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Summary 
 
 
 
 

An innovative solution to make the public/workplace environment more pleasant 

by combining techniques of active noise control (ANC) and psychoacoustics is discussed 

in this thesis. A version of the psychoacoustic model-I, suitably modified for operational 

simplicity, has been deployed by the Integrated ANC-Masking (IANCM) system. The 

limitations of existing ANC systems, which result in an annoying residual noise, are 

overcome by applying a soothing and pleasant masker at the exact levels of loudness. A 

technique for selection of the right masker from a pool of desirable maskers has also been 

suggested, in addition to giving the end users a choice of selecting their own favorite 

maskers. Various adaptive algorithms have been compared under several critical factors 

prior to deciding their suitability for the current task. The system employs a pleasant 

sound for ascertaining the offline estimate of the secondary path, thereby providing the 

end-user a completely pleasant experience. The effects of varying the masker levels on 

the quality of output have been analyzed and compared with a conventional ANC system. 

Continual tracking of the residual noise enables the system to find the right levels of 

masker amplitudes. This enables the system to cater for a wide range of sources of 

unpleasant noise. To further improve the performance of the system, preprocessing the 

masker for dynamic range reduction has also been employed. In addition to this, 

statistical methods for clustering have been employed to provide a smooth transition 

between maskers, thereby avoiding a monotonous experience. 

The proposed system is also able to compensate for any changes taking place in 

the secondary path by incorporating online modeling of secondary path. The system has 
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been validated for stability and performance for numerous combinations from a large 

pool of maskers and noise sources. Several practical situations can benefit from the 

proposed system and a few of them have been suggested in this thesis. Lastly, the thesis 

proposes several areas of research for further improvement of the IANCM system. 
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Chapter 1 

 

Introduction 

 

Psychoacoustics, the science of studying the interaction of sound and human auditory 

system has been around for more than five decades and has been used in applications 

such as the vastly popular MP3 digital audio coding, digital audio watermarking, hearing 

aids, suppression of audio artifacts and loudspeaker design among other applications. 

However, psychoacoustics has primarily made its mark in digital audio compression. 

This thesis aims to break new grounds in noise suppression using psychoacoustic 

parameters in conjunction with active noise control (ANC) systems. ANC systems [1] 

have been refined for more than seventy years, after the basic idea was invented by Paul 

Leug. There are two ways to achieve noise reduction. The first approach is using passive 

systems, which are based on the absorption and/or reflection properties of materials, and 

perform well for frequencies higher than 1 kHz. These techniques are somewhat 

expensive, obstructive and not effective at low frequencies. The second method is ANC 

which shows good performance for lower frequencies (less than 500 Hz) and can be 

achieved at a low cost. Novel techniques utilizing the combined benefits of ANC and 

psychoacoustics have been introduced in this thesis. 

 

1.1 Motivation 

 

A common problem encountered in public or even private spaces is the incessant noise in 
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one’s surroundings. It is common to encounter construction equipment or engine noise 

nowadays in urban or even rural settings. The detrimental effects of persistent noise on 

human health [2] are well known and give us an impetus to find better ways for 

suppressing noise and making our surroundings pleasant. There is abundant literature 

available on the topic of active noise control (ANC) since the idea is not new and was 

patented by Leug in 1936[3]. A basic block diagram of the system [4] using an adaptive 

filter to control the secondary source output is illustrated in Figure 1.1. A basic 

narrowband feedforward ANC makes use of the fact that many noises, such as those 

generated by engines, compressors, motors, fans and propellers are periodic in nature and 

can use a sensor other than a microphone for providing the reference input. 

In practical applications, periodic noise contains harmonics in addition to its 

fundamental. Further the effectiveness of ANC systems above 500 Hz falls off 

significantly [5]. Figure 1.2 illustrates the effect of an ANC simulation on a noise source. 

 

 

Figure 1.1: ANC using an adaptive filter  Figure 1.2: Engine noise ANC simulation 

 

 It is clearly evident that even in a controlled simulation, ANC is not fully effective. 
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There is a marked deterioration in the performance beyond 500 Hz. This is because of the 

accumulation in phase shift with increase in frequency. The errors at higher frequencies 

cause constructive instead of destructive interference. In addition, the quantization and 

round off errors due to the limitations of hardware also contribute towards the errors. 

This limitation provides the motivation for finding an alternative solution. As the current 

ANC systems are not able to completely decimate the unwanted noise, the residual noise 

is sought to be masked by a pleasant sound in the least intrusive manner possible. 

 

1.2 Objective 

 

The objective of the research is to integrate the best practical ANC techniques with 

psychoacoustics and process the residual noise so as to make it pleasant to the human ear. 

The psycho-acoustical models acceptable under ISO/IEC 11172-3 are taken as guidelines 

for the sensitivity and discriminatory characteristics of the human ear. 

 

1.3 Major contribution of the thesis 

 

The thesis advances the relatively unexplored field of combining psychoacoustic 

techniques with ANC and utilizing them for providing a pleasant auditory experience to 

the user. Innovative techniques for selecting the most suitable masker from an available 

pool of masker’s database and a smooth transition from one masker to another are 

proposed in this thesis. A novel technique of using pleasant sounds for training the 

system has also been implemented in the proposed ANC-masking system. The proposed 
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system demonstrates its robustness by its ability to handle abrupt changes of the 

unwanted noise by employing well known automatic gain control (AGC) techniques. 

 

 

1.4 Literature Study and thesis outline  

 

To understand the behavior of sound waves, some acoustics theory is needed. Sound is a 

pressure wave traveling through a medium, for example air. Sound is usually generated 

by the vibration of an object, like speakers or human vocal cords. The vibrating object 

radiates a pressure wave into the adjoining medium. Sound is defined by many factors 

and the most important factors are outlined below. 

Frequency is the number of cycles that the periodic signal completes in one 

second. The unit of the frequency is Hz (Hertz). Frequency characterizes the tone or pitch 

of a sound, for example a bass cord sounds at a lower frequency than a violin cord. The 

wavelength is inversely related to frequency. Thus, higher frequencies have lower 

wavelengths. The amplitude is the maximum amount of pressure at any point in the sonic 

wave. Finally, the sound-propagation velocity depends on the type, temperature and 

pressure of the medium through which it propagates. The propagation speed u can be 

calculated by using equation (1.1), where γ the adiabatic exponent (Approximate value 

1.4), R the gas constant (8.3144 Joules per Kelvin per Mole), T the absolute temperature 

and M the molar mass: 

u = γ RTM .                (1.1) 
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The propagation velocity of sound waves in air is about 344ms−1 at 20 degree 

centigrade. The absolute value of the sound intensity (I) can be described in Watts per 

square meter or W/m². Bel is the logarithm of the ratio of two values which can be used to 

compare the power of two noise sources. The Bel unit is considerably large for practical 

usage; hence decibel is used more frequently. Decibel provides a relative measure of 

sound intensity. The unit is based on powers of 10 to give a manageable range of 

numbers to encompass the wide range of the human hearing response, from the minimum 

threshold of hearing (20 micro Pascal)  to the threshold of pain at some ten million times 

that intensity. In view of this wide range, logarithmic ratios are preferred over linear 

relationships.  

The sound pressure level (SPL) describes the logarithmic ratio of actual  sound 

pressure to the reference pressure of 20 micro Pascal. The threshold of hearing lies at 10 -

12 W/m2. Just noticeable difference (JND) is the minimum difference in the sound 

pressure intensity to be noticed by an average human ear. Care should be exercised in that 

this term is not exactly quantifiable and differs across frequencies and people. Sound 

absorption coefficient describes the efficiency of the material or the surface to absorb the 

sound. The ratio of the absorbed sound energy to the incident energy is the sound 

absorption coefficient. Noise reduction coefficient (NRC) is the arithmetic average of the 

sound absorption coefficients at 250, 500, 1000, and 2000 Hz. This average is rounded to 

the multiples of 0.05. 

  Psychoacoustics is the science that seeks to explain the acoustic signal processing 

by the human ear and brain. The highly nonlinear and complex nature of the human 

auditory system has been studied extensively over the last 50 years. Its use in data 
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compression algorithms and reduction of audio artifacts in consumer devices are the most 

popular applications. It has also been used for many other signal processing applications 

such as audio watermarking [6], transmission of wireless signals/communications [7], 

and speech enhancement [8]. This thesis proposes another novel application of 

psychoacoustics; residual noise masking for ANC systems.  

 This thesis aims to combine the advantages of psychoacoustics with practical 

ANC systems. Psychoacoustic masking of the residual noise, offline and online modeling 

of secondary path for Integrated ANC-Masking (IANCM) systems and pre-processing of 

masker by dynamic range reduction have been developed. The outline of the thesis is as 

follows.  

Conventional ANC systems and the most popular algorithms used for their 

implementation are explained and analyzed in Chapter 2. The need to reduce the residual 

noise is recognized. Chapter 3 introduces the concepts of masking and psychoacoustics. 

Industry prevalent noise measurement and weighting standards are analyzed and judged 

for their suitability in the proposed IANCM system. Important factors for gaining a 

pleasant auditory experience are studied and the psychoacoustical model-I [9] which has 

been deployed for the system has been discussed in some detail. Chapter 4 presents the 

proposed IANCM system. Methods for selection of the most suitable masker from the 

available corpus of pleasant sounds have been proposed.  The effects of inclusion of 

masker audio into ANC systems are discussed. Successful implementation of using 

pleasant signals for training the system has been highlighted. The robustness of the 

system has been demonstrated with the widely used least mean square (LMS) and 

normalized least mean square (NLMS) algorithms. The system has been enhanced with 
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automatic gain control (AGC) to cater for changes in the maskee. This additional feature 

has increased the system capabilities to handle time varying maskees too. Practical utility 

of the system to handle everyday situations, such as snore noise, household appliances 

and air conditioner noise have been demonstrated via computer simulations. Chapter 5 

incorporates some improvements in the design of the IANCM system. These 

improvements include the reduction in dynamic range to minimize masker volume, 

online modeling to cater for changes in secondary path and transitioning of maskers to 

reduce listener fatigue. The possibility of using reverberation for minimizing masker 

loudness has also been explored. Chapter 6 lists the conclusions drawn from the research 

and outlines the scope for further research. 
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Chapter 2 

 

Active Noise Control 

 

 Active noise control (ANC) systems work on the principle of superposition. ANC is 

achieved by introducing an appropriate anti-noise through secondary sources using signal 

processing algorithms. Feedback or feedforward techniques are used to get an estimate of 

the primary noise from its point of source and an anti-noise signal is generated before it 

reaches the destination, where a quiet zone is desired. Signal estimation techniques can 

be used to produce an anti-noise signal, if the primary noise were stationary or a periodic 

signal. However, most acoustical noises like automobile noise are non-stationary, thereby 

requiring the employment of an adaptive filter. ANC systems are currently being 

employed for automotive, mass transportation, military, industrial and domestic 

appliances [4]. An ANC system consists of the physical system to be controlled, the 

sensors that sense the primary disturbance and monitor the residual error, actuators that 

physically alter the plant response, and a controller to process the sensor signals and alter 

the input to actuators. In this chapter, we will introduce different types of controllers used 

for these systems and their commonly used algorithms. 

 

2.1 Types of ANC 

 

ANC uses an electrically generated acoustic sound field to reduce the unwanted noise. If 

the control is dynamic and adapts to the changes in the unwanted sound field, then ANC 
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must be an adaptive system. Such a system is ideally suited to cancel noise in the range of 

0-500 Hz [4] – [5] as it faces several technical difficulties at frequencies higher than 500 

Hz. First of all, for higher frequencies, the spacing requirements for sensors and speakers 

become prohibitive due to the smaller wavelength. Secondly, the real time processing 

requirements make ANC techniques unmanageable. Thirdly, passive treatments become 

more effective at frequencies higher than 500 Hz [5] and often provide an adequate 

solution without the need for active control. ANC can broadly be classified into: 

(i) Broadband Feedforward ANC. 

(ii) Narrowband Feedforward ANC. 

(iii) Broadband Feedback ANC. 

(iv) Narrowband Feedback ANC. 

 

2.1.1 Broadband feedforward ANC:  

 

These are systems that have a single secondary source, a single reference microphone and 

a single error microphone. In this system (shown in Figure 2.1), the reference microphone 

samples the incoming signal for processing by the electronic controller, which also drives 

the control source i.e. the canceling loudspeaker. 
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Noise
Source

Primary
Noise

Reference
Microphone

Canceling
Loudspeaker

Error
Microphone

ANC

x(n)

y(n)

e(n)

 

 Figure 2.1: Broadband feedforward ANC 

 

The effectiveness of the cancellation is measured by an error sensor located at a 

specific position. The system exhibits responses to a measured disturbance in a pre-

defined way. The objective of the ANC controller is to minimize the residual error signal 

e(n). For effective implementation of a feedforward controller, the disturbance must be 

measurable and the effect of the disturbance to the output of the system must be known. 

In addition, the time it takes for the disturbance to affect the output must be longer than 

the time it takes the feedforward controller to affect the output. If these conditions are 

met, feedforward ANC can turn out to be extremely effective. This basic broadband ANC 

system can be described as an adaptive system identification framework as shown in 

Figure 2.2.  
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Figure 2.2: Adaptive feedforward ANC 

 

Essentially, an adaptive filter W(z) is used to estimate an unknown plant P(z) 

which consists of the acoustic response from the reference sensor to the error sensor. The 

objective of the adaptive filter W(z) is to minimize the residual error signal e(n). It is 

necessary to compensate for the secondary path transfer function S(z) from the output of 

the adaptive filter till the point where the error signal is measured. The introduction of the 

secondary path transfer function in a system using the conventional LMS algorithm 

prevents the convergence of the adaptive filter [5]. This can be solved by placing an 

estimated secondary path filter in the reference signal path prior to the weight update of 

the LMS equation, as shown in Figure 2.2. This is known as the filtered-X LMS 

algorithm [4]. In practical applications, the secondary path transfer function S(z) is 

unknown and must be estimated by an additional filter ˆ( )S z  . Therefore, 

                                             ˆ'( ) ( )* ( ),x n s n x n=                                                             (2.1) 

where ˆ( )s n is  the impulse response of ˆ( )S z . 

 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 

 

Chapter 2: Active Noise Control 

12

2.1.2 Narrowband feedforward ANC:  

 

Many noise sources such as engines, compressors and motors are periodic in nature. For 

such cases, direct observation of the mechanical motion using an appropriate sensor can 

be used to provide an electrical reference signal which consists of the primary frequency 

and all the harmonics of the generated noise. Thus, the problem of acoustic feedback 

from the antinoise output to the reference microphone is removed. The basic block 

diagram of the narrowband feedforward ANC system [10] is shown in Figure 2.3. The 

periodicity of the noise means that the causality constraint is not very stringent [5].  

Noise
Source

Signal
Generator

Adaptive
Filter

LMS

Canceling
Loudspeaker

Error
Sensor

x(n) y(n)

Primary disturbance

Nonacoustic
sensor

e(n)

 

Figure 2.3: Narrowband feedforward ANC 
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2.1.3 Broadband Feedback ANC: 

 

 In practical applications of ANC, it is not possible to accurately predict all the factors 

and their effect on the output of a system. While feedforward systems require knowledge 

of the incoming disturbance to generate an anti-noise signal, feedback systems attenuate 

the disturbance as it occurs. The basic block diagram of a classical feedback ANC system 

[4] is shown in Figure 2.4. In feedback control, the variable required to be controlled is 

measured. This measurement is compared with a given datum. The controller takes this 

error and manipulates the necessary variables to compensate for the error. The advantage 

of this type of control is that it is simple to implement. 

Noise
Source

Primary
Noise

Canceling
Loudspeaker

Error
Microphone

ANC

y(n)

e(n)

x(n) d(n)

( )S z

( )P z

( )W z
 

Figure 2.4: Broadband Feedback ANC 

 

 The performance of ANC can be determined by the frequency-domain analysis of 

the residual signal e(n).The autopower spectrum is given by [4]  
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( ) [1 ( )] ( )ee dx ddS C Sω ω ω= − ,                           (2.2) 

 

where ( )dxC ω is the magnitude squared coherence function between two wide sense 

stationary random processes d(n) and x (n), and ( )ddS ω is the autopower spectrum of 

d(n). In order to have a low residual error, we need high coherence at frequencies in the 

primary disturbance. To circumvent this problem, feedback systems work on the residual 

effects of a disturbance after its occurrence. They process the error signal picked up by 

the error sensor. To minimize acoustic delays and increase feedback control performance, 

control source and error sensor should be as close together as possible. In Figure 2.4, if 

W(z) is the transfer function of the controller, D(z) is the transfer function of the primary 

disturbance and S(z) is the transfer function of the secondary path, then the z-transform of 

the error signal can be expressed [11] as 

 

                                         ( ) ( ) ( ) ( ) ( )E z D z S z W z E z= − .                                             (2.3) 

 

 Thus, we get 

                                             ( )( )
1 ( ) ( )

D zE z
S z W z

=
+

.                                                    (2.4) 

 

Therefore, the closed loop transfer function H (z) from the primary noise to the error 

signal is given as [11] 

 

                                                ( ) 1( )
( ) 1 ( ) ( )

E zH z
D z S z W z

= =
+

.                                       (2.5) 
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  A feedback control system requires no knowledge of the source or nature of the 

disturbances. As long as an adjustment is being made in the correct direction, the control 

system removes the effect of an external disturbance. The disadvantage is that the 

disturbance has to pass through the system before it is eliminated. Hence, the stability of 

this system is lower than the feedforward system. An adaptive feedback ANC system 

basically estimates the primary noise and uses it as a reference signal. In figure 2.4, the 

reference signals x(n) is given as [5]  

 

1

0

ˆ( ) ( ) ( )
M

m
m

x n e n s y n m
−

=

+ −∑ ,                                          (2.6) 

 

where e(n) is the error signal, y(n) is the control signal, M is the order of the finite 

impulse response(FIR) filter used to estimate the secondary path,  and ˆms  (for m = 

0,1,….M-1) represents the coefficients of the FIR filter. 

 

2.1.4 Narrowband Feedback ANC:  

 

In this type of control system (shown in Figure 2.5), a feedback sensor generates a signal 

in response to the error signal which is fed to a narrow-band feedback controller. The 

controller has a frequency detector, a bandpass filter controlled by the frequency detector 

and a feedback control generator [11]. The frequency detector determines the peak 

frequency of the excitations. A bandpass filter passes only the peak frequency signals in a 

narrow frequency band from the feedback sensor. The feedback control generator 

receives the filtered signal from the bandpass filter and produces a control output used by 
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an actuator to attenuate the excitations. Several bandpass filters can be used in parallel to 

attenuate several frequency bands if the excitation source has multiple frequency peaks. 

This configuration allows the canceling signals to move across the frequency spectrum in 

response to the excitations.  
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Figure 2.5: Narrowband Feedback ANC 

 

2.2 ANC Algorithms 

 

Many different adaptive algorithms have been introduced over the years for the 

implementation of ANC systems. Due to restrictions in the scope of this work, we will 

only introduce two most commonly used adaptive algorithms; the least mean square and 

the normalized least mean square algorithms. 
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2.2.1 The Least Mean Square (LMS) algorithm: 

 

  The LMS algorithm was introduced by Widrow and Hoff in 1959 [12]. This algorithm 

uses the estimates of the required corrections from the reference signal and the error 

signal. The LMS algorithm incorporates an iterative procedure that makes successive 

corrections to the weight vector in the direction of the negative of the gradient vector 

which eventually leads to the minimum mean square error. 

The conventional LMS algorithm is a stochastic implementation of the steepest 

descent algorithm. It simply replaces the cost function by its instantaneous coarse 

estimate [13]. In the method of steepest descent, which is a deterministic method to find 

the minimum of the error performance surface using an adaptive feedback approach [13], 

the biggest problem is the computation involved in computing the covariance matrices in 

real time. The LMS algorithm, on the other hand simplifies computation by using the 

instantaneous values of covariance matrices instead of their actual values, i.e. 

computation of correlation function and matrix inversion are not required. However, the 

algorithm requires apriori information for the reference signal [13]. We can see from 

Figure 2.6 that the error signal at the nth time instant is given by a difference of the 

desired signal d(n) and the estimated signal at nth time instant. The estimated signal is the 

data signal x(n), passed through an arbitrary set of coefficients represented by w(n). In 

order to obtain the mean square error (MSE) of the LMS algorithm, we compute the 

expectation of the squares of the instantaneous values given by the expression [13], 

 

 

2{( ( ) ( ) ( )) }.TE d n w n x n−
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Figure 2.6: Comparison of estimate with desired signal 

 

In order to minimize the MSE, we need to minimize the expression obtained above. 

Solving for its magnitude as zero, we get the required coefficient vector as [13] 

 

              * { ( ) ( )}
{ ( ) ( ) }T

E x n d nw
E x n x n

=  ,                                                   (2.7) 

 

This is the well known Wiener solution. This results in the steepest descent algorithm, 

with coefficient updates given as [13] 

 

( 1) ( ) 2 [ { ( ) ( )} ( ) { ( ) ( ) }]
( 2 { ( ) ( ) }) ( ) 2 { ( ) ( )}

T

T

w n w n E x n d n w n E x n x n
I E x n x n w n E x n d n

µ

µ µ

+ = + −

= − +
  ,                    (2.8) 
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where µ  is the step size. However, to avoid the computation of the correlation function 

for matrix inversions, we use the instantaneous values of covariance matrices instead and 

thus get the coefficient update using the following equation [13] 

 

( 1) ( ) 2 ( ) ( )w n w n x n e nµ+ = +  ,                              (2.9) 

 

This method finds a minimum, if it exists, by adjusting the filter coefficients to 

minimize the error.  The iterative correction of the coefficient vector eventually leads to 

the solution of the minimum value of the mean squared error. The LMS algorithm is first 

initiated with some arbitrary value for the weight vector and converges to a minimum 

value when the below condition is satisfied [13]  

 

max

10 µ
λ

< <  ,                                                          (2.10)  

 

where λmax is the largest eigenvalue of the autocorrelation matrix. When the eigenvalues 

of the correlation matrix are widespread, convergence is slow. The eigenvalue spread of 

the correlation matrix is estimated by computing the ratio of the largest eigenvalue (λmax) 

to the smallest eigenvalue (λmin) of the matrix. If µ is chosen to be very small, then the 

algorithm converges very slowly. A large value of µ may lead to a faster convergence, 

but may be less stable around the minimum value. The fastest convergence is achieved 

with the value of [13] 

min max

1µ
λ λ

=
+

 .                           (2.11) 
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2.2.2 Normalized LMS (NLMS). 

 

 The NLMS algorithm may be viewed as a LMS algorithm with data-dependant 

adaptation step size. It improves the convergence speed in a non-static environment. 

Hence, we use optimal normalized step size at each step instead of a constant µ  given in 

(2.9). The normalized step size of the NLMS algorithms is given as 

 

                                                  ( ) ,0 2
( )

n
Lp n
αµ α= < < ,                                       (2.12) 

 

where L is the order of the filter, α is the normalized step size and ( )p n is the estimated 

power of the signal at the nth   time instant and the weight update is given as  

 

( 1) ( ) ( ) ( ) ( )w w xn n n n e nµ+ = + .                                 (2.13) 

 

A comparison of the two algorithms in MATLAB [14] simulation is carried out to 

verify the above mentioned theoretical derivations. A total of 10,000 independent runs 

are carried out for each of the two algorithms under identical conditions when 

implementing ANC and the output is displayed in Figure 2.7. 
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Figure 2.7: LMS-NLMS error comparison over 10000 runs 

 

From Figure 2.7, we notice that the NLMS filter converges faster towards the 

steady state error as compared to LMS filter. However, in this case, these results are only 

valid for random Gaussian noise. We have to verify whether this observation also holds 

true for the type of data signal we are likely to encounter in the ANC system. So a 

narrowband engine noise is used and the algorithms are compared for a better 

performance in system identification. As can be observed from Figure 2.8, the NLMS 

algorithm provides a faster convergence as well as lower steady state error in system 

identification with a narrowband engine noise used as the input signal. This provides 

encouragement to carry out further simulations using the NLMS algorithm in addition to 

the vastly popular LMS and incorporating it in any future system. 
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Figure 2.8: Comparison of LMS-NLMS algorithms with narrow band engine noise 

 

2.3 ANC Applications 

 

As mentioned earlier, ANC has widespread potential applications but so far it has been 

commercially popular mainly in the following fields:- 

 

2.3.1 Propeller aircraft  

Noise generated from light aircraft is primarily periodic, consisting of a fundamental and 

multiple harmonics of the rotor frequency. The constant-speed (and variable pitch) blades 
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of the engine produce relatively constant frequencies. Active noise control in aircraft 

cabins is well documented and its application in larger commercial twin engine aircraft is 

becoming increasingly popular, with approximately 250 ANC aircraft in service in early 

1999[15].  

 

 

Figure 2.9: Airplane noise spectrum 

 

Figure 2.9 displays the spectrum of the recorded noise of an airplane passing 

overhead at an altitude of about 8 miles. The adjacent color bar reflects the intensity 

levels. As can be seen, the maximum energy is concentrated in the band centered around 

300 Hz. Further, more than ninety percent of the energy is available below 500 Hz. The 

provision of a reference source such as a tachometer signal makes feedforward ANC 

feasible in a small single engine aircraft. The frequency is also  low enough (below 500 
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Hz) to avoid the complexity of the sound field encountered at higher frequencies. Further, 

the limitations of the active noise control system at higher frequencies are also avoided. 

 

2.3.2 Automotive cabins  

 

Automobile active noise control is quite popular in technical literature. Road noise inside 

automobiles has been described [16] as a "challenging low frequency problem”.  The 

major source of noise is tyre interaction with the road, transmitted to the enclosed cabin 

via the suspension. Even though the revolving tyres and the engine revolutions produce 

some periodic frequency components, the irregular road surface generates an enveloping 

broadband signal. As a reference taken from the wheel axle vibration is sufficiently far 

enough from the cabin for the feedforward controller to predict the sound field, road 

noise is a good candidate for adaptive feed forward control. In contrast with the airborne 

noise of a light aircraft which is dominated by strong periodic tones, the structure borne 

road noise of an automotive vehicle is nearly impossible to predict above 200 Hz. 

Figure 2.10 gives us a very good idea of the nature of the noise inside an 

automobile cabin. Even though a large portion of the noise energy is in the low frequency 

(0-200 Hz) region, high intensity peaks can be observed even at frequencies as high as 

700 Hz and 1200 Hz. Designing a system which removes the low frequency noise as well 

as unpredictable noise at higher frequencies is a very difficult task. Thus, controlling 

automobile road noise is a very challenging problem. 
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Figure 2.10: Automobile noise spectrum 

 

2.3.3 Active headsets  

 

Within the noisy environment of an aircraft or armored tank cabin, headsets are the most 

obvious solution to the noise problem as they are worn by pilots for communication and 

already fitted with speakers, thereby obviating the need to place canceling speakers. 

Active noise control headsets typically provide an additional 10 dBA attenuation over the 

passive reduction provided by the regular headsets [17] for use in armored vehicles.  

 
2.4 Conclusions 

 

 This chapter has introduced conventional ANC systems as a background to the 

integrated ANC-masking (IANCM) system which will be highlighted in chapter 4 of this 

thesis. There are several other variations of these conventional ANC systems based upon 
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the bandwidth coverage, number of sensors, methods of combating secondary path and 

feedback effects, waveform synthesis methods and number of channels among several 

others. Two popularly implemented algorithms; LMS and NLMS have also been 

explained and compared. Software simulations implementing the two algorithms have 

demonstrated that NLMS algorithm leads to lower MSE along with faster convergence 

with a minimal complexity increase. Thus NLMS algorithm will find a place in the 

implementation of IANCM system in chapters 4 and 5. 

 A few practical implementations of ANC systems were also discussed and the 

difficulties while dealing with broadband, non-stationary or unpredictable noises for 

cancellation were also highlighted. 
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Chapter 3 

 

Masking and Psychoacoustic Model 

 

It is essential to have a clear understanding of the human auditory process while 

designing any audio system. This understanding aids us in designing practical and 

effective audio devices which take into consideration the capabilities and limitations of 

the human auditory system. In this chapter we gain an insight into the masking 

phenomenon and how it has been exploited by psychoacoustic models over the years to 

bring about revolutionary changes in audio devices. We will also carry out a study and 

classifications of the different masking sounds and look into the factors which make these 

masking sound tracks perceptually pleasant or unpleasant to the human brain. 

 

3.1 The human auditory system 

 

The ear is the point of interface between the external sound stimuli and its processing by 

the brain. The human ear, as represented in Figure 3.1, may be divided into three parts 

functionally [18]-[19] as: 

(i) The outer ear collects the sound and sends it to the ear drum. The dimensions 

of the auditory canal are tuned to resonate at a frequency around 4 kHz.  

(ii) Middle ear converts the air movement in ear canal to fluid movement in 

cochlea through the movement of three miniature bones. 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 

 

Chapter 3: Masking and Psychoacoustic Model

 

28

(iii)  Inner ear separates the sounds by frequency. Low frequency sounds travel 

the farthest inwards in the cochlea and high frequency travels the least 

distance. The hair cells at those particular points on the cochlea are excited 

and electrical pulses are sent to the auditory nerves for final processing by 

the brain. The time period of these pulses is the inverse of the frequency; 

hence the brain collects the information and perceives a tone.  
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Figure 3.1: Parts of the human auditory system  

 

3.2 The masking effect 

 

A soft sound becoming inaudible due to the presence of a loud sound or characteristics of 

the central processing is termed as masking [20]. It may be classified into three types:-  

 (i) Frequency masking 

 (ii) Temporal masking 

 (iii) Informational masking 
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3.2.1 Frequency masking 

 

Figure 3.2 shows a ‘masking threshold’ curve that represents the audibility threshold for 

signals in the presence of masking signal. Here, the signals (represented by black bars), 

which were otherwise well above the hearing threshold, have been masked due to the 

presence of a loud masker (represented by a white bar). Thus, these signals are effectively 

useless and can be discarded during coding.  
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Figure 3.2:  Simultaneous Masking 

 

3.2.2 Temporal masking   

 

The masking phenomena can even extend beyond the period of presence of the masker, 

as illustrated in Figure 3.3. The temporal masking phenomena can be further divided into 
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two types, namely, pre- and post-masking. Pre-masking is a non-causal phenomenon,  

such as the effect of an event is felt even before it has occurred. Pre-masking is most 

effective only for a few milliseconds (2-5 msec) before the occurrence of the strong 

masking signal. Pre-masking requires a great difference in sound level (around 30-40 dB) 

and is possible because of slight processing delays in the ear/brain. Post-masking occurs 

because a loud sound basically drowns out sounds occurring shortly afterwards. In 

contrast to the short time period of pre-masking, post-masking can occur up to 100 ms 

after the initial sound. The post-masking duration depends upon the masker level, 

duration and relative frequency of the masker and probe.  
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Figure 3.3: Temporal Masking 

 

3.2.3 Informational Masking 

 

 This type of masking is lesser understood and it is the subject of considerable debate. 

Informational masking occurs due to the manner in which the human brain processes the 
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physical signals received from the auditory system. Two prominent effects caused by the 

central processing mechanism are the precedence effect and the Haas effect. Wallach et 

al. [21] presented a very brief sound over headphones with a single reflection that was 

made to arrive two milliseconds later. The reflection was not heard as a separate sound 

under these conditions. This fusion of the original sound and its reflection is known as the 

Haas effect. Further, it was found that by varying the interaural time difference of the 

reflection, there was no effect on the perceived direction of the whole sound. On the other 

hand, large changes in the direction were perceived when the interaural time difference of 

the original sound was altered. This dominance of directional information from the sound 

received earlier is called the precedence effect. There are many more such examples in 

literature where our senses lead us into believing something other than the reality. All 

these effects collectively give rise to what has been termed as ‘Informational Masking’. 

 
As an explanation of the masking phenomenon, Fletcher modeled the auditory 

system as an array of bandpass filters with continuously overlapping passbands of certain 

widths [22]. This model came about from the fact that in a narrow frequency range 

around the masker frequency, the masking threshold is flat. The critical bandwidth 

depends upon the frequency of the masker. Critical bandwidth according to Zwicker and 

Fastl is stated as 

 

    2 0 . 6 92 5 7 5 [1 1 . 4 ( ) ]cf f
H z k h z
∆

= + +  ,                  (3.1) 
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where ∆f = critical bandwidth and  fc= centre frequency. Moore and Glasberg [23] 

proposed a different function to calculate their version of the critical band, termed as the 

Equivalent Rectangular Bandwidth (ERB): 

 

               4.3724.7( 1)cERB f
Hz khz

= + .                   (3.2) 

 

  The critical bandwidths predicted by the ERB formula are much narrower at 

frequencies below 500 Hz compared to that in (3.1), as proposed by Zwicker and Fastl 

[24]. Frequency can also be mapped to a linear distance measure along the basilar 

membrane. The unit of length on basilar distance is equivalent to one critical bandwidth. 

This unit is also known as Bark. Integrating the critical bandwidth formula, we get a 

critical band rate expression derived by Zwicker and Fastl 

               20.7613arctan( ) arctan[( ) ]
7.5

Z f f
Bark khz khz

= + .                        (3.3) 

 
 

  In 1988, Johnston [25] introduced the concept of perceptual entropy to define the 

average minimum number of bits per frequency sample needed to code a signal without 

introducing any perceptual difference with respect to the original signal. This was an 

important step towards the formation of the psychoacoustic model. 
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3.3 Study of masking sound and classifications 

 

Prior to undertaking any study which involves psychoacoustic considerations, there is a 

need to understand the ambient noise prevalent in any particular setting. The results of 

various studies are available in literature. For example, ambient noise levels in school 

classrooms are usually around 60 dB [26]; while Hodgson et al [27] found that university 

classrooms have average noise levels of 44 dBA. One universally acceptable noise is the 

Hoth noise which can be described as acoustic random noise that has the power density 

spectrum incorporated in IEEE Standard 269-1992[28]. The spectrum of Hoth noise is 

designed to simulate typical ambient room noise over time and can be seen in Figure 3.4. 

 

 

 

Figure 3.4 Hoth noise spectrum distribution (Extracted from [29]) 
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The typical noise spectrum of various locations as published by Hoth [29] shows 

that the spectrum level decreases about 5 dB per octave. The measurements were taken in 

several business/residential/educational locations. It is surprising that the spectrum 

energy distribution does not vary much across different locations. Except for running 

water which has a spectrum similar to white noise, the residential noise sources also have 

an average spectrum similar to Hoth noise.  

For the purpose of classification, different masking sounds may be segregated into 

various categories such as random signals, speech-like signals, white noise, pink noise, 

tonal signals and compound signals among others.  

Truly random signals may be obtained in nature; however they may be difficult to 

reproduce for the purpose of experimentation. In practice, many practical noise 

generators produce pseudo-random signals. If the period of such signals is very long 

compared to the analysis period, and if the analysis period does not bear any correlation 

to the generator period, then for all practical considerations, these signals may be 

classified as random. These signals may be described by their statistical characteristics, 

such as the long-term power spectral density and probability density functions.  

White noise has a constant spectral density per Hertz. Some noises in nature (such 

as running water) exhibit white noise characteristics. Pink noise has a power spectral 

density that decreases 3 dB per octave. This noise is also found in nature (for example, in 

the sounds emitted by some insects.) and is perceived to be softer than white noise. 

Speech-like signals include artificial conversational speech, as well as synthesized and 

real speech signals. The artificial voice is a continuous speech signal with a frequency 

range of 90 Hz to 8.9 kHz. Pauses may need to be inserted to emulate the on-off 
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characteristics of conversational speech.   Tonal noise comprises noise which has its 

energy concentrated predominantly near one or a few frequencies. Also, we have the 

compound signals which contain various combinations of the signals above and 

constitute the bulk of the auditory output.   

Qualitatively, we may also classify sounds as being continuous or intermittent,   

steady or fluctuating, bearing some information or devoid of any information, with pure 

sounds or having a complex composition. 

 

3.4 Important factors for a pleasant experience 

 

One important criterion for selecting any masking signal should be its pleasantness. 

Though quantifying the pleasantness of any signal is a very difficult task, studies have 

been attempted to compare the subjective preference of various signals. Bricker et al. [30] 

subjectively evaluated 166 different signals. Results showed that signals with the highest 

ratings had prominent components in the 500 Hz to 200 Hz region and had a modulation 

frequency of 20 Hz.  According to Hunt [31], the 500-4,500 Hz region was found suitable 

for meeting pleasantness requirements in noisy environments. Another study concluded 

that the ideal frequency spectrum is within the range of 400 Hz to 4,000 Hz, with at least 

one component below 1,000 Hz [32]. Other studies claimed that anxiousness is induced 

by sounds having an energy peak around 2,500 Hz [33], and low frequencies are 

associated with sadness [34]. 

  From these studies it is difficult to conclude that any particular combination is 

likely to be pleasant to most of the listeners. In addition to the studies on pleasantness, 
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studies on the unpleasantness of sounds have also been conducted. Halpern et al. carried 

out some experiments [35] and found that the scraping of a garden tool across a slate was 

adjudged to be the worst sound. Further separation of the low frequency and high 

frequency components revealed that the mid frequency components (3,000 to 6,000 Hz) 

were responsible for the unfavorable response.  

Subsequent tests on monkeys (cotton-top tamarins) [36] revealed, that in contrast to 

humans, they exhibited no preference for any particular sound. When given a choice 

between the scraping sound and equal amplitude white noise, the monkeys showed equal 

revulsion to both sounds. The monkeys also preferred silence over soothing music. These 

results led to the conclusion that the unpleasantness/pleasantness was the result of an 

acquired behavior and not inherent. This hypothesis is in agreement with some unrelated 

studies [37]-[38] which bring out that the pleasantness/annoyance is dependant upon the 

observer’s experience of the source of the sound.  

 

3.5 The Psychoacoustic Model  

 

The psychoacoustic models were developed as a result of the efforts to understand the 

behavior of the human ear in presence of complex pieces of sound. However, it is 

essential to have an understanding of the basic weighting curves which were in existence 

prior to the discussion of the psychoacoustic models. 
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3.5.1 A-Weighting  

 

The A-weighting curve is an approximate inversion of the Fletcher-Munson’s equal 

loudness curve of 40 phons [39]. The characteristic of this curve can be observed in 

Figure 3.5. This curve is generally used to filter the input when making noise 

measurements to get a better idea of how the noise would sound to a human being. The 

attenuation of the sound signal with an A-weighted filter seeks to replicate the human ear 

response. It is part of a family of curves (A, B, C, D) defined in the standards for 

adjusting the output of sound level meters for specific applications. This curve is 

commonly used for the measurement of environmental noise and industrial noise [40]. 

 A-weighting is only valid for relatively quiet sounds and for pure tones. The B 

and C curves are used for louder sounds while the D curve is used in assessing loud 

aircraft noise (IEC 537) [41]. Figure 3.5 displays the A- weighting curve. 

 

 

Figure 3.5: The A-weighting curve (Extracted from [40]) 
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While the A-weighting curve has been widely adopted for environmental noise 

measurement, it does not really give valid results for noise because of the way in which 

the human ear analyzes sound. For example, humans are considerably more sensitive to 

noise in the region of 6 kHz than to other tones of equivalent level [18]. The transfer 

function of A-weighting gain curve is given as  

 

                           
9 4

2 2
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The A-weighting value in decibels is given by  
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where f is the frequency in Hz and AW  is the weighting to be applied in decibels. 

 

3.5.2. ITU-R 468 Weighting  

 

With advances in psychoacoustic measurements, the A-weighting was found to be 

inaccurate, and it gave way for the ITU-R 468 weighting [42]. These curves were 

developed from the CCIR-468-1 recommendations [43]. As can be seen from Figure 3.6, 

these curves differ from the A-weighting curves mainly in the 5-8 kHz region and give 

figures that are usually about 11dB worse than A-weighted. Thus, if two different 

systems use different weightings and get the same figure for noise reading, then the 
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system using ITU-R 468 weighting has an 11 dB lesser noise than the system using A-

weighting. 

 

 

 

Figure 3.6 ITU-R 468 weighting curve (Extract from [42]) 

 

3.5.3. Psychoacoustic model I  

 

The psychoacoustic model-I was developed in 1993[9] and has since been adapted 

successfully for lossy compression of music, digital watermarking and designing of 

hearing aids among other applications. Figure 3.7 illustrates the steps involved in the 

entire process for calculating the Global Masking Threshold (GMT) for any given signal 

in time domain.  
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Figure 3.7:  Signal processing flowchart to estimate the Masking Thresholds 

 

 Depending on the application, different layers of the coding system with 

increasing encoder complexity and performance can be used. An ISO MPEG Audio [44]-
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[46] layer-N decoder is able to decode bit-stream data which has been encoded in Layer 

N and all layers below N. Layer-I contains the basic mapping of the digital audio input 

into 32 sub-bands, fixed segmentation to format the data into blocks, a psychoacoustic 

model to determine the adaptive bit allocation, and quantization. Layer II provides 

additional coding of bit allocation, scale factors and samples. Different framing is used in 

this layer. Layer III introduces increased frequency resolution based on a hybrid filter 

bank. It adds a different (non-uniform) quantizer, adaptive segmentation and entropy 

coding of the quantized values. For the sake of computational simplicity, we will 

consider layer I [46] for our current application. This model has been formulated by 

calculations based upon the data gathered from psychoacoustical experiments carried out 

during the basic research in this field and incorporated in ISO standards. The individual 

steps are explained subsequently. 

 

Step1: Calculation of spectrum 

According to the ISO/IEC 11172-3 for layer I, the input audio signal is transformed to 

frequency domain using a 512-point fast Fourier transform (FFT) and supports sampling 

frequencies of 32 kHz and 44.1 kHz for high fidelity audio signals. The signal is passed 

through a Hanning window prior to the transformation to avoid the edge effects. The 

Hanning weighting is given by   

  

                       [ ]{ } 10)1/(*2cos1*5.0)( −≤≤−−= NiNiih π ,           (3.6) 
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with X (k) being the sound pressure level of the spectral line in decibels with index k of 

the FFT for k = 0...N/2. Normalization to the reference level of 96 dB Sound Pressure 

Level (SPL) is carried out so that the maximum value corresponds to 96 dB [46]. 

Step2:  Determination of the sound pressure level 

In each subband m, the sound pressure level ][mLsb  is calculated in the following 

manner. SPL of the maximum amplitude FFT spectral line which corresponds to that 

particular subband and the maximum scale factor for that subband are compared and the 

greater value is considered. The scale factor is a multiplier that sizes the samples to make 

full use of the range of the quantizer. Each scale factor has a 6 bit representation. The 

calculation of scalefactor for each subband is done every 12 subband samples. The 

maximum of the absolute value of these 12 samples is determined. The next largest value 

from a table in ISO 11172-3 is used as the scalefactor.  Hence, 

 
           }.10)32768*][(log20),(max{][ max10 −= mscfkXmLsb                (3.7) 

  

The expression ][max mscf  represents the scale factor of subband m within the frame.. The 

"−10 dB" term corrects for the difference between peak and RMS level. The sound 

pressure level [ ]sbL m is computed for every subband.  
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Step3: Considering the threshold in quiet 

The threshold in quiet [ ]TqL m , also called absolute threshold, is available from the ISO 

tables. These tables have been formulated using the results of extensive subjective tests 

performed under certain conditions and are part of the ISO standards [9]. 

 

Step 4: Finding tonal and non-tonal components 

The tonality of a masking component has an influence on the masking threshold. For this 

reason, it is necessary to discriminate between tonal and non-tonal components. This step 

starts with the determination of local maxima, then extracts tonal components (sinusoidal 

components) and calculates the intensity of the non-tonal components within the 

bandwidth of a critical band.  

 The bandwidth of the critical bands varies with the center frequency with a 

bandwidth of about only 0.1 kHz at low frequencies and with a bandwidth of about 4 kHz 

at high frequencies. It is known from psychoacoustic experiments that the ear has a better 

frequency resolution in the lower frequency region compared to the higher frequency 

region. To determine if a local maximum may be a tonal component, a frequency range 

around the local maximum is examined. To classify spectral lines X(k) as tonal or non-

tonal, the following three operations are performed:  

(i) A spectral line X(k) is labeled as a local maximum if  

 

       ( ) ( 1) ( ) ( 1)  X k X k and X k X k> − ≥ +                           (3.8) 
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(ii) Listing of tonal components and calculation of the sound pressure level. A 

local maximum is put in the list of tonal components if 

 

           dBjkXkX 7)()( ≥+− ,                                        (3.9) 

 

where the absolute value of index  j may vary from 2 to 6 dependent on the 

location of the masker in the critical band. 

 

(iii)  Listing of non-tonal components and calculation of the power. The non-

tonal (noise) components are calculated from the remaining spectral lines. To 

calculate the non-tonal components from these spectral lines X(k), the critical 

bands are determined using the ISO tables. Within each critical band, the powers 

of the spectral lines (remaining after the elimination of tonal components) are 

summed to form the sound pressure level of the non-tonal component 

corresponding to that critical band. The spectral line with index k, which lies 

nearest to the geometrical mean of the critical band frequencies, is selected to be 

the frequency index for the new non-tonal component 

 

Step 5: Decimation of tonal and non-tonal masking components  

Decimation is a procedure that is used to reduce the number of maskers which are 

considered for the calculation of the global masking threshold. The decimation is 

performed using the following two steps. 
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(i)   Tonal or non-tonal components are considered for the calculation of the 

masking threshold only if they exceed the threshold of quiet. The values for 

threshold of quiet are obtained from the ISO tables [9].  

 (ii)  The components with the highest power are retained, and the smaller 

components are removed from the list of tonal components. For this operation, a 

sliding window in the critical band domain is used with a bandwidth of 0.5 Bark.  

 

Step 6: Calculation of individual masking thresholds 

Of the original N/2 frequency domain samples, only a subset of the samples is considered 

for the global masking threshold calculation. The samples to be used are demarcated in 

ISO standards [9]. Every tonal and non-tonal component is assigned the value of the 

index that most closely corresponds to the frequency of the original spectral line X(k). 

The psychoacoustic model-I uses a different linear spreading function for the higher and 

the lower frequencies [9]. The spreading function is defined as 

 

             )1()1(15.017),( −−+−= dzdzLdzLdzB θ             for 0≥dz      (3.10) 

and 

          )1()1)(4.011()4.06(),( −−−−+−= dzdzLdzLLdzB θ     for  0<dz .   (3.11) 

 

Here ),( LdzB  is the spreading function given by L, which is the sound pressure level of 

the masker.  
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In addition, the level of the masker is also considered in ascertaining the masking 

thresholds. The masking patterns are shifted depending upon the tonality factor, which is 

determined by the spectral flatness measure.  This leads to a different masking index shift 

for tonal maskers compared to noise-like maskers.  This shift is expressed as [46]: 

 

    zzT 275.0025.6)( −−=∆  dB                                       (3.12) 

and 

    zzN 175.0025.2)( −−=∆  dB.          (3.13) 

 

Here T∆  and N∆ denote the shifts for tonal maskers and non-tonal maskers, respectively. 

The frequency of the masker is represented on the Bark scale, and the masking threshold 

can be given as: 

)(),(),,( ,, jNTjijiNT zLzzBzzLM ∆+−= .                       (3.14) 

Here, M is the masking threshold of a masker with level L and a frequency index jz  on 

the Bark scale. iz  denotes the maskee frequency index on the Bark scale . The value of 

NT ,∆ depends upon the masker tonality.  

 

Step7: Calculation of the global masking threshold  

The global masking threshold at every frequency sample is derived from the upper and 

lower slopes of the individual masking thresholds of each of the tonal and non-tonal 

maskers and from the threshold in quiet. The global masking threshold is computed by 
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summing the powers corresponding to the individual masking thresholds and the 

threshold in quiet. 
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where qM denotes the absolute threshold in a Bark scale index iz , jTM  denotes the 

masking threshold of the tonal masker at the Bark scale index jz , and jNM  represents the 

masking threshold generated due to the presence of a non-tonal masker at the Bark scale 

index kz .  m is the number of tonal and n is the number of noise-like maskers. This final 

step allows us to compute the masking threshold for every subband on a frame-by-frame 

basis depending upon our requirement. Once we have this information, then we know the 

level below which another sound will not be perceived by humans. This information can 

be exploited to hide unwanted noise below these levels. 

 

3.6 Conclusions 

 

In this chapter, a functional description of the human auditory process is provided. 

Various studies exploring human preference for certain frequencies over others have 

thrown up some inconclusive results. Based upon this and some other studies which link 

the likeability of a sound with its source lead to the tentative conclusion that pleasantness 

of a sound is dependant upon the listener’s past association with a similar sound. This 

will be taken as a starting point in this thesis whenever evaluating factors for the 

pleasantness of a masker. 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 

 

Chapter 3: Masking and Psychoacoustic Model

 

48

  The psychoacoustic models have been framed specifically for digital audio 

systems and are easier to use in DSPs. The psychoacoustic model takes into account the 

effects of sampling, quantization, frequency transform, windowing, critical bands, power 

spectra, assessing of the tonal/non-tonal components, masking and responses of the 

human ear at various frequencies. Modifying the A-weighting and ITU-R468 curves for 

all these will again require a rigorous subjective testing process, whereas the psycho-

acoustical models have already been validated after the required testing procedures via 

subjective measurements and successfully used in MP3 and other audio coding and high 

quality lossy compression. In view of the above, it would only be suitable that the 

psychoacoustic models are used for further experiments as the A-weighting and ITU-

R468 weighting have been found to be inaccurate over certain frequency bands and 

require extensive reworking for digital audio processing. 

  Lastly, while carrying out any design it is also necessary to characterize the type 

of background in which the device will be operating. Various studies have carried out a 

spectral analysis of the background noise. Based on these studies, Hoth noise may be 

considered as the prevalent background noise.  
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Chapter 4 

 

Integrated ANC and Masking 

 

In the earlier chapters, the phenomena of masking and technique of active noise control 

(ANC) are described. While ANC and masking both have proven their effectiveness in 

reducing/suppressing unwanted sounds, there are some inherent limitations with each 

method. In this chapter a combination of the two processes is introduced. The proposed 

system integrates the two processes so that individual limitations of either method are 

overcome in the combined system. The sequence of operation of this integrated ANC and 

masking (IANCM) system will be described as follows: 

 

(I) Estimation of residual noise obtained with a conventional ANC system. 

(II) Selection of the most suitable masker 

 (III)      Estimation of secondary path 

 (IV)      Integrated ANC-Masking operation 

(V) Automatic control of gain as residual noise changes  

 

In this operation, the first three steps are carried out offline (pre-processing) and the last 

two steps are executed online. In section 4.1, the process of masker selection and residual 

noise estimation is explained. Section 4.2 deals with secondary path effects and its 

estimate for the system. Integrated ANC-Masking is described in Section 4.3 and finally, 

Section 4.4 introduces an innovative method to deal with the changes in maskee. 
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4.1 Masker selection process 

 

We have seen earlier in chapters 1 and 2, that ANC or masking alone is insufficient to 

mitigate the problems associated with noise. Hence, an IANCM system is being 

proposed. For this combination, we need to select a suitable masker. The three basic 

conditions for an effective masker are: 

 (I)   The underlying noise should be transparent to an average listener. 

 (II)  The masker should be played at the lowest volume possible. 

 (III) The masker should sound pleasant to the listener.  

 
 As a pre-requisite to the selection process, we need a reliable estimate of the 

residual noise obtained with a conventional ANC system. This is required because we 

would like our selected masker to effectively mask the residual noise without being too 

loud. This estimate can be obtained in two ways; either a separate ANC system just for 

estimating the reduced noise or an inaccurate residual noise estimate by an attenuated 

version of the original noise can be used. The first approach unnecessarily makes the 

system more complex and expensive and the second gives us inaccurate results. To avoid 

complexity, the second approach is used initially by the system and refined subsequently.  

The proposed system has the advantage that it can be turned into a conventional ANC 

system just by tweaking one of the parameters. This property will be demonstrated in 

Section 4.4. This characteristic of the system makes it simple, accurate and efficient.  

A psychoacoustic processor [46]-[47] is used to objectively rank a collection of 

potential maskers. The process of ranking the maskers is explained in the next paragraph. 
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Although this objective measurement may fulfill the first two conditions, the third 

condition is based upon subjective assessment and may differ from person to person.  

 The psychoacoustic processor divides the incoming sound samples into frames of 

512 samples each and processes the signal frame wise according to the procedure [46] in 

Chapter 3 and according to steps outlined in Section 3.5.3. Thus, for every frame, we get 

a set of 32 values denoting the SPL of each of the 32 sub bands. Similarly, 32 values of 

the GMT, one for each sub band, are obtained. The psychoacoustic processor first takes 

in the estimated noise to be masked, calculates its sound pressure level (SPL) and stores 

its values. Next, each potential masker is compared with the estimated noise signal. The 

processor calculates the GMT for all the frequency bands. For example, the SPL and 

GMT for a frame of recorded noise and the corresponding frame of recorded music are 

illustrated in Figures 4.1(a) and 4.1(b), respectively. The solid line illustrates the SPL and 

the dashed line represents the GMT.  In order to ensure that the noise is not heard, the 

SPL of the noise has to be below the GMT of the music. Thus, the solid line of Figure 

4.1(a) should fall below the dashed line of Figure 4.1(b). This ensures that the noise is 

fully masked by the music in this particular frame. 
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Figure 4.1(a): Noise SPL and GMT 

 

 

Figure 4.1(b): Music SPL and GMT 
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            Next, the process of ranking the various maskers is explained. In order to satisfy 

the loudness constraint, one would like to have as low volume of the masker as possible, 

for a fixed value of noise. This is likely to be achieved if the waveforms of the maskee 

SPL and the masker GMT are similar in the corresponding frames.  

  For example, let us consider n frequency points of interest and their SPL and 

GMT values for the masker and the maskee. For these n points acquired for masker and 

maskee, the differences in decibels are calculated, and the masker is amplified by the 

maximum of the difference values. This ensures that the masker GMT and maskee SPL 

are coinciding at one point and the masker GMT is above the maskee SPL at other 

remaining points. Thus, the first condition for a suitable masker is fulfilled. Now the 

individual differences at all points between the masker GMT and maskee SPL are 

summed together to give a masking score for that particular masker, as given below:  

 

Let      1, 2( ,..... )x nx x x= be the maskee SPLs.  

Let      1, 2( ,..... )y ny y y=  be the GMTs of  a potential masker. 

The matching process for x   and y  is as follows: 

  Step 1: d=x-y   

  Step 2:  Increase gain of y by Max (d ) 

  Step 3:  Again calculate d=y-x   

Masking Score   S =          , where di is the i-th component ofd . 

 

This process is repeated for all frames of all potential maskers. The masker with the 

least score is ranked first, the second lowest score ranked next, and so on for all the 

1

n

i
i

d
=
∑
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maskers. Once a ranking is available, a pleasant sounding masker can be chosen from the 

best suited (low score) maskers. Only the selected masker signal and the amplification 

required for the masker to effectively overcome the maskee is passed on to the system for 

real-time processing. A small amplification of 1 or 2 dB can be optionally added to the 

selected masker to produce a better result.  

  Although systems integrating ANC and psychoacoustic processing have been 

implemented before, they have been mostly used in systems where the noise and audio 

are processed electrically [48], [49]. Once the audio (desirable sound, such as soothing 

music or sounds from nature) and the noise (undesirable, such as engine noise) are out in 

the acoustic domain, the complexity of combining ANC and masking increases a notch of 

difficulty. An application of this method has been used in [50] to cancel out snore noise 

and mask the residual with a pleasant noise to minimize disturbance to the snorer’s 

partner. This thesis extends the work in [50] using ANC and masking techniques for 

handling a wider range of noises, with as low volume as possible. To keep the 

implementation simple, a narrowband engine noise is considered first. Figure 4.2 (a) 

illustrates the spectrum of the recorded engine noise on a Bark scale. The narrowband 

nature of the signal is further highlighted in Figure 4.2(b) which covers a limited 

frequency range.  It can be observed from these figures that considerable attenuation can 

be achieved in the sound pressure levels just by the reduction of the fundamental noise 

and its harmonics. Subsequently, more complex waveforms are considered for 

suppression using the proposed system. 
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.           

    

 Figure 4.2(a): Engine Noise in Bark scale              Figure 4.2(b): Engine Noise in Hz 

 

4.2 Secondary path modeling using masking signal:  

 

 Most available control algorithms for ANC require identification of the secondary path. 

The error sensor picks up the residue of the acoustic superposition between the canceling 

loudspeaker output and the primary noise.  The secondary path includes the digital-to-

analog (DAC), reconstruction filter, power amplifier, speaker, acoustic path from 

loudspeaker to error microphone, error microphone, preamplifier, anti-aliasing filter, and 

analog-to-digital converter (ADC). Therefore, to get a stable adaptive filter, it is 

necessary to compensate for the secondary-path transfer function, as can be seen in 

Figure 2.2(Chapter 2). Hence, this is a vital component of any ANC system. Figure 4.3 

illustrates the technique for modeling the secondary path. 
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Figure 4.3: Secondary path modeling 

 

A known signal u(n) is passed through the unknown secondary path and the 

adaptive filter is updated iteratively so that it resembles the actual secondary path. The 

magnitude of the actual and estimated secondary path coefficients shown in Figure 4.4(a) 

and the rapidly converging error in Figure 4.4(b) illustrate that a reasonably good 

estimate can be obtained using the LMS algorithm after a certain period of time (n > 

400).  
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Figure 4.4(a): Actual and estimated secondary path coefficients 

 

 

Figure 4.4(b): Error due to inaccurate estimation of secondary path 
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While any adaptive FIR filtering algorithm could be used for designing the 

secondary propagation path estimate, the LMS or the NLMS algorithms are often used 

due to their simplicity and robustness [4]. A comparison of the error signal obtained 

using the secondary path estimates of the LMS and NLMS algorithms can be seen in 

Figure 4.5. The parameters used here for the LMS algorithm are:(i) length of secondary 

path modeling filter is 64,  (ii) step size is  0.008 and (iii) input signal is a pseudo-random 

noise chosen from a normal distribution with mean zero, variance one and standard  

deviation of one. The NLMS algorithm uses the same parameters except for the step size 

value of 1. 

 

Figure 4.5: Error signal comparison of LMS and NLMS algorithms 
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Usually, white noise is used as the training signal, as it covers a wide spectrum 

and the actual noise sought to be cancelled may not be available. As white noise sounds 

unpleasant (like a hiss) to the ear, the selected masker (classical music), with wide 

frequency spectrum is used for the training. We can observe from Figures 4.5(a) and 

4.5(b) that even though the error is initially larger for the system using pleasant sound 

instead of white noise, the error quickly converges to a small and comparable value after 

0.08 second (Corresponding to 800 units on the x-axis). Thus, a pleasant masker can be 

used without any significant reduction in the system performance. 

 

 

Figure 4.5(a): Modeling error using white noise 
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Figure 4.5(b): Modeling error using pleasant sound 

 

4.3 Integrated ANC and Masking: 

 

Once a suitable masker has been selected and a reasonably good estimate of the 

secondary path has been obtained, the building blocks for the IANCM system is 

proposed. Figure 4.6 illustrates the IANCM system.  

The IANCM system has a structure similar to the conventional ANC system. In 

fact, if the gain value of g  is set to zero, the system is reduced to a conventional Filtered-

x Least Mean Square (FXLMS) ANC system. A reference input ( )x n is passed through 

an adaptive filter ( )W z and the output is fed to the canceling speaker. The output passes 

through the secondary path ( )S z  and interferes with the primary disturbance output 
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through the primary path represented by ( )P z  . The dashed box represents the flow of the 

signals in the acoustic domain (open environment). 
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Figure 4.6: Integrated ANC-Masking System 

 

Equation (4.1) illustrates the superposition effect at the error microphone  

 

( ) '( ) ( )e n y n d n= + .                             (4.1) 
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The result of the superposition of the two waves is further processed by the system. 

To compensate for the effects of the secondary path the reference input is also passed 

through an estimate of the secondary path. The LMS controller receives the filtered 

reference signal and the error signal as inputs, and based on these signals, alters the 

values of the coefficients of the adaptive filter. The adaptive filter processes the input 

noise reference signal and its output is combined with the scaled audio signal to give the 

control signal. This control signal ( )y n is given as input to the canceling speaker. The 

secondary path ( )S z  represents the DAC, the ADC and the entire set of 

components/acoustic path in between. The output after the filter representing the 

secondary path is termed '( )y n and this interferes with the primary disturbance ( )d n to 

produce the error signal ( )e n . 

The objective is to ensure that the sound obtained after the superposition, in 

addition to being minimized in magnitude, resembles audio more than the noise. 

Therefore, the outcome of the superposition of the control signal after the secondary path 

and the primary disturbance should sound like the chosen audio to the human ear. To 

achieve this objective, we compare it with the desired signal and obtain a pseudo error. 

The system now works in the conventional manner and tries to minimize this pseudo 

error, thereby ensuring that the actual error sounds like the chosen masker. 

 

                   '( ) ( ) . ( ),e n e n g r n= −                                                     (4.2)                
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Here ( )r n is the recorded audio being used as the masker.  The calculation of gain 

constant g  for the masker will be explained in Section 4.4. The symbol ‘.’ in (4.2) 

denotes element multiplication. The residual noise '( )e n  is further processed in a manner 

identical to a conventional ANC system [4]. Furthermore, the audio input is fed to the 

canceling speaker along with the output of the adaptive filter.  Thus, the adaptive filter 

coefficient update is given as 

 

         ( 1) ( ) . '( ) '( )w n w n e n x nµ+ = + .                                                 (4.3) 

 

The IANCM system performance on a narrowband engine noise using constant 

spectrum classical noise will be examined next. The simulations of the system are carried 

out in Matlab [14]. The length of the adaptive filter is chosen as 256, which is the same as 

the length of secondary path modeling filter. A suitable step size of 0.003 is used in the 

simulation. A constant envelope classical music (cm31.wav in appendix B) has been used 

as masker and also for training the system. The recorded noises of an engine have been 

used as noise sources.  

As can be seen from Figure 4.7(a), the overall envelope of the undesirable noise has 

reduced. It can be observed from the simulations, that on an average, there is about a 10 

dB reduction. Figure 4.7(b) illustrates the spectral content of the processed output in 

relation to the original noise and the output of a conventional ANC system. It can be 

observed that in the lower frequencies, the IANCM system performance is comparable to 

an ANC system. In the higher frequencies, the magnitude level increases and masks out 

the high frequencies environmental noise. Compared with ANC, IANCM results in 
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relatively pleasant residual noise. Comparison of the IANCM output with the masker 

reveals that their spectrum content is similar. The similarity extends throughout the entire 

human auditory range. This is mandatory if the listener is to experience a pleasant 

auditory experience. Hence the twin objectives of reducing the undesired noise, as well as 

managing the residuals so that they sound pleasant, have been achieved. 

 

 

 

 

Figure 4.7(a):  Amplitude reduction with IANCM 
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Figure 4.7(b):  Spectrum comparison plot 

 

 

    However, one major problem faced in the IANCM system is that the sampling 

frequency used in a narrowband ANC, is quite low (a few kHz). In contrast, any pleasant 

noise covers a gamut of frequencies and ceases to be pleasant the moment it is restricted 

to a very narrow band. Thus, there is a mismatch between the sampling frequency 

requirements of the noise and the masker. A solution suggested in [48] is to equalize the 

sampling rate by up sampling ANC part. High quality music is available at a sampling 

rate of 44.1 kHz or higher. However, implementing ANC at this high rate may not be 

practically possible. Thus a compromise by down sampling the masking portion to a 

practical limit may be necessary. 

Frequency (Hz) 

M
ag

ni
tu

de
 in

 d
ec

ib
el

s 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 

 

Chapter 4: Integrated ANC and Masking

66

4.4 Time-varying Maskee (Noise Source): 

 

The solution for a narrowband, near stationary engine noise has been discussed so far. 

However, in a practical scenario, the engine rpm is likely to vary, causing a change in the 

characteristic of the maskee (or noise). Hence, there is a need for the system to adapt to 

any such variation. The spectrum plots of the same engine noise at two rpms will be very 

different due to the change in the fundamental and the harmonics. It can be inferred that 

the difference in the maskees may result in different maskers being found suitable.  

    To avoid the complexity of changing masker when the noise source is changing, it 

is proposed that automatic gain control (AGC) of the selected masker levels be 

performed, so that condition I stated in Section 4.1 remains satisfied. It can also be 

assumed that general trends/characteristics of noise source are not changing too 

drastically. The signal flow for the proposed AGC is illustrated in Figure 4.8. It is 

pertinent to mention that this is not a continuous process and the change in gain takes 

place only on receiving an external trigger such as an electronic signal indicating a 

significant different in rpm of the engine. 

 After the IANCM system has converged to the new rpm’s residual noise, the AGC 

comes into operation. As can be seen from Figure 4.6 and 4.8, the AGC receives the error 

signal and the recorded audio as inputs and produces the amplified or attenuated 

(depending upon the value of gain, g ) audio signal as the output. The initial value of g is 

considered as unity. Here, ( )e n consists of both the recorded audio and residual noise 

components. Thus, the difference between  ( )e n  and ( )r n  results in a residual noise. The 
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objective now is to obtain a scaled version of the audio, which is able to mask this 

residual noise, without being louder than necessary. 

Gain calculation
based on GMT of

masker and SPL of
residual noise

Audio
amplifier/
attenuator

Σ

Audio inputAudio output

Audio and
residual noise

Residual
noise

g

( )r n. ( )g r n

+

−

 

Figure 4.8: Signal flow for Automatic Gain Control of Masker 

 

The value of gain g  is calculated using the steps explained in Section 3.5.3.  Let 

m denote the set of SPLs of the residual noise '( )e n and n denote the set of GMTs of the 

current volume of audio, . ( )g r n , then we obtain a value 

max( .m-n)t =                                                          (4.4)  

The new value of gain is given by 

, .
, .

  
   

new current

new current

g g if t threshold
g g if t threshold

= + ∆ ≥
= −∆ <

                                        (4.5) 
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    The values of ∆  and the threshold are selected such that the system remains 

responsive to any changes, without fluctuating too much. The effect of the gain control 

on noise cancellation and output spectrum quality remains to be seen. Figures 4.9 (a) and 

(b) demonstrate the effect of processing on the initial rpm and Figures 4.10 (a) and (b) 

demonstrate the result after the rpm has been switched over. It can be seen that there is no 

deterioration of the system performance. In fact, Figure 4.11 clearly demonstrates that the 

system continues to try and catch up with the reduction in decibel levels achieved with a 

conventional ANC system. The system is able to improve on the quality of the residual 

noise without compromising much on the reductions in quantity. Thus, it can safely be 

stated that a reasonable solution for adapting to changes in the maskee has been obtained. 

 

 

Figure 4.9 (a): Reduction in noise magnitude (Initial rpm) 
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Figure 4.9 (b): Comparison with ANC system in the frequency domain 

 

 

Figure 4.10 (a): Reduction in noise magnitude (Changed rpm) 
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Figure 4.10 (b) Comparison with ANC system at changed rpm 

 

 

Figure 4.11: Effect of IANCM on the SPL of the signal 
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4.4.1 Effect of varying gain on the output 

 

Based upon the results of the simulations, it can be deduced that the gain value is a very 

important parameter of the IANCM system and decides the behavior of the system. If the 

gain is kept at a very low value, then the maskee is audible and the result is an unpleasant 

noise. On the other hand, a high gain means that the masker is too loud and the benefits 

of ANC are lost. Hence, the AGC should be able to find an optimum gain value for a 

pleasant listening experience. 

 Figures 4.12 (a) through 4.12 (d) further highlight the role played by the gain 

value. As seen in Figure 4.12 (a), the maskee (recorded engine noise, engine1.wav in 

appendix B) has most of its energy concentrated below 200 Hz. The tonal nature of the 

noise is apparent from the dark straight lines in the lower frequencies. Figure 4.12(b) 

displays the wavy, melodic form of the masker (classical music, cm30.wav in Appendix 

B). A conventional ANC system, as is visible from Figure 4.12(c), is successful in 

reducing the low frequency components, however the energy seems to have shifted to the 

higher frequencies. The straight streaks, characteristic of an unpleasant noise, are still 

visible and can be heard (engine1_anc.wav in Appendix B). On the other hand, the output 

of the IANCM system (engine1_cm30.wav in Appendix B) looks like a low energy 

version of the masker spectrum. The wavy pattern and discontinuous patches, similar to 

the masker are clearly discernible. 
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       Figure 4.12(a): Maskee spectrum        Figure 4.12 (b): Masker spectrum 

 

 

       

 

 

Figure 4.12(c): ANC output                  Figure 4.12(d): IANCM output 
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4.4.2 Time-variant broadband maskee  

  

In the previous Section, the ability of the system to cater for any changes from one 

narrow band noise to another was demonstrated. It can be observed from Figures 4.13 

(a)-(d) that the system fares reasonably well even when faced with a time-variant 

broadband noise (cabin noise of a car moving on road, car1.wav in Appendix B).    

 

            

 

       Figure 4.13(a): Maskee spectrum                           Figure 4.13 (b): Masker spectrum 

            

 

              Figure 4.13(c): ANC output                               Figure 4.13(d): IANCM output 
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4.5  Practical utility of the system 

 

The efficacy of the IANCM system has already been highlighted for narrowband engine 

noise, abruptly changing engine noise and a slightly wider band car noise earlier. In this 

section, the utility of the system is explored for noises occurring in day-to-day activities 

of an average household and analyze the nature of the noise, as well as the characteristics 

of a suitable masker. In addition, another psychoacoustic effect is introduced for 

exploitation by the IANCM system. 

 While performing daily household chores, many sounds such as the vacuum 

cleaner, blender, air conditioner or even a partner’s snore noise are encountered. Some of 

these have been accepted as a way of modern life, while others may be quite annoying. 

Alternatively, some noises may be unacceptable at certain times of the day and quite 

alright at other time slots. For example, normally the noise of a hand blender is not 

annoying when no one is disturbed, but when a baby is sleeping it might not be 

acceptable. Snore noise has been found to have an adverse effect on the relationship 

between partners and there have been some attempts [50], [51] to alleviate these 

symptoms. However, the field still has considerable scope for improvement. 

The waveform and spectrum of a typical snore noise (snore.wav in Appendix B) 

are shown in Figure 4.14. The two halves of the image show the typical inhale-exhale 

pattern. The spectrum shows the peak of the decibel levels (darkest lines) to be in the 

vicinity of 80 Hz, corresponding to the resonant frequency of the human tissues vibrating 

to produce the snore noise. The continuous (in time) streaks of high energy are typical of 

the sounds that are usually annoying to the human brain.  
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Figure 4.14: Snore waveform and spectrum 

 

Going further, we analyze a few other sounds such as vacuum-cleaner (Figure 

4.15), hand-blender (Figure 4.16) and air-conditioner (Figure 4.17). The spectrum of a 

typical vacuum-cleaner (Royal Dirt devil Model 085360 acquired from 

http://freesound.iua.upf.edu, vacuum.wav in Appendix B) shows its dominant frequency 

at around 300 Hz with a prominent harmonic near 1400 Hz. Figures 4.16 and 4.17 show 

that the hand-blender (downloaded from http://freesound.iua.upf.edu, handblender2.wav 

in Appendix B)  emits noise mainly in the frequency region of 800 to 900Hz, and the air-

conditioner (downloaded from http://freesound.iua.upf.edu, aircon.wav in Appendix B)  

emits sound energy almost uniformly in the region below 2000 Hz. 
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Figure 4.15: Vacuum cleaner spectrum 

 

Figure 4.16: Hand-blender spectrum 
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Figure 4.17: Air-conditioner spectrum 

 

 From observing all above noise spectrum, a common pattern emerges between all 

such unpleasant sounds. One or more high intensity, unbroken, dominant streaks of noise 

energy against an evenly spread out noise energy can be discerned. In contrast, the 

pleasant sounds, as can be seen in Figure 4.12 (b) and Figure 4.18 display a different type 

of pattern. 
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Figure 4.18: Piano notes spectrum 

 

Observing the spectrum of pleasant sounding piano notes (“London bridge is 

falling down” downloaded from http://freesound.iua.upf.edu, piano.wav in Appendix B) 

we can see the contrast with unpleasant noises. As opposed to the high decibel streaks of 

noises, we observe rung like patterns embedded in nearly empty spaces. It appears as if 

the sound energy is climbing or descending in steps placed in silence. These high decibel 

‘islands’ make their presence felt and then disappear from the scene giving way to a 

different frequency and so on. Thus, the human brain keeps on receiving different stimuli 

at certain intervals and the sound is perceived as pleasant [52]-[53]. Of course, this is a 

highly simplified explanation and the actual auditory process and human perception is 

much more complex and needs much more work, before it is fully revealed.  
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 After observing the characteristics of the unpleasant noises and the pleasant 

maskers, another psychoacoustic characteristic that can be exploited, is the effect due to 

reverberation. Some piano notes get louder after they are listened to for a while [54]. On 

critical observation using any software such as Matlab or Sonic Visualiser [55], one can 

see that sound is not ‘physically’ getting louder but is only being perceived as being 

louder. A moderately strong fundamental, after being reinforced by the harmonics, 

appears to get louder even though the decibel levels do not change. Hence, the perceived 

loudness is due to reverberation and not an inherent increase in intensity. 

Exploiting this property, maskers having a high portion of their energy in the 

regions of the harmonics generated by the maskee can be used for IANCM systems. For 

example, the snore sound (downloaded from http://freesound.iua.upf.edu, snore.wav in 

Appendix B) of Figure 4.14 has its dominant frequency at 80 Hz. 

 

Figure 4.19: Tibetan chant power spectral density estimate 
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 Now, looking at Figure 4.19 which displays the spectrum of a chant by Tibetan 

monks (downloaded from http://freesound.iua.upf.edu, tibetanchant.wav in Appendix B), 

it can be observed that it has high concentrations of energy in the 400 Hz region and 

other integral multiples of 80 Hz (such as 160 Hz, 240 Hz, 320 Hz and 480 Hz). It is 

widely believed that such chants have a soothing effect on the human brain [56]. Now as 

the energy is concentrated in integral multiples of 80 Hz, one can infer that a low decibel 

level of Tibetan chants is likely to sound louder in the presence of snore noise. This is 

because of the reverberations, due to matching harmonics. Thus, the objective of keeping 

the overall decibel levels low as well as masking the unpleasant sound can be achieved if 

the chant is used as masker to mask snore noise.  

Running simulations in Matlab, with the maskee as snore noise (80 Hz dominant 

frequency) and Tibetan chants (400 Hz dominant frequency) as masker, satisfactory 

results are obtained (tibetanchant_snore.wav in Appendix B). Comparatively low levels 

of masker are able to successfully mask the snore sound. On comparing Figure 4.20 with 

Figure 4.14, we can see that that a very high degree of reduction in the decibel levels has 

been achieved and the character of the spectrogram has also changed. Most of the 

unpleasant streaks have been replaced with isolated energy spots. Many more such 

combinations of unpleasant sounds can be made with maskers which have frequencies 

that are integral multiples of the maskee frequencies. Thus, IANCM can be performed at 

lower decibel levels without any decrease in performance. 
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Figure 4.20: IANCM with snore as maskee and Tibetan chants as masker 

 It is pertinent to mention here that the discussions so far pertain to suppression of 

unwanted signals at one point in space. Unfortunately, it is also possible that at other 

points in the sound field, the pressure of the noise and canceling signal is in phase and 

constructive interference occurs, thereby increasing the sound level at such points. Thus 

the problem of global control of noise emerges. This characteristic of ANC systems has 

been well discussed in the literature [5], [15] and many of the solutions involve the use of 

multiple sensors to pick up the sound levels at various important locations and multiple 

loudspeakers located at strategic points to reduce the disturbance. The multiple error 

sensors necessitate the development of the “Multiple Error LMS Algorithm” put forth by 

Elliott and Nelson in 1985[57]. A general solution for an active control system with K 
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reference signals, M secondary sources and L monitor microphones has been discussed 

by Elliott and Nelson [58]. However, the problem of global cancellation, especially at 

higher frequencies and indeterminate type of noise is a highly challenging problem and 

needs a substantial technological breakthrough to achieve widespread commercial 

application. 

 

4.6 Conclusions 

 

 In this chapter, it was demonstrated that in addition to attenuating an unpleasant 

noise using ANC, the residual can be managed in such a manner, as to render it pleasant 

to the human ear. This was achieved using the masking effect and other properties of 

human hearing. The ability to use a pleasant sound such as classical music, for secondary 

path estimation was also demonstrated. This rich classical music helps to avoid the hiss 

like white noise usually employed by ANC systems for training the system. AGC was 

also exploited for taking care of any changes in the engine noise (unpleasant noise) by 

raising or attenuating the recorded audio (pleasant). The process can be used for myriad 

applications in the noisy environments encountered commonly these days. The system 

can be used for domestic as well as public environments. Furthermore, a new method of 

exploiting psychoacoustics was also introduced to improve the system and expand its 

utility for daily use.  
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Chapter 5 

 

Improvements in Integrated ANC-Masking 

  

The IANCM system employs psychoacoustic comparison of the masker and the maskee 

for selection of the initial masker and subsequently, to adjust the gain of the masker to 

cater for the changes in maskee. This process has two shortcomings 

(I) The consumer is not allowed the freedom of masker selection. The consumers of 

today are not satisfied by a limited choice [59] and may not like to listen to a 

repeated masker clip. Thus, an alternate system, where the user can select the 

masker from a pool, or even upload his/her own favorite masker into the system 

may be employed. 

(II) A second drawback is with the process itself. The masker is chosen on basis of the 

comparison of the individual frames of the maskee and the masker. The maskee is 

usually a noise with steady amplitude; however the masker, like any pleasant 

piece of music is most likely to have periods of silence interspersed with louder 

segments. While comparing a masker frame containing periods of silence with the 

steady drone of the maskee, very high and impractical amounts of amplification 

are required for the maskee SPL to be below the masker’s masking threshold. 

This imposes a serious constraint on the system that needs to be resolved. Hence a 

different strategy needs to be employed to overcome this shortcoming of the 

current system. 
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Simulations on different types of maskees using a broad range of maskers have 

demonstrated that the system is quite robust and any masker as per individual preference 

can be used. Thus, we can leave the task of masker selection to the user and the system 

can just concentrate on the task of varying the gain of the masker to a suitable levels. 

 In the next section, we introduce a method to keep the masker loudness at a 

suitable level, ensuring at the same time that the underlying noise is not perceivable. 

 

5.1    Reduction of dynamic range for better performance  

 

The results of the simulation have shown that the integrated ANC and masking is 

effective for those segments of the masker when the masker is loud. However, when the 

masker is soft, the residual noise may still be heard. Increasing the overall loudness of the 

masker would be counterproductive as the processed signal will be too loud and negate 

the reduction in loudness levels achieved by ANC. Thus, the two requirements are 

contradictory. However, if we can succeed in reducing the dynamic range of the masker 

without changing its perceptibility, then we may be able to mask out the residual noise, as 

well as, be successful in keeping the loudness of the peaks under control. To achieve our 

objective, audio signal (masker) can be dynamically compressed and its effect is 

observed for active noise masking and noise control.  

 

5.1.1 Compression of masker 

Compressors are classified as dynamic range control devices (DRC) [60]. The aim of a 

DRC is to increase or decrease the dynamic range of an audio signal without introducing 
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perceptible distortion. The DRC consists of signal detection by using either peak/root-

mean-square or any other criterion; a delay to eliminate overshooting; and an adaptive 

filtering of the control signal to ensure smooth variations in gain [58]. Compressors can 

be used to minimize the loudness differences between audio programs. Compression is 

similar to AGC but operates at a faster time scale. This process increases the loudness of 

the softer parts of an audio so that it can be heard above the noise floor and decreases the 

loudness of the louder portions so that it may not disturb the unintended listeners. 

As can be seen in Figure 5.1, a compressor reduces the gain of an audio signal if 

its amplitude exceeds a threshold. The amount of gain reduction is determined by a ratio 

control. In addition to several other applications, compression is utilized by broadcasting 

stations, as well as for commercials to achieve maximum possible perceivable loudness 

while staying within the acceptable norms. Compression is extensively used in the  
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Figure 5.1: Output of a signal after processing by a compressor [58] 
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automotive audio systems as the noise floor levels are quite high. Once we have done the 

required compression, we can decide the gain level of the masker based upon its 

perceived loudness. Automatic selection of the compression ratio is a difficult task; 

however incorporating DRC into the IANCM system is simpler if the compression ratio 

is selected manually. Alternatively, a fixed compression ratio can be decided by 

subjective experiments on different types of maskers. Figure 5.2 shows how the masker 

can be compressed prior to being introduced into the IANCM system. 
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Figure 5.2: Offline pre-processing of masker  

 

Utilizing this technique, the result of compression performed using Matlab [14] 

can be observed in the time domain. Figure 5.3(a) shows the original waveform of an 

excerpt of African drum music and Figure 5.3(b) shows the compressed version.  
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Figure 5.3(a): Uncompressed masker 

 

Figure 5.3(b): Compressed masker  
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These waveforms are almost similar in shape. However, it can be seen that the 

difference in the amplitudes of the peaks is lesser in case of the compressed waveform. 

Once it is ensured that the maxima of the compressed signal are the same as that in the 

original, the effect is that the lower magnitude signals are amplified while the higher 

magnitude signals remain unaffected. Thus, the number of low-amplitude segments has 

reduced, and the problem of low-amplitude periods of the masker has been solved. 

Invariably, due to compression, there might be a slight drop in the quality of the masker. 

However, flexibility in deciding the threshold level and the compression ratio is available 

to the user to achieve the desired quality of the masker. 

 

5.2 Time-varying secondary path and online modeling 

 

So far, it has been assumed that the secondary path characteristics are time-invariant, and 

therefore an offline modeling method can be used for identification purposes and the 

resulting filter can be used in the online ANC operation [4]. However, it is difficult to 

assume that in a real life scenario the secondary path is not going to vary with time. Thus 

the offline estimate no longer accurately represents the secondary path. This is likely to 

lead to degraded performance or instability. To illustrate this characteristic, secondary 

path variation is simulated and its result on the system performance is observed. A 

random variation of not more than 0.1 percent per sample is carried out in the secondary 

path coefficients. Figure 5.4(a) and 5.4(b) illustrate the difference in the magnitude 
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response of the original secondary path and the change in the secondary path after 4000 

samples. 

 
 
 

Figure 5.4(a): Magnitude response of the original secondary path 
 
 

 
 
 

Figure 5.4(b): Magnitude response of the secondary path after 4000 samples 
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The time-varying secondary path shown in Figure 5.4(b) is used for simulation in 

the system, whereas the estimate of the secondary path remains the same as used earlier. 

Figure 5.5 shows the system output when this situation occurs. The first sample on x-axis 

represents the start of the time when the secondary path starts to vary. It can readily be 

observed how the change in secondary path is affecting the system performance. The 

system output starts to diverge after about 2200th sample. This amply illustrates how the 

ANC system fails to converge when the secondary path varies with time. Continual 

estimation of the secondary path in parallel to the operation of the ANC system is therefore 

required for a stable system [5].  

 

 

  
Figure 5.5: Response of the system with a time-varying secondary path. 

 
 

A solution to the above problem was first proposed by Eriksson [61], using the 

additive random noise technique. However, adding random noise to the system increases 
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uncertainty and therefore leads to degradation of the adaptive filter. Many studies [62]-

[64] are available on this subject and online modeling of secondary path may be 

considered a field by itself and a topic for further research. Another approach formulated 

by Widrow and Stearns [65] can also be used to solve this problem. In this scheme, the 

control signal also serves as an excitation signal for secondary-path modeling. The 

coefficients of the adaptive filter are adjusted online to model continuously the secondary 

path during the operation of the ANC filter. Figure 5.6 illustrates the use of the second 

technique for online modeling of the changes in secondary path. The performance of the 

ANC system depends on the efficiency of the online modeling of physical system 

changes.  
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Figure 5.6: Online modeling of secondary path 
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 The developed system is tested with a time-varying secondary path. The online 

adaptive filter for the secondary path is designed with a filter length of 256 and a step 

size of 0.04. The maskee is a recording of engine noise and the masker is a classical 

music. As the system is only a slight modification over the IANCM system of Figure 4.6, 

there are only two additional equations. The online modeling error ''( )e n is the result of 

the superposition of the control signal passing through the filter, and representing the 

estimate of the secondary path and the residual noise '( )e n . Hence we have, 

 

ˆ''( ) '( ) ( )* ( ).e n e n y n s n= +                           (5.1) 

 

        Thus, the modeling filter is updated by the equation  

 

                   ˆ ˆ( 1) ( ) ''( ) ( ).ms n s n e n y nµ+ = −                (5.2) 

 

Here, mµ is the step size used for the modeling filter update and the other notations 

represent their usual meanings as mentioned earlier in Chapter 4. 

  Figure 5.7 shows the magnitude response of the secondary path and its estimate. 

It can be seen that the secondary path estimate is close to the actual secondary path. 

However, one needs to be careful that, it may not be possible for the system to always 

keep track of the secondary path changes as the online modeling part is not isolated from 

the ANC controller part of the system and the two mutually affect each other. This is an 

inherent limitation of the system and an area for further research. 
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 Figure 5.7: Magnitude and phase response of the secondary path and online model 
 
 
 The system is only able to cater for gradual and incremental changes in the 

secondary path and sudden fluctuations are likely to cause system instability. It can be 

seen from Figure 5.7 that there is considerable difference between the actual and modeled 

secondary path for frequencies above 1 KHz. Higher sampling rates of the system may be 

helpful in alleviating this problem to some extent. Thus, there is a requirement of further 

improvements in this field if the system has to perform effectively in situations likely to 
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encounter sudden changes in the secondary path. Figure 5.8 demonstrates the effect of 

secondary path change on system performance. The sound pressure levels of the system 

output show a marked increase when the secondary path change is introduced and the 

system takes quite some time to stabilize. However, it is worth noting that even with the 

performance degradation, the system output is still below the original noise levels. 

 

 
  

Figure 5.8: Effect of secondary path change on IANCM system performance 
 
 
 
5.3 Time-varying maskers to improve the listening experience 

 

One more problem which needs to be tackled in the system is that the unpleasant noise 

which is sought to be masked is continuously present in the environment. However, the 
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maskers used are of limited duration. Thus, we have the option of either repeating the 

masker or changing over to another masker on completion. Studies on human psychology 

[53], [66] have revealed that continuous and repeated exposure to even a preferred 

sensation may lead to dislike. This can be easily understood as repeated listening to the 

same song may put one off over a period of time. Therefore, the second option of 

changing the maskers one after another needs to be explored. Changing the masker 

drastically defeats the very purpose of selecting the suitable masker initially. Hence, there 

is a need to find a way of removing this repetitiveness without changing the nature of the 

masker too much. We need to gradually switchover to a different masker which is ‘close’ 

to the initial masker. However, defining two maskers as ‘close’ is a difficult task and 

brings us into the realm of computational intelligence [67]. Appreciation of music is a 

difficult task even for human beings who are not musically trained or do not have a 

natural flair for music. This makes us realize the complexity of the task of measuring the 

‘closeness’ of two maskers by a machine. There is a need to make use of the statistical 

tools already available and define certain features of the maskers which can be extracted 

automatically and can be used for classification of the maskers. Recently many automatic 

audio classification schemes have been proposed and audio classification is an active 

research area [66], [67]. For machine based classification of the maskers, first the 

requisite features need to be selected. The features commonly used in the acoustic field 

[68] include; spectral centroid, which is a measure of the centre of the power spectrum of 

the audio signal. It is computed by finding the mean power spectrum frequency bin and 

then expressing the index of the bin over the total number of bins; spectral variability 

which is the standard deviation of the signal’s power spectrum; root mean squared power 
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of the signal, and zero crossings, which counts the number of times within the sample 

window in which there is a change in the sample sign. Millions of such features can be 

defined and used for the classification process, however many of these features are 

irrelevant, that is, they contain no information about the masker and many other features 

are dependent upon other key features. Thus, we need to carry out the feature extraction 

and retain only the most relevant features, as processing information for a large number 

of features becomes practically impossible. Some important features for classification, 

identified by current studies [69]-[71] to be most effective are psychoacoustic features 

such as roughness, loudness and sharpness. Roughness is the perception of temporal 

envelope modulations in the range of about 20-150 Hz and is maximal for modulations 

near 70 Hz.  The estimate of roughness, is based on mid-frequency temporal envelope 

modulations, and an accurate estimate can only be obtained for relatively long audio 

frames (> 180 msec) [70]. Loudness is the sensation of intensity and sharpness is a 

perception related to the spectral density and the relative strength of high-frequency 

energy. Therefore, the system should be able to extract the values of these relevant 

features from a large pool of maskers available and process them to arrive at the 

closeness of the maskers with respect to each other. 

 Once the most important features have been identified, various maskers are 

classified into clusters or groups [69]. It can now be reasonably assumed that maskers 

falling within one cluster will be reasonably close to each other and transition from one 

masker to another within the same cluster will be smooth and pleasant for the listener. 

 One of the most popular algorithms used for clustering is the K-means algorithm 

which follows the following simple steps [72]: 
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(I) Place K points arbitrarily into the space represented by the maskers. These 

points represent initial group centroids. 

(II) Assign each masker to the group that has the closest centroid. 

(III) When all maskers have been assigned, recalculate the positions of the K      

centroids. 

(IV)Repeat Steps (II) and (III) until the centroids no longer change. 

Mathematically, we minimize the function [72] 

 

                     ( ) 2

1 1

,
k n

j
i j

j j

J x c
= =

= −∑∑          (5.3) 

 

such that ( ) 2j
i jx c−  is a distance measure between a data point ( )j

ix  and cluster 

centroid jc . In this manner maskers with similar properties are grouped together within a 

cluster. Clustering is a very resource demanding process and should be done offline prior 

to the system operation. Figure 5.9 generated using Matlab illustrates the results of 

clustering by hierarchical clustering with Euclidean distance metric and average linkage.  

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 

 

Chapter 5: Improvements in Integrated ANC-Masking

98

 

Figure 5.9: Clustergram of some maskers 
 
 

A limited number of maskers are clustered together as seen in the dendrogram. Of course, 

there are several other methods of clustering as well, such as self-organizing maps [73], 

or probabilistic clustering methods [69], however deciding the best method of clustering 

is outside the scope of the current work.  

Alternatively, in case the database of maskers is small enough to be manually 

manageable then the maskers of similar type can be grouped together and these groups 

can be segregated from each other. When the system selects any of the maskers from the 

entire database then the maskers of that particular group are used randomly one by one in 

the system. This ensures that there are no abrupt changes in the masker type. 

In order to ensure that one does not have to start from scratch, there are some 

readily available tools [74], [75] to classify the maskers into groups. As this grouping is 

done based on spatial proximity of certain important features of the maskers, it is highly 

probable that the maskers within a group will be perceived as similar and there will be a 
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smooth transition from one masker to another. One such widely popular tool is 

Musicminer [75]. This tool uses signal processing and time series analysis methods to 

find numerical features that describe audio files with music. This software uses certain 

selected features and self-organizing maps (SOM) to visualize a music collection 

analogous to geographical maps. Similar songs are placed together in valleys; large 

differences between songs are shown as mountain ranges in between. A screenshot of the 

audio mapping of 88 different types of songs from its database is shown in Figure 5.10. It 

can be presumed that songs which are close to each other and not separated by any high 

ranges are similar and can help achieving a smooth transitioning of the masker. However, 

this technology is still in its infancy and needs extensive work and subjective 

confirmation prior to being integrated into the IANCM system. Due to the uncertainties 

still existing about the human auditory system it is not possible to ascertain the 

pleasantness of a signal without subjective tests. Different tools available commercially 

or freely can be compared against each other by large scale subjective evaluation to check 

their relative performance and the results can be used to decide suitable algorithms for 

incorporating into the IANCM system. 
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Figure 5.10: Mapping of audio files using Musicminer [75] 

      

 

5.4 Conclusions 

 

In this chapter, the shortcomings of the IANCM system have been examined and a few 

solutions have been proposed. In order to cater for the low intensity periods of the 

masker, the signal was compressed and the results show a decrease in the dynamic range 
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of the output signal. This technique has been successfully used by radio broadcasting 

stations [60] and can be easily incorporated into this system. 

 Further, the problem of instability of the system when faced with a time varying 

secondary path was highlighted. This area of ANC is still witnessing ongoing research 

and few available solutions such as additive random noise technique inject new 

uncertainties in the system. The problem of isolating the secondary path identification 

filter from the rest of the system needs some innovative solutions and can be considered 

for future research. One such innovative idea has been proposed in this chapter, however 

the problem of effectively isolating the secondary path modeling stage from the rest of 

the system still persists and substantial improvisation on the proposed model needs to be 

done prior to its effective implementation. 

 Finally, an innovative solution was proposed for smooth transition from one 

masker to another. This is necessary as the consumer may not like the same masker to be 

played repeatedly and an abrupt change from one masker to another may cause the 

system to perform sub-optimally. Suitable commercially available software has also been 

identified for segregation of the maskers into groups such that transition from one masker 

to another within the same group is smooth and aesthetically pleasing to the listener. 

Alternatively, using any of the available clustering techniques, the available maskers can 

be grouped such that maskers within a group are similar to each other and different from 

those in other groups. 
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Chapter 6 

 

Conclusions and Future work 

  

This chapter presents a summary of the work done so far and suggests some future work. 

In particular, Section 6.1 highlights the capabilities and shortcomings of the IANCM 

system, and Section 6.2 suggests some future work and possible improvements to the 

system. 

  

6.1 Conclusions 

 

This thesis presents innovative methods to expand the domain of ANC systems. 

Psychoacoustics has been employed in conjunction with ANC techniques to overcome 

the shortcomings of conventional ANC system. A pleasant sound at appropriate levels 

has been used to mask the residual noise of an ANC system. This gives us a pleasant 

residual noise at reasonably low loudness levels. Thus we are able to avoid the unpleasant 

residual noise of an ANC system and the loud decibel levels of a masker. 

  A new method for selecting suitable maskers from an available database of 

maskers has been introduced in this thesis. Thus, it is possible to rank the maskers 

objectively without human intervention. This property is useful while handling large 

databases. Furthermore, this method ensures that the selected masker is able to mask the 

ANC residue at the minimum possible intensity levels. This is done by ensuring that the 

GMT of the masker is just above the SPL of the maskee. This global threshold helps in 
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keeping the overall decibel levels low. The practically proven, psychoacoustic model I 

has been employed for this task, with a few modifications to keep the implementation 

simple. 

 The IANCM system has been shown to be effective in suppressing narrow band 

engine noises by using a combination of ANC and a suitable masker. A wide range of 

maskers ranging from sounds occurring in nature to musical compositions have been 

employed in simulations and the system robustness has been ascertained. In addition to 

the masking function, suitable maskers such as classical music composition extracts can 

also be used to perform offline secondary path modeling. The ANC system employing a 

secondary path estimate, obtained by using classical music as a training signal, has 

performed equally well as the conventional ANC system. This eliminates the need to use 

white noise as a training signal, thereby avoiding the hiss-like sound prevalent during the 

training process of a conventional ANC system. 

 The IANCM system, in addition to dealing with a narrowband noise, has the 

adaptability to withstand changes in the characteristics of the maskee. The system 

responds to changes in the maskee by automatically changing the gain of the masker and 

adjusting the masker levels at a suitable point. Simulation results of the system with even 

a broadband noise source, such as the cabin noise of a moving car at various speeds have 

been successfully demonstrated. In addition, the practical utility of the system has been 

highlighted by using the IANCM system for various household appliance noise scenarios. 

This includes vacuum cleaner, hand-blender and air-conditioner noise, to name a few.  

 In addition to masking, another psychoacoustic characteristic of reverberation has 

also been employed by the system. A fundamental frequency appears to get louder due to 

its harmonics, even though the decibel levels do not change. For example, a snore sound 
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which has its dominant frequency at 80 Hz can be effectively masked with relatively 

lower level of Tibetan chants as the dominant energy of the chants lies in spectral regions 

which are integral multiples of 80 Hz. 

 The IANCM system has been made more robust by reducing the dynamic range 

of the masker. Dynamic range reduction has been achieved by simple compression 

techniques. This ensures that the levels of the maskers are not too loud and the quieter 

periods of the maskers do not fall below the maskee levels. 

 Online modeling of the secondary path has proved to be a difficult task as 

currently there is no fully effective method [5], [61] for isolating the secondary path 

variations from the changes in the primary disturbance. This task needs further work and 

it is an exciting area for research. 

An approach to avoid the monotony of a single masker being played repetitively 

has also been discussed in the thesis. A smooth transition from one masker to another 

may be achieved by using statistical tools. Maskers may be clustered together based on 

their physical properties using any of the clustering techniques, such as K-means 

clustering. Clustering of a few selected maskers has been demonstrated for illustration 

purpose in Chapter 5.Prevalent feature extraction methods can be used from data mining 

techniques to decide the relevant features such as loudness, sharpness and roughness 

amongst various other such features. 
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6.2 Future work 

 

A few suggestions have been included in this section which could be used for future work 

on this topic. 

 

6.2.1 Subjective validation of classification and clustering    

The techniques discussed so far have been implemented using Matlab simulations and 

evaluated by a small group of persons. For effective validation, the techniques such as 

masker classification, feature extraction of maskers and testing of maskers for closeness 

with respect to each other need to be tested against subjective evaluation by a large 

number of evaluators. A set of more than 100 persons spread over various age groups and 

from diverse backgrounds should be used for the subjective evaluations. The results 

obtained should be compared and correlated with objective methods, thereby ascertaining 

the effectiveness of the objective methods  

 

6.2.2 Online secondary path modeling  

    

As has been highlighted in earlier chapters; in ANC control systems, the effect of 

the secondary path needs to be compensated for achieving a stable system. The secondary 

path can be modeled offline, prior to the operation of an ANC controller.  In many 

practical cases, however, the secondary path can be time-varying, so online modeling is 

required to ensure the convergence of an ANC system. The most commonly used 

approach for online secondary path modeling injects an additional noise into the system. 
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An additive noise is useful to the secondary path modeling process, but it introduces extra 

noise and increases uncertainty in the operation of the ANC controller. The approach by 

Widrow and Stearns [65] uses the control signal as an excitation signal for secondary-

path modeling. The coefficients of the adaptive filter are adjusted online to model 

continuously the secondary path during the operation of the ANC filter. However, as seen 

in Chapter 5, the performance of such systems is poor at frequencies above 1 kHz. 

Further the system is unable to always keep track of the secondary path changes as the 

online modeling part is not isolated from the ANC controller part of the system and the 

two mutually affect each other. Thus, we have the contradictory requirements of 

increasing the accuracy of the secondary path modeling and the effective adaptation of 

the ANC controller. Any possible improvements in the IANCM system have to take this 

factor into account and an innovative solution to solve this problem is required. This field 

thus has tremendous opportunity for a breakthrough, so that a stable system can be 

obtained, which can track the changes in secondary path without affecting the ANC 

controller. However, finding an innovative and effective solution for online modeling of 

secondary path is beyond the scope of this thesis and further studies and experiments are 

required to come up with a solution to this problem. This may be taken up as a topic for 

further research. 

 

6.2.3 Use of ultrasonic components    

 

It is common understanding in psychoacoustics that humans are not able to hear sounds 

with frequencies above 20 kHz. [76]. The outer and the middle ear act like a filter to 
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attenuate the ultrasonic frequency components (UFCs) so that the brain does not receive 

any stimulus. However, studies have proven that if the stimulus is provided to the brain 

by bypassing the outer and middle ear, then the brain responds to it and is even able to 

achieve frequency discrimination to the same level as those of audible frequency [77]. 

     Recent research has revealed that though UFCs may not be audible on their own, 

they have an impact on the quality of the perceived sound in conjunction with the audible 

frequency [77]. Subjective tests have revealed that people preferred music containing 

UFCs, over the same music with only audible frequency. Medical imaging has revealed 

that these UFCs induce a meditative state in the listeners, clinically confirmed by the 

release of alpha waves in the brain [78]. Thus, in this manner, there is a possibility to 

provide a better listening experience to the user and overcome the deficiencies of the 

existing system. 
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