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Abstract

D
emands for active noise control/cancellation (ANC) to provide a quiet

environment have grown significantly over the past few decades.

Notably, many ANC headphones and earphones have emerged and

gained much success in the market due to their excellent performance and

robustness. There are also other ANC applications, such as ANC headrests

and ANC windows. However, developments for such applications have been

slow due to their relative complexity and cost of implementation. Particularly,

the physical presence and the number of required sensors, typically condenser

microphones, severely limit the performance of many ANC applications.

Laser Doppler vibrometry, which works on the principle of optical interfer-

ometry, has been widely used in to measure vibrations in many vibro-acoustic

applications. Yet, the developed instrument, laser Doppler vibrometer (LDV),

has little been studied in the published literature in the context of sound/noise

measurement and control. The main advantage of such a technique is that

it is often considered to be non-contact and non-invasive. For ANC headrests

and windows, which prohibit the use of passive acoustic absorption materials

and limit the installation of physical microphones for noise control, an LDV

can be favourable by providing acoustic information remotely and inherently

non-invasively.

This thesis, therefore, investigates and develops LDV-based remote acoustic

sensing techniques for ANC applications, particularly ANC headrests and

windows. The first part of the thesis studies how to use an LDV together

with customised retro-reflective membranes to acquire acoustic information at

discrete locations from a remotely positioned LDV. Then, such a configuration is

used for remote error sensing in an ANC headrest scenario. The experimental

results show significant improvements over the state-of-the-art systems. The

reference signals are also investigated in ANC systems. Results show that

a non-minimum-phase secondary path may require reference microphones
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to be installed at a considerable distance away from the secondary sources

to have an adequate control performance, especially for the low frequencies.

This is impractical in many applications. Remote acoustic sensing can also

be applied for the reference signal. Results show that the proposed remote

reference sensing can achieve a comparable result without the need for physical

connections like those required for conventional microphones.

The second part of the thesis is concerned with measuring and controlling

noise over a large area, e.g., at a window or a similar opening. Instead of

measuring at a series of discrete points as with a microphone array, refracto-

vibrometry can serve as an alternative method to measure the sound field,

quasi-continuously, over an area and then utilise the measurements for control.

The major advantage of this technique is that it enables sound pressure

measurement at all points of interest without disturbing the sound field and

with high spatial resolution. Such a technique is preferable for noise control at

windows and openings where ventilation and access are prioritised over the

introduction of physical sensors. The sound field at an enclosure opening is

measured in the experiment and used for the error signals for ANC. Results

show that using refracto-vibrometry to measure a sound field can give a much

finer resolution than using a microphone array and an ANC system as a

consequence can have the optimal performance for a given secondary source

arrangement.
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Introduction

1.1 Mechanism and Early History of Active
Noise Control (ANC)

A
n active sound/noise control system was created as an alternative to

passive control for low frequency sound. As illustrated in Fig. 1.1, for

passive noise control a part of the incoming noise is reflected back

by the sound-absorbing material. The majority is dissipated in the material

where the sound energy converts to heat. However, passive control is normally

effective for high frequencies since the dimension of the material must be

larger than the wavelength of the primary noise. To work in the low frequency

range, the size of the material will be too considerable to be used in practice.

Active noise control, on the other hand, uses one or multiple secondary control

loudspeakers to produce the “anti-noise”, which has the opposite phase than

the primary noise. It typically works best for low frequencies.

Many consumer products and some researchers label ANC as "Active Noise

Cancellation", which may not be exactly accurate and can be misleading. Sound

and noise cannot be magically “cancelled” and “disappeared”. Instead, ANC -

Active Noise “Control” - works based on the principle of superposition, that is,

the anti-noise from the secondary sources(s) is superposed to the primary noise.

The acoustic energy may thus be attenuated significantly at one or multiple

1
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(a) (b)

Figure 1.1: Illustration of (a) passive noise control and (b) active noise control

L

V

A M

Figure 1.2: Figure redrawn from Lueg’s patent (Lueg, 1936)

locations. However, the law of conservation of energy is still valid and the

acoustic energy at other locations will be increased.

The very first ANC system is commonly credited to a German physicist,

Paul Lueg, for his patent on “Process of Silencing Sound Oscillations”, which

was filed in 1934 and granted in 1936 (Lueg, 1936). The one-dimensional

principle illustration is shown in Fig. 1.2. The patent described the idea of

using a microphone M to sense the existing undesired sound from A. An
amplifier V , providing delays and amplification of the inverted detected sound,

drove the control source L for cancellation. Although such a system, from the

current view, is too simple to work in practice, it has laid the foundation for

later emerging ANC systems.

Twenty years later, Olson and May (1953) and Olson (1956) studied such a

system, named as “Electronic Sound Absorber” in ducts, for machines, rooms

and passenger seats using feedback control as shown in Fig. 1.3. It is the

earliest prototype in ANC headrests. However, due to the limitation of the

technology at the time, the control performance was observable only at low

frequencies, such as below 200 Hz.

The research went into hiatus again for the next few decades until the late

2



1.1. MECHANISM AND EARLY HISTORY OF ACTIVE NOISE CONTROL
(ANC)

Amplifier

Loudspeaker

Microphone

Figure 1.3: Figure redrawn from Olson (1953 and 1956)

1970s. Since the early 1980s, with the remarkable developments in digital

signal processing and processors, ANC has seen interest and advances in

many applications. Technological advances in other areas, such as mechanical

and power electronic designs in large machines and vehicles, further urban

development, manufacturing and so on, resulted in greater noise pollution

and thus called for the use of ANC systems. Many researchers have studied

both the theoretical (Piraux & Mazzanti, 1985; Piraux & Nayroles, 1980) and

experimental behaviours of various systems, such as ducts (Berengier & Roure,

1980; Eghtesadi, 1983; Tichy & Warnaka, 1983), periodic noise (Chaplin, 1980,

1983), automotives (Oswald, 1984), enclosures (Curtis et al., 1985) and others

(Guicking & Karcher, 1984; Swinbanks, 1984). In the late 1980s, more studies

were conducted on the acoustics of ANC in free fields and enclosed sound

fields (Bullmore et al., 1987; Elliott et al., 1988c; Nelson et al., 1987a,b; Snyder

& Hansen, 1989). In the meanwhile, with the rise of the adaptive signal

processing (Goodwin, 1984; Widrow & Stearns, 1985), more and more have

made the ANC adaptive and real-time (Burgess, 1981; Carme, 1988; Elliott

et al., 1988b; Eriksson et al., 1987; Roure, 1985; Warnaka et al., 1984, 1981).

In the 1990s and 2000s, the development of ANC systems has seen a

great surge. Many applications (e.g., airplanes and open offices as illustrated

in Fig. 1.4) required ANC functionality to regulate the noise. The details of

the progress will be provided in the subsequent sections when reviewing the

specific applications. A current modern ANC system, for example for a single-

3
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(a)

Beep!

(b)

Figure 1.4: Illustration of noise in (a) airplanes and (b) an open office.

ANC

Error 
microphone

Reference 
microphone

Secondary
source

Primary
source

Figure 1.5: Configuration of single-channel ANC system in a duct.

channel system in a duct as shown in Fig. 1.5, contains the main components

one reference microphone close to the primary source to sense the primary

noise, an error microphone located at the point of interest to measure the

residual noise after the control, and a secondary source to produce the anti-

noise. In the feedback system, only the error signal is available for acoustic

sensing. The hybrid structure combines both structures and uses both signals

as input for better control performance.

1.2 Basic ANC Structures

Before finding the control filter, the secondary path, that is, the path from the

secondary source to the error microphone should be determined. As shown in

Fig. 1.6, the secondary path modelling, or system identification, is typically

4
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– +

Acoustic domain

Electric domain

Analogue domain

Pre-amplifier

Anti-aliasing
filter

Power 
amplifier

Reconstruction 
filter

DAC ADC

x(n) y’(n) e(n)
S(z)̂

LMS

Figure 1.6: Offline secondary path modelling (system identification).

performed offline using the least-mean-square (LMS) algorithm. Once the

secondary path is modelled, the estimated secondary path Ŝ(z) contains not
only the transfer function of the acoustic domain but also the information of

the electrical components in the analogue domain, such as power and pre-

amplifiers, reconstruction and anti-aliasing filters, digital-to-analogue (DAC)

and analogue-to-digital (ADC) converters.

Next, the control can be performed. The three main structures work as

follows:

• Feedforward The feedforward control structure primarily uses the

reference microphone to provide the time-advance signal of the primary

noise. The secondary source signal is found by convolving the input

reference signal with the control filter, which is determined by both the

reference and the error signals as shown in Fig. 1.7a. The feedforward

method can potentially reduce broadband noise at all frequencies, though

the performance of which can depend on the relationship between the

reference and the error microphones (e.g., coherence and causality).

• Feedback The feedback control structure should also be adaptive. As

5
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demonstrated in Fig. 1.7c, there is only one error microphone providing

the acoustic information. The feedback method does not require reference

microphones. However, it can only control predictable noises, such as

narrowband or low frequency noise (Elliott, 2000).

• Hybrid The hybrid ANC system has been proposed using both the feed-

forward and the feedback control methods (Akhtar & Mitsuhashi, 2011;

Kuo & Morgan, 1996; Wu et al., 2015). The hybrid control structure, as

shown in Figs. 1.7e and 1.7f, takes advantage of both methods to achieve

a better control performance. The feedforward subsystem controls the

coherent noise (w.r.t. the reference microphone) and the feedback subsys-

tem controls the residual non-coherent predictable noise.

1.3 Development of ANC Applications

There are many types of ANC systems throughout history. They can be cate-

gorised into the following four groups by system complexity.

• Duct noise Early studies on ANC systems are based on duct noise

(e.g., engine exhaust duct, air conditioner ducts). The environment is

relatively simple (as in a tube) and the noise can be regarded as plane

waves. ANC can be used in combination with reactive or dissipative

mufflers to better control the duct noise.

• Personal devices Personal ANC devices include ANC headphones and

earphones. Typically, the passive materials (e.g., perforated earpads or

ear inserts) are used for attenuating the high frequency noise. ANC

systems are used to control the low frequencies. Controlling noise in the

ANC headphones is more complicated than controlling the duct noise.

The environment in the earcup is more complex and the space constraint

is more serious. Nonetheless, such systems have been well-developed

and there have been many successful commercial products available in

the market nowadays.

• Interior noise Controlling interior noise often means controlling the

noise at local locations since controlling the noise in the whole enclosure

can be extremely difficult. Typically, ANC headrest systems are used to

6
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Figure 1.7: (Left column, from top to bottom) Configuration of single-channel
feedforward, feedback and hybrid ANC systems, respectively. (Right column,
from top to bottom) Block diagram of the FxLMS algorithm in the single-
channel feedforward, feedback and hybrid ANC systems, respectively.
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(a) (b) (c)

Figure 1.8: (a) Traffic noise near a residential area with noise barriers. (b)
Transformer and other electrical plant noise through ventilation. (c) Traffic
and urban noise through open windows.

provide users with zones of quiet. Similar to ANC headphones/earphones,

such a system is also binaural. However, as further discussed below, ANC

headrests can be more complicated due to many reasons (e.g., removal of

passive material, long distances of secondary paths, transducer place-

ments, etc.).

• Free-space noise Controlling free-space noise can be very challeng-

ing. Noise in a large area is expected to be controlled. Fig. 1.8 shows

some applications, for example, traffic noise near a residential area with

noise barriers, hum noise from transformers and other electrical plants

through ventilation, traffic and urban noise through open windows. They

typically require a large number of control channels.

The discussion on the development of ANC applications will be mainly

focused on the following three systems - ANC headphones/earphones, ANC

headrests and ANC windows.

1.3.1 ANC Headphones/Earphones

Although the basic principle of ANC was introduced by Lueg in the 1930s, it

was not until the later 1950s (Hawley, 1956; Meeker, 1957; Simshauser &

Hawley, 1955) and later in the late 1980s that detailed studies were carried out

for headphones. The doctoral theses by Wheeler (1986) and Carme (1987) are

commonly recognised as some of the first works. A reduction level of 10-15 dB

8
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up to about 500 Hz was achieved by Wheeler and more than 20 dB reduction

for 50-400 Hz was achieved by Carme using the feedback control method.

Since then, there have been a substantial amount of studies on ANC

headphones. Trinder & Jones (1987) showed more than 15 dB reduction for

60-600 Hz for an open-backed headphone. Veit (1988) described a slightly

different system with microphones mounted externally. This system had a

10 dB reduction level from 250-1000 Hz. Twiney & Salloway (1990) patented a

system that could reduce the low frequency pressure pulsations and thus make

the system more stable. Later, Bai & Lee (1997) reported a feedback ANC

system using the H∞ robust control theory. A broadband noise of 200-800 Hz

was attenuated by 15 dB. Gan et al. (2005) and later Kuo et al. (2006) used the

adaptive feedback system in the headphone and evaluated the system against

many factors. More than 30 dB reduction was achieved for narrowband har-

monics from engine noise. Zhang et al. (2013) provided a simplified approach

for easy implementation. A 15 dB reduction was achieved for the narrowband

and about 14 dB reduction was achieved for 200-700Hz broadband noise.

Many systems also adopted the feedforward control architecture. Early

work started from Jones & Smith (1983) and Chaplin et al. (1987) controlling

periodic noise. Because of the feedforward configuration, broadband noise can

be more easily controlled than that in feedback systems. Pan et al. (1997) and

Brammer et al. (1997) showed an average of more than 10 dB noise reduction

(maximum 26 dB) below 300 Hz for helicopter noise. Cartes et al. (2002) used

the Lyapunov-tuned LMS algorithm to improve the system stability, particu-

larly for time-varying noise. They demonstrated a noise reduction of 33 dB and

30 dB for pure tone and aircraft noise, respectively. Other issues, such as the

causality of the feedforward configuration on the control performance (Cheer

et al., 2019; Zhang & Qiu, 2014) and hardware-related implementations (Bai

et al., 2018) were also explored extensively.

The direction of the incoming noise is important in the feedforward ANC

systems. Studies (Cheer et al., 2019; Liebich et al., 2018; Rafaely & Jones,

2002; Zhang & Qiu, 2014) have demonstrated that the performance in ANC

headphones and earphones was affected by the time advance between the

reference and the error microphones in the feedforward configurations. The

ANC performance was the best when the time advance was the most significant.

There are a few solutions. The hybrid ANC algorithm (Liebich et al., 2018;
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Figure 1.9: Diagram of the feedforward audio-integrated ANC system in head-
phones.

Rafaely & Jones, 2002) and the multi-reference ANC system (Cheer et al.,

2019) were proposed to maintain the control performance when the causality

of the system was compromised.

Another important functionality of ANC headphone and earphone systems

is audio playback during noise control for communication or entertainment

purposes. Such a system is often described as an “audio-integrated” ANC

system (Chang et al., 2016; Gan & Kuo, 2002). Fig. 1.9 demonstrates the block

diagram of an audio-integrated feedforward ANC system in headphones. The

ANC components for controlling the noise are the same as the conventional

ones. However, the desired audio is injected into the secondary source and

replayed back to the user. This injected audio will also be detected by the error

sensor and thus this injected signal passing through the secondary path should

be subtracted by the error signal. Then the error signal will only contain the

residual noise for the ANC algorithm.
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1.3.2 ANC Headrests

An ANC headrest still typically uses two secondary sources (loudspeakers)

to control noise at the user’s ears. However, the main purpose of using such

a system is to eliminate the discomfort from wearing headphones for a long

period. In certain cases, the use of any headphones can be prohibited, for

example, in moving vehicles. Therefore, as the name suggests, the secondary

sources are installed in the headrest of a seat to control the noise for the

user. Although the control algorithms used in ANC headrests do not differ

significantly from the ones in headphones, due to the specific replacements of

the components, ANC headrests have many hurdles. The major problems are

listed as follows

• Passive material removal The main purpose of using an ANC headrest

is to remove any devices and materials from the head and ears. For ANC

headphones, the perforated earpads or ear inserts can provide effective

passive noise reduction above 1 kHz in general (Bai et al., 2018; Liebich

et al., 2018; Rudzyn & Fisher, 2012), whereas the ANC components

are typically effective below 1 kHz. With the removal of the passive

materials, the high frequency noise is left uncontrolled.

• Long and dynamic secondary paths The secondary sources in ANC
headrests are significantly further away from the ears compared to

being in the earcups on the head. Therefore, not only is the delay in

the secondary path increased considerably, but the path can also be

dynamic due to any movement of the user’s head. In such cases, control

can become extremely difficult.

• Sensor placement The placements of the reference and the error sen-
sors are limited to certain locations. ANC algorithms minimise the sound

pressure at the error sensors. However, the error sensors should not be

installed close to the user’s ears causing inconvenience. Similarly, the

reference sensors should provide coherent reference signals with enough

time advance. These signals may be compromised when the sensors can

only be installed at certain locations.

Due to the problems above, ANC headrests are still undergoing early devel-

opment. As mentioned previously, ANC headrests originate from the system
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proposed by Olson & May (1953). However, the development was on hiatus for

four decades and it was not until the 1990s that ANC headrests regained the

attention (Garcia-Bonito et al., 1997; Rafaely & Elliott, 1999; Rafaely et al.,

1999; Sutton, 1994). Since then, many studies have been about the sensor

placement issue, particularly the error sensors. The control performance at

the user’s ears can be severely degraded when the error sensors are installed

remotely. The history and progress of optimising the ANC performance in

headrests can be briefly described in the following methods.

• Virtual microphone (VM) This method essentially puts the two er-

ror microphones close to the user’s ears (Garcia-Bonito et al., 1997). It

was found that the presence of the user’s head can enlarge the quiet

zone (Garcia-Bonito & Elliott, 1995). When the error microphones are

close, the quiet zone can be extended to the user’s ears. However, since

the quiet zone is about a tenth of the acoustical wavelength to be con-

trolled (Elliott et al., 1988c), this method is only limited to low frequency

noises.

• Remote microphone (RM) This method was proposed by Roure & Al-

barrazin (1999). The transfer function is pre-determined between phys-

ical microphones and temporarily placed virtual microphones. During

control, the transfer function is applied to the signal from the physical

error microphones such that the noise at the virtual locations is min-

imised. Recent studies have shown significant performance improvement

using such a method (Elliott et al., 2018; Jung et al., 2017, 2018, 2019).

However, one potential problem of such a method is that it is susceptible

to any change in the primary path (i.e., the disturbance signal).

• Virtual microphone control (VMC) This method was proposed by

Pawelczyk (2004). This method contains two stages - tuning and control.

During the tuning stage, an adjustment filter is determined between

the estimated disturbance signal and the error signal from the physical

microphone when minimising the error signal at the virtual microphone.

During the control stage, this adjustment filter is applied to the physical

error signal (the associated estimated disturbance signal, to be exact)

such that noise at the virtual location can be attenuated. Further use of

12
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such a method can be found in work (Pawelczyk, 2008; Shi et al., 2019).

Comparisons were made from the above three method (Buck et al., 2018).

• Auxiliary filter based virtual sensing (AF-VS) This method is highly

similar to the VMC method (Edamoto et al., 2016). The difference is

that the adjustment (auxiliary) filter is directly applied to the reference

signal instead of the estimated disturbance signal. Thus, this method can

still be feasible when the estimated disturbance signal is not accurate

(e.g., with a dynamic secondary path). This method can provide good

performance even when the virtual error signal is non-causal (Kajikawa

& Shi, 2019).

Some ANC headrests developed are illustrated in Figs. 1.10-1.13. There

are also other virtual/remote sensing algorithms for solving the error sensor

placement issue, which can be found in (Moreau et al., 2008). Other similar

systems (e.g., ANC pillows, infant incubator ANC systems, etc.) that share

similar problems as ANC headrests can be found in the overview paper by

Chang et al. (2016) and Kajikawa & Shi (2019).

Problems regarding the reference sensors for ANC headrests have received

very little attention so far. The reference signals were either taken from the

accelerometers (Elliott et al., 1988b) or measured around the wheels (Jung

et al., 2019) or on the floor of the vehicle (Cheer & Elliott, 2015). Similar

systems were tested in aircraft and helicopters, where the reference signals

were taken from the tachometers (Elliott, 2000). The reference sensors were

far away from the main system and close to the noise sources, and multiple

sensors were used to improve the coherence with error signals. So far, the

main issues related to the reference sensors and signals in vehicles are about

providing enough time advance and having good coherence with error signals.

In practice, the implementation can be very difficult, such as choosing the best

locations.
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(a) (b)

Figure 1.10: (a) The experimental headrest system. (b) The geometric arrange-
ment of the headrest, with the control loudspeaker, a physical control micro-
phone marked by the circle located 2 cm away from the loudspeaker (Rafaely
et al., 1999).

(a) (b)

Figure 1.11: (a) Proposed ANC headrest system. (b) Geometrical configuration
of proposed systems (Siswanto et al., 2015).
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(a) (b)

Figure 1.12: (a) Photo of the headrest with the error microphones. (b) Sketch
of the noise-canceling chair (Sujbert & Szarvas, 2018).

(a) (b)

Figure 1.13: (a) Physical arrangement used to demonstrate local active control
at the ears of a listener while the head position is being tracked and (b)
detail showing the position of the monitoring microphones and secondary
loudspeakers (Elliott et al., 2018).
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1.3.3 ANC Windows

It is easy to understand many apertures, such as windows and doors, require

open access for various reasons, e.g., ventilation, daylighting and access (for

doors). However, noise insulation is also a crucial aspect requiring consider-

ation, particularly in urban areas with dense populations and urban noise

pollution. Studies have shown that the sound attenuation through apertures

(i.e., transmission loss) could be severely degraded as the covered area de-

creases. For example, the sound transmission loss can be 20 dB when fully

shut. Even when it is 90% covered, there can only be about 10 dB transmis-

sion loss (Bies et al., 2017; Ford & Kerry, 1973). Therefore, similarly to ANC

headrests, the removal of the passive material is detrimental and must be

overcome. In addition, as discussed previously, passive materials are especially

effective for high frequencies, whereas the performance is not as much for low

frequencies. Active control can be very attractive when working in conjunction

with passive control (Ohnishi et al., 2004), or in certain applications, works

sorely to attenuate noise.

ANC for a large aperture/opening is normally very complicated. Unlike

ANC headrests, which aim to attenuate noise at or around the user’s ears,

ANC windows (we use ANC windows mainly as the example application in

discussion hereinafter) typically require a large number of channels (≫ 4

channels) for a large area. As the size of the opening increases, the required

channels will also increase. Furthermore, the sound field at the opening can

be complex. Not only the noise source can be non-stationary (e.g., traffic noise

with moving vehicles or trains), but structures and the surroundings of the

opening produce diffracted and reflected sound also makes the problem difficult

in practice.

Some early work, particularly experimental work, can be traced to the

1970s controlling transformer noise (Hesselmann, 1978; Ross, 1978). Ford

& Kerry (1973) found that a partially opened double glazing window can be

10 dBA better than a partially opened single glazing window. Jakob & Möser

(2003a,b) investigated the use of ANC for double glazing windows, and they

achieved about 7 dB with the feedforward controller and 3-6 dB with the feed-

back controller. Field & Fricke (1998) showed that quarter-wave resonators

with different lengths could be used outside building ventilation openings to

reduce noise with a reduction of 6-7 dB in certain 1/3 octave bands. Emms &
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Fox (2001) compared three types of active absorbers to reduce sound transmis-

sion through a square aperture. They discovered that a maximally absorbing

dipole and monopole combination could provide a more than 10 dB attenuation

for wavelengths greater than three times the length of the aperture side. Since

the 2000s, there have been many studies on controlling noise through an

opening (either rectangular apertures or other irregular shapes). There has

also been a study controlling very large scale outdoor sound fields (Heuchel

et al., 2020). Some notable systems are listed in Table 1.1 with descriptions of

the configurations.

These ANC window systems can be categorised into the following five types

• Open apertures This type consists of systems with an unobstructed

opening with fixed dimension. Examples can be found in (Ise, 2005; Kwon

& Park, 2013; Murao & Nishimura, 2012) as shown in Figs. 1.14, 1.15

and 1.16.

• Sliding windows This type is similar to open apertures, but with a

sliding glass panel potentially changing the opening size. Examples can

be found in (Carme et al., 2016; Lam et al., 2018b, 2020), as shown in

Figs. 1.17 and 1.18.

• Tilt windows This kind of window is tilted only instead of fully opened.

Examples can be found in (Brggemann et al., 2019; Eder et al., 2017;

Hanselka & Sachau, 2016; Pàmies et al., 2014).

• Plenum/staggered windows Plenum windows have staggered air inlet

and outlet. These systems can be found in (Huang et al., 2011; Tang

et al., 2016; Tong et al., 2015).

• Aperture of a baffled cavity This kind of system is similar to open

apertures and sliding windows, where noise propagates through an open-

ing, though from a cavity in this case. This kind of system is illustrated

in Fig. 1.19. It has been shown that both secondary sources and er-

ror microphones can be placed along the edges thus causing minimum

obstruction (Wang et al., 2015, 2017a, 2019b, 2017b).

From the five types of systems, the configurations of the transducers,

including the secondary sources and error microphones, are mainly divided
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into two groups - distributed layout and boundary layout. Hereinafter, the
conventional rectangular openings (i.e., open apertures, sliding windows and

aperture of a baffled cavity) are mainly investigated and discussed.

The distributed layout, as studied by Ise (2005), Murao & Nishimura

(2012), Kwon & Park (2013) and Lam et al. (2020), installs the transducers

even across the opening. The advantage of such a layout is the scalability

of the system. The number of secondary sources is corresponding increased

when the size of the opening is increased, though provided that the separation

distance between the secondary sources remains to be less than half of the

wavelength of interest. Although it can achieve a better ANC performance

than the boundary layout, it is apparent that the distributed transducers lead

to visual obstruction. More details can be found in (Lam et al., 2021).

The boundary layout, as studied by Tao et al. (2016); Wang et al. (2015,

2017a, 2019b, 2017b), promotes the transducers to be installed along the

edges of the opening. The main advantage is that the opening is unobstructed.

However, the boundary layout requires more secondary sources to achieve the

same performance as the distributed layout. More layers of secondary sources

can increase the frequency range, though the length of the short side of the

opening ultimately decides the upper frequency limit to be controlled (Wang

et al., 2019a). The error microphones can also be installed at the edges of the

opening and a large amount is also needed. The length of the short side also

decides the upper frequency limit, although it can be improved by adding more

layers of microphones. More details can be found in (Qiu, 2019).
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Table 1.1: Summary of prior work in the active control of sound through apertures (extended based on Lam et al. (2018b)).

Window Size Opening No. of Ref Secondary No. of No. of Error Noise Reduction
Author Type

(W × H [cm]) Size
Ref Layout

(Distance∗ [cm]) Layout Secondary
Error Layout

(Distance∗ [cm])
Type of Noise

(Global/Local)

Window

Ise (2005) Open Aperture N/A N/A N/A N/A Distributed 16 Distributed 16 (100) BLWN (200 to 700 Hz) 10 dB (Local)

Murao & Nishimura (2012) Open Aperture 25 × 25 25 × 25 Distributed 4 (5) Distributed 4 Distributed 4 (10) BLWN (500 Hz to 2kHz) 10-15 dB (Global)

Kwon & Park (2013) Open Aperture 30 × 30 30 × 30 Boundary 4 (30) Boundary 8 N/A 0 BLWN (400 Hz to 1 kHz) Up to 10 dB (Global)

Pàmies et al. (2014) Tilt Window 56 × 142
5cm Gap

Single 1 (1500) Boundary 1 Single 1 (42) 3 dB (Global)
2◦ Tilt

Real aircraft pass-by

(20 to 160Hz)

Carme et al. (2016) Sliding Window 75 × 75 13 × 75 Single 1 (N/A) Boundary 5 Distributed 5 (N/A) Traffic Noise (<300 Hz) 15.5 dB (N/A)

Tilt Window 91 × 91 N/A Side 2 (35) Boundary 8 Boundary 14 (N/A) BLWN (100 Hz to 1 kHz) 13 dB (Local)
Hanselka & Sachau (2016)

Eder et al. (2017)

Brggemann et al. (2019) Tilt Window 95 × 132.5 N/A Side 2 (35) Boundary Boundary BLWN (0.1 to 1 kHz)
i. 14

ii. 20

i. 14 (N/A)

ii. 20 (N/A)

i. 5.5 dB (Local)

ii. 10.0 dB (Local)

Lam et al. (2018b) Sliding Window 100 × 100
18 × 93

Distributed Distributed Distributed Tonal (<2.1 kHz)
30 × 93

i. 8 (5)

ii. 16 (5)

i. 8

ii. 16

i. 8 (50)

ii. 16 (50)

i. ~3 dB (Global)

ii. ~4 dB (Global)

Lam et al. (2020) Sliding Window 100 × 100 45 × 93 Single 1 (100) Distributed 24 Distributed 24 (18)

i. BLWN (100 Hz to 1 kHz)

ii. Traffic (100 Hz to 1 kHz)

iii. Train (100 Hz to 1 kHz)

iv. Aircraft (100 Hz to 1 kHz)

i. 8.8 dB (Global)

ii. 8.67 dB (Global)

iii. 10.14 dB (Global)

iv. 7.51 dB (Global)

The opening of the baffled rectangular cavity

Open Aperture – 43 x 67 Ideal N/A Distributed 6 Distributed BLWN (<0.5 kHz) ~15 dB (Global)
Wang et al. (2015)

Tao et al. (2016)

i. 12 (10)

ii. 6 (10)

Wang et al. (2017b) Open Aperture – 43 x 67 Ideal N/A Boundary 8 Boundary 8 (10) BLWN (<1 kHz) ~10 dB (Local,

0.2 m around error)

Wang et al. (2017a) Open Aperture – 43 x 67 Ideal N/A Boundary 32 Distributed 32 (10) Tonal (<1 kHz) ~20dB (Global)

Wang et al. (2017a) Open Aperture – 43 x 67 Ideal N/A Distributed 32 Distributed 32 (10) Tonal (<1 kHz) ~20dB (Global)

Wang et al. (2019b) Open Aperture – 43 x 67 Ideal N/A Distributed 32

Boundary
32 (10)

Tonal (<1 kHz)
~10dB (Global)

(Single Layer)

Boundary
32 (10) ~12dB (Global)

(Double Layer)

* The distance from the secondary sources.
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Figure 1.14: The ANC window with 16 loudspeakers and 16 error microphones
evenly distributed across the entire window (Ise, 2005).

(a) (b) (c)

Figure 1.15: (a) Basic concept of the Active Acoustic Shielding (AAS), (b) dia-
gram of an AAS cell and (c) photo of a 4-cell AAS window developed by Murao
& Nishimura (2012).

(a) (b)

Figure 1.16: (a) Experimental setup of the active window system. (b) Schematic
of the ANC system (Kwon & Park, 2013).
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(a)
(b)

Figure 1.17: (a) Photo of the active window system. (b) The active window with
feedforward configuration (Carme et al., 2016).

Figure 1.18: (a) Schematic of the mock-up room, and (b) view of the active
control system from the inside of the mock-up chamber (Lam et al., 2020).

1.4 Instrument for Sound Measurement

1.4.1 Microphones

Microphones, being the primary tools for measuring sound information, have

been extensively studied for many decades and their related theories are well-

established. Nearly all common microphones acquire sound information using

a lightweight, ultra-thin diaphragm under tension. The sound fluctuation

cause displacement of the conducting diaphragm, which leads to a change

in the electric change regarding the backplate. It is then amplified through

a pre-amplifier for signal output. Depending on the working principle and

construction, common measurement microphones have the following types.

Fig. 1.20 shows the cutaway view of a typical condenser microphone.
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(a) (b) (c)

(d) (e)

Figure 1.19: (a) A schematic diagram of a planar Virtual Sound Barrier (VSB)
system on the baffled opening of a rectangular cavity (Wang et al., 2015). (b)
Schematic diagram of the double layered secondary loudspeaker system (Wang
et al., 2017a). (c) The experimental setup. (d) A closer look at the VSB system
at the opening (Wang et al., 2017a). (e) The experimental setup showing double-
layer error microphones at the edge (Wang et al., 2019b).

• Polarised condenser microphone The electric change, i.e., the capac-

itance, is from the diaphragm and a polarised backplate, which needs an

externally supplied bias voltage of the order of 200 V.

• Prepolarised (electret) microphone Similar to the condenser micro-

phone, but the backplate is permanently polarised during manufacture.

Thus, there is no need for high external voltage.

• Piezoelectric microphone The piezoelectric effect is used to convert

the mechanical displacement of the piezoelectrical crystal to an electrical

signal.

• Dynamic microphone A coil is attached to the diaphragm with a

permanent magnet. The diaphragm displacement causes changes in the

magnetic field.

• MEMS (micro-electromechanical systems) microphone It is simi-

lar to the condenser microphone and the electret microphone but can be

fabricated with pre-amplifiers in a much smaller form factor.
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Figure 1.20: Cutaway view of a condenser microphone (Brüel & Kjær, 2019;
Eargle, 2012).

• Optical microphone It also uses a moving diaphragm, but the dis-

placement is detected by the modulated light through optical fibres. It

is typically used in special cases, such as around a magnetic resonance

imaging (MRI) scanner, which forbids metallic objects.

One can find thorough details about the designs and developments of micro-

phones in (Brüel & Kjær, 2019; Crocker, 2007; Eargle, 2012).

Depending on the environment, microphones can be designed to be used

in free fields, pressure fields or diffuse fields. Depending on the required

directivity, microphones can be designed to be omni-directional or directional.

Furthermore, typically microphones measure sound pressure directly, but

some can also measure pressure gradient or sound intensity.

In terms of size, most microphones vary from 1/8 inch to 1 inch. The

most common ones are the 1/2-inch and 1/4-inch microphones. The 1-inch

microphones are typically used to measure low-level sound measurement,

whereas 1/8-inch ones are typically used for high-level and high-frequency

(i.e., ultrasound) measurement. Microphones should be as small as possible

so as not to disturb the sound field. Diffraction effect, that is, the bending

of sound waves as they encounter objects whose sizes are comparable to the

sound wavelength can occur. Fig. 1.21 shows the diffraction effect of a circular

cylinder with various angles of incidence. The limit of diameter/λ is commonly

imposed and thus limits the size of the microphone.
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Figure 1.21: The diffraction effect with respect to the radius of the micro-
phone (Muller et al., 1938).
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Figure 1.22: Schematic of an LDV.

1.4.2 Laser Doppler Vibrometers (LDVs)

Another instrument for acoustical and vibration measurement is the laser

Doppler vibrometer (LDV). The schematic of an LDV is illustrated in Fig. 1.22.

The laser beam is directed onto the surface of a vibrating object and is reflected

back along the original path. The reflected laser beam is frequency modulated

by a Doppler shift due to the vibration. There is another unshifted beam as a

reference. After going through a photo-detector and some signal processing,

the velocity of the vibrating object can be calculated. Compared to common ac-

celerometers, which need to be installed on the object to measure the vibration

and can potentially affect the behaviour of the object, LDVs offer non-contact

and non-invasive measurements. Furthermore, LDVs typically have very high

sensitivity with commercially available instruments able to resolve vibration

displacements down to pm (picometre) and velocities down to nm/s resolution.

These qualities make LDVs favourable in many applications.
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Point-based Measurement

Using LDVs to measure discrete points on an object is evident, similarly to

measuring with an accelerometer or a microphone. LDVs have been widely

used in many vibro-acoustic and bio-acoustic applications (Ko et al., 2003;

Suh et al., 2019; Tabatabai et al., 2013). In many vibro-acoustic applications,

the objects under investigation are present. The vibration levels of these

objects can be measured directly by the LDVs for modal analysis and other

characterisations (Bissinger & Oliver, 2007; Suh et al., 2019; Zoran et al.,

2012). In many acoustic sensing and control applications, on the other hand,

the sound-originating sources can be inaccessible, or the particular point of

interest for the pressure measurement is at a space in an air volume. The

typical approach is to use one or multiple condenser microphones. However,

as mentioned above, the physical presence of the traditional microphones and

the cabling imposes various limitations.

Line-based Measurement

Another use of an LDV is the refracto-vibrometry, which is based on the acousto-

optic effect - interaction between sound and light, can serve as an alternative

to measure a sound field (Rothberg et al., 2017; Wissmeyer et al., 2018).

Unlike taking vibration measurements of discrete locations, this technique

provides projection/line-based measurements. Sound waves are compressional

oscillatory disturbances that propagate in a fluid medium, such as air, as

discussed in this thesis. The pressure and the density of the air are modulated

with the resulting refractive index altering the light propagation, specifically

regarding its amplitude and phase. These changes can be readily detected

by the LDV, which is sensitive to path length fluctuations. Typically, these

fluctuations are caused by surface vibrations at a point on a target of interest.

However, when the reflecting surface is kept to be stationary, the highly

sensitive measurement from the LDV only results from the variations in

the optical path of the fluctuating sound field. Thus, any resulting velocity

measurement is the integral of the sound information along its laser projection

line. Since there is no physical sensor potentially disturbing the sound field,

the refracto-vibrometry technique can be favourable to reconstructing a large

sound field or a sound field that can be easily disturbed, e.g., ultrasonic waves.

Although one of the early works about the interaction between sound and
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light can be dated back to the early 1900s (Brillouin, 1922; Debye & Sears,

1932; Lucas & Biquard, 1932), it was not until the 1960s that the acousto-optic

effect gained more attention (Gordon, 1966; Quate et al., 1965). However, at

that time, sound was only used to characterise and manipulate light, rather

than the opposite. For example, the acousto-optic effect was only researched

to identify the diffraction of light. In addition, it was only for ultrasound

from a few megahertz up to several hundreds of megahertz, and the media

was mostly liquid or solid rather than air. In the 1990s and early 2000s,

researchers began to study the effect in air and for audible frequency range

sound (Lokberg et al., 1994; Oikawa et al., 2005; Zipser & Franke, 2008). Since

then, there have been many studies devoted to using such an effect for sound

field reconstruction. Note that the acousto-optic effect describes the general

interaction between sound and light. The refracto-vibrometry technique refers

to the use of LDVs to determine the phase shift of the laser due to sound.

There are other optical arrangements, such as Schlieren (Chitanont et al.,

2015, 2017), Moiré (Forno, 1988), TV holography (Lokberg et al., 1994), parallel

phase-shifting interferometry (PPSI) (Ishikawa et al., 2016, 2017), that are

not further discussed here.

Reconstructing a sound field in the audible frequency range in air using

the refracto-vibrometry technique started by measuring an area close to a

loudspeaker in a free field (Oikawa et al., 2005; Torras-Rosell et al., 2012).

Later, more complicated sound fields with reflections and interference were

investigated (Ikeda et al., 2016; Jackett et al., 2017; Malkin et al., 2014).

Sound fields in rooms have also been evaluated (Fernandez-Grande et al.,

2019; Verburg & Fernandez-Grande, 2019, 2021; Verburg et al., 2019). Mean-

while, there have also been studies incorporating acoustical model during the

reconstruction to make the results more accurate. Yatabe et al. (2017); Yatabe

& Oikawa (2014, 2015) added the Kirchhoff-Helmholtz integral equation and

the Herglotz wave function for interpolation when the measurements were

limited or noisy. Acoustic holography has also been explored. By including

the plane wave physical model during the reconstruction, the reconstructed

sound field can be extrapolated and thus only a partial area needed to be

measured (Fernandez-Grande et al., 2013; Grande et al., 2019; Rosell et al.,

2012; Verburg & Fernandez-Grande, 2019, 2021; Verburg et al., 2019).
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1.5 Problem Description and Motivation

Based on the previous literature review of the development of ANC appli-

cations, particularly for headrests and windows, there are still many issues

with these systems at the moment. The aforementioned ANC headrests, for

example, require the passive material to be removed. The error sensors cannot

be installed at the user’s ears for reasons of convenience. The reference micro-

phones should provide enough time advance for causality reasons and thus

they need to be placed at a certain distance away from the secondary sources

and error microphones. Yet, they cannot be too far away to maintain good

signal coherence with the error signals. Using conventional microphones has

presented many hurdles to be overcome, particularly their physical presence

and accessories.

Similarly, a number of challenges remain for the application of ANC to

windows and apertures. It has been found that the distributed layout of the

secondary sources and error microphones can achieve the best performance

when controlling noise propagating through an opening. However, undesirable

visual obstructions are also made apparent. The secondary sources and error

microphones can be installed on the boundary of the opening, but such a

system requires a considerable number of additional transducers over and

above those that would be required for an evenly distributed arrangement of

equivalent performance.

Compared with conventional condenser microphones, LDVs can offer non-

contact and non-invasive measurement, a characteristic that has been widely

used in vibration and vibro-acoustic applications. It seems that LDVs can

offer the remote sensing technique to potentially resolve the identified open

challenges in both ANC headrests and in windows, which both suffer from

the physical presence of conventional microphones. Little published work has

been carried out on the use of LDVs for sound/noise measurement and control

so far. Therefore, this thesis focuses on the investigation and development of

laser Doppler vibrometry based remote sensing for ANC applications.

1.6 Thesis Contributions and Outline

This thesis describes in detail several significant and novel contributions

towards understanding and developing ANC applications with remote sensing
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LDV based remote sensing for ANC

ANC headrest

ANC with 
remote error sensing 

(Chapter 3)

ANC with 
remote reference sensing 

(Chapter 4)

Line-based 
sound measurement 

with refracto-vibrometry

(Chapter 5)

ANC with
refracto-vibrometry

(Chapter 6)

Point-based 
sound measurement

(Chapter 2)

ANC window

Figure 1.23: Major thesis contribution areas.

using an LDV (or multiple LDVs) due to its non-contact, remote functionality.

The principle contribution areas and their relationships are shown in Fig. 1.23.

Two main ANC applications, that are still undergoing development within

the ANC community - headrests and windows, are investigated and extended

using the remote sensing technique in place of conventional microphones.

The thesis outline is provided as follows with the corresponding contribu-

tions as described.

• Chapter 2: Point-based sound measurement with LDVs
Similarly to measuring the sound pressure at one point as a conventional

condenser microphone via a diaphragm, LDVs can also be used with an

optical pick-up to acquire sound information, but remotely. The research

and development of a remote acoustic sensing apparatus that consists

of a retro-reflective membrane and an LDV at a remote location is re-

ported. This system can measure acoustical pressure signals at remote

locations with minimal instrumentation footprint. The small circular

membrane pick-up without any cables can be placed at the location of

interest, whereby the LDV can then measure the acoustically induced

membrane surface vibration at that remote location. The membrane

was purposefully chosen to be retro-reflective to allow a wide range of

LDV laser beam incidence angles. A series of investigations are made

to determine the optimal properties of such a configuration for effective

sound pressure measurement.
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• Chapter 3: ANC with remote error sensing
The performance of an ANC headrest using a remote error sensing ap-

proach is investigated. The approach uses the aforementioned remote

acoustic sensing configuration - an LDV and a small, lightweight and

retro-reflective membrane pick-up placed in the cavum concha of a user’s

ear, thereby producing as little disturbance as possible. Such a system

is illustrated in Fig. 1.24. The effects of its location on the system per-

formance are explored with a head and torso simulator. Performance

in the presence of different primary sound fields and diverse kinds of

environmental noise are explored. A scanning LDV-based head tracking

system is also developed to maintain the control performance during

any possible head movements from the user. The results show that more

than 10 dB of sound attenuation can be obtained for an ultra-broadband

frequency range up to 6 kHz in the ears for multiple sound sources and

various types of common environmental noise. The use of parametric

array loudspeakers as the secondary sources makes it additionally pos-

sible not to increase the overall sound pressure levels at places other

than at the error points while maintaining the same control performance.

• Chapter 4: ANC with remote reference sensing
This chapter focuses on the reference sensors and signals in large ANC

systems (that is, the secondary path is long compared to, for example,

that in ANC headphones). It begins by examining some non-ideal ref-

erence signals affected by reflections and reverberation, which make

it difficult to control the system. Long filters can be used and adaptive

decorrelation filters can speed up the system convergence. Another solu-

tion is to use the hybrid ANC algorithm where the non-coherent signal

component can be controlled in the feedback subsystem. Next, the lo-

cations of the reference sensors are studied. It is found that a typical

non-minimum-phase secondary path requires a significant amount of

time advance for the controller to have an adequate control performance,

especially for low frequencies. The LDV-based remote acoustic sensing

arrangement is also investigated for these reference signals. Results

show that for a traditional reference microphone placed about 2.7 m
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away from the error microphone and which must be physically connected

to the ANC controller via cables, the remote reference sensing method

can achieve a comparable performance outcome but without any physical

connection.

• Chapter 5: Line-based sound measurement with
refracto-vibrometry
This chapter studies another LDV sound field measurement technique,

which is line-based instead of discrete point-based. A sound field can be

measured by an array of microphones distributed across the area of in-

terest or by moving a smaller number of microphones sequentially. Such

procedures can be time-consuming and expensive when high spatial res-

olution is required. Furthermore, the presence of physical microphones

might disturb the sound field. Refracto-vibrometry is an LDV sound

pressure measurement technique based on the acousto-optic effect. It

can serve as an alternative method to measure sound pressure at all

the points of interest without disturbing the sound field. In this chapter,

three processing methods, the filtered back-projection, the truncated

singular value decomposition and the Tikhonov regularisation methods,

are used to evaluate the sound field at an enclosure opening. Quantita-

tive comparisons with microphone array measurements show that the

Tikhonov regularisation method yields the best result.

• Chapter 6: ANC with refracto-vibrometry
This chapter investigates the use of refracto-vibrometry to measure the

sound field as the error signals to control noise propagating through an

opening, as illustrated in Fig. 1.25. Refracto-vibrometry can be prefer-

able in opening applications since it does not impose any physical sensor

challenges. Firstly, theoretical investigations are made to determine how

many error signals are required for an effective control performance

in a typical distributed layout regardless of which measurement tech-

nique. Both theoretical and experimental studies show that when the

number of error signals is similar to that of the secondary sources, the

high frequency noise can potentially increase. When using conventional

microphones, since the number is limited, the ANC performance is com-
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Figure 1.24: Demonstration of a "virtual ANC Headphone" - an ANC headrest
with ultra-broadband control.

promised. The main advantage of using refracto-vibrometry lies in using

a sufficiently large number of secondary sources controlling the high fre-

quency noise. A large number of error signals are readily available from

refracto-vibrometry while imposing no obstruction, which is favourable

for opening applications. This technique can serve as a complementary

error sensing method for controlling the high frequency noise, while low

frequency noise can still be controlled using conventional microphones

as error sensors.

• Chapter 7: Conclusions and future works
The final chapter presents a summary of conclusions drawn from the

work presented in the chapters and provides suggestions for future work.
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(b)

Figure 1.25: Demonstration of controlling noise through an opening by (a) a
distributed microphone array. (b) refracto-vibrometry with an LDV.
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Point-based Sound Measurement with LDVs

2.1 Introduction

C
ondenser microphones, being the primary tools for measuring sound

information, have been extensively studied and developed for many

decades with their related theories well-established. It is the funda-

mental tool for sound pressure measurement at the points of interest. In recent

years, micro-electro-mechanical-systems (MEMS) microphones have become

more attractive due to their extremely small size. Certain special microphones,

such as fibre-optic microphones (Bilaniuk, 1997; Garthe, 1991), also have

special purposes for certain applications. However, while being sensitive and

reliable, traditional microphones must be physically connected by cables for

both power supply and for data transmission. In many sound field control

applications in particular, for example, sound field reproduction and ANC,

performance is limited by the physical presence and/or the wiring complication

associated with traditional microphones (Eargle, 2012; Hansen et al., 2012).

In this chapter, an LDV is used as a part of the acoustic sensing element

instead of an evaluation tool. The concept originates from the “optical micro-

phone” or “laser microphone”, which can measure the vibration of objects at

points projected from a laser beam when excited by the sound sources. A piece

of retro-reflective tape is directly used as the diaphragm of the remote acoustic

sensing arrangement instead of a piece of conventional ultrathin metallised
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polyester film or metal foil in conventional microphones (Eargle, 2012). One of

the benefits is that the tape can be readily excited, which can lead to a wide

dynamic range for the solution. Furthermore, the use of the retro-reflective

material allows the laser beam to be at a wide range of angles with retained

effective performance (Burgess et al., 2011a). More importantly, the medium

between the LDV and the sensing retro-reflective membrane is simply air,

requiring no physical connection between the physical quantity “pick-up” and

the signal conditioning. Many applications can potentially benefit from this

configuration. So far, there have been no comprehensive studies on the use

of retro-reflective film as a direct acoustic pressure sensing component when

combined with LDVs. Even though the dynamic behaviour of membranes

has received significant attention, this has not yet included retro-reflective

material membranes, and the related measured signal quality of LDVs when

using them. These characteristics are crucial and must be determined before

such pick-ups are used in acoustic sensing and control applications.

The remaining chapter is organised as follows: the design of the traditional

condenser microphone and the response of the microphone diaphragm is

examined by an LDV in Chapter 2.2. The theoretical analysis of the vibration of

a circular membrane is presented in Chapter 2.3. An example of the membrane

design is provided in Chapter 2.4, accompanied by some discussions of the

design. The experimental performance validation in various aspects is reported

in Chapter 2.5, followed by the practical application challenges presented in

Chapter 2.6. Finally, the chapter is summarised in Chapter 2.7.

2.2 Traditional Microphone Diaphragm

2.2.1 Design and Theory

The governing equation for a circular membrane can be written as (Kinsler

et al., 1999; Zuckerwar, 1978)

∇2η(r,θ)+K2η(r,θ)= pin
T

− p(z, r,θ)
T

, (2.1)

where η(r,θ) is the membrane displacement, r is the radial coordinate and
θ is the azimuthal coordinate. pin and p denote the incident sound pressure

and the reaction pressure at the membrane surface, respectively. K is the
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Table 2.1: Properties of the 1/2 in. microphone used for the analytical calcula-
tion.

Diaphragm parameter Symbol Value Unit

Radius a 4.445×10−3 m

Thickness h 5×10−6 m

Density ρM 8900 kg/m3

Tension T 3162.3 N/m

wavenumber of the membrane (Kang, 2017; Leissa, 1989) with

K =
√ √

λ2d− iγd , λd =ω
σM

T
, γd =β

ω

T
, (2.2)

where i is the complex number, ω is the angular frequency, σM and T are the

surface density and tension of the membrane, respectively. β is a damping fac-

tor.

By applying the Dirichlet boundary condition at the rim,∣∣η(r,θ) r=a = 0, (2.3)

the zero-order solution for membrane displacement and velocity can be ex-

pressed as

η(r,θ)= 1
K2T

pin
[

J0(Kr)
J0(Ka)

−1
]
, (2.4)

v(r,θ)= iω
K2T

pin
[

J0(Kr)
J0(Ka)

−1
]
, (2.5)

where i is the complex number, a is the membrane radius. J0 is the zero-th
order Bessel function of the first kind. The membrane displacement is propor-

tional to the incident sound pressure, whereas the velocity is scaled by the

frequency ω.

The specifications of the Brüel & Kjær Type 4134 microphone shown in

Table 2.1 are used to calculate the relationship between the sound pressure

and the velocity of the microphone diaphragm. Assuming the incident sound

is white noise with an ideally constant sound pressure of 1 Pa, the magnitude

of the velocity of the microphone diaphragm is shown in Fig. 2.1.

The magnitude of the velocity is relatively low in the low frequency range.

For example, the magnitude of the membrane velocity at 1 kHz is –87.8 dB.
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Figure 2.1: The analytical model of the membrane velocity using the specifica-
tions of the Brüel & Kjær Type 4134 (1/2 in.) microphone.

At 10 Hz and 100 Hz, the magnitude becomes –127.8 dB and –107.8 dB,

respectively. It is clear that much greater energy is required to excite the

membrane in the low frequency range below 1 kHz. The signal-to-noise ratio

(SNR) in this frequency range can drop to a low value, making it difficult to

obtain useful information.

2.2.2 Experimental Examinations

The microphone used in the testing is the Antysound Anty M1212 1/2 inch

omni-directional free-field microphone. The protection grid was removed in the

experiment to make its diaphragm exposed to the laser beam from the LDV.

The LDV used in the experiments was the Polytec PDV-100 portable digital

vibrometer with a frequency range of 0.5 Hz to 22 kHz. The velocity resolution

is < 0.02 um s−1/
p
Hz. A loudspeaker located approximately 0.5 m away from

the microphone was driven by white noise. The diagram and the experimental

setups are shown in Fig. 2.2.

The frequency response of the membrane velocity from the LDV correspond-

ing to the white noise is shown in Fig. 2.3. It is apparent that the experimental

result agrees well with the analytical model. The magnitude of the membrane

velocity in the low frequency range (e.g. below 500 Hz) is considerably low and

increases as the frequency increases.

The coherence between the loudspeaker signal and the sound pressure

from the microphone and the membrane velocity from the LDV respectively

is shown in Fig. 2.4. The coherence between the loudspeaker signal and the

sound pressure is high (> 0.99) above 100 Hz. The coherence between the

loudspeaker signal and the membrane velocity measured from the LDV is high
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Figure 2.2: (a) Diagram of the system setup. (b) The experimental setup in a
hemi-anechoic chamber.
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Figure 2.3: The magnitude of the membrane velocity measured from the
LDV corresponding to the white noise from a loudspeaker, compared to the
analytical model.

above approximately 300 Hz. The low coherence value below 300 Hz makes it

difficult to convert the membrane velocity to the sound pressure.

The relatively low coherence value below 300 Hz is most likely due to the

low magnitude of the membrane velocity measurement, which is demonstrated

in Figs. 2.1 and 2.3. The low magnitude of the membrane velocity, accompanied

by high background noise in this region, can easily result in low SNR, hence

leading to a low coherence value.

2.3 Membrane Theoretical Development

The governing equation for a circular membrane shown in Fig. 2.5 should also

satisfy Eqs. (2.1) and (2.2).

When satisfying the boundary condition in Eq. (2.3), the solution for
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Figure 2.4: Coherence between the loudspeaker signal and the sound pressure
from the microphone and the microphone diaphragm velocity measured from
an LDV.
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Figure 2.5: (a) Schematic diagram of the demonstrated remote acoustic sensing
apparatus, where the LDV measures the acoustically induced vibration of the
membrane at the point of testing. (b) Cross section of the membrane with a
backing cavity. (c) Isometric view of the membrane.

Eq. (2.1) can also be written as

η(r,θ)= ∑∞
m=0

∑∞
n=1

AmnΨmn(r,θ), (2.6)

where Ψmn(r,θ) is the in vacuo modal shape of the membrane (Kinsler et al.,
1999), i.e.,

Ψmn(r,θ)=Re[Jm (Kmnr)cos(mθ)] , (2.7)

where Jm(x) is the m-th order Bessel function of the first kind. Kmn can be

obtained with Eq. (2.2) by using the natural frequency ωmn determined by the

boundary condition Re[Jm (Kmna)]= 0.

The modal coefficients Amn in Eq. (2.6) can be obtained as (Lavergne et al.,

2010)
1

T
Amn = (

K2−K2
mn

) ∫
S
[pin − p(z, r,θ)]Ψmn(r,θ)dS, (2.8)

where S is the membrane area.
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2.3. MEMBRANE THEORETICAL DEVELOPMENT

The reaction sound pressure inside the backing cavity is governed by the

Helmholtz equation (Morse & Ingard, 1986),

∇2p(z, r,θ)+k2p(z, r,θ)= 0, (2.9)

where k =ω/c0 is the acoustic wavenumber with c0 being the speed of sound
in air. the boundary conditions are

∂p(z, r,θ)
∣∣∣ = 0, (2.10a)

∂r ∣∣r=a
∂p(z, r,θ) ∣∣

∂z ∣∣ =D
= 0, (2.10b)

∂p(z, r,θ)
z∣∣ =−ρ0ω

2η, (2.10c)
∂z ∣

z=0
where ρ0 is the air density, and D is the depth of the cavity.

The solution to Eq. (2.9) can be expressed with the modal expansion

p(z, r,θ)=
s=0

∑∞
q=1

Bsqe
ikz z +Csqe

−ikz z∑∞ ( )
Φsq(r,θ), (2.11)

√

′
s

where kz = k2−ks
2
q , and the modal shape Φsq(r,θ) can be written as

Φsq(r,θ)= Js(kr)cos(qθ). (2.12)

By substituting Eq. (2.11) into Eq. (2.10a), one can obtain the eigenvalues

ksq from J (ksqa)= 0. In addition, substituting Eq. (2.11) into Eq. (2.10b) and

(2.10c) yields, respectively,

(2.13)Bsqe
ikzD −Csqe

−ikzD = 0,

ikz
(
Bsq −Csq

)
Φsq(r,θ)=−ρ0ω

2η. (2.14)

Applying Eq. (2.11) into Eq. (2.8) with z = 0 and integrating over the

membrane surface derives

T K2−K2
mn

( )
Amn +Lmn,sq

(
1+e2ikzD

)
Bsq = Pin,mn , (2.15)

where Eq. (2.13) is used to eliminate Csq, Lsq,mn denotes the coupling between

the membrane vibration and the sound pressure inside the cavity (Morse &

Ingard, 1986), which can be expressed as

Lmn,sq

=
∫

S
Φsq(r,θ)Ψmn(r,θ)dS

=Re
{
2πa ·δms ·εms

ksq −Kmn

[
KmnJs

(
ksqa

)
Jm−1 (Kmna)−ksq Jm (Kmna)Js−1

(
ksqa

)]}
,

(2.16)
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where δms is 1 for m = s and 0 for m ̸= s, εms is 1 for m = n = 0 and 0.5 for

m = s ̸= 0.

The (m,n)th mode modal coefficient of the incident sound pressure at the
membrane surface in Eq. (2.15) can be written as

Pin ,mn =
∫

S
pin Ψmn(r,θ)dS =

{ 2πapin
K0n

J1 (K0na) , m = 0

0, m ̸= 0
, (2.17)

where the incident sound pressure pin is assumed to be uniform over the

membrane surface.

Similarly, substituting Eq. (2.6) into Eq. (2.14) yields

ρ0ω
2 ∑∞

m=0

∑∞
n=1

AmnΨmn(r,θ)+ ikz

(
1−e2ikzD

)
Φsq(r,θ)Bsq = 0. (2.18)

Multiplying Ψmn(r,θ) on both sides of Eq. (2.18) and integrating over the
membrane surface generates

πa2ρ0ω2Λmn Amn + ikz

(
1−e2ikzD

)
Lmn,sqBsq = 0, (2.19)

where Λ0n = [J1 (K0na)]2 and Λmn = 1/2[Jm−1 (Kmna)]2 for m > 0.

By solving Eqs. (2.15) and (2.19) simultaneously, the modal coefficients Amn

and Bsq can be obtained, and Csq can then be derived from Bsq in Eq. (2.13).

After the modal coefficients are derived, both the membrane displacement and

sound pressure inside the cavity can be calculated from Eqs. (2.6) and (2.11),

respectively. As the wavelength for the sound pressure in the frequency range

of interest (up to 4 kHz) is much larger than the size of the membrane and the

cavity, both the membrane vibration and sound pressure inside the cavity are

assumed to be axisymmetric, which means the subscript m should be 0 in all

the above equations.

2.4 Retro-reflective Membrane Design and
Modelling

Fig. 2.6 shows an example of the illustrated membrane specimen, where a

piece of retro-reflective film (half shown for illustration purpose) had been

applied upon a cylindrical enclosed tube (inner diameter = 5.6 mm, depth of the

backing cavity = 3 mm) made of 3D printed acrylonitrile butadiene styrene. the
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3 mm

d = 5.6 mm

Figure 2.6: Membrane specimen (including the backing cavity) with a piece of
retro-reflective film (half shown here for illustrating the backing cavity) and
its composition; detailed specifications provided in Table 2.2.

commercial retro-reflective film (3M—Scotchlite Sheeting 7610) (Burgess et al.,

2011a) was pre-coated with glass beads and a reflective layer to ensure that

the reflected laser illumination could be directed in the same direction as in

the inbound path back to the LDV optics. the thickness of the retro-reflective

film was about 0.1 mm, with the size of the glass beads about 40 um. the

material of the supporting base tube can be either polymeric or metallic, even

though polymeric material is preferable in certain applications, such as near

a magnetic resonance imaging machine, or applications requiring the mem-

brane to be lightweight. When the membrane is stretched over the supporting

base, it can be either clamped by an outer ring as in conventional condenser

microphones (Hu et al., 1992), or adhered to the side of the supporting base

tube. the latter design was chosen here for simplified construction as shown in

Fig. 2.6. Table 2.2 provides the parameters of the membrane specimen with its

backing cavity.

Using the parameters in Table 2.2, the displacement of the membrane spec-

imen excited by a broadband white noise can be calculated using the analytical

solution provided above. Three values of the membrane tension T at 20 N/m,

34 N/m and 90 N/m were investigated with a corresponding damping factor β

of 100, 180 and 300, retrospectively, selected. the diameter of the membrane

was 5.6 mm in this case. the resulting displacements are compared in Fig. 2.7a.

For T = 20 N/m, the vibration resonance occurred at about 4.2 kHz. Although

the overall level was the highest among the three examples when subject to

the same SPL, i.e., 1 Pa, the working frequency range was only below 2 kHz,

which cannot meet requirements in many applications. When T = 90 N/m;

however, the resonant frequency occurred at approximately 9 kHz. Although
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CHAPTER 2. POINT-BASED SOUND MEASUREMENT WITH LDVS

Table 2.2: Parameters of the designed membrane specimen with the back-
ing cavity.

Quantity Symbol Unit Value

Membrane Specimen
(including the backing cavity)

Diameter d mm 4.0, 5.6, 7.0

Thickness h mm 0.1

Density ρM kg/m3 204

Tension* T N/m 20, 34, 90

Damping factor β – 100, 180, 300

Cavity depth D mm 3

Air
Sound speed c0 m/s 340

Density ρ0 kg/m3 1.205

* Tension of a membrane is determined by the measured resonance (Zuckerwar, 1978).

the working frequency range was wider (up to 6 kHz), the overall level was

low, indicating a low sensitivity that is not desirable in some situations. When

T = 34 N/m, the resonance occurred at 5.5 kHz, allowing the working fre-

quency range of the demonstrated apparatus to be up to approximately 4 kHz.

Meanwhile, the overall level (i.e., the sensitivity) was not significantly reduced.

Therefore, it was reasonable to choose the design when the tension of the

membrane is 34 N/m with a damping factor of 180.

In addition, the diameter of the membrane d was considered. Fig. 2.7b

shows three examples when the diameter is 4.0 mm, 5.6 mm and 7.0 mm.

the tension and the damping factor remained the same at 34 N/m and 180,

respectively. Similar to the case of the membrane tension, when d = 4.0 mm,

the vibration resonance was at 7.8 kHz, but the sensitivity was significantly

low. On the other hand, when d = 7.0 mm, the sensitivity was increased;

however, the resonance decreased to 4.3 kHz, leaving a working frequency

range below 3 kHz only. When d = 5.6 mm, the working frequency range was

up to 4 kHz with a satisfactory sensitivity compared to other scenarios.

In summary, the membrane tension is an important design factor. Increas-

ing the membrane tension, decreasing the diameter or decreasing the surface

density can increase the resonance frequency, thus extending the working

frequency range. However, the sensitivity and the dynamic range are reduced
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(a) (b)

Figure 2.7: The analytical displacements of the membrane (a) with three
tension values and the adjusted damping factors, and (b) with three diame-
ter values.

correspondingly (Kinsler et al., 1999). Therefore, for a given microphone design

and material, i.e., a fixed diameter and surface density, this retro-reflective

membrane should be properly stretched to have a balance between a sufficient

sensitivity and a high natural frequency for specified applications.

With the frequency range of the membrane demonstrated hereinafter, the

parameters of the retro-reflective membrane were chosen as d = 5.6 mm, T
= 34 N/m and β = 180 such that the presented remote sensing system can

measure various types of sound and noise, including human speech, which is

generally below 4 kHz.

2.5 Experimental Validation

As shown in the previous sections, the displacement of the membrane is propor-

tional to the incident sound pressure, and the output signal from the LDV can

be multiplied by the sensitivity, converting the electrical signal from the LDV

to the corresponding sound pressure. This is a similar approach to that used

for condenser microphones, which use a sensitivity to convert the measured

capacitance (converted to voltage) into sound pressure. As the sound pressure

at the exact point of the membrane is unknown, a reference microphone (or

multiple microphones) can be placed extremely close to the membrane speci-

men to monitor the sound pressure for calibration. Fig. 2.8a shows the system

configuration for calibration and evaluation. the experimental setup, shown

in Fig. 2.8b, was carried out in a hemi-anechoic chamber. the membrane under

test was placed on a metal rod with an adjacent reference microphone (Brüel
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(a) (b)

Figure 2.8: (a) System configuration. (b) Experimental setup.
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Figure 2.9: Analytical and experimental spectrum of the displacement of a
membrane specimen obtained with white noise excitation, where resonance
occurs at about 5.5 kHz.

& Kjær Type 4191) placed a distance of 0.01 m (dMM) away. the LDV (Polytec

NLV-2500-5) was located approximately 1.3 m (dLDV) away with a displace-

ment sensitivity setting of 50 nm/V. the laser beam was maintained at the

centre of the membrane throughout the experiments. A loudspeaker (Genelec

8010A) was placed approximately 1.0 m (dLM) from the microphone. the SPL

measured by the reference microphone was 90 dB.

The spectrum of the membrane displacement was obtained initially and

compared with the analytical solution in Fig. 2.9. It can be seen that the trend

of the experimental results generally agrees with the analytical equivalent.

There is a little discrepancy in the low frequency range, which might be caused

by some minor distortion in the membrane and some minor reflections from

the hemi-anechoic chamber. Nonetheless, the analytical model is valid for

predicting the behaviour of the membrane.
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2.5.1 Sensitivity

Conventional microphones use capacitance to represent the displacement of the

microphone diaphragm, whereas the remote acoustic sensing apparatus uses

the LDV to measure the membrane vibration displacement directly. the unit of

sensitivity becomes nm/Pa instead of mV/Pa as for conventional microphones.

However, the sensitivity of the proposed sensor cannot be made exactly like

that of a condenser microphone. the sensitivity can be calculated by comparing

the membrane displacement from the LDV to the SPL from the adjacent

reference microphone. Fig. 2.10 shows the both the displacement measurement

from the LDV and the SPL measured by the reference microphone and the

signals were recorded using the “Steady-State Response (SSR) Analyzer” in

the Brüel & Kjær Pulse LabShop software. the sensitivity of the membrane

was calculated from the difference between the two as about 6.7 nm/Pa (or

16.6 dB re. 1 nm/Pa) for the range of 200 Hz to 4 kHz.

Notice that the previous fluctuations in the displacement measurement

are also present in the reference microphone, which can confirm some minor

reflections in the testing environment. When the sensitivity was calculated,

the fluctuation was reduced to about ±2 dB from 200 Hz to about 4 kHz.

However, the magnitude of the sensitivity is still high below 200 Hz, e.g., about

7 dB difference at 100 Hz, even though the displacement measurement from

Fig. 2.9 was in agreement with the analytical result. This may be caused by

the sensor head vibration from the LDV, which is more likely excited by low

frequency sound. This issue has been extensively studied and solutions can be

found in (Halkon & Rothberg, 2021).

Also notice the unit of the sensitivity of the membrane is nano-metre per

Pascal (nm/Pa), whereas the one of the conventional condenser microphone

is typically milli-volt per Pascal (mV/Pa). As reviewed in Chapter 1.4.1, the

acoustically induced microphone diaphragm displacement is represented by

the capacitance, ergo the unit is in (milli-)volt. The LDV directly measures the

displacement, hence, the unit is expressed in (nano-)metre. Thus, direct com-

parison with the conventional microphones is not straightforward. However,

as analysed in the next section, the noise floor and the dynamic range of the

membrane will show the sound measurement capability.
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Figure 2.10: (a) Spectrum of the membrane displacement from the LDV and
the SPL by the reference microphone and (b) the corresponding sensitivity
of the membrane as in displacement with respect to SPL monitored by the
reference microphone.

2.5.2 Noise Floor and Limits

The overall background sound pressure level in the hemi-anechoic chamber

measured by the reference microphone was approximately 23 dBA to 20 uPa.

Meanwhile, the total background noise of the LDV was measured to be about

−51 dBA re 1 nm, which was determined by pointing the LDV to the floor

of the hemi-anechoic chamber. the background noise of the LDV cannot be

simply translated to a sound pressure level using the sensitivity because the

membrane displacement may not be proportional at a very low sound pressure

level. To investigate this, the sound source with white noise was decreased

from a total value of 90 dB to 50 dB with a step of 10 dB. As shown in Fig. 2.11a,

the decrements were mostly consistent across the spectrum. In addition, three

tonal signals at 500 Hz, 1 kHz and 4 kHz were set to various levels from 90 dB

to 10 dB to observe the corresponding membrane displacement, which is shown

in Fig. 2.11b. Overall, the membrane displacement is valid only when the SPL

is above an overall level of about 60 dB. Below this level, the change in the

membrane displacement is not proportional to the one in the SPL. This can

also be observed in Fig. 2.11, where the decrements of the displacement from

20 dB to 10 dB below 300 Hz did not follow the trend. To measure an even lower

SPL, a larger membrane can be used, though the effective frequency range

may be reduced as discussed previously. the maximum SPL in these tests

was only up to 90 dB due to the rating of the sound source (96 dB maximum).

However, the upper limit of the proposed system could be well beyond this,

likely above 130 dB.
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Figure 2.11: Membrane displacement measurements with different SPLs from
(a) an overall value of 90 dB to 50 dB and the background noise of the LDV,
and (b) 90 dB to 10 dB measured by a reference microphone at 500 Hz, 1 kHz
and 4 kHz.

2.5.3 Total Harmonic Distortion (THD)

The harmonic distortion is an important property in evaluating a microphone

for sound measurements. Because the LDV measures the vibration of the

target, the main sources contributing to the distortion are anticipated to be

the membrane itself and the supporting base. the total harmonic distortion

(THD) at a frequency can be calculated with

THD=
√√√√ A2

2+ A2
3+ A2

4+ A2
5

A2
1+ A2

2+ A2
3+ A2

4+ A2
5

×100, (2.20)

where A j is the amplitude of the j-th harmonic. the THD spectrum mea-

sured by the reference microphone and the constructed membrane is shown in

Fig. 2.12. As a well-designed and manufactured sensor, the THD of the refer-

ence microphone is small overall, which is below 3% above 150 Hz and below

1% above 300 Hz. the custom-made retro-reflective membrane has a similar

result, except for some slightly higher THD at a few frequencies below 300 Hz.

Above 300 Hz, the THD for the custom-made retro-reflective membrane is also

approximately 1%. When it is used for noise control applications, for example

in Chapter 3, the THD is not so severe as to cause any noticeable performance

degradation.
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Figure 2.12: THD spectrum obtained by the reference microphone and the
membrane specimen.

2.6 Practical Challenges

2.6.1 Laser Beam Incidence Location

The circular membrane displacement η(r,θ) is related to the radial distance
r, which is expected to be the most significant at the centre of the membrane.
When the laser beam projection point on the membrane deviates from the

centre, the detected vibration level drops. the vibration level at the edge

should ideally approach zero. However, due to the lightweight nature of the

structure, the boundary is not completely free of vibration, particularly in

the low-frequency range. Fig. 2.13 shows the experimental results, where five

laser beam incidence points on the membrane from the centre to the edge,

each separated by 0.7 mm, are shown. the membrane vibration level drops

significantly in the higher frequency range for increased distance from the

centre. For example, at 5.5 kHz, the sensitivity of the sensor dropped from

about 32.7 dB at the centre to about 31.3 dB, 28.1 dB, 14.2 dB and −7.0 dB
at off-centre points #1, #2, #3 and at the edge, respectively. Sensitivity is

also reduced in the low-frequency range but by a diminished amount. This

is primarily caused by the vibration from the whole structure, which mostly

occurs at low frequencies. If any deviation occurs in the application, adjustment

should be made to equalise the measurement.

2.6.2 Laser Beam Incidence Angle

LDVs have been used for many instruments with polished metallic surfaces,

for example, a microphone diaphragm (Suh et al., 2019; Xiao et al., 2021a).
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Figure 2.13: (a) Five evaluation points for the laser beam on the membrane
specimen - centre, off-centre #1, off-centre #2 and the edge. the interval of
the points is about 0.7 mm. (b) Sensitivity of the membrane specimen at the
five points.

However, these mirror-like surfaces only allow the laser beam incidence to be in

the normal direction. By using retro-reflective film as the membrane, the laser

beam from the LDV can be projected onto the membrane from a wide range of

non-normal incidence angles. Fig. 2.14 presents the membrane vibration levels

when the laser beam from the LDV was kept at the centre but with various

incidence angles. When in the normal direction, the measured membrane

vibration level was the most significant. As the incidence angle increases, the

overall vibration level reduces. the magnitude of the displacement should be

applied with cos(ϕ) such that it has the most significant value when ϕ= 0, that

is, the normal direction; it has the least significant value when ϕ= 90, that is,

the laser beam is parallel with the membrane. For example, at 5.5 kHz, the

magnitude was approximately 32.4 dB. When the incident angles are at 10 and

20 degrees, there was no obvious difference, as the difference, in theory, is less

than 1 dB. When the incidence is at 30 degrees, the magnitude is reduced to

31.5 dB. At 40, 50 and 60 degrees, the magnitude dropped to 31.0 dB, 29.0 dB

and 27.7 dB, respectively. This reduction follows the expectation. When the

incidence is below 30 degrees, the reduction in the magnitude is less than

1 dB, which is not large to cause significant errors. When the incidence is

beyond 30 degrees, the reduction in the magnitude cannot be neglected and

adjustments must be made for correct measurements.
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Figure 2.14: (a) Incidence of the laser beam with an angle ϕ. (b) Sensitivity of
the membrane specimen with different incoming angles.

2.6.3 Signal Delay

Due to the electronic signal conditioning components within the LDV, delay of

the measured signal should be investigated. With the configuration and setup

shown in Fig. 2.8, signals from the reference microphone and the LDV were

recorded synchronously. the distances from the loudspeaker to the membrane

and the reference microphone are the same because they are close to each other.

Thus, the acoustical transmission delays for the two sensors are the same.

By only comparing the displacement signal from the LDV (Polytec NLV-2500-5)

with the SPL measurement from the reference microphone, it was found that

there was only 3-sample delay when the sampling rate of the recorded data

was set to 65.536 kHz, i.e., there is about 46 us delay of the LDV signal with

respect to microphone signal.

2.7 Summary

A remote acoustic sensing apparatus that consists of a retro-reflective mem-

brane and an LDV at a remote location has been reported. This system can

measure acoustical pressure signals at remote locations with a minimal instru-

mentation footprint. The small circular membrane pick-up without any cables

can be placed at the location of interest, whereby an LDV can then measure the

acoustically induced membrane surface vibration at that remote location. The

membrane was purposefully chosen to be retro-reflective to allow a wide range

of LDV laser beam incidence angles. The sensitivity of the proposed sensor

was calculated, and the noise floor of the LDV and the THD were reported. In
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addition, some practical issues in applications, such as the exact laser beam

incidence location on the membrane, the incidence angle and the signal latency,

were addressed. The demonstrated membrane has a working frequency range

from 200 Hz to 4 kHz, which is sufficient in some acoustic sensing, speech

measuring applications.

However, it should be noted that there are some factors potentially limiting

the functionality of the proposed system. First, although the system allows

for remote and wireless acoustic measurements, small membranes are still

required as the acoustic pick-ups. Second, since the measurements are made

from the LDVs placed at a remote location, the paths for the laser beams must

be cleared and thus the placement of these devices can be limited. One possible

solution can be to include one or multiple small galvanometer-driven beam-

steering mirrors to redirect the laser beams depending on a specific application.

Last, the laser beams from LDVs might be disturbing or hazardous particularly

when human users are involved. Although eye-safe, such a system should be

designed such that these hazards shall be minimised.

Future work will include designing the membrane to yield a solution with a

wider frequency range. For example, using a thinner material (e.g., graphene)

treated to be retro-reflective can possibly be used to both broaden the frequency

range and improve the sensitivity.
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ANC with Remote Error Sensing

3.1 Introduction

L
ong-term exposure to either occupational or environmental noise can

lead to a series of diseases, both auditory (Zhou & Merzenich, 2012)

and non-auditory (Stansfeld et al., 2005; Stansfeld & Matheson, 2003).

ANC headphones are commonly used by passengers and aircrew in aircrafts,

where the cabin noise during long haul flights is known to be detrimental to

health and wellbeing (Stansfeld et al., 2005; Zevitas et al., 2018). However,

longer-term use of such solutions can cause discomfort and/or fatigue because

of the requirement to create a sealed volume around the ear which requires

extra earcup clamping pressure. Solutions that can deliver sound reduction

performance on par with that of earmuffs-based ANC headphones, but without

the need to wear anything, would have value in many scenarios such as

for machinery or equipment operators, for drivers of vehicles and for people

working in open plan offices.

A substantial amount of effort has been made to move the required sec-

ondary loudspeakers and error sensors of ANC systems away from the user’s

ears and head while still realising effective noise reduction (Buck et al., 2018;

Elliott & Jones, 2006; Garcia-Bonito et al., 1997; Jung et al., 2019; Olson &

May, 1953; Rafaely et al., 1999). Indeed in an ANC headrest system (also

known as an active headrest in some literature), both the secondary loudspeak-
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ers and the error microphones can be installed within the seat to reduce the

primary sound at both of user’s ears (Olson & May, 1953). Due to the difference

between the sound pressure measured at these remote microphone locations

and that at the user’s ears, such a solution cannot guarantee sufficient sound

reduction, particularly in the higher frequency range. Since the first proposal

of ANC headrest technology in 1953 (Olson & May, 1953), many virtual error

sensing algorithms have been proposed which estimate the sound pressure at

the ears based on the signals obtained from physical microphones positioned

at alternative remote locations (Cazzolato, 1999; Elliott & David, 1992; Elliott

et al., 2018; Jung et al., 2018; Moreau et al., 2008; Roure & Albarrazin, 1999).

The upper-frequency limit for effective sound control remains relatively low

with a recently proposed system consisting of an array of four microphones and

a head tracking system still only achieving sound reduction up to 1 kHz for a

single sound source (Elliott et al., 2018; Jung et al., 2017, 2019). While this

may be sufficient for certain low frequency ambient or machine induced noise,

it is less effective for speech or other higher pitch sounds. In addition, the num-

ber of microphones required can be significant when using such a technique

for real-world applications; this is not desirable in many applications.

In this chapter, a remote acoustic sensing approach using an LDV (Rothberg

et al., 2017) and a small membrane “pick-up” is examined in a real-time ANC

headrest system. This arrangement includes a retro-reflective film as the

membrane pick-up located at the user’s ear with an error-sensing LDV being

positioned at a location remote from the user. Chapter 3.2 describes the remote

error sensing system design, which also includes the ANC algorithm used in

the system, the developed head tracking system and the optimal placement

of the membrane. Chapter 3.3 demonstrates the ANC performance of the

proposed system dealing various types of noise and when the head motion

from the user is present. Chapter 3.4 extends the demonstrated system even

further by using the parametric array loudspeakers as the secondary sources.

Some discussions are provided in Chapter 3.5 and then it is summarised in

Chapter 3.6.
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3.2 System Design

LDVs typically have very high sensitivity with commercially available in-

struments able to resolve vibration displacements down to pm and velocities

down to nm/s resolution. The membrane pick-up can be designed to be small

and lightweight and have a wide dynamic range. Furthermore, being retro-

reflective, the membrane can tolerate a wide range of inbound laser beam

incidence angles, making this combination suitable even when the user’s head

moves (in combination with measurement point tracking as also described).

Importantly, however, such a remote acoustic sensing approach can be highly

attractive in an ANC application because the bulk of the signal processing

components are located away from the user. The only minor encumberment

on the user, to yield a practically realisable solution, is that they must wear a

small optical pick-up, of no more mass nor volume than a typical piece of ear

jewellery, on or ideally close to each ear canal.

Since the system does not include any largely intrusive actuators, sensors

or bulky materials around the user’s ears, it is described as a “virtual ANC

headphone”. It neither installs any bulky error microphones with accessories

on or near to the user’s head, nor uses a large number of microphone arrays

with certain virtual sensing algorithm methodologies to estimate the sound

pressure at the ears based on measurements from elsewhere. As will be shown

in the remainder of the chapter, this virtual ANC headphone system has

significantly better performance than any other virtual error sensing solutions

in the published literature thus far. While there remains further work to yield

a commercially viable practical version of the solution, it is proposed that the

technical benefits justify its proposal and continued investigation.

A schematic showing the proposed system components and their arrange-

ment is shown in Fig. 3.1. Two secondary loudspeakers are placed behind

a user’s head (as they would be if integrated into a headrest), one at either

side to control the primary sound from the surrounding environment at each

ear and to thereby place the user in a quieter environment. An LDV is used

to determine the acoustical signal at the ear canal entrance by measuring

the surface vibration of a small, lightweight and retro-reflective membrane

pick-up located nearby. While Fig. 3.1a shows two inbound laser beams, one to

each ear, a single-ear solution is considered and described herein for the sake

of brevity and clarity but with no loss of generality for the two-ear equivalent.
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Figure 3.1: A virtual ANC headphone. (a) A quiet zone is formed in each ear
by using a nearby secondary loudspeaker pair to reduce the sound in the
ear, the required error signal being determined from an LDV measurement
of the vibration of a small membrane pick-up located close to the ear canal.
Movement of the user is accommodated by a camera-based tracking system,
which actively controls the galvanometer-driven mirrors to steer the laser
beam and maintain its position on the membrane. (b) The locations of the
secondary loudspeakers. Each secondary loudspeaker generates anti-noise
signals through the ANC controller (not shown).

For ANC systems, a quiet zone is defined as a region in which more than

10 dB sound attenuation is achieved, with the zone size being about a tenth of

the wavelength of the sound in a diffuse sound field (Nelson & Elliott, 1991).

When the membrane is placed close to the ear canal, such a quiet zone can be

created around it, thereby reducing the sound propagating to the tympanic

membrane (eardrum). The two secondary loudspeakers presented here were

placed 0.44 m apart with an azimuth angle of 45 degrees pointing to the user

as shown in Fig. 3.1b. The controller takes the surface vibration velocity of the

membrane from an LDV as the error signal for the adaptive control, the details

of which can be found in the Methods - Noise control algorithm subsection.

Normal head movements can be accommodated by a relatively straight-

forward camera-based tracking system, outlined in Fig. 3.1a, which actively

controls a pair of orthogonal, galvanometer-driven mirrors to maintain the

probe laser beam incidence on the centre of the membrane. Through the appli-

cation of a bespoke image processing algorithm, the LDV can thereby remotely

obtain the acoustical error signal in real-time.

The experimental setup is presented in Fig. 3.2a. The experiment was
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Table 3.1: The measured parameter values of the retro-reflective material used
in the system.

Parameters Symbol Value Unit

Thickness h 0.1 mm

Density ρM 204 kg/m3

Tension T 33 N/m

Young’s modulus E 205 MPa

performed in a quiet room with a background sound pressure level of 38.5 dBA

(A-weighted SPL, dB re. 20 uPa). A head and torso simulator (HATS, Brüel &

Kjær Type 4128-C) with right and left ear simulators was used to measure the

sound that would be experienced at the eardrums in a user’s ears. Fig. 3.2b

shows the design and the configuration of the membrane pick-up used in this

system. The pick-up consists of a piece of retro-reflective film (3M - Scotchlite

Sheeting 7610) (Burgess et al., 2011b), 0.1 mm in thickness, stretched over

and adhered to a short, enclosed polymeric cylindrical tube with a diameter of

9.2 mm, a depth of 4.6 mm and a mass of approximately 0.2 g. The resulting

combination is therefore as minimally invasive as practically possible in terms

of size and mass. The film was used as the membrane so as to maximise the

backscattered optical signal in relation to the inbound laser beam, irrespective

of a non-normal beam incidence, this being advantageous in the presence of

inevitable head movements. The membrane works similarly to a microphone

diaphragm, converting the acoustical pressure induced mechanical vibration

ultimately to an electrical signal. However, in this case, there is neither any

electronic components inside (e.g. a preamplifier to process the measured

signal), nor the need for wiring for signal transmission. Instead, signal con-

ditioning and conversion are completed remotely in the LDV opto-electronics.

Detailed parameters for the retro-reflective material and the frequency re-

sponse of the membrane pick-up have been determined and can be found in

Figs. 3.3 and 3.4 and the Table 3.1.

It should be noted that the laser type used in the experiment was the Class

2 Helium-Neon 633 nm. While eye-safe, it may cause an undesirable effect

and distract/dazzle the user if visualised, even briefly. Alternatively, invisible

infrared-based LDVs could be used in future developments.
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Loudspeakers
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(a) (b)

Figure 3.2: Experimental setup for a stationary HATS. (a) Two secondary
loudspeakers were placed behind the HATS for sound control. Multiple primary
loudspeakers (three shown) were located arbitrarily to simulate unwanted
sound from different directions. The probe laser beam from the LDV was
directed toward the membrane in the ear. (b) A membrane was placed close
to the ear canal of the left synthetic ear of the HATS. The LDV remotely
determines the surface velocity of the membrane as the error signal for the
ANC controller.

The data acquisition system is at a remote location along with the LDV

in the proposed arrangement. The LDV (Polytec PDV-100) has a measurable

frequency range from 20 Hz to 22 kHz. The LDV was mounted on a tripod,

vibration isolated from the HATS and the loudspeakers (Genelec 8010A). The

sampling rate of the ANC controller (Antysound TigerANC WIFI-Q) was set to

32 kHz, and the filter lengths for both primary and secondary paths were set to

1024 taps. It should be noted that the adaptive control algorithm simply took

the measured membrane velocity signal directly and attempted to minimise it.

While the velocity signal could potentially be converted into sound pressure by

some means, this was not necessary - the outcome would be the same whether

it be the raw signal or some derivative of it.

3.2.1 ANC Algorithm

The ANC controller uses the feedforward structure with the filtered-x least

mean square (FxLMS) algorithm (Hansen et al., 2012). The block diagram

of the algorithm is shown in Fig. 3.5. Subscripts L and R are used in place

of “Left” and “Right”. For each side of the ear, the reference signal x(n) was
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Figure 3.3: (a) Photos of the tensile testing using an Instron ElectroPuls
E10000 Test System to determine the properties of the retro-reflectivematerial
used in the system. Ten ASTM dog-bone specimens were cut out for the tensile
testing. (b) Top - The load-extension curve of ten specimens from the tensile
testing and the average value. Bottom - The stress-strain curve of the average
value converted from the load-extension curve. The dotted part shows the
elastic region of the testing material.

taken from the primary source for the adaptive ANC controller to calculate

the control signal y(n) for the secondary loudspeaker. An LDV measures the

error signal e(n), which can be represented as

e(n)= p(n)+wTr(n), (3.1)

where w is the vector of controller coefficients and r(n) is the estimated

filtered reference signal vector, with r(n)= ŝ(n)∗x(n), where ŝ(n) is the impulse
response of the estimated secondary path filter and x(n) is the reference signal
vector. The * symbol represents signal convolution. The controller coefficients

are updated with

w(n+1)=w(n)−µr(n)e(n), (3.2)

where µ is the convergence coefficient. The error signal e(n) in this case is the
membrane surface vibration velocity measurement from the LDV.

3.2.2 Head Tracking System

The LDV used with the tracking system was a Polytec NLV-2500-5 laser

vibrometer, which was placed about 0.3 m away from the left ear of the HATS.

The measurement sensitivity was set to 5 mm/s/V leading to a typical velocity

resolution of 20 nm/s/
p
Hz (Polytec GmbH, 2019). The controller used in the
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Figure 3.4: (a) Eight nominally identical membrane specimens were used to
determine the surface vibration frequency response performance. Membranes
were placed in an environment within a semi-anechoic chamber and subjected
to white noise excitation from a nearby loudspeaker. An LDV (Polytec PDV-100)
was used to measure the resulting surface vibration from the centre of each
membrane. (b) Top - The frequency response of the eight membrane specimens.
Bottom - The mean value of the eight membrane specimens.

demonstration for the object tracking was a Raspberry Pi 3B+, accompanied

by a 30 fps, 5MP Omnivision 5647 camera module. A circular piece of yellow

tape was adhered to the ear lobule as a marker for object tracking purposes

(shown in Fig. 3.6). After setting the laser beam to the centre of the membrane

in the initial, stationary head stage, the controller detected any subsequent

movement of the marker and therefore of the membrane. The movement of

the membrane can then be translated into the movement of the marker in

the controller. Revised galvanometer outputs, which are directly related to the

position of the point-of-interest in two orthogonal directions (x and y) in the
plane of the motion, were derived. An MCP4725 digital-to-analogue converter

was used to convert the digital signals from the Raspberry Pi to analogue

voltage signals for the galvanometer mirror controller. The galvanometer

mirrors were from GSI Lumonics with a matching, tuned for position, precision
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Figure 3.5: The block diagram of the adaptive active control algorithm for
controlling the vibration velocity of the membrane measured by an LDV at each
ear. At each side, the error signal is controlled separately by the corresponding
secondary loudspeaker instead of being controlled simultaneously.

driver, MiniSAX. As a result, the steering mirrors adjusted the laser beam

path such that it remained on the membrane enabling the LDV to measure

the membrane surface velocity as the error signal for the ANC system.

The recognition of the object was implemented through colour extraction

in OpenCV. The marker was extracted using an adequate threshold of a series

of colour images. The image becomes binary as

B(x, y)=
{
1, (I(x, y)≥λ)

0, (I(x, y)<λ)
, (3.3)

where I(x, y) and B(x, y) are the pixel value of the original image and the

binarised image, respectively. λ is the threshold for the chosen marker.

Due to the circular shape of the marker, the mass centre of the target

object can be readily determined, this being the centre of the marker. Between

adjacent frames, the pixel shift of this centre was used to obtain the moving

velocity of the object vp(x, y). This in turn can translate to the velocity of the
target object in reality vr(x, y), which is expressed as

vr(x, y)|D =βvp(x, y), (3.4)

where β is a scaling factor for a given distance D between the camera and the

target object. The value of β was determined during the setup and calibration

stage, where the parameters of the tracking system, such as the distance D
and the offset between the marker and the membrane, were specified.
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Figure 3.6: (a) Configuration of the head tracking system with a single primary
loudspeaker. The tracking system and the LDV are placed to the left side of the
head. (b) The construction of the tracking system with a pan and a tilt mirror
for steering the laser beam. The camera is attached to the controller for the
target object tracking. (c) A yellow marker is placed below the membrane on
the ear lobule as the target object. (d) Schematic of the camera-based tracking
system showing the laser beam path from the scanning LDV.

3.2.3 Membrane Placement

Although obvious to place the membrane pick-up as close to the ear canal

as possible, it is not immediately clear which specific location/s were more

feasible/optimal and what the ANC performance might be for each. Four

possible pick-up locations are considered, where location #1 is on the anterior

notch of the pinna, location #2 the tragus, location #3 the cavum concha, and

location #4 the lobule. The experiments were performed in the left synthetic

ear of the HATS. Only one loudspeaker, located 0.6 m away directly to the

rear of the HATS, is used here as the primary source. The primary source

signal was a broadband grey noise with a customised Fletcher-Munson curve

62

Secondary 
Loudspeakers

Primary 
Loudspeaker

Tracking System

LDV

MarkerMembrane

Membrane

Marker



3.2. SYSTEM DESIGN

0 1 2 3 4 5 6 7 8
Frequency (kHz)

-80

-60

-40

-20

0

M
ag

ni
tu

de
 (d

B)

Figure 3.7: The spectrum of a customised Fletcher-Munson curve filter.

filter (Fletcher & Munson, 1933) from 500 Hz to 6 kHz* shown in Fig. 3.7. The

filter was applied here to yield a measured SPL with a flat frequency response

inside the HATS. The overall SPL at the left tympanic membrane was 77.7 dB

(re. 20 uPa - omitted hereafter for brevity) with ANC off.

The ANC performance is presented in Fig. 3.8. With ANC on, the perfor-

mances at locations #1 and #2 were similar with the overall SPL being 69.2 dB

and 70.9 dB, respectively. However, the sound reduction was only significant

at frequencies below 4 kHz. The reason may be that the sound pressures

measured at these two points are only similar to that at the ear canal below

4 kHz. Thus, the control performances at the two points are also limited up to

4 kHz. The sound reduction at location #3 was the best with an overall SPL

of 63.5 dB when ANC was on. The overall SPL was reduced by 14.2 dB over

the entire frequency range from 500 Hz to 6 kHz. Location #4, the lobule, was

further away from the ear canal than any of the other selected locations. The

effective frequency range of the sound reduction was only up to approximately

3 kHz with an approximately 6 dB increase in fact observed over the 5 to 6 kHz

range†. Based on the outcomes from this membrane location performance

analysis, location #3 (the cavum concha) was identified as the optimal location

for the membrane; in the remaining experimental investigations described

herein, this is therefore the membrane position employed.

*The work presented herein focuses on the high frequencies above 500 Hz. When ANC
headrest is used in an enclosure, e.g., in a vehicle cabin, global control works well below
300 Hz (Elliott, 2000), and thus lower frequencies are not considered.

†There are possible solutions to improve the ANC performance when the membrane cannot
(or not preferred to) be placed at location #3. One possible solution is to use a remote sensing
technique (e.g., RM, VMC, or AF-VS as reviewed in Chapter 1.3.2). This issue will be further
discussed in Chapter 7.2.
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Figure 3.8: The SPLs (dB re. 20 uPa) measured from the left ear simulator of
a HATS, simulating the sound that a user experiences at the left tympanic
membrane with and without ANC, when the membrane was at (a) location #1 -
anterior notch; (b) location #2 - tragus; (c) location #3 - cavum concha; and (d)
location #4 - lobule of the HATS left synthetic ear.

3.3 ANC Performance

3.3.1 Broadband Noise

Fig. 3.9 shows the measured noise spectra for each ear without and with ANC

for three different primary sound field scenarios. Loudspeaker(s) driven with

common signals were arranged to create increasingly complex surroundings

with one or multiple reflectors. The signal used was again the broadband

grey noise equivalent to that used to obtain the results presented in Fig. 3.8.

All the test results were obtained by averaging over a 15-second data length.

Fig. 3.9a shows the setup where a single primary source was located 0.6 m

away directly to the rear of the HATS to simulate the sound coming from

a nearby source without considering any reflections from the surroundings.

After enabling ANC, almost 15 dB attenuation was realised with the overall
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SPL* being reduced from 78.1 dB to 63.8 dB and from 77.3 dB to 62.0 dB at

the left and right ears respectively. This scenario is similar to that presented

in the current state-of-the-art system (Elliott et al., 2018), where the sound up

to 1 kHz was controlled, albeit here the improvement achieved is over a much

wider frequency range, up to 6 kHz. Note that the tests were still performed

at each side separately instead of being taken simultaneously in this case.

Fig. 3.9b shows the setup and results from a situation in which two primary

loudspeakers were placed arbitrarily at two different locations. This can repre-

sent a situation when the user is close to a large rigid reflecting surface, such

as a table or a wall. In this case, the acoustic signals from the original source

and the reflector are coherent. Approximately 13 dB attenuation was obtained

with the overall SPLs being reduced from 80.2 dB and 77.9 dB to 66.0 dB and

65.2 dB at the left and right ears, respectively. Fig. 3.9c shows a more general

situation where multiple reflectors exist. Four primary loudspeakers were

arbitrarily positioned at various locations around the head to achieve this.

Approximately 11 dB attenuation was obtained with the overall SPL reduced

from 80.4 dB to 68.9 dB and from 80.1 dB to 69.4 dB at the left and right

ear respectively. In all three of these example scenarios, the demonstrated

system yielded a minimum 10 dB reduction across the entire 500 Hz to 6 kHz

frequency range. It is worth noting that the placements of these primary

sources were created arbitrarily, however, the control performances observed

are expected to be similar for any other similar configuration.

To examine the effects of the noise floor of the LDVs, different levels of

the primary source signal have been studied. Similar to the reference (Elliott

et al., 2018), where the primary source was placed about 1.2 m directly behind

the HATS, the right ear was controlled using the proposed method. Three

tests were performed with the grey noise described in the manuscript as the

primary sound. These tests were carried out in a hemi-anechoic chamber to

eliminate the interference from other sound sources. Note that the background

SPL in the chamber is about 23 dBA. This background noise observed by the

HATS is slightly higher than this value due to the ear simulators.

The ANC results of the error signals from the LDV and the SPLs observed

by the HATS are shown in Fig. 3.10, and the corresponding overall values are

* )lTh overa l SPL sum the )energy at all the frequencies. It is calculated as SPL (dB)=
10log10

e(
p2overall

p2ref
= 10log10

(s∑N
i=1 pi

2

p2ref
, where pref = 20 uPa, N is the total number of frequencies.
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(c)

Figure 3.9: Three configurations of the primary loudspeakers and the cor-
responding SPL (dB re. 20 uPa) with and without ANC at both ears. (a) A
single primary loudspeaker was used to simulate the sound from a single
source nearby. (b) Two primary loudspeakers were used to simulate two sound
sources nearby or a single sound source with a nearby reflecting surface. (c)
Four primary loudspeakers were used to simulate sound from multiple direc-
tions, approximating a general case in practice.

shown in Table 3.2. It is clear that noise floor of the LDV signal is sufficiently

low in these cases and does not cause any problem for the active control in

this research. It is also interesting to note that ANC performance observed by

the HATS in Test 2 is slightly better than that in Fig. 3.9a. A possible reason

is that the background noise in this case is lower than the one presented in

Fig. 3.9a with a background noise of about 38.5 dBA.
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Figure 3.10: The SPLs (left) and the magnitude of the LDV signal (right)
without and with ANC for (a) test 1, (b) test 2 and (c) test 3.

Table 3.2: The overall SPL and the velocity from the LDV without and with
ANC under three levels of sound.

Overall SPL (dB) Overall velocity (dB)
Without ANC With ANC Without ANC With ANC

Test 1 93.1 71.4 –23.3 –57.5
Test 2 81.8 61.7 –34.7 –63.0
Test 3 73.1 57.0 –43.4 –64.2

Noise Floor 34.3 –83.8
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3.3.2 Environmental Noise

To further demonstrate the capability of the proposed solution, performance in

the presence of three different kinds of pre-recorded common environmental

noise scenarios was assessed. Similar to the configuration implemented re-

cently, the primary source was located about 1.2 m directly behind the HATS,

with only one channel (right ear) being controlled. The three experiments were

performed in a hemi-anechoic chamber. Firstly, a recording of aircraft interior

noise (Transportation Ambience, 2019) was used as the primary source signal.

The 15-second signals observed by the HATS before and after ANC are shown

in Fig. 3.11a with the corresponding spectra averaged over this duration also

shown. The overall SPL was significantly reduced from 74.7 dB to 59.6 dB -

a greater than 15 dB improvement. Secondly, an example of an aircraft flyby

noise (Airplane Sound Effects, 2019) was examined. Fig. 3.11b shows the time-

domain signal observed by the HATS of such non-stationary noise before and

after ANC and the spectrum (averaged from 3 to 8 s only). Again, there was a

significant reduction over the 500 Hz to 6 kHz range. Indeed, where the noise

was the most pronounced, i.e. from 3 to 8 s, the overall SPL was reduced from

about 82.1 dB to 61.6 dB - a greater than 20 dB sound attenuation. Lastly,

a recording of a crowd of people talking was used as the primary source sig-

nal (BBC Sound Effects, 2019). Fig. 3.11c shows the 15-second time-domain

and the frequency-domain signals before and after ANC again. The overall

SPL was controlled from 75.5 dB to 59.8 dB; over 15 dB reduction was achieved.

Table 3.3 summarises the averaged overall SPLs without and with control

using the proposed system for these new scenarios, where 15-20 dB noise

reduction up to 6 kHz can be achieved using the proposed system. The audio

recordings before and after ANC can be experienced through Supplementary

Movie 1. It is important to note that the current state-of-the-art virtual sensing

ANC solution, with a quoted upper frequency performance of around 1 kHz,

would not yield as impressive a performance as the virtual ANC headphone

presented herein since, as can be observed in Fig. 3.11, the more significant

frequency content in all three example signals primarily exists in the 2 to

4 kHz range.
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Figure 3.11: The time-domain signal observed by the HATS and the corre-
sponding sound pressure level (dB re. 20 uPa) without and with ANC for (a)
aircraft interior noise, (b) aircraft flyby noise and (c) ambient noise of people
talking.
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Table 3.3: The averaged overall SPL without and with proposed ANC system
for three types of synthetic example environmental primary noise.

Noise type
(average duration)

Averaged overall SPL (dB)

Without ANC With ANC Noise reduction

Aircraft interior (0-15 s) 74.7 59.6 15.1

Aircraft flyby (3-8 s) 82.1 61.6 20.5

Ambient speech (0-15 s) 75.5 59.8 15.7

3.3.3 Head Motion

A person is prone to exhibit continuous head motion, therefore, the probe

laser beam from the LDV should be able to track the corresponding arbitrary

motion of the membrane in the ears. Such tracking LDV solutions have been

widely researched, developed and applied for numerous complex measurement

tasks (Rothberg et al., 2017); the scenario herein represents a further interest-

ing application. A simple tracking system shown in the previous section was

therefore implemented to demonstrate the proof of concept. The scenario used

here is the same as the one described in Fig. 3.9a, i.e. that with a single sound

source immediately to the rear.

The movement of a marker on the ear lobule of the HATS, as illustrated

in Fig. 3.6c was determined by the image processing-based tracking system

to maintain near-optimal laser beam incidence on the membrane and yield a

useful error signal. Chapter 2 has presented the effects of off-centre measure-

ments and different laser beam incident angles on the system performance.

Overall, the performance was not particularly sensitive to the precise location

of the laser beam on the membrane, with it therefore deemed not necessary

for the laser beam incidence to be precisely at the geometrical centre. With the

laser beam slightly off-centre, ANC performance is maintained. Furthermore,

the incidence angle of the laser beam did not affect performance significantly.

With incidence at a quite remarkable 60 degrees, the LDV signal drops by

around 5 dB, which, again, has a minimal detrimental effect on the ANC

performance.

To quantitatively examine this, the LDV was placed at another two loca-

tions (rotated by 15◦ and 30◦) as shown in Fig. 3.12a; the corresponding SPLs
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(a) (b)

Figure 3.12: (a) Illustration of the alternative two locations for the LDV. (b)
The sound pressure reduction levels observed by the HATS for the grey noise
at three locations.

observed by the HATS are depicted in Fig. 3.12b. The control performances

with the laser beam from the two alternative angles remained the same as

that for the normal incidence. Therefore, using the retro-reflective material

makes it possible to maintain the control performance if movements from the

user should lead to non-normal laser beam incidence.

Fig. 3.13 shows four control performances - when ANC is off (i) and on (ii) for

a stationary HATS and when ANC is on with the head tracking system disabled

(iii) and enabled (iv) for a moving HATS. The movement of the HATS was

implemented manually with a forward-backward movement used to simulate

a person moving back and forth while seated. The maximum distance the

HATS travelled in the Supplementary Movie 2 was approximately 0.08 m

peak-to-peak with a maximum speed of about 0.04 m/s. Fig. 3.13a shows

the 15-second sample of the time-domain measurement for each case with

the same configuration as in Fig. 3.9a. Fig. 3.13b shows the corresponding

averaged frequency spectrum for each case for the entire duration. Similar to

the results previously presented in Fig. 3.9a, the total SPL was reduced from

81.1 dB to 64.1 dB over the frequency range from 500 Hz to 6 kHz range for

the stationary situation.

When the HATS moved with ANC on but with tracking disabled, the

head (therefore the membrane) moved away from the probe laser beam; the

LDV signal thereby “dropped out” or made a vibration measurement not

representative of the sound pressure at the ear. This can easily make the
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(a) (b)

Figure 3.13: ANC performance with the developed head tracking system. (a)
Four 15-second samples of the time-domain signal observed by the HATS. The
upper 30 s duration shows the sound pressure with ANC off and on for the
stationary situation, while the lower 30 s duration shows the sound pressure
with ANC on with the tracking system off and on for a moving HATS. (b) The
corresponding sound pressure level (dB re. 20 uPa) of the four signals.

control system diverge and, as shown in Fig. 3.13b, the overall SPL in fact

increased significantly from 81.1 dB to 99.5 dB. When the tracking system was

enabled, the mirrors maintained the laser beam incidence on the membrane

as the HATS moved. Thus, the LDV measurement remained valid for the

adaptive control. As shown in Fig. 3.13b, the system reduced the sound from

81.1 dB to 70.4 dB over the entire frequency range. The control performance

maintained at least a 10 dB reduction during the movement of the HATS,

demonstrating the necessity of using a tracking system for the ANC system.

Again, these audio recordings can be experienced in the Supplementary Movie

2.

3.4 Parametric Array Loudspeakers

When a secondary source is used to control the noise at a single location, the

size of the created quiet zone is found to be about one tenth of the wavelength

of the controlled sound in a diffuse sound field (Elliott et al., 1988a; Guo &

Pan, 1998). However, the sound pressures in the other areas might increase

due to the sound generated by the omni-directional secondary sources (Guo

et al., 1997; Tanaka & Tanaka, 2010). Placing a secondary source close to

the control point can mitigate the increase of total energy in the other areas
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(David & Elliott, 1994; Joseph et al., 1994), but it brings obstructions to the

person. Some studies have demonstrated the capabilities and potentials of

using directional loudspeakers to cope with this problem (Hu & Tang, 2019;

Tanaka & Tanaka, 2010). For example, a directional source consisting of two

closely located loudspeakers with pre-adjusted phase difference have been

used to reduce the noise in the shadow zone behind a barrier (Chen et al.,

2011).

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

sounds are generated due to the nonlinear interactions of ultrasonic carrier

waves in air, have sharper radiation directivity than existing traditional loud-

speakers (Gan et al., 2012). The advantages of using PALs in ANC systems

have been demonstrated in a single-channel system where a 1.5 kHz sound

wave at the target point was reduced without affecting sound fields in the

other areas (Tanaka & Tanaka, 2010). A two-channel ANC system using PALs

have been used to reduce the factory noise from 500 Hz to 2.5 kHz (Tanaka

et al., 2017). However, the feasibility of using them to reduce the noise with a

broader bandwidth remains to be investigated.

As shown previously, the 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 an LDV was used to

determine the acoustic information at the point from a remote location. 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 up to 6 kHz. Therefore, it is feasible of applying this technique to

broaden the effective frequency range of ANC experimentally with a PAL as

the secondary source.

3.4.1 System Setup

The experiments were conducted in a hemi-anechoic room with dimensions

of 7.20 m × 5.19 m × 6.77 m (height). The schematic diagram and the photos

of the experiment setup are shown in Fig. 3.14. A broadband primary noise

(1 kHz to 6 kHz) was generated by a traditional loudspeaker (Genelec 8010A)

at 6 m away from the HATS. The custom-made membrane was placed in the

left synthetic ear of the HATS, and the radius and thickness of the membrane
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(a)

(b) (c)

Figure 3.14: (a) Schematic diagram of the experiment setup; (b) A photo of the
experiment setup in the hemi-anechoic room; and (c) A photo of the LDV error
sensing system.

were 10.5 mm and 0.1 mm, respectively. The LDV (Polytec NLV-2500-5) was

placed at a stand-off distance of 0.7 m away from the membrane in the left ear.

All the equipment was at the same height during the experiments. The error

signal was obtained by measuring the vibration of the membrane and was

then fed into a commercial ANC controller (Antysound TigerANC WIFI-Q).

A PAL (Holosonics Audio Spotlight AS-16i with the surface size of 40 cm

× 40 cm) was used as the secondary source, and the performance of the ANC

system using it was compared with that using the traditional omni-directional

loudspeaker. Six groups of experiments were carried out, where the secondary

source was placed in front of the error point at the distance from 0.5 m to 3 m

with an interval of 0.5 m. To investigate the effects of the secondary source on

the sound fields in the other areas, 9 evaluation microphones (Antysound Anty

M1212) were placed in front of the HATS as shown in Figs. 3.14a and 3.14b.

The acoustic signals at all the microphones and the HATS were recorded with

a sampling rate of 12.8 kHz. The fast Fourier transform (FFT) analyzer in

PULSE Labshop was used to obtain the FFT spectral.
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Figure 3.15: The SPLs measured by the left ear simulator of the HATS with and
without ANC, where the secondary source was (a) a traditional loudspeaker
and (b) a PAL, at a distance of 1 m from the error sensing point.

3.4.2 Experimental Evaluations

Fig. 3.15 shows the SPLs measured by the left ear simulator of the HATS with

and without ANC when the distance between the secondary source and the

error point was 1 m. The overall noise reductions from 1 kHz to 6 kHzmeasured

by the HATS were 18.7 dB and 17.8 dB when the traditional loudspeaker and

the PAL were used as the secondary source, respectively. It is clear that both

types of loudspeakers can reduce the noise at the ear effectively. There are two

troughs near 1 kHz and 1.6 kHz on the curve of the primary noise without

ANC in Fig. 3.15b, which might be caused by the scattering effects of the

square PAL used in experiments.

To investigate the effects of the secondary source on the sound fields in

the other areas, the SPLs at two typical evaluation points #2 (closest to the

secondary source) and #7 (farthest away from the secondary source) with

and without ANC are presented in Fig. 3.16, where the distance between the

secondary source and the error point was again 1 m. Both types of loudspeakers

had little effect on the SPLs at point #7 because it was away from the secondary

source as shown in Fig. 3.14a. However, at point #2 which was close to the

traditional loudspeaker, the SPLs changed significantly with ANC on due to

the omni-directional secondary source, and the overall noise reduction from

1 kHz to 6 kHz of the ANC system was –4.9 dB indicating that the overall

sound energy at this point increased with ANC. The overall noise reduction of

the ANC system using the PAL at point #2 was only –0.2 dB due to its sharp
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Figure 3.16: The SPLs at point #2 when the secondary source was (a) a tradi-
tional loudspeaker and (b) a PAL; and at point #7 when the secondary source
was (c) a traditional loudspeaker and (d) a PAL. The distance between the
secondary source and the error point was 1 m.

directivity. Therefore, using a PAL has little effect on the sound fields in the

other areas for an ANC system.

Fig. 3.17 shows the overall noise reductions from 1 kHz to 6 kHz measured

by the left ear simulator of the HATS and at the 9 evaluation points with

ANC on when the distance between the secondary source and the error point,

which is denoted by dse, was varied from 0.5 m to 3 m. It can be seen in

Fig. 3.17a that the noise reductions using the PAL were similar to those when

using the traditional loudspeaker, and are generally between 18 dB and 20 dB.

Fig. 3.17b demonstrates that the noise reduction levels at all evaluation points

were generally increased as the distance between the traditional loudspeaker

and the error point increased. Fig. 3.17c indicates that the sound pressures at
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Figure 3.17: Overall noise reductions from 1 kHz to 6 kHz (a) at the left ear of
the HATS, and at the evaluation points, where the secondary source was (b) a
traditional loudspeaker and (c) a PAL.
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evaluation points were almost unchanged with the PAL except at points #2 and

#5. The noise reduction levels at these two points were negative, indicating that

the sound pressure increased with ANC on. The reason is that the two points

were close to the radiation axis of the PAL as shown in Fig. 3.14a, and the

SPL variation around them was large with and without ANC. The audio sound

waves generated by the PAL decayed slowly by distance, so the amplitude of

the generated secondary sounds changed a little when the distance between

the PAL and the error point increased. Therefore, the sound pressure in the

other areas was less affected by the ANC system when the PAL was used far

away from the ear.

The results demonstrate that the overall noise reductions from 1 kHz to

6 kHz at the person’s ear were similar with both types of loudspeakers. The

SPLs in the other areas were almost unchanged when the PAL was placed

away from the ear in the ANC system, while the overall sound pressure levels

became higher with the traditional loudspeaker being used at a great distance

from the ear. The PAL and the LDV system can be compactly placed away from

the person without deteriorating the broadband noise reduction performance.

3.5 Discussions

Like many other systems, the demonstrated solution also faces certain limi-

tations. Particularly, while the demonstrated system using the remote error

sensing approach can achieve an ultra-broadband control, the cost (Li et al.,

2013) of the required LDVs can be high. However, it is possible that these

can ultimately be made smaller and at a lower cost with the entire system

thereby being designed to be sufficiently compact and low cost to be used in

headrests for example in airplanes or in (driverless) automotive applications

in the future.

Some further limitations of the solution are also acknowledged. Firstly, the

performance of such a virtual ANC headphone (or ANC headrests in general)

is still inferior when compared to that of ANC headphones. In particular, sound

attenuation achieved in the higher frequency range by active control is below

that which can be simply achieved through passive control, i.e. earmuffs, with

these often delivering over 30 dB reduction (Ang et al., 2017; Rudzyn & Fisher,

2012). However, such a comparison is unfair since the aim of an ANC headrest
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system is to eliminate the use of the passive attenuation materials which

deliver such reduction.

Secondly, while multiple primary sources were used to simulate unwanted

sound from multiple, arbitrary directions, the reference signals for the ANC

controller were taken directly from these loudspeaker signals; in a real-world

situation, this would clearly not be possible. The reason for taking the reference

signal directly from the primary source was to focus on the proposed remote

error sensing approach. Future developments include incorporating one or

multiple actual reference sensors into the system. The locations of these

reference signal sensors are less constrained than those of the error signal

sensors. However, they should still be close to the entire system, including

the secondary sources. The constraint of the possible locations would affect

the control performance and this remains a topic to be further studied in

Chapter 4.

Thirdly, the head tracking system shown for illustration purposes was only

capable of tracking two-dimensional motions. A more robust head tracking

system with a higher frame rate camera and auto-focus could be implemented

to accommodate faster, three-dimensional head movements in the future.

Lastly, it has been demonstrated that PALs can be used as secondary

sources to control noise at high frequencies from 1 kHz to 6 kHz. However, it

may be commanding for PALs to control low frequencies, e.g., below 500 Hz.

This is due to the inherent issue of the PALs, which have a poor response at

low frequencies. For example, Yoneyama et al. (1983) showed that the pressure

generated by a PAL, Ps(ω), is proportional to ω2, where ω is the angular

frequency. Thus, at low frequencies, the amplitude of sound pressure is much

lower than that at high frequencies. Other works that employed PALs for ANC

applications have also faced a similar problem where noise below 500 Hz is

difficult to control (Tanaka et al., 2017; Tanaka & Tanaka, 2010). This topic

remains to be studied further in the field.

3.6 Summary

The performance of an ANC headrest using a remote error sensing approach,

proposed to provide a significantly quieter environment for a user, is investi-

gated. The approach uses an LDV and a small, lightweight and retro-reflective
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membrane pick-up placed in the cavum concha of a user’s ear, thereby pro-

ducing as little disturbance as possible. The membrane design was presented

and analysed, and the effects of its location on the system performance were

explored. The noise spectra in the ears without and with ANC for different

primary sound fields and diverse kinds of environmental noise were reported.

A simple head tracking system was also developed to maintain the control

performance during any possible head movements from the user. The results

show that more than 10 dB sound attenuation can be obtained for an ultra-

broadband frequency range up to 6 kHz in the ears for multiple sound sources

and various types of common environmental noise. The use of the PAL makes

it possible not to increase the overall sound pressure levels at places other

than the error points, while maintaining the same control performance. Future

work will include enhanced membrane material design, a more robust head

tracking system and the incorporation of reference signal sensors in place of

signals taken directly from the primary sources.
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ANC with Remote Reference Sensing

4.1 Introduction

W
hen an ANC system is not considering the influence of the reference

sensors and signals, commonly, it either takes an ideal reference

signal, that is, the primary signal, or places the reference sensors

close to the primary source. In these cases, the reference signals are in good

agreement with an ideal solution. However, in practice, the primary source

can be remote or even inaccessible. The placement of reference sensors is

constrained by the given space with signal quality also being affected by the

surrounding environment such as reverberations. Current work lacks relevant

analyses on the reference sensors and the corresponding signals.

In this chapter, the effects of the reference signals on ANC performance are

systematically evaluated. The ANC system has a long secondary path as in

ANC headrests. Chapter 4.2 analyses the reference signal quality, particularly

reverberant reference signals, on the ANC performance, and the improvement

methods. Chapter 4.3 discusses the influence of the reference sensor location

on the ANC performance. The associated problems are difficult to solve but

can be alleviated by the remote reference sensing method with LDVs, which is

presented in Chapter 4.4. Finally, the summary is provided in Chapter 4.5.
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(a) (b)

Figure 4.1: System configuration when (a) all the devices are in the hemi-
anechoic room and with a lightly padded floor and (b) the primary source is
outside the room.

4.2 Signal Quality on the ANC Performance

4.2.1 Reverberant Reference Signal

Two single-channel ANC system configurations are shown in Fig. 4.1. The

first configuration is located in an hemi-anechoic room with a lightly padded

floor and sound-absorbing walls. The environment is almost anechoic and

ideal. The second configuration has its primary sound source outside the hemi-

anechoic room and 0.7 m away from the doorway. Its exterior environment can

be defined as a strongly reverberating room with sound-hard walls. In both

configurations, the error microphone is 0.3 m away from the secondary source

and 5 m away from the primary source. The reference microphone is moved to

various locations e.g., 0.3 m, 1 m and 3 m away from the primary source.

The first configuration is used as a reference case due to its relatively simple

environment. The main purpose of the second configuration is to examine

whether the reference signal is away from the primary source and to test

whether it is ideal. For a system set up in an enclosed space, the reference

signal is affected by the reflections and reverberations as seen later, the ANC

performance will be significantly degraded.

Experiments are carried out as described above to observe the ANC per-
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formance. The primary and secondary sources are the Genelec 8010A Studio

Monitors and the reference and the error microphones are the Antysound

Anty M1212 1/2 inch condenser microphones. The controller is the Antysound

TigerANC-WIFI-Q active noise controller. The sampling rate is set to be 32 kHz

and the filter lengths have 1024 taps. The primary source signal is applied

with white noise.

The experimental results for the two configurations and the reference

microphone at different locations are shown in Fig. 4.2. Every row represents

the different locations of the reference microphone. The “ideal” reference

signal is taken directly from the primary source, which is used for evaluation

purposes only. From the left column of Fig. 4.2, it can be seen that when

the environment is relatively low in reverberations, the ANC performance is

generally consistent for different reference microphone locations. It can be

observed from the spectra that there is a slight reverberation, which results in

a moderate comb-filtering effect, which is, however, not significant enough to

cause problems.

On the other hand, as shown in the right column of Fig. 4.2, strong rever-

beration effects are present. Particularly, as the reference microphone moves

further away from the primary source, reverberation effects become increas-

ingly severe. The spectra of the corresponding reference signals are illustrated

in Fig. 4.3. When the reference microphone is 3 m away from the primary

source (or 2 m away from the error microphone), some frequencies cannot be

controlled properly. Fig. 4.3 demonstrates that these uncontrolled frequencies

are at troughs of the reference signal, which is a result of the reverberations.

The following section will show the simulation confirmation, which is

convenient for further analyses. It will be shown that the issue is not due to

the feedback effect but due to insufficient filter lengths. Although a typical

solution to deal with reverberations is to increase the filter length, some

complications are not desired, e.g., increased demand for controller memory

and a slow convergence rate.

4.2.2 Simulation Confirmation

The systems presented in Fig. 4.1 may seem complex in comparison. The

problem statement can be further simplified into a single configuration as

shown in Fig. 4.4. In this case, all the devices are in the hemi-anechoic chamber,
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Figure 4.2: The spectra of the error signal with ANC off and ANC on when
the system is in the hemi-anechoic room (left column) and when the primary
source is outside the room (right column). The reference microphone is (a, b)
ideal, (c, d) 0.3 m, (e, f) 1 m and (g, h) 3 m away from the primary source.
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Figure 4.3: The spectra of the reference signal and the error signal with ANC
off and ANC on when the system is in the hemi-anechoic room (left column)
and when the primary source is outside the room (right column). The reference
microphone is (a, b) ideal, (c, d) 0.3 m, (e, f) 1 m and (g, h) 3 m away from the
primary source.
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Figure 4.4: System configuration when all the equipment is in the hemi-
anechoic room. The floor is either concrete floor or padded with sound-
absorbing material to reduce the reflection.

except for one situation with sound absorbing material padded floor and

another one with a bare concrete floor. Other configurations of the system

remain the same as in the two environments as shown in Fig. 4.1.

The calculated results are shown in Fig. 4.5. By comparing the reference

signals (or the error signals with ANC off), one can observe the comb-filtering

effect is more significant for hard surfaces. Simulations are carried out to

confirm the FxLMS solution with an optimal performance using the Wiener

solution (filter lengths 1024 taps). No feedback neutralisation is made in the

simulation and both results agree in general with the experimental solution.

Using the measured paths, the simulation result also shows certain uncon-

trolled frequencies as shown in Fig. 4.5b. One can conclude that it is due to the

system itself but other factors. In the subsequent chapter, it will be shown that

the filter lengths should be significant for reverberant signals. Optimisations

should be made to improve the drawbacks of using long filters.

4.2.3 Improvement Methods

The block diagram of the FxLMS algorithm used in the simulation hereinafter

is shown in Fig. 4.6a, with the measured paths shown in Fig. 4.6b. v(n) repre-
sents white noise, which passes through the path R(z) to get to the reference
signal x(n). P(z) is the primary path, z−∆s represents the secondary path with

∆s = 20 as a pure delay of 20 samples (i.e., 1.2 ms). Ŝ(z) is the estimated
version of S(z). d(n) is the disturbance signal, y(n) is the secondary source
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(a) (b)

Figure 4.5: The spectra of the reference signal, the error signal with ANC off,
with ANC on using the optimal Wiener solution and the FxLMS algorithm in
the simulation, and the error signal with ANC on from the experiment, when
(a) in sound absorbing padded hemi-anechoic room, (b) hemi-anechoic room
with concrete floor.

(a) (b)

Figure 4.6: (a) Block diagram of the FxLMS algorithm used in the simulation,
the secondary path is a pure delay by ∆s. (b) Frequency response of P(z) and
R(z).

signal, r(n) is the filtered-reference signal and e(n) is the error signal. Other
configurations remain the same as described previously.

Improvement via Long Filter Length

Reverberant signals require long filters to be controlled. Although a relatively

long filter length of 1024 taps has been applied previously, the length should

be further increased. Fig. 4.7 shows the results of the previous case with 1024-

tap filters (left column) and the one with 2048-tap filters (right column). The

first row shows the MSE and the convergence rate, the second row shows the

impulse response of the control filterW(z) and the third row shows the spectra

of the signals using the last 20% of the data. By comparing Figs. 4.7e and 4.7f,
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Figure 4.7: Simulation results using the FxLMS algorithm when with 1024-tap
filter lengths (left column) and with 2048-tap filter lengths (right column). (a,
b) The MSE in the time domain, (c, d) the impulse response of the control filter
W(z) and (e, f) the spectra of the signal from the last 20% of the data.

it is shown that the ANC performance is significantly improved. However, as

shown in Fig. 4.7b the system takes around 20 seconds to converge. This rate

is too slow for a practical system and it also requires a significant amount of

memory even in the form of a single-channel system.

One of the contributing factors to the slow convergence is the long filter

lengths, which are fixed at this stage. Another important factor is the flatness

of the reference spectrum, which is related to the spread of the eigenvalues

(non-flat spectral content) in the correlation matrix of the reference signal.

Compared to the minimum value of unity from a random white noise signal,

the eigenvalue spread of the correlation matrix of the reference signal in

Fig. 4.7f is calculated to be 47830. A large eigenvalue spread results in slow

convergence while a small one usually leads to fast convergence. One of the

potential methods to overcome this issue is to pre-whiten the reference signal.

As shown in Fig. 4.8, the whitening process is accomplished by adding an

adaptive decorrelation filter D(z), which mainly consists of a one-step forward
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4.2. SIGNAL QUALITY ON THE ANC PERFORMANCE

prediction filter as illustrated as z−1 and F(z). The output of the one-step
forward prediction filter x f (n) is decorrelated to the original reference signal
and then used to update the control filter W(z) in the LMS algorithm. The

decorrelation filter D(z) is also applied to the error signal such that x f (n) and
e f (n) are synchronised. D(z) and F(z) have the relationship of

d(n)= [1 − f (n) − f (n−1) . . . − f (n−L+1)]T = [1 − fT(n)]T. (4.1)

The filter f (n) which consists of the tap weights of F(z) in the time domain, is
calculated using the NLMS algorithm as

f(n+1)= f(n)+µ f
x(n)

xT(n)x(n)+γ
x f (n), (4.2)

where x(n)= [x(n−1) x(n−2) . . . x(n−L)]T and L is the filter length, µ f is the

step size, γ represents the regularisation factor. The decorrelated reference

signal x f (n) can be found by

(4.3)x f (n)= x(n)−x(n−1)Tf(n).

The control filter w(n) for the secondary source is calculated as

w(n+1)=w(n)−µwr f (n)e f (n), (4.4)

where µw is the step size for w(n), r f (n)=
[
r f (n) r f (n−1) . . . r f (n−L+1)]T is

the filtered decorrelated reference signal. e f (n)= e(n)∗d(n), where symbol ∗
denotes signal convolution.

The result of using the decorrelation filter to pre-whiten the reference

signal is shown in Fig. 4.9. The control filter still has 2048 taps and the spectra

are acquired by the last 20% of the data. In particular, Fig. 4.9 also shows

the pre-whitened reference signal. Compared to the original, the spectral

content becomes flatter. The eigenvalue spread has a value of 2261, which is

significantly reduced from the previous 47830. The advantage is that, as shown

in Fig. 4.9a, the system converges within 10 seconds instead of the previous

20 seconds. This is a significant improvement, though the filter lengths still

remain to be substantial.

Improvement via Hybrid ANC

Another method of dealing with a reverberant reference signal is to use the

hybrid algorithm. Fig. 4.7 (left column) shows frequencies weakly excited in
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Figure 4.8: Block diagram of the FxLMS algorithm with the adaptive decorre-
lation filter for pre-whitening.

(c)

Figure 4.9: Simulation results using the FxLMS algorithm with the adaptive
decorrelation filter with 2048-tap filter lengths. (a) The MSE in the time
domain, (b) the impulse response of the control filter W(z) and (c) the spectra
of the signal from the last 20% of the data.

the reference signal due to reflections and reverberations, which cannot be

properly controlled at the error microphone of insufficient filter lengths.

This problem can be solved by the hybrid ANC algorithm as shown in

Fig. 1.7f previously. The hybrid ANC algorithm combines both the feedfor-

ward and the feedback architectures. The feedforward subsystem controls the

correlated broadband signals, and the feedback subsystem can control the
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uncorrelated predictable signals, i.e. narrowband signals. In the case shown in

Fig. 4.7e, one can take advantage of the hybrid ANC algorithm to reduce the

uncontrolled frequencies without using long-tap filters.

The control filter W1(z) in the feedforward subsystem is found by

(4.5)w1(n+1)=w1(n)−µ1r(n)e(n),

and the control filter W2(z) in the feedback subsystem is found by

w2(n+1)=w2(n)−µ2d̂(n)e(n), (4.6)

where d̂(n) is the estimated disturbance signal. At time n+1, it can be found
by

d̂(n+1)= e(n)− ŝTy(n). (4.7)

The simulation results are shown in Fig. 4.10. Both control filters have

only 512 taps. Compared to the results in Fig. 4.7 (left column), the ANC

performance using two 512-tap filters in the hybrid algorithm is superior to

the traditional FxLMS algorithm with one 1024-tap filter. The previous uncon-

trolled frequencies are significantly reduced due to the feedback subsystem.

4.3 Location Constraint of Reference Sensors

Previously, the effect of the reference signal quality on the ANC performance

has been thoroughly discussed. In addition, the locations of the reference

sensors can also significantly affect the ANC performance. Similarly, some

preliminary experimental results are shown first to demonstrate the problem.

4.3.1 Problem Statement

Fig. 4.11a shows the system configuration in the hemi-anechoic room with

padded sound-absorbing materials on the ground to reduce reflections. The

secondary source and the error microphone have a distance of L = 0.2 m

and the primary source is 10L = 2 m away from the error microphone. The

distance between the reference and the error microphones lr will vary resulting

in different ANC performances (Fig, 4.11b). As in previous examples, the

sampling rate of the controller is 32 kHz and the filter lengths are 1024 taps,

which is sufficient for the non-reverberant environment.
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(c)

Figure 4.10: Simulation results using the hybrid algorithm with 512-tap filter
lengths. (a) The MSE of using the original FxLMS algorithm with 1024 taps
and using the hybrid algorithm with 512 taps, (b) the impulse response of the
control filters W1(z) and W2(z) and (c) the spectra of the signal from the last
20% of the data.

The ideal situation here refers to the case where the reference signal is

taken directly from the primary source, which provides the best performance

for the given configuration. The reference signal is then taken from the ref-

erence microphone, which moves from lr = 9L = 1.8 m to lr = 1L = 0.2 m. It

is clear from the results that until lr = 5L, the noise reduction performance
remains similar, which is close to the ideal situation. However, as the reference

microphone is moved closer to the error microphone, the degradation in the

low frequency range becomes more severe than that in the high frequency

range*.

The system environment has been designed to be relatively ideal, that

is, the effect of the reflections and reverberations discussed previously have

been kept at a minimum, however, the location of the reference microphone

*The reason for this is provided in the subsequent section about the secondary path being
non-minimum-phase.
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(a) (b)

Figure 4.11: (a) System diagram of examining the ANC performance with
different locations of the reference microphone. (b) The spectra of the error
signal when ANC is off, when ANC is on with an ideal reference signal taken
directly from the primary source, and when ANC is on with the reference
microphone at various locations between 1L - 9L.

is constrained to a certain range to obtain a satisfactory ANC performance.

If the reference sensor is close to the error microphone, even though the

causality constraint is not violated, the control performance, particularly at

low frequencies, can be reduced. This problem is crucial since many ANC

applications deal with environmental noises, which have significant energy in

the low frequency range. The subsequent section will show the reason is due

to the secondary path being non-minimum-phase.

4.3.2 Non-minimum-phase Filters

For brevity purposes, we simplify the ANC paths and signals hereinafter for

our analyses. As shown in Fig. 4.12, the reference signal x(n) consists of a
Gaussian white noise signal and v(n) is the uncorrelated background noise
which is 40 dB lower than x(n). The primary path is a pure delay z−∆p and

the control filter W(z) is calculated from the optimal Wiener solution. To

ensure the causality is fulfilled, the delay in the primary path is assumed to

be 200 samples hereinafter unless specified otherwise.

First, we consider a minimum-phase secondary path

(z−0.95)
S(z)= , (4.8)

[z− (0.9+0.3j)][z− (0.9−0.3j)]
where there is only one zero which is within the unit circle.
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Figure 4.12: Block diagram of a simplified feedforward ANC system, where
the primary path is a pure delay z−∆p . The performance is evaluated when the
secondary path S(z) is either minimum-phase or non-minimum-phase.

Finding W(z) is equivalent to finding the inverse of S(z). Since S(z) is
minimum-phase, its inverse is also minimum-phase requiring no delay theo-

retically. Fig. 4.13a shows that the noise is fully controlled to the background

floor from the Wiener solution. Fig. 4.13b shows the impulse response of W(z),
for which the beginning of the impulse is zero until the 200-th tap is reached.

It is also important to note that the pulse falls slowly to zero after the spike.

Next, we consider a non-minimum-phase secondary path

S(z)= (z−1.05)
[z− (0.9+0.3j)][z− (0.9+0.3j)] , (4.9)

where the poles remain the same once the zero is out of the unit circle. Here,

the optimal solution is also found using the Wiener solution, as shown in

Fig. 4.14a. Although the noise is also fully controlled down to the background

noise level, the assumption made is that the primary path has 200-tap delays,

that is, the delays between the reference and the error sensors. Fig. 4.14b

shows the impulse response of W(z) in this case. Note W(z) is almost the
reverse of the previous one. The pulse gradually increases in the front part

and then the main spike occurs. If, for example, the delays in the primary

path have only 20 samples, the ANC performance is significantly reduced as

shown in Fig. 4.15a. The performance in the low frequency range is worse

than that in the high frequency range. As shown in Fig. 4.15b, a portion of the

original impulse response in Fig. 4.14b essentially becomes anti-causal. This

part is also a low-pass filter due to its waveform, thus leading to worse ANC

performance, particularly at low frequencies. Fig. 4.16 shows the comparison

of the optimal ANC performance with a non-minimum-phase secondary path

for various delays in the primary path. The trend is similar to what is found

in the experimental results depicted in Fig. 4.11.
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(a) (b)

Figure 4.13: (a) The spectra of the error signal when ANC is off and when ANC
is ON and the background noise. The secondary path is minimum-phase and
the primary path has 200-tap delays. (b) The impulse response of W(z).

(a) (b)

Figure 4.14: (a) The spectra of the error signal when ANC is off and when ANC
is ON and the background noise. The secondary path is non-minimum-phase
and the primary path has 200-tap delays. (b) The impulse response of W(z).

(a) (b)

Figure 4.15: (a) The spectra of the error signal when ANC is off and when ANC
is ON and the background noise. The secondary path is non-minimum-phase
and the primary path has 20-tap delays. (b) The impulse response of W(z).
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Figure 4.16: The spectra of the error signal when ANC is off, when ANC is on
but with different delays in the primary path, and the background noise. The
secondary path is non-minimum-phase.

In practice, the secondary path is always non-minimum-phase, which is

mainly due to the hardware constraint, e.g., response of the loudspeaker,

electrical components, etc. In addition, different positions of the zeros outside

of the unit circle may have different impacts. Some zeros, even though they

are outside of the unit circle, do not degrade the performance significantly,

while some do. The analyses of a causality problem are famously known to be

difficult. Since ANC systems do not allow any signal shift, once a part of the

control filter becomes anti-causal, the information is lost. The typical approach

is to re-design the secondary path if possible, which can also be laborious to

achieve. If the secondary path is constrained, the positions of the reference

sensors must be far away from the error sensors and the secondary sources for

a satisfactory ANC performance in the low frequency range.

4.4 Remote Reference Sensing with LDVs

4.4.1 Problem Statement

As demonstrated and discussed in Chapters 4.2 and 4.3, both the quality

of the reference signal and the locations of the reference sensors affect the

ANC performance. Issues caused by the quality of the reference signal can be

solved by algorithms such as pre-whitening with long filters or the hybrid ANC

algorithm. The location constraint of reference sensors is more challenging

since the problem is directly related to the causality of the system. To have a
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satisfactory ANC performance, particularly at low frequencies such as below

500 Hz, the distance between the reference sensors and the secondary loud-

speakers should be adequate. This problem is more notable in ANC systems

with long secondary paths, for instance, in ANC headrest systems.

However, the locations of the reference sensors are practically limited in

many applications. The ideal case is to integrate the reference sensors with the

headrest or even the whole seat. As analysed previously, the low frequencies

can be left uncontrolled. Therefore, the reference sensors must be located away

from the main system (i.e., the error points and the secondary sources). As

reviewed in Chapter 1, the placement of the reference sensors in personal

vehicles has been somewhat explored and the ANC performances for road and

engine noise have been validated. The main issues related to the reference

sensors and signals in vehicles are about providing enough time advance

and having good coherence with error signals. In practice, choosing the best

locations for reference sensors can be very complicated.

Once chosen, they are fixed with respect to the main system (the seat and

the headrest). There are no concerns regarding the wiring yet. Although can

be very long, the cables can be embedded within the seat and the chassis

in vehicles. However, the wiring issue can be especially significant in other

emerging systems, such as indoor ANC headrests in households or open offices.

Fig. 4.17 shows a concept diagram of an indoor ANC headrest system subject

to traffic noise from the outside. The noise can also be originated within the

enclosed space. Compared to headphones, the distances between the secondary

sources and the error signal locations are much greater, e.g., more than 0.2 m.

As studied previously, when the secondary path has a distance of 0.2 m, the

reference microphone needs to be considerably far (e.g., at least 1 m) away from

the error microphone to have a satisfactory performance across the spectrum.

If the space is allowed, the reference microphone can be placed close to the

window and far away from the headrest to measure the traffic noise. However,

it is evident that the seat with the headrest will most likely be non-stationary.

The wiring makes it highly undesirable in such a scenario. Similar issues

are also present in other spread-out ANC systems when either the reference

microphones cannot be located far away from the system or the wiring makes

it impractical.

It should be noted that wireless transmission is typically not preferred in

ANC systems since the signal delays in wireless communications can be too

97



CHAPTER 4. ANC WITH REMOTE REFERENCE SENSING

Figure 4.17: Concept diagram of either using the traditional microphone or
using the remote reference sensing method with the LDV to measure the
reference signal for an indoor ANC headrest system.

great, e.g., in the degree of milli-seconds. As analysed previously, the locations

of the reference sensors, which are equivalent to the time advances provided

for the control filters, can be crucial to the control performance. If a wireless

configuration was used, the causality of the control system could be adversely

affected.

To solve this issue, the concept of remote error sensing with LDVs in

Chapter 3 can be applied to acquiring the reference signals. As illustrated in

Fig. 4.17, instead of using the traditional microphones with long wiring, the

LDVs originally used for remote error sensing can also be for remote reference
sensing. Some retro-reflective membranes can be placed across the space and

the laser beams from the LDVs can be steered by galvanometer-driven mirrors.

The constructions of the membrane and the laser beam steering system have

been demonstrated in Chapter 3. The main advantage of the remote reference

sensing system, similar to remote error sensing, is that there is no physical

connection between the reference points and the error (or the secondary) point.

The laser beam from the LDVs can be steered to the retro-reflective membrane

at convenient locations, which can be substantially far to provide time advance.

Similar benefits have been discussed in Chapter 3. However, some issues,
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such as the convergence speed, are particularly dependent on the reference

signals, which should be particularly addressed. This starts by re-examining

the retro-reflective membranes for remote reference sensing purposes.

4.4.2 Membrane Design for Remote Reference Sensing

As understood in Eq. (2.5) and demonstrated in Fig. 2.3, the velocity of a

membrane has a scale factor of the angular frequency ω with respect to the

incident sound pressure. Therefore, the velocity magnitude of a membrane

is comparatively low in the low frequency range (e.g., below 300 Hz). This is

particularly problematic for using such a signal for the reference signal, since

not only is the coherence degraded, but also the convergence rate for ANC is

reduced due to the non-flat spectral content.

Recall that for traditional microphone designs, the resonance of the di-

aphragm should be out of the frequency range of interest. For a general-purpose

microphone, the resonance of the diaphragm is commonly above 10 kHz or

20 kHz (Eargle, 2012), thus leaving the spectral content below the resonance

to be flat for sound measurements. However, this may not be the design con-

cept for remote reference sensing with LDVs measuring the velocities of the

retro-reflective membranes for ANC purposes. Instead, the resonance of the

membranes should be designed to be as low as possible, so that the low velocity

magnitude measurement at the low frequencies from the LDVs can be com-

pensated. From Chapter 2.4, it is known that the resonance of the membrane

can depend on the following factors,

Resonance of the membrane∝ T ∝ 1
d
∝ 1

ρM
, (4.10)

where T is the membrane tension, d is the membrane diameter, ρM is the

membrane density. The resonance frequency decreases as the membrane

tension decreases, the membrane diameter increases, or the membrane density

increases. In the context of this thesis, the material of the retro-reflective film

is not within the topic of discussion. Thus, membrane density ρM is fixed. The

size of the membrane remains to be the only factor to be examined.

Based on the design and development discussed previously, four different

sizes of the retro-reflective membranes were constructed as shown in Fig. 4.18.

The four membranes - model #1, #2, #3 and #4 - with inner diameters of

5.50 mm, 8.45 mm, 9.65 mm and 12.00 mm, respectively, used the same retro-
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Table 4.1: Parameters of the four models of the membrane.

Membrane parameter Symbol Unit Value (Model #1, #2, #3, #4)

Diameter d mm 5.50, 8.45, 9.65, 12.00

Tension T N/m 24, 21, 20, 23

Damping factor β – 200, 50, 35, 30

reflective film as in Chapters 2 and 3. The analytical solution to each model

was calculated using the theory studied in Chapter 2.3. The related parameters

were modified as shown in Table 4.1 and other parameters remained the same

as in Table 2.2. The frequency responses of the membranes were also examined

experimentally. Each model had five specimens to confirm the repeatability

of the membrane response. Using the setup shown in Fig. 2.8, the frequency

responses of the velocity measurement from the LDV for the four membrane

models were determined and shown in Fig. 4.19 when subject to the same level

of white noise. Each frequency response shows all five specimens where the

solid coloured line represents the mean and the shaded area represents the

deviation. It is apparent that the frequency responses are consistent with no

significant deviation.

The analytical and the experimental solutions in Fig. 4.19 agree well

around the first resonance, which is the main focus of this discussion. The

resonance frequencies for the four models are 4.75 kHz, 2.85 kHz, 2.50 kHz and

2.15 kHz, respectively. It is apparent that the resonance frequency decreases

as the size of the membrane increases. In particular, the velocity magnitude

below 1 kHz increases by over 15 dB in general by comparing model #4 to

model #1. Such an increment means the increment of signal coherence in

the corresponding region. Therefore, the ANC performance can be potentially

improved when using such a membrane with the LDV to measure the reference

signal remotely.

4.4.3 ANC Performance with Reference Sensing

Similar to the setups from the previous discussions, a single-channel ANC was

set up as shown in Fig. 4.20. The secondary loudspeaker (Genelec 8010A) was
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Figure 4.18: Four models of the retro-reflective membranes, with five specimens
for each model. Models #1, #2, #3 and #4 have a inner diameter of 5.50 mm,
8.45 mm, 9.65 mm and 12.00 mm, respectively.

Figure 4.19: The frequency response of the membrane velocity measurement
from an LDV with the analytical solution and the experimental measurement
when excited by the same level of white noise. The shaded areas show the
deviation of the five specimens for the (a) model #1, (b) model #2, (c) model #3
and (d) model #4.
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(a) (b)

Figure 4.20: (a) System diagram and (b) experimental setup of the remote
reference sensing.

0.2 m away from the error microphone† (Antysound Anty M1212). The primary

loudspeaker (Genelec 8010A) was 3.0 m away from the error microphone

to simulate a noise coming from a distance. As understood in Chapter 4.3,

the reference microphone should have a sufficient distance from the error

microphone. Thus, a traditional microphone was placed 2.7 m away from the

error microphone as the benchmark. The proposed remote reference sensing

system was also under test. For comparison purposes, the membrane (each

of the four models) was placed close to the microphone. An LDV (Polytec

PDV-100) was placed next to the secondary loudspeaker, such that the LDV,

the secondary loudspeaker and the error microphone can be treated as an

integrated system in, for example, an ANC headrest. The primary signal was

a broadband noise with a cut-off frequency of 4 kHz. The ANC controller

(Antysound TigerANC WIFI-Q) was set to 32 kHz, and the filter lengths were

set to 1024 taps.

First, the coherence function between the remote reference signal from

the LDV with each membrane and the disturbance signal from the error

microphone should be assessed. It is known that the noise reduction level

†Since the topic of the current discussion is the reference sensors, the error sensor being
used in this case is the traditional condenser microphone instead of the previous remote error
sensing setup.
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the reference signal x and the disturbance signal d,

NRL (dB)=−10log10

(
1− |Sxd(ω)|2

Sxx(ω)Sdd(ω)

)
=−10log10

(
1−γ2

xd
)
, (4.11)

where Sxx(ω) and Sdd(ω) are the auto-power spectral density of x and d at

frequency ω, respectively. Sxd(ω) is the cross-power spectral density of x and

d. For example, a coherence value γ2
xd(ω)= 0.9 means 10 dB reduction could

be potentially achieved.

Fig. 4.21 shows the coherence function between the reference signal from

the LDV and the disturbance signal from the error microphone for each model.

The two signals were measured when excited by the same level of white noise.

The low magnitude at the low frequencies observed in Fig. 4.19 is also reflected

in the coherence functions. The coherence value below 1 kHz for model #1 is

the lowest among the four models. For coherence value above 0.99, model #1

has a range of about 1 kHz - 7 kHz. Models #2, #3 and #4 are similar, with

model #4 being the best. It has a range of about 200 Hz - 6.2 kHz. However,

the coherence value for model #4 is still below 0.85 below 200 Hz due to the

low magnitude.

Both the simulation and the experimental solutions using the FxLMS

algorithm have been performed for each membrane model. The simulation

solution can provide the result closely presenting the practical system. The

results are also compared to that using the traditional microphone as the

reference as shown in Fig. 4.22. Being a well-developed sound measurement

tool, the microphones when used as the reference sensor, provide a good ANC

performance of about 20 dB throughout the spectrum (mainly above 100 Hz).

The ANC performances with the membranes as the reference sensors are

not as ideal as expected, especially in the low frequency region. For example,

for model #1 shown in Fig. 4.22a, effective control only occurs above 1 kHz.

Particularly, the 20 dB NRL is above 2.5 kHz. Although model #4 is the

best, where 20 NRL is above 1 kHz and 5 - 15dB NRL is between 200 Hz -

1 kHz, the performance below 1 kHz is still less than that with the traditional

microphone. The reason is partially due to the coherence shown in Fig. 4.21,

but more importantly, is due to the low magnitude of the membrane velocity

measurement shown in Fig. 4.19. The signals in the low frequency range, e.g.,

below 1 kHz, are weakly excited compared to the ones at the high frequencies.
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Figure 4.21: The coherence function between the reference signal from the
LDV and the disturbance signal from the error microphone for the (a) model
#1, (b) model #2, (c) model #3 and (d) model #4.

Therefore, not only is it more difficult to be controlled, but also it takes more

time for the control system to adapt to the FxLMS algorithm. As discussed

in Chapter 4.2.3, this problem can be alleviated by using the pre-whitening

process.

Using the decorrelated FxLMS algorithm to pre-whiten the reference sig-

nal, the results have seen both the speedup in the learning curve and the

improvement in the spectral content. Fig. 4.23 shows the normalised mean-

square-error (NMSE) and Fig. 4.24 shows the spectra of the signals from the

last 20% of the data for each membrane model. From Figs. 4.23a and 4.24a, it

shows that the decorrelated algorithm provides not only a faster convergence

rate but also the control improvement for the low frequency spectral content.

Noise at 200 Hz - 1 kHz has seen around 10 dB reduction after the enhance-

ment. Models #2, #3 and #4 have also seen similar improvements, though

mainly for the convergence rate. The NRL below 1 kHz, for example for model

#4 in Figs. 4.23d and 4.24d, has about 5 - 10 dB improvement in general. Thus,

for model #4, there is a 15 - 20dB noise reduction above 200 Hz. This result

is comparable to the one with the traditional microphone, with the difference

at only 100 - 200 Hz. One of the reasons is the coherence function discussed
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4.4. REMOTE REFERENCE SENSING WITH LDVS

Figure 4.22: The spectra of the error signal when ANC is off, when ANC is on
with the simulated and the experimental FxLMS algorithm with the remote
reference sensing for the (a) model #1, (b) model #2, (c) model #3 and (d) model
#4, and when ANC is on with the experimental solution with a traditional
reference microphone using the FxLMS algorithm as the benchmark.

above, and another one can still be due to causality. The reference signal from

the remote reference sensing configuration is more complex than the one from

the traditional microphone, thus making the control filter more complex and

requiring more time advance between the reference sensor and the secondary

source. Nonetheless, the satisfactory control performance at 200 Hz - 4 kHz

can cover most types of disturbing noise. The main advantage of such a remote

reference sensing configuration is that the reference sensors can be easily

placed at a remote location and without the concerns of the wiring issue with

the traditional microphones as illustrated in Fig. 4.17.

The retro-reflective membranes used in the remote reference sensing sys-

tems may not have a serious size restriction as the ones in the remote error
sensing systems, which may fit into the user’s ears. Therefore, a larger size of

the membrane can potentially be used compared to model #4. Fig. 4.25 shows

the properties and the control performance with a membrane with an inner

diameter of 24.00 mm. The frequency response is shown in Fig. 4.25a, which is

also averaged from the measurements of five specimens. The first resonance
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Figure 4.23: The NMSE of the error signal from the FxLMS algorithm and the
decorrelated FxLMS algorithm for the (a) model #1, (b) model #2, (c) model #3
and (d) model #4.

occurs at 1 kHz, and the signal magnitude below 1 kHz has seen a 10 dB

increase compared to the one for model #4, though the coherence function

shown in Fig. 4.25b is similar. With the FxLMS algorithm, signals at about

500 Hz - 4 kHz can have 20 dB reduction and signals at 200 - 500 Hz can

have 5 - 10dB reduction, which is similar to the result from model #4. The

use of the decorrelated FxLMS algorithm does not further improve the control

performance for the spectral content significantly. The main benefit is the

speedup of the convergence rate as shown in Fig. 4.25c. One of the benefits of

using such a bigger membrane size is that it makes the system easier to track

and scan a bigger target.

4.4.4 Discussions

Although the displacement of the membrane is proportional to the incident

sound pressure, and hence flattens the spectral content of the reference signal,

the LDV should be equipped with a displacement decoder. It not only increases

the size of the LDV system, but also it is not economically efficient. Thus,

the hardware approach is not desirable. The velocity measurement may be

converted to the displacement signal by applying a filter in the signal process-
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Figure 4.24: The spectra of the error signal when ANC is off, when ANC is
on with the simulated FxLMS and the decorrelated FxLMS algorithms with
the remote reference sensing for the (a) model #1, (b) model #2, (c) model
#3 and (d) model #4, and when ANC is on with the experimental solution
with a traditional reference microphone using the FxLMS algorithm as the
benchmark.

ing region in the system when calculating the control filter. This approach is

similar to that of the decorrelation filter to pre-whiten the reference signal.

Therefore, it is not further discussed. Note that the displacement may only

improve the flatness of the spectrum, thus leading to faster convergence. The

coherence function, however, may not be improved since the displacement

signal is decoded from the original velocity measurement.

One note should be made regarding the distance of the membranes in

the proposed remote sensing method. Although it can be potentially placed

considerably far away from the main system, the distance should be bounded

by the length of the control filter. The distance between the reference sensors

and the secondary sources constitutes the delay in the impulse response of

the control filter. For example, in previous examples, the filter lengths in

the ANC controller were set up 1024 taps, with a sampling rate of 32 kHz.

The delay in the control filter should be kept within 512 taps, thus leaving

the remaining 512 taps for the main impulses. The maximum 512-tap delay

translates to a maximum distance of 512/32000∗340 = 5.44 m. If required,
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Figure 4.25: (a) The frequency response of the retro-reflective membrane with
an inner diameter of 24.00 mm. The shaded areas show the deviation of the
five specimens. (b) The coherence function between the membrane velocity
signal from the LDV and the error microphone. (c) The NMSE of the error
signal from the FxLMS algorithm and the decorrelated FxLMS algorithm
using the membrane. (d) The spectra of the error signal when ANC is off, when
ANC is on with the simulated FxLMS and the decorrelated FxLMS algorithms
with membrane, and when ANC is on with the experimental solution with a
traditional reference microphone using the FxLMS algorithm as the bench-
mark.

the sampling rate of the system can be reduced to half so as to double the

maximum allowed distance. However, the bandwidth of the controlled noise

will also be correspondingly degraded.

4.5 Summary

This chapter focuses on the reference sensors and signals in large ANC sys-

tems (i.e., the secondary path is significant compared to, for example, ANC

headphones). It started by examining some non-ideal reference signals af-

fected by reflections and reverberation, which made it difficult to control the

system. Long filters could be used and adaptive decorrelation filters could also

be used to speed up the system convergence. Another solution was found to

use the hybrid ANC system where the non-coherent signal component could
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4.5. SUMMARY

be controlled in the feedback subsystem. Next, the locations of the reference

sensors were studied. It was found that, for a given secondary path (i.e., a

given secondary loudspeaker and a given error microphone), its property of

being non-minimum-phase requires a significant amount of time advance for

the controller to have significant control performance across the spectrum.

If the reference microphone is relatively too close to the secondary source, a

part of the control filter becomes anti-causal, which mainly affects the low

frequencies. Unfortunately, issues related to system causality are extremely

difficult in any control system. Unless redesigning the secondary path, the

reference sensors should be placed at an appropriate distance away from the

main system. This may seem impractical in many ANC systems, e.g., a moving

ANC system or an ANC system with limited space. To alleviate this issue, a

remote reference sensing method with retro-reflective membranes and LDVs

was proposed. The proposed method started by suggesting a design concept

that is in contrast to the traditional condenser microphone design. The reso-

nance of the membrane should be designed to be as low as possible. It has been

shown that, for example with membranes with an inner diameter of 12.00 mm,

signals at 200 Hz - 4 kHz can be controlled by 15-20 dB, which is slightly

compromised compared to the result from a traditional microphone with 20 dB

reduction at 100 Hz - 4 kHz. However, the traditional microphone was placed

about 2.7 m away from the error microphone and must be physically connected

via cables for the minimal signal delay. Alternatively, the membrane can be

placed at a remote convenient location and the sound pressure is measured

remotely with an LDV.
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5
Line-based Sound Measurement with

Refracto-vibrometry

5.1 Introduction

Many sound field control applications require the acoustic pressure field to be

measured in advance. This is commonly achieved by an array of microphones

distributed across the field or by altering the position of a smaller number of

microphones sequentially. A higher frequency range of interest also requires

a higher spatial resolution, which may become impractical for certain appli-

cations. Sometimes, the control performance is degraded due to difficulties

in installing microphones at certain locations. Furthermore, the presence of

physical transducers might perturb the sound field itself. For these reasons,

non-intrusive, large-scale, high spatial resolution sound field measurement

techniques are worthy of investigation.

Refracto-vibrometry, based on the acousto-optic effect, can be used to recon-

struct a sound field without obstructing the field (see Chapter 1 for the review

of the technique). Sound waves are compressional oscillatory disturbances that

propagate in air as fluid medium. The pressure and the density of air are mod-

ulated with the resulting refractive index altering the amplitude and phase of

light. These changes can be readily detected using LDV. When the reflecting

surface is stationary, the highly sensitive measurement from the LDV only
results from the variations in the optical path due to the fluctuating sound
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field, so refracto-vibrometry can be used as an alternative to reconstructing a

sound field.

The work herein focuses on using refracto-vibrometry to reconstruct the

sound field at the opening of an enclosure, which might represent an aperture

such as an open window. In such locations, the sound field can be complicated

and thus require a large number of microphones for either sound measurement

or control. It is also necessary that obstructions are minimised for such an

opening (Qiu, 2019; Wang et al., 2019b). This chapter explores using refracto-

vibrometry and the quality of the reconstructed sound field will be examined

in what follows and compared with that from a microphone array. Chapter

5.2 describes the fundamentals of refracto-vibrometry. Chapter 5.3 provides

several sound field reconstruction methods. Chapter 5.4 offers the details of an

experimental investigation and finally Chapter 5.6 summarises this chapter.

5.2 Refracto-vibrometry Fundamentals

5.2.1 Measurement Principle

The pressure fluctuation of a sound field changes the refractive index of the

medium. In air, the refractive index, n, is proportional to the sound pressure,

p, with the following relationship (Torras-Rosell et al., 2012),

p(t)
p0

( ) 1
γ n0 −1

γp0
n(t)= (n0 −1) 1+ +1≈ n0 + p(t), (5.1)

φ(t)= k0

where n0 is the refractive index of air under standard atmospheric pressure,

p0 is the static atmospheric pressure, γ is the specific heat capacity ratio of

air.

The phase, φ, of light travelling through the sound field has the following

relationship with the refractive index, n∫
L

n(t)dl, (5.2)

where k0 is the wavenumber of light in vacuo and L is the travelling path of

the light. Combining Eq. (5.1) into (5.2), φ can be re-written as

n0 −1
∫

φ(t)= k0n0L+k0 p(l, t)dl =φ0 +φp(t), (5.3)
γp0 L

where φ0 is the static phase and φp is the dynamic phase due to the sound wave.

Any variation of the pressure along the path alters the measured scattering
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light. An LDV velocity measurement, v, is proportional to the time derivative

of the phase of the light,

v(t)= 1
k0n0

dφ(t)
dt

. (5.4)

When an LDV is used for measurement from a vibrating object, the vibration of

the surface is typically much more significant than any path length variations

due to surrounding sound field pressure fluctuations, i.e., φ0 ≫φp. However,

when the object is stationary and not susceptible to vibration, the velocity

measurement from the LDV is totally contributed to by the dynamic phase,

that is, the pressure fluctuation along the travelling path of the light. Therefore,

Eq. (5.4) becomes

v(t)= 1
k0n0

dφp(t)
dt

= n0 −1
γp0n0

∫
L

dp(l, t)
dt

dl. (5.5)

which, in the frequency domain, is written as

V (ω)= iω
n0 −1
γp0n0

∫
L

P(l,ω)dl, (5.6)

with ω being the angular frequency of interest.

5.2.2 Radon Transform

Equation (5.6) shows that the velocity measurements from the LDV due to the

sound field are the line integrals of the optical paths rather than discrete point

measurements. Such measurements are the projections “slicing” through the

sound field and are described as the Radon transform (Kak & Slaney, 2001) as

illustrated in Fig. 5.1. At a projection angle θ, the Radon transform R can be

mathematically expressed through∫L/2

−L/2
(5.7)

where
x′

y′
=

R(x′,θ,ω)=

[ ] [
cosθ sinθ

−sinθ cosθ

x
y

P(x′, y′,ω)d y′,

][ ]
, (5.8)

are the new coordinates. Eq. (5.6) can be represented by the Radon transform

as
n0 −1

V (x′,θ,ω)= iω R(x′,θ,ω), (5.9)
γp0n0

where the velocity measurements from the LDV are the scaled Radon trans-

form of the sound field.
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Figure 5.1: Demonstration of the Radon transform and parallel scan lines.

5.3 Sound Field Reconstruction Methods

Since the velocity measurements from the LDV are forward projections of the

sound field, and are also equivalent to the Radon transform of the sound field,

sound information at points within the sound field can be recovered by solving

its inverse (i.e., inverse Radon transform). There are various analytical and

numerical methods to achieve this.

5.3.1 Analytical Method - Filtered Back-Projection (FBP)

The FBP is the most popular and basic method of finding the inverse Radon

transform. Since the measurements are the forward projections, the original

sound field can be theoretically back-projected (Barrett, 1984; Kak & Slaney,

2001). The FBP method can be written as

P(x, y,ω)= 1
iω

γp0n0

n0 −1

∫2π

0
R(x′,θ,ω)H(ω)dθ, (5.10)

where 
H(ω)=|ω| for |ω|⩽ωmax,

0 else ,
(5.11)

is typically a ramp (highpass) filter to prevent oversampling at certain loca-

tions. This method essentially integrates (sums) all the projections with an

adjusting filter. The FBP is an analytical method to find the inverse Radon

transform of the sound field to recover the original sound field information.
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5.3. SOUND FIELD RECONSTRUCTION METHODS

5.3.2 Numerical Methods - TSVD & Tikhonov

Alternatively, the Radon transform can be represented numerical as (Bertero

& Boccacci, 2020; Fernandez-Grande et al., 2013; Torras-Rosell et al., 2013)

v=Ap, (5.12)

where v ∈CJN is the vector of all the velocity measurements, A ∈CJN×MM is

the matrix representing the (discrete) Radon transform, and p ∈CMM is the

vector of the sound pressure of all the points in the sound field. It is assumed

that there are N light beams per projection angle and that there are J angles.

There are M×M points to be determined in the sound field. Once the system is

identified, that is, A is modelled, the sound pressure of all the points within the

sound field can be found. Finding the inverse Radon transform is equivalent

to solving the inverse problem. However, as will be demonstrated later, this

inverse problem is ill-posed and certain regularisation should be made. There

are two main regularisation methods that can be used - Truncated Singular

Value Decomposition (TSVD) and the Tikhonov regularisation (Bertero &

Boccacci, 2020; Hansen et al., 2021).

Truncated Singular Value Decomposition (TSVD)

When A is written in the form of SVD, i.e.,

A=UΣVH, (5.13)

where U ∈CJN×JN and V ∈CMM×MM are orthogonal matrices. Σ ∈CJN×MM =
diag(σ1,σ2, . . . ,σr) is a diagonal matrix with the singular values of A. The

solution can be found by (Hansen, 1990)

p=A†v=VΣ†UHv, (5.14)

where

Σ† ∈RMM×JN =



1/σ1 0 · · · 0 · · · 0

0 1/σ2
...

... . . .

1/σrα

... . . . ...

0 · · · · · · 0


, (rα < r). (5.15)
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The † symbol denotes pseudoinverse. Certain small singular values are trun-

cated to prevent unstable inverse results.

Tikhonov Regularisation

The Tikhonov regularised solution (Tikhonov & Arsenin, 1977) of Eq. (5.12)

can be found through

p= argmin
{ 2

2
2
2∥Ap−v∥ +λ2∥p∥ }

, (5.16)

where λ is the regularisation parameter. The solution to the Tikhonov regu-

larised optimisation problem is

p= (AHA+λ2I)−1AHv, (5.17)

where superscript H denotes Hermitian transpose, I is the identity matrix.

5.4 Experimental Investigation

5.4.1 System Setup

The sound field under investigation was at an opening of an enclosure as

shown in Fig. 5.2a. The specific tonal frequency under investigation herein

is 500 Hz. The opening was at the topside. The enclosure had dimensions of

(Lx ×L y ×Lz) = (1×0.85×0.9) m and was made from acrylic material with

10 mm thickness. A sound source (a Genelec 8010A studio monitor) was placed

at the coordinate (−0.4,−0.325,0.1) m. The sound field to be measured was

located at the z = 0.95 m plane. Fig. 5.2b shows the traditional sound field

measurement using a 14×16 microphone array (Brüel & Kjær Type 4957)

with Lmic = 60 mm spacing. Fig. 5.2c shows the setup of using the refracto-

vibrometry with an LDV to reconstruct the sound field. The LDV (Polytec

PDV-100) was mounted on a 1.5 m motorised ball-screw slider actuated by a

stepper motor (NEMA23). The reflector was a steel beam located L = 1.5 m

away across the field with retro-reflective tape adhered for the maximum laser

beam reflection. Accelerometers (Brüel & Kjær Type 4533-B) were adhered

to the reflector at six spots close to the laser reflection spots to monitor the

vibration of the reflector. There were 131 scan lines per projection angle with

an interval of 10 mm and 36 projection angles, i.e., θ ∈ [0 : 10 : 350]. All signals
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Figure 5.2: (a) The coordinate and s of the enclosure under investigation.
The opening is at the topside. (b) Configuration of the 14×16 microphone
array to measure the sound field at z = 0.95 m. (c) Sound field measure-
ment/reconstruction by refracto-vibrometry using an LDV on a motorised
slider. The optical path has a length of L, and the projection angle is θ.

were acquired and recorded through the Brüel & Kjær LAN-XI DAQ modules

(Type 3053 and 3160). The atmospheric condition was measured through a

thermo-hygro-barometer (RS-1160). The heat ratio of air was γ= 1.4, the static

pressure was p0 = 101.32 kPa, the room temperature was 25.0 ◦C and the

relative humidity was measured to be 47.6%. The static refractive index of air

n0 was hence calculated (Malkin et al., 2014) to be 1.0002667951. Fig. 3.14

shows the experimental setup.

5.4.2 Data Collection and Noise Management

The procedure for velocity measurements is illustrated in Fig. 5.4. At projection

angle θ, the motorised slider takes the LDV to scan the sound field. When

the LDV is moved to the position, the motor pauses for 5 seconds to allow the

measurement to be made. The 5-second periods are subsequently found by

locating the peaks of the recorded signal, these being due to the movement of

the slider and therefore the LDV. Then, the last 3 of every 5 seconds are taken

for each location. Since the frequency of interest is known, a narrow bandpass

filter for 500 Hz is applied. Due to the delay in the filter (non-minimum-phase),

the last 2.9 second data is kept. Next, using the recorded loudspeaker signal as

the phase reference, the trimmed velocity signals can be synchronised. After

applying further filtering (such as using the MATLAB function filloutliers) to

reject any remaining spurious noise and outliers in the signals, finally, the

velocity in the frequency domain, V (x′,θ,ω), can be found.

So far, some fundamental noise filtering techniques for the raw data have
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Figure 5.3: Experimental setup of refracto-vibrometry to measure a sound field
of an enclosure opening.

been applied. Further actions can be taken to alleviate effects of measurement

noise. Figs. 5.5a and 5.4b show the real and imaginary of velocity, respectively,

for 131 spots per projection angle and for the total 36 projection angles (the

scattered plot). To avoid any irregular velocity measurement at certain loca-

tions, curve fitting is applied to the measurements. The red lines in Figs. 5.5a

and 5.4b are the results from the robust locally weighted scatter plot smoothing

(RLOWESS) method with a window of 12 samples (MATLAB built-in function

rlowess). Certain outliers, in particular as can be observed in, for example,

θ = 90◦,100◦,280◦, are rejected during this processing.

After the basic and intermediate filtering and smoothing processes to

manage the noisy data, interpolation can then be used to expand the amount

of usable data. The number of scan lines per projection angle is already dense

with 131 lines with 10 mm interval, which is sufficiently small compared to

the acoustical wavelength at 500 Hz, i.e., 0.686 m. However, there are only 36

projection angles with a 10◦ interval, which can be further improved. Instead of

physically taking measurements at finer angles, e.g., 72 projection angles with
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a 5◦ interval, more values can be interpolated from the existing ones. Fig. 5.5

shows the interpolated velocity measurements using the spline method. It is

clear that a finer resolution, that is, more available data, is acquired and is

therefore available for reconstructing the sound field.

5.4.3 Valid Frequency Range

By comparing the measurements from both the LDV and the accelerometers,

which are shown in Fig. 5.6, it is validated that the velocity measurements

from the LDV are caused by the acousto-optic effect. From the six locations

on the reflector, it is clear that the acousto-optic effect is prominent generally

above 500 Hz. Below 500 Hz, the reflector can be more easily acoustically

excited and this setup is thus not suitable for refracto-vibrometry technique at

lower frequencies.

5.4.4 Regularisation Parameters

Fig. 5.7 shows singular values of A corresponding to the 90 × 90 resolution

and 72 uniformly distributed projection angles. The singular values span from

about 4.7×10−4 at the maximum to 4.6×10−21 at the minimum. This signifi-

cant span of singular values shows that the matrix A is very ill-conditioned.

Regularisation must be made to ensure the validity of the inverse results.

The appropriate regularisation parameters, i.e., rα in Eqs. (5.14) and (5.15)

and λ in Eq. (5.17), can be found through the generalised cross validation

(GCV) method (Hansen, 1998). λ for the Tikhonov regularisation will minimise

the GCV function of

G(λ)=
2
2(

I− trace
(||Apλ−v||
A(AHA+λ2I)−1AH

))2 . (5.18)

Similarly, rα for the TSVD will also minimise the GCV function in the form of

G(rα)= ||Aprα −v||22
(JN − rα)2 . (5.19)

As shown in Fig. 5.8, λ and rα are found to be 1.195×10−4 and 87 (Hansen,

1994), respectively, for minimising the GCV functions. These values are then

used to find the inverse results.
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Figure 5.4: Data collection procedure for sound field reconstruction using
refracto-vibrometry.
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Figure 5.4: (a) Real part of velocity measurements, Re )V (x′,θ,ω)

)
, and (b)(

V (x′,θ,ω)imaginary part of velocity measurements, Im , at 131 spots for
projection angles θ ∈ [0 : 10 : 350]. The scattered dots are the velocity value at
the discrete locations. The line represents the smoothed data filtering out the
any irregular value.
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Figure 5.5: (a) Real part and (b) imaginary part of velocity measurements
with 36 projection angles. (c) Real part and (d) imaginary part of velocity
measurements with 72 interpolated projections angles.

Figure 5.6: Velocity from the LDV (thick lines) across the sound field and from
the accelerometers (thin lines) adhered to the rigid reflector at six locations.
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Figure 5.7: Singular values of A corresponding to the 90 × 90 resolution and
72 uniformly distributed projection angles.

(a) (b)

Figure 5.8: The GCV function (a) for the Tikhonov regularisation, where
the minimum is found at λ = 1.195×10−4 and (b) for the TSVD, where the
minimum is found at rα = 87.

5.4.5 Sound Field Reconstruction

The specific tonal frequency under investigation is 500 Hz. Fig. 5.9a shows the

simulated results for some basic understanding of the sound field (Wang et al.,

2015). Fig. 5.9b shows the sound pressure levels measured by the microphone

array as the reference (a), whereas the reconstructed sound fields from the

aforementioned three methods – (b) FBP, (c) TSVD and (d) Tikhonov – are

compared.

The reconstructed sound field from the FBP method as shown in Fig. 5.9c is

the least satisfactory among the three techniques. Although the general form

is similar to the reference case, “lumpy” artefacts can occur with this method
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when the measurements are noisy and/or the amount of data is sub-optimal. In

addition, the only adjustable parameter is the highpass filter, which makes it

the least favourable for sound field reconstruction. The result from the TSVD

is shown in Fig. 5.9d. Similar artefacts in Fig. 5.9c are still present, though

they are improved compared with those from the FBP method. The best result

among the three techniques is that from the Tikhonov regularisation method

as shown in Fig. 5.9e. The overall reconstructed sound field is the smoothest

and is the closest to the one measured by the 14×16 microphone array.

The sound fields reconstructed using refracto-vibrometry with the Tikhonov

regularisation are quantitatively compared with the ones measured by the

microphone array. The normalised difference is defined as

ε= ||pmic − p̃Tikh||22
||pmic||22

×100%, (5.20)

where pmic is the pressure measured by the microphone array, p̃Tikh is the

pressure measured with the Tikhonov regularisation method with λ= 1.195×
10−4. It should be noted that pmic ∈C224 from the 14×16 array (with spacing

of 60 mm), whereas the original resolution from refracto-vibrometry of pTikh

is 78×90 with spacing of 10 mm. p̃Tikh is the downscaled version to C224 for

the calculation in Eq. (5.20). The downscaled sound field is demonstrated

in Fig. 5.10. The normalised difference is calculated to be 10.3%, which is

satisfyingly low for such a reconstruction.

5.5 Discussions

This chapter shows how to reconstruct sound fields using the refracto-vibrometry

technique. The comparison made to the microphone array was to examine the

quality of the reconstructed sound fields. However, it should be particularly

noted that these two methods have different measurement principles. On the

one hand, a microphone array can provide instantaneous and synchronous

measurements of the sound field at discrete points, but the main disadvantage

is the physical presence of the sensors in the sound field. On the other hand,

refracto-vibrometry takes sequential measurements over multiple projections

of the sound field. Although it does not impose any physical sensor limitations,

the sound field is “reconstructed” from the projections rather than being di-

rectly “measured”. Therefore, the technique does not provide instantaneous
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measurements and the sound field should be stationary during the measure-

ment, as arranged for the experimental campaigns herein. This open challenge

limits the application of the technique, and remains to be solved in the future

for refracto-vibrometry to be used in practice, where non-stationary sound

fields are likely.

5.6 Summary

In this chapter, an analytical method (i.e., FBP) and two numerical methods

(i.e., TSVD and Tikhonov), have been used to find the inverse Radon transform

to reconstruct the sound field at the opening of an enclosure from an LDV-based

refracto-vibrometry measurement campaign. Using the measurement from a

14×16 microphone array as the reference, the Tikhonov regularisation method

yields the best result, whereas the FBP method gives the least satisfactory

result. Next, LDV-based refracto-vibrometry will be used to control sound at

an opening where obstructions are undesirable for aesthetic, ventilation and

access reasons. The physical presence of a microphone array can be intrusive

in such applications, whereas refracto-vibrometry might be preferable.
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(a) Simulation

(b) Microphone array

(c) FBP

(d) TSVD

(e) Tikhonov

Figure 5.9: Real (left) and imaginary (middle) parts of the sound pressure
and the SPLs (right) from (a) simulation results, (b) the 14×16 microphone
array, and reconstructed from (c) the FBP, (d) the TSVD and (e) the Tikhonov
regularisation methods.
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(b) Tikhonov, downsampled

Figure 5.10: Sound pressure field measured by (a) a 14×16 microphone array,
(b) refracto-vibrometry downscaled to the size of 14× 16. The normalised
difference is calculated to be 10.3%.
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ANC with Refracto-vibrometry

6.1 Introduction

Controlling noise propagating through a large opening is difficult. As

reviewed in Chapter 1, a significant number of transducers (both

secondary sources and error sensors) are required for effective perfor-

mance. The higher the frequency of interest, the more channels are required.

Past research focused rather on the configuration and the control performance

of secondary sources. An evenly distributed layout leads to the best control

performance, though at the expense of obstruction of the opening. A boundary

layout, on the other hand, distributes the secondary sources and error micro-

phones along the edges of the opening, which minimises the obstruction, yet

limits the frequency range and requires a large number of transducers.

Here the particular focus is on the configuration and performance of the

error signals, their ideal number and the associated ANC performance. When

using conventional microphones as error sensors, the number of error micro-

phones required is typically the same or, at most, double the number of the

secondary sources (cf. Table 1.1). The number of error sensors is restricted

in practice due to many factors, e.g., supported channels of the ANC con-

troller, the computational overhead, the cost of the system, etc. However, as

demonstrated in Chapter 5, refracto-vibrometry provides great sound field

reconstruction quality with a high spatial resolution. This allows for a substan-
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Figure 6.1: Example schematic scenarios of controlling noise through an en-
closure opening with an array of secondary sources while using, for the error
signals, (a) a microphone array and (b) refracto-vibrometry.

tial number of error signals to be used in ANC with the potential to improve

the control performance, while also not further obstructing the opening thanks

to the inherent, non-invasive nature of the refracto-vibrometry technique. The

schematics of both alternative systems are depicted in Fig. 6.1.

Chapter 6.2 provides the theoretical investigations on the number of error

sensors on the control performance. Chapter 6.3 shows experimental results

of ANC performances using either a microphone array or refracto-vibrometry.

Chapter 6.4 provides some remarks on using refracto-vibrometry for ANC and

Chapter 6.5 summarises the chapter.

6.2 Theoretical Investigations

Regardless of whether using a microphone array or the refracto-vibrometry

technique for the error sensing, the ANC performance is bound by the physical

limitations of the system. Therefore, before applying refracto-vibrometry to

control noise through an opening, these limitations must be understood. In

the absence of any restriction on the number of error sensors and their place-

ment, i.e., the limit of what might be achievable with refracto-vibrometry, the

130

Noise source

Secondary sources

Microphone array

(a)

Noise source

Secondary sources

LDV

Reflector

(b)



6.2. THEORETICAL INVESTIGATIONS

question becomes:

Which and how many error sensors* and signals should be chosen for the

best control performance?

6.2.1 System Configuration

The system to be investigated is as shown schematically in Fig. 6.2a, and is

similar to that investigated in Chapter 5.4. The enclosure has dimensions of

(Lx ×L y ×Lz) = (1×0.85×0.9) m, with the opening at the top. The primary

source is placed at the location (−0.35,−0.325,0.1) m. Calculations of the sound

fields of all the sources are made using the analytical model of monopoles in a

cavity, which has been verified through numerical simulations (Wang et al.,

2015). A total of 100 modes will be used in the subsequent section.

The evaluation point hemisphere is situated above the plane of error

sensors at z = 0.95 m, and has a radius reval = 5 m. There are 201 far-field

evaluation points distributed regularly on the hemisphere as shown in Fig. 6.2.

Adding more points does not change the results by more than 1 dB.

For a fixed secondary source configuration, the number and positioning of

the error sensors will be varied in the following analysis with the corresponding

control performance observed. The benefits of an evenly distributed error

sensor configuration will be validated as completed in earlier works by other

researchers (Wang et al., 2019b). Some error sensor distribution options

are shown in Fig. 6.3, ranging from 16 to 256 locations. For the brevity of

the discussion, all the arrangements are organised in square formations, i.e.,

4×4,6×6,8×8 and 16×16. The spacing between the sensors to the edge of the

opening is half of the spacing between the sensors in each of the two directions

in line with earlier studies (Lam et al., 2018a).

Since evenly distributed secondary sources can achieve the best noise con-

trol (Lam et al., 2018a; Wang et al., 2015, 2018), the development hereinafter

also uses such a configuration. The secondary sources are thereby uniformly

distributed in the xy-plane at z = 0.72 m. The distribution of the secondary

sources is the same as that of the error sensors in each case.

*The theoretical investigations do not consider any technique or instrument for obtaining
the error signals. Thus, the general term “sensor” is used here. The term “microphones” will
be used when it explicitly refers to the use of conventional microphones.
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(b)

Figure 6.2: (a) The schematic diagram of the system controlling noise radiated
from a cavity with 16 secondary sources evenly distributed across the opening.
(b) Positions of the 201 regularly spaced evaluation points on a hemisphere of
radius 5 m and above the plane of z = 0.95 m.
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Figure 6.3: The distributions of (a) 4×4, (b) 6×6, (c) 8×8, and 16×16 error
sensors in the z = 0.95 m xy-plane. The same distributions also apply to the
secondary source locations.
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6.2.2 Control Formulation and Evaluation

The primary noise source is assumed to be a monopole inside the cavity. All

five walls of the cavity are considered rigid, so all sound outside the cavity is

solely transmitted through the opening. The far-field hemispherical evaluation

points that encompass the opening are used to estimate the radiated sound

power before and after ANC is applied.

The sum of the squared sound pressures at all the error sensors is aimed to

be controlled by the ANC system. Before control, the sound pressure pp ∈CNe

at Ne error sensors (the disturbance) due to the single primary source can be

written as

pp =Zpeqp, (6.1)

where Zpe ∈CNe are the acoustic transfer functions from the primary source to

the error sensor points. qp represents the primary source strength.

After control, the error signals pe ∈CNe containing sound from both primary

and secondary sources, can be denoted as

pe =pp +ps =Zpeqp +Zseqs, (6.2)

where Zse ∈ CNe×Ns are the acoustic transfer functions from Ns secondary

sources to the error points. qs ∈CNs represent the strengths of the secondary

source.

The optimal secondary source strengths can be calculated by minimising

the sum of the total squared sound pressures at error point locations with a

control effort constraint, i.e.,

J =pe
Hpe +βqs

Hqs, (6.3)

where superscript H denotes the Hermitian transpose with β being the regu-

larisation parameter. The optimised secondary source strengths can be found

to be

qs =−
(
ZH

seZse +βI
)−1

ZH
seZpeqp. (6.4)

Then, the noise reduction level at Nm evaluation/monitoring points can be

determined

NR (dB)= 10log10
pH ppm

p
pm

H
mpm

, (6.5)

where ppm = Zpmqp is the pressure at the evaluation points without ANC.

pm =ppm +Zsmqs is the pressure at the evaluation points after applying the

calculated optimal secondary source strengths.
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6.2.3 Number of Error Signals on the Performance

The following cases are simulated using the derived analytical model:

• A fully determined system, i.e., Ne : Ns = 1 : 1

• A slightly over-determined system, e.g., Ne : Ns ≈ 1.5 : 1

• A more over-determined system, e.g., Ne : Ns ≈ 2 : 1

• An extremely over-determined system*, i.e., Ne ≫ Ns

The results for three different secondary sources arrangements are shown

in Fig. 6.4. Controlling the noise directly at the evaluation points gives the best

possible performance for given secondary sources. As observed in the results,

while frequencies below 500 Hz can be effectively controlled in all three cases,

adding more secondary sources increases the controllable frequency range.

With 16 secondary sources, noise can be controlled up to about 800 Hz. For

noise control up to about 1.5 kHz, 36 secondary sources are required. With 64

secondary sources, noise below 1.4 kHz can be controlled by more than 20 dB.

Higher frequencies, such as those at 1.5 kHz – 2 kHz and 3 kHz – 4 kHz, can

also be controlled by about 10 dB.

When using near-field error sensors for noise control, the number of error

sensors is important, particularly at higher frequencies. So far, most of the

previous works have either a fully determined system, or a slightly over-

determined system. Although the lower frequency noise can be controlled,

the results presented in Fig. 6.4 suggest that such systems can potentially

increase the noise at far-field evaluation points at higher frequencies, although

the secondary source strengths have been constrained within a reasonable

amplitude range in Eq. 6.4. To not cause significant noise level elevations

after control, the number of error sensors should ideally be at least double

the number of secondary sources. For example†, at least 36 evenly distributed

error signals should be used with 16 secondary sources, at least 64 errors for

36 secondary sources, and at least 121 errors for 64 secondary sources.

This, however, can be very difficult to realise practically when using tradi-

tional microphones as error sensors. One of the major limitations of controlling
*The extremely over-determined system can still be ill-posed since the signals can be

redundant, which is particularly the case for lower frequencies.
†Only nominally square openings with the same number of sensors in each of the two

directions are considered

135



CHAPTER 6. ANC WITH REFRACTO-VIBROMETRY

noise through openings is to use as few control sources and sensors as possible.

Using a great number of error microphones not only obstructs the opening,

particularly with an evenly distributed configuration but also increases the

computational cost in a real-time controller implementation.

Some extra steps can be taken when using a limited number of error

microphones. Firstly, a low-pass filter implemented in the controller hardware

can suppress secondary signals in the higher frequency range. However, such

filters can increase the latency of the secondary path, which is detrimental to

the overall performance of ANC systems. Alternatively, the low-pass filter can

be applied at the algorithm level when calculating the secondary source signals.

A spectral-shaping filter can be added in the time domain, or a frequency-

dependent regularisation factor can be used. However, by doing that the

controlled frequency range is seriously limited. The ANC system has to give

up any attempt to control even if the secondary sources have the ability to do

so.
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(c) 64 secondary sources

Figure 6.4: Analytical results of the overall sound pressure level determined
at the 201 far-field evaluation points for different numbers of error sensors
when using (a) 4×4, (b) 6×6 and (c) 8×8 secondary sources.
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6.3 Experimental Results

6.3.1 System Setup

The experimental setup follows the investigation in the previous chapter. The

sound field under investigation was at the opening of the previous enclosure

with dimensions of (Lx ×L y ×Lz)= (1×0.85×0.9) m as shown in Fig. 6.5. The

primary source (a Genelec 8010A studio monitor) was placed at the location

(−0.35,−0.325,0.1) m. There were 15 secondary sources (3× 5) in the xy-

plane at z = 0.72 m. The 16 loudspeakers were connected to a 16-Channel

Digital to Analog Converter (RME M-16). The configuration can be seen both

schematically and as implemented experimentally in Fig. 6.5. The sound field

to be measured and controlled was located at z = 0.95 m. A traditional sound

field measurement using a 14×16 microphone (Brüel & Kjær Type 4957) array

with Lmic = 60 mm spacing was taken as a reference*. Nine evaluation points

were located on a regular grid 1 m above the enclosure opening.

Fig. 6.5 also shows the setup of using refracto-vibrometry to reconstruct

the sound field. The LDV (Polytec PDV-100) was mounted on a 1.5 m motorised

ball-screw slider actuated by a stepper motor (NEMA23). The reflector was a

steel square hollow section beam located at a stand-off distance of L = 1.4 m

directly behind the field with retro-reflective tape adhered to the surface for

optimal optical signal level and signal-to-noise ratio. As in Chapter 5, the

entire enclosure was mounted on a turntable with the LDV/slider/reflector

setup remaining fixed. For each of the 36 projection angles, evenly spaced

over an entire revolution, i.e., θ ∈ [0 : 10 : 350], there were 69 scan lines evenly

spaced at an interval of 20 mm. All signals were acquired and recorded through

a Brüel & Kjær DAQ modules (Type 3053 and 3160) with a sampling rate of

131.072 kHz. Environmental conditions in the anechoic chamber were 23.7 ◦C
room temperature and relative humidity of 47.4%.

6.3.2 ANC Performance with a Microphone Array

Using the 224 microphone array, an area of 0.78 m × 0.9 m over the sound

field could be measured for both the primary source and the secondary sources.

Using the “Steady-State Response (SSR) Analyzer” in the Brüel & Kjær Pulse

*This array was realised using a 7×8 microphone array with 120 mm spacing sequentially
positioned in four locations at 60 mm spacing
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Figure 6.5: The experimental setup of using the refracto-vibrometry to measure
the sound field as the error signals controlling the primary noise from the
enclosure with 15 secondary sources.
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LabShop software, the phase information of the sound field could also be

acquired. After measuring all at 224 points for each source, some signals were

chosen as the error signals for the control. The nine evaluation points were

also recorded simultaneously for monitoring the system performance.

Fig. 6.6 shows the overall SPL of the nine evaluation points when using

3×5, 3×7, 6×5, 7×8 and all 14×16 error signals with the 3×5 secondary

sources for frequencies from 300 Hz to 4 kHz. Results follow the theoretical

findings shown in Fig. 6.4a. For low frequencies below 600 Hz, the system

does not require so many error signals for an effective control performance

of more than 10 dB reduction. However, if the system is fully determined

(Ne : Ns = 15 : 15) or slightly over-determined (Ne : Ns = 21 : 15), the sound

pressure levels at some frequencies above 1 kHz can become elevated by more

than 10 dB, even though the secondary source strengths have been regularised.

The trend of the results also follows those from discussions of the previous

section. As the number of error signals increases, e.g., with 30 and 56 error

signals, while there are still some increased pressure levels after control, these

increases are not as significant, generally 5 dB maximum. If the number of

error signals is sufficient, e.g., 224 errors (Ne ≫ Ns), there is essentially no

noise increase at higher frequencies, this being the upper control limit given

only the 15 secondary sources.

From this result with the microphone array, although the number of sec-

ondary sources is limited, the previous theoretical investigations can still be

verified. For low frequency noise, the system does not require as many error

signals. However, if no extra steps are taken to improve the performance at

higher frequencies, such as low-pass filtering as discussed previously, using

a number of error signals lower than twice the number of secondary sources

can inadvertently result in sound pressure level elevation instead*. Conversely,

when there are many more secondary sources, e.g., 64 loudspeakers or more

the noise could have also been controlled at 3 kHz – 4 kHz by about 10 dB,

as shown in Fig. 6.4c. To achieve this outcome, the required number of error

microphones may need to be significantly over a hundred, a set-up that is

largely infeasible in practice. More likely, the system will cut out the high

*Although it is not the focus here, the spacing between the error sensors in relationship
with the upper frequency limit can be found, which is similar to the studies for the secondary
sources in (Lam et al., 2018a,b). This can be useful when optimising the number of required
error microphones. However, as shown in Chapter 6.3.3, the relationship is not as important
when using refracto-vibrometry since there are many error signals readily available for ANC.
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Frequency (Hz)

Figure 6.6: Experimental result of the overall sound pressure level of the
evaluation points when using different numbers of error microphones using
3×5 secondary sources.

frequencies, preventing the secondary sources from being able to control these

higher frequencies at all. Using refracto-vibrometry for the error sensing, how-

ever, potentially eliminates these practical limitations and therefore presents

an alternative to this as will be investigated in the next subsection.

6.3.3 ANC Performance with Refracto-vibrometry

This section will demonstrate the benefits of using the refracto-vibrometry tech-

nique for error sensing by actively controlling noise in an enclosure through a

large opening. As demonstrated in Fig. 6.5, there were 36 evenly spaced projec-

tion angles in a full circle, i.e., θ ∈ [0 : 10 : 350] with 69 scan lines evenly spaced

at 20 mm increments per projection angle. Following the same data collection

and noise management approach of the previous chapter, the measurements

were then upsampled using the “makima” interpolation method in MATLAB

with an interval of 10 mm (a total length of 1.38 m) and 72 projection angles

instead. The frequency of interest was set to 2 kHz with each secondary source

being activated in turn and a full refracto-vibrometry measurement campaign

taken. The focus here is to see how the high frequency noise behaves using

refracto-vibrometry after the control.
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Using Tikhonov regularisation, the sound field can be reconstructed from

the refracto-vibrometry data, as described in detail in Chapter 5. The results

of the measurements and post-processing for some of the various secondary

sources are illustrated in Figs. 6.7 (Real parts) and 6.8 (Imaginary parts). The

subplots in the leftmost column show the sound pressure using the 14×16

microphone array (with the microphone spacing of 60 mm) to measure over

the 0.78 m × 0.9 m enclosure opening area. These measurements were further

scaled up (27×31, with spacing of 30 mm) using the “cubic” interpolation for

better visualisation as shown in the middle column subplots. The rightmost col-

umn subplots show the corresponding results derived from refracto-vibrometry.

The original refracto-vibrometry results immediately offered a spatial resolu-

tion of 96×96 with the spacing of 10 mm, but these were truncated to 78×90

with the spacing of 10 mm for ease of comparison later. The regularisation

factors were 1×10−7 using the L-curve (Hansen, 1998). Comparing these re-

sults with the ones from the upscaled microphone array, it is very apparent

that the refracto-vibrometry technique gives very close measurements to those

obtained from the microphone array. However, unlike using an 837 or even

just a 224 microphone array, the sound field can be readily measured with an

extremely high spatial resolution without obstructing the opening at all.

After using refracto-vibrometry for measuring the primary source and the

15 secondary sources individually*, the sound pressures were used to calculate

the secondary source strengths to enable the control. For a fair comparison,

the 7020 points of measurement (78×90) were scaled down to the same size

of 14×16 as the microphone array. Fig. 6.9 shows the normalised difference

between the refracto-vibrometry and microphone array measurements, deter-

mined using Eq. (5.20) from the previous chapter. Due to the symmetry of

the positioning of the secondary sources, #1 – #5 and #11 – #15 are similar

and thus the latter are not shown. With all the normalised differences under

20%, the reconstruction from the refracto-vibrometry technique is shown to be

rather successful.

*Due to the symmetric nature of the array of secondary sources and for the sake of saving
time, the measurements for secondary sources #1 – #5 were also used for #11 to #15 with no
apparent loss of performance.
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(a) Primary source

(b) Secondary #1

(c) Secondary #3

(d) Secondary #9

(e) Secondary #10

Figure 6.7: Real part of the sound pressure at 2 kHz from the 14×16 micro-
phone array (left), the upscaled microphone array measurement (27×31) (mid-
dle), and the reconstructed using the Tikhonov regularised refracto-vibrometry
technique (right) (78×90) for (a) the primary source, (b) the secondary source
#1, (c) the secondary source #3, (d) the secondary source #9, and (e) the sec-
ondary source #10.
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(a) Primary source

(b) Secondary #1

(c) Secondary #3

(d) Secondary #9

(e) Secondary #10

Figure 6.8: Imaginary part of the sound pressure at 2 kHz from the 14×16
microphone array (left), the upscaled microphone array measurement (27×31)
(middle), and the reconstructed using the Tikhonov regularised refracto-
vibrometry technique (right) (78×90) for (a) the primary source, (b) the sec-
ondary source #1, (c) the secondary source #3, (d) the secondary source #9, and
(e) the secondary source #10.
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Figure 6.9: Normalised difference between the 224 microphone array and the
downscaled refracto-vibrometry reconstruction results for the primary source
and the secondary sources #1 – #10.

Table 6.1 shows the overall noise reduction levels at the nine evaluation

points when using a different number of error signals for each of the micro-

phone array and refracto-vibrometry techniques. Both techniques performed

similarly when controlling the 2 kHz noise source. It is expected, based on

previous analysis, that, when using 15 secondary sources, the fully deter-

mined case of using 15 error signals from either method will cause significant

noise level elevation at higher frequencies. As the number of error signals

increases, this elevation is less significant. When the system is extremely over-

determined, even without extra regularisation, the noise will not be increased,

this being the performance limit for the control system given only the 15

secondary sources. Table 6.1 clearly shows all of these expected performance

outcomes.

The main benefit of using the refracto-vibrometry technique for controlling

the noise through an opening is that a sound field can be measured without

any disturbance to it. No physical sensors are required, which is favourable for

opening applications, such as windows or doorways. In addition, the measured

sound field can potentially have a remarkably high spatial resolution which

can then be directly exploited in ANC. Using only a fraction of the whole

measurement, e.g., 224 out of 9216 possible error sensors, the ANC system

realises the optimal performance that the secondary sources can achieve. This

can be even more advantageous when the number of secondary sources is

sufficiently large, e.g., 64 or more. In this case, thousands of error signals, e.g.,

all 9216 points are readily available to reach the optimal ANC solution.
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Table 6.1: The overall noise reduction levels at 2 kHz at the nine evaluation
points with different numbers of error signals from two measurement tech-
niques, the microphone array and refracto-vibrometry. (Negative values mean
noise level elevation.)

No. of errors Noise reduction level

Microphone array Refracto-vibrometry

15 −11.2 dB −10.1 dB

21 −4.2 dB −5.8 dB

30 −3.6 dB −3.4 dB

56 −2.5 dB −2.2 dB

224 −0.8 dB 0.2 dB

9216 – 0.1 dB

6.4 Discussions

Similar to as discussed in Chapter 5.5, using refracto-vibrometry in sound/noise

control applications is not yet immediately realisable. Using a microphone

array can provide real-time sound control, but the physical presence of the

sensors limits its use, especially for opening applications. While refracto-

vibrometry does not obstruct the opening at all, the measurements need to be

made sequentially and the sound field reconstructed; thus, real-time measure-

ments for control are not (yet) possible.

The total computational duration of the previous reconstructions can be

considerable since they can only be calculated once all the projections have

been made. For effective sound control applications, the duration should clearly

be as short as possible. Improvements can be made through both the physical

and algorithmic aspects of the system. For the former, the projections of the

laser beam can be made automatic. Scanning LDVs are widely available and

can scan the sound field using the fan-beam measurement configuration (Roth-

berg et al., 2017). For the latter, algebraic iterative reconstruction methods,

such as Kaczmarz’s method, Cimmino’s method, and simultaneous iterative

reconstruction technique (SIRT) (Hansen et al., 2021), can be used to speed up

the reconstruction process, not to mention that the required computation is

less expensive.

It should be noted that the proposal of refracto-vibrometry for sound control
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at openings was not meant to replace the microphone array. Rather, this

technique can be used as an alternative or complementary error sensing

method. For example, controlling low frequency noise (e.g., below 1 kHz) can

still use conventional microphones as error sensors since the system does not

require many error microphones. Refracto-vibrometry can be used to jointly

control high frequency noise (e.g., above 1 kHz), which requires a considerable

number of error sensors.

6.5 Summary

This chapter investigated the error signals in controlling noise through an

enclosure opening. Theoretical investigations were made regarding the impact

of the number of error signals on the ANC performance. It was discovered

that the number of error signals used is crucial to high frequency noise control

in particular. The system does not require a large number of error signals at

low frequencies. However, for a fully determined or slightly over-determined

system, the high frequency noise could be inadvertently increased after control.

To prevent significant noise level elevation, the number of the error sensors

should be at least double the number of secondary sources, i.e., Ne : Ns ≥ 2 : 1.

This can be impractical if physical microphones are used since too many micro-

phones can obstruct the opening, not to mention that the setup is complicated

and the computation expensive. Therefore, the secondary source signals must

be low-pass filtered to remove the risk of elevating the sound pressure at

higher frequencies while removing any attempt to control in this range, even if

the secondary sources have the potential to control at those higher frequencies.

The chapter also examined the refracto-vibrometry technique in measuring

the sound field of the opening as near-field error signals in the context of

using these for ANC. Using this technique at a large enclosure opening, the

sound fields due to a primary source and each of the 15 secondary sources

can be accurately reconstructed with a very high spatial resolution compared

to the corresponding results from a large channel count microphone array.

Although only evaluated for a single 2 kHz tonal component, the results from

the refracto-vibrometry technique were the same as those for the microphone

array. However, unlike the microphone array, which can significantly obstruct

the opening, the refracto-vibrometry technique leaves the opening completely
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unobstructed, while still providing a large number of error signals for the

ANC system. If the number of secondary sources is sufficiently large and

able to control the high frequency noise, the ANC system will give the best

performance that the secondary sources allow since the refracto-vibrometry

technique provides the required considerable number of error signals.
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7
Conclusions and Future Works

This chapter states the general conclusions drawn from this thesis. The

detailed contributions can be found at the end of each chapter and are

not repeated here. Following this, possible future research directions

are suggested.

7.1 Conclusions

This thesis was motivated by the multitude of issues stemming from the phys-

ical presence of conventional microphones in contemporary ANC applications,

particularly ANC headrests and ANC windows. For ANC headrests, the error

microphones cannot be installed close to the user’s ears. The reference micro-

phones also cannot be too close to the main system (the headrest). For ANC

windows, the distributed layout of the error microphones can better sense the

sound field at the opening for control. However, the opening should ideally

continue to be free from any such obstructions to allow for effective ventilation,

sufficient lighting or for merely aesthetic reasons. Due to these problems, a

non-intrusive error sensing method was identified as a need for further de-

velopment. Laser Doppler vibrometry can offer non-contact and non-invasive

vibro-acoustic measurements, with the potential to resolve the identified open

challenges in both ANC headrests and windows.

The overall structure and main contributions are demonstrated in Fig. 7.1.
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The first part of the thesis (Chapters 2, 3 and 4) was concerned with using

LDVs for ANC headrests. Firstly, a remote acoustic sensing apparatus has

been developed that consists of a retro-reflective membrane and an LDV at a

remote location. The small lightweight membrane without any cables could

be placed at the location of interest, whereby the LDV could then measure

the acoustically-induced membrane surface vibration at that remote location.

Next, the apparatus was applied to an ANC headrest for error sensing. The

membrane was placed in the cavum concha of the synthetic ears of a head and

torso simulator. The results showed that more than 10 dB sound attenuation

could be obtained over an ultra-broadband frequency range up to 6 kHz for

multiple sound sources and various types of common environmental noise.

Finally, the locations of the reference sensors have also been studied. It has

been found that a typical non-minimum-phase secondary path requires a

significant amount of time advance, that is, preserving enough latency for the

controller to have an effective performance, especially for low frequencies. The

LDV-based remote acoustic sensing arrangement has also been investigated for

reference signals. For a traditional, physically connected reference microphone

placed far away from the main system, the remote reference sensing method

achieves comparable performance but without the requirement for any physical

connection.

The second part of the thesis (Chapter 5 and 6) was concerned with using

LDVs for ANC windows or a large opening in general. Instead of measuring

a large sound field at discrete points, a line-based sound field measurement

technique, i.e., refracto-vibrometry, has been investigated. This approach could

serve as an alternative method to measure sound pressure at all the points

of interest without disturbing the sound field as is the case for microphones.

Experimental results showed that the Tikhonov regularisation method yielded

the best result when compared to the alternative filtered back-projection and

truncated singular value decomposition options relative to a microphone array.

Then, this technique was applied to measuring sound fields at the enclosure

opening from a primary source and 15 secondary sources for the purpose of

ANC. Through a series of theoretical investigations, which are later verified

through experiments, it was discovered that, for an evenly distributed layout,

the ratio of the number of error signals to secondary sources should be at least

2 : 1 so as not to cause elevated noise levels at the high frequencies, e.g., above

2 kHz. Although this could be impractical using conventional microphones,
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since the number can be so great as to obstruct the opening, this is not the

case when using the refracto-vibrometry technique. The experimental results

have demonstrated that refracto-vibrometry can be used to determine the

sound pressure at all the points of interest without disturbing the sound field

and with high spatial resolution. If the number of secondary sources was

sufficient and could potentially control the high frequency noise, the ANC

performance would not be limited by the number of error signals and could

reach the optimal solution that the secondary sources allow. If the secondary

sources could only control the low frequency noise, using refracto-vibrometry

would at least not cause noise level increase at the high frequencies as can

occur for a microphone-based approach.

Overall, the laser Doppler vibrometry based remote sensing method has

been proven to be very effective in solving the issues of the physical presence

of conventional microphones in a number of ANC applications.

7.2 Future Works

Outlined below are a number of potential future research directions arising

from work presented in this thesis.

• Remote error sensing with remote sensing
Although Fig. 3.7 in Chapter 3 showed that placing the retro-reflective

membrane in the cavum concha of an ear can achieve the best ANC

performance, with the worst observed at the small lobe (lobule) of the

ear, a more practically realistic approach is still to put the membrane on

the lobule for both comfort and aesthetic reasons. To maintain the best

control performance, some of the remote sensing methods as reviewed in

Chapter 1.3.2 can be combined with the proposed remote error sensing

arrangement with an LDV. For example, by using the remote microphone

method, that is, pre-determing the transfer function between the sig-

nals at the lobule and at the cavum concha, even though the physical

membrane is adhered to the lobule, the ANC performance can still, the-

oretically, be as if based on a virtual membrane placed at the cavum

concha for the best performance.

• Non-stationary paths with the LDV based remote sensing
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LDV-based remote acoustic sensing has been applied to both the error

and the reference signals for ANC headrests. The primary and secondary

paths measured by the LDVs can be more perturbed compared to the ones

from the conventional microphones. To make the system more robust,

some measures can be taken on the algorithm level to prevent perfor-

mance degradation due to sudden changes in the error and reference

measurements (Elliott et al., 2020).

• Refracto-vibrometry with adaptive reconstruction
Similar to using the FxLMS algorithm to make the ANC system adaptive,

the refracto-vibrometry technique for measuring a large sound field can

also be adaptive. The noise through an opening can be non-stationary

and the use of an adaptive algorithm can be more practical. Kaczmarz’s

method, Cimmino’s method and simultaneous iterative reconstruction

technique (SIRT) (Hansen et al., 2021) can be explored and associated

with an adaptive ANC algorithm in the future.

• Refracto-vibrometry with presumed acoustical models
Chapter 1.4.2 described some previous works that incorporated acousti-

cal models during the reconstruction to make the results more accurate.

Yatabe et al. (2017) added the Kirchhoff-Helmholtz integral equation

and the Herglotz wave function for interpolation when the measure-

ments were limited or noisy. Acoustic holography has also been explored.

Plane-wave expansion model was also used. The reconstructed sound

field can be extrapolated and thus only a partial area needs to be mea-

sured (Fernandez-Grande et al., 2013; Verburg & Fernandez-Grande,

2021). These methods and possibly others can be explored in the future

for better and quicker reconstruction for sound/noise control applications.

• Controlling both sound pressure and intensity with refracto-
vibrometry
It has been demonstrated that the refracto-vibrometry technique can

provide a very high spatial resolution sound pressure measurement

for the error signals for controlling noise at an opening. With enough

information, the sound intensity can also be estimated to determine the

acoustic energy flow. Then, instead of controlling only the sound pressure,
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the ANC system can potentially control both the sound pressure and the

intensity, which can achieve an even better ANC performance.

• Using refracto-vibrometry to measure broadband sound
The thesis experimentally investigated using the refracto-vibrometry

technique at certain tonal frequencies. Combining measurements of dif-

ferent tonal frequencies may not necessarily be directly translated to

measuring and controlling a broadband sound. Adjustments or correc-

tions might be required for an accurate result when applying such a

system to measure different kinds of broadband environmental sound

for application in ANC windows.

• Refracto-vibrometry affected by flow
Air fluctuation due to other than acoustic waves, such as wind, can indeed

affect the optical measurements. One can study the optical signals when

the system is sensing the acoustic waves and/or wind. It is expected

that the measurements from the two situations can have distinctive

characteristics. Once these situations are understood, the system can

recognise when the wind is present. Then the system can either reduce

the signal interference from the wind or discard the measurement. This

remains to be an open challenge to be explored in the future.
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