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Abstract

This thesis investigates virtual active noise control (ANC) to attenuate noises

at remote locations. ANC is based on the principle of destructive interference

and has the advantages of high flexibility and easy adaptability, and it can

cancel unwanted low-frequency noises. Conventional ANC algorithms cre-

ate a zone-of-quiet at the location of an error microphone. However, some

applications include physical constraints with regard to the placement of the

error microphone at the desired locations. This thesis provides novel adaptive

solutions to generate a zone-of-quiet at remote locations. A numerical analysis

of an acoustic wave equation provides the basis for the development of closed-

form expressions of the system model on spherical coordinates. The proposed

system model does not require a preliminary identification stage and instead

depends on modelling the transfer function between the error microphone and

the remote zone-of-quiet. Another contribution of this research is to formulate

the influence of psychoacoustics in remote ANC systems so as to minimise the

noise disturbance of human hearing by considering human auditory system

characteristics. A conventional ANC system's performance is compromised

when the impression of audio sensation on the human auditory system does

not match the ANC system's numerical values, which occurs because the

human ear has complex psychoacoustic properties. To improve the perceptual

acoustic impression on the listener's ear, psychoacoustic modelling is here

adopted in the modelling of the remote ANC system. The third contribution
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of this thesis is the development of an adaptive algorithm that cancels the

unwanted narrowband noise at a remote location. The proposed parallel-form

remote ANC algorithm uses a delayless bandpass filter bank to cancel discrete

low-frequency noises. The fourth contribution is the analytical modelling of

a multichannel remote ANC headrest. The theoretical model is derived in an

acoustic domain using the geometrical parameters of the proposed prototype.

The results demonstrate that the proposed system projects the zone-of-quiet

to the listener's ears without the interference of physical error microphone.

In addition to several numerical models and computer simulations, an FPGA

Real-Time experimental setup was implemented through LabVIEW. Several

experiments were also performed to confirm the validity of the proposed

theoretical models.
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Chapter 1

Introduction

1.1 Research Motivation

Sound is a fundamental part of our lives, and it helps us to listen and com-

municate. However, over time, we have realised it is a double-edged sword.

In day-to-day life, we are surrounded by all kinds of sounds, such as music,

speech, bird songs and noise. The sounds that we like and are pleasant to

listen to are usually beneficial to us, while sounds that are unwanted and

interfere with our lives are commonly referred to as noise. For example, while

reading this thesis, you may hear a wide range of sounds that distract your

attention, and you might prefer not to listen to them; these are considered

noises. From a physics point of view, noise is indistinguishable from sound, as

both are constituted by the same atmospheric pressure fluctuations. Therefore,

the differentiation between sound and noise is mainly subjective. A sound to

one person could be a noise to the next. However, noise is more than just an

occasional annoyance, and it affects people negatively in a variety of settings.

In recent times, the rapid growth of industry and transportation has been the

source of a significant increase in noise. Noise pollution is second to air pollu-

tion and has adverse health effects. According to the European Environment

1
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Agency (EEA), long-term exposure to environmental noise is estimated to

cause 48,000 new cases of ischaemic heart disease and contribute to 12,000

premature deaths per year in Europe. It is further estimated that 6.5 million

people suffer high levels of chronic sleep disturbance, and 22 million people

suffer high levels of chronic annoyance due to noise. Overall, environmental

noise is one of the top environmental risks to health. The adverse health effects

of annoyance, sleep disturbance and ischaemic heart disease cause a loss of an

estimated one million healthy years of life every year [1].

This research focuses on finding a solution to acoustic noise, with the aim

being to improve our lives. The de-facto acoustic noise mitigation techniques

are based on passive noise control that scatters and/or dampens acoustic waves.

Applications of this include sound mufflers, acoustic absorbers and insulators.

However, passive noise control techniques require bulky and costly materials

and are ineffective for low-frequency noise. This is because at low frequencies

the acoustic wavelength is large compared with the thickness of the typical

acoustic absorber/insulator. Overcoming this drawback is the major motivation

for developing active noise control (ANC). ANC has been in existence since

the early 20th century, but after the development of adaptive filters [2, 3]

and powerful digital processors [4] in the last two decades, it has received

significant research attention for its potential to reduce low-frequency noise.

Active noise control is one of the most researched subjects in acoustics

and signal processing. ANC is based on the superposition principle, which is

used to cancel unwanted noise through destructive interference. The concept

of ANC is shown in Figure 1.1. ANC systems use sensors and digital signal

processing units to create the anti-noise of a particular noise, which has an

equal magnitude but is opposite in phase. Typical noise sources and acoustic

environments are always time-variant and unknown. Thus, ANC systems use

the power of digital adaptive filters to create anti-noise by manipulating the
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Figure 1.1: Physical concept of active noise control

reference and error signals and compensating for any changes in the system

model's plant. ANC systems use either feedforward, feedback or hybrid control

configurations, depending on the noise's acoustic field and the application.

Details on feedforward, feedback and hybrid ANC structures and algorithms

are given in Section 2 of Chapter 2. ANC has the advantage of high flexibility,

and its success has been demonstrated in the low-to-mid-frequency range

of audible frequencies. ANC earphones, industrial helmets and anti-snoring

earplugs are classic examples of successful applications of ANC.

Though ANC has seen success in low-frequency applications, the noise

cancellation effect is limited to the location of the error sensors, and it dimin-

ishes with increases in distance from the sensors. Further, some applications

include physical constraints regarding the placement of the error sensor at

the desired location. To overcome these issues, several virtual sensing ANC

systems have been proposed in the literature. A review of these virtual sensing

methods is presented in Section 3 of Chapter 2. The advantages of attenuating

the unwanted noise at virtual locations using virtual sensing ANC systems has

opened a new potential avenue for ANC applications. In recent years, there

has been growing research interest in attenuating noise that affects our bodies

physically and physiologically, such as in shared workspaces, aircraft cabins
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Figure 1.2: Concept of spatial zone-of-quiet in open environment

and automobiles [5, 6, 7, 8, 9, 10]. In such locations, a noise-free acoustic

setting is an essential part of a healthy environment. However, achieving a

satisfactory level of noise attenuation over the entire region of such an area

would be impossible, as it would require large numbers of secondary sources

and have high computational complexity. Alternatively, achieving noise at-

tenuation at specific desired spatial points is probably the most appropriate

solution. The concept of a spatial zone-of-quiet in an open environment is

shown in Figure 1.2. In the case of noise attenuation at specific spatial points

in these settings, there are physical constraints regarding the placement of

error microphones at the desired locations. However, noise cancellation can be

achieved by projecting spatial zones-of-quiet to the desired locations.

In this thesis, we thus investigate virtual ANC for the flexible positioning

of zones-of-quiet at the desired locations. Based on the foregoing discussion,

the key question that drives this thesis is as follows:
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How can we achieve a satisfactory level of noise attenuation at a desired

location with no or a minimal amount of hardware interference?
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1.2 Research Methodology

The research methods are grouped into four separate categories. Here, we

provide an overview of the methods and approaches adopted in this thesis.

I. Structure:

As discussed above, virtual sensing active noise control provides the flexibility

to cancel noise at the desired location. However, most virtual sensing ANC

techniques require preliminary identification and are highly sensitive to

changes in the sound field, which adversely affects the ANC performance. To

address these problems, we modelled the transfer function in advance in an

acoustic domain and then adopted it in the feedforward ANC system.

II. Algorithm:

For a general noise field, an adaptive algorithm is the backbone of ANC.

The least mean square (LMS) algorithm and its variants have a predominant

position and are considered the most efficient algorithms for the various

ANC applications. The filtered-x LMS (FxLMS) algorithm is the most widely

used to compensate the electro-acoustic channel, called the secondary path,

between the secondary loudspeaker and the error microphone. Our proposed

adaptive virtual sensing algorithms are based on the existing benchmarked

FxLMS algorithm. The remote controllers are modelled in an acoustic

domain to project the zone-of-quiet at the desired location. New adaptive algo-

rithms are also able to compensate for the influence of these remote controllers.

III. Analytical Model for Adaptive Filtering:

Though virtual ANC is a potential solution to attenuate noise at remote

locations, slow convergence speed and high computational complexity are
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always major issues for virtual ANC algorithms. In our research, we thus

develop an analytical model with low computational complexity that does not

require any additional resources to a single-channel ANC system. Further, the

model is extended to narrowband noises using parallel-form delayless filters.

Parallel-form delayless filters make use of parallel processing to improve

the convergence and computational complexity of virtual ANC systems.

Human psychoacoustics is also one of the essential factors to consider in

the modelling of ANC. Therefore, the presented analytical models of the

psychoacoustic integrated ANC system consider human psychoacoustics

to help cancel unwanted noises while improving the user's acoustic impression.

IV. Experimental Validation:

Practical implementation of the ANC system was necessary to realise the

noise cancellation performance of the theoretical and simulation models.

Experiments for the proposed theoretical and simulation models were therefore

developed and executed in the control system and signal processing laboratory

of the Electrical, Computer, and Software Engineering Department at the

University of Auckland.
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1.3 Thesis Contributions

At the outset of the study, a number of objectives were set forth, with the aim

being to identify, explore and investigate the common elements most often

necessary for virtual/remote ANC systems to create the desired zones-of-quiet.

These elements included a robust adaptive system for virtual ANC, which

does not require a preliminary identification stage and consider the human

psychoacoustics in ANC. The entire study revolved around these essential

elements for virtual ANC systems.

Motivated by the aforementioned problems, in this thesis, we develop an

adaptive solution by considering the predefined elements for creating a zone-

of-quiet at the desired remote location. The performance of the proposed

system and techniques are verified through numerical simulations and exper-

imental studies. The main contributions of this thesis, both in its theoretical

and practical aspects, are as follows:

• A novel adaptive algorithm is proposed for the flexible positioning of

the zone-of-quiet, which includes a closed-form expression to model the

transfer function between the error microphone and the remote zone-of-

quiet. The adaptive algorithm is presented in 3.3.

• A comprehensive analysis of the novel algorithm is derived at multiple

remote locations. The indicative computational complexity analysis of

the proposed algorithm is undertaken, and the algorithm is benchmarked

in 3.4.

• As a further step towards achieving a robust zone-of-quiet, the re-

searchers introduce psychoacoustic considerations into the local ANC

system. However, this requires further investigation, and no one, to the
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best of our knowledge, has previously studied the use of psychoacous-

tics in virtual ANC systems. This thesis aims to determine the influence

of psychoacoustics on virtual ANC systems and goes on to present a

psychoacoustic-integrated virtual ANC system.

• A novel algorithm is proposed to adopt psychoacoustic attributes into

the ANC model at virtual/remote points. Noise weighting filters are

incorporated into the virtual ANC system to improve the audio sensation

in the zone-of-quiet. The proposed algorithm is tested in simulations

and using the experimental setup presented in 4.5.

• This thesis also concerns itself with the issue that the primary noise in

virtual ANC systems usually contains multiple discrete low frequencies.

A narrowband ANC structure is often used as a solution for narrowband

noise. However, no theoretical and closed-form expressions describ-

ing multiple frequencies have been proposed for virtual ANC systems.

We here propose a parallel-form remote ANC algorithm to cancel the

narrowband noise at remote locations. The proposed parallel-form nar-

rowband remote ANC structure is presented in section 5.4.

• A zone-of-quiet-based approach is applicable to the attenuation of un-

wanted noises at desired locations using relatively little computational

resources. In conventional ANC systems, adequate noise reduction can-

not be achieved at locations in which error microphones cannot be

placed, such as the listener's ears while he or she is sitting on a chair.

Therefore, in this thesis, we develop an analytical model of a novel

multi-channel remote ANC headrest, presented in section 6.2, to realise

maximum noise reduction ability near the listener's ears.
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• This thesis demonstrates the validity of the obtained theoretical and

simulation results using a field-programmable gate array (FPGA)-based

real-time experimental setup developed for this research, presented in

7.3.

• A number of journal and conference publications have been extracted

from this thesis, a list of which is available on page viii of the front

matter.
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1.4 Thesis Structure

The structure of this thesis, shown in Figure 1.3, is outlined as follows.

Chapter 2: Literature Review and Background Theory

In Chapter 2, we review the literature on ANC methods and provide a

brief overview of background knowledge concerning ANC and virtual ANC.

We first review conventional ANC structures and classify them according to

the nature of their applications. Then, we focus on the use of virtual ANC

techniques to create a zone-of-quiet at a remote location. To further develop

the remote ANC strategies in later chapters, we highlight the importance of

psychoacoustics in ANC and remote ANC. The theory and methods discussed

in this in-depth literature review form the foundation of the rest of the thesis.

Chapter 3: Single-Channel Remote ANC

Chapter 3 provides the analytical modelling of the novel remote ANC

algorithm. The wave equation is used to drive its closed-form expression in

spherical coordinates. The proposed algorithm does not require a preliminary

identification stage, and it depends on modelling the transfer function between

the error microphone and the remote zone-of-quiet in an acoustic domain.

The developed model is here implemented on an FPGA real-time module for

experimental validation. In the experimental setup, the acoustic noise at the

physical and remote locations is monitored to quantify the noise reduction

characteristics of the proposed algorithm. The results demonstrate that a noise

reduction of 15–18 dB has been achieved, which is an average improvement

of 5–8 dB over the standard ANC model.
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Chapter 4: Psychoacoustic Modelling in Remote ANC

This chapter presents research aimed at minimising the noise disturbance

on human hearing by considering human auditory system characteristics.

The performance of conventional ANC systems is compromised when the

impression of audio sensations on the human auditory system does not match

the ANC system's numerical values, which occurs because the human ear

has complex psychoacoustic properties. This chapter presents a new psychoa-

coustically motivated ANC algorithm to improve our previously proposed

remote ANC system's noise cancellation effect from a perceptual standpoint.

Noise weighting filters are incorporated into the remote ANC to improve the

audio sensation of the residual noise. A theoretical model of the proposed

system is evaluated by a computer simulation and by experiments. For the

evaluation process, the perceptual intensity of sound loudness was selected as

a performance criterion for the psychoacoustic assessment of residual noise.

Chapter 5: Parallel-form Narrowband Remote ANC

As another step towards the generalisation of the remote zone-of-quiet,

in this chapter, we develop a parallel-form remote ANC algorithm that

is able to cancel the unwanted narrowband noise at a remote location. In

many practical ANC applications, the primary noise contains multiple dis-

crete low frequencies. A narrowband ANC structure is often applied to

reduce unwanted noise when the multiple tones have close frequencies. The

proposed parallel-form remote ANC algorithm uses a delayless bandpass

filter bank to cancel the narrowband noises. A parallel-form ANC structure

separates the discrete frequencies into a series of adaptive filters. Then,

the delayless bandpass filter bank is used to split the measured error signal

and use the individual error signals to update the corresponding adaptive filters.
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Chapter 6: Multichannel Remote ANC Headrest

This chapter provides the analytical model of a remote ANC headrest. A

closed-form expression of the multichannel remote ANC system is derived

in the acoustic domain. The proposed system model does not require any

offline training and is able to project the zones-of-quiet to a desired remote

location where the error microphones cannot be placed. The transfer functions

between the secondary source and the desired zones-of-quiet are modelled in

advance. The system model's transfer functions barely change, as the acoustic

behaviour given the proposed arrangement is relatively constant, making the

system stable. Simulation experiments demonstrate that the proposed system

arrangement is able to create a zone-of-quiet at a desired remote location than

the location of the physical error microphone. The results further reveal that

the noise reduction at the desired remote zone-of-quiet is better than that at

the physical error microphone. It was also observed that the overall measured

zone-of-quiet of the proposed multichannel arrangement is larger than that of

the single-channel ANC system.

Chapter 7: Remote ANC Experimental Study

Chapter 7 introduces the experimental setups used for the validation of the

proposed theoretical results. The experiments demonstrate that the theoretical

expressions of the proposed remote ANC algorithms presented in Chapters

3, 4 and 5 are valid in practice. In addition, the experimental implementation

also validates the performance of the proposed simulation models.

Chapter 8: Conclusion and Future Research

Chapter 8 provides concluding remarks and suggests a number of possible

directions for future work.



Chapter 2

Literature Review

Overview: This chapter provides a brief overview of established knowledge

concerning active noise control and virtual active noise control. We first

review conventional ANC structures and classify them according to the na-

ture of their application characteristics. Then, we focus on using virtual

ANC techniques to create a zone-of-quiet at the remote location. To further

develop the remote ANC strategies in later chapters, we highlight the impor-

tance of psychoacoustics to ANC and remote ANC. The theory and methods

discussed in this in-depth literature review form the foundation of the rest

of this thesis.

2.1 Introduction

Active noise control is based on the superposition principle and generates

a secondary noise of equal magnitude but opposite in phase to the unde-

sired noise. Lord Rayleigh made the first experiment on the superposition of

sound in 1878 using two electromechanically synchronised tuning forks [11].

Electro-acoustical research aimed at mitigating unwanted noise by exploiting

the destructive interference of sound began in the 1930s. The first patents

15
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were granted to Henri Coanda [12], though his arguments were acoustically

incorrect. The most widely known patent on ANC using a microphone and an

electronically driven loudspeaker was granted to Paul Lueg in 1936 [13].

In practical applications, ANC performance is mainly dependent on accurate

estimations of the phase, amplitude and frequency of the primary noise signal

[14]. However, the characteristics of acoustic noise sources and physical envi-

ronments are generally time-variant, and active noise control systems must be

adaptive to cope with the variations. Burgess was the first to use an adaptive

filter for active noise control [15]. The most common form of adaptive filter is

the transversal filter. Transversal filters adapt by varying their weight factor

using adaptive algorithms, of which the least mean squares (LMS) algorithm

is the most popular. Widrow and Hoff introduced the LMS algorithm as an

adaptive algorithm in 1959 [2]. To achieve reasonable noise attenuation at a

fast convergence rate, ANC must be digital [15]. The development of advanced

integrated circuits (ICs) and digital signal processing systems has helped to

implement robust adaptive algorithms in real-time. In the late 20th century,

ANC gained significant research interest, and a large number of sophisticated

algorithms were developed and implemented in real-time [16, 17].

Traditional ANC systems generate the zone-of-quiet by mitigating noise at

the physical error sensor location. However, this is unrealistic and ineffective

in some applications when the resulting zone-of-quiet is not at the most desired

location and is even occupied by a physical error sensor. To overcome this

issue, several virtual sensing algorithms have been developed for ANC systems.

In the last decade, virtual and remote ANC has gained significant research

interest, and numerous sophisticated algorithms have been proposed for various

ANC applications. Nevertheless, the development of an efficient virtual ANC

system is still a vast area of open research.
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Further, the ultimate objective of ANC is to minimise the noise disturbance

to the human auditory system. Conventional ANC techniques aim to minimise

noise disturbance using the mean square error (MSE) criterion, which treats

whole frequency ranges identically. In contrast, the human auditory system

has a much more complex nonlinear frequency response. Psychoacoustic mod-

elling is, thus, one of the essential factors to be taken into account in the design

of ANC systems, aiming to imitate the human auditory system in treating

noise. The psychoacoustic notion combines the study of acoustics and human

auditory sensations, revealing that the residual error of conventional ANC

systems has an uneven effect on auditory sensation. Therefore, the objective

of minimising psychoacoustic irritation necessitates improving conventional

ANC.

This chapter provides an in-depth literature review and covers the core
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concept of ANC, categorising the conventional techniques according to their

physical noise-cancelling characteristics. Then, we focus on virtual sensing al-

gorithms and discuss the limitations of existing virtual ANC algorithms. Third,

we discuss psychoacoustics and highlight the importance of psychoacoustics

in ANC based on the existing literature. The structure and contributions of this

chapter are presented in Figure 2.1.
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2.2 Classification of Conventional ANC

Traditionally, ANC is classified into two categories: local ANC and spatial

ANC. In local ANC, the target area is defined locally or at a number of specific

points in space. In spatial ANC, the aim is to achieve noise reduction spatially

in a large space. Overall, spatial ANC seems superior to local ANC, but

physical and practical constraints make it more complicated to implement.

Similar to the zone-of-quiet, the noise source also has two categories: point

source and spatial source. Based on the characteristics of the noise source and

zone-of-quiet, ANC can be classified into four categories.

a) Point-to-Point ANC: Point-to-point ANC is the most efficient and realistic

model, according to which the noise source is positioned in a small area, and

the targeted zone-of-quiet is local.

b) Point-to-Zone ANC: In point-to-zone ANC, the noise source is localised,

and the required zone-of-quiet is spatial. In this condition, the best approach

to mitigate noise is to embed the ANC system in the noise source application

(e.g. engine, turbine, fan or vacuum pump), or at least place it very close to

the noise source. Narrowband ANC and 1× 2× 2 multi-channel ANC are

practised extensively for point-to-zone ANC.

c) Zone-to-Point ANC: Zone-to-point ANC is used when the noise source is

widely distributed (e.g. in offices, bedrooms, aircraft cabins or marketplaces)

and the targeted zone-of-quiet is local. Active headphones, ANC headrests,

ANC pillows, ANC helmets and ANC infant incubators are classic examples

of zone-to-point ANC.

d) Zone-to-Zone ANC: Zone-to-zone ANC is the most challenging of the

four types and requires the most sophisticated model. Usually, a multichannel

system is required for zone-to-zone ANC because the noise is spatially dis-
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Figure 2.2: Physical classification of active noise control

tributed over the region, and the aim is to achieve satisfactory noise reduction

throughout a large area. Spatially distributed noise source components in a

large dimension duct or in an enclosure of an industrial noise field are much

more complex than single-channel point-to-point ANC.

An illustration of this ANC classification scheme is presented in Figure 2.2.

2.2.1 Single-Channel ANC

A single-channel system is the typical system model in active noise control.

The physical mechanism of single-channel ANC is shown in Figure 2.3. Based

on the control configuration, the system model can be divided into three major

categories: feedforward ANC, feedback ANC and hybrid ANC. Single-channel

feedforward ANC uses a single reference sensor, a single secondary source and

a single error sensor, while feedback ANC uses a secondary source and an error

sensor. However, feedback ANC also uses a feedback predictor to synthesise a

reference signal. As the name indicates, hybrid ANC uses a combination of

feedforward and feedback ANC.
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Figure 2.3: Single-channel active noise control

2.2.1.1 Feedforward ANC

An acoustic duct is the best example of point-to-point ANC, which is the

most developed area of active noise control. Lueg's first patent of active

noise control was based on this point-to-point duct model approach. In this

approach, an upstream reference microphone is used to pick up the acoustic

noise signal, which is processed by an electronic system (phase inverter and

delay) to generate an anti-noise with the secondary loudspeaker that is the

same in amplitude but opposite in phase to the primary noise. At the error

microphone's location, these two noises cancel each other out to form a local

zone-of-quiet. This model is called feedforward ANC. Feedforward ANC

controllers have a long history in digital ANC. To achieve satisfying noise

reduction, the electronic system of ANC must be adaptive. An adaptive system

is able to equalise the non-uniform amplitudes and phase responses of the

amplifier, filter and transducers. A large number of studies on this topic were

published in the 1980s. In 1981, Burgess implemented digital adaptive filters

in an ANC acoustic duct [15], and later, in 1984, a frequency domain analysis

of an active acoustic duct was presented by Roure [18]. A practical system
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Figure 2.4: Feedforward active noise control

model for active attenuation in ducts was then presented by Eriksson in 1988

[19]. A diagram of the feedforward structure is shown in 2.4.

As shown in Figure 2.4, the upstream reference microphone is located far

from the zone-of-quiet, where the influence of anti-noise is not considerable.

However, the zone-of-quiet is created at a downstream error microphone. The

reference microphone picks up the unwanted noise propagating down the

system as a reference signal x(n). However, due to the distance between the

reference microphone and the zone-of-quiet, the measured signal x(n) differs

from the ideal reference signal. In a feedforward structure, the primary path is

used to measure the reference signal x(n). The primary path is the response

of the linear digital filter modelled from the ideal reference signal. It should

be noted that the primary path is a hypothetical signal path used to model the

ideal reference signal, unlike the secondary path, which is an actual signal path.

The causality conditions are also an essential factor to consider to achieve

satisfying system performance. After picking the reference signal, the con-

troller takes some time to process and generate an anti-noise signal through the

cancelling loudspeaker. If the electrical delay from the reference microphone

to the loudspeaker is greater than the acoustic delay, this significantly degrades
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the performance of the ANC system. Though it performs well for periodic and

narrowband noise, for broadband noise, it is necessary to model the secondary

path accurately to compensate for the electrical delay and meet the causality

conditions. A large number of secondary path modelling techniques have been

proposed in the literature, of which filtered-x LMS (FxLMS) is the most com-

monly adopted. Morgan originally suggested the FxLMS algorithm based on

the placement of a secondary path estimate ŝ(z) to the filtered reference signal

x(n) [20]. The filtered reference signal x̂(n) is used for the weight update of the

adaptive algorithm. Later, the complete implementation of FxLMS was driven

by Widrow [21]. The FxLMS algorithm has since been widely investigated,

and a complete theoretical convergence analysis of the FxLMS algorithm

is presented in [22]. The effects of imperfect secondary path modelling and

stochastic analysis on the performance of FxLMS-based ANC systems are

presented in [23, 24].

2.2.1.2 Feedback Structure

FxLMS-based feedforward ANC systems use two sensors to attenuate the

noise: a reference sensor and an error sensor. In many real-world applications,

the use of a reference sensor is not a perfect solution, and the sensor usually

consists of a microphone or another type of non-acoustic sensor. These limita-
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Figure 2.5: Feedback active noise control
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tions promote the application of feedback ANC systems that use only an error

sensor. A feedback structure for ANC was first proposed by Eriksson in 1991

[25]. A block diagram of a typical feedback ANC structure is shown in Figure

2.5.

The principle of the feedback structure is to use the measured error signal

to synthesise the reference signal. As shown in Figure 2.5, the synthesised

reference signal x(n) is estimated by a feedback predictor using the measured

error signal e(n). In this case, the reference signal for the next iteration is

based on the current estimation of d(n) [17], where W (z) is the control filter,

and ŝ(n) is the secondary-path estimation of the secondary path s(z). The adap-

tive control filter uses the estimated reference signal x(n) and an error signal

e(n) to generate a control signal y(n). The structure also divides the feedback

ANC system into two loops: an adaptive algorithm loop and controller loop.

However, the interface among these two loops obscures the analysis of the

system. Thus, the feedback system can be modelled as a feedforward sys-

tem by assuming a perfect estimation of the secondary path. In [17, 26] an

extensive frequency domain analysis was carried out under the assumption

that the secondary path estimate is perfect, therefore eliminating the reference

signal synthesis error. Later, Bjarnason suggested using a step size bound

for broadband input and stochastic analysis of feedforward ANC systems

[27]. A steady-state weight update analysis of the adaptive filter for feedback

ANC system was later presented by Sakai [28]. The convergence behaviour

of feedback ANC systems is widely studied. In [29], Wang presented the con-

vergence behaviour and highlighted the effects of secondary path estimation

modelling error and imperfect secondary path estimation between the desired

and synthesised reference signals.
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2.2.1.3 Hybrid ANC

The hybrid structure is a combination of the feedforward and feedback ANC

systems. The feedforward part of the hybrid system is used to evaluate and

cancel the noises correlated with the reference signal, while the feedback part

of a hybrid ANC system only deals with the uncorrelated noises [30]. Overall,

hybrid active noise control structures have been widely studied in the literature

[31, 32, 33, 34]. The principle of hybrid ANC is shown in Figure 2.6.

The secondary signal y(n) is generated using the outputs of both the

feedforward and feedback ANC filters. As shown in Figure 2.6, it has two

reference inputs: x(n) from the reference sensor for the feedforward controller

and d̂(n), the estimated reference signal for the feedback controller. Hybrid

systems with a lower order of FIR or IIR filters have low computational

complexity and achieve the same performance as feedforward and feedback

ANC systems individually. Therefore, hybrid ANC is more suitable for a

number of broadband and narrowband noise-cancelling applications [35, 36].

The modified hybrid model can further improve the performance of the hybrid

system for uncorrelated narrowband noises [37]. Recent studies show that the
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performance of a hybrid ANC system can be improved by online secondary

path modelling [38, 39].

2.2.2 Multi-Channel ANC

In an industrial environment, prolonged exposure to environmental noise, such

as industrial and transportation noise, can lead to severe health risks. Passive

noise control is not always a viable and economical solution to mitigate

these multi-dimensional noises. In such conditions, the noise field is very

complex, and multi-channel active noise control (MC-ANC) systems are

expected to have the capacity to remove multi-dimensional noise. MC-ANC

has been widely studied from the middle of the 20th century on. In 1956,

Conover developed a three-channel active system to mitigate the noise radiated

by a large transformer [40]. The Conover model is based on the manual

adjustment of amplitude and phase. In recent years, MC-ANC algorithms and

techniques have been widely investigated and implemented to limit the noise

pollution in our homes, offices and working environments. The noise reduction

performance and computational complexity of MC-ANC is always a major

challenge for large-scale applications.

Some of the best-known applications of MC-ANC systems are for the

impulsive and tonal noise in automobiles [41], for propeller-induced noise

in helicopter/plane cabins [42, 43] and for heavy moving machinery on a

construction site [44]. Usually, more than one error sensor is needed to achieve

a noise reduction in a large enclosure or automobile cabin. As shown in

Figure 2.7, the MC-ANC system has two reference sensors, two error sensors

and two secondary sources. The computational complexity of the MC-ANC

system increases significantly with increases in the number of adaptive filters

and corresponding secondary path models. In MC-ANC, each error sensor's
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location plays an important role in the correct estimate of total acoustic energy

[45]. One practical approach is to use the secondary source closest to the

primary noise source [17]. In the last decade, many techniques and algorithms

have been suggested for the efficient realisation of MC-ANC systems, of which,

the affine projection algorithm [46], multichannel recursive-least-square [47],

time difference of arrival-based MC-ANC [48, 49], noise source seperation by

microphone arrays [50], and wave field synthesis [51] are famous for achieving

spatial sound field control. The 2D higher-order ambisonics control, sparse

FxLMS and optimised time difference-based reference microphone techniques

are more advanced methods applicable to scattered sound fields [52, 53].

Recently, with the increasing interest in mitigating harmful noise in large

areas, researchers have proposed a number of new promising approaches to

mitigate the noise from an open window or large ventilation system [54]. These

include active soft edge (ASE) and active acoustic shielding (AAS) [55]. AAS

is based on a MC-ANC system and used to attenuate noise passing through

an open window [56]. The basic model of AAS consists of a set of ANC

cells in an array, with each cell having an approximately co-located secondary
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speaker and error microphone controlled by the feedforward FxLMS algorithm.

Initially, AAS was implemented on a small open window with a few cells.

The performance of AAS with moving sound sources, multiple sound sources

and reflected sounds has been extensively studied [56, 57]. Later, researchers

suggested a multi-channel M(1-1)L FxLMS algorithm to enlarge the AAS

window size. In multi-channel M(1-1)L FxLMS, each cell of the AAS array

is controlled by its own reference, as well as all neighbouring error sensors

[58]. Though multi-channel AAS systems cover a large area, they have high

computational complexity. To deal with the computational complexity of MC-

ANC, a decentralised control with multiple control algorithms, M(1,1, L)

FxLMS, M(1-1) MFxLMS and M(1-1-1t) FxLMS, was suggested [59]. AAS

for open windows is another new research area, and the physical limits of

this technique are not clearly defined. It remains to be determined whether

AAS works for large zones/rooms, how many secondary noise sources are

needed, and what the ideal separation distance is among these secondary noise

sources. B. Lam addressed some of these questions using two-dimensional

finite element modelling [60]. Further, in practical implementations of AAS,

the placement of the error microphone is quite challenging and leads to a

number of privacy concerns. Overall, AAS looks to be a very promising

application of MC-ANC systems, and it could become a popular solution for

the cancellation of incoming noise. However, it is still in the very early stages

of its development and has a great deal to prove.

2.2.3 Applications of ANC

ANC Headphones: Wearable listening devices, such as ANC headphones, are

popular and the most commercially successful audio-integrated ANC products

[61]. The concept for such devices originated in 1950, though considerable
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research was done in the mid-1970s and 1980s when Kyle, Williams and Amar

were granted their patents in 1976, 1977 and 1984, respectively [62, 63, 64].

These patents caused the research on ANC headphones to escalate, and the

first commercial ANC headphones were introduced in the late 1980s [65].

Designing ANC headphones is straightforward, though it includes a number

of practical constraints. Generally, an external microphone outside the ANC

headphones’ ear cup is used as a reference microphone to pick the reference

signal. The secondary source is then positioned inside the ear cup to create

a zone-of-quiet around the eardrum, and the error microphone is used to

pick up the residual error. Physical implementation and evaluation of ANC

headphones were presented in [66, 67], and the concept of virtual microphones

was used in [68]. Conventional methods have a number of drawbacks when

the range of the controller coefficients is too large, and it is difficult to obtain

an optimal solution. In addition, it is important to determine the controller

structure along with the number of poles and zeros in advance to achieve

robustness and good performance. Recently, mixed-sensitivity H synthesis &

H2-norm optimisation, along with open-loop pole-zero placement methods,

have been proposed, in which poles and zeros are used to model a controller

transfer function instead of a rational transfer function [69, 70].

ANC Headrest: ANC headphones are used to avoid exposure to unwanted

noise, but wearing this kind of device for a long time can be uncomfortable.

Overcoming this drawback is the primary motivation for the creation of ANC

headrests. The concept of the ANC headrest is quite old. In 1953, Olson and

May carried out research on local ANC by developing a feedback model of

an electronic sound absorber [71]. The performance of ANC headrests on

broadband noises was studied further in [72]. There are a number of difficulties

in implementing such solutions, as the noise source to be mitigated is unknown.
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The targeted location is an open environment, and optimal performance can

be achieved only if the controller is designed to minimise the pressure at a

virtual microphone. Rofaely & Elliot suggested a single-input, single-output

multichannel H2/H feedback controller, but this requires double the com-

putational resources [73]. In 2003, M. Pawelczyk proposed a multichannel

feedback algorithm for ANC headrests [66]. However, his first model requires

four secondary loudspeakers and a large overall structure, which is unsuitable

for practical applications. Later, he suggested a modified algorithm with two

secondary sources [74], which is sufficient for creating a local zone-of-quiet

[75].

ANC Infant Incubators: According to a World Health Organisation (WHO)

report, more than 15 million babies have premature births each year, and

this number is increasing [76]. These premature infants, or ‘preemies’, are

monitored in infant incubators in neonatal intensive care units (NICUs) until

they are fully developed and healthy. An infant incubator is an enclosure with a

transparent section, within which the baby is held. Sensors and devices inside

the incubator monitor the baby's vital statistics along with other parameters,

such as humidity, temperature and oxygen supply. The high level of noise

from these devices and other NICU equipment, such as fans, IV pumps and

warning sounds, can result in adverse health effects for infants. Passive noise

control methods are ineffective at mitigating low frequencies, and they have

a number of implementation constraints, heightening the need for ANC for

infant incubators. Over the last two decades, ANC systems for infant incubators

have been widely investigated, and numerous models have been developed

[77, 78]. Later, such systems were improved further through the integration of

wireless communication and cry classification with ANC techniques [79, 80,

81], providing a better understanding of vital statics and bonding opportunities
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for babies in incubators. Then, wireless communication-integrated ANC was

further improved using hybrid ANC [82].

2.2.4 Characteristics and Limitations of ANC Techniques

Although ANC techniques have the potential to cancel low-frequency noises,

and the principle of the superposition of two sound fields seems straightfor-

ward, the realisation of such systems is a complex process. Many system

components need to be considered in practical applications. Table 2.1 high-

lights the characteristics and limitations of major ANC techniques.
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2.3 Virtual Sensing

Sensing is the perception of a physical event or stimulus. A sensor is a device

that detects and transforms a physical event into a signal that an observer or an

instrument can read. For example, a digital thermometer senses a temperature

change and converts it into a voltage signal that humans can read. Likewise,

a microphone measures acoustic pressure changes and converts them into

electrical signals read by a scope. Sensors can be divided into two categories:

physical sensors and virtual sensors. In many practical applications, physical

sensors are used to sense and measure data. However, physical sensors and

related hardware are expensive, sometimes unreliable and require continuous

maintenance. In addition, physical sensors often provide periodic sensing data

at fixed locations. In some applications, it is unrealistic to place a physical

sensor at the desired sensing location because such sensors tend to be prone to

physical damage and cannot be deployed in all required positions. It is well

known that to sense a physical phenomenon, the collection of local information

is important, but it is by no means necessary. Thus, alternative sensing methods,

such as virtual sensing or remote sensing, can be used to collect data from
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Figure 2.8: Concept of virtual sensing
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virtual locations. These sensing methods have gained significant interest over

the last few decades and are most widely used in control systems, signal

processing and automation.

These techniques use particular process models to take readings and cal-

culate the output for real physical sensors, with virtual sensors being used

to replace temporarily installed sensors. They predict the sensing data in ad-

vance, allowing for predictive control of a system and providing continuous

outputs based on periodic physical sensor measurements. Virtual sensors are

also sometimes used along with physical sensors to provide robustness to the

system when the physical sensor fails or is under maintenance. Virtual sensors

are also known as smart sensors, soft sensors or estimators. The concept of

virtual sensing is explained in Figure 2.8.

2.3.1 Virtual Sensing Active Noise Control

Global noise attenuation is very expensive and impractical in the ANC domain.

Thus, researchers have been attracted to the concept of creating zones-of-

quiet by attenuating noise at the most desirable locations. Traditionally, ANC

techniques create a zone-of-quiet by minimising the acoustic pressure at the

physical error sensor locations. However, in such cases, the created zone-of-

quiet tends to be very small and ineffective. When the physical sensor itself

occupies the zone-of-quiet, the diameter of the 10 dB zone-of-quiet around

the physical error sensor in a conventional ANC system is about one-tenth of

the acoustic wavelength. For example, in a 750 Hz pure-tone sound field, the

zone-of-quiet's radius is limited to 2.2 cm, where (λ ≈ 45.7cm). In addition,

this requires the physical error microphone to be placed at the desired location,

such as the human ear, which is impractical for real applications. To overcome

this, multiple virtual sensing algorithms have been developed to move the zone-
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of-quiet nearer to the desired locations in situations where there are constraints

in physical microphone placement (e.g. virtually placing the error microphone

near the ear positions in automobiles and aircraft cabins) [74, 83, 84, 85, 86].

To achieve optimal noise reduction at the desired location, the placement

of error sensors at appropriate locations is indeed the major design issue

for ANC systems. Error sensors may not end up being positioned at the

optimal positions determined by acoustic theory and requirement specifications.

The electronic muffler is another example of a system that faces such issues.

Electronic mufflers are used to minimise engine noise. However, due to the

high temperature, rapid airflow and corrosive conditions, it is difficult to place

error sensors at the optimal locations. Therefore, in ANC systems, virtual

sensing algorithms estimate the sound pressure virtually at a desired remote

location instead of physical error microphones locations. Such strategies offer

significant improvements over existing ANC schemes working under real-

world constraints. In ANC, the ‘virtual microphone technique’, proposed by

Elliot and David [87], was the first virtual sensing technique. The concepts of

conventional ANC and virtual sensing ANC are presented in Figure 2.9.
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(a) Conventional ANC

(b) Virtual sensing ANC

Figure 2.9: Concepts of actual and virtual sensing active noise control
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Most virtual sensing methods use virtual microphones to create zones-

of-quiet at the desired locations. Typically these zones-of-quiet are further

downstream from the noise source than the actual error microphones. The

virtual sensing techniques used in ANC algorithms can be categorised into two

classes. Class I techniques require a preliminary identification stage, while

class II techniques do not require one.

1) Class I requires a preliminary identification

Class I algorithms require a preliminary identification stage to model the filter's

transfer function, which contains the system model from the physical to the

virtual microphone location. Subsequently, the pre-trained filter will help to

model the output of the ANC controller to obtain optimal noise reduction at

the desired virtual microphone location [88].

2) Class II does not require preliminary identification

Class II methods do not require a preliminary identification stage, as they are

based on the assumption that the change in acoustic pressure in the primary

field is negligible. The acoustic pressure can thus be considered the same at

both the physical and virtual locations. Therefore, such methods are able to

directly predict the sound pressure level at the virtual microphone location

based on acoustical models. The forward difference prediction technique

and the stochastically optimal diffuse field virtual sensing method are both

class II methods. The noise reduction performance of these methods is highly

dependent on the accuracy of the model estimations. Furthermore, they are

only suitable for low-frequency tonal sound fields [89].

A comparative analysis of virtual sensing ANC techniques, along with

their classification, characteristics and limitations, is presented in Table 2.2.
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Table 2.2: Classification of virtual sensing ANC methods

Algorithm
Classification

Class I | Class II
Characteristics Limitations

Virtual micro-

phone arrange-

ment [87]

X Uses the secondary transfer function model to generate

a spatially fixed virtual microphone; makes the assump-

tion that physical and virtual locations have equal sound

pressure; is easiest to implement with an equal number of

physical sensors and error sensors

• Very sensitive to the changes in

the sound field

• Makes the assumption that the

physical and virtual locations have

equal sound pressure

Remote micro-

phone technique

[90, 91]

X Generates a spatially fixed virtual microphone using an

additional matrix filter to obtain a tonal transfer function

via a perfect estimation of theoretically obtained tonal

disturbances at the virtual location based on primary dis-

turbances at a physical microphone

• Very sensitive to the changes in

the sound field

• Requires a strong spatial correla-

tion

Continued on next page
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Algorithm
Classification

Class I | Class II
Characteristics Limitations

Forward differ-

ence [92]

X Fixed gain prediction technique that generates a spatially

fixed virtual microphone by fitting a polynomial to the

signals from a number of physical microphones in an

array

• Very sensitive to phase

• 2nd order estimation is ill-

conditioned

• Relative position error and sensi-

tivity mismatch between the physi-

cal microphones

Adaptive LMS X Generates spatially fixed virtual microphones by employ-

ing the adaptive LMS algorithm and compensates the

relative positioning error. The adaptive LMS algorithm

adopts the weight of physical microphones in an array

to minimise the mean square difference between the pre-

dicted pressure and that measured in the preliminary iden-

tification stage.

• Very sensitive to changes in the

sound field

Continued on next page
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Algorithm
Classification

Class I | Class II
Characteristics Limitations

Kalman filtering

[93, 94]

X Generates a spatially fixed virtual microphone using

Kalman filtering theory to model a compact state-space

model instead of using finite impulse response (FIR) and

infinite impulse response (IIR) filter matrices; provides

an optimal estimation based on known or measured noise

covariance

• Limited to use in low-order sys-

tems

Diffuse field [95] X Uses correlation functions between the physical and vir-

tual sensors to generate stochastically optimal spatially

fixed virtual sensors in a pure-tone diffuse sound field

• Limited to pure-tone diffuse sound

fields

• Fixed gain technique; Perfor-

mance decreases when virtual dis-

tance increases.

Continued on next page
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Algorithm
Classification

Class I | Class II
Characteristics Limitations

Moving remote

microphone [96]

X Uses a remote microphone technique to provide noise

attenuation at the desired location as a virtual microphone

moves by interpolating the virtual error signals at a num-

ber of spatially fixed virtual locations

• Very sensitive to changes in the

sound field

Moving adaptive

LMS [97]

X Provides noise attenuation at the desired location as a vir-

tual microphone moves by interpolating the virtual error

signals at a number of spatially fixed virtual locations

• Very sensitive to the changes in

the sound field

Moving Kalman

filtering

X Implemented as a state-space model instead of FIR and

IIR filter matrices; provides noise attenuation at the de-

sired location as a virtual microphone moves through the

sound field

• Limited to use in low-order sys-

tems

Continued on next page
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Algorithm
Classification

Class I | Class II
Characteristics Limitations

Auxiliary filter

virtual sensing

[98, 99]

X In a preliminary identification stage, the auxiliary filter is

trained to estimate the error signal based on the reference

signal. Then, in the control stage, the error signal picked

up by the error microphone is modified by the output of

the auxiliary filter.

• Only effective when the changes

in primary and secondary paths are

minimal

Selective/Sub-

band virtual

sensing [100]

X In a preliminary identification stage, a frequency band

matching algorithm classifies the reference signal by its

frequency band. In the control stage, the frequency band

of the reference signal is detected, and a selected auxiliary

filter is then turned on while the adaptive control filter is

updated.

• Requires a broader frequency

band rather than a narrow frequency

band; otherwise, the reference signal

may not be matched properly.
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To overcome the constraints of conventional virtual ANC, we revisited

virtual sensing techniques using a coordinate system. The coordinate system

is used to define the sound field at physical and virtual locations. The detailed

theoretical model of the sound field and acoustic environment considered in

this thesis is discussed in Chapters 3, 5 and 6.

2.3.1.1 Coordinate Systems

We used a three-dimensional (3D) spherical coordinate system to define the

wave equation. These coordinates are denoted by d,ϕ and θ and are called the

distance, polar angle and azimuthal angle, respectively. They are defined in

Cartesian coordinates as follows:

d =
√

x2 + y2 + z2 (2.1)

ϕ = cos−1
(

z
d

)
(2.2)

θ = tan−1
(

y
x

)
(2.3)

A(d,ϕ,θ) in a spherical coordinate system is shown in Figure 2.10. The formu-

las for transformation between Cartesian coordinates and spherical coordinates

are as follows:

x =


x

y

z

=


dsinϕcosθ

dsinϕsinθ

dcosϕ

 (2.4)

Here, d is the distance of an arbitrary point A from the origin, and ϕ is

the polar angle, which is the angle between the positive z-axis and point A.

θ is the azimuthal angle made with the x−axis by the projection of point A

into the x–y plane. In a sound field, the sound pressure depends on time and

space. Therefore, the sound pressure at an observation point A in space can

be represented by A = p(r,ϕ,θ ,n). We further discuss the representation of

sound pressure p in the next subsection.
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2.3.1.2 Sound Field

Considering the propagation of the sound wave, the wave equation at an

arbitrary point x and time n can be represented by the following equation:

∇
2 po =

1
c2

∂ 2 po

∂n2 (2.5)

po is the function of the primary noise field at point A, c symbolises the sound

velocity, and ∇2 is the Laplacian operator, which varies depending on the

coordinate system. The Laplacian in spherical coordinates is shown below:

∇
2 po =

1
d2

∂

∂d

(
d2 ∂ po

∂d

)
+

1
d2sinϕ

∂

∂ϕ

(
sinϕ

∂ po

∂ϕ

)
+

1
d2sin2ϕ

∂ 2 po

∂θ 2 (2.6)

In 3D space, it is assumed that the noise source is a monopole source at the

origin. The noise source at the origin should solve with radial symmetry (i.e.

as a wave that only varies with d and not with θ or ϕ). So, let us assume the

following:
∂ po

∂ϕ
=

∂ po

∂θ
= 0 (2.7)

meaning the wave equation in spherical coordinates can be defined as

1
c2

∂ 2 po

∂n2 −
1
d2

p

∂

∂dp

(
d2

p
∂ po

∂dp

)
= 0 (2.8)

1
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� = 0 

𝑥𝑥 

𝑧𝑧 

𝑦𝑦 
𝑑𝑑 

𝜃𝜃 
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Figure 2.10: The illustration of spherical coordinates
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In this thesis, we focus more on the space-dependent part of the sound

field po. Therefore, in the following chapters, the time dependence n of sound

pressure is omitted for notational simplicity. These equations establish a basis

upon which to obtain the noise field's theoretical model at the virtual location

considered in this thesis.
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2.4 Psychoacoustics

Psychoacoustics is the study of auditory physiology and acoustics, establish-

ing a relationship between sound characteristics and the auditory sensations

sound induces (e.g. loudness). Loudness is the subjective indicator of the

perceived sound volume. The feelings that are specifically connected to sound

pressure help us differentiate between soft and loud sounds. The term ‘psy-

choacoustics’ was coined by Gustav Fechner in his book 1860: Elements of

Physophysics [101]. The history of psychoacoustics is very long and goes back

many centuries, and much work has been done on both human and non-human

(animal) psychoacoustics. However, in this study, we focus particularly on

human psychoacoustics as they relate to ANC and virtual ANC systems. Given

the importance of psychoacoustics in ANC, we here summarise the progres-

sion of human psychoacoustics and notable psyachoacousticians covered in

Physiological and Psychological Acoustics (P&P), the largest psychoacoustics

committee within the Acoustical Society of America (ASA).

The concept of psychoacoustics began with the realisation of sound. Aris-

totle was the first person to propose that sound travelled by air, and in the 16th

century, Leonardo da Vinci further realised that these movements occur in the

form of waves [101]. In 1440, da Vinci noted, “if you cause your ship to stop,

and place the head of a long tube in the water and place the outer extremity

to your ear, you will hear ships at a great distance from you” [102]. In the

17th century, Robert Hooke experimented on the rotating wheel to discover

the relationship between pitch and vibrating frequency. When the rotational

speed of the wheel increased, the pitch of the sound also increased. Almost

one and a half centuries later, Felix Savart redefined the experiment on the

wheel to study human hearing. Studies of hearing gained significant interest

in the 18th century, and the study of sound localisation and pitch has had a
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lasting impact on psychoacoustics. In 1711, John Shore invented the tuning

fork to create sound for the study of pitch [103]. Later, Hermann F. Helmholtz

became one of the leading scientists of the 19th century. He was influenced

by Georg Simon Ohm, famous for his work in electricity, and French physi-

cist/mathematician Fourier. Helmholtz used Fourier's theorems to describe a

resonance theory of frequency analysis based on the inner ear, and his book

‘On the Sensations of Tone as a Physiological Basis for the Theory of Music’

had a major influence on psychoacoustics for decades. A translated version of

this book was published by Cambridge University Press in 2009 [104].

Although it was clear for centuries that sound had other characteristics

in addition to pitch, such as magnitude (loudness), until the middle of the

20th century, it was not easy to control and manipulate the magnitude of

sound. Then, in the mid-20th century, Harvey Fletcher made unmatched con-

tributions to psychoacoustics. From 1917–1949, Fletcher worked at Western

Electric and then at Bell Laboratories, at one time serving as the director of

acoustical research. His contributions include the measurement of auditory

thresholds, frequency discrimination, the phon scale of loudness, tone-on-tone

masking and the articulation index. Among his work at Bell Laboratories, the

equal-loudness contours and critical bands are two of the most significant

psychoacoustic contributions. Equal-loudness contours show that perceived

loudness is dependent on both frequency and sound intensity. At the same

time, frequency and sound intensity are independent of each other.

Later, Moore modelled critical bands using a bandpass filter, which imi-

tates the biomedical properties of cochlear processing. Later, German physicist

Eberhardt Zwicker used primarily loudness data to propose critical band mea-

surements on the Bark scale, which represents the bandwidth of Zwicker

critical bands. In the later 20th century, research was driven by advancements

in signal deduction theory, which deals with the deduction of radar and sonar
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signals. A list of notable psychoacousticians and their achievements is pre-

sented in Table 2.3.
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Table 2.3: Notable psychoacousticians and their research contributions

Psychoacoustician Achievements and Awards Research Contribution

Brian C. J.

Moore

• Silver medal 2002

• Gold medal 2014

Moore is an Emeritus Professor of Auditory Perception at the University of

Cambridge. His major research is on the perception of sound and models of

auditory processes, especially loudness and masking.

David M. Green • Silver medal 1990

• Gold medal 1994

• President ASA 1981

Green's major work is on detection theory. Detection theory is treated as a combi-

nation of two theoretical structures: the concept of an ideal observer and decision

theory.

Dixon Ward W. • Helmholtz–Rayleigh sil-

ver medal 1991

• President ASA 1988

Ward's major work is on the subjective octave. He did extensive experiments

on temporary threshold shift and provided a foundation for the phenomenon of

auditory fatigue.

Eberhard

Zwicker

• Silver medal 1987 Zwicker is a German scientist studying acoustics, and his major work is on sound

stimuli and auditory perception in terms of hearing sensations.

Continued on next page
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Psychoacoustician Achievements and Awards Research Contribution

Harvey

Fletcher

• Gold medal 1957 Fletcher developed and demonstrated two separate but related methods of repro-

ducing sound: stereophonic reproduction and binaural sound reproduction.

Ira J. Hirsh • Gold medal 1992

• President ASA 1967

Hirsh is one of the founders of audiology. His work has helped to explain the way

our brain and ears process and interpret sounds, such as speech and music.

Jens P. Blauert • Helmholtz–Rayleigh sil-

ver medal 1999

Blauert is a German scientist specializing in psychoacoustics, electroacoustics

and sound localisation.

Judy R. Dubno • Gold medal 2020

• President ASA 2014

Dubno is a professor in the Department of Otolaryngology at the Medical Univer-

sity of South Carolina in Charleston, and her major research has been on auditory

perception, sensorineural hearing loss, presbycusis and speech recognition.

Karl D. Kryter • President ASA 1972 Kryter is an author of multiple books in psychology, including Physiological,

Psychological and Social Effects of Noise and The Effects of Noise on Man.

Lloyd A. Jef-

fress

• Silver medal 1977 Jeffress was a professor of experimental psychology and is founder of the Jeffress

model, which explains how auditory systems can register and analyse small

differences in the arrival times of sounds at the two ears.

Continued on next page
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Psychoacoustician Achievements and Awards Research Contribution

Neal F. Viemeis-

ter

• Silver medal 2001 Viemeister's major research focus is the relation of basic aspects of human auditory

perception to auditory physiology.

Steven H. Col-

burn

• Silver medal 2004 Colburn's research involves statistical communication theory, the application of

signal processing and the computational modelling of hearing impairments.

William A. Yost • Gold medal 2018

• Silver medal 2006

• President ASA 2005

Yost's research involves auditory perception and psychoacoustics in pitch percep-

tion and sound localisation, including the localisation of sounds in reverberant

environments and virtual auditory environments.

William M.

Hartmann

• Helmholtz–Rayleigh sil-

ver medal 2001

• V-President ASA 1998

• President ASA 2001

Hartmann's major work is on pitch perception, signal detection, modulation

detection and sound localisation.
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2.4.1 Psychoacoustics in ANC

Conventional ANC techniques aim to minimise noise disturbance using the

mean square error (MSE) criterion, which deals with the whole frequency

range identically. At the same time, the human auditory system has a much

more complex nonlinear frequency response, and the residual error of the

ANC system leads to uneven auditory sensations. Hence, psychoacoustic

modelling is an essential factor to be considered in designing ANC systems,

with the aim being to consider the human auditory system in treating noise.

Therefore, the objective of minimising psychoacoustic irritation necessitates

the improvement of conventional ANC. Despite the importance of the human

perception of sound, to the best of our knowledge, no one has studied the

psychoacoustic characteristics of virtual ANC systems. There are a few papers

on adopting psychoacoustic properties in ANC modelling [105, 106, 107].

However, these studies focus on conventional noise-cancelling techniques and

target the error microphone location. Therefore, to improve the noise reduction

at the virtual location, a novel psychoacoustic model is here introduced in

the modelling of a virtual ANC system to match the perceived noise level in

the human auditory system. In particular, noise weighting filters are chosen

as the psychoacoustic component in the virtual ANC system. These filters

are used to quantify human hearing sensitivities to different frequencies. It is

also necessary to note that psychoacoustic analysis uses several parameters for

human auditory system approximation and perceptual evaluations, including

loudness, sharpness, roughness, tonality and pleasantness. Among these, the

perceptual intensity of the sound, ‘loudness’, is the most significant. In our

research, we thus focus primarily on loudness as a criterion to evaluate the

noise reduction performance of the developed ANC system. The proposed

method is presented in Chapter 4, and it is validated by simulations and
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experimental study.
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2.5 Summary

In this chapter, we presented a physical classification of ANC into four cate-

gories based on the noise source and zone-of-quiet characteristics: point-to-

point, zone-to-point, point-to-zone and zone-to-zone. From this perspective, we

comprehensively covered the progress that has occurred in ANC over the last

80 years. However, we focused particularly on introducing the recent research

and development of ANC that has had a significant impact on the performance

of noise reduction in practical applications. We focused on a discussion of

virtual ANC techniques and presented comprehensive details regarding their

classifications, characteristics and limitations. To overcome these limitations,

in Chapter 3, we revisit the virtual sensing techniques discussed in this chapter

and propose a new adaptive algorithm for virtual sensing. The proposed algo-

rithm is extended to parallel-form virtual and multi-channel virtual sensing

ANC in Chapters 5 and 6, respectively. In the present chapter, we discussed

psychoacoustics, presenting the relevant literature and highlighting the im-

portance of the field for ANC modelling. A novel psychoacoustics-integrated

virtual ANC algorithm will be introduced in Chapter 4.

2.6 Related Publications

The classification of ANC literature presented in this chapter has been previ-

ously published in the following paper:

• M. W. Munir, W. H. Abdulla, I. Ardekani, and N. Patel. “Physical

classification and recent developments of active noise control systems”,

In Proceedings of the 9th International Conference on Signal Processing

Systems, pp. 180-187. 2017.
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Single-Channel Remote ANC

Overview: Chapter 3 presents the analytical modelling of the novel remote

ANC algorithm. The modelling of zone-of-quiet is carried out in an acous-

tic domain to drive its closed-form expression in spherical coordinates. The

proposed algorithm does not require a preliminary identification stage and

depends on modelling the transfer function between the error microphone

and the remote zone-of-quiet in an acoustic domain. The computational

complexity is an important factor when implementing the algorithm in real

time. Thus, the proposed algorithm is compared with other virtual ANC

methods to analyse the system's indicative computational complexity. To

quantify the noise reduction efficiency of the proposed system, the designed

model was implemented on an FPGA Real-Time Module. To evaluate the

acoustic noise at physical and remote locations, numerous experiments

were performed using multiple remote locations. The experimental results

demonstrate that a noise reduction of 15–18 dB has been achieved, repre-

senting an average improvement of 5–8 dB over the standard ANC model.

55
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3.1 Introduction

The issue of acoustical noise has become more severe with the rapid growth

of the manufacturing and transportation industries. ANC has the potential

to cancel low-frequency noises and contribute to solving acoustical noise

problems. ANC is based on the principle of superposing two sound fields, with

the aim being to cancel the acoustic noise by generating an ‘anti-noise’ with

equal amplitude and opposite phase. The presence of the two coexisting sound

fields creates a zone-of-quiet at the location of a physical error microphone.

However, in some applications, it is unrealistic and ineffective to achieve

noise attenuation at the error microphone location. Therefore, to achieve more

flexible positioning of the zone-of-quiet, several time-domain and frequency-

domain virtual sensing methods have been suggested in the literature [108,

109, 110, 111, 112, 113, 114].

Further, the ultimate objective of ANC is to minimise the noise disturbance

on human hearing. Therefore, the human perception of sound is another es-

sential factor to be taken into consideration in the design of ANC systems.

The primary objective of the study presented in this chapter is to develop

a new adaptive algorithm able to create a zone-of-quiet at a nearby remote

location with respect to the error microphone while having low computational

complexity. In the next chapter, the proposed adaptive algorithm's analytical

model is extended to include psychoacoustic attributes within the model at

remote points. An outline of the proposed system is shown in Figure 3.1. At

the physical location, the error microphone estimates the residual error at the

remote location based on the physical error signals. It creates a zone-of-quiet at

the desired remote location by minimising the estimated remote error signals.

Serizel et al. [115, 116] previously investigated the zone-of-quiet approach for

active noise control, noise reduction and speech enhancement in hearing aids.
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Figure 3.1: Outline of proposed remote ANC system

Our proposed model uses a typical single-channel feedforward architecture,

which is more straightforward than Serizel et al.'s method because it does not

require the intensive computations associated with matrix inversion. Further,

the proposed system does not require the preliminary identification stage to

model a transfer function from the physical to the remote location, making

it more appropriate for practical applications. The proposed remote FxLMS

algorithm models the transfer function between the secondary source and the

zone-of-quiet in advance and minimises the acoustic noise in a zone away from

the error microphone location. The proposed algorithm was implemented on a

set of Bark frequencies and made to target the central Bark frequency in each

critical band from 100–600 Hz. A comparison of virtual sensing techniques

for a frequency band of 600–1200 Hz is presented in [98].

The main contributions of the work presented in this chapter, in both its

theoretical and practical aspects, are as follows:

• A novel approach is proposed for modelling the transfer function be-

tween a secondary source and a zone-of-quiet at a remote location.
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• A comprehensive analysis of the proposed algorithm is derived at multi-

ple remote locations.

• An indicative computational complexity analysis of the proposed algo-

rithm is undertaken, and the algorithm is benchmarked.

• An FPGA real-time implementation of the proposed algorithm is pre-

sented, and the performance is validated for four different remote zones.

The remainder of this chapter is organised as follows: Sections 3.2 and

3.3 present the analytical modelling of the adaptive ANC and adaptive remote

ANC in both the digital and acoustic domains. Section 3.4 presents a compu-

tational complexity analysis of the proposed system, while the experimental

setup and FPGA real-time implementation are discussed in Section 3.5. Sec-

tion 3.6 presents the experimental results and discussion, while Section 3.7

gives a summary of the chapter and reviews its contributions. Finally, Section

3.8 presents the publication extracted from this chapter.

3.2 Modelling of Adaptive ANC System

In single-channel ANC systems, the zone-of-quiet depends on the noise wave-

length. To achieve a relatively large zone-of-quiet, multichannel ANC is con-

sidered an elementary solution and has been widely studied [117]. To achieve

sufficient noise attenuation in multichannel virtual ANC, the number of error

microphones has to be greater than the number of secondary loudspeakers

[118]. However, this increases the computational complexity of the system,

and, more importantly, there are physical constraints to implementing an array

of error microphones [119, 120] and secondary speakers in small, battery-

powered applications.
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(a) Single-channel ANC system

(b) Functional block diagram of FxLMS-based ANC system

Figure 3.2: Modelling a single-channel (feedforward) ANC system

Figure 3.2 shows the typical layout of a single-channel ANC system. The

single-channel ANC system comprises two microphones, called the reference

and error microphones; a control source; a loudspeaker; and a control system

used to update an adaptive filter. In this diagram, the reference signal x(n)

is processed by the adaptive filter W to generate the cancelling signal y(n)

driven by the loudspeaker to create a zone-of-quiet at the error microphone.

Here, e(n) is the residual error picked up by the error microphone. Further, the

ANC system comprises two physical subsystems, P and S, the primary and

secondary paths, respectively. The problem is that P and S are two unknown

systems modelling the possible reflections, reverberations and uncertainties

associated with the sound propagation. The primary path P models the sound



Modelling of Adaptive ANC System 60

Figure 3.3: Block diagram of FxLMS-based ANC system

propagation from the reference microphone to the error microphone, while the

secondary path S models the propagation of y(n) from the control source to

the error microphone. To create a zone-of-quiet, these two sounds should be

linearly combined to cancel each other.

These conditions have been previously addressed by an adaptive algorithm,

called the filtered-x least mean square (FxLMS) algorithm [21]. The FxLMS

algorithm adjusts W adaptively until it converges to a stable and casual solution

for Wopt . Consequently, the acoustic pressures converge to create a zone-of-

quiet at the location of the error microphone. To develop an adaptive remote

ANC algorithm, the single-channel feedforward control architecture shown in

Figure 3.2b is here analysed in both the digital and physical domains.

3.2.1 Analysis in the Digital Domain

The single-channel ANC system with FxLMS comprises a reference micro-

phone, error microphone and secondary source. The block diagram of the

FxLMS-based ANC system is shown in Figure 3.3. The reference microphone

picks up the reference signal x(n), while the control system uses the filtered

reference signal x̂(n) to update the adaptive filter W until it converges to the

optimal solution, Wopt . While the error microphone picks up the residual error



Modelling of Adaptive ANC System 61

e(n) and uses it as a cost function, the standard FxLMS algorithm updates the

filter's weights w by:

w(n+1) = w(n)+µ x̂(n)e(n) (3.1)

Here, µ is the adaptation step size, and w is the weight vector of length L:

w(n) = [w0(n) w1(n) . . . wL−1(n)]T (3.2)

and

x̂(n) = ŝ(n) ~ x(n) (3.3)

Here [.]T denotes the transpose operation and ~ indicates the linear convo-

lution. x̂(n) is the filtered reference signal of the input x(n), where ŝ(n) is

the estimated impulse response of the secondary path S, and x(n) is the input

signal vector, defined as:

x(n) = [x(n) x(n−1) . . . x(n−L+1)]T (3.4)

Consequently, the FxLMS algorithm updates the weight vector W using Eq.

3.1 and computes a control signal y(n) as:

y(n) = wT (n)x(n) (3.5)

Then, the loudspeaker generates the control signal y(n) in the acoustic domain.

The superposition of the primary and secondary sound fields in the acoustic

domain creates a silent point, generating a small zone-of-quiet around the

location of the error microphone. The optimal solution for W is also formulated

in the acoustic/physical domain.

3.2.2 Analysis in the Acoustic Domain

To study the performance of the FxLMS algorithm in the acoustic domain, the

ANC behaviour is formulated in terms of physical variables. For this purpose,
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Figure 3.4: Spherical coordinate locations. Lp is the primary noise, Ls is the
secondary noise, and Lo is the error mic at the origin.

it is assumed that a monopole primary source, a secondary source ‘anti-noise’

and an error microphone are located at three arbitrary points, Lp, Ls and Lo,

respectively. The locations of Lp, Ls and Lo in a spherical coordinate system

are presented in Figure 3.4.

The origin of the coordinate system is set at Lo, and the primary noise

source can be specified by a radial distance dp, azimuth angle θp and polar

angle ϕp. Similarly, the secondary source location is specified by a radial

distance ds, azimuth angle θs and polar angle ϕs. Considering the propagation

of the sound wave, the wave equation at an arbitrary point can be represented

by:

∇
2 po =

1
c2

∂ 2 po

∂n2 (3.6)

Here, po is the primary noise field, c symbolises the sound velocity, and ∇2

is the Laplace operator, which varies depending on the coordinate system.

For the 3D space, it is assumed that the noise source is a monopole source,

generating a stochastic sound in the acoustic domain, and that the reference

microphone is close to the sound source. The spherically symmetric acoustic

field at the location of an error microphone is then defined as:
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1
c2

∂ 2 po

∂n2 −
1
d2

p

∂

∂dp

(
d2

p
∂ po

∂dp

)
= 0 (3.7)

The primary noise field po at the location of an error microphone Lo can be

simplified as:

po(n) =
1
dp

x
(

n−
dp

c

)
(3.8)

Here, x(n) is the reference signal from the primary noise source. Similarly, the

secondary source qo is assumed to be a monopole source that generates the

control signal y(n) in the acoustic domain. Therefore, the anti-noise field at

the location Lo is defined as:

qo(n) =
1
ds

y
(

n− ds

c

)
(3.9)

The net acoustic pressure at Lo is the superposition of po(n) and qo(n).

e(n) = po(n) + qo(n) (3.10)

According to the superposition principle, a zone-of-quiet can be created at Lo

when the primary signal x(n) and control signal y(n) cause the residual error

e(n) to be zero. The control signal, expressed as yopt , is obtained by setting

Eq. 3.10 to zero after substituting Eqs. 3.8 and 3.9 into Eq. 3.10:

yopt(n) = − ds

dp
x
(

n −
dp−ds

c

)
(3.11)

In the z-domain, this can be expressed as:

Y (z) = kpsz−∆psX(z) (3.12)

Here, X(z) represents the z-transform of x(n), while ∆ps is the time delay, and

kps is the static gain:

∆ps =
dp−ds

c
(3.13)
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kps = − ds

dp
(3.14)

Based on Eq. 3.12, the transfer function of the optimal controller can be written

as:

Wopt(z) =
Y (z)
X(z)

= kpsz−∆ps (3.15)

However, the transfer function of the optimal controller presented in Eq. 3.15

does not consider the uncertainties associated with the sound propagation,

such as reflections and reverberations. Taking this into account, Eqs. 3.8 and

3.9 can be re-expressed as follows:

po(n) =
1
dp

f1(n) ~ x
(

n−
dp

c

)
(3.16)

qo(n) =
1
ds

f2(n) ~ y
(

n− ds

c

)
(3.17)

Here, f1(n) and f2(n) are the two unknown transfer functions used to model

the sound behaviour (i.e. the reflections, reverberations and other uncertainties

associated with the sound propagation). Therefore, a more realistic solution

for Wopt(z) can be derived by substituting Eqs. 3.16 and 3.17 into Eq. 3.10:

e(n) =
1
dp

f1(n)~ x
(

n−
dp

c

)
+

1
ds

f2(n)~ y
(

n− ds

c

)
(3.18)

Now, we perform the same procedure followed for the derivation of Eq. 3.15

and taking the z-transform results in:

Y (z) = kps
F1(z)
F2(z)

z−∆psX(z) (3.19)

where F1(z) and F2(z) are the z-transforms of two unknown transfer functions

f1(n) and f2(n), respectively. The optimal controller transfer function can be

determined by:



Modelling of Adaptive Remote ANC System 65

Wopt(z) =
Y (z)
X(z)

= kps
F1(z)
F2(z)

z−∆ps (3.20)

However, despite obtaining a more realistic model, the direct implementation

of the optimal controller transfer function given in Eq. 3.20 is not possible, as

the values of F1(z) and F2(z) are required to model the acoustical characteristic

of the physical plant. This problem is solved by the adaptive FxLMS algorithm,

which adjusts W adaptively, minimising the power of the residual error e(n).

3.3 Modelling of Adaptive Remote ANC System

A concept of a remote sensing algorithm used to create a silent point near

the error microphone location was presented by the authors in [121]. This

study provides the analytical modelling of a zone-of-quiet at multiple remote

points and validates the model both theoretically and experimentally. The

objective of the remote sensing algorithm is to create a zone-of-quiet at a

nearby remote location Lr on the x-axis, while the error microphone at the

origin Lo remains untouched. The proposed model also overcomes the physical

constraints of conventional virtual ANC algorithms. Conventional virtual

active noise cancelling algorithms [90, 93, 122] are modified using the remote

microphone technique, which requires a preliminary identification stage in

which the physical microphone is temporarily placed at the virtual location to

model the acoustic path from the physical microphone to the virtual location.

In contrast, in the proposed system, the model transfer function is used to

estimate the total error signal at the virtual location using the error signal e(n)

from a physical microphone.

This experimental study considers four cases, with each case using a

different remote location Lr nearby the physical error microphone located at

the origin Lo. The location of the system components in a spherical coordinate
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Figure 3.5: Spherical coordinate locations. Lp is the primary noise, Ls is the
secondary noise, Lo is the error mic at the origin and Lr is the remote location.

system are presented in Figure 3.5, where Lp is the primary noise source, Ls is

the secondary noise source, Lo is the error microphone at the origin and Lr is

the nearby remote location on the x-axis, modelled by distance dr. As shown

in Figure 3.5, in an acoustic domain, the primary sound x(n) is generated by

the noise source, and the control source generates an anti-noise y(n). Here,

dr, θr and ϕr are the radial distance, azimuth angle and polar angle of Lr,

respectively. The primary and secondary sound fields at the remote location Lr

are represented by:

pr(n) =
1

dpr
x
(

n−
dpr

c

)
(3.21)

qr(n) =
1

dsr
y
(

n− dsr

c

)
(3.22)

Here, dpr and dsr are the distances from the primary and secondary noise

locations, respectively, to the remote location Lr. The net acoustic pressure at

Lr is defined by:

er(n) = pr(n) + qr(n) (3.23)
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By substituting the values of pr(n) and qr(n) into Eq. 3.23, the zone-of-quiet

at the remote location Lr can be created when the control signal y(n) causes

er(n) to be zero. The control signal yopt(r)(n) is obtained by setting Eq. 3.23

to zero after substituting Eqs. 3.21 and 3.22 into it.

yopt(r)(n) = − dsr

dpr
x
(

n−
dpr−dsr

c

)
(3.24)

Applying a z-transform to derive the controller transfer function of the remote

location Lr results in the following:

Y (z) = − dsr

dpr
z

dpr−dsr
c X(z) (3.25)

Wopt(z) =
Y (z)
X(z)

= − dsr

dpr
z

(
dpr−dsr

c

)
(3.26)

Similar to Eq. 3.15, the optimal controller transfer function for the remote

location in Eq. 3.26 does not consider the uncertainties associated with the

sound propagation, such as reflections and reverberations. Eqs. 3.21 and 3.22

can be re-expressed as follows:

pr(n) =
1

dpr
f1r(n) ~ x

(
n−

dpr

c

)
(3.27)

qr(n) =
1

dsr
f2r(n) ~ y

(
n− dsr

c

)
(3.28)

Here, ~ is the linear convolution operator, and f1r(n) and f2r(n) are the

two unknown transfer functions used to model the sound behaviour (i.e. the

reflections, reverberations and other uncertainties associated with the sound

propagation). The control signal ỹopt(n) can be obtained by substituting Eqs.

3.27 and 3.28 into Eq. 3.23.

er(n) =
1

dpr
f1r(n)~ x

(
n−

dpr

c

)
+

1
dsr

f2r(n)~ y
(

n− dsr

c

)
(3.29)
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It is assumed that f1r(n)≈ f1(n) and f2r ≈ f2(n) because dr is far shorter than

ds and dp.

er(n) =
1

dpr
f1(n)~ x

(
n−

dpr

c

)
+

1
dsr

f2(n)~ y
(

n− dsr

c

)
(3.30)

By taking the Z-transform, the control signal Ỹ (z) can be defined as:

Ỹ (z) = − dsr

dpr

F1(z)
F2(z)

z
−

(
dpr−dsr

c

)
X(z) (3.31)

Here, F1(z) and F2(z) are the z-transforms of the two unknown transfer func-

tions f1(n) and f2(n), respectively, and the optimal controller transfer function

at the remote location can be defined as:

W̃opt(z) =
Y (z)
X(z)

=− dsr

dpr

F1(z)
F2(z)

z
−

(
dpr−dsr

c

)
(3.32)

Based on Eq. 3.31, the transfer function can be expressed as:

W̃opt(z) =
Y (z)
X(z)

=−K̃ps
F1(z)
F2(z)

z−∆̃ps (3.33)

Here, K̃ps (static gain) and z−∆̃ps (time delay) are given by:

K̃ps = − dsr

dpr
(3.34)

∆̃ps =
dpr−dsr

c
(3.35)

Direct implementation of the optimal controller transfer function for the

remote location is not possible, as the values of F1(z) and F2(z) are required to

model the acoustical characteristic of the physical plant. Alternatively, it can

be achieved by using adaptive algorithm to estimate the W̃opt(n). However, the

FxLMS algorithm cannot be used as an adaptive algorithm because it requires

that a physical error microphone to be placed at the desired location. Our

objective is to create a zone-of-quiet not at the error microphone location but
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Figure 3.6: Block diagram of adaptive remote FxLMS

at a nearby remote location. Thus, a new adaptive remote algorithm has to be

developed to target the desired remote zone-of-quiet. A block diagram of the

adaptive remote algorithm, called remote FxLMS, is shown in Figure 3.6.

3.3.1 Controller Identification of Location 1:

To obtain the optimal controller identification, it is essential to understand the

system model for each individual case. Therefore, for location 1, the positions

of the error microphone and desired remote zone-of-quiet are illustrated in

spherical coordinates in Figure 3.5. Here, the error microphone is placed at the

origin Lo to estimate the residual error er(n) at the nearby remote location Lr.

The zone-of-quiet is at the remote location Lr, located on the x-axis at a radial

distance of dr = 08 cm from the origin. The azimuth angle θr is zero, and the

polar angle ϕr is π

2 . Thus, dpr and dsr can be formulated using the distance

formula:

dpr =
√

(dr +dpsinϕp)2 +(dpcosϕp)2 (3.36)

dpr =
√

d2
r +d2

p +2drdpsinϕp (3.37)

Similarly,

dsr =
√

d2
r +d2

s +2drdssinϕs (3.38)
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For dr << dp and dr << ds,

dpr ≈
(

dp +drsinϕp

)
≈ dp

(
1+

dr

dp
sinϕp

)
(3.39)

dsr ≈
(

ds +drsinϕs

)
≈ ds

(
1+

dr

ds
sinϕs

)
(3.40)

Now, the static gain K̃ps can be formulated as:

K̃ps = − ds

dp

(
1+ dr

ds
sinϕs

1+ dr
dp

sinϕp

)
(3.41)

Similarly, the time delay ∆̃ps can be formulated as:

∆̃ps =
dp +drsinϕp − ds−drsinϕs

c
(3.42)

∆̃ps =
dp−ds + dr(sinϕp− sinϕs)

c
(3.43)

The values of K̃ps and ∆̃ps are then substituted from Eqs. 3.41 and 3.43 into

Eq. 3.33:

W̃opt(z) =
Y (z)
X(z)

=− ds

dp

(
1+ dr

ds
sinϕs

1+ dr
dp

sinϕp

)
F1(z)
F2(z)

z
−

(
dp−ds+dr(sinϕp−sinϕs)

c

)

(3.44)

Simplifying Eq. 3.44, the optimal controller transfer function for creating a

zone-of-quiet at a nearby remote location can be defined as:

W̃opt(z) =
Y (z)
X(z)

=− kpsKρ

F1(z)
F2(z)

z−(∆ps+∆ρ ) (3.45)

Now, by substituting the value of Wopt(z) from Eq. 3.20 to Eq. 3.45, we obtain:

W̃opt(z) = Kρz−∆ρWopt(z) (3.46)
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Here, Kρ is the static gain, and ∆ρ represents the time delay of the remote

controller transfer function.

Kρ =
1+ dr

ds
sinϕs

1+ dr
dp

sinϕp
(3.47)

and

∆ρ =
dr(sinϕp− sinϕs)

c
(3.48)

Thus, Eq. 3.46 can be expressed as:

W̃opt(z) = ρ(z)Wopt(z) (3.49)

Here, W̃opt(z) is the series combination of the remote controller transfer func-

tion ρ(z) and traditional ANC controller Wopt(z), where ρ(z) is given by:

ρ(z) = Kρ z−∆ρ (3.50)

The transfer function of the optimal controller to minimise the noise at the

remote location is given in Eq. 3.49. Note that, traditionally, the transfer

function of the ANC controller Wopt(z) would have minimised the noise at

the location of an error microphone. However, in the remote ANC system,

the goal is different. In the proposed system, the ANC controller Wopt(z) is

integrated with the remote controller ρ(z) with the aim of minimising the

noise at a remote location far from the error microphone. The integration of

the remote controller into the FxLMS algorithm leads to the derivation of a

new adaptive algorithm: the remote FxLMS algorithm.

3.3.1.1 Remote FxLMS Algorithm in the Digital Domain

The remote FxLMS algorithm will be identical to the FxLMS algorithm and

able to arrive at an estimate of Wopt(z) if the reference and error signals fed to

its updated equation are identical to those fed to the original FxLMS algorithm.
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The control signal of the remote FxLMS algorithm is identical to the original

equation except that the error signal is interpreted by an updated remote

controller ρ(z). To compensate for the influence of the remote controller ρ(z),

an updated FxLMS equation is implemented to adaptively identify an estimate

of W̃opt(z). The updated remote FxLMS algorithm is expressed as follows:

w(n+1) = w(n)+µ{e(n)+∆e(n)}xS(n) (3.51)

Here, ∆e(n) is the difference between the error signal of the physical location

and the remote location, and µ is the step size that determines the convergence

speed of the adaptive algorithm. The complete modelling of the remote FxLMS

algorithm in the digital domain is discussed in Section 4.3 of Chapter 4.

3.3.2 Controller Identification of Location 2:

For the 2nd location, the positions of the error microphone and desired zone-

of-quiet are illustrated in spherical coordinates in Figure 3.9(a). Here, the

error microphone is kept at the origin Lo and estimates the residual error er(n)

at the nearby remote location Lr. However, the remote location Lr is moved

to a new radial distance dr of 12 cm from remote to origin along the x-axis.

The azimuth angle θr and polar angle ϕr remain unchanged. Therefore, the

adaptive identification of the optimal controller for location 2 remains the

same as that for location 1 in that the new distance dr is still much shorter

than the distances ds and dp. Thus, the static gain Kr and time delay ∆r are

the same as expressed in Eqs. 3.47 and 3.48, respectively, while the remote

transfer function in Eq. 3.49 remains the same and is implemented exactly as

it was for location 1.
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3.3.3 Controller Identification of Location 3:

For the 3rd location, the position of the error microphone and desired zone-

of-quiet are illustrated in spherical coordinates in Figure 3.10(a). Here, the

error microphone is kept at the origin Lo. However, the remote location Lr is

relocated on the x-axis to a radial distance dr of 08 cm from the origin. The

azimuth angle θr is 0, and the polar angle ϕr is π/6. Therefore, dpr and dsr

can be calculated using the trigonometric formula for a triangle, as shown in

Figure 3.10(a).

dpr =
√

d2
p +d2

r −2dpdrcos(ϕp +ϕr) (3.52)

dsr =
√

d2
s +d2

r −2dsdrcos(ϕs +ϕr) (3.53)

For dr << dp and dr << ds,

dpr =

(
dp−drcos(ϕp +ϕr)

)
= dp

(
1− dr

dp
cos(ϕp +ϕr)

)
(3.54)

dsr =

(
ds−drcos(ϕs +ϕr)

)
= ds

(
1− dr

ds
cos(ϕs +ϕr)

)
(3.55)

Now, K̃ps can be formulated as:

K̃ps = − ds

dp

(
1− dr

ds
cos(ϕs +ϕr)

1− dr
dp

cos(ϕp +ϕr)

)
(3.56)

Similarly, ∆̃ps can be formulated as:

∆̃ps =
dp−drcos(ϕp +ϕr) − ds +drcos(ϕs +ϕr)

c
(3.57)

∆̃ps =
dp−ds − dr(cos(ϕp +ϕr)− cos(ϕs +ϕr))

c
(3.58)

Using the same logic as above, we would again obtain Eq. 3.45.

W̃opt(z) =
Y (z)
X(z)

=− kpsKρ

F1(z)
F2(z)

z−(∆ps+∆ρ ) (3.59)
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However, in this case the static gain Kρ and time delay ∆ρ are defined as:

Kρ =
1− dr

ds
cos(ϕs +ϕr)

1− dr
dp

cos(ϕp +ϕr)
(3.60)

∆ρ =
−dr(cos(ϕp +ϕr)− cos(ϕs +ϕr))

c
(3.61)

Now, by substituting Eqs. 3.60 and 3.61 into Eq. 3.49, it is updated for the new

optimal remote transfer function for location 3.

3.3.4 Controller Identification of Location 4:

For the 4th location, the position of an error microphone and desired zone-of-

quiet are illustrated in spherical coordinates in Figure 3.11(a). Here, the error

microphone is kept fixed at the origin Lo. However, the remote location Lr is

relocated on the x-axis to a radial distance dr of 08 cm from the origin. The

azimuth angle θr is 0, and the polar angle ϕr is 5π/6. In this case, dpr and dsr

are defined as follows:

dpr =
√

d2
p +d2

r +2dpdrsin(ϕp +ϕr) (3.62)

dsr =
√

d2
s +d2

r +2dsdrsin(ϕs +ϕr) (3.63)

For dr << dp and dr << ds,

dpr =

(
dp +drsin(ϕp +ϕr)

)
= dp

(
1+

dr

dp
sin(ϕp +ϕr)

)
(3.64)

dsr =

(
ds +drsin(ϕs +ϕr)

)
= ds

(
1+

dr

ds
sin(ϕs +ϕr)

)
(3.65)

Now, K̃ps and ∆̃ps can be formulated as:

K̃ps = − ds

dp

(
1+ dr

ds
sin(ϕs +ϕr)

1+ dr
dp

sin(ϕp +ϕr)

)
(3.66)
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∆̃ps =
dp +drsin(ϕp +ϕr) − ds−drsin(ϕs +ϕr)

c
(3.67)

∆̃ps =
dp−ds + dr(sin(ϕp +ϕr)− sin(ϕs +ϕr))

c
(3.68)

By following the same steps as above, W̃opt(z) would be derived as Eq. 3.45.

W̃opt(z) =
Y (z)
X(z)

=− kpsKρ

F1(z)
F2(z)

z−(∆ps+∆ρ ) (3.69)

However, in this case the static gain Kρ and time delay ∆ρ are defined as:

Kρ =
1+ dr

ds
sin(ϕs +ϕr)

1+ dr
dp

sin(ϕp +ϕr)
(3.70)

∆ρ =
dr(sin(ϕp +ϕr)− sin(ϕs +ϕr))

c
(3.71)

Now, by substituting Eqs. 3.70 and 3.71 into Eq. 3.49, it is updated for the new

optimal remote transfer function for location 4.

3.4 Computational Complexity Analysis

This section provides an analysis of indicative computational complexity of

various virtual and remote ANC methods. Computational complexity is an

important factor when implementing an algorithm in real time. The high com-

putational complexity of virtual ANC algorithms also leads to high power

consumption, making them difficult to implement in battery-powered applica-

tions. The computational complexity of adaptive ANC architectures is analysed

according to three main stages: (a) updating the controller weight, (b) filtering

the signal through the estimated secondary path and (c) generating the control

signal. A theoretical computational complexity comparison of four virtual

sensing methods is here undertaken.
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3.4.1 Virtual FxLMS

The conventional virtual ANC algorithm uses a remote microphone technique

to estimate the acoustic pressure at a virtual location ev using an error signal

from a physical microphone ep. The remote microphone technique requires

a preliminary identification stage. In the preliminary identification stage, a

physical error microphone is temporarily placed at the virtual location to model

the primary transfer function Ĥ(z) between the physical and virtual location

as a matrix of FIR and IIR filters. The secondary transfer functions of the

physical and virtual locations, Ŝp(z) and Ŝv(z), respectively, are also measured

in the preliminary identification stage. Overall, the remote microphone-based

virtual FxLMS algorithm requires one cross correlation and five convolution

operations. The forward-path ANC filter and cross-correlation operation used

to update the controller weight are of length M, while the rest of the four

convolution operations are of length L. The cross-correlation operation used to

update the weights of the ANC filter uses M multiplications and M additions,

while a convolution operation of length M requires M multiplications and

M−1 additions. At the same time, a convolution operation of length L requires

L multiplications and L−1 additions. In the time domain, the weights of an

adaptive ANC filter are updated in real time on the sample by sample bases.

Hence, the total multiplications and additions required by each sample are

2M + 4L and 2M + 4L− 5, respectively. Further, conventional virtual ANC

is limited to the frequency band of the primary noise and fails to reduce the

noise from broader frequency bands in its control stage. This problem has been

addressed by implementing a selective virtual sensing technique presented in

[100], but the solution requires a training stage to model the bank of auxiliary

filters in the sub-band structure.
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3.4.2 Frequency-Domain Virtual FxLMS

Here, we consider the same virtual FxLMS algorithm in the frequency domain.

In the frequency-domain virtual FxLMS algorithm, four of the five correlation

and convolution operations of virtual FxLMS are implemented in the frequency

domain. In this case, the ANC is an adaptive FIR filter of length M, and all

estimated acoustic paths Ŝp, Ŝv and Ĥ are fixed FIR filters of length L, where

L and M are powers of two. In this case, both L and M can compute a Fourier

transform. The Fourier transform is implemented using fast Fourier transform

(FFT ), and the inverse Fourier transform is implemented using inverse fast

Fourier transform (IFFT ). An FFT of length M uses 2Mlog2(M) real mul-

tiplications and 2Mlog2(M) real additions. In this case, at every Lth sample,

the algorithm uses four sets of 2L complex multiplications, two sets of L real

additions and seven sets of 2L−FFT s. After the Mth sample, the computation

reaches a set of 2M complex multiplications, a set of M real additions and

three sets of 2M−FFT s. However, each complex multiplication is equal to

four real multiplications and three real additions [110]. Thus, over a period of

M samples (M = 2nL, where n is a positive definite integer), the total number

of real multiplications and additions will be M[20log2(L)+12log2(M)+80]

and M[20log2(M)+12log2(M)+72], respectively. The computational power

of frequency-domain virtual ANC at the Lth and Nth sample periods is much

higher than that in their time domain counterparts. However, various techniques

have been proposed in [110] to overcome the computational complexity, but

most of them are based on block processing, which includes some inherent

processing lag.
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3.4.3 Wave-Domain Approach

The use of wave-domain signal processing techniques to cancel low-frequency

noises has been widely studied in recent years [52, 123, 124]. The principle

of wave-domain signal representation is based on fundamental solutions of

the Helmholtz wave-equation, or the eigen-solutions of the acoustic wave

equation, which are used as a function to express a wave field over a spatial

region. Wave-domain ANC also adopts block-wise operation, decomposing

the noise field into wave-domain coefficients and transforming the microphone

measurements to the time-frequency domain. Instead of minimising the sum

of squared error signals, it tends to minimise the harmonic coefficients, which,

in turn, control the spatial region of interest. The computational complexity of

wave-domain ANC is calculated based on three stages: the number of FFT

operations, the wave-domain transform and the wave-domain processing. A

wave-domain method designed to cancel tonal noises is presented in [123].

To calculate the computational complexity, we can suppose a wave-domain

ANC system having P secondary sources, Q error sensors and K modes.

The tap-weight length of the ANC filter is M, and the length is the same

for the FFT operation. Hence, the FFT operation requires (MlogM(P +

Q)) multiplications and MlogM(P+Q) additions. Here, the wave-domain

transform requires K(P+Q) multiplications, and the wave-domain processing

requires K2(2∆+1) multiplications. Wave-domain ANC also requires an array

of error microphones and loudspeakers, and its computational complexity

varies significantly with the number of secondary sources and error sensors.

Further, the method suffers from processing lag due to the block-wise operation.

However, this problem can be addressed using distributed wave-domain ANC

[125].
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3.4.4 Proposed Remote FxLMS

The aim of the proposed algorithm is to create a zone-of-quiet at a remote

location without using a large space to arrange an array of microphones and

without a preliminary identification stage. The transfer function of the optimal

controller used to create a zone-of-quiet at a remote location is first derived

in an acoustic domain. The controller is always stable and causal because it

has a pure-delay impulse response with a positive semi-definite time delay.

The optimal controller is introduced to re-model conventional FxLMS to

achieve noise attenuation at the remote location, and the resulting algorithm is

called remote FxLMS. The proposed structure does not require any additional

hardware components aside from those required by a typical single-channel

feedforward ANC system. Overall, the proposed remote FxLMS algorithm

requires three convolution operations and two cross-correlation operations.

The forward-path ANC filter, along with two cross-correlation operations with

independent error signals, is used to update the controller's weight, which

has length M. Here, one of the convolution operations has length M, and the

remaining two have length L and are responsible for tuning the ANC weight.

The two cross-correlation operations used to update the weights of the ANC

filter use M+1 multiplications and M additions, and the convolution operation

of length M requires M multiplications and M− 1 additions. At the same

time, the convolution operations of length L require L multiplications and

L− 1 additions. The remote FxLMS updates the filter weights in real time

on a sample-by-sample basis. Hence, the total multiplications and additions

required by each sample are 3M+2L+2 and 3M+2L−3, respectively.

An outline of the computational complexity analysis is presented in Ta-

ble 3.1. In the presence of tonal and narrowband noise, the proposed remote

FxLMS algorithm has low computational complexity. In contrast to virtual
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Table 3.1: Computational complexity of virtual ANC systems

Method No. of Multi. No. of Add.

Virtual FxLMS 2M+4L 2M+4L−5

Freq. Domain Virtual

FxLMS

M[20log2(L)+

12log2(M)+80]

M[20log2(L)+

12log2(M)+72]

Wave-Domain ANC
MlogM(P+Q)+K(P

+Q)+K2(2∆+1)
MlogM(P+Q)

Remote FxLMS 3M+2L+2 3M+2L−3

FxLMS, the proposed remote algorithm does not require a preliminary iden-

tification stage. Unlike the proposed algorithm, frequency-domain ANC and

wave-domain ANC are based on block processing. Block processing algo-

rithms have inherent delay equal to the size of block length, and thus, they

include processing lag, which deteriorates the performance of the virtual ANC

system. In contrast, the proposed remote ANC algorithm comprises a standard

FxLMS algorithm, has zero processing lag and low computational complexity

and does not require inverting and computing matrices.

3.5 Simulation and Experimental Realisation

The proposed single-channel remote ANC algorithm was implemented in

a simulation and in an experimental setup. In particular, the algorithm was

implemented on the Bark frequency spectrum and targeted the central Bark

frequency in each critical band from 100–600 Hz. First, it was implemented

in MATLAB to investigate the realisation of noise cancellation ability. The

simulation results of the proposed algorithm can be found in Appendix B. The

controller adaptation and residual noise at the remote location are shown in

Figure B.1. The algorithm was also tested on multiple step sizes. The learning
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curve of the proposed remote algorithm at various step sizes is shown in Figure

B.2. After obtaining and compelling results from the simulation, the proposed

algorithm was extended to hardware implementation.

The experimental setup for the proposed remote algorithm was imple-

mented using a duct model, and the overall system response at four distinct

remote locations was observed. Figure 3.7 shows the duct model with the

actual measurements, along with illustrations of the primary and secondary

sources. It also presents the implementation parameters and illustrates the

location of the error microphone and the nearby remote locations. The overall

dimensions of the duct L×W ×H were defined as 210× 18× 21 cm, and

it was constructed using medium-density fibreboard (MDF). The interior of

the duct was insulated with a 5 mm thick mat. The primary sound source (a

loudspeaker) was placed at one end of the duct, while the other end was kept

open. The locations of the error microphone and remote points are shown in

Figure 3.7.

The distance between the reference microphone and the secondary noise

source was 130 cm, which is far greater than the calculated value of Lmin,

which was obtained as follows:

Lmin > cδE

Here, c is the sound velocity in the air, and δE is the electrical delay, which

can be expressed as:

δE = δW + δT

Here, δW is the group delay of the ANC controller W (z), while δT denotes

the cumulative delay experienced in the digital–analogue (D/A) and ana-

logue–digital (A/D) converters, reconstruction filter, power amplifier and loud-

speaker.
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The cumulative effect of all these transfer functions is considered in S(z),

which represents the secondary path. To compensate for the effects of S(z), the

secondary path modelling was performed offline using the system identification

approach on a Laboratory Virtual Instrument Engineering Workbench (Lab-

VIEW) National Instrument (2017). Real-time implementation of the remote

FxLMS algorithm was carried out using the National Instrument Single-Board

RIO (SbRIO-9627). Single-Board RIO is based on the LabVIEW RIO archi-

tecture, featuring a reconfigurable FPGA and I/O interface that provides a

compact and fast solution for advanced digital signal processing applications.

The complete hardware implementation for the remote FxLMS algorithm is

discussed in Chapter 7.
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Figure 3.7: Experimental duct model with actual measurements and illustrations of each component location
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3.6 Experimental Results and Discussion

The experimental results on the remote FxLMS algorithm are presented for

four distinct remote locations, and each location is presented separately (i.e.

as location 1, location 2, location 3 and location 4). The experiment was

conducted on the set of Bark frequencies, and the central Bark frequency in

each critical band from 100–600 Hz was targeted, including 150, 250, 350, 450,

and 570 Hz. To help with interpretation, the locations of the error microphone

and desired zone-of-quiet were outlined in spherical coordinates, as shown in

Figures 3.8(a), 3.9(a), 3.10(a) and 3.11(a). Further, these figures illustrates the

acoustic pressure dB at each frequency for the entire set of chosen frequencies.

In the spherical coordinates, the physical error microphone at the origin Lo is

represented by the colour red, while the nearby targeted remote location Lr is

represented by the colour green. Likewise, in the graphs, the acoustic pressure

at the origin Lo is represented by red lines, while green lines represent the

acoustic pressure at the nearby remote location Lr.

Throughout the experiment, the acoustic pressure at a physical and remote

point was also recorded manually, in addition to the LabVIEW FPGA execu-

tion. The manual readings of the physical and remote acoustic pressure in all

four cases were taken using a sound meter (CEM 8551). Table 3.2 presents

these manually recorded values along with the cumulative average of all four

locations. The data is then presented in a graph shown in Figure 3.12, validat-

ing the overall efficiency of the adaptive algorithm. The horizontal axis in the

graph represents the set of Bark frequencies, while the vertical axis indicates

the noise level dB. The solid lines indicate the acoustic pressure when ANC

was off, while the dotted lines indicate the acoustic pressure when ANC was

operational. For the case with ANC in the off state, the acoustic pressure at the

physical location is represented by a solid red line, while the acoustic pressure
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Figure 3.8: (a) Coordinates of location 1. The radial distance dr is 08 cm, the
azimuth angle θr is 0, and the polar angle ϕr of Lr is π/2. (b–f) Experimental
results on the bark frequency scale: (b) 150 Hz, (c) 250 Hz, (d) 350 Hz, (e)
450 Hz and (f) 570 Hz
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Figure 3.9: (a) Coordinates of location 2. The radial distance dr is 12 cm, the
azimuth angle θr is 0, and the polar angle ϕr of Lr is π/2. (b–f) Experimental
results on the Bark frequency scale: (b) 150 Hz, (c) 250 Hz, (d) 350 Hz, (e)
450 Hz and (f) 570 Hz
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Figure 3.10: (a) Coordinates of location 3. The radial distance dr is 08 cm, the
azimuth angle θr is 0, and the polar angle ϕr of Lr is π/6. (b–f) Experimental
results on the Bark frequency scale: (b) 150 Hz, (c) 250 Hz, (d) 350 Hz, (e)
450 Hz and (f) 570 Hz
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Figure 3.11: (a) Coordinates of location 4. The radial distance dr is 08 cm, the
azimuth angle θr is 0, and the polar angle ϕr of Lr is 5π/6. (b–f) Experimental
results on the Bark frequency scale: (b) 150 Hz, (c) 250 Hz, (d) 350 Hz, (e)
450 Hz and (f) 570 Hz
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Figure 3.12: Acoustic pressure at physical error microphone and nearby remote
location

at the remote point is represented by a solid green line. It can be seen in the

graph that in the off state, the acoustic pressures at the physical and remote

points were almost identical. For the case in which ANC was operational,

the acoustic pressure at the physical point is represented by a dotted red line,

while the acoustic pressure at the remote point is shown as a dotted green line.

It can be seen in the graph that in this case, the acoustic pressure decreased

significantly, by 15–18 dB, and at the remote point, it was 5–8 dB further lower

than at the physical point.
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3.7 Summary

This chapter provided a theoretical analysis of the novel remote FxLMS

algorithm presented in this thesis, which creates a zone-of-quiet at a remote

location nearby an error microphone. The analytical modelling of the proposed

system was presented in both the digital and acoustic domain, and it was then

tested through FPGA real-time implementation.

The presented algorithm overcomes preliminary identification constraints

and depends on modelling the transfer function between the error microphone

and the remote point. The remote controller transfer function for each remote

location is modelled as a pure-delay impulse response. The time delay and

static gain of the remote controller for each location were also modelled

separately in an acoustic domain. The efficiency of the adaptive remote FxLMS

algorithm was then validated by an experimental study. The resulting zone-of-

quiet was 15–18 dB quieter and independent of the physical error microphone.

3.8 Related Publications

The work presented in this chapter has been previously published in the

following paper:

• M. W. Munir and W. H. Abdulla, “On FxLMS Scheme for Active

Noise Control at Remote Location”, in IEEE Access, vol. 8, pp. 214071-

214086, 2020, doi: 10.1109/ACCESS.2020.3040718.



Chapter 4

Psychoacoustic Modelling in

Remote ANC

Overview: This chapter presents a new psychoacoustically motivated ANC

algorithm to minimise noise disturbance on human hearing by considering

human auditory system characteristics. The performance of conventional

ANC systems is compromised when the impression of the audio sensation

on the human auditory system does not match the ANC system's numerical

values, which occurs because the human ear has complex psychoacoustic

properties. To improve the perceptual acoustic impression at remote points,

psychoacoustic modelling is adopted in the modelling of the remote ANC

system. Noise weighting filters are incorporated in the remote controller to

improve the audio sensation of the residual noise at the remote points. The

theoretical model of the proposed system is evaluated by both a computer

simulation and an experimental setup. In the evaluation process, the per-

ceptual intensity of sound (loudness) is selected as a performance criterion

for the psychoacoustic assessment of residual noise.

92
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4.1 Introduction

The ultimate objective of ANC is to minimise noise disturbance to human

hearing. Therefore, the human perception of sound is an essential factor to

be taken into consideration in the design of ANC systems. Recently, studies

on a number of psychoacoustically motivated active noise cancelling and

masking algorithms have been published [126, 127]. Psychoacoustics is

the study of auditory physiology and acoustics. It establishes a relationship

between sound characteristics and the auditory sensations sound induces

(e.g. loudness, sharpness, tonality and roughness). The perceptual intensity

of sound, loudness, is the most significant of these sensations, and this study

focus on loudness as a psychoacoustic parameter. The unit of loudness is a

sone. Changes in loudness at 100 Hz occur much faster than at 1 kHz. In other

words, loudness evolves differently depending on the frequency. The intensity

of sound loudness is generally categorised into three levels: absolute threshold,

discomfort level threshold and normal threshold.

Absolute threshold: The minimum level of sound pressure needed to create

an auditory sensation in a silent environment is called the absolute threshold.

It varies from person to person and for each sound frequency.

Normal threshold: The normal threshold is the estimated average threshold

of a large number of normal-hearing people.

Discomfort threshold: The discomfort threshold is correlated to the minimum

amount of sound pressure necessary to produce a feeling of discomfort. The

discomfort threshold also varies from person to person and for each frequency.

However, an average discomfort threshold can be estimated based on the
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average threshold of a large number of normal-hearing people.

To create a zone-of-quiet, it is essential to consider the impression of

acoustic noise on the human auditory field. The human auditory field is defined

as the area between the absolute threshold and the discomfort threshold of

hearing at audible frequencies. The auditory field spans from a sound pressures

of 0.02 mPa to 20 Pa and has selective sensitivity to different frequencies.

Despite the importance of the human perception of sound, to the best of our

knowledge, no one has previously studied the psychoacoustic characteristics

of virtual ANC systems. There are a few papers on adopting psychoacoustic

principles in ANC modelling [105, 106, 107], but these studies focus on

reducing noise at the error microphone location. The motivation of the research

presented in this chapter is to include psychoacoustic principles in our initially

proposed remote ANC system. The proposed psychoacoustically enabled

remote FxLMS algorithm minimises the acoustic noise in a zone far from

the error microphone location and improves the noise attenuation from a

perceptual perspective. In this case, the resulting zone-of-quiet space is free

from a physical error microphone, allowing it to be used effectively. The

energy of residual noise is minimised, which leads to a perceptually softer and

quieter result. The proposed algorithm was implemented on the set of Bark

frequencies and made to target the central Bark frequency in each critical band

from 100–600 Hz.

The main contributions of the work presented in this chapter, in both its

theoretical and practical aspects, are as follows:

• A novel approach is proposed, including the adoption of psychoacoustic

attributes within the ANC model for remote points.
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• A comprehensive analysis of the efficient psychoacoustically enabled re-

mote FxLMS algorithm is presented in the acoustic and digital domains.

• The proposed algorithm is validated using a simulation and then tested

on an FPGA real-time experimental setup.

The remainder of the chapter is organised as follows. Section 4.2 briefly

outlines the need for psychoacoustics in ANC. Section 4.3 describes the

modelling of the remote ANC in the digital domain. Section 4.4 introduces

the proposed psychoacoustic model for remote ANC. The simulation and

experimental results are presented in Section 4.5. Section 4.6 provides a

summary of the chapter and outlines its contributions. Finally, Section 4.7

gives a list of publications extracted from the chapter.

4.2 The Need for Psychoacoustics in ANC

Conventional ANC techniques aim to minimise noise disturbance using the

mean square error (MSE) criterion, which deals with all parts of the frequency

range identically. At the same time, the human auditory system has a more

complex nonlinear frequency response. Psychoacoustic modelling is, thus,

an essential factor to be taken into account in the design of ANC systems so

as to maximise suitability with the human auditory system. Psychoacoustics

combines the study of acoustics and human auditory sensation, showing that

the residual error of ANC systems is uneven with regard to auditory sensa-

tion. The objective of minimising psychoacoustic irritation necessitates the

improvement of conventional ANC.

Psychoacoustic measurements include several perceptual parameters, such

as loudness, sharpness, roughness, tonality and pleasantness. The perceptual

intensity of a sound, loudness, is the most significant of these. The level
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Figure 4.1: ISO 226-2003 equal-loudness contours

of perceived loudness is based on the combination of sound pressure levels

(SPLs) and frequencies that are perceived as equally loud by listeners. This

is standardised in ISO 226 - 2003 and is referred to as the equal-loudness

contour [128]. A graph of the ISO 226 - 2003-based equal-loudness contour

with the set of central Bark frequencies is shown in Figure 4.1. According

to the equal-loudness contour, a 60 dB SPL at 1 kHz is perceptually 20 dBA

louder than a 60 dB SPL at 100 Hz. This perceptual difference in loudness

over the sensed frequency band significantly affects the performance of ANC

systems.

In studying psychoacoustic characteristics, the Bark scale is useful as

a perceptually realistic scale of frequency. The Bark scale is a nonlinear

frequency scale based on the results of numerous psychoacoustic experiments.

It was originally proposed by Eberhard Zwicker in 1961 to model the resolution

of the human hearing system based on 24 critical bands [129]. Critical bands

are used to quantify the ability of the human ear to distinguish between
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Figure 4.2: Equal-loudness contours and targeted central Bark frequencies

individual frequency tones. Each critical band is represented by one Bark,

and the corresponding central Bark frequency can be calculated by:

Bark = 13arctan(0.00076 f )+3.5arctan
(
(

f
7500

)2
)

(4.1)

Critical band = rate (Bark) =
[
(26.81 f )
1960+ f

]
−0.53 (4.2)

Critical bandwidth(Hz) =
52548

(z2−52.56z+690.39)
(4.3)

In order to treat the noise psychoacoustically, noise weighting filters are here

incorporated with the remote ANC system to improve the noise attenuation

from a perceptual perspective. In this case, the resultant zone-of-quiet is far

from the error microphone. The psychoacoustic model shapes the residual

noise according to the noise weighting filters, which imitate the response of

human hearing. In our study, the proposed psychoacoustically enabled remote
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ANC algorithm was implemented on the set of Bark frequencies. The equal-

loudness contour, along with the set of central Bark frequencies, is shown in

Figure 4.2. The complete modelling of the psychoacoustically enabled remote

ANC algorithm is discussed in Section 4.4.

4.3 Remote Active Noise Control System

To improve the acoustic impression of the zone-of-quiet, a psychoacoustic

model was implemented in a single-channel ANC system. Traditional single-

channel ANC systems comprise a reference microphone, error microphone

and a secondary source. The reference microphone picks up the reference

signal and feeds it to the adaptive controller, which estimates a control signal

and generates the secondary noise. An adaptive algorithm is used to update

the adaptive controller in accordance with the information provided by the

reference microphone and error microphone. The superposition of the primary

and secondary noises minimises the acoustic pressure at the location of the

error microphone, creating a zone-of-quiet as a by-product. However, the

resulting zone-of-quiet in a single-channel ANC system is generally small and

is occupied by the error microphone itself. To address this problem, a remote

sensing algorithm was proposed in Chapter 3. In this chapter, psychoacoustic

Figure 4.3: Functional block diagram of single-channel remote FxLMS
algorithm
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Figure 4.4: Concept of remote zone-of-quiet

principles are adopted in the modelling of the remote sensing algorithm, which

is based on the traditional FxLMS algorithm and uses a typical single-channel

architecture. Further, it does not require preliminary identification to model the

transfer function between the physical and remote points, making it efficient

for practical applications.

A functional block diagram of the proposed remote FxLMS based ANC

system is presented in Figure 4.3. It comprises two physical systems, P and

S, the primary and secondary paths, respectively, while W (z) is the adaptive

filter, and ρ(z) is the remote controller. The remote controller ρ(z) is used to

move the zone-of-quiet from the location of the physical error microphone to

a nearby remote location. The concept of a remote zone-of-quiet is presented

in Figure 4.4, where (a) shows the zone-of-quiet at the location of an error

microphone, and (b) shows the zone-of-quiet shifted from an error microphone

to a nearby remote location. The remote controller transfer function ρ(z) is

given by:

ρ(z) = Kr z−∆r (4.4)

Kr is the static gain, and ∆r is the time delay of the remote controller. A

complete derivation of Kr and ∆r is presented in Chapter 3. However, to adopt

psychoacoustics into the model, the proposed remote system is described in the

digital domain. In the proposed remote system, to create a zone-of-quiet at the
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remote location, the standard FxLMS algorithm is modified to compensate for

the influence of a remote controller ρ(z). The reference signal of the adaptive

remote algorithm remains the same; however, the error signal in the remote

ANC system is different from that in the original FxLMS based system. The

error signal of the standard FxLMS based ANC system in the z-domain can be

expressed as:

Eo(z) = P(z)X(z)+W (z)S(z)X(z) (4.5)

Similarly, the error signal in the remote ANC system can be expressed as:

E(z) = P(z)X(z)+W (z)ρ(z)S(z)X(z) (4.6)

Thus, the difference between error signals can be obtained by subtracting Eq.

4.6 from Eq. 4.5:

∆E(z) = Eo(z)−E(z) (4.7)

∆E(z) =W (z)S(z)X(z)−W (z)ρ(z)S(z)X(z) (4.8)

As shown in Figure 4.3, Eq. 4.8 can be simplified as:

∆E(z) = S(z)Y (z)−Yr(z) (4.9)

Thus, in the time domain, ∆E(z) can be expressed as:

∆e(n) = s(n)~{y(n)− yr(n)} (4.10)

∆e(n) is the difference between the remote ANC error signal and the desired

error signal. Therefore, ∆e(n) should be added to e(n) to update the error

signal and create a zone-of-quiet at a nearby remote location. Then, the updated

remote FxLMS algorithm can be expressed as:

w(n+1) = w(n)+µ{e(n)+∆e(n)}x̂(n) (4.11)
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Here, µ is the adaption step size, and w is a weight vector of length L used to

represent the impulse response coefficient W .

w(n) = [w0(n) w1(n) . . . wL−1(n)]T (4.12)

and

x̂(n) = ŝ(n) ~ x(n) (4.13)

x̂(n) is the filtered reference signal of the input x(n), while ŝ(n) is the estimated

impulse response of the secondary path S, and x(n) is the input signal vector,

defined as:

x(n) = [x(n) x(n−1) . . . x(n−L+1)]T (4.14)

Consequently, the remote FxLMS algorithm updates the adaptive weight vector

W using Eq. 4.11 and computes a control signal y(n) as:

y(n) = wT (n)x(n) (4.15)

The secondary source generates a control signal y(n) in the acoustic domain.

Then, the superposition of the primary and secondary sound fields creates a

zone-of-quiet at the nearby remote location rather than at the error microphone

location.

4.4 Psychoacoustic Remote Active Noise Control

Considering the importance of psychoacoustics, human perception of sound is

here taken into account to design a novel remote ANC system. Noise weighting

has been suggested as a means of quantifying hearing sensitivity with respect

to frequency. To minimise psychoacoustic irritation caused by the residual

error, psychoacoustic parameters should be used for performance evaluation.

Several noise weighting standards (A, B, C and D) have previously been used
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Figure 4.5: Frequency response of A-weighting filter

according to the nature of the noise [130, 131]. Among the four standards,

A-weighting filters are the most commonly used. A-weighting noise filters

approximate the properties of the human ear based on an equal-loudness

contour, and they were developed based on pure-tone listening experiments.

The frequency response of the A-weighting filter is shown in Figure 4.5.

Considering human auditory characteristics, A-weighting filters were in-

corporated into the remote ANC system to improve the noise reduction in

terms of acoustic impression. A functional block diagram of the psychoacous-

tically motivated remote ANC is shown in Figure 4.6. To compensate for the

non-uniformity of the frequency domain, the remote FxLMS algorithm was

modified using the filtered-E LMS (FELMS) structure. FELMS is a method

used to shape the residual noise spectrum, and it was originally proposed by

Kuo and Tsai [132]. The original reference signal and error signal are filtered

through noise weighting filters to update the noise control filter W (z). The

updated remote ANC equation considering human hearing characteristics can

be expressed as:
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Figure 4.6: Functional block diagram of noise weighting-based psychoacousti-
cally motivated remote ANC

w(n+1) = w(n)+µ{eh(n)+∆eh(n)}x̂h(n) (4.16)

Here, w is the coefficient vector of the noise control filter, and µ is the adaption

step size. x̂h(n) is the convolution of the filtered reference signal x̂(n) and

hnw(n), where hnw(n) is the impulse response of the noise weighting filter

Hnw.

x̂h(n) = x̂(n) ~ hnw(n) (4.17)

x̂(n) = ŝ(n) ~ x(n) (4.18)

Here, ŝ(n) is the estimated impulse response of the secondary path S, and x(n)

is the input signal.

eh(n) = e(n) ~ hnw(n) (4.19)

hnw(n) is considered as a model of the human ear, and eh(n) is the perceived

error signal obtained by the convolution of the error signal e(n) and hnw(n).

Similarly, ∆e(n) can be obtained to compensate for the difference in the remote

error signal.

4.5 Simulation and Experimental Analysis

Simulation and hardware experiments were performed to evaluate the psy-

choacoustically enabled remote ANC system. First, a simulation model was
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implemented in MATLAB. As shown in Figure 4.6, the ANC model has two

unknown modules, P(z) and S(z). Adaptive FIR filters were used to model

the impulse response of these systems. The simulation parameters were then

chosen as follows. The input signals were pure tones with a sampling fre-

quency of 44100 Hz. The tap length of P(z), S(z) and W (z) was 500. The

updating algorithm was the LMS algorithm, and the step size µ was empir-

ically chosen as 0.05. The perceptual intensity of sound, or loudness, is the

most important psychoacoustic parameter. Therefore, loudness was considered

as a performance criterion to evaluate the performance of the proposed system.

Loudness is a subjective quality, and a subjective test can be used as a direct

approach to measure the psychoacoustic parameters. However, the constraints

on subjective tests, such as inconsistent evaluation, long duration and the costs

of testing and training listeners, restrict its usage. Therefore, an objective

model was used to estimate the subjective evaluation. Loudness, the perceptual

intensity of sound, depends on sound pressure level, frequency and amplitude

envelope. Psychologically, loudness can be ordered on a scale from quiet to

loud. It can be calculated as:

L =
∫ 24Bark

0
N
′
dz (4.20)

Here, L is the overall loudness, and N
′

is the loudness in a specific critical

band. Each critical band represents one Bark, and the respective central Bark

frequency is calculated by Eq. 4.1. According to the definition, the SPL of

40 dB at 1 kHz is equal to 1 sone. Sone is a unit of loudness. To measure

loudness, the excitation level of each Bark frequency was calculated from the

residual error signal, considering the auditory threshold 20 µPa as a reference

sound pressure. For pure tones, loudness is measured in the unit phon. Phon is

a logarithmic-scale dB, and one sone is equal to 40 phons. The conversion of

sones to phons above 1 sone can be calculated as follows:
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Loudness N (Sone) = N = 2
LN−40

10 (4.21)

Loudness level LN (Phon) = LN = 40+10log2 N (4.22)

4.5.1 Simulation Results

Data was recorded to measure the sound pressure level (SPL) and loudness

of the proposed system at the set of central Bark frequencies, including 150,

250, 350, 450 and 570 Hz. A comparison of remote ANC and noise weighting

remote ANC is presented in Table 4.1.

Table 4.1: Simulations results: comparison of residual error of remote ANC
and psychoacoustically motivated remote ANC in terms of SPL and loudness

No.
Tone
Hz

Sound Pressure Level
dB-SPL

Loudness A-weighted
Phon

ANC
OFF

Remote
ANC

Proposed
Re-ANC

ANC
OFF

Remote
ANC

Proposed
Re-ANC

1 150 90.96 71.83 71.53 79.58 58.36 55.15
2 250 90.96 70.66 69.34 84.29 62.19 57.60
3 350 90.96 69.78 68.42 86.35 64.66 58.42
4 450 90.96 69.09 67.10 88.02 66.96 59.45
5 570 90.96 68.81 65.77 89.51 68.21 59.81

The results of the simulation experiment show that in noise weighting-

incorporated remote ANC, the sound pressure level at lower frequencies was

almost the same as that in remote ANC. However, it was marginally reduced at

higher frequencies of the targeted frequency band. At the same time, the loud-

ness was reduced significantly, from 15 - 25 dBA, which is an improvement of

3 - 9 dBA across all targeted frequencies.
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Table 4.2: Experimental results: comparison of residual error of remote ANC
and psychoacoustically motivated remote ANC in terms of SPL and loudness

No.
Tone
Hz

Sound Pressure Level
dB-SPL

Loudness A-weighted
Phon

ANC
OFF

Remote
ANC

Proposed
Re-ANC

ANC
OFF

Remote
ANC

Proposed
Re-ANC

1 150 56 39 39 50 36 34
2 250 57 40 40 52 37.3 35.2
3 350 57 41 41 56 40 36
4 450 59 42 41.2 57.8 41 36.2
5 570 61 43.5 41.8 60.5 43 37

4.5.2 Experimental Results

As a second phase, we evaluated the psychoacoustic characteristics of the

remote ANC using an experimental model. The entire experimental setup was

implemented on an FPGA Real-Time Module. For hardware implementation,

A-weighting filters were designed and incorporated with remote ANC on the

LabVIEW System Design platform. The details on hardware implementation

are presented in Chapter 7.

To enable comparison of the simulation and experimental results, the

experiment was conducted on the same set of Bark frequencies used in the

simulation. The experimental comparison of remote ANC and noise weighting

remote ANC in terms of SPL and loudness is presented in Table 4.2. The

SPL and loudness were outlined on a graph to illustrate the performance of

the proposed system. As shown in Figure 4.7, at low frequencies, the sound

pressure level of the proposed psychoacoustic remote ANC was almost the

same as that of remote ANC. However, it was marginally reduced at higher

frequencies of the targeted frequency band. At the same time, the loudness

was reduced significantly from 16 - 24 dBA, which is an improvement of 2 - 6

dBA across all targeted frequencies.
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Figure 4.7: Comparison of remote ANC and noise weighting remote ANC in
terms of SPL and loudness

As far as we know, no previous research has investigated the use of psy-

choacoustics within virtual ANC systems in a way similar to what we are

proposing. Overall, our results reveal that the noise weighting filters improved

the perceived loudness in the virtual ANC system. Our findings are consistent

with previous research showing improvement in ANC systems when including

psychoacoustic considerations [126, 127].

4.6 Summary

Traditional ANC systems minimise the acoustic pressure at an error micro-

phone location and adopt the mean square error as a cost function. However,
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in some cases, traditional ANC is ineffective in achieving noise attenuation at

the desired location. Further, such models do not consider the attributes of the

human auditory system.

In this chapter, noise weighting filters were incorporated into a remote ANC

model to improve the system's effectiveness from a perceptual perspective. To

the best of our knowledge, this is the first study to implement psychoacoustics

in a virtual/remote ANC system. The proposed model was implemented on a

remote ANC system that shifts the zone-of-quiet from the error microphone

location to a remote location and shapes the residual noise according to A-

weighting, which imitates a human auditory response. The resultant zone-of-

quiet is thus independent of the error microphone and perceptually quieter.

The simulations and experimental results demonstrated the effectiveness of the

proposed model on a set of Bark frequencies. The psychoacoustic model was

found to minimise the residual noise perceptually. The perceptual intensity of

sound, or loudness, was reduced by 18 - 24 dB, which is a further improvement

of 2 – 6 dBA across all targeted frequencies.
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72-75.

• M. W. Munir and W. H. Abdulla, “On FxLMS Scheme for Active

Noise Control at Remote Location”, in IEEE Access, vol. 8, pp. 214071-

214086, 2020, doi: 10.1109/ACCESS.2020.3040718.



Chapter 5

Parallel-form Narrowband

Remote ANC

Overview: As another step towards the generalisation of the remote zone-of-

quiet, this chapter develops a parallel-form remote ANC algorithm that is

able to cancel unwanted narrowband noise at a remote location. In many

practical ANC applications, the primary noise contains multiple discrete

low frequencies. A narrowband ANC (NANC) structure is often applied to

reduce unwanted noise when these multiple tones have proximate frequen-

cies. The proposed parallel-form remote ANC algorithm uses a delayless

bandpass filter bank to cancel narrowband noises. A parallel-form ANC

structure separates the discrete frequencies into a series of adaptive filters.

Then, the delayless bandpass filter bank is used to split the measured er-

ror signal, using the individual error signals to update the corresponding

adaptive filters. The remote controller's transfer function, which moves the

zone-of-quiet from the error microphone to the nearby remote location, is

derived in the acoustic domain. Numerous simulation experiments are per-

formed to verify the performance of the proposed algorithm.

109
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5.1 Introduction

In the real world, vibrating machines and reciprocating and rotary motion

devices generate a large amount of obnoxious noise, which, for the most

part, has a discrete low frequency. This noise is called periodic noise. The

systems employed to cancel periodic noise are called NANC systems. NANC

has been found to be effective and efficient in diminishing narrowband noise

with a distinct frequency. A single-channel ANC system uses non-acoustic

sensors, such as accelerometers or tachometers, to cancel such narrowband

noise. These sensors detect the fundamental frequency of the primary noise

by synchronising an internally generated sinusoidal reference signal. A block

diagram of NANC using the FxLMS algorithm is shown in Figure 5.1. As

shown in Figure 5.1, the adaptive filter processes an internally synthesised

reference signal x(n) to cancel the primary noise. ŝ(n) is the secondary path

model of the secondary path s(n), and e(n) is the feedback to the adaptive

filter used for the adaptation process. The frequency of internally generated

primary noise is different from that of the actual primary noise due to the time-

variance of actual noise sources. This frequency difference between primary

noise and the internally generated reference signal in NANC systems is called

frequency mismatch. Even a 1% frequency mismatch can severely degrade

 y’(n) 
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Figure 5.1: Block diagram of FxLMS-based NANC
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the performance of NANC systems [133]. [134] presented the derivation

of the increases in mean square error caused by frequency mismatch. The

controller's steady-state transfer function from the primary noise to the residual

noise is used to derive the decrease in noise reduction caused by frequency

mismatch [135]. The modified FxRLX algorithm was suggested to resolve

this problem [136]. For NANC, additional convergence analyses of complex

LMS and FxLMS algorithms were presented in [137, 138]. The frequency

mismatch effect in NANC was also investigated in [139, 140, 141]. A complete

theoretical analysis showing that noise reduction and convergence rate are the

functions of frequency mismatch, phase error and step size in the secondary

path model of the FxLMS algorithm was presented in [142].

To cancel several narrowband components at once, a parallel-form NANC

system has been proposed, connecting multiple adaptive filters in parallel

to cancel these selective frequency components. Parallel-form NANC sys-

tems using an LMS algorithm have been investigated by several researchers

[143, 144, 145]. However, these parallel-form NANC algorithms update all

adaptive filters using the same error signal. Thus, the residual noise component

from other channels disturbs the adaptive algorithm of each filter. To obtain

individual error signals for corresponding channels, Yang et al. proposed a

parallel-form NANC structure using multiple notch filters [146, 147]. The

adaptive notch filters are able to track the time-variant frequency of the nar-

rowband interference using an internally generated reference signal, and they

offer easy control of the bandwidth [148]. When a sinusoid drifts slowly in

frequency, an adaptive notch filter is especially beneficial [17]. The use of

single-frequency adaptive notch filters for ANC applications was also sug-

gested by Elliot [149].

Steady-state performance of parallel-form NANC systems can be improved

by using bandpass filters to split the full-band error signal into multiple band-
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limited sub-band error signals according to the frequencies of the reference

signals [146]. However, this ignores the problem of the additional secondary

path delay introduced by the notch filters. In [150], Xiao proposed an NANC

system with multiple parallel filters and an additional bandpass filter bank to

decompose the output of each filter. This method uses the same error signal

to update all adaptive filters. However, it still leads to a problem similar to

that of the parallel-form model. Namely, the performance of NANC degrades

when the error signal does not approach zero in all the components. Later, in

[151, 152, 153], Chang and Kuo proposed complete direct/parallel narrowband

algorithms that use a delayless bandpass filter bank to split the residual error

signal into independent channels. The cost function of the adaptive algorithm

is then updated by the corresponding individual error signal based on the

frequency components of the input signal. Complete NANC structures have

been further investigated and implemented in various ANC architectures, such

as the feedback ANC [154] and variable leaky LMS [155] algorithms.

These conventional complete parallel-form NANC algorithms create a

zone-of-quiet by minimising the acoustic pressure at the error sensor location.

However, for some ANC applications, there are a number of physical con-

straints with regard to the placement of a physical error sensor at the desired

location. To overcome this problem, several virtual sensing algorithms were

introduced in literature [100, 110, 120, 156]. We reviewed various virtual

sensing algorithms in chapter 2 and a novel remote sensing algorithm has

been developed [157], and presented in chapter 3. Therefore, to achieve noise

attenuation and more flexible positioning of the zone-of-quiet, the conven-

tional parallel-form NANC algorithm needs to be amended. To this end, virtual

sensing techniques can be used in parallel-form NANC algorithms to achieve

noise attenuation at the desired location.
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The motivation of this chapter is to develop a parallel-form remote ANC al-

gorithm that can cancel unwanted narrowband noise at a remote location while

the physical error microphone remains untouched. In our proposed algorithm,

a parallel-form remote ANC structure separates the discrete frequencies into a

series of adaptive filters. Then, each adaptive filter works independently with a

single frequency of the Bark frequency spectrum and its corresponding remote

adaptive controller. The transfer function of the remote adaptive controller

for each frequency component is derived through the wave equation in the

acoustic domain. Using multiple delayless bandpass filters, the error signal is

divided into different channels depending on the frequency components of the

input signal. Accordingly, the individual error signal updates the corresponding

adapting filter containing the same frequency component as the input signal.

The rest of the chapter is organised as follows. Section 5.2 introduces

parallel-form narrowband ANC systems. The acoustic modelling of the re-

mote adaptive controller is presented in Section 5.3. Section 5.4 describes the

proposed parallel-form remote ANC algorithm, and Section 5.5 discusses the

simulation experiments used to verify it. Section 5.6 summarises the contri-

butions of the proposed algorithm, and Section 5.7 presents the publication

extracted from this chapter.

5.2 Parallel-form NANC System

Parallel-form NANC systems separate the frequency components of the input

signal into multiple channels connected in parallel. The complete structure of

a parallel-form NANC system is illustrated in Figure 5.2. Bandpass IIR filters

are used to split the frequency components into multiple parallel channels, and

each channel consists of an independent sinusoidal reference signal xi(n) and

an adaptive FIR filter Wi(z) with an adaptive FxLMS algorithm. The outputs
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Figure 5.2: Block diagram of parallel-form FxLMS

of these adaptive filters are summed into a singular secondary path, generating

a single cancelling signal y(n). Then, in the feedback path of the adaptive

algorithm, a bank of bandpass IIR filters Bi(z) (i = 1, .....,M) is used to split

the error signal and generate independent error signals for the corresponding

input frequencies ei(n), i = 1, ....,M. These bandpass filters are delayless,

and they do not produce any extra delay between their input signal e(n) and

output signal ei(n). The bandpass filters are also delayless for the narrowband

signal at the centre frequency of a passband. This section describes the overall

structure of the parallel-form narrowband system. The complete modelling of

the chosen delayless filters was described in [151]. As shown in Figure 5.2,

the bandpass IIR filters are used to separate the frequency components of the

reference signal xi(n) at frequency fi, expressed as:

xi = cos(2π fin), i = 1,2, ....,M (5.1)

These separated signals are used as reference inputs of the adaptive filters

Wi(z) connected in parallel. The error signals of these adaptive filters are used
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to update the FxLMS algorithm. The output signal of the ith adaptive filter

yi(n) is

yi(n) =
L−1

∑
l=0

wi,l(n)xi(n− l) = wT
i (n)xi(n) (5.2)

where wi,l is the coefficient of the adaptive filter Wi(z) of length L. The weight

vector wi(n) and input vector xi(n) are given as:

wi(n) = [wi,0(n) wi,1(n) . . . wi,L−1(n)]T (5.3)

xi(n) = [xi(n) xi(n−1) . . . xi(n−L+1)]T (5.4)

where [.]T represents the transposition operation. The cancelling signal y(n) is

the combination of the outputs of the M adaptive filters:

y(n) =
M

∑
i=1

yi(n) (5.5)

The FxLMS algorithm used to update the weights of the adaptive FIR filters

can be expressed as:

wi(n+1) = wi(n)+µiei(n)x̂i(n) (5.6)

Here, µi is the adaptation step size of the ith adaptive filter, and x̂i(n) is the

filtered reference signal of the input xi(n), which can be expressed as:

x̂i(n) = ŝi(n) ~ xi(n) (5.7)

In the above equation, si(n) and ŝi(n) are the coefficients of the ith order

secondary path S(z) and the estimated secondary path Ŝ(z), respectively. As

per the input signal x(n) defined in [152], the bandpass filters separate the M

individual frequency signals:

x(n) =
M

∑
i=1

xi(n) (5.8)
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The primary noise d(n) can be expressed as the sum of the M frequency

components:

d(n) =
M

∑
i=1

di(n) (5.9)

Here, di(n) includes the same frequency components as xi(n). Since each

adaptive filter Wi(z) is a linear FIR filter, the noise signal error e(n) can be

decomposed into multiple frequency components:

e(n) =
M

∑
i=1

ei(n) (5.10)

Here, ei(n) contains the same frequency components as xi(n) and di(n).

5.3 Acoustic Modelling of Remote ANC

To achieve flexible positioning of the error microphone, the remote adaptive

algorithm is implemented in a parallel-form NANC system. In the remote

adaptive algorithm, the transfer function of the remote controller is derived

based on the system model in the acoustic domain. Homogeneous wave equa-

tions have been well-defined in the literature to study the behaviour of acoustic

waves. Here, however, we need to reformulate these equations to match the

method used in our NANC system.

∇
2 p(x,n)− 1

c2
∂ 2

∂n2 p(x,n) = 0 (5.11)

Equation 5.11 is a well-known homogeneous acoustic wave equation, in which

the operator ∇2 is a Laplacian operator. This wave equation can be described in

the frequency domain by applying a Fourier transform of the acoustic pressure

and the particle velocity. The Fourier transform pair of the acoustic pressure

with respect to time is given by:

P(x,ω) = Ft{p(x,n)}=
∫

∞

−∞

p(x,n)e− jωndn (5.12)
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p(x,n) = F−1
t {P(x,ω)}= 1

2π

∫
∞

−∞

P(x,ω)e jωndω (5.13)

Here, ω = 2π f represents the radial frequency, and Ft{.} describes the Fourier

transformation with respect to time. Updating wave Eq. 5.11 by incorporating

P(x,ω) and applying the differentiation theorem of the Fourier transform

formulates the wave equation in the frequency domain.

∇
2P(x,ω)+

(
ω

c

)2

P(x,ω) = 0 (5.14)

This form of the wave equation is defined as the Helmholtz equation. The term

ω

c denotes the acoustic wave number k.

k2 =

(
ω

c

)2

(5.15)

5.3.1 Homogeneous Wave Equation in Spherical

Coordinates

In a spherical coordinate system, the Laplacian operator ∇2 used in wave Eq.

5.11 can be expressed as:

∇
2 =

1
d2

∂

∂d

(
d2 ∂

∂d

)
+

1
d2sinϕ

∂

∂ϕ

(
sinϕ

∂

∂ϕ

)
+

1
d2sin2ϕ

∂ 2

∂θ 2 (5.16)

Here, (d,ϕ,θ) denotes the position in the spherical coordinate system. The

solution of the wave equation defined in Eq. 5.11 can be expressed as a product

of four independent functions of spatial variables (d,ϕ,θ) and time n.

p(d,ϕ,θ ,n) = pd(d).pϕ(ϕ).pθ (θ).pn(n) (5.17)

To separate Eq. 5.17 into four differential equations as (d,ϕ,θ) and n, the

terms dependent on the other three respective quantities are replaced by a

constant, leading to four differential equations:

1
c2

(
d2 ∂ pn(n)

∂n2

)
+ k2 pn(n) = 0 (5.18)
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∂ 2 pϕ(ϕ)

∂ϕ2 +m2 pϕ(ϕ) = 0 (5.19)

1
sinθ

∂

∂θ

(
sinθ

∂ pθ (θ)

∂θ

)
+

(
i(i+1)− m2

sin2θ

)
pθ (θ) = 0 (5.20)

1
d2

∂

∂d

(
d2 ∂ pd(d)

∂d

)
+ k2 pd(d)−

i(i+1)
d2 pd(d) = 0 (5.21)

The solution of Eq. 5.18 with k = ω/c reads:

pn(n) = T1e−iωn +T2e+iωn (5.22)

And the solution of Eq. 5.19 can be given as:

pϕ(ϕ) = Φ1(m)eimϕ +Φ2(m)e−imϕ (5.23)

where T1,T2,Φ1 and Φ2 are arbitrary constants. The solution of Eq. 5.20

can be found using a transformation of the variables. Letting η = cos(θ),

where (−1≤ η ≤ 1), the differential equation (Legendre equation) for pθ (θ)

becomes:

∂

∂η

(
(1−η

2)
∂ pθ (θ)

∂η

)
+

(
i(i+1)− m2

1−η2

)
pθ (θ) = 0 (5.24)

The solution to this equation is given by Pm
i and Qm

i , which are Legendre

functions of the first and second kind, respectively.

pθ (θ) = Θ1Pm
i (cosθ)+Θ2Qm

i (cosθ) (5.25)

Here, Θ1 and Θ2 denote arbitrary constants. The Legendre functions of the

second kind Qm
i are finite at the poles where η = ±1, so this solution is

discarded Θ2 = 0.

The radial differential equation Eq. 5.21 can be rewritten as:(
∂ 2

∂d
+

2
d

∂

∂d
+ k2− i(i+1)

d2

)
pd(d) = 0 (5.26)
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This would be Bessel’s equation except that it has the coefficient 2/d instead

of 1/d. However, with a suitable substitution of pd(d) = 1
d1/2 ud(d), Eq. 5.26

can be transformed into Bessel’s equation as follows:(
∂ 2

∂d
+

1
d

∂

∂d
+ k2− i(i+1/2)2

d2

)
ud(d) = 0 (5.27)

The solution of the Bessel differential equation presented above yields:

pd(d) =
Ai

d1/2 Ji+1/2(kd)+
Bi

d1/2Yi+1/2(kd) (5.28)

Here, Ji+1/2(.) and Yi+1/2(.) are Bessel functions of the first and second kind,

respectively, and Ai and Bi denote arbitrary constants. Thus, new forms of

Bessel functions, the so-called spherical Bessel functions of the first and

second kind, can be defined as follows:

ji(x) =
(

π

2x

) 1
2

Ji+1/2(x) (5.29)

yi(x) =
(

π

2x

) 1
2

Yi+1/2(x) (5.30)

The spherical Hankel functions of the first and second kind are defined in

terms of these solutions:

h(1)i (x) = ji(x)+ iyi(x) (5.31)

h(2)i (x) = ji(x)− iyi(x) (5.32)

The Hankel functions are combined into a single function called a spherical

harmonic Y m
i , defined by:

Y m
i (θ ,ϕ) =

√
(2i+1)

4π

(i−m)

(i+m)
Pm

i (cosθ)eimϕ (5.33)

Thus, any solution of Eq. 5.11 can be formulated as an outgoing travelling

wave e−iωn as follows:

P(d,θ ,ϕ,ω) =
∞

∑
i=0

i

∑
m=−i

(
Ami ji(kd)+Bmiyi(kd)

)
Y m

i (θ ,ϕ) (5.34)
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Now, the function defined in Eq. 5.34 is used to find the transfer function

of the optimal remote controller in the spherical coordinate system, which

creates a zone-of-quiet at a remote location while the error microphone remains

untouched. In a parallel-form narrowband ANC system, the input signal is

separated into multiple channels on the bases of frequency components. In

this case, the transfer function of an optimal remote controller is derived for

each frequency component and works with each independent input signal. The

transfer function of the optimal remote controller W̃opt i(z) is defined as:

W̃opt i(z) = ρi(z)Wopt i(z) i = 1,2, ....,M (5.35)

Here, W̃opt i(z) is the series combination of the remote controller transfer

function ρi(z) and that of the traditional ANC controller Wopt i(z), where ρi(z)

is given by:

ρi(z) = Kri z−∆ri (5.36)

Here, ∆ri is the time delay, and Kri is the static gain of the remote controller.

A complete derivation of time delay ∆r and static gain Kr was presented in

Chapter 3.

5.4 Parallel-form Narrowband Remote ANC

The structure of the proposed parallel-form narrowband remote ANC system

is shown in Figure 5.3. Standard parallel-form ANC includes the FxLMS

algorithm as an adaptive algorithm. However, as shown in the figure, our

proposed system has a remote controller ρ in each channel. Thus, the adaptive

algorithm is modified to compensate for the effect of the remote controller

ρi(z). In adaptive remote algorithms, the reference signal remains the same.

However, the error signal is different from that of the original FxLMS based
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system. In standard FxLMS based NANC systems, the error signal in the

z-domain is defined as:

E∗i (z) = P(z)Xi(z)+Wi(z)S(z)Xi(z) i = 1,2, ....,M (5.37)

In contrast, the error signal in a remote ANC system can be expressed as:

Ei(z) = P(z)Xi(z)+Wi(z)ρi(z)S(z)Xi(z) i = 1,2, ...,M (5.38)

Thus, the difference between the error signals can be obtained by subtracting

Eq. 5.37 from Eq. 5.38:

∆Ei(z) = E∗i (z)−Ei(z) (5.39)

∆Ei(z) =Wi(z)S(z)Xi(z)−Wi(z)ρi(z)S(z)Xi(z) (5.40)

As shown in Figure 5.3, Eq. 5.40 can be simplified as:

∆Ei(z) = S(z)Yi(z)−Yri(z) (5.41)
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Figure 5.3: Block diagram of parallel-form remote ANC
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∆Ei(z) can be expressed in the time domain as:

∆ei(n) = s(n)~{yi(n)− yri(n)} (5.42)

∆ei(n) is the difference between the remote ANC error signal and the desired

error signal. Thus, ∆ei(n) should be added to ei(n) in updating the error signal

to compensate for the influence of the remote controller. The resultant updated

remote FxLMS algorithm for NANC can be expressed as:

wi(n+1) = wi(n)+µi{ei(n)+∆ei(n)}x̂i(n) (5.43)

where wi is the weight vector of length L used to represent the impulse response

coefficient W , and µi is the adaptation step-size.

wi(n) = [wi,0(n) wi,1(n) . . . wi,L−1(n)]T (5.44)

and

x̂i(n) = ŝi(n) ~ xi(n) (5.45)

x̂i(n) is the filtered reference signal of the input xi(n). At the same time, ŝi(n)

is the estimated impulse response of the secondary path Si, and xi(n) is the

input signal vector, defined as:

xi(n) = [xi(n) xi(n−1) . . . xi(n−L+1)]T (5.46)

Accordingly, the remote FxLMS algorithm updates the adaptive weight vector

Wi using Eq. 5.43 and computes a control signal yi(n) as:

yi(n) =
L−1

∑
l=0

wi,l(n)xi(n− l) = wT
i (n)xi(n) (5.47)

The cancelling signal y(n) is a combination of the outputs of the M adaptive

filters:

y(n) =
M

∑
i=1

yi(n) (5.48)



Simulation Experiments and Performance Analysis 123

The control signal y(n) is used to derive the secondary noise in an acoustic

domain. Then, the superposition of primary and secondary sound fields cancel

out each other through destructive interference, creating a zone-of-quiet at a

remote location rather than the location of the error microphone.

5.5 Simulation Experiments and Performance

Analysis

To demonstrate the validity of the proposed algorithm, a set of computer

simulation experiments was performed. In the simulation experiments, the

proposed parallel-form remote ANC system was implemented on a set of

the Bark frequencies and made to target the central Bark frequency in each

critical band from 100–600 Hz. The delayless bandpass filters were used to

(a) Residual noise at remote zone-of-quiet

(b) System adaptation at discrete samples (0-500 & 2500-3000)

Figure 5.4: Parallel-form narrowband remote ANC
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separate the frequencies into five parallel adaptive filters. In this case, each

adaptive filter worked independently with a single frequency component and its

corresponding remote adaptive controller ρ . Then, the outputs of all adaptive

filters were summed together to produce a single anti-noise. The updated

remote FxLMS system can adaptively obtain an estimate of Wopt given the

presence of ρ in the control system. Although the bandpass filters do not create

any additional phase shift at the targeted frequency, they do have a transient

effect and introduce an additional group delay into the secondary path, as

discussed in [158]. To overcome this effect, the filter bank must reach a steady

state before the secondary path estimation is performed.

In the simulation experiments, the Bark frequency spectrum consisted of

five Bark frequencies (150, 250, 350, 450 and 570 Hz). Thus, five bandpass IIR

filters (BM(z),M = 1,2,3,4,5) were centred at the corresponding frequencies

to split the frequency component of the input and error signals. The simulation

results on the parallel-form remote NANC system are shown in Figure 5.4.

Figure 5.4a shows the residual noise at the desired remote location, and Figure

Figure 5.5: Power spectral density at Bark frequency spectrum
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5.4b shows the adaptation of the proposed system at different sets of discrete

samples (0− 500 and 2500− 3000). To study the response of the proposed

system to each frequency component, the graph shown in Figure 5.5 offers a

compelling analysis via a power spectral density function. In this graph, the

blue signal is the power of the input noise signal for the complete spectrum. The

red signal is the residual noise measured at the physical error microphone. In

contrast, the green signal is the power of the residual noise at the desired remote

location. As can be seen, the latter was significantly reduced, demonstrating

the overall performance of the proposed system.

The results shown in Figure 5.6 lead to a similar conclusion, indicating

that the proposed algorithm performs substantially better at the remote lo-

cation than at the location of the physical error microphone. The frequency

Fourier transform method was used to analyse each individual frequency of

the Bark frequency spectrum. Figure 5.6a shows the input signals of the Bark

frequency spectrum, while Figure 5.6b shows the residual noise at an error

microphone of the parallel-form remote NANC system. In Figure 5.6c, the

resultant noise results reveal the 20 dB noise reduction at the desired remote

location. Altogether, these results demonstrate that the proposed structure is po-

tentially feasible for many narrowband industrial and automotive applications

that include physical constraints to achieve noise attenuation at the desired

location.
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(a) Input signal

(b) Noise at error microphone

(c) Desired remote zone-of-quiet

Figure 5.6: Fast Fourier Transform of parallel-form narrowband remote ANC
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5.6 Summary

Conventional parallel-form ANC systems can only create a zone-of-quiet at

the location of an error microphone. In single-channel ANC systems, this area

is usually small and is occupied by the error microphone itself. Moreover,

there are physical limitations in many industrial and automotive applications

with regard to placing an error microphone at the desired location. In this chap-

ter, we developed a novel parallel-form narrowband remote ANC algorithm

to create a zone-of-quiet at a desired location remote to the physical error

microphone. In the parallel-form NANC system, the signal is forwarded to a

series of adaptive filters. Each adaptive filter works independently with a single

frequency component and its corresponding remote adaptive controller. The

remote adaptive controller's transfer function for each frequency component is

derived through the wave equation in the acoustic domain. Simulation results

based on the remote transfer function demonstrate that the proposed system

is sufficient for creating a remote zone-of-quiet at a reasonable distance from

the error microphone. Further, the simulation results show that the proposed

algorithm achieves better noise reduction at the remote region than at the

physical error microphone, and it is able to compensate for the inherent group

delay in the secondary path.
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5.7 Related Publications
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• M. W. Munir and W. H. Abdulla, “Bark Frequency Spectrum in Parallel-

form Remote Active Noise Control”, 2020 Asia-Pacific Signal and

Information Processing Association Annual Summit and Conference

(APSIPA ASC), Auckland, New Zealand, 2020, pp. 22-27.



Chapter 6

Multichannel Remote ANC

Headrest

Overview: This chapter provides the analytical modelling of the remote

ANC headrest. The closed-form expression of the multichannel ANC head-

rest system is derived in the acoustic domain. The proposed system model

does not require any offline training and can project the zone-of-quiet to

a desired remote location in which the error microphone cannot be placed.

The transfer functions between the secondary source and the desired zone-

of-quiet are modelled in advance. The system model's transfer functions

barely change, as the acoustic behaviour in the proposed arrangement is rel-

atively constant, making the system stable. Simulation experiments demon-

strate that the proposed system arrangement can create a zone-of-quiet at

the desired remote location away from the location of the physical error

microphone.

129
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6.1 Introduction

Global noise attenuation in an open space and/or spacious cabin is impractical

and requires a large number of computational resources. A zone-of-quiet-based

approach is applicable to attenuate unwanted noises at the desired location with

less computational power. However, in conventional ANC systems, adequate

noise reduction cannot be achieved at locations in which error microphones

cannot be placed, such as the listener's ear while he or she is sitting on a chair.

However, it is desirable to realise the maximum noise reduction ability near the

listener's ears. Therefore, in this chapter, we apply virtual sensing techniques

to drive the analytical modelling of a remote ANC headrest that creates zones-

of-quiet at the listener's ears. First, we discuss the system model and its basic

characteristics in the physical domain. Then, adaptive control techniques for

acoustic noise control are employed in the acoustic domain. An efficient

multichannel adaptive algorithm is used to generate anti-noise that creates a

zones-of-quiet at the desired location. The proposed system is modelled in the

acoustic and digital domains, and its effectiveness is demonstrated through

simulation experiments.

ANC headrest is headrest that employ ANC to attenuate unwanted noise.

It has been widely studied [159, 160], and in literature termed as headrest

mounted ANC, Active headrest or ANC headrest. In an ANC headrest applica-

tion, the desired location for noise attenuation is the human ear. Conventional

ANC creates a zone-of-quiet by attenuating a noise at an error microphone,

and it is nearly impossible to place an error microphone at the ears. However,

noise attenuation can be achieved by applying virtual sensing techniques. Vir-

tual sensing techniques can achieve noise reduction at desired locations in

which error microphones cannot be placed. As discussed earlier in Chapter

2, virtual sensing algorithms are classified into two categories. The first class
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of algorithms requires offline training to obtain a system model. For these

algorithms, microphones are temporarily placed at the desired locations to

estimate the transfer function between the physical error microphones and the

desired virtual microphone location, a step called preliminary identification.

However, the constraints in obtaining the offline training necessary for the

preliminary identification stage limits the use of algorithms in this category.

Therefore, we apply an algorithm from the second class that does not require a

preliminary identification stage to obtain the system model. In our proposed

ANC headrest model, the transfer functions between the error microphones and

the zones-of-quiet are hardly changed because the error microphone positions

are fixed, even though the head moves within the headrest area. Therefore,

such an algorithm is suitable for the ANC headrest application.

In this chapter, we propose a multichannel adaptive remote ANC algorithm

for a headrest application. The main contributions of the proposed ANC system

are summarised below:

• Virtual sensing techniques are introduced to drive the analytical mod-

elling of the remote ANC headrest, which projects zones-of-quiet near

the listener's ears.

• A prototype of the proposed remote ANC headrest is theoretically deter-

mined and modelled in the acoustic domain. The remote ANC headrest

system with the virtual sensing technique uses a remote controller ρ to

project the zones-of-quiet to the listener's ears. The transfer function of

the remote controller is modelled in advance.

• The proposed multichannel remote ANC headrest algorithm, using the

remote sensing technique, improves the noise reduction ability and

attenuates the unwanted noises at the desired location. Simulation ex-

periments demonstrate the effectiveness of the proposed algorithm. It
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is observed that the overall measured zone-of-quiet of the proposed

multichannel arrangement is larger than the measured zone-of-quiet of

the single-channel ANC system.

The rest of the chapter is organised as follows. Section 6.2 introduces

the characteristics of the remote ANC headrest. The theoretical modelling

of the multichannel remote ANC headrest is presented in Section 6.3. Sec-

tion 6.4 presents the experimental discussion, and Section 6.5 outlines the

simulation experiments. Section 5.6 summarises the contributions of the pro-

posed algorithm, and Section 6.7 describes the publication extracted from this

chapter.

6.2 Remote ANC Headrest

In a local ANC system, the size of the zone-of-quiet is larger when the active

surface area of the secondary source is large, and when the zone-of-quiet is

remote from the secondary source [89]. This situation presents implementation

constraints for ANC application in headrests. In practical headrest applications,

it is desired to implement the noise-cancelling system using a small form factor,

which usually contains small secondary sources. Further, the headrest design

requires minimum interference between the device and the listener's head. To

avoid physical interference, the error microphones are pushed close to the

secondary sources. In a local ANC system, these constraints limit the size

of the zone-of-quiet and the noise attenuation at the listener's ears. In the

previous chapters, we presented and validated remote adaptive algorithms that

project the zone-of-quiet further away from the secondary source than the error

microphone location. Considering remote ANC headrests, the multichannel

remote adaptive algorithm concept allows us to create a zone-of-quiet near the
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listener's ears without having to locate the error microphones at inconvenient

positions. Further, the system benefits from having a pair of zones-of-quiet

relatively distant from the secondary sources, as such an arrangement is known

to produce a larger zone-of-quiet. The model of the multichannel remote ANC

headrest system is shown in Figure 6.1.

In the previous chapters, we developed a remote ANC system that is

able to create a zone-of-quiet using an adaptive feedforward controller to

project the zone-of-quiet to a remote location. A single-channel ANC system

using physical and virtual microphones was then investigated experimentally.

However, adequate noise attenuation at a listener's ears cannot be achieved

with a single-channel ANC system, and a multichannel system is required. A

multichannel feedforward filtered-x LMS (FxLMS) algorithm uses multiple

reference sensors, secondary loudspeakers and error sensors. The goal of the

proposed work is to generate a zones-of-quiet of adequate size surrounding the

headrest. Therefore, we chose a 1×2×2 feedforward ANC structure with the

FxLMS algorithm, which uses one reference sensor, two secondary sources

and two error sensors. The block diagram of 1×2×2 multichannel ANC is

shown in Figure 6.2. An acoustic system model was used to theoretically model
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Figure 6.1: Prototype of remote ANC headrest
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the transfer function between the secondary source and the zones-of-quiet for

the remote ANC headrest.

6.3 Theoretical Modelling of Remote ANC

Headrest

As shown in Figure 6.2, x(n) is the reference signal, and y1(n) and y2(n) are

the cancelling signals generated by the corresponding adaptive filters W1(z)

and W2(z), respectively. e1(n) and e2(n) are the error signals measured by

the error sensors, and S1(z) and S2(z) are the secondary paths from y1(n) and

y2(n), respectively, to the two error sensors. The FIR filtering for generating

the anti-noise is expressed as:

y1(n) = wT
1 (n)x(n) , y2(n) = wT

2 (n)x(n) (6.1)

Here, [.]T denotes the transposition operation, x(n) is the reference signal

vector, and w1(n) and w2(n) are the weight vectors of W1(z) and W2(z), re-
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Figure 6.2: Block diagram of multichannel 1×2×2 ANC
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spectively. The weight vectors are updated by 1×2×2 FxLMS as follows:

w1(n+1) = w1(n)+µ[ŝ1(n)~x(n)]e1(n) (6.2)

and

w2(n+1) = w2(n)+µ[ŝ2(n)~x(n)]e2(n) (6.3)

Here, ~ denotes linear convolution, and ŝ1(n) and ŝ2(n) are the identified

impulse responses of the secondary paths Ŝ1(z) and Ŝ2(z), respectively. The

error signal can be derived accordingly.

e1(n) = d1(n)− y1(n) ; e2(n) = d2(n)− y2(n) (6.4)

The system model of 1×2×2 multichannel ANC system was modelled in an

acoustic domain to derive a theoretical model of the remote ANC headrest that

attenuates the noise close to the listener's ears, as shown in Figure 6.1.

6.3.1 Acoustic Domain Analysis

The acoustic wave equation is well defined in the literature, and the modelling

is discussed in the previous chapters. Here, we briefly describe the way we use

it in our multichannel ANC system. Here, po is the primary noise field, and c

symbolises the sound velocity. Thus, po at the location of an error microphone

Lo can be simplified as:

1
c2

∂ 2 po

∂n2 −
1
d2

p

∂

∂dp

(
d2

p
∂ po

∂dp

)
= 0 (6.5)

The geometrical layout of the multichannel remote ANC headrest is shown in

Figure 6.3a, and its dimensions are defined in Figure 6.3b. To study the acoustic

behaviour, the system model is defined in a Cartesian coordinate system. Now,

we here assume the noise source is a monopole source generating a stochastic

sound in the acoustic domain, with the reference microphone being located
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close to the noise source. The noise field at the location of the error microphone

Le1 is defined as:

pe1(n) =
1

dx1

x
(

n− dx1

c

)
(6.6)

where dx1 is the distance from noise source Lp to error microphone Le1 . Simi-

larly, we assume that the control sources are monopole sources generating the

control signals y1(n) and y2(n) in the acoustic domain. The proposed model

is based on the practical application of the system. In a real scenario, the

listener's head block any cross interference of sound waves. Thus, we consider

very minimal or no interference from the secondary control source y2(n) at

Le1 . This simplifies the anti-noise field. So, the anti-noise field at the location
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(a) 1×2×2 ANC headrest layout
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(b) 1×2×2 ANC headrest dimensions

Figure 6.3: Geometrical dimensions of proposed remote ANC headrest
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of the error microphone Le1 is defined as:

qe1(n) =
1

dy1

y1

(
n−

dy1

c

)
(6.7)

where qe1(n) is the anti-noise field, and dy1 is the distance from control source

Ls1 to the error microphone Le1 . The net acoustic pressure at Le1 is the super-

position of pe1(n) and qe1(n):

e1(n) = pe1(n) + qe1(n) (6.8)

Here, e1(n) is the sum of the primary noise and secondary noise from source

Ls1 . According to the superposition principle, the zone-of-quiet at Le1 can be

created when the primary signal x(n) and the control signal y1(n) cause the

residual error e1(n) to be zero. The control signal expressed as y1opt is obtained

by setting Eq. 6.8 to zero after substituting Eqs. 6.6 and 6.7 into it:

y1opt(n) = −
dy1

dx1

x
(

n −
dx1−dy1

c

)
(6.9)

In the z-domain, this can be expressed as:

Y1(z) = k1z−∆1X(z) (6.10)

Here, X(z) represents the z-transform of x(n), while ∆1 is the time delay, and

k1 is a static gain, given by:

∆1 =
dx1−dy1

c
(6.11)

k1 = −
dy1

dx1

(6.12)

From Eq. 6.9, the transfer function of the optimal controller can be stated as:

W1opt(z) =
Y1(z)
X(z)

= k1z−∆1 (6.13)
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However, the transfer function of the optimal controller stated in Eq. 6.13

does not consider the uncertainties associated with the sound propagation (i.e.

reflections and reverberations). Taking this into account, Eqs. 6.6 and 6.7 can

be re-expressed as follows:

pe1(n) =
1

dx1

ux(n) ~ x
(

n− dx1

c

)
(6.14)

qe1(n) =
1

dy1

uy1(n) ~ y1

(
n−

dy1

c

)
(6.15)

Here, ~ indicates the linear convolution operator, and ux(n) and uy1(n) are the

two unknown transfer functions used to model the sound behaviour. A more

realistic solution for W1opt(z) can be derived by substituting Eqs. 6.14 and 6.15

into Eq. 6.3:

W1opt(z) =
Y1(z)
X(z)

= k1
Ux(z)
Uy1(z)

z−∆1 (6.16)

where Ux(z) and Uy1(z) are the z-transforms of two unknown transfer functions

ux(n) and uy1(n), respectively.

Similarly, the noise field at the location of the error microphone Le2 is

defined as:

pe2(n) =
1

dx2

x
(

n− dx2

c

)
(6.17)

Here, dx2 is the distance from the noise source to the error microphone Le2

as shown in Figure 6.3(a), x(n) is the reference signal, and c is the sound

velocity. Similarly, it is assumed that the control sources are monopole sources

generating the control signal y2(n) in the acoustic domain. Thus, the anti-noise

field at the location of the error microphone Le2 can be defined as:

qe2(n) =
1

dy2

y2

(
n−

dy2

c

)
(6.18)
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Here, dy2 is the distance from control source Ls2 to the error microphone Le2 .

The net acoustic pressure at Le2 is the superposition of pe2(n) and qe2(n).

e2(n) = pe2(n) + qe2(n) (6.19)

Here, e2(n) is the sum of the primary noise and secondary noise from source

Ls2 . According to the superposition principle, a zone-of-quiet can be created at

Le2 when the primary signal x(n) and control signal y2(n) cause the residual

error e2(n) to be zero. Using the same procedure as for Le1 , the optimal

controller transfer function W2opt(z) can be defined as:

W2opt(z) =
Y2(z)
X(z)

= k2
Ux(z)
Uy2(z)

z−∆2 (6.20)

Here,

∆2 =
dx2−dy2

c
(6.21)

k2 = −
dy2

dx2

(6.22)

The direct implementation of the optimal controller transfer functions given in

Eqs. 6.16 and 6.20 is not technically possible because it requires knowledge of

the geometrical parameters and acoustical characteristics of the physical plant

(i.e Ux(z), Uy1(z) and Uy2(z)).

6.3.2 Remote Active Noise Control

As shown in Figure 6.3(b), the aim is to create zone-of-quiet at remote locations

Lr1 and Lr2 , 15 cm from error microphones Le1 and Le2 , respectively. At

the same time, the error microphones located on the y−axis should remain

untouched.
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Figure 6.4: Left-side coordinates of remote ANC headrest

6.3.2.1 Left Zone-of-Quiet

As shown in Figure 6.4, the distance between Lr1 and the noise source Ls1 is

modelled by dy1r1 , and the net sound field at remote location Lr1 is given by:

er1(n) = pr1(n) + qr1(n) (6.23)

Here, er1(n) is the sum of the primary noise and secondary noise from source

Ls1 . Using the same logic used for the derivation of Eqs. 6.14 and 6.15, pr1(n)

and qr1(n) can be obtained as:

pr1(n) =
1

dxr1

ux(n) ~ x
(

n− dxr1

c

)
(6.24)

qr1(n) =
1

dy1r1

uy1(n) ~ y1

(
n−

dy1r1

c

)
(6.25)

It is assumed that ux(n) and uy1(n) do not change because the distance between

the remote point and error microphone is less than the distance between the

primary noise source and error microphone. A zone-of-quiet at the remote

location Lr1 can be created when the primary signal x(n) and control signal

y1(n) cause the residual error er1(n) to reach zero. At the same time, the

control signal expressed as ỹ1opt is obtained by setting Eq. 6.23 to zero after

substituting Eqs. 6.24 and 6.25 into it:
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ỹ1opt(n) = −
dy1r1

dxr1

Ux(n)~U−1
y1

(n)~ x
(

n −
dxr1−dy1r1

c

)
(6.26)

Therefore, the optimal transfer function for creating a zone-of-quiet at a remote

location Lr1 can be defined as:

W̃1opt(z) =
Y1(z)
X(z)

= K̃1
Ux(z)
Uy1(z)

z−∆̃1 (6.27)

Here, X(z) represents the z-transform of x(n), while ∆̃1 is the time delay, and

K̃1 is a static gain given by:

∆̃1 =
dxr1−dy1r1

c
(6.28)

K̃1 = −
dy1r1

dxr1

(6.29)

Direct implementation of W̃1opt(z) is not technically possible because the

acoustical characteristics and geometrical parameters of the physical plant are

unknown (since Ux(z) and Uy1(z) are unknown transfer functions). Alterna-

tively, an adaptive algorithm can be used to identify an estimate of W̃1opt(z).

From Figure 6.4, the distance between Ls1 and Lr1 can be written as:

dy1r1 = dy1 +dr1 (6.30)

Similarly, the distance between Lp and Lr1 can be written as:

dxr1 =
√

d2
x1
+d2

r1
−2dx1dr1cosα (6.31)

dxr1 =

√
1+

d2
r1

d2
x1

−2
dr1

dx1

cosα (6.32)

For
dr1
dx1

<< 1, Eq. 6.32 can be approximated by the first two terms of the

Taylor series:

dxr1 = dx1

(
1 − dr1

dx1

cosα

)
(6.33)
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Substituting Eqs. 6.30 and 6.33 into Eq. 6.28 results in:

∆̃1 =
dx1−dr1cosα−dy1−dr1

c
(6.34)

Using Eq. 6.11, ∆̃1 can be re-expressed as:

∆̃1 = ∆1 +∆ρ1 (6.35)

Here,

∆ρ1 = −
dr1

c

(
1+ cosα

)
(6.36)

Substituting Eqs. 6.30 and 6.33 into Eq. 6.29,

K̃1 = −
dy1

(
1+

dr1
dy1

)
dx1

(
1 − dr1

dx1
cosα

) (6.37)

Using Eq. 6.12, K̃1 can be re-expressed as:

K̃1 = k1

(
1+

dr1
dy1

1 − dr1
dx1

cosα

)
(6.38)

K̃1 = k1 Kρ1 (6.39)

Here,

Kρ1 =
1+

dr1
dy1

1 − dr1
dx1

cosα

(6.40)

Now, combining Eqs. 6.27, 6.35 and 6.39 results in:

W̃1opt(z) = k1Kρ1

Ux(z)
Uy1(z)

z−(∆1+∆ρ1
) (6.41)

Using Eqs. 6.16 and 6.41, W̃1opt(z) can be expressed as:

W̃1opt(z) = ρ1(z)W1opt(z) (6.42)

Here, ρ1(z) is the remote controller transfer function from Ls1 to Lr1 , given by:

ρ1(z) = Kρ1z−∆ρ1 (6.43)
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Figure 6.5: Right-side coordinates of remote ANC headrest

6.3.2.2 Right Zone-of-Quiet

Similarly, the net sound field at remote location Lr2 is given by:

er2(n) = pr2(n) + qr2(n) (6.44)

Here, er2(n) is the sum of the primary noise and secondary noise from source

Ls2 . Using the same logic used for the derivation of Eqs. 6.14 and 6.15, pr2(n)

and qr2(n) can be obtained as:

pr2(n) =
1

dxr2

ux(n) ~ x
(

n− dxr2

c

)
(6.45)

qr2(n) =
1

dy2r2

uy2(n) ~ y2

(
n−

dy2r2

c

)
(6.46)

A zone-of-quiet at remote location Lr2 can be created when the primary signal

x(n) and control signal y2(n) cause the residual error er2(n) to be zero. At the

same time, the control signal expressed as ỹ2opt can be obtained by setting Eq.

6.44 to zero after substituting Eqs. 6.45 and 6.46 into it:

ỹ2opt(n) = −
dy2r2

dxr2

Ux(n)~U−1
y2

(n)~ x
(

n −
dxr2−dy2r2

c

)
(6.47)
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Therefore, the optimal transfer function for creating a zone-of-quiet at a remote

location Lr2 is defined as:

W̃2opt(z) =
Y2(z)
X(z)

= K̃2
Ux(z)
Uy2(z)

z−∆̃2 (6.48)

Here, X(z) represents the z-transform of x(n), while ∆̃2 is the time delay, and

K̃2 is a static gain given by:

∆̃2 =
dxr2−dy2r2

c
(6.49)

K̃2 = −
dy2r2

dxr2

(6.50)

The direct implementation of W̃2opt(z) is not technically possible because the

acoustical characteristics and geometrical parameters of the physical plant are

unknown (since Ux(z) and Uy2(z) are unknown transfer functions). Alterna-

tively, an adaptive algorithm can be used to identify an estimate of W̃2opt(z).

Based on Figure 6.5, the distance between Ls2 and Lr2 can be written as:

dy2r2 = dy2 +dr2 (6.51)

Similarly, the distance between the primary noise Lp and Lr2 can be written as:

dxr2 =
√

d2
x2
+d2

r2
−2dx2dr2cosα (6.52)

dxr2 = dx2

√
1+

d2
r2

d2
x2

−2
dr2

dx2

cosα (6.53)

For
dr2
dx2

<< 1, Eq. 6.53 can be approximated by the first two terms of the

Taylor series.

dxr2 = dx2

(
1 − dr2

dx2

cosα

)
(6.54)
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Substituting Eqs. 6.51 and 6.54 into Eq. 6.49 results in:

∆̃2 =
dx2−dr2cosα−dy2−dr2

c
(6.55)

Using Eq. 6.21, ∆̃2 can be re-expressed as:

∆̃2 = ∆2 +∆ρ2 (6.56)

Here,

∆ρ2 = −
dr2

c

(
1+ cosα

)
(6.57)

Also, substituting Eqs. 6.51 and 6.54 into Eq. 6.50 yields:

K̃2 = −
dy2

(
1+

dr2
dy2

)
dx2

(
1 − dr2

dx2
cosα

) (6.58)

Using Eq. 6.22, K̃2 can be re-expressed as:

K̃2 = k2

(
1+

dr2
dy2

1 − dr2
dx2

cosα

)
(6.59)

K̃2 = k2 Kρ2 (6.60)

Here,

Kρ2 =
1+

dr2
dy2

1 − dr2
dx2

cosα

(6.61)

Now, combining Eqs. 6.48, 6.56 and 6.60 results in:

W̃2opt(z) = k2Kρ2

Ux(z)
Uy2(z)

z−(∆2+∆ρ2
) (6.62)

Based on Eqs. 6.20 and 6.62, W̃2opt(z) can be expressed as:

W̃2opt(z) = ρ2(z)W2opt(z) (6.63)
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Here, ρ2(z) is the remote controller transfer function from Ls2 to Lr2 , which is

given by:

ρ2(z) = Kρ2z−∆ρ2 (6.64)

After obtaining the remote controller transfer functions ρ1(z) and ρ2(z), the

block diagram of the 1×2×2 remote ANC headrest is redefined, as shown

in Figure 6.6. Note that traditionally the transfer function of ANC controller

W1opt(z) and W2opt(z) could have minimized the noise at the location of an

error microphone. However, in the remote ANC headrest, it does not intend to

minimize the noise at the location of an error microphone. In the proposed

multichannel ANC headrest system, the ANC controllers W1opt(z) and W2opt(z)

integrates with the remote controllers ρ1(z) and ρ2(z) and intends to minimize

the noise at a remote location far from the error microphone. The integration

of the remote controller into the FxLMS algorithm leads to derive a new

multichannel adaptive algorithm, called multichannel remote FxLMS.

The multichannel remote FxLMS is identical to multichannel FxLMS

algorithm which able to arrive at an estimate of W1opt(z) and W2opt(z), if the

reference and error signals fed to its updated equations are identical to those of

the original multichannel FxLMS. The control signal of multichannel remote

FxLMS is identical to original equation, but error signal is interpreted by

introducing an updated remote controllers ρ1(z) and ρ2(z) which changes the

control system structure. To compensate the influence of a remote controller

ρ1(z) and ρ2(z) the updated FxLMS equations is implemented which can adap-

tively identify an estimate of W̃1opt(z) and W̃2opt(z). The updated multichannel

remote FxLMS is expressed as:

w1(n+1) = w1(n)+µ[ŝ1(n)~x(n)][e1(n)+∆e1(n)]

w2(n+1) = w2(n)+µ[ŝ2(n)~x(n)][e2(n)+∆e2(n)]
(6.65)
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Figure 6.6: Block diagram of multichannel 1×2×2 remote ANC headrest

Where ∆e1(n) and ∆e2(n) are the difference between the error signals of

physical locations to the desired remote locations, and ‘µ’ is the step size that

determines the convergence speed of adaptive algorithm.
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6.4 Simulation Experiments and Performance

Analysis

The relative positions of the physical and virtual microphones are shown in

Figure 6.1. It is important to note that, in practical applications, the listener's

ears are normally 12–18 cm away from the headrest. In our proposed system

model, the physical error microphones are in a non-interfering position, and a

pair of zones-of-quiet are projected 12–15 cm away from the secondary sources

and close to the listener's ears. Simulation experiments were implemented at

low frequencies from 100–600 Hz. A performance comparison of local ANC

with the proposed remote ANC headrest is shown in Figure 6.7. As shown

in Figure 6.7a, in a conventional local ANC setup, the ANC system creates a

zone-of-quiet at an error microphone. However, it is also interesting to note

the boundary conditions and the non-interfering positioning of the physical

microphones projecting the zone-of-quiet towards the listener's ears. In spite of

the fact that the zone-of-quiet is moved 2 cm away from the error microphone,

the displacement between the zone-of-quiet and the listener's ears is still 10-12

cm.

The noise attenuation performance of the proposed remote ANC headrest

is shown in Figure 6.7b. The inputs remained the same, the physical micro-

phones were fixed at the same locations, and the listener's head was 12-18 cm

from the physical error microphones. At low frequencies, the primary acoustic

field at the physical and virtual microphone locations was very similar. The

simulation experiment results show that the proposed remote ANC system

arrangement is able to calculate an accurate estimate of the acoustic pressure

at the listeners'ears to attenuate unwanted noise. This means that the system

can produce almost perfect zones-of-quiet at the listener's ears. The simulation

experiments were performed on the Bark frequency spectrum from 100–600
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(a) Spatial noise reduction for conventional head-mounted ANC

(b) Spatial noise reduction for proposed remote ANC

Figure 6.7: Comparison of conventional head-mounted local ANC and pro-
posed remote ANC headrest
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Hz. The simulation results indicate that the proposed system model arrange-

ment achieves adequate noise attenuation around the listener's ears for noise

up to 600 Hz. This result provides strong motivation for using the proposed

remote ANC headrest arrangement in practical applications.

A second simulation experiment on the proposed remote ANC headrest

was implemented to compare the noise attenuation at the physical error sensor

location and the virtual error sensor location. The magnitude response of the

proposed remote ANC headrest is shown in Figure 6.8. The results show that

the noise attenuation at the virtual error sensors (remote zone-of-quiet) was

12-15 dB greater than that at the physical error sensors.

A third simulation experiment was implemented to observe the overall

displacement of the zone-of-quiet. A comparison of the experimental results

of local ANC and the proposed remote ANC headrest is shown in Figure 6.9.

The noise attenuation of a conventional local ANC system on the headrest on

Figure 6.8: Magnitude response of proposed remote ANC
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a geometric plane is shown in Figure 6.9a. The result shows that the maximum

silent point of the local ANC system is at 15 cm on the x-axis. The noise

attenuation of the proposed remote ANC system on a geometric plane is

shown in Figure 6.9b. The results shown in the figure indicate that the silent

point is moved by 15 cm along the x-axis and the level of noise attenuation is

shown in relation to magnitude.

A fourth simulation experiment was implemented to observe the overall

acoustic response on a geometric plane. The acoustic responses of the local

ANC and proposed remote ANC on a headrest are modelled as contours. The

experimental results are shown in Figure 6.10. The contour charts indicate

that the acoustic noise attenuation at the desired remote zone-of-quiet was

well-positioned in relation to the listener's head.

These simulation experiment results on the ANC headrest indicate that

the proposed system performs better than the conventional local ANC system,

while it is also able to position the remote zone-of-quiet at the desired location.

Here, the proposed system has been implemented on low-frequency noises, and

ANC systems are generally only effective for low and mid-range frequencies.

In addition to other predefined limitations, the acoustic behaviour at physical

and virtual microphones also varies at higher frequencies. The difference in

the primary acoustic field between the physical and virtual microphones limits

the noise attenuation ability. A more detailed description of the headrest's

geometry would be required to generate an adequate zone-of-quiet at the

listener's ears at higher frequencies.
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(a) Location of zone-of-quiet for conventional head-mounted ANC

(b) Location of zone-of-quiet for proposed remote ANC

Figure 6.9: Location of zone-of-quiet for conventional head-mounted ANC
and proposed remote ANC headrest
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(a) Noise contours of conventional head-mounted ANC

(b) Noise contours of proposed remote ANC

Figure 6.10: Comparison of noise contours of conventional head-mounted
ANC and proposed remote ANC headrest
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6.5 Summary

Analytical modelling of a multichannel remote ANC system that projects the

zone-of-quiet further away from the secondary source than the physical error

sensor's position was presented here. The proposed system was theoretically

modelled in an acoustic domain, and the proposed remote ANC architecture's

performance was compared with conventional ANC in a headrest. The noise

attenuation effect at the remote location in a local ANC system was also theo-

retically studied. A real headrest's geometric details were used in theoretical

modelling to produce accurate results at the desired location. A simulation

experiment of the remote ANC system was then undertaken to visualise the

ANC headrest performance. This arrangement was used to measure the perfor-

mance of a pair of zones-of-quiet created by the multichannel remote ANC

system near the listener's head. The results demonstrate that the remote ANC

headrest is able to effectively project the zone-of-quiet further away from the

secondary loudspeaker than the physical microphone's position. The proposed

model was tested for low-frequency noise from 100-600 Hz, and the results

revealed a noise reduction of 12–15 dB at the listener's ears.

6.6 Related Publications

This chapter's work will be submitted soon for the following publication:

• M. W. Munir and W. H. Abdulla, “Multichannel Remote ANC Headrest”,

Journal of Sound and Vibration (to be submitted soon).



Chapter 7

Remote ANC Experimental Study

Overview: In this chapter, we describe in detail the experimental setup

used to validate the proposed theoretical and simulation results. The pro-

posed ANC algorithms were implemented on an FPGA using the LabVIEW

graphical programming language. This chapter also elaborates on the im-

plementation design and how preemptive and cooperative multitasking can

be achieved in ANC algorithms.

This chapter presents the experimental setup used to validate the proposed

theoretical and simulation results. The experimental setup designed and devel-

oped in this research was implemented at the University of Auckland Signal

Processing Laboratory. The experimental setup is used to show the perfor-

mance of the theoretical expressions of the proposed remote ANC algorithms

presented in Chapters 3, 4 and 5. The experiments undertaken in this chapter

then indicate that the theoretical and simulation models are valid in practice.

Section 7.1 introduces the developed experimental setup and its major

components. Section 7.2 describes the implementation of the ANC algorithms

in the LabVIEW graphical programming language. Section 7.3 describes the

experimental design and testing of the proposed methods discussed in Chapters

3 and 4. In this section, the FxLMS algorithm was implemented to benchmark

155
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the experimental setup. Then, various ANC algorithms were implemented,

with two of them being briefly discussed in this section.

7.1 Experimental Setup

Experimental studies were conducted to investigate single-channel and multi-

channel ANC. In the first instance, a conventional signal-channel ANC system

was implemented to benchmark the experimental setup. Then, the single-

channel remote ANC system was implemented to project the zone-of-quiet

to a remote location. The single-channel ANC system had a single reference

microphone, an error microphone and a secondary loudspeaker. The exper-

iment was implemented on an acoustic duct. The duct's overall dimensions

L×W ×H were 210× 18× 21 cm, and it was made of medium-density fi-

breboard. The interior of the duct was insulated with a 5 mm-thick mat. The

primary sound source (a loudspeaker) was placed at one end of the duct, while

the other end was kept open. The experimental system has two sound sources

(loudspeakers), labelled the primary and secondary sound sources. The primary

sound source was used to generate a primary noise (the experimental noise),

while the secondary sound source was used to drive the control signal to cancel

the primary noise. In practical applications of ANC, it is desirable to have the

secondary source's frequency response as flat as possible across the targeted

frequency spectrum. In the experimental setup, a Phonic SEp 207 powered

loudspeaker with a 20 W on-board power amplifier was used as the control

loudspeaker.
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7.2 FPGA Design and Implementation in

LabVIEW

FPGAs are one of the most advanced and practical solutions for hardware

prototyping and experimental implementation. An FPGA is a silicon chip with

unconnected logic gates. It enables users to implement the functionality of

these logic gates using software tools. We used an FPGA for the hardware

implementation of our proposed algorithms for the following key reasons:

• It allows to implement simultaneous true-parallel processing circuits

with no CPU time sharing.

• It is reconfigurable through software, making it very flexible and cost-

effective.

• It has high reliability and performance.

7.2.1 LabVIEW FPGA

Typically, hardware description languages (HDLs), such as Verilog and VHDL,

are used to implement FPGAs. Hardware description languages are suitable

for simulations, but they suffer severely in practical implementations. In partic-

ular, their performance is degraded when multiple parallel operations between

clock cycles are performed, such as the dozens or hundreds of multiply-and-

accumulate (MAC) operations used for finite impulse response (FIR) filtering.

However, the implementation can be alternatively achieved using software

tools, such as Laboratory Virtual Instrument Engineering Workbench (Lab-

VIEW). LabVIEW is a design and development platform that uses a graphical

programming language. LabVIEW graphical programs are called virtual in-

struments (VIs). LabVIEW allows for the development and implementation of
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Figure 7.1: LabVIEW experimental implementation protocol



FPGA Design and Implementation in LabVIEW 159

hardware design on multiple VIs. Programs that run on the computer are called

HOST VIs, and those that deploy in FPGA for real-time processing are called

FPGA VIs. The Host VIs and FPGA VIs are connected through a network

interface. The network interface is a communication channel between the

Host VIs and FPGA VIs, the network interface also provides the flexibility of

offloading some CPU and FPGA tasks that do not require real-time processing.

The LabVIEW experimental implementation protocol is shown in Figure 7.1.

7.2.1.1 Real-Time Processing

In this experimental study, the ANC algorithms were designed for multi-

threading implementations using NI-sbRIO-9627. A diagram of Single-Board

RIO is shown in Figure 7.2a. Single-Board RIO is based on the LabVIEW RIO

architecture, featuring a reconfigurable FPGA and I/O interface that provides

a compact and fast solution for advanced digital signal processing (DSP) appli-

cations. The SbRIO-9627 module has a 667 MHz dual-core ARM cortexA9

processor, 512 MB of DDR3 RAM, an Artix-7 (Zenq-7020) reconfigurable

FPGA and a 16-channel analogue input and four-channel analogue output

ports. In the first instance, the FxLMS ANC algorithm was implemented to

benchmark the hardware implementation. Then, the proposed remote ANC

and psychoacoustically motivated remote ANC systems were designed and

implemented on the FPGA. A block diagram outlining the experimental imple-

mentation is shown in Figure 7.2. In Figure 7.2b, the pictorial representation

of compact RIO blocks is used to highlight the functioning of each processing

block (i.e. the real-time processor, reconfigurable FPGA and analogue and

digital I/O). In practice, these blocks are built-in on the Single-Board RIO, as

shown in Figure 7.2a.
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(a) Diagram of Single-Board RIO

(b) Pictorial representation of compact-RIO blocks to highlight the functioning of
each processing block

Figure 7.2: Block diagram of hardware implementation
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7.3 ANC Implementation in Graphical

Programming

To take full advantage of the multi-core processing power of the FPGA, the

ANC experimental setup was designed for multi-threading implementation.

In multi-threading implementation, the LabVIEW graphical programming

is executed in multiple threads organised by the structural framework. The

structural framework is a set of sequence structures, case structures, loops

and other structures. The structures include a graphical code and controls

its execution based on implementation logic. The graphical programming

implemented in the sequence-structure is shown in Figure 7.3. As shown in

Figure 7.3, each sequence has its own structures, called loops (i.e. uploading

loops and downloading loops). These loop structures are designed to read and

write the data in memory blocks. Each memory block is based on 256 elements

with a read latency cycle of 1. The maximum frequency of the complied design

Figure 7.3: Block diagram of remote ANC system
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is based on the read latency cycles. In addition to the preemptive multitasking

in the structural framework, LabVIEW also allows for the implementation of

cooperative multitasking, according to which the structures can contain and

run multiple structures and loops insides. In the following, these structures

and their functions are introduced separately, called threads. The graphical

implementation of these threads is shown in Figure 7.4.

• Reading Thread

The structure shown in Figure 7.4a is called a reading thread. It reads

data from the error and reference microphones connected to the input

modules of NI− sbRIO−9627. The reading input loop filters the input

signals through low-pass and high-pass filters and stores them in memory

blocks. The input signal picked from the reference microphone was

labelled ‘Ref Mic’, while the signal picked from the error microphone

was labelled ‘Error Mic’. Later, these labels were used to call these

signals during processing.

• Processing Thread The structure shown in Figure 7.4b is called a pro-

cessing thread. The processing thread processes the reference and error

signals to execute the ANC algorithm and compute the secondary signal

for the secondary loudspeaker. The computed secondary signal is stored

in the memory block and labelled as ‘Anti-Noise’. A complete graphical

implementation of ANC algorithms is available in Appendix A.

• Writing Thread

The structure shown in Figure 7.4c is called a writing thread. The writing

thread obtains the computed anti-noise signal, processes it through the

output filter and then sends it to the output channel of NI− sbRIO−

9627. The output channel then generates an electric signal to drive the

secondary-source loudspeaker of the ANC system.
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(a) Reading thread

 

ANC Sub VI 

(b) Processing thread

(c) Writing thread

Figure 7.4: Graphical implementation of ANC reading, processing and writing
threads
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7.4 Experimental Design and Testing

To implement ANC algorithms, numerous FPGA VIs and sub-VIs have been

designed and implemented on FPGAs, such as multiple LMS VI, multiple FIR

VI, signal VI, secondary path modelling VI and error calculation VI. These

are some of the VIs required for all ANC experiments. However, there are also

algorithm-specific VIs that have been redesigned for particular experimental

setups. Block diagrams of some of these VIs are available in Appendix A.

7.4.1 Experimental Study 1: FxLMS Algorithm

In this experimental study, the FxLMS algorithm was implemented and tested

on an acoustic duct. The secondary path modelling was done off-line in the

initialisation stage. Then, the stability of the ANC system was ensured by

calculating the optimum value for the step size. The step size was calculated

theoretically, and it was then adjusted experimentally according to the ANC

controller's response. Photos of the actual experimental setup are shown in

Figure 7.5.
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(a) (b)

(c) (d)

Figure 7.5: Hardware used to set up the experimental model
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7.4.1.1 Secondary Path Modelling

The secondary path impulse response in the acoustic duct was estimated using

a real-time secondary path identification system integrated in the experimental

setup. Figure 7.6 shows the impulse response of the system estimated by

the experimental setup. Figure 7.7 shows the impulse response of the ANC

controller in a processing stage. These figures were exported directly from

LabVIEW.

7.4.1.2 ANC System Stability

Multiple experiments were performed to determine the stability of the ANC

system. The step size µ is responsible for the divergence and stability of the

Figure 7.6: Secondary path modelling impulse response

Figure 7.7: ANC controller adaption
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Figure 7.8: Experimental results of residual noise power at µ = 0.800 x 10−3

system. However, it is not practically possible to calculate a specific value

for the step size µ in all experiments due to inconsistencies in experimental

environments, such as changing environmental characteristics, non-stationary

ambient noise patterns and uncertainties associated with control systems,

physical plants and measurement instruments. Multiple experiments with

different step sizes demonstrate that at µ > 1.450×10−3, the system begins

diverging from the beginning, and it diverge after a short time when 1.150×

10−3 < µ < 1.450×10−3. The plot shown in Figure 7.8 was directly exported

from the LabVIEW environment and shows the residual noise power when

µ = 0.800 x 10−3.

The theoretical and experimental values of µmax and µmin were calculated for

each experiment. In the first instance, the theoretical values of µmax and µmin

were calculated and then compared with the experimental value of µmax and

µmin to evaluate the relative error between them. The relative error between

these values ranged from −6% to 9%, which is justifiable because changes in

the physical environment and uncertainties are not considered in theoretical

calculations.
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7.4.2 Experimental Study 2: Remote ANC Algorithm

In the second experimental study, the proposed remote ANC algorithm was

tested to validate the theoretical and simulation results. A block diagram of the

remote ANC system is shown in Figure 7.9. The proposed theoretical model

of remote ANC presented in Chapter 3 was implemented on an FPGA VI. The

transfer function of the remote controller was derived in an acoustic domain

and then used in the FPGA VI. The FPGA VI picked three input signals:

the reference signal from the reference microphone, the error signal from

the physical error microphone and the remote noise signal from the remote

observer noise microphone. The reference and error signals were responsible

for updating the adaptive filter, while the remote noise signal was used to

observe the noise attenuation at the remote location. A front panel diagram of

remote FxLMS is shown in Figure 7.10, while the block diagram of the remote

FxLMS Host VI and FPGA VI are shown in Appendix A.

Figure 7.9: Block diagram of remote ANC system
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Figure 7.10: LabVIEW front panel of experimental model
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7.4.3 Experimental Study 3: Psychoacoustically Motivated

Remote ANC

In the third experimental study, a psychoacoustically motivated ANC algorithm

was tested to validate the theoretical and simulation results. The proposed the-

oretical model was implemented on an FPGA VI. Noise weighting filters were

used to model the residual noise according to human auditory characteristics.

An A-weighting noise weighting filter was designed in Host VI. The frequency

response of the A-weighting filter is shown in Figure 7.11. Then, the coeffi-

cients of the A-weighting filter were used to design the noise-weighting filter

in the FPGA VI. A block diagram of the psychoacoustically motivated FPGA

VI is shown in Appendix A.

To the best of our knowledge, this is the first experimental study to adopt

psychoacoustic principles within the ANC modelling at a remote point. The

overall system response of the psychoacoustically motivated remote ANC was

observed at multiple remote locations. Subjective tests would have been a

direct approach to measuring the psychoacoustic characteristics of the system.
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Figure 7.11: Frequency response of A-Weighting Filter in LabVIEW
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However, various constraints, such as the inconsistent evaluation, duration of

experiments and the costs of testing and training listeners, restrict their usage.

Therefore, an objective model was used to estimate the subjective evaluation. In

the objective model, the perceptual intensity of sound (loudness) was measured

as a psychoacoustic parameter. The experimental results demonstrate that

the loudness was reduced significantly by 18–24 dBA across all targeted

frequencies. A detailed analysis of these results was presented in Chapter 4.



Chapter 8

Conclusions and Future Work

Overview: This chapter gives concluding remarks and highlights the major

contributions of this thesis. It also presents possible directions for future

research based on the findings of the thesis.

8.1 Conclusions

The primary objective of this research was to develop an adaptive algorithms

to cancel unwanted noise at remote locations. Conventional noise-cancelling

algorithms attenuate unwanted noise at the location of an error microphone and

create a small zone-of-quiet as a by-product. However, in most applications, the

zones-of-quiet are ineffective and occupied by an error microphone. There may

also be physical constraints restricting the placement of the error microphone.

In these cases, virtual sensing in ANC systems is the most viable solution to

cancel unwanted noise at the desired locations. The performance of an ANC

system at a remote location is highly dependent on the correct estimation

of the virtual/remote point, so adaptive algorithms and the corresponding

experimental models are still scarce, making this a promising and challenging

area of research. In this research, we developed an adaptive algorithms to

172
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cancel the unwanted noise at a remote location and present new theoretical and

experimental models based on existing benchmarked techniques. A theoretical

analysis of single-channel remote ANC was performed in the acoustic domain

to create a zone-of-quiet at a remote location. Then, the theoretical analysis

was extended to narrowband noise, and a new algorithm was developed based

on the implementation of delayless filters. The theoretical analysis was then

extended to a multichannel ANC system and implemented on a remote ANC

headrest prototype. Further, the ultimate objective of ANC is to minimise noise

disturbance to the human hearing. Therefore, the human perception of sound

is another essential factor to be considered in the design of ANC systems.

Accordingly, this research was performed in two phases.

In the first phase, attention was given to the derivation of general closed-

form expressions for the remote ANC system, and its mathematical model was

derived for band-limited and narrowband noises.

In the second phase, attention was focused on improving the listening

experience at the remote points. This was based on the introduction of a

psychoacoustic analysis into remote ANC modelling. The simulation and

experimental results demonstrate that the psychoacoustic modelling in the

ANC system significantly improved its performance.

The main contributions of this thesis are summarised individually below.

8.1.1 Single-Channel Remote ANC

A novel approach has been proposed to project the zone-of-quiet at the remote

locations nearby an error microphone. The presented algorithm overcomes

preliminary identification constraints and depends on modelling the transfer

function between the error microphone and the remote location. The remote

controller transfer function for each remote location was modelled as a pure-
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delay impulse response. The analytical modelling of the proposed system was

demonstrated in both the digital and acoustic domains, and later it was tested in

simulations and in experimental setup through FPGA real-time implementation.

The experimental results demonstrated a noise reduction of 15–18 dB, and the

resultant zone-of-quiet was found to be independent of the error microphone.

Further, the indicative computational complexity analysis of the proposed

algorithm was undertaken, and the algorithm was benchmarked, as shown in

Table 3.1.

8.1.2 Psychoacoustic Modelling in Remote ANC

To consider the attributes of the human auditory system, noise weighting

filters were incorporated in the modelling of the remote ANC system. To

the best of our knowledge, this is the first study to implement psychoacoustic

characteristics in a virtual ANC system. The proposed model was implemented

in a remote ANC algorithm that projects the zone-of-quiet to a remote location

and shapes the residual noise according to A-weighting, which imitates the

human ear response. Therefore, the resultant zone-of-quiet is independent

of the error microphone location and perceptually quieter. Simulations and

hardware experiments were implemented on a set of Bark frequencies to

prove the effectiveness of the proposed model. The perceptual measurement

of loudness was selected as a performance criterion, and the results revealed a

considerable noise reduction of 18–24 dBA across all targeted frequencies.

8.1.3 Parallel-form Narrowband Remote ANC

As another step towards the generalisation of the remote zone-of-quiet, a

parallel-form remote ANC algorithm was developed to cancel unwanted nar-

rowband noise at a remote location. In many practical ANC applications, the
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primary noise contains multiple discrete low frequencies. A narrowband active

noise control structure is often applied to reduce unwanted noise when mul-

tiple tones have proximate frequencies. The proposed parallel-form remote

ANC algorithm uses a delayless bandpass filter bank to cancel narrowband

noise. A parallel-form ANC structure separates the discrete frequencies into

a series of adaptive filters. Each adaptive filter works independently with a

single frequency component and its corresponding remote adaptive controller.

The remote adaptive controller's transfer function is derived in advance in

the acoustic domain. The simulation experiment results demonstrated the per-

formance of the proposed system. It is able to project a zone-of-quiet at a

reasonable distance from the error microphone, and it can compensate for

the inherently introduced group delay in the secondary path. Moreover, the

experimental results indicate that the proposed algorithm achieves better noise

reduction at the remote region than at the physical error microphone.

8.1.4 Multichannel Remote ANC Headrest

Analytical modelling of multichannel remote ANC system that projects the

zone-of-quiet further away from the secondary source than the physical er-

ror sensor's location was presented. The proposed system does not require a

preliminary identification stage, and the transfer function was theoretically

modelled in the acoustic domain. The proposed remote ANC headrest architec-

ture's performance was compared with conventional ANC in a headrest setting.

The noise attenuation effect at the remote location in a local ANC system was

theoretically studied. A real headrest's geometric details were used in theoreti-

cal modelling to produce accurate results at the desired location. A simulation

experiment of a remote ANC system was modelled and conducted to visualise

the remote ANC headrest performance. This arrangement was used to measure
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the zones-of-quiet created by a multichannel remote ANC system near the

listener's head. The results demonstrated that the remote ANC headrest can

effectively project a zone-of-quiet to the listener's ears, with the result being

an area that is 12–15 dB quieter than the physical error microphone location.

8.1.5 Remote ANC Experimental Realisation

An experimental study was designed to validate the proposed theoretical

and simulation results of ANC algorithms using the LabVIEW FPGA Real-

Time Module. The real-time implementation model used in this research was

developed at the University of Auckland Signal Processing Laboratory. The

traditional FxLMS algorithm was successfully implemented to benchmark the

experimental setup, which was then used to validate the proposed theoretical

and simulation results. Using this setup, it was shown that the theoretical

expressions of the proposed remote ANC algorithm presented in Chapters 3

and 5 are valid in practice. The psychoacoustic model, developed in Chapter 4,

was also implemented and validated on the experimental setup.

8.2 Future Work

Overall, it can be concluded that this thesis provides several significant and

original contributions to virtual ANC, which is a multidisciplinary research

field with a large number of modern applications. The findings of this research

can facilitate further growth in the use of virtual ANC in industry. In particular,

it can be extended to several applications, such as for co-working spaces,

automobiles and aircraft cabins, where global noise attenuation is difficult to

achieve. Despite this achievement, further study is still required to address a

number of challenges. Potential research work that can be undertaken in future
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based on the findings of this thesis is presented as follows.

Single-Channel Remote ANC

This thesis's theoretical analysis is based on the assumption of tonal and

band-limited noise and is then extended to a more general case of narrowband

noise. The presented adaptive algorithms are limited to low-frequency noise

from 100-600 Hz, which does not cover the entire frequency range that

conventional ANC systems are able to cover at physical locations. Based on

the experimentally validated models presented in this thesis, the exploitation

of delayless sub-band adaptive filters in the theoretical modelling of remote

ANC would be an interesting method to remove the limitations of narrowband

and band-limited noise fields.

Multichannel Remote ANC

A multichannel remote ANC system that projects the zone-of-quiet further

away from the secondary source than the physical error sensor's position has

been explored. This research was conducted based on the theoretical model

developed in Chapter 3 of this thesis. As mentioned in Chapter 3, the model

can be applied to tonal and band-limited noises. However, when we intended

to derive an analytical model of parallel-form ANC from this model in Chapter

5, we extended it to narrowband noises. A real headrest's geometric details

were used in theoretical modelling to produce accurate results at the desired

location. The results showed that a remote ANC headrest can effectively

project the zones-of-quiet further away from the secondary loudspeaker than

the physical microphone's position. The theoretical modelling of the proposed

system is simplified and limited to narrowband and band-limited noises.

Further, a more detailed description of the headrest's geometry is required to

generate an adequate zone-of-quiet at the listener's ears at higher frequencies.
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The study of cancelling high-frequency broadband noises on remote ANC

headrests is another interesting area of research that can be focused on to build

on this thesis.

Psychoacoustics in ANC

In this thesis, the perceptual intensity of sound (loudness) was used as a psy-

choacoustic parameter. However, there are a number of other contributory

psychoacoustic parameters, such as pleasantness, sharpness and roughness.

These psychoacoustic parameters could also be considered in virtual ANC

systems to improve the acoustic impression on the human auditory system.

Furthermore, psychoacoustic analysis is not limited to the FxLMS ANC algo-

rithm. It can also be used in a wide range of noise control applications, such

as adaptive echo cancellation, noise masking and adaptive noise control. The

theoretical and experimental results obtained in this thesis were derived based

on a psychoacoustic analysis of the FxLMS active noise control framework

and the derived topology. This analysis could also be performed for other appli-

cations and based on their relevant characteristics. Although these applications

may differ in some respects, the logic behind the analysis will be the same

as that used here in this thesis. In addition, the scope of this work could be

extended further to broadband and mid-to-high-frequency noise.
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Appendix A

Experimental Source Code

Graphical source code of the experiments is presented to provide a high-level

overview of them. The presented LabVIEW block diagram illustrates the

source code of the main virtual instruments (VIs) and FPGA VIs, but it does

not cover the details on the sub-VIs. The block diagram provides the graphical

source code of the following items:

• Figure A.1 FPGA Least mean square (LMS) VI

• Figure A.2 FPGA Finite impulse response (FIR) filter VI

• Figure A.3 FPGA Secondary path modelling VI

• Figure A.4 FPGA Feedforward ANC VI

• Figure A.5 FPGA Remote feedforward ANC VI

• Figure A.6 FPGA Narrowband feedforward ANC VI

• Figure A.7 FPGA Noise-weighting feedforward VI

• Figure A.8 Remote ANC Host VI part 1/3

• Figure A.9 Remote ANC Host VI part 2/3

• Figure A.10 Remote ANC Host VI part 3/3
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Figure A.1: FPGA Least mean square (LMS) VI source code
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Figure A.2: FPGA Finite impulse response (FIR) filter VI source code
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Figure A.3: FPGA Secondary path modelling VI source code
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E
xperim

entalSource
C

ode
185

Figure A.5: FPGA Remote feedforward ANC VI source code
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Figure A.6: FPGA Narrowband feedforward ANC VI source code
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Figure A.8: Remote ANC Host VI source code part 1/3
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Figure A.9: Remote ANC Host VI source code part 2/3
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Figure A.10: Remote ANC Host VI source code part 3/3



Appendix B

Simulation Experiment Results

Numerous simulation experiments were performed to validate the theoretical

and mathematical models proposed in this thesis. The ANC controller adapta-

tion and residual error response of these models are presented in Appendix B.

A list of the simulation experiment results is provided as follows:

• Figure B.1 Simulation experiment results of single-channel remote ANC

• Figure B.2 Learning curves of single-channel remote ANC with variable

step size

• Figure B.3 Simulation experiment results of band-limited remote ANC
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(a) Residual noise of single-channel remote ANC

(b) Controller adaptation of single-channel remote remote ANC

Figure B.1: Simulation experiment results of single-channel remote ANC

Figure B.2: Learning curves of single-channel remote ANC with variable step
size
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(a) Residual noise of band-limited remote ANC

(b) Controller adaptation of band-limited remote ANC

Figure B.3: Simulation experiment results of single-channel band-limited
remote ANC
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