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Abstract 

Active noise control (ANC) systems are designed to mitigate the unwanted noise at the 

target locations by introducing secondary sound sources. Although the noise at the target 

locations can be reduced by ANC systems, the sound pressure in the other areas often increases 

due to the omni-directivity of the traditional loudspeakers. To address this issue, the traditional 

loudspeakers can be replaced by directional ones so that the secondary waves radiate only in 

the direction of the target region. The parametric array loudspeakers (PALs) have sharper 

directivity than existing traditional loudspeakers but the feasibility of using them in ANC 

systems remains to be investigated. PALs differ from traditional loudspeakers because audible 

sounds are generated by the nonlinear interactions of ultrasounds in air. The first topic in this 

report is a fast and accurate calculation method for predicting audio sounds generated by a 

PAL. The second topic is the reflection, transmission, and scattering of audio sounds generated 

by a PAL. With the above foundations and results, the final topic is ANC using PALs as 

secondary sources. Finally, the progress to date, future work, and research data management 

plan are presented. 
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1 Introduction  

1.1 Background and Motivation 

The noise pollution becomes more and more serious nowadays due to the development of 

the transportation systems (e.g., cars, airplanes, ships, trains), manufacturing plants (e.g., 

transformer stations), electrical appliances (e.g., vacuum cleaners, refrigerators, air-

conditioners), and so on. Noise can be mitigated at three different stages: at the noise source, 

in the wave propagation path, and near the person ear (receiver). Different noise control 

techniques have been proposed by researchers to control the noise at different stages. 

The passive noise control techniques include building enclosures for noise sources, 

building barriers and insulation walls in the wave propagation path, and wearing earplugs and 

earmuffs around the person ears. Although the passive control techniques are effective over a 

wide frequency range, they are not practical for low frequency noise because of too much space 

occupied and high cost. To cope with these problems, the active noise control (ANC) 

techniques can be used as alternatives. At the noise source, the active enclosure consisting of 

arrays of loudspeakers can reduce the global sound power radiation from the noise sources 

[1,2]. In the wave propagation path, the active noise barriers (ANBs), where a number of 

loudspeakers are installed near the edge of the barriers,  have been proposed to improve the 

insertion loss (IL) in the low frequency range [3,4]. Around the person ear, the virtual sound 

barrier (VSB) system can be used to actively control the sound field inside a closed region [5], 

and the ANC headrest system [6] and ANC headphones [7] work effectively in cancelling the 

noise at the person ears. 

All ANC techniques employ additional loudspeakers (called secondary sources) to cancel 

the noise at the target (error) points. When a secondary source is used to cancel the noise at a 

single location, the quiet zone is created near the target point but the sound pressures in the 

other areas might increase due to the omni-directional sound generated by the traditional 
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secondary loudspeakers [8,9]. Placing the secondary source close to the target point can 

mitigate the increase of total energy in the other areas [10,11], but it brings obstructions to the 

person. 

Some studies have demonstrated the capabilities and potentials of using directional 

loudspeakers to avoid increasing sound pressure levels (SPLs) in the other areas [1,12,13], 

because directional secondary sources radiate only in the direction of the target region. 

Parametric array loudspeakers (PALs), where the highly directional audio sounds are generated 

due to the nonlinear interactions of ultrasonic carrier waves in air, have shaper radiation 

directivity than existing traditional loudspeakers as shown in Fig. 1-1 [14]. The advantage of 

using PALs in ANC systems has been demonstrated in recent studies [9,15-17]. However, the 

feasibility of using multiple PALs as secondary sources to generate a large quiet zone and 

cancel a broadband noise remains to be investigated. 

 

 

Figure 1-1 The sound pressure level distributions at 2 kHz generated by a traditional 

loudspeaker (left) and a PAL (right) with the same radiation surface size [14]. 

 

1.2 Research Questions 

In this research, PALs will be used as the secondary sources in ANC systems to cancel 

the noise at target points. The audio sounds from PALs are generated by nonlinear interactions 
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of ultrasonic waves in air, which is different from those from traditional loudspeakers. 

Therefore, the prediction model and physical properties of audio sounds generated by PALs 

need to be investigated first. The feasibility of using PALs in ANC systems can then be 

explored based on the above findings. The following questions are addressed in this research, 

where questions 1 and 2 focus on the PAL itself and question 3 is related to its applications in 

ANC. 

Question 1. The accurate calculation of audio sounds generated by PALs is rather time-

consuming due to the evaluations of five-fold integrals. The existing method employs the 

paraxial (Fresnel) approximation to simplify the calculations which is inaccurate at wide angles 

from the radiation axis of the PAL [18]. Therefore, it is worth investigating whether it is 

possible to simplify the calculation without additional approximations. The existing method is 

based on a baffled model; however, it has been reported that audio sounds can be heard behind 

a PAL in free field (non-baffled model). The question is how to develop a theoretical model to 

predict the sounds on both front and back sides of a non-baffled PAL? 

Question 2. The audio sounds generated by PALs can be treated as the superposition of 

the sounds generated by infinitely many virtual sources in space with the source density 

proportional to the product of the sound pressure of ultrasounds. Therefore, the formation of 

the audio sound is accumulated before the ultrasound being totally absorbed in air. There would 

be interesting phenomena if the accumulation process is truncated by a reflecting surface, 

blocked by a partition, or scattered by a sphere (approximating a human head), and this will be 

explored in this research as the second topic. 

Question 3. It has been reported that PALs can be used in ANC systems to create a quiet 

zone around the target point without affecting the sound levels in the other areas. However, the 

existing studies focus only on the control of the pure tone or  narrow band (the upper limit is 

less than 2.5 kHz) noise [9,15-17]. The feasibility of applying PALs to reduce broader band 
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noise up to 6 kHz will be investigated, as well as the possibility of creating a large quiet zone 

with multiple PALs. 

 

1.3 Objectives 

To answer the research questions, the corresponding objectives are set as follows. 

Objective 1. Simplify the existing theoretical model of a baffled PAL and propose a non-

baffled model. 

• For a baffled PAL installed in an infinitely large baffle, we expect to simplify the five-

fold integral in the quasilinear solution of the Westervelt equation without additional 

approximations. 

• For a non-baffled PAL in free field, we expect to develop a calculation model to predict 

the audio sounds on the back size of the PAL. 

• Conduct experiments using commercial PALs to verify the proposed model. 

 

Objective 2. Investigate the physical properties of audio sounds generated by PALs, 

including sound reflection, transmission, and scattering. 

• Investigate the reflection of audio sounds generated by the PAL if an infinitely large 

reflecting surface is placed near the PAL. 

• Develop a theoretical model to predict the transmitted sound generated by the PAL 

through a thin partition. 

• Investigate the scattering effects of a rigid sphere (approximating a human head) on the 

audio sounds generated by a PAL. 

• Study the reflection, transmission, and scattering mechanisms of audio sounds 

generated by PALs and compare them to the traditional loudspeakers. 

• Conduct experiments to observe the above phenomena and verify the proposed models. 
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Objective 3. Explore ANC using PALs. 

• Investigate the feasibility of using a PAL to reduce the broadband (up to 6 kHz) noise 

at the person ear.  

• Investigate the feasibility of using multiple PALs to create a large quiet zone. 

• Explore the physical limitations of ANC systems using PALs. 

• Optimize physical configuration of the noise source, secondary source, the reference 

sensor, and the error sensor. 

• Conduct experiments to verify the findings. 

 

1.4 Report Outline 

Chapter 1 has presented the introduction of the report, which consists of the background 

and motivations of this research, the research questions and the corresponding objectives. 

Chapter 2 reviews the existing studies for the prediction models of audio sounds generated by 

a PAL, the reflection, transmission, and scattering of PALs, and their applications in ANC 

systems. Chapter 3 presents the methods used in this research. The progress to date and the 

planned future work are presented in Chapter 4. The research data management plan is 

described in Chapter 5. Chapter 6 draws the conclusions.  
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2 Literature Review 

2.1 Parametric Array Loudspeakers (PALs) 

Enlightened by the theoretical studies on the scattering of sound by sound [19-22], 

Westervelt proposed the concept of parametric acoustic array (PAA) in 1963 [23]. When a 

PAA radiates two collimated primary sound waves at frequencies f1 and f2 (f1 > f2) as shown in 

Fig. 2-1, the secondary sound waves with frequencies 2f1, 2f2, f1 – f2, and f1 + f2 are generated 

considering the second-order nonlinearity. Among them, the difference frequency wave 

(DFW), i.e., f1 – f2, is of the greatest interest because it is the lowest frequency. The virtual 

sources of the DFW are generated along the propagation path of the primary wave to form an 

end-fire array. Therefore, the DFW is highly directional even though its frequency is low [24]. 

 

 

Figure 2-1 Demonstration of the generation of audible sound beam by using the PAA [14]. 

 

The PAA has been used in both underwater and airborne applications. The application of 

PAA in air is called parametric array loudspeaker (PAL), where the primary sound and DFW 

correspond to ultrasonic and audio waves, respectively [25,26]. The PAL has attracted much 

attention because of its high directivity in the low frequency range, small size, and very small 

sidelobes compared to the traditional loudspeakers [14]. Due to these advantages, PALs have 

been widely used in applications including ANC systems [9,15-17], personal communications 

[27], museum exhibitions and service and multimedia booths [28], measurements of the 

acoustic parameters of materials [29], mobile robotic navigation [30], stand-off concealed 
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weapons detection [31], and so on. Thus, there have been many commercial PALs available in 

the market, such as Holosonics Audio Spotlight [32], HyperSound HSS300 [33], Acouspade 

[34], and SoundLazer [35]. Other techniques based on the PAL, such as the length-limited PAL 

[30,36] and remote playing PAL [37,38], also receive some attention. 

 

2.1.1 Prediction Model 

The fast and accurate prediction of audio sounds generated by a PAL is important. The 

fundamental model is a baffled circular PAL installed on an infinitely large reflecting surface 

as shown in Fig. 2-2 [18]. When a PAL radiates two intensive ultrasonic waves at different 

frequencies, a secondary wave containing the DFW (the audio sound in air) is generated due 

to the nonlinearity [23]. The nonlinear interactions of primary waves are rather complex, and 

some approximations and simplifications have to be made in the mathematical modelling [39].  

 

 

Figure 2-2 Sketch of a baffled circular PAL. 

 

The simplest model assumes that the ultrasonic waves are highly collimated and fully 

attenuated in the nearfield and the audio sound is generated by a line array of virtual audio 

sources with the source strength exponentially decreased along the radiation axis of the PAL 

[23]. The most widely used model is based on the Khokhlov-Zabolotskaya-Kuznetsov (KZK) 

equation which considers the diffraction, absorption and nonlinearity of both the primary and 
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secondary waves under the parabolic approximation [40]. Many methods have been proposed 

to solve the KZK equation analytically and numerically in frequency domain [41-43] or time 

domain [44,45]. However, the results are usually only valid within the paraxial region about 

20° from the transducer axis [40].  

The sound pressure at wide angles from the radiation axis of the PAL can be predicted 

based on the Westervelt equation [18,39], and it is discussed in this research. Besides, the 

quasilinear approximation, which is valid for weak nonlinearity, is assumed because the 

ultrasound level generated by a PAL is limited for safety concerns [14,46,47]. In this model, 

the ultrasounds are calculated first with the Rayleigh integral, i.e., a two-fold integral over the 

area of the transducer surface. Then, an infinitely large volume source is constructed with its 

source density function being proportional to the product of the sound pressure of ultrasounds. 

Finally, the audio sound is calculated by integrating the sound pressure generated by the 

volume source over the whole space. This solution is a five-fold integral and hard to compute, 

so it was rarely used by researchers. To simplify the calculation, the Gaussian beam expansion 

(GBE) method is usually used to transform the two-fold integral for the ultrasounds into a one-

fold summation [48].  

The GBE method approximates the vibration velocity profile of the transducer surface as 

N Gaussian ones to simplify the ultrasound expression thanks to the simplicity of Gaussian 

beams under the paraxial (Fresnel) approximation [49]. It has been found that many velocity 

profiles can be approximated by Gaussian beams using the optimization theory [48,50-55]. For 

the circular piston (uniform) source considered in this research, the GBE coefficients have been 

calculated for N = 10, 15, 25, and 40, where larger N provides more accurate results 

[48,49,56,57]. Although the GBE method consumes less calculation time than the direct 

integration approach, it is not an exact solution of the Westervelt equation under the quasilinear 

approximation. Furthermore, Gibbs oscillations occur for a uniform piston source no matter 

how many Gaussian beams are used [48,49], and the calculation of the off-axis audio sound is 
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still time consuming due to the triple-integral over the whole space. Therefore, it is important 

to find a way to simplify the five-fold integral without additional approximations. 

The most accurate existing theoretical models of PALs assume that a PAL is placed on an 

infinitely large baffle, which means that no audio sounds propagate to the back side of the PAL. 

However, one can hear audible audio sounds in the back side of a PAL in practice because the 

audio sounds can diffract to the back side especially at low frequencies [58]. Unfortunately, 

there is no analytical model for non-baffled PALs at present. The sound scattered by a finite 

size disk can be calculated analytically [59], so the disk-shaped PAL can be considered in this 

research.  

 

2.1.2 Physical Properties 

Reflection from a Surface 

Existing analytical models of the PAL consider the sound radiation in free space, but do 

not pay much attention to its reflection, which is important in some applications [60]. For 

example, PALs have been used to measure the sound absorption coefficients of materials in air 

[29,61,62] and the reflection and transmission coefficients of elastomeric materials underwater 

[63,64], and to actively control the binaural noise at human ears [15], where the reflection 

exists on the material surface or human skin and hair. 

When there is a reflecting surface near a PAL, both primary and secondary sound waves 

are reflected by the surface. The reflection by a pressure-release surface has been studied for 

underwater applications [65]. This model assumed that the primary fields were plane waves 

within the Rayleigh distance and spherical waves afterwards, and the analysis was based on 

the weak shock wave theory. It was found that the DFW generated by the incident primary 

waves was anti-phase with itself after the pressure-release reflection, while the DFW generated 

by the reflected primary waves was in-phase with the incident DFW. Therefore, the DFW 
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suffered from a phase cancellation effect and this phenomenon has been observed in 

experiments [65]. The studies have been extended to the finite size planar targets with the weak 

nonlinearity by using a more accurate model [66]. 

The reflection by the water-air (pressure-release) interface with a small grazing angle has 

been modeled to investigate its effects on acoustic communication in shallow-water channels 

[67]. Two theoretical models have been proposed: a simplified Westervelt model where the 

primary waves are highly attenuated within the collimated zone, and a spherical spreading 

model where the interaction of primary waves is significant in the far field spherically 

spreading beam. Experiments were conducted at 5.4° and 7.7° grazing angles and only the 

spherical spreading model was shown to agree well with the experiments.  

The experiments were conducted underwater with a pressure-release surface in all the 

studies aforementioned, and little research can be found regarding the reflection sound of PAL 

in air. When a PAL radiates sound in air in the presence of a reflecting surface, additional audio 

sound components are generated by the reflected ultrasound waves. The two models proposed 

in Ref. [67] are only valid in the far field while the model in Ref. [66] is valid in the near field 

but limited to the paraxial region. The non-paraxial model in Refs. [18] and [68] is more 

accurate at wide-angle field but has not considered reflections. In this research, the model in 

Ref. [18] will be extended to investigate the reflection of audio sound generated by a PAL.  

 

Transmission through a Partition 

It was found in experiments that the directivity of audio sounds generated by a PAL 

deteriorates significantly after introducing a thin and homogeneous partition; however, existing 

analytical models of PALs pay little attention to its transmission through a partition. The 

transmission of an audio plane wave through a thin partition is well known and the mass law 

is widely used to predict the insertion loss (IL) [69]; however, things are different for audio 
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sounds generated by PALs because of the nonlinear interactions of ultrasounds are affected by 

the partition.  

Understanding the IL of the partition for audio sounds generated by a PAL is important 

in applications. For example, with the capability of producing quasi-plane waves, PALs have 

been used to measure the acoustic parameters of materials in situ by measuring the sound 

pressure on the transmission side of the specimen [29]. The sharp directivity of PALs is 

attractive to mobile phone designers [27,70-72]. However, the size of the effective radiation 

surface should be as large as possible to generate considerable sound levels. A natural way is 

to install a PAL under the phone screen, so the effects of the thin screen on the generated audio 

sound need to be known. In research, one may need a circular PAL in experiments for verifying 

the analytical model, but there are only square/rectangular commercial PALs. It is questionable 

whether a circular PAL can be constructed by covering a square one with a thin panel with a 

hole. 

The thin partition considered in this research implies that the thickness of the partition is 

small compared with the audio wavelength and the effective absorption length of the PAL. The 

effects of a thin partition on spherical waves radiated by a point monopole has been studied 

where the transmission loss and the IL are derived analytically using the plane wave expansion 

(PWE) method [73]. The transmission of a diffuse incident sound through a partition has also 

been well studied [74]. However, there is little research reported on the transmission of audio 

sounds generated by a PAL through a thin partition.  

 

Scattering by a Sphere 

In some applications where humans are exposed to the sound, the sound generated by a 

PAL will be scattered by human heads [27]. The human head can be approximately modeled 

as a rigid sphere and its effects on audio sound generated by traditional loudspeakers have been 
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well studied [75]. The effect of a sphere on the audio sound generated by a PAL is different 

because it is originated from nonlinear interactions of ultrasonic waves.  

There has been some work reported on sphere scattering of sound generated by a PAA 

[76,77]. Based on the Westervelt equation and quasilinear approximations, an analytic 

expression for the sound pressure of the DFW has been obtained when plane primary waves 

were interacted with a rigid sphere [76]. However, the expression in Ref. [76] is inaccurate 

because the scattered waves do not follow the plane wave assumption and the higher modes of 

spherical harmonics are neglected. A more accurate theoretical model was proposed later in 

Ref. [77] where the Westervelt equation is modified considering the Lagrangian density of 

waves (see Chap. 3 in Ref. [40] for more details). Both work shows that the total sound pressure 

of the DFW are contributed by the nonlinear interactions of incident primary waves (incident-

with-incident), scattered primary waves (scattered-with-scattered), and incident and scattered 

primary waves (incident-with-scattered) among which the last one is generally negligible. 

However, both theories are limited to the plane incident waves and solutions are only valid in 

the far field. 

 

2.2 Applications of PALs in Active Noise Control (ANC) 

It has been demonstrated that directional sources can be used as secondary sources in 

multiple channel ANC systems to improve the performance, and much work has reported their 

applications in ANC. For example, tripole secondary sources with a cardioid radiation pattern 

have been used to reduce the primary source radiation [1], the directional sources consisting of 

two closely located loudspeakers with pre-adjusted phase difference have been used to increase 

the performance of an ANC barrier [12], and the directional sources consisting of a central 

circular core enclosed within an annulus have been used to reduce the noise generated by finite 

length coherent line sources [13]. The reason for the improvement is that these directional 
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secondary sources radiate only in the direction of the target region and have less effects on the 

other areas. 

The PAL has a sharper directivity than traditional loudspeakers. The advantage of using 

PALs in ANC has been shown in a single-channel system where the 1.5 kHz sound wave at 

the target point is reduced without affecting sound fields in other areas [9]. A two-channel 

ANC system using PALs have been examined in the application of reducing the binaural 

factory noise from 500 Hz to 2.5 kHz at human ears [15].  

 

2.2.1 Cancelling a Broadband Noise  

An ANC system can be designed to cancel the unwanted noise at a person’s ears. Recent 

studies have investigated the error sensing strategies, where various remote error sensing 

techniques have been used to estimate the sound pressures at the person’s ears accurately 

[6,78]. However, the secondary sources have received little attention to date. The feasibility of 

using PALs to reduce the noise with a broader bandwidth remains to be investigated.  

In a recent study, a remote acoustic sensing apparatus has been proposed, which placed a 

custom-made membrane pick-up at the point of interest, and the membrane vibration measured 

by a laser Doppler vibrometer (LDV) was used to determine the acoustic information at the 

point from a remote location [79]. The membrane pick-up was placed in the person’s ear and 

the estimated signal from the LDV was used as the error signal in the ANC system. It has been 

demonstrated the upper limit frequency of effective control can be significantly improved to 6 

kHz [80], which is much higher than 1 kHz achieved by the traditional sensing techniques 

[6,81]. This research will investigate the feasibility of applying this technique to broaden the 

effective frequency range of ANC with a PAL as the secondary source.  
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2.2.2 Creating a Large Quiet Zone 

Generating a quiet zone in a noisy environment by using ANC systems has been a research 

focus for several decades [82,83]. Much progress has been made in recent years on reducing 

the number of microphones [84] and loudspeakers [85], and enlarging the quiet zone size using 

traditional loudspeakers [86]. As a highly directional loudspeaker, PALs can be used in ANC 

to create large quiet zones, but the feasibility remains to be investigated. 

It is easy to use one secondary source to mitigate the noise at a single location [87], and 

the quiet zone in a diffuse sound field is found to be centered at the location with a size of about 

one tenth of the wavelength [88]. Placing the secondary source close to the target point can 

mitigate the total energy increase in other areas [10,11]. For ANC headrest systems where the 

noise at two ears needs to be reduced, one loudspeaker and one microphone can be installed 

near each ear [6]. Because the quiet zone size is small at middle and high frequencies and it is 

inconvenient to place a sensor at the ear, virtual sensing algorithms such as the virtual 

microphone arrangement [89] and remote microphone technique [81] have been proposed to 

estimate the pressures near the ears remotely. Additional head tracking systems can be used if 

the human head moves [6].  

A larger quiet zone can be created by using multiple secondary sources surrounding the 

target region if the spacing between the secondary sources is sufficiently small [90,91]. In free 

field, it was found the quiet zone size is proportional to the number of secondary sources [8], 

and the experiment results showed that more than 20 dB noise reduction (NR) can be obtained 

inside a sphere with a radius of 0.3 m from 100 Hz and 500 Hz by using 30 secondary sources 

on a spherical surface [92]. In an ordinary room, the experiment results with 16 secondary 

sources on a cylindrical surface demonstrate that a cylindrical quiet zone with 0.2 m height and 

0.2 m radius can be obtained below 550 Hz [93]. However, the sound field outside the target 

region might increase due to the sound generated by the omni-directional secondary sources 

[8,9].  
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3 Methodology 

The research methods are presented as three parts, each part corresponding a research 

question. 

Part 1. This part corresponds to research question 1. To simplify the expression of audio 

sounds generated by a baffled circular PAL, we used the spherical harmonics expansion (SHE) 

of the Green function in free field. The proposed method is denoted as the SHE method and it 

can rigorously transform the five-fold integral into a three-fold summation with a one-fold 

integral using the orthogonality of the spherical harmonics. The calculation results and 

computation load of the SHE method were compared to the ones using the GBE method. For 

a non-baffled circular PAL, we used the disk scattering model [94] to calculate the audio 

sounds behind the PAL. The solution consists of the so-called spheroidal wave functions 

derived from the oblate spheroidal coordinate system [59,94]. Although the computation of 

spheroidal wave functions is complicated, some software or codes are available [95,96]. The 

validity of the proposed method was demonstrated by experiments at UTS.   

Part 2. This part corresponds to research question 2. To study the physical properties of 

PALs, we adopted the quasilinear solution of the Westervelt equation which has been found to 

be accurate enough for the problems investigated in this research. The reflection, transmission, 

and scattering of ultrasounds and audio sounds can then be calculated. A custom-made 60-

channel microphone array was designed to measure the spatial sound field and the results were 

compared to the predicted ones. 

Part 3. This part corresponds to research question 3. To investigate the feasibility of 

cancelling a broadband noise at the listener ear, an ANC system using a PAL and an LDV 

sensing system has been developed. The experiments in a semi-anechoic room at UTS have 

been conducted, where the listener ear is the ear simulator of a head and torso simulator 

(HATS). To create a large quiet zone by multiple PALs, the theoretical model has been 
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established based on the quasilinear solution of the Westervelt equation. The experiment plan 

has been designed and will be conducted in the future. 

 

4 Progress to Date and Future Work 

In the first three months after I enrolled at UTS (March 2019 to June 2019), I continued 

some previous work during my Master candidature at Nanjing University. The work includes 

the ANC experiments in the presence of reflecting surfaces, and the writing of manuscripts. I 

submitted two manuscripts to a top journal in Acoustics (JASA) on this work, and both of them 

have been published. A peer-reviewed conference paper was also published on this topic. 

From June 2019 to April 2020, I started working on PALs. After understanding the 

fundamentals in this area, I started the research on the prediction models and physical 

properties of audio sounds generated by PALs. Some experiments were conducted in UTS 

acoustics labs to validate the simulation results. I have submitted 4 manuscripts to JASA based 

on the findings and three of them have been published and the other one is under review. 

From April 2020 to date, I focused on the ANC systems using PALs. The feasibility of 

using multiple PALs to create a large quiet zone was investigated first. I have finished the 

establishment of the theoretical model and prepared a manuscript for JASA on this research. I 

also studied the ANC system using a PAL and an LDV sensing system to cancel the noise at 

the ear simulator of a HATS. The work has been submitted to as a peer-reviewed conference 

paper. 

Besides, I have already completed Research Integrity Modules on UTS Online 

(https://online.uts.edu.au). I also finished the subjects TRP (Technology Research Preparation) 

and TRM (Technology Research Methods) in Autumn and Spring 2019, respectively. 

Future work has been scheduled as follows: 

https://online.uts.edu.au/
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• July 2020 to August 2020. Finish the establishment of the theoretical model of audio 

sounds generated by a PAL scattered by a rigid sphere. Prepare a manuscript and submit 

it to JASA. 

• August 2020 to December 2020. Conduct experiments on creating large quiet zones 

using multiple PALs. Prepare a manuscript and submit it to JASA. 

• December 2020 to March 2021. Investigate the feasibility of using PALs and LDV 

sensing systems to effectively control the broadband noise at person’s ears. Hopefully 

I can prepare a manuscript and submit it to JASA. 

• April 2021 to December 2021. Other possible explorations and investigations on ANC 

systems using PALs, such as improving the noise reduction performance of the system. 

 

5 Research Data Management Plan 

In this research, all of the data are gathered and managed by me, which include: 

• Simulation data generated by the numerical calculations of the theoretical models. 

• Experiment data measured by acoustical measurement hardware and software, such as 

Brüel & Kjær PULSE sound and vibration analyzers. 

• Data obtained by post-processing of both simulation and experiment data. 

I have already created a project on UTS Stash as suggested by GRS (Graduate Research 

School). The important data of this research will be uploaded, stored, and managed on both 

UTS Stash and Microsoft OneDrive. The data will also be stored on my personal computer to 

lower the risks of data loss. The data contain no health records, classified documents, and 

culturally and commercially sensitive information, so they can be shared to anyone who is 

interested in this research. All data are numbers obtained from simulations and experiments, 

so no special facilities and equipment are required to use these data.  
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6 Conclusions  

Three major research questions have been proposed in this report to study the feasibility 

of using PALs in ANC systems. The first research topic is to investigate fast and accurate 

calculation methods for predicting audio sounds generated by a baffled or non-baffled PAL. 

The second topic is to study the reflection, transmission, and scattering of audio sounds 

generated by a PAL. With the above foundations and results, the final topic is ANC using PALs 

as secondary sources, which include cancelling a broadband (up to 6 kHz) noise at a target 

point and creating large quiet zones using multiple PALs. The existing literatures have been 

comprehensively reviewed and the methods used in this research were identified. Finally, the 

progress to date, future work, and research data management plan were presented. 
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