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Abstract: This paper presents a model and simulation results of the active noise control (ANC) system in a wide-area 

virtual environment using the acoustics finite-difference time-domain (FDTD) propagation approach defined by 

particle velocities and sound pressure level (SPL) within a certain absorbing boundary conditions called a perfectly-

matched layer (PML) technique. The ANC excitation applies a single-frequency noise source with an adaptive 

feedforward configuration. The FDTD algorithm is used to model the area of interest acoustically, including a desired 

quiet zone, considering the effects from a primary path, a secondary path, and a feedback path. A processing unit of 

the ANC system based on the least mean-squared (LMS) algorithm is utilized to synthesize a cancelling noise using a 

secondary loudspeaker. A single-channel feedforward ANC system used in this paper is modified from the proposed 

multi-channel models and forms. Acoustics FDTD propagation results can be used to determine the optimum 

placements for ANC sensors and actuators. The SPL numerical and graphical results are plotted to demonstrate the 

performance of the proposed ANC system. All of the simulation results confirm that the proposed modeling approach 

can be combined with wide-area acoustic simulations and a feedforward LMS adaptive algorithm. The proposed model 

also provides a way for the optimum placement of the ANC sensors and actuators before being used in a more-complex 

practical environment. 

Keywords: Active noise control (ANC), Finite-difference time-domain (FDTD), Single-channel feedforward ANC 

system, Perfectly-matched layer (PML), Absorbing boundary, Sound pressure level (SPL). 

 

 

 

1 Introduction 

Nowadays, active noise control (ANC) technique 

has become more and more popular and widely been 

used to diminish or cancel unwanted acoustic noises. 

In early stage, a German engineer and entrepreneur, 

Pual Lueg, patented process on silencing oscillation 

sounds using a superposition concept. He introduced 

the additional sound, called secondary sources, which 

equal in magnitude but opposite in phase, to cancel 

out the unwanted noises in 1936 [1].  At the time, his 

technique had many difficulties to implement due to 

the complication of analog-and-electronics devices 

which were used to create the secondary sources. 

Until 1975, Bernard Widrow, a professor at Stanford 

university, proposed an inventive least mean square 

(LMS) adaptive algorithm that is a part of an adaptive 

filter and also published the alternative noise 

cancelling algorithm using his adaptive technique to 

estimate signal corrupted by additive interference 

noises. Widrow’s technique was then be counted as 

the first of many ANC systems in the digital signal 

processing (DSP) world [2]. Classical ANC concepts 

from Pual Lueg and Bernard Widrow will be shown 

in Fig. 1. Recently, the ANC has become one of the 

most favourite tools to resolve noise problems in 

many engineering applications for example: noise-

cancellation headphones, noise control systems in 

cars, airplanes and aircraft cockpits, a variety of 

soundproof equipment, and etc. A general ANC 

architecture comprises of one or many reference 

sensors, cancelling loudspeakers, error sensors, and 

controllers. Today, two types of ANC architectures 

have widely been used namely feedforward and 

feedback ANC systems [3]. Either of a single-channel 
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or a multi-channel ANC system will be chosen 

depending on the level of problem complications. In 

this paper, a single-channel feedforward ANC system 

will be utilized, more details in Section 2.  

During the past three decades, the ANC relevant 

research topics have been broadened and enlarged in 

many ways. Some researchers mainly focused on 

ANC algorithms improvements, for example, Dah-

Chung Chang presented the new FXLMS algorithm 

with a variable tap length and a step size to improve 

convergence rate and noise reduction ratio [4], 

Ardekani and Abdulla introduced the ANC with the 

emphasis on ANC system implemented using 

FXLMS adaptation algorithm [5]. Some researchers 

concentrated on expanding ANC applications, for 

example, Sen Kou applied a feedback active noise 

control technique for headphone applications [6], 

László Sujbert presented the ANC noise-cancelling 

office chair to resolve the uncomfortable problem of 

employees wearing a noise-cancelling headphone in 

the office using a multiple reference microphones 

technique [7], Chraponska, Wrona, Rzepecki, Mazur 

and Pawelczyk proposed the active structural 

acoustic control of ANC active casing placed in the 

corner to protect the low-frequency noise from 

electrical appliances [8]. 

The term wide area for ANC application was first 

introduced by Graupe and Efron in 1991 [9], they 

proposed the method of using an output-whitening 

approach ANC system in the vicinity of noisy 

machinery. Three years later, Efron and Han 

proposed the extension from his own work with 

Graupe on a single point adaptive ANC to address the 

problem of wide-area noise cancellation [10]. 

Currently, many research relevant to a wide-area-like 

ANC applications have been published in various 

aspects, for example, Gunnar Gäbel proposed the 

development and implementation of a multi-channel 

ANC system for the reduction of road induced 

vehicle interior noise [11], Liu and Kuo proposed the 

use of microphone array in wide area simulations 

[12], Iwai, Hase and Kajikawa tried to identify the 

optimal reference microphone array based on time 

difference arrival (TDOA) technique [13], Jianjun, 

Bhan, Dongyuan and Woon presented the leverage of 

an underdetermined system in a multi-channel ANC 

for open windows in a large space [14], Ying, Wang 

and Liu presented the application study of an adaptive 

tracking algorithm in the ANC system for lower the 

transformer noise in the substation specific area [15], 

Zhang, Qin, Zou and Qiu presented the secondary 

source consideration and error sensing strategies for 

the ANC of sound transmission through a small 

opening in a wall [16], Munir and Abdulla proposed 

new ANC algorithms to deal with acoustic domain in 

silencing a remote location quiet zone called FxLMS 

algorithm in 2020 [17]. Some researchers attempted 

to create a quiet zone in specific area like closed room 

using sparse decomposition of reference signals from 

distributed sensors arranged in term of circular arrays 

to reduce broadband noise fields [18-20]. Some 

researchers applied electromagnetic wave equations 

to explore the ANC propagation filed, for example, 

Szarvas and Sujbert [21] presented the efficiency 

testing of the ANC calculation by acoustic field 

modeling, Sankaran reviewed many computational 

tools on how to make a good choice for modelling 

electromagnetics wave propagation problem [22], 

Orlis, Giouvanakis and Papanikolaou presented the 

simulation of the ANC in a small and enclosed 

workplace and modeling using the Finite Difference 

Time Domain (FDTD) method [23]. It should be 

noted here that although many ANC research have 

been done and already published but almost all of the 

done research would mainly focus on purely acoustic 

domain performance using either the numerical or 

analytical methodologies and neglecting some 

important factors or parameters involving in the 

actual environment.  

The main gold of this research is to utilize an 

original idea of a classical ANC concept to form a 

complete mathematical model and analysis in a wide 

area with remote location of a desired quiet zone. 

Studied from the previous research, some missing 

points or negligibility worth mentioning here. Firstly, 

for acoustic-domain analysis in a wide area, not only 

the primary path effect, but also the secondary path 

and the feedback path effects shall be considered as 

in reality the noise source and each of the ANC 

devices may not be in the same locations like other 

ANC applications. Secondly, to setup an accurate 

model for the acoustic propagating simulations, the 

artificial reflections in the space must be considered. 

Thirdly, to simultaneously observe true-propagation 

phenomena and the ANC system effectiveness, a 

real-time correlation between two domains should be 

integrated. 

This research proposes together a combination 

analysis of a noise-propagations acoustic domain and 

the electrical device and ANC controller in time 

domain. In the acoustic-domain analysis, different 

from most of the aforementioned papers, we will 

include all of the primary path effect, the secondary 

path effect and the feedback path effect into our 

considerations. The discretized FDTD propagation 

equations will be derived and presented here. When 

applying the FDTD propagation to a wide-area 

virtual environment, there will be some artificial 

reflections occurred along the space borders. We then 

proposed the use of the absorbing boundary condition 



Received:  July 28, 2021.     Revised: September 6, 2021.                                                                                                429 

International Journal of Intelligent Engineering and Systems, Vol.14, No.6, 2021           DOI: 10.22266/ijies2021.1231.38 

 

 

called a perfectly matched layer (PML) technique to 

resolve such a problem (more details on PML will be 

discussed in Sections 2 and 3). The integration of the 

FDTD propagation with the PML technique ensures 

the practical environment in our virtual simulation. A 

time-domain analysis includes the ANC algorithm 

and ANC devices i.e., a processor, a reference sensor, 

a cancelling loudspeaker, and an error sensor. A 

simple and effective least mean square (LMS) 

algorithm will be selected as an ANC algorithm to 

ensure the system stability [24-26]. 

The proposed two-domain combination model for 

wide-area analysis was done by discretizing the 

FDTD propagation equations combining with the 

PML technique then formulate another new set of 

equations for an ANC system with LMS algorithm, 

in time domain. Using this newly proposed model 

and technique, a variety of handy simulations and 

analysis can comfortably be achieved, for example, 

visualizations of sound pressure level fields, a noise 

attenuation (in dB) and other relevant parameters at 

any point in the space including the remote area of 

interest (desired quiet zone). Another big advantage 

when using the proposed model and analysis is that 

locations of either a noise source or ANC devices can 

freely be placed in the space which will definitely be 

helpful to determine the optimum locations for ANC 

devices. The flexibility and capability by using the 

proposed model and analysis in a wide-area virtual 

environment offer a great number of possibilities for 

a future research to come. 

This research paper organizations are as follows: 

first section is an introduction, Section 2 talks about 

the backgrounds and theories, Section 3 explains the 

proposed methodologies, Section 4 shows numerous 

and intensive simulation results and analysis, Section 

5 mentions future work and discussions, and finally, 

Section 6 is a research summary and conclusions. 

2 Background and theories 

2.1 Active noise control (ANC) principle 

Active noise control (ANC) is an active research 

area that focuses on removing contaminated sounds 

or vibrations in any environment with the use of 

sensors, actuators and advanced mathematical 

algorithms. Since 1936, Paul Lueg proposed and 

published a simple ANC system design to reduce the 

unwanted acoustic noise [1]. He proposed a technique 

for controlling unwanted sounds by introducing 

additional sounds. And when the advent of digital 

technologies did the realization, adaptive ANC  

 

 
Figure. 1 A summary of a classical ANC system concept 

by Paul Lueg [1] and Widrow [11] 

 

 
Figure. 2 A Simplified diagram of a classical ANC 

 

systems which comprise of adaptive algorithm to 

adjust ANC device parameters become possible. 

Such an ANC technology was first published by 

Widrow in 1975 [2] as illustrated in Fig. 1. Since then, 

there had been many researchers proposed similar 

functions to Paul Lueg’s ANC system with different 

configurations of reference microphones, different 

numbers and types of cancelling loudspeakers and 

different algorithms [3]. 

The most important compositions of the ANC 

architecture are the digital filter and adaptive 

algorithms which will be used to compute ANC 

system outputs. A general form of an ANC system is 

a time-varying system that applies a recursive 

(adaptive) algorithm to continuously adjust its 

coefficients (weights) for operation in an unknown 

environment over time. 

2.1.1. Digital filter 

Determine d(n) is the desired signal, y(n) is the 

estimated signal computed from the digital filter and 

adaptive algorithm, x(n) is the reference signal or 

noise signal, and e(n) is an error signal between d(n) 

and y(n), computed as shown in Eq. (1) 

 

𝑒(𝑛) = 𝑦(𝑛) − 𝑑(𝑛)                                (1) 

 

From Fig. 2, the finite impulse response (FIR) 

filter will be used as the digital transversal filter. The 

FIR filtering block consists of a tapped-delay line and 
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a set of tapped weights. The tapped-delay line gathers 

a block of L samples which mathematically 

represented in a vector form shown in Eq. (2). 

Similarly, the tapped weights can be computed from 

Eq. (3). 

 

𝒙(𝑛) = [𝑥(𝑛),  𝑥(𝑛 − 1), . . . ,  𝑥(𝑛 − 𝐿 + 1)]𝑇  (2) 

 

𝒘(𝑛) = [𝑤0(𝑛), 𝑤1(𝑛), . . . ,  𝑤𝐿−1(𝑛)]𝑇   (3) 

 

The parameter L is the FIR filter length. Both x(n) 

and w(n) are defined as L-by-1 column vector, where 

the index n is the parenthesis represents the time 

index. The output y(n) can be expressed in both scalar 

and vector notation as in Eq. (4). 

 

𝑦(𝑛) = ∑ 𝑤𝑚(𝑛)𝑥(𝑛 − 𝑚) = 𝒘𝑇(𝑛) 𝒙(𝑛)𝐿−1
𝑚=0   (4) 

2.1.2. Adaptive algorithm 

In most of practical applications, filter 

specifications are unknown at the design step. A 

better solution for solving this problem is to use a 

digital filter with time-varying coefficients to track 

the unknown yet changing environments. Different 

from the fixed-coefficient filters, designing an 

adaptive filter requires some considerations i.e., the 

filter length, step size, regularization parameters and 

the adaptive algorithm. One of the most popular and 

widely use adaptive algorithms is the Least Mean 

Square (LMS) algorithm. The LMS algorithm 

updates the filter coefficients as in Eq. (5). 

 

𝒘(𝑛 + 1) = 𝒘(𝑛) + 𝜇𝒙(𝑛)𝑒(𝑛)             (5) 

 

Where µ is the step size that determines the 

stability and the convergence rate of the LMS 

algorithm. The time-varying nature of the weight 

vector w(n) is indicated by having an index n to show 

its value as function of time. At the current iteration 

n, the amount of adjustment to the current tap weights 

w(n) is determine by the input vector x(n) scaled with 

the estimated error e(n) measures the deference 

between the adaptive filter output y(n) and the desired 

response d(n) [3]. 

2.2 Multiple-channel feedforward ANC systems 

In general, there are two types of ANC systems 

popularly mentioned in many research and 

engineering solutions, i.e. feedforward and feedback 

ANC systems. In this article, we will mainly focus on 

a feedforward ANC system because of its good 

performances when using with broadband range of 

frequencies [3]. A feedforward ANC system is one  

 

 
Figure. 3 An overview of a multiple-channel feedforward 

ANC system 

 

 
Figure. 4 A simplified diagram of a multiple-channel 

feedforward ANC system with LMS algorithm 
 

kind of a modification from Paul Lueg’s original 

ANC principle. Basic concepts and necessarily 

equations of a feedforward ANC system will be 

elaborated here using an architecture of a multiple-

channel feedforward shown in Fig.3. although 

simulation results presented later in this paper will be 

the outcomes from a single-channel feedforward 

ANC system for simplicity reason. Typical 

compositions of a multiple-channel feedforward 

ANC system consists of several reference sensors, 

canceling loudspeakers, error sensors and one unit of 

ANC controller. Unwanted signals (noises) will be 

picked up through medium (air) by reference sensors 

and then passed to an ANC controller via electronics 

devices. Compensation signals will then be computed 

by a controller and sending out to drive a group of 

cancelling loudspeakers also via another set of 

electronics devices. Remaining acoustic noises after 

compensations will be picked up by error sensors and 

sent back to a controller again. 

Fig. 3 illustrates an overview of a multi-channel 

feedforward ANC architecture arranged in wide areas. 
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It can be seen from Fig. 3 that there are two important 

domains in this ANC architecture: electrical domain 

and acoustic domain. Many electronics devices 

including analog to digital (A/D) and digital to analog 

(D/A) circuits are presented here. The ANC 

controller with adaptive filters and algorithm is also 

counted as one part of this domain. The acoustic 

domain, on the other hand, more concerns will be 

based on acoustic propagations.  

It should be stated here that all the acoustic 

propagation paths will directly affect the ANC 

performance. The first and most important acoustic 

part of interest for this feedforward ANC is called a 

primary path, P(z), which is the propagating path 

from the noise sources or reference microphones to 

the error microphones. The secondary path, A(z), in 

this system can be determined as the acoustic 

propagating path from cancelling loudspeakers to the 

error microphones. Since the anti-noise outputs from 

cancelling loudspeakers are multi-directional effects, 

the feedback propagating path, F(z), from cancelling 

loudspeakers to the reference microphones must 

always be considered as well. Therefore, when this 

type of ANC system is in operations, multi-

directional path effects from acoustics propagation in 

this space shall be investigated. 

The ANC controller typically composes of 

adaptive filters and recursive algorithms. In this paper, 

the finite impulse response (FIR) filters which have 

only zeros, hence always stable, with a least mean 

square (LMS) algorithm will be used to perform the 

ANC function.  

A multi-channel feedforward ANC architecture 

can be simplified as shown in Fig. 4. All the acoustics 

path effects will be represented in terms of primary 

path, P(z), secondary path, A(z) and feedback path, 

F(z). All electronics path effects will be represented 

in the forms of R1(z), S(z) and R2(z). In this paper, all 

electronics paths will be counted as ideal paths (no 

losses) and can be neglected as mentioned in previous 

research [24-26]. The input signals xj(n) picked up by 

J reference sensors can be expressed as Eqs. (6) and 

(7). 

 

𝒙𝑗(𝑛) = [𝑥𝑗(𝑛), 𝑥𝑗(𝑛 − 1), . . . , 𝑥𝑗(𝑛 − 1 + 𝐿)]
𝑇
 (6) 

 

   𝒙(𝑛) ≡ [𝒙1
𝑇(𝑛), 𝒙2

𝑇(𝑛), . . . , 𝒙𝐽
𝑇(𝑛)]

𝑇
        (7) 

 
where j = 1, 2,…, J  and L is the FIR filter length. 

The adaptive filter W, or the ANC controller, has 

J reference input signals xj(n) that are elements of 

signal vector x(n) and generates K secondary signals 

that are elements of vector y(n). Therefore, the ANC 

controller is represented by a K×J matrix W (K rows 

and J columns), as in Eq. (8) 

Each element of the adaptive FIR filter W has 

represented by wkj(n), where j is the reference input 

index, and k is the secondary source index. The FIR 

filter has Least Mean Square algorithm, LMS 

algorithm, to estimate the Mean-Square Error, MSE, 

for updating the coefficients. This algorithm adjusts 

the coefficients of the K×J adaptive filters wkj(n) in 

the controller, which can be expressed as in Eq. (9) 

 

𝐖(𝑛) ≡

[
 
 
 
 𝒘11

𝑇 (𝑛) 𝒘12
𝑇 (𝑛)

𝒘21
𝑇 (𝑛) 𝒘22

𝑇 (𝑛)

…
…

𝒘1𝑗
𝑇 (𝑛)

𝒘2𝑗
𝑇 (𝑛)

⋮ ⋱ ⋮
𝒘𝑘1

𝑇 (𝑛) 𝒘𝑘2
𝑇 (𝑛) ⋯ 𝒘𝑘𝑗

𝑇 (𝑛)]
 
 
 
 

   (8) 

 

𝒘𝑘𝑗(𝑛 + 1) = 𝒘𝑘𝑗(𝑛) + 𝜇 ∑ 𝒙𝑗
𝑀
𝑚=1 (𝑛)𝑒𝑚(𝑛)  (9) 

 

where µ is the step size that determines the 

stability and the convergence rate of the LMS 

algorithm. 

The output signals yk(n) of ANC systems used to 

drive K canceling loudspeakers are computed from 

x(n) and the adaptive filter matrix W as in Eqs. (10) 

and (11) 

 

𝑦𝑘(𝑛) = ∑ 𝑦𝑘𝑗(𝑛)
𝐽
𝑗=1                                      (10) 

 

  𝑦𝑘𝑗(𝑛) = 𝒘𝑘𝑗
𝑇 (𝑛)𝑥𝑗(𝑛)                        (11) 

 

where j = 1, 2,…, J and k = 1, 2, …, K. 

In terms of acoustic domain at error sensor mth, 

determine dm(n) is the desired signal (noise signal in 

the area), ym(n) is the estimated signal (canceling 

signal) computed from the adaptive filter (ANC 

system) and em(n) is an error signal between dm(n) and 

ym(n) computed as  

 

      𝑒𝑚(𝑛) = 𝑦𝑚(𝑛) − 𝑑𝑚(𝑛)              (12) 

 

If the adaptive filter output ym(n) is identical to 

the desired signal dm(n). Therefore, when dm(n) and 

ym(n) are acoustically combined, the residual error is 

then be 

 

   𝑒𝑚(𝑛) = 𝑦𝑚(𝑛) − 𝑑𝑚(𝑛) = 0         (13) 

 

which results in perfect cancellation of both 

sounds of interests based on the superposition 

principle. 

2.3 Finite difference time domain (FDTD) method 

The FDTD approach has been popularly used and 
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employed for many years based on finite-difference 

approximations to solve simple to complex partial 

differential equations (PDEs). The close relevancies 

of the FDTD approach with this research was 

introduced by Kane S. Yee [27] who applied the 

FDTD to model electromagnetics (EM), propagating 

and scattering in 1997. Currently, it has been proved 

that the FDTD approach is also useful for 

microwaves, electrodynamics, visible lights, radars, 

sounds and acoustics propagation etc. This research 

proposes the use of FDTD approach to realize how 

acoustics noises propagate in time domain and also to 

realize how good the ANC system performs when 

operating in both of space and time domain 

simultaneously (both acoustic and time domain). 

The acoustics wave propagation can be described 

in term of first order differential equations where the 

temporal derivative of one field is related to the 

spatial derivative of another field as in the following 

Eqs. (14) and (15). 

 
𝜕𝑝

𝜕𝑡
= −𝜌𝑐2𝛻 ⋅ 𝒗                        (14) 

 
𝜕𝒗

𝜕𝑡
= −

1

𝜌
𝛻𝑝                              (15) 

 

where p represents the scalar sound pressure field, 

𝒗 is the particle velocity vector,  is the density of the 

medium and c is the sound/acoustic speed. In a 3D 

Cartesian coordinate system, the acoustic wave 

propagation in the air can be expressed as in Eqs. (16) 

and (17)  

 

   
𝜕𝑝

𝜕𝑡
= −𝜌𝑐2 (

𝜕𝒗𝑥

𝜕𝑥
+

𝜕𝒗𝑦

𝜕𝑦
+

𝜕𝒗𝑧

𝜕𝑧
)                       (16) 

 

{
𝜕𝒗

𝜕𝑡
= −

1

𝜌

𝜕𝑝

𝜕𝑥
,
𝜕𝒗

𝜕𝑡
= −

1

𝜌

𝜕𝑝

𝜕𝑦
,
𝜕𝒗

𝜕𝑡
= −

1

𝜌

𝜕𝑝

𝜕𝑧
}       (17) 

 

Discretizing those two equations with the finite-

difference approximations and staggering gird in 

time, the solving results can be computed for future 

fields in terms of known past fields, recursively. 

Therefore, the acoustically discretizing propagation 

in both space and time domains can be achieved. 

2.4 Perfectly matched layer (PML) absorbing 

boundary and conditions 

Numerical modelling of seismic wavefields is 

important for understanding wave phenomena in 

complex 2D and 3D media and is essential for full 

waveform inversion. Due to the restrictions on both 

memory requirement and computational cost, the 

model must be limited in size and focused on the area 

of interest by introducing artificial boundaries. 

Therefore, an artificial boundary condition is needed 

to absorb the energy of the reflections from these 

artificial boundaries. Two main solutions have been 

proposed by many researchers in the past: (1) 

absorbing boundary conditions (ABC) e.g. Clayton 

and Engquist in 1977 [28], Higdon in 1991 [29] and 

(2) absorbing boundary layers (PML) e.g. Cerjan et 

al. in 1985 [30], Bérenger in 1994 [31], Komatitsch 

and Martin in 2007 [32], Liu and Sen in 2009 [33].  

The ABC splits the wave equation into two 

directions: inside and outside equations using the 

one-way wave equation method; then, only the 

outside equation is used on one or two layers outside 

of the interested area to avoid reflections inwards. 

The ABC has a good performance when the incident 

waves are propagating within a certain angle range, 

especially when the incident waves are close to the 

direction normal to the boundary. The ABC has been 

popular since the early 1970s, and some of the 

classical ABCs can be defined up to any desired 

order; however, the appearance of increasingly high-

order derivatives in these ABCs renders them 

impractical beyond a certain order, typically 2 or 3. 

The absorbing boundary layers, on the other hand, 

use many layers to attenuate the artificial reflections 

gradually; thus, we can greatly reduce artificial 

reflections with an adequate number of layers. There 

are three kinds of absorbing boundary layers: (1) the 

sponge boundary e.g. Cerjan et al. in 1985 [30], (2) 

the perfectly matched layer (PML) e.g. Bérenger in 

1994 [31] and Chew and Liu in 1996 [34] and (3) the 

hybrid absorbing boundary layer proposed by Liu and 

Sen in 2012 [35]. 

The most famous PML proposed by Bérenger in 

1994 [31] applies a completely new mechanism to 

avoid apparent artificial reflections. Bérenger’s PML 

introduces physical attenuations to the wave equation. 

The PML modifies the partial derivatives in the wave 

equation using complex coordinate stretching by 

introducing an imaginary part associated with an 

attenuation factor. Complex coordinate stretching is 

well known for viscoelastic media to understand the 

nature of the intrinsic attenuation for wave 

propagation; thus, the PML presents a nice rule in 

designing the optimal attenuation coefficients by 

tuning the attenuation factor. Many modifications 

had been proposed based on Bérenger’s PML 

concepts. Kristek finally made a summary review 

about the variations of the PML research: the 

split/unsplit, classical/convolutional and 

general/special PML formulations, which can help 

the new engineers understand many classifications of 

different PML formulations, in 2009 [36]. 

Consider the acoustics wave propagation using  
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Figure. 5 The acoustics propagation area with the 

PML absorbing  

 

 
Figure. 6 A two-dimension wide-area virtual environment 

space modeling and configuration 
 

the FDTD approach, at the end of the girds without 

absorbing boundary layers, the acoustics wave 

reflection will be occurred. To eliminate the acoustics 

wave reflection, in this paper, we applied the main 

concept from Berenger’s PML model with 2D scalar 

wave equations proposed by Liu and Tao [37] in 1997 

and Hustedt [38] in 2004. We then did a slight 

modification to combine a two-dimension FDTD 

governing acoustic equations with PML technique. 

The modification of a 2D-FDTD scalar wave 

equations with PML technique can be rewritten as  

 

 {

𝜕𝑝𝑥

𝜕𝑡
+ 𝐷(𝑥)𝑝𝑥 = −𝜌𝑐2 𝜕𝒗𝑥

𝜕𝑥
𝜕𝑝𝑦

𝜕𝑡
+ 𝐷(𝑦)𝑝𝑦 = −𝜌𝑐2 𝜕𝒗𝑦

𝜕𝑦

}                  (18) 

 

  {

𝜕𝒗𝑥

𝜕𝑡
+ 𝐷(𝑥)𝒗𝑥 = −

1

𝜌

𝜕(𝑝)

𝜕𝑥

𝜕𝒗𝑦

𝜕𝑡
+ 𝐷(𝑦)𝒗𝑦 = −

1

𝜌

𝜕(𝑝)

𝜕𝑦

}                   (19) 

 

    𝑝 = 𝑝𝑥 + 𝑝𝑦                            (20) 

where D(x) and D(y) are the absorbing boundary 

coefficients designed to attenuate the reflection zone 

[39]. The absorbing boundary coefficients can be 

model as 

 

{
𝐷(𝑥) =

3𝑣

2𝐿
𝑙𝑜𝑔 (

1

𝑅
) (

𝑥

𝐿
)
2

𝐷(𝑦) =
3𝑣

2𝐿
𝑙𝑜𝑔 (

1

𝑅
) (

𝑦

𝐿
)
2}                      (21) 

 

where v is the velocity of acoustics at x-y, L is the 

width of the absorbing layer and R is the theoretical 

reflection coefficient of the split PML [39-40].  

Therefore, we choose to use this integration of the 

2D FDTD approach with the modified PML 

technique throughout this research to ensure the 

accuracy and performance of the proposed ANC 

system; and to show the visualization of the 

propagation filed, in all simulations cases.   

3 The proposed methodology 

This section will elaborate how we can create the 

model to represent the actual wide-area environment 

in simulating the acoustic propagation space, how to 

integrate the FDTD approach with PML technique to 

visualize the sound pressure level and also brief 

details of the feedforward ANC system with LMS 

algorithm used in this research.  

3.1 Wide-area model and system configurations  
In this paper, a wide-area actual environment will 

be setup as a two-dimension propagation space as can 

be seen in Fig. 6. The PML absorbing boundary has 

been set to cover the entire space to ensure the 

minimum to zero acoustic reflection. A single noise 

source will be placed inside this space (locations may 

vary for different simulating purposes). 

A single-channel feedforward ANC system 

mentioned in the previous section will mainly be used 

in this modeling and simulation for simplicity. ANC 

sensors and actuators (loudspeakers) will be setup 

inside the space while the ANC controller will be 

located outside of this space as in actual environment. 

The desired quiet zone (or silent zone) will be 

determined as a rectangular area inside this space. A 

simplified diagram of the proposed model and 

configurations can be seen in Fig. 7. 

3.2 Discretized FDTD with PML boundary 

One main goal of this research is to visualize and 

combine the acoustic domain to the ANC operation 

in time domain. To combine the acoustics-domain 

propagation space to the ANC operation in time  
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Figure. 7 A simplified diagram of the proposed 

feedforward ANC system configurations in z-domain 
 

domain, the discretization of the FDTD approach 

with PML absorbing boundary to determine sound 

pressure levels (px, py) and the particle velocities (vx, 

vy) shall be performed first. It should be noted here 

that, sampling numbers will have an influence on the 

acoustics wave propagation calculation significantly. 

A two-dimension space with grids of sound pressure 

level (p) and velocity (v) will be explored here. The 

first-order forward approximation will be employed 

to update the time steps in this process. 

 

(
𝑝𝑥(𝑖, 𝑗, 𝑛 + 1) − 𝑝𝑥(𝑖, 𝑗, 𝑛)

𝛥𝑡
)

+ 𝐷(𝑥) (
𝑝𝑥(𝑖, 𝑗, 𝑛 + 1) − 𝑝𝑥(𝑖, 𝑗, 𝑛)

2
) 

= −𝜌𝑐2 (
𝒗𝑥(𝑖+0.5,𝑗,𝑛)−𝒗𝑥(𝑖−0.5,𝑗,𝑛)

𝛥𝑥
)        (22) 

 

(
𝑝𝑦(𝑖, 𝑗, 𝑛 + 1) − 𝑝𝑦(𝑖, 𝑗, 𝑛)

𝛥𝑡
)

+ 𝐷(𝑦) (
𝑝𝑦(𝑖, 𝑗, 𝑛 + 1) − 𝑝𝑦(𝑖, 𝑗, 𝑛)

2
) 

= −𝜌𝑐2 (
𝒗𝑦(𝑖,𝑗+0.5,𝑛)−𝒗𝑥(𝑖,𝑗−0.5,𝑛)

𝛥𝑦
)        (23) 

 

(
𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛 + 1) − 𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛)

𝛥𝑡
)

+ 𝐷(𝑥) (
𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛 + 1) − 𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛)

2
) 

= −
1

𝜌
(
𝑝(𝑖+1,𝑗,𝑛)−𝑝(𝑖,𝑗,𝑛)

𝛥𝑥
)    (24) 

 

(
𝒗𝑦(𝑖, 𝑗 + 0.5, 𝑛 + 1) − 𝒗𝑦(𝑖, 𝑗 + 0.5, 𝑛)

𝛥𝑡
)

+ 𝐷(𝑦) (
𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛 + 1) − 𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛)

2
) 

= −
1

𝜌
(
𝑝(𝑖,𝑗+1,𝑛)−𝑝(𝑖,𝑗,𝑛)

𝛥𝑦
)    (25) 

where x and y are the grid sizes in the x-y axis, 

i and j are spatial indices of the grid and n is the time 

step.  

From Eqs. (22-25), the discretized sound pressure 

px and py and the velocity vx and vy can be derived as 

follows. 

 

𝑝𝑥(𝑖, 𝑗, 𝑛 + 1) = (
2−𝐷(𝑥)𝛥𝑡

2+𝐷(𝑥)𝛥𝑡
) (𝑝𝑥(𝑖, 𝑗, 𝑛)) −

𝜌𝑐2

𝛥𝑥
(

2𝛥𝑡

2+𝐷(𝑥)𝛥𝑡
) (𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛) − 𝒗𝑥(𝑖 −

0.5, 𝑗, 𝑛))        (26) 

 

𝑝𝑦(𝑖, 𝑗, 𝑛 + 1) = (
2 − 𝐷(𝑦)𝛥𝑡

2 + 𝐷(𝑦)𝛥𝑡
) (𝑝𝑦(𝑖, 𝑗, 𝑛)) − 

𝜌𝑐2

𝛥𝑦
(

2𝛥𝑡

2+𝐷(𝑦)𝛥𝑡
) (𝒗𝑦(𝑖, 𝑗 + 0.5, 𝑛) − 𝒗𝑦(𝑖, 𝑗 −

0.5, 𝑛))       (27) 

 

𝒗𝑥(𝑖 + 0.5, 𝑗, 𝑛 + 1)

= (
2 − 𝐷(𝑥)𝛥𝑡

2 + 𝐷(𝑥)𝛥𝑡
)𝒗𝑥(𝑖

+ 0.5, 𝑗, 𝑛)−. . . 

. . .
1

𝜌𝛥𝑥
(

2𝛥𝑡

2+𝐷(𝑥)𝛥𝑡
) (𝑝(𝑖 + 1, 𝑗, 𝑛) − 𝑝(𝑖, 𝑗, 𝑛))  (28) 

 

𝒗𝑦(𝑖, 𝑗 + 0.5, 𝑛 + 1)

= (
2 − 𝐷(𝑦)𝛥𝑡

2 + 𝐷(𝑦)𝛥𝑡
)𝒗𝑦(𝑖, 𝑗 + 0.5, 𝑛) − 

1

𝜌𝛥𝑦
(

2𝛥𝑡

2+𝐷(𝑦)𝛥𝑡
) (𝑝(𝑖, 𝑗 + 1, 𝑛) − 𝑝(𝑖, 𝑗, 𝑛))  (29) 

 

The computational process starts from computing 

x-axis propagation, px at n+1 from vx at n and the 

previous px. Likewise, vx at n+1 can then be 

computed from px at n and the previous p. Repeat 

those px computational steps by increasing n by one. 

For the y-axis propagation, same process shall be 

done here. As a result, the simulation for acoustics 

wave propagation can be done in the spatial domain 

and time. 

3.3 Feedforward ANC with LMS algorithm 

The ANC system used in this work is a slight 

modification from a general ANC architecture 

previously mentioned in section 2.2 (Fig. 3 and Fig. 

4). 

 By setting j=1 and k=1, at a reference sensor, x(n) 

and the cancelling loudspeaker signal, y(n), can then 

be derived by Eqs. (30) and (31) below. This is called 

a single-channel feedforward ANC system. The LMS 

algorithm to update the coefficients is still be used 

here. The adaptive filter, w(n), which includes the  
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Figure. 8 The simulation pseudo process 

 

Table 1. Simulation parameters 

Symbol Definition 
Parameter 

Value 

C speed of noise 340 m/s 

Ρ density of air 1.21 kg/m3 

X number of nodes in x-direction 460 

Y number of nodes in y-direction 335 

x-PML 
number of nodes in PML 

regions in x-direction 
20 

y-PML 
number of nodes in PML 

regions in y-direction 
20 

x, y 
distance between nodes, or the 

size of the grids 
0.024 m 

t propagation time steps 5 x 10−5 sec. 

R theoretical reflection coefficient  10−3 - 10−7  

p0 reference sound pressure in air 20 Pa 

fs frequency sampling 2 x 10−4 Hz 

Noise pure sine wave 1 kHz 

M filter length (FIR filter) 128 

 step size  0.001 

 

primary and secondary acoustic paths can also be 

simplified as in Eq. (32). 

 

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

(30) 

 

𝑦(𝑛) = 𝒘𝑇(𝑛) 𝒙(𝑛)                  (31) 

 

𝒘(𝑛 + 1) = 𝒘(𝑛) + 𝜇𝒙(𝑛) 𝑒(𝑛)            (32) 

3.4 Simulation procedures of proposed analysis 

To visualize the sound pressure propagations in a 

wide-area virtual environment, using the FDTD 

approach with PML absorbing boundaries and a 

single-channel feedforward ANC system with LMS 

algorithm, the simulation procedures shown in Fig. 8 

must be followed. 

From the procedure shown in Fig. 8, the grid 

width, x, y should be less than the shortest 

wavelength of the incoming noise to accurately 

propagate the noise pressure level in the air without 

oversampling.  

 
𝑐𝛥𝑡

𝛥𝑥
≤

1

√2
                            (33) 

 

The stability of the FDTD computation will be 

assured, if and only if the courant factor, ct/x, is 

less or equal to 1/n, where n is the FDTD dimension 

so that the two-dimensional FDTD equation can be 

expressed as in Eq. (33). 

It should be noted here that the key correlation 

between two domains (acoustic and electrical) is the 

sampling rate of any noise source. In this case, the 

sampling rate of at least fs = 1/t shall be used here 

for smooth performance. 

4 Simulation results 

In this section, four different simulation results 

from the proposed model and methodology will be 

presented in several aspects. We start from observing 

the acoustics filed of FDTD propagation combining 

with PML technique and not activating the ANC just 

yet. The second simulation result presents the sound 

pressure fields and noise attenuation capabilities in 

term of the average sound pressure level (SPL) when 

integrating the ANC operation with various ANC 

device locations. The third simulation result presents 

the ANC performance effects when moving each 

ANC device location. And the last simulation result 

shows the acoustic filed and an attenuation capability 

when installing ANC devices in optimum locations. 

In this section, all the FDTD-PML-ANC simulation 

parameters are set to be the same for consistency. 

Table 1 below clarifies all the setting parameters to 

be used throughout these simulating sections. 

4.1 Sound pressure field propagation using FDTD 

approach with and without PML technique 

A goal for the first simulation is to visualize the 

acoustics propagation in term of sound pressure field 

when applying the discretized FDTD set of equations 

in a wide-area virtual environment. The space of 

simulation is a rectangular area, size of 9x12 meters. 

A noise source (1 kHz sinusoidal wave, =0.34 meter 

and amplitude of 2 Pa.) is set to be at coordinate  
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(a) 

 
(b) 

Figure. 9 The sound pressure propagation fileds from a 

signle noise source without PML technique: (a) at 

t=0.0170 second and (b) at t=0.0250 second 

 

(x=4.80 m, y=4.48 m). A grid for FDTD computation 

equals to 0.024 m for both x and y directions. The 

PML staggering layer is set to be 20. 

Fig. 9 (a) and Fig. 9 (b) demonstrate the acoustics 

propagation field (at t=0.0170 second and t=0.0250 

second, respectively) in terms of sound pressures 

from a single noise source in a virtual wide-area 

environment using the FDTD approach. Without 

applying the PML technique, the artificial reflection 

waves clearly exist in the propagation field and 

appear at every boundary of the propagation space. 

These artificial reflections could cause the inaccuracy 

and performance drop when integrating the ANC 

system to the simulation. Therefore, it is vital to apply 

the PML technique for eliminating those artificial 

reflections to make it as close as possible to the wide-

area virtual environment. By adding PML technique 

to FDTD simulations, with the same configuration as 

in Fig.9, it can clearly be seen from Fig.10(a) and 

Fig.10(b) that there is no reflection existed in the 

propagation space. The results from these two figures 

confirm that the PML absorbing boundary efficiently 

helps in reducing the artificial reflections. This PML 

technique will be beneficial to ensure the accuracy 

and stability when integrating the ANC system to the 

simulation. 

 

 
(a) 

 
(b) 

Figure. 10 The sound pressure propagation fileds from a 

signle noise source with PML technique: (a) at t=0.0170 

second and (b) at t=0.0250 second 

 

It should be mentioned that for a global noise 

attenuation analysis, we may consider every point of 

noise attenuation in this space; however, in the actual 

wide-area environment, the noise source, the ANC 

devices and the area of interest (quiet zone) are most 

likely located in different areas. Therefore, the quiet 

zone throughout every simulation will be set inside 

the propagation space and represented by a dashed 

rectangular area on the middle-right of the space with 

the size of 5x8 meters, as shown in Fig.10 and Fig.11. 

4.2 Integrating the ANC system simulation 

In this section, the acoustics propagation field 

from the FDTD approach and PML technique will be 

integrated with a single-channel feedforward ANC 

system. Two randomly picked ANC device locations 

will be chosen and evaluated. Our hypothesis is that 

different ANC device locations will give us different 

results in terms of acoustic propagation field and 

noise attenuation (average SPL in dB) in the desired 

quiet zone. A sinusoidal signal (1kHz) with the 

amplitude of 1 Pa. will be defined as a noise source 

in this simulation. The quiet zone in this simulation 

is defined as a dashed-line rectangular area with the 

size of 5.5x8.0 m (in Fig.11(a), (b) and (c)). 

Fig. 11 (a) shows the base-line configuration for 
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(a) 

 
(b) 

 
(c) 

Figure. 11 The acoustic propagation filed using FDTD 

and PML approach with the ANC system operating in a 

wide-area virtual environment with different locations of 

the ANC devices: (a) base line, (b) ANC devices position 

#1 and (c) ANC devices position #2 

 

the acoustic propagation with no ANC installing. The 

noise source is set at coordinate (x=1.92, y=4.52). We 

can visualize the sound pressure field and compute 

the average SPL in the quiet zone as 91.21 dB. The 

second configuration, shown in Fig.11(b), the noise 

source and the reference sensor are set at the same 

coordinate (x=1.92, y=4.52), the loudspeaker is set to 

be at (x=3.0, y=6.0) and the error sensor is set to be at 

(x=4.44, y=6.0). This setting clearly shows different 

acoustics filed and yields the noise attenuation 93.36 

dB in a quiet zone. For the third configuration, shown 

in Fig.11(c), a reference sensor is set at coordinate 

(x=2.64, y=3.80), the cancelling loudspeaker is set to  

 

 
Figure. 12 ANC devices sampling locations to be used in 

this section’s simulations 
 

be at (x=3.36, y=3.08) and the error sensor is set to be 

at (x=4.08, y=2.36). This setting yields the noise 

attenuation 91.28 dB in a quiet zone. It can be seen 

from this simulation that the ANC device locations 

are super important. Different ANC device locations 

result in different noise attenuation capabilities. 

4.3 SPL effects on a variety of sampling locations 

for each ANC device 

The main goal for this simulation is to analyse 

how the proposed ANC shall perform when moving 

each of its device locations. The average SPL (in dB) 

of the remaining noise in a quiet zone will be used as 

the main indicator. All simulations in this section, the 

noise source location will be fixed at (x=2.4, y=4.5). 

Three cases of the simulations will be considered: (1) 

the average SPL effects when varying the reference 

microphone locations, (2) the average SPL effects 

when varying the cancelling loudspeaker locations 

and (3) the average SPL effects when varying the 

error sensor locations.  

The sampling and moving locations for the ANC 

devices are shown in Fig. 12. The distance between 

location was randomly picked as a multiplication of 

a noise signal wavelength (n). In these simulations, 

the 11x12 sampling grids were selected (total of 132 

grid locations). the noise source amplitude is set to be 

1 Pa. The average SPL effects on each ANC device 

moving locations will be evaluated and plotted. It 

should be noted here that the gird size for computing 

the average SPL in the quiet zone is set to be 10,000 

points (100x100). Fig. 13 illustrates the SPL contour 

(in dB) of the remaining noises in a quiet zone when 

moving the ANC device related to each sampling 

location shown in Fig. 12 for three configurations. 

The lower point in SPL contour, the better ANC 

performs.  
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(a) 

 
(b) 

 
(c) 

Figure. 13 Three SPL contours in the quiet zone: (a) 

location variations of a reference microphone, (b) 

location variations of a cancelling loudspeaker and (c) 

location variations of the error microphone 

 

Fig. 13 (a) illustrates the remaining noise SPL 

contour when moving a reference microphone’s 

locations. Finding is that the closer reference 

microphone to the noise source, the better noise 

attenuation. The best ANC performance in this case 

occurred when the reference microphone is located 

closet coordinate as the noise source. Fig. 13 (b) 

demonstrates the SPL contour for each cancelling 

loudspeaker moving location. Finding is that the 

closer loudspeaker to the noise source tends to yield 

better ANC performance. The best ANC performance 

in this case occurred when the loudspeaker is 

horizontally aligned with the noise source and 0.35  

 

 
Figure. 14 Acoustic propagation field and the remaining 

noise SPL in a desired quiet zone from the optimum ANC 

device locations 
 

away from the noise source. Fig. 13 (c) exemplifies 

the SPL contour when moving the error microphone 

locations. Finding is that the error microphone 

location significantly effects the ANC performance. 

Unlike the first two cases, the best ANC performance 

in this case occurred when the error microphone is 

horizontally aligned with noise source and 2.8 away 

from the noise source. 

4.4 Acoustic filed and noise attenuation capability 

when ANC devices in optimum locations. 

The optimum locations for installing each of the 

ANC device that are a reference sensor, a cancelling 

loudspeaker and an error sensor has carefully been 

picked based on previous simulation results. Using 

the proposed FDTD approach and PML technique 

with a feedforward ANC system and LMS algorithm, 

the acoustic propagation and the noise attenuation 

capability in a quiet zone can be achieved here.  

For this simulation, a noise source and a reference 

microphone, both are set to be at the same coordinate 

(x=1.92, y=4.52), a cancelling loudspeaker is set to be 

at (x=2.04, y=4.52) and the error sensor is set to be at 

(x=2.88, y=4.52). The acoustic propagation filed can 

be visualized here. The attenuation capability for the 

remaining noise SPL in the quiet zone is happened to 

be 78.99 dB (comparing to 91.21 dB with no ANC 

installation). The acoustic propagation simulations in 

the space are shown in Fig.14. 

5 Conclusions 

From the simulation results, many points of 

conclusions can be made here. Firstly, the acoustic 

wave propagation in a wide-area space can clearly be 

visualized and analysed using the proposed FDTD 

approach. The PML absorbing boundary condition 

was integrated to the FDTD propagation space to 

eliminate unwanted artificial reflections in all space 
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borders. The combination of these two techniques 

helps in making more accurate model of a wide-area 

virtual environment.  

Secondly, by discretizing the FDTD equations 

with PML absorbing conditions in acoustic domain, 

the integration with a single-channel feedforward 

ANC system with LMS algorithm set of equations in 

a time domain can be achieved. A variety of ANC 

system operations in a wide-area virtual environment 

can easily and clearly be observed and visualized in 

term of the acoustic propagation fields. The ANC 

system performance can also be directly computed in 

term of a noise attenuation capability using a unique 

indicator called an average sound pressure level 

(SPL) focusing on the area of interest (or a desired 

quiet zone).  

Thirdly, in a general ANC system research, not 

only the primary path effect shall be considered, but 

the secondary path and feedback path effects shall 

also be evaluated to ensure the system accuracy and 

effectiveness. The secondary path and feedback path 

effects are usually counted as two of the most 

challenging issues in the ANC research field. It worth 

mentioning here that the proposed integration method 

in this work already includes those two-path effects 

in considerations. 

And lastly, by using the proposed discretizing 

FDTD and PML technique and a feedforward ANC 

with LMS algorithm, the acoustic propagation field 

and the noise attenuation capability computed at any 

point in a wide-area virtual space will be available. 

That means we can move a noise source or even any 

of ANC device locations to evaluate how the ANC 

system performance changes. Determining optimum 

locations for each ANC device is another positive 

outcome that will be available with the proposed 

model and analysis. It is apparent from the previously 

shown simulation results that ANC device’s location 

change would directly affect the propagation field 

and the average SPL in the quiet zone. The optimum 

locations for each of the ANC device in this research 

have been identified and already shown in the 

previous section. Using the proposed model and 

approach, the noise attenuation in a desired quiet 

zone could be reduced by the maximum of 13.39 

percent in term of the average SPL in the zone of 

interest. It should be noted here that, in this research, 

we neglected the acoustic reflection from the ground 

and the acoustic effect from the natural wind that 

could also make some impacts to the system 

performance. 

6 Future work 

The proposed integration model between the 

ANC system and the FDTD with PML propagation 

technique is an intermediate step of a wide-area ANC 

analysis. The simulation results from this research 

confirm the efficiency of the proposed methodology 

in many ways: modeling, visualizing, and analyzing 

a single-channel feedforward ANC system in a wide-

area virtual environment. However, there are always 

some rooms for improvements. Additional advanced 

ANC algorithms like FXLMS algorithm or others 

could be considered. A more-complex multi-channel 

feedforward ANC architecture could also be applied 

based on this proposed model and configuration. 

Various optimization techniques could potentially be 

considered in determining the optimum locations for 

each of the ANC device locations in a more-complex 

space. These topics should be good guidelines for 

those who are interested in further research in this 

wide-area ANC analysis. 
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