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ABSTRACT

The application of an active control force on a thin-walled acoustic boundary
can modify the motional dynamics, and so influence the impedance presented
to incident waves. This impedance determines transmission of acoustic
energy, reflection of acoustic waves from the boundary and absorption of
incident energy.

This thesis studies control systems that generate control forces for the active
control of surface acoustic impedance. The proposed systems rely on
measurement of the acoustic pressure and surface velocity of the boundary.
The systems can use adaptive digital signal processing, which offers
significant advantages over non-adaptive techniques. The active control of
the specific acoustic impedance of a loudspeaker that terminates a
waveguide for axially propagating plane waves provides a motivating problem.

Theoretical analysis establishes the control of specific acoustic impedance of
a simple compliantly-suspended piston by a control force. Operational
constraints of a physical piston define theoretical operating limits for
controlled specific acoustic impedances.

The control systems use either feedback or feed-forward techniques for which
theoretical treatment reveals restrictions on the range of controlled specific
acoustic impedance. A novel result is that conventional implementations of
the control systems can be unstable for certain desired impedances unless
feedback cancellation is used. Digital feedback techniques are less effective
for broader frequency bandwidth where feed-forward techniques may work.
Theoretical analysis produces solutions that confirm the feasibility of these
control techniques for the active control of specific acoustic impedance.
Potential errors in the implementation of the systems have predictable effects
on the controlled specific acoustic impedance.

Experimental results support the theoretical work presented in this thesis,
demonstrating active control of specific acoustic impedance for normally
incident acoustic plané waves. An adaptive digital feed-forward control
system creates desired specific acoustic impedances for band-limited noise

and transient signals.
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1 INTRODUCTION

1.1 PREFACE

The application of active methods to control acoustical problems is the subject
of considerable recent research and development. One major area is in acoustic
sound reduction by active methods. This has arisen from the scientific
recognition of the phenomenum "sound interference” in acoustical space. Atany
position in an acoustical space, the sound pressure that arises with two or more
coherent radiating sound sources depends on the interference between the
different preséures generated by the sound sources. If the sources are suitably
related then destructive interference can occur with a corresponding reduction
in sound pressure. Conversely with constructive interference the sound pressure
is increased. The possibility of controlling the sound pressure of an offending
noise by destructive sound interference with an additional coherent sound source
was first recognised by Paul Lueg in a patent filed in 1934 and granted later in
1936 (1). More recently, real systems that reduce acoustical noise by active
methods have been demonstrated. The introduction of fast digital signal
processors has prompted much growth in this area.

A newer area of research attention is in the control of the behaviour of sound at

an acoustic boundary. Real acoustical problems often occur in acoustic spaces
that are bounded by surfaces. Whether sound is reflected or absorbed at the
surface boundaries dictates the sound field that occurs in the space. A
reverberant sound field occurs in a space that is bounded by highly reflective
surfaces. An anechoic sound field occurs when the boundaries are absorptive.
The behaviour of sound at the surface can be described with specific acoustic
impedance - this is defined in Section 1.2 on Page 3. The influence of the
specific acoustic impedance of a boundary on the nature of the enclosed sound
field motivates the control of specific acoustic impedance. This thesis studies
the control of the specific acoustic impedance of surface boundaries by active
methods. The analysis and implementation of a method for the direct control of
specific acoustic impedance is presented. This work is original and experimental
results demonstrate the active control of specific acoustic impedance.
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A literature study on the field of active control of acoustical problems is
presented in Chapter 2. This section reveals that active modification of specific
acoustic impedance is not new - practical demonstration has already been made
with a control system that was designed to control reflection coefficients. This
thesis contributes to the field by presenting the first demonstration of direct
modification of specific acoustic impedance by a new method. A review of
contemporary techniques for active control is given in Chapter 3. This chapter,
therefore, contains no original work. The description of adaptive algorithms used
for the practical work is presented. Current techniques for treating feedback
problems are also presented. The rest of the work reported in this thesis is
original, except where otherwise credited.

The modification of the specific acoustic impedance of a simple surface by a
control force is theoretically established in Chapter 4. Physical operating limits
arise when the forced surface is implemented by a loudspeaker. These are
illustrated with examples of controlled specific acoustic impedance.

The method for specific acoustic impedance control is presented in Chapter 5.
Original theory is presented in Chapter 6 to describe the operation of the
method. Controller solutions are presented that apply to any active method for
the optimum control of impedance. The stability of feedback loop paths that
occur are analyzed. The analysis reveals that the implementation of the control
method by conventional techniques that contain inherent delay can not create
certain specific acoustic impedances unless feedback paths are cancelled. The
implementation of a suitable adaptive algorithm for impedance control Is
examined. Problems that affect the practical performance of the control method

are also described.

The practical implementation of the system is described in Chapter 7.
Observations are presented on instability and band-width constraints for the
digital feedback implementation of the method. Results that demonstrate the

control of specific acoustic impedance are presented in Chapter 8. The choice
of test signal can affect adaptive system performance. In addition to sinusoidal
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signals, this thesis uses noise and transient signals to test the modified specific
acoustic impedance as this reflects generalized performance for real-world
acoustical problems.

The findings of this thesis are discussed in Chapter 9 and concluded in Chapter

10 where recommendations for further work are offered.

1.2 SPECIFIC ACOUSTIC IMPEDANCE

This section defines specific acoustic impedance. The characteristic specific
acoustic impedance of plane waves in air is also quantified.

The specific acoustic impedance z at a location in a fluid medium is the ratio of
the acoustic pressure p to the particle velocity u, Equation 1.1.

z=L ko 1.1

u mes

Note that as velocity is a vector, so z is a vector quantity. The unit of specific
acoustic impedance is often given as the Rayi, in honour of Lord Rayleigh.

There is another definition of impedance called acoustic impedance Z, Equation
1.2. This, for an acoustic wave acting on a surface of area S, is the acoustic

pressure divided by the volume velocity U of the surface.

z-P kg 1.2
U m*s

The specific acoustic impedance z at a surface of known area S is related to the
acoustic impedance Z as shown in Equation 1.3.

z- 28 M 1.3
. mes

This thesis studies active methods that modify z at the surface of an acoustic
boundary. Throughout the thesis this impedance is often called the surface
impedance. Also the specific acoustic impedance is described simply as
impedance. Other forms of impedance, such as mechanical and electrical, are
expressed in full.
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The impedance 2z for travelling plane waves in air is described in Equation 1.4
(a formal derivation is presented in (2)).

Z=+p,C _kg_ 1.4
mes

This is often described as the characteristic impedance of air. The plus or
minus sign indicates the direction of sound propagation. Although the
impedance of the medium is a real quantity for progressive plane waves, this is
not true for standing plane waves or for diverging waves - in these cases z will
be complex (see pp20-21 and p25 in (2)). At a temperature of 20°C and at
atmospheric pressure, the density of air is 1.21 kg/m® and the speed of sound

is 343 m/s (3). The characteristic impedance of air is thus quantified in Equation
1.5.

(PoC)ee = 415 NG 1.5

m2s
If plane waves are propagating through a pipe in the direction assigned as
positive, with frequency less than the plane wave cut-off frequency of that pipe,

then the impedance at any position in the cross-section is described by Equation
1.6.

Z=p,C A 1.6

m2s
When the propagating wave arﬁves at the surface of an object, the impedance
of the surface determines whether sound reflection or absorption occurs. If the
surface impedance is much greater than the characteristic impedance of air then
reflection will mainly occur. |If there is |i&le mismatch in impedance at the
boundary, absorption mainly occurs. |f the impedance of the surface can be
controlled by active means, then sound reflection or absorption can be
controlled. Of particular interest is the generation of a boundary impedance that
matches the characteristic impedance of air and so absorbs normally-incident
propagating waves. This surface is often described in this thesis as a

"controlled characteristic termination".



Chapter 1. Introduction Page 5

1.3 THE ACTIVE CONTROL OF SPECIFIC ACOUSTIC IMPEDANCE

The previous sections in this chapter have identified that the desire to control
impedance at an acoustic boundary is motivated by the relationship that
impedance has with sound absorption and reflection. This thesis studies an
active control method for the modification of impedance. An acoustic scenario

that facilitates this study is the sound field that occurs in a waveguide with
"axially" propagating plane waves. This acoustic environment has received
much attention in active noise control research.

Sound energy in the waveguide is generated with an acoustic source at one end.
The frequency band-width of the acoustic source is restricted so that acoustic
plane waves propagate along the length. The waveguide is terminated at the
other end with an acoustic boundary. The sound field in the waveguide thus
depends on the impedance of this termination. The waveguide allows the use
of a standard method to quantify the termination impedance - measurement of
standing wave ratios. A control system is configured to modify the impedance
of the termination. The analysis, design and demonstration of the control system

is the subject of this thesis.

The use of the waveguide limits sound propagation to one spatial dimension.
The thesis concentrates on impedance control for one-dimensional sound
propagation to validate the control method. The control of impedance for
three-dimensional sound is beyond the scope of this foundational work.
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2 LITERATURE STUDY

2.1 INTRODUCTION

This chapter describes the literature study undertaken for this research project.
The requirements of research originality demand that the efforts of other
researchers are not repeated. The literature study reveals that the control of
surface impedance has been considered by other researchers. However the
method used in this thesis to perform surface impedance control has not been

analyzed or implemented before.

The active control of acoustical noise problems encompasses different
disciplines. Theoretical knowledge of acoustics and control theory and technical
knowledge of signal processing and electronics are all necessary to design and
implement active acoustic control systems. By 1992 there were more than 3500
references in the field of active noise and vibration control (4). A data base of
most of these reference titles is available (5). The first monograph on the active
control of sound was recently published by Nelson and Elliott (2). This book
contains 420 pages concerning the theory and operation of active control in
acoustics. This volume contains much theoretical work proving that sound can
be reduced by active control implemented with radiating sources. The study of
this quantity of literature is simplified by distinguishing two objectives that
motivate the active control of sound: active reduction of noise by sound
cancellation, and general modification of a sound field by the active control of
impedance at a boundary. The distinction between these two objectives is
discussed in Section 2.2. Separate discussions of the literature for each
objective are presented in Section 2.3 and Section 2.4. Finally, publications on
various aspects of active control that were educational for the author are

referenced in Section 2.5.

2.2 PREAMBLE
This section discusses the distinction between the active reduction of noise by

sound cancellation and the general modification of a sound field by the active
control of the impedance of a boundary.
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The active reduction of noise by sound cancellation attempts to minimise the
acoustic pressure at a sensor (or multiple sensors) in an acoustic field. This is
achieved by creating an acoustical "anti-noise" signal that destructively interferes
with the offending noise at the sensors. The anti-noise signal is generated by
modifying the motion of secondary pistons or vibrating surfaces. The
modification of the surface vibration modifies the surface impedance presented
to the surrounding medium. However the effect of this on the sound field is
often not considered in the literature. Conversely, the active control of
impedance is primarily concerned with creating a defined impedance at an
acoustic boundary. The effect of boundary impedance on an enclosed sound
field motivates this control objective. If a reverberant field is desired, then active
control can increase sound reflection by increasing the impedance at a vibrating
boundary surface. Or if an anechoic sound field is desired, then active control
can reduce sound reflection by forcing the boundary to have characteristic
impedance. This objective is fundamentally different to noise reduction by sound
cancellation as the intention is to create a defined acoustic /oad rather than an
anti-noise signal.

The active reduction of noise by sound cancellation is described in early works
on active noise control, see Section 2.3.1. Researchers studying the active
reduction of propagating noise in ducts by sound cancellation in the 1970’s were
aware that, whilst the sound pressure is minimised at downstream sound sensor
locations, upstream radiation occurs from the anti-noise source. This interferes
with the primary noise and complicates the controller design. Sound cancellation
procedures were therefore designed to minimise these side effects with
directional anti-noise sources, see Section 2.3.2. In the literature this is called
sound absorption as the reflected wave from the anti-noise source back to the
source of noise is minimised. However noise reduction still occurs at the sensor
positions by the process of sound interference with an anti-noise signal - test
results in these references show large levels of sound reduction. These systems
therefore appear to combine two physical processes:. sound cancellation and
sound absorption. Conversely, the cfeaﬁon of sound absorption by the active

control of impedance does not attempt to cause sound cancellation at a sound
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sensor location. Reflected waves are minimised by matching the load
impedance to the impedance of the acoustic medium. Both methods can absorb
incident sound, but the objectives are different: the first method aims to reduce
noise by sound interference, the second creates an acoustic load. The acoustic
load can be used to reduce sound in an enclosed field. However this is not
considered in the design of strategies for the active control of impedance.

The distinction between the two objectives is enhanced with the following
discussion on a study of sound reduction by Curtis et al/ of a one-dimensional
enclosed sound field by three different techniques (6). This paper does not
concern itself with the design of control systems, choosing to concentrate on the
physical mechanisms of active sound reduction. The three techniques are :

"cancellation at a point (the acoustical virtual earth) and active absorption
(the absorbing termination), both of which have been successfully used
in ducts, and the strategy of minimization of energy that has been
developed for the control of sound in enclosed spaces".

The first technique, the acoustic virtual earth, is the active reduction of noise by
sound canceliation as described in early works on active noise control. The
paper describes the results of experimental tests and concludes that this method

is not recommended for enclosed sound fields as it can force new standing wave
patterns which "result in new resonances and greatly increased sound levels at
some frequencies". The second technique for sound reduction, the use of the
absorbing termination, was set by applying an active control force on the
termination so that reflections back to the source were minimised. The effect of
this was to create a termination impedance that matched the characteristic

impedance of the enclosed sound field. This was found to reduce sound levels
in enclosed resonant sound fields. However increased sound levels were noted

in enclosed anti-resonant sound fields (in the specific test described in this paper
the increase in the total sound field at anti-resonance was 0.6dB). The results

from these two techniques distinguish the behaviour of the active reduction of
noise by sound cancellation and by absorption with the active control of acoustic
impedance. However, neither of these techniques fully characterize the hybrid
"sound absorber" systems described originally in the 1970’s because, whilst
sound absorption in these systems occurs in the sense that waves are not
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reflected back to the source, the reduction of noise by sound cancellation also
occurs at other locations in the sound field. The paper concludes that the third
technique, the minimisation of acoustic energy, provides the best noise reduction
for both on- and off-resonance sound fields. A separate successful research
effort in energy based control of sound is described by Sommerfeldt, (7).

In summary, the active reduction of noise by sound cancellation and the active
control of impedance are fundamentally different objectives. The first method
is concerned with reducing sound pressure by wave interference whilst the
second method concerns the creation of defined acoustic loads. Both methods
can be used to reduce sound pressure with different degrees of success. Hybrid
systems have been seen in the literature that attempt to reduce noise by sound
cancellation but can also be termed "sound absorbers". The literature study is
divided into the two parts: noise reduction by sound cancellation in Section 2.3
which includes discussion of hybrid systems in Section 2.3.2, and the active
control of impedance in Section 2.4.

2.3 ACTIVE REDUCTION OF ACOUSTIC NOISE

This section discusses literature on the active reduction of acoustic noise by
sound cancellation in Section 2.3.1. Section 2.3.2 discusses literature on
systems that reduce noise by sound cancellation whilst preventing sound
reflection back to the noise source. This literature is not discussed in great

detail because this thesis is concermed with the active control of specific acoustic
impedance. This section offers a brief historical perspective on the active

control of sound.

2.3.1 The active reduction of acoustical noise by sound cancellation

The invention of active acoustic-noise cancellation is attributed to Paul Lueg, “a
doctor of philosophy and medicine, who worked as a physicist for many years”
(8). Early in 1934 he filed a US patent application (1) that described the
principle of active noise cancellation by wave superposition. The cancellation

of an offending sound is achieved by generating a negative replica, usually by
installing an anti-phase compensation source next to the primary noise source.
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This contribution was based on Lueg's ideas as opposed to any technical
realization. The first successful laboratory demonstration of sound reduction by
wave superposition occurred 20 years later by Olsen and May's "Electronic
Sound Absorber” (9). The use of the phrase "sound absorber" to describe this
system can be misleading. The system reduces sound pressure at a single
microphone location in the acoustical field. However, it does not act to absorb
incident acoustic waves and thereby prevent reflected sound. By reducing the
pressure the system effectively reduces the impedance at the microphone
location. However, the system does not attempt to create a characteristic
impedance, that required for ideal sound absorption of incident plane waves.

The first technical applications of active noise reduction appeared 50 years later
with the emergence of stable digital signal processing electronics.

The number of references in this field precludes further discussion. Interested
readers should refer to (5). A book by Nelson and Elliott (2) offers a unique
contemporary study on the active control of sound and presents analysis on the
physical principles behind noise reduction by sound cancellation for
one-dimensional and three-dimensional sound fields

2.3.2 Directional Sound Cancellation

During the 1970’s work was performed by Swinbanks (10) and Jessel (11) into
cancelling sound in ducts by active acoustic side-branches. The secondary
control sources developed in these separate research efforts prevent the
reflection of sound back to the noise source. In this respect these sources are
absorbers of sound. The contribution by Jessel (12) is seen as the earliest
theoretical treatment of active noise control (4).

Jessel realized that it was possible to create a directional source of anti-noise
that, whilst reducing downstream sound pressure level by wave cancellation, did
not reflect sound back to the source. His theory was based on a reciprocal of

Huygens’ principle (13). By using an analogue control system he was able to
demonstrate this for one-dimensional sound using a symmetrical secondary
source configuration consisting of a monopole and a dipole source. Figure 4 of
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(11) illustrates downstream attenuation in a duct with no modification of the
upstream propagating wave. Mangiante (14) demonstrated this work in
3-dimensions by surrounding the primary noise source with arrays of both 12
and 20 secondary sources. The results presented show convincingly uniform
reductions in the far field radiation for both pure tone and broad-band sound,
page 303 of reference (2).

Swinbanks describes creating an unidirectional acoustic source in a duct with
two rings of monopolar sources so that downstream waves in the duct are
attenuated (10). The configuration of the sources produces no upstream
radiation. Later work performs laboratory tests with Swinbanks method so

demonstrating attenuation of sinusoidal propagating waves but concludes that
the system was too expensive for common application (15). Swinbanks method
is analyzed in Section 5.7 of (2). The use of two sources to create directional
sound radiation is shown to have frequency bandwidth limitations. More
complicated arrays can extend the operational bandwidth.

The complexity of the secondary sources used in Jessel and Swinbanks works
has restricted the general development of these systems.

2.4 ACTIVE CONTROL OF SPECIFIC ACOUSTIC IMPEDANCE

This thesis distinguishes active noise reduction and active control of impedance
as two separate areas for consideration: whilst active noise reduction addresses
the treatment of a sound field, active impedance control is concerned with the
dynamics of boundaries in response to excitation by acoustic waves. This
section discusses literature on the active control of impedance. Section 2.4.1
describes the early published works on active control of acoustic impedance by
Bobber and Beatty. Later work can be separated into two types of control
strategy. The first strategy, realized with two pressure measurements, describes
the work of Guicking et al on the active control of reflection coefficient in Section
2.4.2. The work of Ordufia-Bustamente and Neison on active absorption using
adaptive techniques is also described. Literature on the second strategy,
realized with velocity and pressure measurements, is described in Section 2.4.3.
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This strategy is used in the active control work presented in this thesis and has
been examined independently by Mazzola. Finally a patent on a variable
reflection/absorption device is mentioned in Section 2.4.4.

2.4.1 Active acoustic load impedance

The earliest published work found during this literature study on acoustic
impedance control is an abstract by Bobber and Beatty (16). They were
interested in controlling the impedance at the termination at one end of a tube
so that defined impedances could be presented to a source transducer at the
other end for accurate calibration and evaluation measurements. The tube was
terminated with an active transducer that could be made to have "any acoustical
impedance”. This work was for application in water-filled ducts at high static
pressures where the ratio of feasible duct dimensions to the wavelength of the
sound is too small to approximate the free-field conditions required for accurate
evaluation of the source transducer. The work was, therefore, particularly
motivated by the creation of a characteristic load impedance through active
control techniques. Later publications by Bobber (17) and Beattyﬁ (18) analyze
the active load impedance. This section discusses these publications.

Bobber presents an electro-mechanical-analog analysis of a tube terminated at

both ends by independently dﬁven transducers by assuming that waves are
normally incident on the transducers, the duct is loss-less and all components

are linear (17). He develops an equivalent circuit for the system where the
transducers are simple electricali generators with defined impedances (these
arise in the real system from the inherent electrical, mechanical and acoustical
properties of the transducers) and the duct is a standard electrical network
representation of an ideal transmission line. This is applidable as an ideal
representation of either an air- of a water-filled duct. Therefore the conclusions
of the analysis are equally valid for an air- or a water-filled duct. By adjusting
the relative magnitude and phase of the generator voltages Bobber shows that
the load impedance "seen" by the source generator can be adjusted to any
value, even negative values when the termination acts as a source of energy.
The load impedance is also dependent on the "length” of the transmission line,
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the signal frequency, the speed of sound propagation, and the inherent
impedances of the transducers. The paper then quantifies the load impedance
arising from numerical values of these variables. The practical duct dimensions
are small compared with the wavelength and Bobber studies the effect of varying
these conditions in his model. The theoretical results indicate that the behaviour
is subtle, for example the change in the load impedance caused by increasing
the length varies with the ratio of generator voltages (or transducer surface
velocities). For one example the change in load impedance is reduced with
larger generator voltages. For another specific example the system is unstable.
Simple deductions can not be drawn because of the large number of variables
and coupling that occurs. The paper concludes that load impedance of any
magnitude or phase can be obtained by varying the magnitude and phase of the

two signals driving each transducer, but some combinations of the system
variables may result in an unstable condition. The thesis author considers that
it is not possible to make general recommendations on avoiding the instable
conditions because of the number of variables and coupling in this idealised

system.

Beatty provides a more rigorous treatment of the acoustics of the active
impedance load (18). He omits any discussion on the generation of the control

voltage signal and the active transducer electrical properties, choosing to
analyze the load impedances presented to the acoustical waves by the source
transducer, at one end of a water-filled rigid duct, and the termination transducer
at the other end. The transducers are considered as pistons that are driven
independently at a common frequency. Theoretical analysis shows that the
actual values of the source and termination impedances are dependent on the
velocities, or applied forces, and the surface areas of the pistons at either end
and the complex speed of propagation in the medium as well as the dimensions
of the duct. The control of a desired termination impedance is simply achieved
by applying an appropriate force to the termination piston. This force is related
to the driving force applied to the source piston. Beatty states that the

termination transducer impedance can be made to assume any value of
magnitude 0 to infinity and phase angle 0 to +77, as the velocities or forces were
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considered in the analysis to be linearly independent and unrestricted with
respect to magnitude and relative phase. However, Beatty acknowledges that
the determination of an exact forcing function from the theoretical analysis is
experimentally difficult to achieve because of the "elusive" parameters involved.
The rest of the work is concerned with determining the load impedance, arising
from the duct and termination, "seen" by the source. For a characteristic load
impedance, Beatty identifies that the control forcing function can be correctly
adjusted by observing defined pressure magnitude and phase relationships in
the duct. Results are presented from pressure measurements on a water-filled
steel tube with an active termination. A characteristic load impedance is
successfully achieved as the results indicate that plane waves propagate from
the source to the termination transducer without reflection. However, a direct
control method for automatically adjusting the forcing function on the termination
so that the load impedance seen by the source is set to an arbitrarily specified
value was not established in this paper or in the paper by Bobber. This thesis

presents an active control method that automatically controls the impedance at
the termination of an air-filled duct to an arbitrary pre-specified value for incident
plane waves.

2.4.2 The "2-mic" control system

Considerable research on the modification of the reflection coefficient at a
surface for air-borne sound has been performed at the University of Géttingen,
Germany (19)(20)(21). The reflection coefficient R is intimately related to
impedance (see Appendix 5 on Page 344). Therefore the control of R is
considered by the thesis author as equivalent to the control of impedance.

These works, initiated by Prof. M.R. Schroeder and supervised by Dr. D.
Guicking, demonstrate experimental control of refiection coefficient using ‘an
analogue control system. The incident sound was plane and at normal
incidence, experimentally achieved by constraining the sound to one dimension

by use of a duct (or "waveguide"), see Figure 1 on Page 30 (taken from Figure
O (20)). The source loudspeaker (I/s) generates a travelling plane wave that
propagates down the pipe towards the controlled surface. Two microphones M1
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and M2 are positioned in the duct with M1 at the surface of the controlled I/s
and M2 at a distance of about 10cm along the duct. The control system uses
the two microphone signals to separate the reflected and incident pressure
waves in the duct. The ratio of the separated signals yields the complex
reflection coefficient R. The direct extraction of R allows the control system to
be adjusted so that desired values of R can be set. The use of two microphones
to determine acoustic reflection coefficients is patented (22). The historical
significance of this control system is such that the thesis author proposes an
abbreviation that rests on the use of two microphones to separate incident and
reflected pressure - the "2-mic" control system. This abbreviation will be used

throughout the rest of this thesis.

The motivation behind this work arises because:

"conventional, passive absorbers for low-frequency sound presents
difficulties: Wedge-type absorbers have to be made quite long
(approximately, 1/3 wavelength at the lowest frequency), and resonance
absorbers are effective in harrow frequency bands only, aside from often
becoming quite big". (21)

The application of active control offers practical solution to these problems for
the acoustics described in this paper: spot frequencies between 180-500Hz, and
defined band-pass noise operating in one-dimension with plane wave motion.
Sound reflection coefficients of less than 0.1 are indicated. The sound absorber
was able to function in sound pressure levels of 110-140 dB, this being limited
by overload of the electronics. '

The work described in (20) is concerned with providing arbitrary reflection
coefficients "to find applications not only for noise abatement but more generally
in room acoustics”". This quotation reinforces the thesis author's desire to
separate active noise reduction by sound cancellation with the more generalized
applications of impedance control in acoustics. The abstract quotes

"This system permits easy control of the reflection coefficient”..."Arbitrary
reflection coefficients between almost 0 and about 1.5 have been realized
in the frequency range from below 100Hz to more than 800Hz" for single
frequency one-dimensional plane waves

The researchers were successfully able to hand adjust the system so that R was
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less than 0.02 between 150 and 750Hz thus creating a termination of
near-characteristic impedance over these frequencies. When the active
termination has a refiection coefficient of greater than unity it is actually
contributing additional energy to the sound field. This behaviour is consistent
with Beatty's assertion that the phase of the termination impedance can be
actively controlled to any value (18). It is interesting that the first control system
described in (20), before the successful 2-mic implementation, used a single
microphone: this was unstable at higher frequencies. Theory for the loop
stability of an equivalent control system is presented in Section 6.4.4 of this
thesis.

All of the references (19)(20)(21) use analogue electronic control systems.
Whilst successfully achieving the desired impedances the use of analogue
control limits practical implementation because manual adjustment is required
for each spot frequency (20). Manual adjustment is unsatisfactory for practical
implementation. Automatic analogue adjustment systems proposed in (19)(21)
have long adjustment and settle time (such as 2 - 5 seconds (21)) compared
with the latest digital control systems at the time of writing. One feature of the
analogue control systems is that they do not need any "upstream” information
from the source loudspeaker: control is achieved only with the information

derived from the two microphones.

The work at Gottingen was continued in an experimental and theoretical PhD
Thesis by Rollwage (23) and a JASA journal paper (24). The objective was to
take the 2-mic control system from one-dimension to three-dimensional
acoustics. "Free-field applications of active absorbers present several
complications as compared to guided plane waves: arbitrary angles of incidence,
spherical instead of plane waves, diffraction effects, discrete (matrix-type)
structure of the active systems, and different transfer characteristics of the
individual systems” (24); it is important to remember that the intention was to

provide flexible impedance and not just active absorption. Experiments were
made with a 3x3 loudspeaker arrayfin an anechoic room situated 3m from a

primary source. The research found that the 2-mic system could not calculate
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the reflection coefficient because of distortions by evanescent and diffracted
waves and the use of an intensity probe also failed. A system of scanning the
complex pressure field between the controlled surface and the source, and then
comparing the results with a model function of the acoustics allowed evaluation
of the 3x3 loudspeaker array’s acoustic reflection coefficient. The more specific
case of providing a characteristic impedance (the case for ideal absorption) used
a 2-mic setup with the distance between the microphones corresponding to a
quarter-wavelength of the sound. As in the one-dimensional case R could be
set at large (greater than 2) or small values (less than 0.1) at 500Hz.

"Measurements at higher frequencies (eg: 750-1000Hz) have revealed
that reflection coefficients below 10% can be realized as well"..."but
certain spatial pressure fluctuations remain in the near field of the test

box. This is caused by the discrete structure of the loudspeaker array
and can only be avoided by applying more loudspeakers closer to one
another”

The results presented in (23)(24) show three-dimensional control of impedance.
However, as in previous references (19)(20)(21), practical limitations exist
because of the non-adaptive analogue control system. The three-dimensional
active absorber required re-spacing the two microphones for different

frequencies therefore making broad-band control impossible.

Computer simulations in (24) reveal that active control of arrays of loudspeakers
"can realize almost arbitrary reflection coefficients for sinusoidal waves at normal
and oblique incidence”. The research effort states that the control system
needed further development so that it could work "with broad-band excitations
and in real sound fields with waves incident from various directions

simultaneously”.

The first efforts to produce a more effective control strategy were published in
1986 by Guicking's team in (25). Digital adaptive filter techniques are adopted
to eliminate the unsatisfactory manual control of the analogue system. The

system presented no longer uses two microphones, but reverts to the use of a
single microphone system as presented in (20). The limitations of the earlier
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unstable analogue system are superseded by creating a digital control system
with three compensation filters. The setup of these compensation filters requires
pre-training of the system. The system concept limits itself to laboratory
experimentation as the training of one of the filters (H;) demands that the sound
source is a loudspeaker set at the angle of incidence for the experiment. A
generalised practical implementation for arbitrary angles of incidence is therefore
not feasible. Another of the proposed fixed filters (H,) is considered by the
thesis author to be time-variant as a result of the active control's time-variance.
Analysis of the stability of this single microphone system is not presented. The
thesis author has not encountered any subsequent publication describing
laboratory experimentation with this control setup.

An application for active impedance control of mechanical structures is described
in (26). This is different from the active control of surface impedance described
in this thesis so does not merit much further discussion. However, it is
interesting that the control systems use similar concepts. In the mechanical
impedance control example the actual force experienced by the structure is
compared to a "desired” force, that which would occur if the structure has the
"desired" impedance. If a control system acts to minimise the difference, or
“arror”, between the actual and desired forces then the structure impedance
assumes the desired value. The process of minimising an error signal is often
used in modern adaptive control systems. This is employed in the impedance
control systems described in this thesis, see Chapter 9.

The application of digital adaptive control to the 2-mic system is presented in
(27). The 2-mic system is used to separate incident pressure to drive an
adaptive filter. This prevents potentially unstable feedback loops as reflected
pressure from the active source can not feedback into the active filter. An error
signal is found by calculating the desired reflected pressure and comparing this

with the measured reflected pressure. The adaptive filter is configured to adapt
to a solution that reduces this error signal. The desired acoustic reflection
coefficient is specified by setting a desired reflected pressure. This adaptive
system is implemented on an AT&T DSP32C digital signal processor. However
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an instability with a compensation filter is mentioned in the final paragraph of this
paper. Active control results are not presented.

A personal communication with Dr. D. Guicking (28) mentions that no further

work on the active control of impedance has been published partly because of
funding difficulties.

A more recent publication by Ordufia-Bustamente and Nelson (29) demonstrates
one-dimensional broad-band active acoustic absorption by adaptive digital
control using the 2-mic system. The reflected pressure is calculated as in (19)
although the paper seems unaware of this despite references to Karcher's
thesis. The paper describes a similar setup to that depicted in Figure 1 on
Page 30 with a smalier duct and 20cm spacing between the two microphones.
The adaptive control system is configured to minimise the reflected pressure

thus maximising the acoustic absorption of the controlled surface - effectively
this is a termination of characteristic impedance. Although reflection coefficients
are not presented, absorption of a puise propagating down the duct illustrates
transient broad-band absorption with this system. However, the results indicate
that the direct initial pulse from the source was also modified before arriving at
the controlled surface - see Figure 10 in reference (29). This indicates that the
controlled surface responded before the arrival of incident sound and therefore
the controller did not implement an optimum solution for true acoustic absorption.
The adaptive system is different from the analogue control system used in the
work of Guicking et al in that it uses an electrical signal taken from the source
to feed the input of the adaptive digital filter - see Figure 2 on Page 31 (adapted
from Figure 6 of reference (29)). The behaviour of the adaptive system for input
signals available in different acoustic scenarios, such as a pressure
measurement at some point in the sound field, is not discussed. The paper
theoretically demonstrates that the 2-mic system can be configured to achieve

other acoustic termination impedances.

An aspect of the 2-mic system that has not yet been mentioned in this literature
study is that the impedance is optimized at the centre of the two microphone
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spacing (29). For the one-dimensional characteristic termination this is of no
consequence: if the impedance between the 2-mic probe is characteristic then
the impedance seen by the source will also be characteristic for propagating
plane waves. If the 2-mic control system is configured as an active reflector,

then the effective centre of refiection will be at the half distance between the
microphones. This has the effect of reducing the acoustic length of the pipe
compared with replacing the controlied surface with a highly-reflective physical
surface. The three-dimensional control of oblique incident waves may be
complicated by this "off-cone” controlled impedance. The thesis author feels that
it is more relevant to implement a true surface impedance. This can be done by
directly measuring the surface impedance with a microphone and an
accelerometer. This is the subject of the next part of the literature study.

2.4.3 The "mic-accr” control method

The impedance of a vibrating surface is defined as the ratio of the total acoustic
pressure at the surface to the surface velocity. A novel impedance control
method is therefore based on instrumenting the surface with a microphone and
accelerometer. With the application of conventional control techniques it is then
possible to force the surface to have a desired surface impedance. A suitable
abbreviation for this control technique is thus "mic-accr" and this will be used

throughout this thesis.

Theoretical and practical publications on the mic-accr control method
(30)(31)(32)(33) have resulted from this research effort. This thesis partly draws
on work performed for these four publications. A schematic on the typical
test-rig setup is shown in Figure 3, on Page 32.

A separate and independent publication by Mazzola (34) also demonstrates
'6riginal research on the use of the mic-accr technique. This is the only other
research effort seen by the thesis author on the use of the mic-accr method to
control surface impedance. A discussion of this publication follows.

Mazzola’s monograph "Active Sound Absorption" contains 106 pages of
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theoretical work on a control method for the active absorption of sound. Active

sound absorption in a fluid medium of incident waves by a surface is achieved
when the surface has the same impedance as the contacting fluid medium - the

"characteristic" impedance. Mazzola independently suggests that it is possible
" to achieve active sound absorption by the instrumentation of a surface with a
pressure and a velocity measurement; by minimising an error signal with
feedback control it is theoretically possible to force a characteristic surface
impedance. Mazzola mainly describes the surface as a plate actuated by

piezoelectric transducer material. A preliminary chapter in (34) (pp. 1-2) is
reproduced here:

"When an acoustic plane wave P, (x,t) is normally incident on an infinite,

rigid, and fixed plate, the total pressure P,(x,t) at the surface, x=0 is given
by:
P(0.0) = 2P,(0,n M.1

If the plate happens to be vibrating, then the total pressure at the plate
surface is: ,
. P,(0,t) = 2P,(0,0) + Pp(o.t) M.2

where P (0,t) is the pressure corresponding to the vibration of the plate.
If somehow we could set P (0,t) = -P, (0,t), then the total pressure at the
plate surface would equal the incident pressure:

P0.0) = Py(0.0 M.3

Since Py(x,t) = pCv,(x,t) it follows that,
_ Pm(o-n M4

Vo(0) s

Equation M.4 implies that the plate velocity is equal to the particle velocity
of the incident wave at the plate surface, consequently, the plate appears
transparent, and there is no reflected wave. The minus sign in Equation
M.4 accounts for the direction of the wave resulting from the plate
vibration is opposite from the incident wave. If we could somehow
construct a control system to implement Equation M.4, the plate would
absorb all of the incident sound. As a pratical[sic] matter this relation is

not useful because the incident pressure cannot be measured. However,
under the stated condition, the total pressure equals the incident
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pressure. Consequently, Equation M.4 becomes:

v = -t M.5
pC

Equation M.5 represents, from a control systems]sic] point of view, a
useful relationship because both the plate velocity V. (t), and the total
pressure P(0,t) can be measured right on the plate surface. Using these
measurements we wilfsic] show that a control system can be devised that

will implement Equation M.5. This Equation is the genesis of the theory
of active absomption of sound discussed in this book."

The thesis author considers the preliminary chapter to be an excellent
introduction to Mazzola's book. The assertion that if the plate velocity is the
same as the local velocity of the incident wave at the surface, then "the plate

appears transparent, and there is no reflected wave" is later proved by the use
of Euler's equation in Sections M1.1.1 and M1.1.2 (34). Section M1.1.3 also

shows that all the incident intensity will be absorbed. By maximising
instantaneous intensity, the same control law as Equation M.5 is derived (page
15), the same control law is also derived using the "Calculus of Variation” In
Section M1.2.2. Mazzola thus proves that ideal acoustic absorption exists if the
impedance is characteristic at the mic-accr measurement point. It is also stated
that, with an assumption of uniform surface velocity caused by the transducer,
the "external pressure does not have to be a travelling wave, plane or otherwise"
for maximum intensity at the measurement point.

Chapter M2 describes a feedback control system in transform notation that
appears to allow the control law of Equation M.5 to be implemented with a high
loop gain for the plate with normal incidence plane waves. A schematic is
reproduced in Figure 4 on Page 33. Section M2.3.2 extends this to show that
if there is enough loop gain then, in addition to absorption of incident waves, any
plate vibration from another noise mechanism will also be decoupled from the
fluid medium by the controlled piezoelectric transducer. A conventional

feed-forward control system as implemented later in this thesis will be able to do
this for broad-band noise with a suitable "reference” signal for the control filter.

However, no mention is made of the stability of a practical implementation of this
feedback control system. This thesis shows that a potential unstable feedback
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loop path exists around any feedback controlled active absorber. This loop can
prevent the implementation of certain impedances with some control

architectures - see Section 6.4 on Page 117. An analysis of Mazzola's system
appears in Section 6.8.

Chapter M3 presents a calculation comparing the control system gain against
the theoretical reflection coefficient at the surface of the plate. A worked
example suggests that the required control system gain is 84dB for an
underwater application with a desired reflection coefficient of -20dB. However,
no account is offered on the feedback stability of the system with this gain in the
loop. Section M3.2 takes a deviation from the fixed, rigid infinite plate to a
simple compliantly suspended plate, but shows that the resonance is poorly
controlled by the feedback structure.

Chapter M4 develop a similar feedback control law to Equation M.5 by
differentiating the intensity at the plate to find the maximum power absorption.
Mazzola then states the input impedance of an active absorber should equal the
dual of its radiation load for maximum power absorption. This is demonstrated
in the final chapter for several structures by showing that each can theoretically
absorb incident waves. These structures are not constrained to one dimension.
Unfortunately, in each case the analysis assumes that the incident wave has the
same shape as the absorber’s structure. Therefore, although the structures are
multi-dimensional, these examples are limited in their application. Control
strategies are designed for an absorbing infinite plate composed of thin active
strips for oblique incidence waves and a baffled circular piston absorber for

normal incident waves. The piston absorber is shown to have a larger
absorption cross-section than the geometric cross-section (Section M5.5.3) for
small ka. This result is independently mentioned in (29) for the free-field case.

Equation M.5 can be rearranged to give Equation 2.1. This represents the
desired input impedance of the plate z,. '
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Pt(ol t)
V,(0,1)

Z, = -pC = 2.1

The negative sign of Equation 2.1 arises because of the direction of positive
sound propagation assigned by Mazzola. This direction is noted by the arrow
symbol from the surface labelled as V (t) in Figure 4 on Page 33. Mazzola
chooses the unique case where the radiation load is p¢ hence the desired input
impedance of the plate is 2, = -p¢c for sound absorption. In a practical
implementation of this control strategy the actual radiation load impedance will
have to be modelled in the filter shown in Figure 4. The thesis author, whilst
impressed by the theoretical thoroughness of (34), feels that practical issues are
generally overlooked. For example no consideration is made of the effect on the
practical absorber performance of errors in the radiation load model and in the

pressure and velocity measurements. Also the loop stability of the feedback
control system is not discussed. This controller is examined in Section 6.8 of

this thesis. Mazzola seems unaware of other research in this field as there is
a complete absence of any reference to other pertinent and contemporary work
on active sound absorption.

The systems described in this thesis for the control of impedance also measure
the pressure and velocity at a surface. However, the systems allow the desired
surface impedance to be arbitrarily assigned. The controlled surface can then,
for example, be set to act as a sound reflector or a pressure release boundary.
The control systems are analyzed and practical results are presented later on
the general control of surface impedance.

2.4.4 Patent on a variable reflection/absorption system
The theoretical description of an "Electro-acoustics system having a variable
reflection/absorption characteristic” is U.S. Patented (35). The patent
theoretically refers to modifying the motion of the diaphragm of a loudspeaker
with analogue active feedback circuitry to present a defined vibrational response

to an acoustic excitation. The patent proposes using a muitiplicity of such
devices to influence the acoustics of an enclosed space.
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2.5 GENERAL REFERENCES

Various papers on active control were educational for the thesis author.
Reference is made to these and other works in this section.

The difference between feedback and feed-forward control structures is
described in Chapters 6 and 7 of (2). The book "Adaptive Signal Processing"
by Widrow and Stearns (36) is a fundamental text written by the creators of the
Least Mean Squares (LMS) algorithm, and the LMS filtered-X variation. The
filtered-X LMS algorithm is used by many researchers in the field of active
control for acoustics and is described in this thesis in Section 3.6 on Page 45.

Papers on the stability and effects of the implementation of the filtered-X LMS

algorithm include (37)(38)(39). The significant contribution of these works is this
description of limits on the model of the control system’s forward path: the LMS
algorithm may still be able to converge even if the model has small errors.

The stability of the two basic control system forms used in active sound and
vibration control, feedback and feed-forward (see Section 3.3 on Page 35), are
examined in (40) with general conclusions of feed-forward being the more stable.
This paper illustrates frequency domain theoretical analysis of control systems.

The filtered-X LMS algorithm conventionally adapts the weights of a
non-recursive filter; the generation of poles in the control filter transfer function
is not possible. Adaptive algorithms for recursive filters for control have also
been described in the literature, allowing control transfer functions with poles.
An important consideration of the use of such algorithms for acoustic control is
whether real-time implementation is possible. Feintuch (41) describes a
recursive filter based on feed-forward and feedback linear combiners. Larimore
ef al (42) describe the Simplified Hyperstable Adaptive Recursive Fiitering
(SHARF) algorithm for adapting recursive filters, this algorithm averages the
error signal before calculating the updates for the filter taps. The LMS algorithm
is shown to be a special case of the SHARF algorithm, by setting the weighted
averaging to zero. Hsia (43) presents a "Simplified Adaptive Recursive Filter
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Design"” that is readily implementable with current real-time signal processing.
Feintuch’'s recursive LMS filter was implemented and shown to have stable
convergence (44). A significant contribution on recursive filtering for active
acoustic control problems has been made with the development of the filtered-U
RLMS algorithm (45). This allows compensated recursive control of a forward
path.

The development of an active control strategy for a vibration problem is
described by Sommerfeldt (46). A feature of this work is that the control system
is designed not only to model solutions to the vibration problem with an LMS
filter, but also to track real-time physical changes in the vibration path by
"system-identification" techniques. Many laboratory examples of active control
systems do not have the ability to monitor changes in the physics of the model
environment, and are not able to cope with the changing environments of many
real-world problems. Methods to model these changes are described In

(47)(48)(49).

Research in the active control of noise generated by a vibrating panel generally
concluded that the direct active structural control by forcing the vibration of the
plate is more effective in reducing sound radiation than by using external

acoustic sources (50).

On the subject of global control of enclosed sound fields Nelson and Elliott show
that "large global reductions can be achieved, with secondary sources remotely
placed from the primary source, provided the enclosure is excited at a frequency
close to a lightly damped resonance" (p.356 (2)). Information on local control
by cancelling the pressure at a microphone situated in the near field of a
loudspeaker is discussed with observation of the small size of "zone of quiet’

(pp.369-378 (2)) with useful observation of the size of the loudspeaker and the
diameter of the loudspeaker.

The use of electrical equivalents for acoustic systems for active control is
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commented on by Nelson and Elliott (2) :

"We will not, however, attempt to interpret the physical behaviour of
acoustic systems purely in terms of an electrical equivalent circuit. The
physical behaviour of acoustic systems in active control applications is too
subtle for this to be worthwhile. However, the obvious parallels between
electrical and some acoustical systems will be pointed out."

Problems with the equivalent electrical representation of acoustical systems for
active control applications are backed up by the thesis author's practical
experience with real systems. This is often due to mechanisms that are not
adequately described by simplified electrical equivalence such as non-linearity
of the cone displacement against voltage input of a loudspeaker with different
cone excursion levels. The thesis author acknowledges Nelson and Elliott's
opinion that the physical behaviour of acoustic systems in active control
applications is often too subtle for simplified representation by electrical
equivalent circuits; this is in part because of incomplete understanding of
acoustical systems. Electrical equivalents of acoustic systems are used in this
thesis for illustrative purposes - comment is made of any additional factors, not
described by the electrical circuits, that are properties of the acoustical system.

The ability of a single absorbing side-branch to reduce sound in a duct is
discussed on pp.128-131 (2). A secondary source configured for maximum
sound power absorption is mounted on the side of a duct. It is shown that the
secondary source absorbs half of the incident sound energy, a quarter of the
sound energy is transmitted down the duct and the remaining quarter is reflected
back to the source. The spacing between the absorbing side-branch and the
absorbing surface affects the radiated energy of the source. When the spacing
corresponds to a quarter wavelength (or muitiples of) the absorber will

" 'suck’ more sound power from the primary source than it would
otherwise radiate into an infinite duct. When averaged over frequency
however, the primary source power output remains unchanged”.

It is necessary to mention that the maximum sound power absorption over a
range of frequencies is not achieved with a single value of surface impedance.
Instead the surface impedance must equal the dual of the radiation load
presented to the controlled surface. The active control of surface impedance is,
therefore, only appropriate as a means for maximising sound power absorption



Chapter 2. Literature Study Page 28

if the radiation load is known. Alternatively, intensity measurement could be

used with a suitable controller design to maximise the net energy flow into a
controlled sound absorber.

The ability of a secondary source termination to absorb incident sound in ducts
is theoretically examined on pp.157-168 (2). The pressure in the duct is
described in terms of the travelling waves from a sound source, situated at one
end of the duct, and a secondary source at the other end. Nelson and Elliott
show that the reflected travelling wave can be cancelled if the strength of a
secondary source is a delayed inverted version of the sound source strength.
The termination is then seen to effectively absorb the incident radiation. This
examination illustrates the opportunity to create sound absorbing terminations
by active contro! of the secondary source radiation.

Anthony and Elliott discuss three methods of measuring volume velocity of a
KEF B110B loudspeaker (51). The measurement of velocity at three discrete
points over the loudspeaker cone using 'laser velocimetry’ techniques reveals
that the driven cone moves as a piston for frequencies up to approximately
500Hz. This research project uses KEF B200A loudspeakers. These use
similar cone material to the B110B units but the B200A cone is nearly twice the
radius. In the absence of laser measurement techniques, the thesis author
assumes the B200A cone will have a lower frequency limit on piston-like motion
than the 500Hz of the B110B cone.

The performance and robustness of feed-forward and feedback controllers that
use feedback cancellation has bee<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>