. 
 
Noise generated by reactors is due to the phenomenon known as Magnetostriction, 
which will be described in detail in the following section. Magnetostriction can cause 
substantial deformations in materials due to expansion and contraction induced by 
the presence of a magnetic field. 
 
Therefore, it is of paramount importance to mitigate and control reactor vibrations 
to preserve operational efficiency, ensure stability in electrical energy transfer, and - 
as is the focus of our study - also reduce the adverse impact on the surrounding 
acoustic environment [53].  
 
Studying reactors’ vibration reduction therefore has significant practical 
implications. Now, vibration isolation and noise shielding are the main reduction 
methods employed. The addition of steel springs, rubber gaskets, or other elastic 
materials between the reactor body and the base is known as vibration isolation. To 
reduce noise, placing concrete shields close to reactors is a possible way. However, 
shields don't offer any real answers to the noise issue due to the low frequency 
emission of reactors focused at 100 Hz. 
 
In the context of noise pollution, there is a still unmet need of mitigating the sound 
produced by the vibrating core, which is the principal aim of our studies and 
activities.  

 

5.1.1  The Magnetostriction Phenomenon 
 

When exposed to a magnetic field, ferromagnetic materials are subject to this 
phenomenon called magnetostriction that modifies their geometrical dimensions 
[54]. This occurs because the microscopic magnetic domains that make up these 
ferromagnetic materials all have different magnetic orientations, locations, and sizes. 
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When there is no magnetic field traveling through the ferromagnetic material, 
magnetic orientation is often random [55]. Figure 5. 1, 1a, shows a magnetic 
orientation where there is no magnetic field passing through. The color coding 
corresponds to a correlation with an upward direction. 
Nevertheless, the material’s magnetic domains respond to an external magnetic field 
by partially rearranging their sizes and orientation; altering the magnetic orientation 
of the materials on their individual surfaces causes the domains that have magnetic 
orientation that matches the external magnetic field to increase the resultant 
magnetic field. As a result, magnetic domains, each pointing in a different magnetic 
orientation decreasing in opposition to the external magnetic field, show in Figure 5. 
1. The areas color coded in grey, represent the fractions of the non-aligning magnetic 
domains with the external magnetic field. These gray areas will then connect to their 
more aligned neighboring magnetic domains, Figure 5. 1[56]. 
 
 

 
Figure 5. 1: a) ferromagnetic material magnetic domain individual orientation with no external magnetic field; b) magnetostriction 

process in ferromagnetic material domains; c) resulting outcome of magnetostriction process in ferromagnetic material domains [56]. 

 

The molecules within a domain are arranged so that their dipoles face the same way. 
As a result, the domain develops a north and south pole or sections that are 
negatively and positively charged. Any number of domains in a material is acceptable 
as long as it reduces the internal energy of the structure (Figure 5. 2). Bloch walls are 
the lines that divide these areas in bulk materials. A thin layer of molecules that have 
had their molecular dipoles gradually rotated to line up with their neighboring 
domains makes up a block wall, illustrated in Figure 5. 3. 
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Figure 5. 2: Diagram illustrating how increasing the number of domains can lower the external demagnetizing field and hence lower the 

magnetostatic energy. 

 

 
Figure 5. 3: Gradual tilt of molecular dipoles in a Bloch wall (B) to satisfy adjacent domains (A) and (C). 

A Bloch wall's orientation is determined by the magnetic anisotropy of the crystal 
structure and the directions of the applied magnetic field. The molecular dipoles of 
ferromagnetic materials are pushed to align with the magnetic field when a magnetic 
field is applied to the material. 

 

 

5.1.2  An Active Noise Control solution applied to an Electric Reactor 

 

To reduce reactor noise emissions, placing concrete shields close to reactors is a 
possible way. However, noise barriers don't offer any real answers to the noise issue 
due to the low frequency emission of reactors focused at 100 Hz. In fact, noise 
barriers could offer a significant noise reduction of diffracted sound wave at higher 
frequencies. 
At the same time the ANC technique could be very effective in the low frequency 
range where noise barriers are not effective. 
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In the past, an approach that combine ANC system and noise barriers were 
investigated. Anyway, also this approach demonstrated to be ineffective [57],[58] 
and [59].  
In this research a new promising approach to noise cancellation through active 
control no longer focuses on managing the noise generated by diffraction at the edges 
of barriers placed near the source. Instead, the idea behind this new approach was to 
create a virtual secondary source using an array of speakers employed to generate 
an anti-noise field that would be accurately overlaid onto the acoustic field produced 
by the primary noise source. To define the virtual secondary source array new 
systematic investigations have been carried out regarding the emissions from the 
primary source. These investigations were conducted through simulations that 
examined various configurations of secondary sources distributed across the entire 
surface of the reactor. The ultimate objective of this study was to achieve a significant 
reduction of the electromagnetically induced noise in the far field, at a distance of at 
least 20 meters from the noise source [60],[61]. 

 

5.1.3  Design Assumptions for the Canceling Acoustic Field to be generated. 

 

The underlying hypothesis of these studies assumes a cylindrical emission pattern 
from the reactor, which can be reconstructed by placing a series of secondary sources 
as close as possible to the primary source and with a controlled distance between 
them. These secondary sources are intended to define a virtual secondary source that 
closely mimics the primary source, and it will be appropriately phase-shifted and 
amplitude-adjusted by the control algorithm. Achieving this overlapping condition in 
the near field is indeed challenging, unless many secondary speakers are used. 
However, in the far field, as demonstrated through acoustic simulations, this outcome 
is achievable even with a limited number of speakers, and the global cancellation in 
the far field cancellation is the primary goal of this endeavor, as this is where the 
receivers are likely to be located. Therefore, this does not impose a limitation on the 
proposed solution. 
 
Another assumption concerns the acoustic field generated by the virtual secondary 
source, which is subject to the same variations due to irregularities and obstacles in 
the acoustic field as those affecting the primary source. Consequently, once the 
feasibility of recreating a cylindrical source with an array of secondary speakers is 
demonstrated, it is presumed that the desired noise reduction can be achieved as 
long as the secondary sources are positioned as close to the reactor as possible. To 
validate these hypotheses, simulations were conducted to assess the feasibility of this 
approach. 
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The assumption of cylindrical emission mentioned above arises from both the 
geometric shape of the reactor and the presence of the following conditions: 
The dimensions of the reactor are at least comparable to or larger than the 
wavelength of the emitted signal (a 100 Hz sine wave, with a wavelength of 
approximately 3.44 meters). Therefore, the shape of the reactor can influence the 
directionality of the emission even at 100Hz. 
The materials and closure thickness of the reactor are effective in attenuating the 
signal propagated through the air. As a result, the emission primarily occurs through 
surface vibration. Given that the surface has a cylindrical shape, this generates a 
cylindrical acoustic field. 

 

 

5.2  Proposed Solution: Distributed Secondary Sources Used for Antinoise Generation 

(virtual modelling) 

 

During this research, Finite Element Analysis (FEM) within the Comsol Multiphysics 
package was employed to conduct a detailed study on the reconstruction of acoustic 
fields. FEM is an advanced numerical technique widely used to solve engineering 
problems involving partial differential equations, such as those governing acoustics 
and vibrations.  

In the context of this research, realistic three-dimensional geometries of power 
station reactor systems were created within the Comsol modeling environment. 
These geometries included accurate details of the reactor components and 
surrounding structures, necessary for an accurate representation of the acoustic 
field. Subsequently, appropriate boundary conditions were applied to model the 
propagation of noise and anti-noise within the simulated environment. This involved 
defining noise sources, such as the reactor itself, as well as the position and 
characteristics of transducers used to generate the anti-noise signal. The analysis was 
performed iteratively, using various configurations of error microphones to identify 
optimal placement points that maximize the effectiveness of the active noise control 
system. During this process, detailed numerical simulations were conducted to 
assess the effectiveness of the proposed configurations and optimize the overall 
performance of the system. The use of FEM within the Comsol Multiphysics software 
enabled a thorough and detailed analysis of acoustic fields in power station reactor 
systems, providing valuable insights for the development and optimization of active 
noise control systems.  
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5.2.1 Simulations for Analyzing Acoustic Fields 

 

A 3D model of the reactor was built (Figure 5. 4) of the individual reactor constructed 
using structural dimensions taken from the technical drawings of a real system 
where our field test will be conducted. A ring of secondary acoustic sources was 
positioned close to the surface of the reactor as shown in Figure 5. 5. 

 
Figure 5. 4: Primary source and control surface at 20 meters (note a series of secondary sources located near the reactor, represented by 

the black dots around the reactor). 

 

 

 
Figure 5. 5: a) Emission from the primary source              b) Detail of the emission on the "vertical" plane. 

 

The simulation results were analyzed in terms of sound pressure levels on a control 
surface located at 20 meters (also visible in figure 5.5) from the reactor. However, 
the pressure values were calculated over the entire field to provide a more 
comprehensive view of the emission model's quality. 
 
The chosen simulation configurations (position and number of secondary sources) 
were selected considering the following constraints: 
 

• To recreate a cylindrical emission, secondary sources must be positioned at a 
distance less than λ/2, relative to the frequency of the disturbance to be 
attenuated [62] and [63]. 

• To faithfully recreate a source that closely overlaps with the noise field of the 
(single) reactance, it is necessary to position the secondary sources as close as 
possible to the emitting surface of the reactor itself [63], [64] and [65]. 
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The goal of this simulation activity is to minimize the overall number of secondary 
sources to simplify and make the system more cost-effective to implement.  
The number of secondary sources has therefore been optimized, based on the 
constraints mentioned above, through FEM simulations, resulting in two interesting 
configurations: 
 

• One circle with 9 control speakers positioned at half height of the reactor's 
height (as shown in Figure 5. 6 and Figure 5. 10). 

• Two circles, each with 6 control speakers. The first circle is positioned at 1/3 
of the reactor's height, and the second circle is placed at 2/3 of the reactor's 
height (as depicted in Figure 5. 7 and Figure 5. 11). 
 

 
                     Figure 5. 6: a) Emission with Active Control 9x1                               b) Detail of Vertical Plane Control 

 

 
                      Figure 5. 7: a) Emission with Active Control 6x2                                 b) Detail of Vertical Plane Control 

 

 

 

The model has been enhanced with the addition of two firewalls (Figure 9), and the 
same simulations have been conducted (Figure 5. 9, Figure 5. 10 and Figure 5. 11) with 
substantially similar results. 
 These results are highly promising, as they demonstrate that: 

• The overlap of the noise field emitted by a cylindrical structure can be overlaid 
with a field emitted by distributed sources appropriately positioned, emitting 
a signal that is suitably modulated in phase and amplitude. 
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• The configurations require the use of a limited number of control sources and 
associated electronics. 

At least two possible configurations have been determined for testing, with similar 
results in terms of attenuation values. However, when compared to each other, they 
exhibit qualitative differences that can be significant. 
 

On this last point, further investigation was also conducted by comparing the fields 
generated by the two solutions, 9x1 and 6x2 (Figure 5. 6 and Figure 5. 7). Using 9 
loudspeakers on a single circumference (Figure 5. 7) involves fewer control sources, 
but this results in a satisfactory level of attenuation at greater distances from the 
primary source compared to the configuration with 2 lines of loudspeakers (Figure 5. 

7). This may not be a significant issue because the numerical values of average 
attenuation on the reference surface at 20 meters are very close (the calculated 
values from the simulation are 57.7 dB for the 9x1 configuration, compared to 56.6 
dB for the 6x2 configuration, with all other parameters being equal); at the same 
time, if you consider the values of sound pressure in the vertical plane, the 
configuration with more control sources, and therefore a higher cost, appears to 
promise a more uniform attenuation in space. 
 
Looking at the values of the same configurations once the firewalls are included, as 
shown in Figure 5. 10 and Figure 5. 11, consistent results are observed, with average 
attenuation values at 20 meters of 56.9 dB and 56.3 dB, respectively, along with 
similar considerations about the uniformity of attenuation in the vertical plane. 
 
 

 
Figure 5. 8: Primary source and control surface at 20m with firewalls. 
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Figure 5. 9: a) Primary source emission                                                         b) Detail of Vertical Plane Control 

 

 

Figure 5. 10: a) Emission with Active Control 9x1                                                b) Detail of Vertical Plane Control 

 

 
Figure 5. 11 a) Emission with Active Control 6x2                                     b) Detail of Vertical Plane Control 

 

 

5.2.2 Identifying the optimal placement points for error microphones 

 

During the simulation phase, another investigation was conducted regarding the 
optimal placement of error microphones. To define the optimal position for error 
microphone the following assumptions are considered: 

• in the error microphone position only the contribution of one reactor should 
be significant. 

• in the error microphone the reduction level ANC_off vs ANC_on should be 
significant. 

 
Based on these presumptions, two acoustic fields—one for the ANC_off scenario and 
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the other for the ANC_on scenario—were created in order to evaluate which 
position was the best performer. Specifically, the configuration mirrored the real 
world, with three electrical reactors and four firewalls. Then, simulations were run 
on this model, as Figure 5. 12 illustrates. 
 

 
Figure 5. 12: Full implant model. ANC microphones assumed area highlighted in red. 

 

In Figure 5. 13 and Figure 5. 14, the simulation depicted the behavior of the cylindrical 
emissions from the reactor. The simulations were conducted with active control 
turned off and on, respectively. 
 
The evaluation of the most performing position was done on a segment positioned in 
a horizontal plane placed at 1.5 meters over the ground, analyzing different points 
placed closed to each reactor between 0.5 meters and 2 meters from the central 
reactor, Figure 5. 15. It is worth noting that during this type of simulation, error 
microphones were not directly incorporated into the simulation. 
 

 
Figure 5. 13: ANC off. 
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Figure 5. 14: ANC on. 

 

From these data, we determine the optimal position for the error microphones, 
which is highlighted in the following graphs. By comparing the results, we can 
establish that the best location to place the error microphones is at approximately 
1.5 meters from the central reactor. In Figure 5. 15 and Figure 5. 16, the most notable 
difference in SPL is the one considered optimal for the microphone placement. 
 

 
Figure 5. 15: SPL vs Distance from the Reactor. 

 

 
Figure 5. 16: Graph of SPL along the segment where the placement of ANC microphones was assumed between the ANC On and ANC 

Off. 
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5.3  Creation of Antinoise Field with an ANC algorithm 

 

The choice of the adaptive algorithm in this type of application is highly relevant to 
the application presented in the Smart Ambulance article (the latest article). The type 
of algorithm chosen is the Fx-NLMS algorithm, with the substantial difference lying 
in the management of the cylindrical emission of the reactor based on three 
independent channels3 and 36 secondary speakers (each channel drives 12 
secondary speakers placed in parallel). This setup is managed by an array of power 
amplifiers in such a way as not to decrease the power of the loudspeakers but rather 
to consolidate it into a single channel. Therefore, as far as the algorithm is concerned, 
the control hardware consists of three channels with three error microphones and 
three groups of secondary speakers in parallel. 
 

5.3.1 Feedforward FxNLMS with Reference Synthesis System 

 

The canceling system in question is based on Simulink Real Time (SLRT) executed on 
a Speed goat multichannel platform, with the distinction of using three separate 
channels and secondary.  
We employed a feedforward Fx-NLMS algorithm, with Reference Synthesis, an 
algorithmic variation of the Fx-NLMS described in our second paper on the "Smart 
Ambulance" project (please refer to that publication for further details). 
In Figure 5. 17 and Figure 5. 18, we can observe the active control monitoring system, 
involving the acquisition of signals emitted by the reactor through three distinct and 
separate channels. Furthermore, the microphone is positioned at a maximum 
distance of 1.5 meter at height. 
 

 
Figure 5. 17: Basic building block to generate a synthetic reference signal, xs(n), for a sine tone at 100Hz. 

 

 
3 By channel, we mean a combination of a 'control speakers’ and an 'error microphone.’ 
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Figure 5. 18: Schematic representation of the system with 3 reactors and 3 error microphones, each paired with respective secondary 

acoustic speakers. 

 

This approach enables exceptional precision in the detection and control of signals 
emitted by the reactor, thanks to the use of three distinct channels and the strategic 
placement of the microphones. Additionally, the use of secondary loudspeakers 
arranged in parallel, with a dedicated channel for each speaker. 
 

5.4  Field tests results 

 

This section presents a thorough explanation and clarification of the findings from 
the experiments carried out in our lab as well as at the power plant where the 
reactors are situated. It's important to remember that the reactor in the station was 
not the same as the type used in the laboratory testing. Important information and 
conclusions have surfaced from our analysis of the data, and these will be covered in 
more detail in the section that follows. 
 

5.4.1 Field pre-tests results 

 

In this phase of the project, a practical test was conducted to evaluate the application 
of results obtained through prior simulations. The test environment closely 
resembled that of the electrical station housing the three reactors under study. Figure 

5. 19 and Figure 5. 20 illustrates the system's configuration and provides measurements 
of a tonal signal at 100 Hz, along with its corresponding attenuation margin. The 
primary objective of this test was to assess how effectively the simulation results 
could be applied in real-world scenarios. Specifically, the focus was on verifying the 
signal attenuation when employing a configuration with secondary speakers placed 
in parallel. 
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Figure 5. 19: Attempts to Replicate Attenuation System. 

 

 

        
Figure 5. 20: Attempts to Reproduce the Cylindrical Noise Source (Tried with Control Boxes Both Outside and Inside the Cylinder of 

Figure 5.19). 

      

In the visual representation of Figure 5. 21, we can observe a simplified scenario 
involving a single channel for a single reactor. The term "ZoS," which stands for "Zone 
of Silence," denotes a specific region where a reduction in the intensity of the signal 
emitted by the electrical reactor occurs, with a frequency of 100 Hz, on a global scale. 
 

 
Figure 5. 21: A laboratory configuration is shown, where the noise source is connected to the real-time target audio output. This setup 

emphasizes the primary and secondary acoustic paths, represented as P(z) and S(z), along with the highlighted "zone of silence." 
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In Figure 5. 22, a reduction in the respective 100 Hz frequency is evident, which 
corresponds to the operating frequency of the electrical reactor. At a frequency of 
100Hz, test results have highlighted a significant reduction in sound and a uniform 
sound emission in all directions. This means that at 100Hz, the sound appears to be 
well distributed in the surrounding environment without significant directional 
deviations. 
 
However, as we move to higher frequencies, the secondary speakers begin to exhibit 
a different behavior. Specifically, they start emitting sound in a more directional 
manner, indicating that the sound tends to be focused in a specific direction rather 
than spreading uniformly. Furthermore, at these higher frequencies, there is a slight 
overall instability in the sound emission pattern. This implies that the sound may 
vary slightly in intensity or direction, introducing greater variability in the overall 
auditory experience. 
 
In summary, at 100Hz, there is a uniform sound distribution, but at higher 
frequencies, a directional emission pattern with some instability is observed, 
signifying a significant change in the behavior of the secondary speakers with 
changing frequency.  
 
However, further analysis revealed that the signal emission was not perfectly 
cylindrical, as observed in the simulated electrical reactor case, but rather displayed 
a slight radial distribution. This finding holds significance in the overall assessment 
of the effectiveness of the secondary speakers placed in parallel, as it influences the 
actual attenuation of the 100 Hz signal in a real-world used scenario. 
 

 

 
Figure 5. 22: Configuration with sinusoidal tone at 100 Hz. 
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5.4.2 Experimental results 

 

Currently, field tests have not been conducted yet, and, as a result, the associated 
conclusions are under development. The outcomes of these tests will be pivotal in 
further enhancing the conclusions and validating the new active control application. 
 

 

5.5  Conclusions 

 

The study's experimental component encountered difficulties, necessitating 
additional research and a follow-up session planned for May 2024. The contents of 
this phase could not be incorporated into the existing thesis due to these 
unanticipated challenges.  
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Chapter 6 

Thesis conclusion 

 

 

 

 
 

 

 

With this research work new Active Noise Control (ANC) approaches for noise 
reduction have been presented. In particular, the objectives of the research have 
been focused on two main noise signals and applications, the first one related to a 
priori known time-varying signals (chapter 3-4) and the second one related to 
stationary noise produced by large industrial machinery (chapter 5). 

 

The performance of the developed systems has been evaluated in terms of signal 
reduction, algorithm robustness, convergence speed, and memory usage with 
respect to computational cost.  

Signal reduction, robustness and convergence rate, memory use and computational 
requirements have been evaluated for each ANC application. As results, signal 
reduction, robustness and convergence rate are directly related to the efficiency of 
the ANC systems, whereas memory use and computational requirements are 
connected to the implementation domain.  

 

A summary of the thesis’ results is provided in this chapter along with directions for 
future research work. 
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6.1 Thesis’ Results 

 

Main results obtained referring to the a priori known time-varying signals. 

In this research, Active Noise Control (ANC) algorithms are examined to reduce the 
noise of the ambulance’s siren as perceived by driver inside the vehicle.  

Our DSP implementations are all based on a feedforward ANC architecture, using the 
classic Fx-NLMS algorithm, running it on a real-time hardware platform to test the 
efficacy of the cancelling solution in a laboratory environment. These algorithms are 
developed using MATLAB Simulink environment and ran on Speedgoat target 
hardware; with such a setup our system achieves: 

• Synthesis of references signal for known noises, providing cancellation 
selectivity and simplifying hardware requirements. 4 

• By decomposing complex time-varying signals into their constituent’s 
stationary sound patterns, we could implement the adaptive filtering for each 
such patterns, rather than having the system to track a rapidly changing signal; 
This allows for more stable and faster performances, and it is achieved by 
implementing Switching FxNLMS.2 

 

Main results obtained referring to the stationary noise produced by large industrial 
machinery. 

In this case the main challenge is not the complexity of the noise signal, since a pure 
tone was a good model of the real primary noise source, but the physical application 
of the canceling hardware to optimally obtain a significant global attenuation. The 
results of research and activities demonstrated the possibility to obtain 
approximately 5dB of global attenuation around the complex primary noise source, 
rather than the classic cancellation focused on the error microphones. 

 

 

 

 

 

 

 
 

4 The implementations were carried out in real-world scenarios, rather than relying on simulations, which are more 
commonly encountered. 
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6.2 Future work 

 

The directions for future works are the following ones: 

• Referring to the siren noise reduction application, it is expected to implement 
the noise canceling system aboard an actual ambulance. To achieve this, 
several further developments and improvements are foreseen. One essential 
step is to enhance the control board by incorporating two dedicated 
microcontrollers, one for each channel/Zone of Silence (ZoS) close to each ear: 

o The Reference Synthesis technique will be subject to further 
investigation to optimize the creation of the reference signal. The aim is 
to reduce the number of adaptive filters required, making the system 
more efficient while targeting 5-6 harmonics per pulse wave for 
successful noise cancellation. 

o To ensure the ANC system's practical implementation, considerations 
must be made for the system's expansion, especially in the vicinity of the 
error microphone. Physical microphones near the driver's ear are not 
feasible for safety and comfort reasons, requiring the implementation of 
virtual microphone solutions within the headrest. An array of virtual 
microphones might help address the expansion of the Zone of Silence 
(ZoS) and improve performance. 

o To optimize the algorithm's execution on the target hardware, lower-
level programming languages should be considered, potentially further 
enhancing cancellation performance. 

• The current results obtained for reactors can be extended to more complex and 
multifrequency electrical machinery, such as transformers, where in addition 
to the main 100Hz frequency associated with the phenomenon of 
magnetostriction, it is essential to consider other frequencies related to the 
noise generated by cooling devices like air thermals. However, according to 
successfully results obtained on reactors it is expected that ANC techniques 
developed and tested on reactors can be easily adapted to reduce the noise 
emissions of transformers.  
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Appendix A 
 

In this section, details of scientific publications relevant to the thesis's purpose will 
be provided. 
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Abstract. This paper discusses a potential application of Active Noise Control
(ANC) algorithms for the reduction of ambulance siren noise inside the vehi-
cle. The study starts from the analysis of ANC techniques available in literature
and currently used in industrial and consumer applications. The concept of ANC
is based on the introduction of a canceling “antinoise” wave through a suitable
speaker array known as secondary sources. These generators are managed through
a specific signal-processing algorithm tailored according to the characteristics of
the noise generated by the primary source that has to be cancelled. The primary
signal is recorded by the control microphones and then processed by the ANC
algorithm. An “antinoise” is then generated to reduce the primary source noise
in a specific target zone. Based on the fundamental principles of wave superpo-
sition and wave cancellation, ANC technique is a very effective solution from a
theoretical point of view; nevertheless, this technique faces numerous practical
implementation problems and despite the wide number of available industrial and
domestic applications, it is still poorly exploited. In this paper, the state of the art
about most advanced ANC techniques and applications is analyzed. In particular,
the implementation of adaptive signal processing algorithms and digital signal
processing (DSP) in ANC systems is analyzed.

Keywords: Active Noise Control · Comfort zone · Feed-forward ANC · Virtual
ANC · Acoustical · FIR · IIR · X-LMS · U-LMS · Genetic algorithms

1 Introduction

Active Noise Control (ANC) is an effective way to reduce noises that can otherwise be
very difficult and expensive to control. It could be effective also when dealing with low
frequency disturbances where physical barriers may fail. Lueg proposed the concept of
acoustic ANC in 1936, using a microphone and an electronically driven loudspeaker to
generate a canceling sound [1]. In general, the properties of the acoustic noise source
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and the environment change over time; hence the frequency content, amplitude, phase,
and sound velocity of the undesired noise are nonstationary. Consequently, it is not
possible to operate an ANC with static algorithms. A possible solution is the use of
adaptive filters [2–5] that adjust their coefficients to reduce an error signal. Finite impulse
response (FIR), infinite impulse response (IIR), and transform-domain filters (TDF) can
be used to realize these algorithms. In the following section four ANC strategies based
on adaptive filters and a possible application to ambulance noise abatement is presented.

Section 2 describes the basic concept of active noise control techniques and discusses
the Least Mean Square (LMS) and FxLMS algorithms. The third section delves into the
idea of using active noise control in an ambulance.

2 Active Noise Control Architecture

Concerning the ambulance siren noise, it is a stationary signal characterized by a single
tone at a medium-high frequency (2 or 3 kHz). Hence it is possible to estimate its
spectral behavior, and the control concerns mainly the amplitude of the disturbance. In
the following section a LabVIEW simulation tool is used to test the behavior of different
ANC strategies and evaluate their response as a function of a certain noise type. Most
of the ANC algorithms are based on the Least-Mean-Square (LMS) filter because of
its simplicity of implementation and adaptability. The system is usually composed of a
reference microphone which records the primary signal noise, one or more secondary
sources that generate the “antisound”, one or more error microphones which record the
resulting from the superposition of the primary and secondary sound and a processing
unit. A general schemeof anANCsystem is presented in Fig. 1.Most of these systems are
based on digital controllers, as a result, signals from electroacoustic or electromechanical
transducers are sampled and processed in real time usingDigital Signal Processing (DSP)
systems before being synthetized, amplified, and delivered to the loudspeakers. Clearly
the entire process must be carried in real time, where the sound is generated and the
moment it reaches the target zone which is the physical place where the primary noise
must be reduced. Hence, especially in the past years, it has been necessary to achieve
an optimal trade-off between processing time and algorithm complexity. In recent years
the development of improved high-speed digital signal processing hardware allowed
the implementation of complex ANC algorithms [6, 7]. However, the mathematical
implementation of the cancellation algorithmhas still to be optimized to take into account
the causation principle and the convergence time.

The choice of the ANC algorithm type in general depends on the primary noise char-
acteristics in terms of signal bandwidth and amplitude. The goal of adaptive algorithms
is to keep filter coefficients up to date in order to achieve optimal noise cancellation. The
optimization process of the filter coefficients can usually be stochastic or deterministic.
LMS and Normalised-LMS (NLMS) algorithms use the stochastic approach. The deter-
ministic approach, which is used with the RLS (Recursive Least Squares) algorithm,
necessitates the calculation of the characteristics of many samples. The Filtered-x LMS
(FxLMS) filter is a modified version of the LMS algorithm, and it is computationally
simple where secondary path effects are also included, but its convergence speed is
low. The fundamental issues in the afore mentioned approaches are inherent to stability
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issues in IIR-based structures, increases in computational requirements, and numerical
instability issues in RLS-based ANC systems. For these reasons, FxLMS is still a viable
option for ANC applications [8].

The simulation scenario makes use of the single-channel duct-acoustic ANC system
depicted in Fig. 1 with a single reference sensor, single secondary source, and single
error sensor.

Fig. 1. A duct-based single-channel broad-band feedforward ANC system.

2.1 LMS Algorithm

In Fig. 2 a scheme of an LMS adaptive filter used in system identification applications is
shown. The scheme highlights the behavior of the filter where x(n) is the primary source
signal, d(n) is the disturbance in the target zone, y(n) is the ‘antisound’ and e(n) is the
sum of d(n) and y(n). The Adaptive Filter in this case is an LMS adaptive filter which
has to adapt to an unknown channel to minimize the resulting error e(n). It represents
an LMS adaptive filter block diagram where each iteration of LMS involves three steps:
filter output y(n), estimation error e(n) and tap-weight adaptation w(n + 1).

The frequency-domain analysis of the residual error signal e(n) can be used to
determine the performance of ANC. The e(n) autopower spectrum is given by:

See(ω) = [1− Cdx(ω)]Sdd (ω) (1)

where Cdx(ω) is the magnitude-squared coherence function between two stationary ran-
dom processes with wide-sense d(n) and x(n), while Sdd (ω) is the autopower spectrum
of d(n). The term [1−Cdx(ω)] represents anANC system’s noise reduction at frequency
ω, but the maximum noise reduction in decibel is given by −10log10[1 − Cdx(ω)].

In Fig. 3 S(z) is introduced in order to model the secondary path effects, representing
the secondary path connecting the canceling loudspeaker and the error microphone.

The z-transform of the error signal is:

E(z) = [P(z) − S(z)W (z)]Xr(z) (2)

where it is constrained by the coherence of the reference signal to obtain the residual
error (ideally equal to zero), the optimal transfer function W(z) must be defined:

Wo(z) = P(z)

S(z)
(3)
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Fig. 2. LMS adaptive filter block diagram used in system identification applications.

Fig. 3. LMS adaptive filter used with secondary path transfer function.

In otherwords, the adaptivefilterW(z)mustmodel bothP(z) andS(z) simultaneously.
The expression of the filter output is the following:

ys(j) =
N−1∑

i=0

xr(j − i)wi(j) = xTr (j)w(j) (4)

Filter weights updating is performed according to Eqs. (5),

w(j + 1) = w(j) + μe(j)x(j) (5)

Where:

1. μ = convergence coefficient (step size)
2. x(n) = reference signal
3. p(n) = primary signal
4. w(n) = filter coefficients
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the condition for stability is:

0 < μ <
2

input signal power
(6)

With large values of the step-size, the filter increases its adaptation rate (faster conver-
gence) and increases the residual mean-squared error. The major advantages of this filer
are:

1. it is simple in implementation
2. it guarantees stable and robust performance against different signal condition a

disadvantage is the slow convergence.

In Fig. 4 it is shown the variation of Mean Square Error (MSE) with different step-
size.

Fig. 4. Variation of MSE with different step-size.

In Fig. 5, instead, it is shown the response of the LMS filter to a broadband noise.
It is possible to highlight that given a step size of 0.5 the system is not stable, and the
error diverges.
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Fig. 5. Instability LMS Algorithm.

2.2 FxLMS Algorithm

The integration of a secondary path model in the reference signal path was proposed by
Widrow, Shur, and Shaffer (from the speaker to the error microphone). Figure 6 depicts
a block diagram of the FXLMS algorithm, which Kuo and Morgan used to demonstrate
how the noise reduction algorithm works.

Fig. 6. FxLMS algorithm block diagram.

The FXLMS algorithm is a simple variation on the LMS algorithm [9]. The dashed
box (Fig. 6) depicts the functional block diagram of a FxLMS algorithm adjusting an
ANC controller, where C(z) represents an estimated model of the secondary path. The
reference signal is filtered by C(z) before being used by the standard LMS algorithm, as
shown. The reference signal can be determined in two ways: feedforward or feedback.
An upstream microphone was used in the feedforward structure to provide information
about the unwanted noise propagating down the system.The feedforwardANCalgorithm
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is depicted in Fig. 7. As shown in Fig. 7, a microphone, called ‘reference microphone’, is
located at a position where the signal of the primary source is dominant and the influence
of the anti-noise source is negligible.

Fig. 7. General diagram for feedforward ANC.

Eriksson proposed ANC controllers with a feedback structure as an alternative to the
feedforward structure in 1991. In the feedback structure the error microphone is directly
used to evaluate the reference signal (Fig. 8) [10]. Because a reference microphone is not
required in this structure, feedback ANC controllers are more compact and cost effective
than feedforward ANC controllers.

Fig. 8. General diagram for feedback ANC.

Aiming to test the effectiveness of the ANC system varying the step-size, authors
have implemented into the Matlab-Simulink environment a single channel Adaptive
Feedback ANC using a Filtered-X LMS [11]. Starting from this model of a Filtered-X
LMS ANC system, it is possible when the error microphone signal is simulated as the
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sum of the noise source filtered by the primary acoustic path and the ANC output filtered
by the secondary acoustic path.

In Fig. 9 the output of the error microphone is shown referring to step-size 0.5, 0.05
and 0.005. It is possible to highlight that given a step size of 0.5 the system is not stable,
and the error diverges, while for step-size of 0.05 and 0.005 the system is stable with a
better convergence rate for the step-size of 0.05.

Fig. 9. Output of FXLMS Algorithm Simulation (Single channel - Broadband noise signal)
utilizing various step sizes (a) Step size = 0.5, (b) Step size = 0.05, and (c) Step size = 0.005.

In Fig. 10 the results of the simulation, in terms of original noise signal and attenuated
one, are shown considering the step-size 0.05.

Fig. 10. Output of FxLMS algorithm simulation considering a broadband noise signal: original
noise signal (yellow line) and attenuated signal (blue line).
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3 Noise Control in Ambulance

Emergency vehicles often use high amplitude screeching sirens. The European norma-
tive only allows for the use of a high/low series of tones in emergency vehicles. The
ambulance siren signal alternates between two tones at frequencies of 392 Hz (Sol nat-
ural) and 660 Hz (Mi natural). The sounds must be played in a continuous sequence
with no breaks or noticeable overlap. The duration of the complete cycle is 3 s ± 0.5 s.
Between a cycle and the next there may be a pause whose duration should not exceed
0.2 s [12].

Many estimates peg the noise level of a typical ambulance siren in the neighbor-
hood of 120–130 decibels (dB) at roadside positions. The noise of an ambulance siren
penetrates the ambulance doors and reaches the ears of the patient and staff. Inside the
ambulance, sound pressure levels of about 87 dB(A) are common in the patient zone,
while in the driver zone sound pressure levels up to 90 dB(A) are present [13].

Since exposure at these levels, over 80 dB(A), could be a problem of concentration
for the driver, also due to the long exposure to siren noise during the same working day,
according to the numerous trips with the siren switched on, and also for the patient [14].
In fact, the patient has a short time of exposure to the siren noise, which however could
be sufficient to generate problems given the difficult health conditions he may have to
face at that moment.

During the rescue operation the patient is already critically ill, and the noise produced
can be reduced by passive measures like increasing sound insulation of the ambulance
and installing sound absorbing material between doors. However, these interventions
require several modifications reducing the free space into the ambulance and involving
extra costs. Another possible solution can be that the patient put on ear muffs but based
on his condition this solution is considered not feasible [15]. Also for the driver, the use
of ear muffs that reduce the overall environmental noise is not considered beneficial, as
safe driving conditions must be ensured.

The solution based on the active noise control (ANC) system can be used to solve the
problem. It does not need physical modifications of the ambulance and does not affect
the safe driving conditions for the driver. A local zone of silence is created around the
heads of the staff and of the patient, leading to a significant noise reduction [16].

This solution creates a controller unit that consists of a filter and DSP with use of a
fixed step-size,where the system’s stability is jeopardized because the convergence rate is
slow. The simulation and testing of the two-tones ambulance siren signal is performed for
both LMS and FXLMS algorithm, by using Matlab and Simulink software, considering
a fixed step-size. The noise signal used in the simulation consists of an ambulance siren
signal (Fig. 11).

In Fig. 11 it is shown the examined signal has 51.2 kHz sample/s, 32 bit.
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Fig. 11. Frequency spectrum of the ambulance siren signal.

From the preliminary analysis of the simulation results both algorithms lead to con-
vergence. In particular, the FxLMS algorithm converges faster. In the future applications
the algorithms will be experimentally tested.

4 Conclusions

In this paper a possible application of Active Noise Control (ANC) algorithms for the
reduction of ambulance siren noise inside the vehicle is investigated. In particular, a
general analysis of LMS and FxLMS is reported and a comparison of the two algorithms
in reference to broadband noise and different fixed step-size is performed.

Furthermore, a preliminary analysis of the ambulance siren signal in reference to
the two algorithms LMS and FxLMS is made and a possible preference for FxLMS is
highlighted referring to the convergence speed.

On the basis of outcomes achieved in this paper, the ANC technique demonstrates
to be a possible and promising application also in the reduction of noise due to the
ambulance siren signal, potentially affecting the driver, the patient and the medical staff.

Next research activities will consist of the development of a prototype system for
experimental tests to verify the algorithms and the optimal parameters for the siren
case study. Moreover, in future steps the analysis of the applications with variable step-
size will be tested to improve the FxLMS algorithm’s convergence. However, authors
consider that convergence could be a secondary problem when known signals have to
be reduced as in the case of the ambulance siren noise.
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Abstract. Siren noise constitutes a nuisance and could be harmful for
ambulance personnel and patients. Several studies proposed simulated
Active Noise Control (ANC) solutions to attenuate siren noise inside an
ambulance. In this paper an implementation of a feedforward ANC sys-
tem based on the classic FxLMS algorithm is presented, running it on a
real-time hardware platform to test the efficacy of such solution in a lab-
oratory environment. Algorithms are developed in MATLAB Simulink
environment, and run on Speedgoat target hardware. The results of these
experiments are presented, and while discussing our findings, the expe-
rienced limitations are described, and further work is suggested.

Keywords: Active Noise Control · FxLMS Algorithm · Feedforward
ANC · Ambulance Siren Noise · Real-time Hardware Test

1 Introduction to Active Noise Control

Active Noise Control (ANC) is a technology that can be used to reduce unwanted
sound in a given environment. Based on the superposition principle, ANC sys-
tems eliminate residual noise within a specific area called zone-of-silence (ZoS,
or Zs) by producing a secondary controlled noise with the same amplitude and
opposite phase of the source noise, that creates the desired destructive interfer-
ence with the primary noise at the right location. The basic working principle is
depicted in figure 1.

Such systems employ acoustic sensors (speakers and microphones) and digital
signal processors to generate the control signal. The control signal is usually
shaped with the use of adaptive filters, since often the operational environment
is non-stationary.

A variety of ANC systems have been studied ([1],[2]), based on different
adaptive algorithms, depending on their application.

The first adaptive ANC system using the LMS algorithm was developed
by B. Widrow in 1975 [3]. Dennis R. Morgan improved upon it [4] by adding
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Fig. 1: Principle of noise cancellation, using a secondary noise source to generate
a control signal y(n) such as a desired destructive interference is obtained in Zs,
where noise d̃ac(n) is cancelled by antinoise dac(n). Taken from [1].

an additional filter1 to compensate for the effect of secondary acoustic paths2

placed after the ANC adaptive filters, thus pioneering the so called Filtered-x
Least Mean Square Algorithm (FxLMS), which is the one used in this study
experiments too.

Several variations of the FxLMS algorithm can be found in [4]; for siren noise
reduction, most systems seem based on variations of the LMS adaptive algorithm
([5] through [8]); In particular, a Narrowband Feedforward ANC structure (figure
2) seems to be the best solution to be applied because a reference signal x(n)
is available directly from the noise source, and the signal to be cancelled has a
known limited-bandwidth spectrum, as described in detail in section 1.1.

(a) (b)

Fig. 2: FxLMS algorithm based single-channel feedforward ANC system. (a)
Schematic and (b) block diagram. Figure taken from [9].

1 In figure 2, please note Ŝ(z) is the aforementioned filter added by Dennis R. Morgan.
2 The path the sounds travels between the secondary source, where the antinoise is
produced, and the error microphone, where the cancellation has to be realised.
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1.1 Characteristics of the siren’s signal

The siren noise presents non-trivial characteristics, in the context of ANC, as it
is non-stationary, although periodic, and presents several high-frequency compo-
nents in its spectral content. Also the siren sound is fast-changing between two
different pitch sounds, which introduces challenges in and on itself when those
switches occur.

Following the Italian regulations on the matter, therefore the siren in this
study produces two distinct sounds by emitting two different pulse waves, one
with a lower pitch at the fundamental frequency of 390Hz (figure 3a), and one
with an higher pitch at 660Hz (figure 3b). Figure 3 shows the siren signal recon-
structed by measuring the actual output of a typical siren marketed in Italy.

(a) Low pitch sound,
390Hz, T=2.56ms

(b) High pitch sound,
660Hz, T=1.52ms

(c) Siren pattern for
switching pitches

Fig. 3: Siren’s component pulse waves in the time domain.

These two pulse waves can each be generated with a series of 3 impulses,
having periods of 2.56ms and 1.52ms respectively, with varying duty cycles and
appropriate delays (the parameters for both pulse waves can be seen in table be-
low). The siren then alternates between these pulse waves in a pattern described
in figure 3c, where the low-level (or 0) is to be interpreted as the time when
the siren is playing the low pitch sound, and high-level (or 1) when the high
pitch is played instead. This pattern repeats periodically every 1.5s. Finally, the
spectrum of both those individual pulse waves is shown in figure 4.

Table 1: Parameters to generate the 390Hz and 660Hz pulse waves
f=390Hz: pulse1, pulse2, pulse3 f=660Hz: pulse1, pulse2, pulse3

T [ms] 2.56 2.56 2.56 1.52 1.52 1.52
delay [ms] 0 0.96 1.6 0 0.76 1.14
d.c. [%] 25 12.5 12.5 25 12.5 12.5

The most significant harmonics of the 390Hz pulse wave are 780, 1170, 1560,
and 1950Hz. For the 660Hz pulse wave we have 1320, 1980, 2640, and 3300Hz.

2 Building blocks to reduce real siren noise

The intention with this study was to test cancelling algorithms in a laboratory
setting, using a real-time target hardware to produce the adaptive control signal.
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Fig. 4: Siren component signals in the frequency domain.

With a long-term goal of cancelling the siren inside a real ambulance, here the
first steps towards the cancellation of a synthetic siren are presented; these are
progressively achieving cancellation of: 1) Pure sinusoidal tones at increasing
frequencies 2) Square waves at the same fundamental frequency as the siren
pitches 3) Both pulse waves, components of the real siren as presented in section
1.1, individually tested.

This objective was chosen as the steps above are considered preliminary to
then move toward the real scenario where the system will be optimised to cancel
the real fast-changing siren signal.

3 Setting up the laboratory experiment

For our experiments, all noises where internally generated by the target computer
and emitted via loudspeaker. The components of the systems under test: Speed-
goat Performance Real-Time Target Machine, running Simulink Real-Time, PreSonus
DIGIMAX FS, mic. amplifier, Behringer ECM8000 condenser microphones, custom-
built audio amplifier and speakers, and Haztec 8-82414 EuroSmart siren3

Cancellation was tested on two different setups: single channel, where one
control speaker generates the antinoise to cancel the noise from the primary
source, and dual channel, where two control speakers4, are used (see figure 5).

A series of test were conducted using different noise sources, starting with
simple sinusoidal tones at increasingly high frequency, then using square waves,
and finally the siren’s individual pulse waves, which were synthesised5 to repli-
cate the real siren sounds, and then emitted by a loudspeaker functioning as
primary noise source, in place of the actual siren.

No reference microphone was placed in front of the primary source, but the
noise signal was instead connected directly as an input into the target machine.
Since this will be possible in the real ambulance scenario too, as the siren’s

3 Used to study the siren signal, which was then synthesized.
4 Placed at the distance simulating the ambulance driver’s headrest, with two error
microphones placed in such a way to simulate the location of the driver’s ears (the
target area for our cancellation, ZoS)

5 Internally generated by our target computer.
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electronic hardware can be accessed, this represents a promising solution for the
future working system aboard the ambulance, saving on hardware, but moreover,
highlighting that even though the sound is complex, we can have exact real-time
information about the siren signal.

(a) 1-channel testing setup (b) 2-channel testing setup

Fig. 5: Please note that the only distance that once chosen should remain fixed is
the distance between error mics and control speakers (the secondary paths S(z),
S11(z), and S22(z)). In figure 5b the secondary paths between speakers and the
mic not directly in front of it (i.e. between speaker 1 and error mic 2) are not
taken into account as their effect are negligible. The primary noise source can
be freely placed a few meters from the ZoS.

Once all sensors were set in place, the secondary acoustic paths were es-
timated; this process generates a set of coefficients that will be then used to
initialise an FIR filter Ŝ(z)6 which approximates the transformation the sound
undergoes by travelling through the air once emitted by the control speaker to
the error microphone, S(z).

4 Experimental results

Here the outcomes of our tests are presented, showing the spectra of the signals
detected by the error microphones with and without the ANC system generating
the antinoise (ANC ON and OFF respectively) for all the combinations of noise
source under test configuration. In figure 6 the 1-channel sine waves experiments
are collected, in figure 7 the 1-channel square wave ones, and in figure 8 the
1-channel experiments with pulse waves. For the 2-channel configuration, only
the results with sinusoidal tones are presented in figure 9, because no significant
cancellation was obtained for the more complex signal with this setup.

In terms of individual frequencies, up to 3.6kHz noise cancellation was ob-
tained with pure sinusoidal tones, which is within range of the five more signif-
icant harmonics of both siren’s pulse waves, hence the choice; consistent can-

6 As shown in figure 2 the additional filter is to be applied at the reference signal x(n),
coming directly from the siren in this case.
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cellation between 36–86dB for all sine waves in the 1-channel setup (figures 6a
to 6f), and similarly consistent cancellation between 31–70dB for the 2-channel
setup (figure 9) was measured, which is considered to be very good performance
for the system in exam.

When cancelling square waves, the system performed well for the 390Hz wave,
cancelling the first three harmonics between 32–56dB (figure 7a), but with the
660Hz square wave the cancellation performance was more modest, in the range
of 4–5dB (figure 7b), already showing signs of the limits of our system.

When the system was challenged with cancelling pulse waves, considering the
first 6 harmonics, the 390Hz pulse wave saw a cancellation between 3–38dB (but
most of it on the third harmonics only, see figure 8a), whereas the 660Hz pulse
wave saw almost no cancellation (figure 8b).
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(a) 100Hz: -39dB of cancellation
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(b) 200Hz: -36dB
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(c) 400Hz: -69dB
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(d) 800Hz: -86dB
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(e) 1600Hz: -84dB
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(f) 3200Hz: -64dB

Fig. 6: 1-channel configuration with sinusoidal tones, or sine waves.

(Figures with experimental results continue at the end of section 5 *)
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5 Conclusions

The use of the FxLMS algorithm is a well-established technique in active noise
control applications, suited for reducing the sound of ambulance sirens. Such
noise is proven challenging for the FxLMS algorithm. Therefore it seems that,
overall, the feedforward ANC system based on the FxLMS algorithm variation
presented here, is capable of cancelling signals that are regularly changing with
respect of time, no matter how fast (within the ranges of our tests); but that same
system cannot perform as well when signals behave in a less regular pattern in the
time domain. Difficulties to latch onto the phase of the pulse and square waves
is believed to be the cause of this system’s declining performance. This could be
mitigated by upgrading the DSP component, devising a faster performing target
hardware, custom-built to operate with the signals in question.

Finally, the ANC system had difficulties updating the cancellation adaptive
filter in the short time allowed by the fast-switching siren7, but since we see
promising results on the individual sounds of the siren, especially on the low-
pitch one, and since we also believe that with the aforementioned hardware
improvements we could obtain better performance for the high-pitch pulse wave
as well, we believe it could be theoretically plausible to employ a set of individual
ANC filters in parallel, each operating over a specific pulse wave/siren sound,
and switch between them appropriately, to cancel the real siren, if the system
would be able to correctly latch onto the phase of the siren’s signal.

(* continuing figures with experimental results)
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7 bringing the overall behaviour towards instability
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(a) 100Hz, left mic.: -42dB re-
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(b) 100Hz right mic.: -41dB re-
duction
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(c) 200Hz, L: -31dB
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(d) 200Hz, R: -65dB
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(e) 400Hz, L: -54dB
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(f) 400Hz, R: -48dB
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(g) 800Hz, left mic.: -62dB re-
duction
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(i) 1600Hz, L: -67dB
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(k) 3200Hz, L: -70dB

3.2 3.4 3.6 3.8 4

Frequency (kHz)

-100

-80

-60

-40

-20

0

 d
B

m
 /

 H
z

ANC ON

ANC OFF

RBW=4.88 Hz, Sample rate=10 kHz

(l) 3200Hz, R: -46dB

Fig. 9: 2-channel configuration with sinusoidal tones, or sine waves
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Abstract. An Active Noise Control method is presented for selectively
reducing the harmonic content of an ambulance siren. Based on the
FxNLMS feedforward algorithm, two developments are presented: 1)
Reference Synthesis, for those cases where the noise to be cancelled is
perfectly known, it is demonstrated that the reference signal can be gen-
erated by the cancelling hardware, without the need to employ reference
microphones nor connecting to the noise source; 2) Switching FxNLMS,
the implementation of separate banks of adaptive filters is presented
to individually cancel two alternating components of a bitonal siren, as
if they were two independent stationary noises. Demonstrations of the
working principles are presented through tests carried out with a syn-
thesised version of the real siren as a noise source, and real-time target
hardware mounted on a headrest, in laboratory environment. Results
and performance of these combined techniques for cancelling a complex
but perfectly known noise signal are presented, and in conclusion further
studies, improvements and potential applications are discussed.

Keywords: Active Noise Control ANC · Feedforward FxNLMS Algo-
rithm · Ambulance Siren Noise · Reference Synthesis · Switching FxNLMS
· Real-time Hardware Test

1 Introduction

The work in this paper represents the direct continuation of [1], in which a feed-
forward, normalised, Filtered-x Least Mean Square Algorithm (FxNLMS, section
1.1) Active Noise Control (ANC) system had been implemented on a real-time
target machine, and tested against a series of noise signals of increased complex-
ity, with the ultimate goal of reducing the noise of a real ambulance’s siren. A
signal is considered complex if it posses one or both of the following characteris-
tics: in the time domain, if it switches rapidly between two or more distinct noise
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patterns; in the frequency domain, if it has a wide spectrum with significant mid
frequency components1 that need to be reduced.

In that previous study, tests ranged from evaluating the cancellation of pure
sinusoidal tones, until finally it was attempted to cancel the two alternating
stationary signals that constitute the siren of an Italian ambulance (more on
this in section 3). By the results obtained it was concluded that the complexity
of the signal was the limiting factor for the cancellation performance, because
the same FxNLMS algorithm, running on the same hardware, was successful in
effectively reducing simpler noises, but was failing to do so with the ambulance’s
siren. Based on those conclusions, the improvements that are the subject of this
work were identified, and will be introduced in section 2, 4 and 5.

1.1 Background on Feedforward FxNLMS

The basic principle of ANC is predicated on the adaptive generation of a so called
antinoise having opposite phase and appropriate amplitude with respect to the
noise signal that needs cancelling, done in such a a way that the two signals
will interfere with one another in a destructive manner, creating an attenuation
to the sound levels in a specific area of interest, called zone-of-silence (ZoS),
where noise reduction can be experienced. The fundamental theory of ANC can
be retraced from [2] and [3], and was also previously summarised in [1].

Fig. 1: FxLMS algorithm for a single-channel feedforward ANC system. Figure
taken from [10].

In figure 1 the fundamental signals and ANC components are defined: P (z),
primary acoustic path between the noise source and ZoS; S(z), secondary acous-
tic path, between the control source producing the antinoise and ZoS; e(n), resid-
ual error to be cancelled, captured by an error microphone; Ŝ(z), the digital FIR
filter2 that replicates the transformation occurring to the control antinoise as it

1 In this context, between 500–2000Hz.
2 Usually the coefficient for this filter are estimated once, then provided that the
relative position between control speaker and error microphone doesn’t change, this
filter is not modified.
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travels between the control source and the error microphone; W (z) the ANC
filter, also implemented with a digital FIR filter, whose coefficients are adapted
in real time in order to minimise e(n).

FxLMS is a well suited technique for an ANC system that deals with siren
noises, as proven by [4] and [5]; in particular, the feedforward variation was
chosen because a reference signal3 is available directly from the noise source and
also because the siren has a limited-bandwidth spectrum, as demonstrated also
by [6] through [9].

As mentioned before, for this study the implemented algorithms are of the
normalised variant, FxNLMS, which means that the step size parameter, µ used
to regulate the speed of convergence of the LMS update adaptive filter W (z) is
made to dynamically and proportionally adjust to the energy of the reference
signal, to mitigate adverse effects on the algorithm convergence due to large
fluctuations of the energy levels of the reference signal itself.

In summary, from a practical standpoint, noise cancellation with FxLMS-
type algorithms is essentially based on defining two digital FIR filters, Ŝ(z) that
recreates the secondary acoustic path S(z), whose coefficients are calculated once
and unless the error microphone is moved will stay the same, and the ANC FIR
digital filter W (z), whose coefficients are constantly adapted in real time during
the LMS optimisation process, with the objective to minimise the sound pressure
at the error microphone.

2 Contribution proposed

Two directions for improvement over the previous FxNLMS implementation in
[1] were identified and have been implemented and tested in this paper: first, an
attempt to reduce the complexity of the reference signal, second, an attempt to
improve hardware’s capacity to work with fast-changing known signals.

Simplified reference signals tested against real noise

For complexity reduction, it was attempted to cut the spectral components of
the reference signal that the ANC system would have to work with. The rationale
being attempting to provide an input signal to the adaptive ANC block4 that,
because of the reduced harmonic content at high frequency, would be smoother
to track, giving the hardware more time to compute the adaptation necessary
for cancellation (i.e. the cancellation coefficient for the W (z) FIR filter).

At first it was attempted to use digital low-pass filters, but it proved to be
computationally burdensome, impeding on the expected gains, so it was decided

3 Signal that is necessary for the adaptive cancelling system to track what noise it
needs to cancel.

4 Block meaning the combination of the LMS adaptive update block and its following
cancellation FIR filter, as well as the secondary path’s FIR filter through which the
reference signal passes before being input to the LMS block.
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instead to rely on the perfect knowledge of the noise signal (presented in detail in
section 3), to devise a system that would internally generate a simpler reference
signal that would match the most significant harmonics of the real noise. This
idea was tested in a real scenario, that is cancelling the actual full spectrum noise
generated by a primary noise source as captured by an error microphone. This
technique was named Reference Synthesis and it is further described in section
4.

Parallel ANC filtering to reduce siren to stationary noise

The problem with fast-changing signals is not only one of computational per-
formances, but most importantly in this context, is considering the effect they
have on how much time an ANC block is given to converge before the noise
signal changes, abruptly in case of a siren, and therefore requires the adaptation
process to follow suit (section 5 for details).

Two solutions have been implemented to mitigate the above: first, a custom-
built electronic board5 has been used for noise control; second, but more inter-
esting in terms of innovation, the ANC block was split into two parallel blocks,
each of them tasked to cancel only one of the two alternating signals composing
the bitonal siren noise, in order to ensure that each adaptive filter would see as
an input to be cancelled a simpler stationary signal.

This was achieved by having the control algorithm alternatively activating
the relevant cancellation filters depending on what pattern of the bitonal siren
noise was actually being produced by the primary noise source at any given
time (see section 3). This technique was named Switching FxNLMS, and it is
described in section 5.

3 Deconstruction and synthesis of siren’s signal

In [1] the characteristics of the same bitonal siren’s signals also used in this
paper were first presented, as experimentally measured (figure 2); from those
measurements the siren signal was deconstructed and then synthesised (figure
3); the main purposes and benefits have been the following:

1. The two pulse wave signals, of figure 3 composing the bitonal siren are sta-
tionary noises, unlike the periodic siren, so dealing with them independently
greatly simplify the adaptation process;

2. The primary noise could be reproduced in a controlled fashion, one pulse
wave at the time, using laboratory equipment.

5 Developed by an industrial partner, based on the high-performance STM32H7 mi-
crocontroller, it has two complete channels of audio processing, from microphone
pre-amplification, to power audio output for two loudspeakers.
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Fig. 2: Siren component signals in the frequency domain.

(a) Low pitch sound,
390Hz, T=2.56ms.

(b) High pitch sound,
660Hz, T=1.52ms.

(c) Pattern for switch-
ing between pitches.

Fig. 3: Siren’s component pulse waves in the time domain. In 3c, 0=’siren plays
the low pitch sound’, 1=’plays the high pitch sound’.

Selectivity and cancellation targets

By measuring the spectra of 3a and 3b, using a calibrated sound level meter
(details in section 6), it was confirmed that the largest contribution to the overall
sound pressure level of each of the siren’s pulse waves was attributable to 2
harmonic components, in particular: 1) 89.6% of the 390Hz pulse train’s sound
level was produced by the second and fourth harmonics (780 and 1560Hz
respectively, figure 4a); 2) 76.3% of the 660Hz pulse train’s sound level was
produced by the first and fourth harmonics (660 and 2640Hz respectively,
figure 4b).

On that basis, an approach was devised for obtaining satisfactory cancellation
performances of the individual pulse waves composing the siren, by selectively
tackling a reduced number of frequencies to be cancelled, the ones deemed to be
contributing the most to the overall sound levels perceived by the human ear6.

4 Reference Signal Synthesis

This technique relies on having complete knowledge of the noise signal that needs
cancelling, which is true in the case of a bitonal ambulance siren as demonstrated

6 This also means that the sound levels measured in this study have been subjected
to A-weighting, to account for relative loudness perceived by the human ear, and it
is reflected in measurements expressed in dB(A).
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(b) 660Hz pulse wave’s most signif-
icant harmonics, 1st (660Hz) and
4th (2640Hz).

Fig. 4: Waves’ spectra were measured with a sound level meter, so the exact
frequency value is combined into discrete one-third octave bands.

in section 3. Even though we expect that in operating conditions the siren noise
will be subjected to modifications, as the vehicle will be moving in a real envi-
ronment, for the purpose of this study we propose to demonstrate the working
principle under laboratory conditions, and defer to tackling those potential chal-
lenges in the next phase of development.

The proposed algorithm is a modified implementation of the FxNLMS that
uses an internally generated synthesised reference signal, xs(n) created as a sum
of a subset of the individual harmonics composing the original siren, and use
such synthetic reference to feed the ANC block (see figure 5 for an example of
using only the fundamental frequency of the noise). This algorithm therefore
requires neither a reference microphone nor a reference signal directly derived
from the electronics of the siren.
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Fig. 5: Basic building block to generate a synthetic reference signal, xs(n), for
a single harmonic at 390Hz. The Primary noise source plays the full-spectrum
siren, generated by an independent hardware.

An independent loudspeaker is used as primary noise source, emitting the
pulse trains of figures 3a and 3b generated by a computer7, rather than using
a real siren, to be able to play individual pulse waves rather than the full siren
when necessary, but also simply for ease of controlling the noise’s volume inside
the laboratory. For testing purposes this is equivalent to using the real siren as
the spectra are comparable and in neither configuration it is required to connect
the siren to our control algorithm.

In its simplest form, the reference signal xs(n) is therefore a single sine wave
at the fundamental frequency of the noise that needs cancelling, but to obtain
a significant cancellation across the whole spectrum of a complex pulse train, as
shown at the end of section 3, two or more sinusoidal component are needed;
there are at least two ways of combining them: 1) adding them up before in-
putting the combined signal to a single ANC block (figure 6a) 2) replicating the
same structure for each harmonic, de-facto parallelising the processing of each
harmonic (figure 6b).

7 Unless differently specified, this is not the same control hardware, but a different
computer. For the 2-channel configuration, the siren is in fact generated by the
control hardware itself, for reasons explained at the end of section 5
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(a) 1 ANC filter, 3 harmonics of signal reference summed before input.

(b) 3 ANC filter, antinoise contribution summed before output.

Fig. 6: Two approaches for synthesising a reference signal with multiple harmon-
ics.

Even though the second method is perhaps less efficient, it proved to be
working, and in fact at the time of writing it represented the only way to make the
cancellation work during testing: whenever the harmonics were added together
before being applied as a reference to a single LMS optimiser, the block would
either become unstable, or it wasn’t able to cancel. Further investigation into
why this is happening is ongoing.
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In essence, the Reference Synthesis is comparable to applying a low-pass filter
to the reference signal x(n), and provided that a finite number of harmonics are
deemed capable of obtaining significant overall cancellation, it offers the following
features and advantages:

� It provides the ability to precisely select the exact spectral components we
aim to cancel, down to the single harmonic of a known noise;

� It requires no hardware to acquire a reference signal;
� It is computationally less intensive to generate sinusoidal waves, rather than
having to implement digital FIR filters within the control algorithm to pre-
process the reference signal.

In figure 7 is an example of the synthesised reference signals used for can-
celling the first three harmonics of the 390Hz pulse wave; the amplitude of each
sinusoidal component of the synthetic signal is considered of secondary impor-
tance, because of the adaptive nature of the cancellation algorithm which mod-
ifies that to obtain cancellation.

(a) 390Hz, 780Hz, and 1170Hz har-
monics.

(b) Their sum, xs(n), compared to
the actual x(n) signal.

Fig. 7: Example of the first 3 harmonics used as synthetic reference signal for the
siren’s 390Hz pulse train.

5 Switching FxNLMS

The Switching FxNLMS was devised starting from the realisation that whenever
a single ANC adaptive FxNLMS system is employed with a fast-switching signal
like the siren under consideration (figure 3), we are demanding the algorithm to
very rapidly adapt the same set of FIR coefficients back and forth between two
otherwise stationary configurations.

Such siren periodically repeats every 1500ms, of which the higher pitch (fig-
ure 3b) lasts only for two spikes of 166.66ms each (figure 3c), but crucially,
the adaptive process will always optimise the same set of coefficients for the
W (z) filter, for both pitches; practically speaking, this is how the cancellation
coefficients change during one periodic cycle:
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1. For the first time segment (1000ms) the ANC block is adapting them to
minimise the 390Hz pulse train of figure 3a;

2. For the next segment (166.66ms) it needs to complete the convergence of
those same coefficients to now minimise an essentially new and different
660Hz pulse train;

3. For the next segment (166.66ms) it switches back to adapting them to min-
imise 390Hz;

4. For the last segment (166.66ms) it switches back to adapting them for 660Hz;

It then starts repeating the entire process from the beginning. The fact that
both alternating optimisation happen on the same set of coefficients of W (z) is
believed to be the cause that leads to overall failure to cancel either of the siren’s
distinct pulse trains in [1], and even leads to system instability sometimes, as
the block repeatedly tries to adapt to different noises in rapid succession.

But since it is known that both pulse trains taken independently are sta-
tionary noises, and that by employing Reference Synthesis cancellation of those
individual pulse trains can be obtained (see section 7 for details), we can exploit
this knowledge to devise a modification of the FxNLMS that would tackle the
siren.

In fact, provided that we can design control algorithms independently capa-
ble of cancelling each of the two stationary pulse trains, by implementing two
separate and independent ANC blocks, each with one FIR filter8 dedicated to
one of the siren’s pulse waves (i.e. W1(z) and W2(z) respectively for the 390Hz
and 660Hz pulse trains), it was proven that we can obtain cancellation of the
actual siren signal in real tests, as long as we can track exactly when the siren is
switching between the two different pulse trains.

8 In the real implementation it is a bank of filters, as each individual harmonic is
processed in parallel, but for the sake of explaining the concept, it could be assumed
to have one ANC filter per pulse train.
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Fig. 8: Block diagram illustrating the Switching FxNLMS variation, where a
trigger signal is used to synchronise the enabling of cancellation filter with the
siren patter (see again figure 3c).

To further prove the reason of the effectiveness of such solution, it is useful
to take a closer look at the cancellation coefficients behaviour over time (figure
9), for both W1(z) and W2(z); there it is shown that when an ANC block is
disabled, which happens while the noise produced by the primary noise source
is not the one that that particular filter is designed to cancel, the adaptive
convergence process for that filter is suspended, meaning the coefficient values
remain untouched whenever the siren switches to the other noise pitch. This can
be seen as having the algorithm simply switching to a parallel process that works
independently on a different set of coefficients, which means the cancellation
performance experienced with both stationary pulse waves taken on their own
(section 7.1 and 7.2) is not negatively affected by the switching, and can in fact
be combined to achieve overall cancellation of an alternating noise like the real
siren.
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Fig. 9: Evolution of two ANC FIRs’ coefficient, one for the 390 and one for
the 660Hz pulse wave: while switching between the siren pitches, note that the
convergence is suspended, not lost.

It is important to reiterate that for the Switching FxNLMS to work, the
cancellation filters W1(z) and W2(z) need to be alternatively enabled/disabled
by a trigger signal that precisely tracks the siren’s pattern. For the tests presented
in this paper, this has been guaranteed by generating the siren internally with
the same hardware that runs the control algorithms. It is understood that a
solution would be needed to synchronise the control board with the real siren,
and ideas on how to detect those changes of pitch proposed in section 8.

6 Setting up the laboratory experiment

In this paper the focus was on implementing the control algorithm in a 1-channel
configuration to demonstrate the working principle of the modifications proposed
for the FxNLMS algorithm. Therefore one control speaker and one error micro-
phone were used, as output and input of the control board, respectively. Figure
10 depicts the scenario:

Real-time target
Custom STM32H7-based-time target board

audio output mic input

10cm

error mic

control speaker
S(z)

head

Independent HW

noise
source

P(z)

ZoS

headrest

Fig. 10: General laboratory setup, used for results of sections 7.1 and 7.2. For the
Switching tests, as explained in this section, the noise source was also connected
to the real time target audio output. Primary and secondary acoustic paths,
P (z) and S(z), ans well as zone of silence, are highlighted.
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A prototype of the driver’s headrest was used to mount the control speaker
and the error microphone, which was placed in the vicinity of where the driver’s
ear would be. A sound-absorbing obstacle was installed in place of where the
head would be. The primary noise source was placed about 1m away from the
headrest, but this parameter is of secondary importance, the system would work
independently of this particular location.

Only for the test where the full bitonal siren was to be cancelled (figure
12) the siren was generated by the same target machine running the control
algorithm, because as already introduced in section 5, the switching algorithm
needs to be synchronised with the siren alternating between the two pulse waves.
For all the other tests, the noise was generated by an independent hardware
and played by the primary noise source, but still synthetically reconstructed, to
enable the reproduction of the individual component of the siren independently.

To carry out measurements of the signals’ spectra, to verify the noise can-
cellation at the specific location (ZoS near the ear position in the headrest), a
precision class 1 measurement chain was used, consisting of a noise signal anal-
yser equipped with a pre-amplifier and pre-polarized class 1 precision capacitive
microphones. In order to account for human perception of relative loudness, all
results of such measurements have been weighted using the A-weighting curve
and are therefore presented as dB(A).

7 Experimental results

The most important result of the experiments has been to demonstrate that
approximately 4.5dB(A) of cancellation can be obtained across the entire spec-
trum of both of siren’s pulse waves, taken independently, by employing selective
harmonic cancellation, using an internally synthesised reference signal, working
with a 1-channel configuration, as shown in figure 11, therefore demonstrating
the effectiveness of FxNLMS with Reference Synthesis.

Equally important has been to demonstrate that we could combine the results
of the individual pulse waves composing the siren to get the system to cancel the
full siren itself in real time, of approximately 2dB(A) across the entire spectrum,
as presented in figure 12a, by only cancelling 1 harmonic component for each
pulse wave, therefore demonstrating the effectiveness of the Switching FxNLMS
algorithm. In figure 12b we present the results of cancelling two major contribu-
tions for each pulse waves, which turned out to provide worse overall cancellation,
but further investigation is necessary to understand this counterintuitive result.
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(a) 390Hz pulse wave, cancelling
780Hz and 1560Hz harmonics:
4.2dB(A), over the full spectrum.
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(b) 660Hz pulse wave, cancelling
660Hz and 2640Hz harmonics:
4.7dB(A), over the full spectrum.

Fig. 11: Noise reduction over the full spectrum, for each pulse wave composing
the siren, obtained by selectively cancelling the most significant harmonics, as
identified in section 3.
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(a) 2nd harmonic for 390Hz pulse
wave (12.8dB(A)), 1st for 660Hz
(6.1dB(A)): 1.9dB(A) over the full
spectrum.
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(b) 2nd and 4th for the 390Hz
(13.3dB(A) and (0.8dB(A)) respec-
tively), 1st and 4th for 660Hz
(8.8dB(A) and (0.8dB(A)) respec-
tively): 0.4dB(A) over full spec-
trum.

Fig. 12: Siren reduction over the complete spectrum (in bracket the cancellation
over each single harmonic) using the full Switching FxNLMS with Reference
Synthesis.

Results of figure 11 were obtained with the FxNLMS algorithm implemented
with Reference Synthesis, running the control on a custom target board based
on the STM32H7 microcontroller, programmed using Simulink. The model was
running at the sample frequency of 17,160Hz, each of the cancellation filters was
of the 10-th order (10 taps) for the individual pulse waves, and the ANC filters
were built in the parallel configuration shown in figure 6a.

Whereas results of figure 12 were obtained with the full Switching variant of
the FxNLMS, using 8-th order ANC filters with the same Reference Synthesis
configuration as above, with the control algorithm running on the same hard-
ware, but this time the siren noise was also internally generated and reproduced
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by the control hardware via a primary speaker connected to the target hard-
ware’s output, to ensure the switching of the control was synchronised with the
switching of the alternatig siren’s tones.

In the following sections results will be presented for more combination of
experiments, and in order to better highlight the ability of the proposed Refer-
ence Synthesis technique to selectively cancel specific harmonics, another set of
results will also be presented, were cancellation is shown on a frequency by fre-
quency basis, rather than over the full spectrum; as calculated via fft processing
using a digital spectrum analyser within the Simulink environment; such results
are expressed in dB, rather than dB(A).
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7.1 390Hz pulse train, 1-channel

In figures 13 and 14 cancellation results of the 390Hz pulse wave are shown.
It is systematically proven that FxNLMS with Reference Synthesis can selec-
tively reduce individual components, by choosing which frequencies to provide
as reference signal xs(n). The test configuration is the same of the experiments
presented in figure 11. Figure 13 displays results measured using a sound level
meter, whereas figure 14 displays the cancellation measured on the single har-
monics the Simulink’s spectrum analyser, for sake of comparison.

1/3 Octave Band Spectrum [Hz]

dB
(A

)

0

10

20

30

40

50

60

70

40 50 63 80 10
0

12
5

16
0

20
0

25
0

31
5

40
0

50
0

63
0

80
0

10
00

12
50

16
00

20
00

25
00

31
50

40
00

50
00

63
00

80
00

10
00

0
12

50
0

16
00

0
20

00
0

ANC OFF ANC ON

(a) 390Hz pulse wave, 1st harmonic can-
cellation: 10.5dB(A).
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(b) 2nd harmonic, 780Hz: 19dB(A).
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(c) 3rd harmonic, 1170Hz: 2.7dB(A).
Also note that the adjacent frequency
band is reduced by 5.6dB(A).
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(d) 1st, 2nd and 3rd harmonic (individ-
ual cancellation 12.3dB(A) 20.5dB(A)
5.2dB(A) respectively), 6dB(A) cancel-
lation over full spectrum.

Fig. 13: Noise reduction over the individual components, selectively cancelling
harmonics of the 390Hz pulse wave (low pitch component of the bitonal siren),
from measurements obtained with the sound level meter.
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RBW=6.83 Hz, Sample rate=14 kHz

(a) 1st harmonic, 390Hz, 25dB individ-
ual cancellation.

(b) 2nd harmonic, 780Hz: 25.4dB.

(c) 3rd harmonic, 1170Hz: 10.5dB. (d) 1st, 2nd and 3rd harmonic, 20.7dB,
19.3dB, 9dB respective individual can-
cellations.

Fig. 14: Noise reduction of individual harmonic components of the 390Hz pulse
wave (low pitch component of the bitonal siren) selectively cancelled, measured
with Simulink’s spectrum analyser.
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7.2 660Hz pulse train, 1-channel

Analogously to the section above, figures 15 and 16 show the results of the
individual 660Hz pulse wave cancellation.
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(a) 660Hz pulse wave, 1st harmonic can-
cellation: 14.5dB(A). Also note that the
adjacent frequency band is reduced by
8.7dB(A).
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(b) 2nd harmonic, 1320Hz: 4dB(A). Also
note that the adjacent frequency bands
are reduced by 3.4 and 2.5dB(A).
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(c) 3rd harmonic, 1980Hz: 7.9dB(A).
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(d) 1st, 2nd and 3rd harmonic (indi-
vidual cancellation -1.6dB(A) 4.0dB(A)
7.6dB(A) respectively), -0.6dB(A) can-
cellation over full spectrum.

1

Fig. 15: Noise reduction over the individual components, selectively cancelling
harmonics of the 660Hz pulse wave (high pitch component of the bitonal siren),
from measurements obtained with the sound level meter.
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(a) 1st harmonic, 660Hz, 25.3dB indi-
vidual cancellation.

(b) 2nd harmonic, 1320Hz: 9.9dB.

(c) 3rd harmonic, 1980Hz: 6.3dB. (d) 1st, 2nd and 3rd harmonic, 22.6dB,
14.2dB, 18.1dB respective individual
cancellations.

Fig. 16: Noise reduction of individual harmonic components of the 660Hz pulse
wave (high pitch component of the bitonal siren) selectively cancelled, measured
with Simulink’s spectrum analyser.
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8 Conclusions

We wanted to overcome the poor cancellation performance we experienced with
complex noises (fast and with long spectrum).

The goal of the work presented in this paper was to improve on a previous
implementation of FxLMS to cancel an ambulance’s siren noise using real time
hardware. Two development to the classic FxNLMS algorithm are proposed
and are proven to be achieving the cancellation task: 1) Reference Synthesis is
applied to internally generate a smoother reference signal that is proven to allow
for selective cancellation of harmonic content of a known noise; 2) Switching
FxLMS is applied to be able to cancel a complex noise that alternates between
two otherwise stationary noise-components.

Both techniques are showing promising results, in deleting single harmonics
up to around 25dB in some of the presented configuration, for the individual
harmonic cancellation, and obtaining cancellation of the order of 5dB across
the whole spectrum of both pulse wave signals under test (the 390 and 660Hz
components of the bitonal siren pitches).

The real time siren noise is also proven to be cancelled, in the vicinity of the
error microphone, in real time, provided that the Switching FxNLMS algorithm
is synchronised with the siren, following the alternating pattern of the low and
high pitch sound.

Future development

With the ultimate intention of having the noise cancelling system installed
aboard an actual ambulance, it is foreseen to further develop the control board
in order to have two dedicated microcontrollers, one for each channel of the stereo
cancellation, installed on an active headrest; each microcontoller will therefore
drive one control speaker with one error microphone. This will also allow the
generation of more synthetic harmonics as reference signal, since the hardware
will double its current capacity, allowing for more broad noise cancellation, which
was currently limited by the amount of FIR filters the algorithm was capable of
supporting, in terms of real time computation capacity. What is more, having
two independent, and simpler, 1-channel ANC blocks had also been identified
as an option since, during tests, it was evident that the cross-secondary paths9

were contributing very little to the cancellation performance, likely because of
the presence of the obstacle (head) in between the channels, reducing the acous-
tic cross-interaction to almost zero.

Reference Synthesis technique will require further studies to better define
how to best implement the creation of the reference signal itself: even though
parallel ANC filters were effective in cancelling the noises in the presented tests,
it would be ideally better if it were possible to reduce the overall number of
adaptive filters needed. This is also necessary because ultimately we should aim

9 The two acoustic paths between control speaker 1 and error microphone 2, and
control speaker 2 and error microphone 1.
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to cancel 5-6 harmonics per pulse wave, and currently the system is not capable
of doing so in a reliable fashion, so improvements and optimisations are necessary
to be able to create a successful practical implementation of the technique here
presented.

Switching FxNLMS technique will require to devise a way to extract the
trigger signal from the siren itself, either from the hardware of the siren itself,
or by pre-processing the siren signal in order to extract the required information
(when is the siren switching between the low and high pitch, and vice versa).
Both options could be comprised of both a hardware and software component
to be added to the system used in this paper.

The cancellation measured in the test here presented was localised in the
vicinity of the error microphone. Especially for higher frequency components,
this is very evident, so for a system that could work on board of an ambulance,
the ZoS must be expanded, the presence of physical microphones in the vicinity
of a driver’s ear is not feasible for health & safety and comfort reasons, so a
virtual microphone solutions should be implemented in order to install the error
microphones safely within the headrest. Having an array of virtual microphones
could potentially help to also solve the expansion of ZoS, but this will require
more investigating.

Finally, once the algorithm would satisfy all the above proposal, it could
be implemented with a lower level programming language, to optimise the code
running on the target hardware and this is believed to further help in improving
cancellation performances.
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