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Abstract

An Active Sound Cancellation (ASC) system was implemented in a reverberant

rectangular enclosure. A single input, single output ASC system consisting of a primary

source, a secondary source, and an error microphone was used. The system used the

filtered-x Least Mean Square (LMS) algorithm to model the error path and generate an

inverse control filter. A Galois noise test signal was added to the control signal to

improve the error path system identification. Acoustic characteristics of the enclosure

were computed from standard formulas and verified experimentally. Time delays in all of

the components of the system (electronic and acoustic) were measured, and components

for the ASC system were placed in a causal configuration. A 125 Hz sinusoid was

broadcast as the primary source, which created a reverberant but non-diffuse sound field.

The acoustic field for the primary source was measured. The acoustic field with both

primary and secondary sources was measured. Level curves for the primary source,

primary source plus secondary source, and the difference (primary source plus secondary

source minus primary source) were generated. A zone of silence, where sound pressure

levels were attenuated 10 dB or more, was created. Maximum attenuation was 26 dB.

The volume of the zone of silence was approximately 0.25 m3. The areas in the enclosure

where sound pressure level was elevated under ASC were small and well removed from

the zone of silence. A comparison of the behavior of the system under causal and non-

causal component placement was made. In a non-causal component configuration, the

system identification filter weights were seen to oscillate and the computation of the

optimal inverse signal was much slower than in the causal setup.
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1. Introduction

1.1 Active Sound Cancellation Overview

Active sound cancellation (ASC) is a process whereby unwanted sound is reduced by

constructive interference. Characteristics of the sound are determined at a location where

attenuation is desired. Sound waves are then generated that will have the same magnitude

and have a 180° phase difference with the unwanted sound at that location (see Figure 1).

Figure 1. Local Attenuation through Constructive Interference

ASC can create a quiet space in a noisy environment without foam, padding, or acoustic

tiles.  Using microphones, speakers, and a digital signal processor, ASC can provide

considerable relief from the negative effects of noise, which can range from hindering of

concentration to permanent physical damage.1



2

ASC was patented using a purely analog electronic approach in 1930 in France by

Coanda2 and in 1936 in the U.S. by Lueg.3 But it wasn't until the latter half of the 20th

century that digital signal processing made ASC a viable technique for practical noise

reduction.4

ASC is currently being researched for use to control noise from jet engines, helicopter

rotors, motor vehicle engines, ventilation systems, generators and industrial machinery,

traffic, MRI units, torpedoes, and even amplified music.5 ASC systems may soon be

available for many noisy environments. As industry adopts mechatronic design

techniques, acoustic considerations can be made from the outset of the design process.

ASC can be expected to be an integral part of vehicle and industrial design.

1.1.1 Feedforward and Feedback ASC

Most ASC is performed with feedforward control.6 The unwanted sound is sensed by a

reference sensor before it propagates into the area where it is to be attenuated. The sensor

can be a microphone, or in the case of engine noise, a tachometer. An error microphone is

placed where sound attenuation is desired. An actuator capable of generating the

secondary source is placed where it can generate sound toward the error microphone.
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The signals from the sensor and error microphones are fed to the controller (see Figure

2). The controller performs system identification to model the acoustic and electrical path

of the error signal. It then computes an inverse filter to create the canceling sound and

outputs a signal to the secondary source, which generates the sound.

primary
source

error
microphonesecondary source

feedforward
active sound
cancellation

system

duct

reference
microphone

Figure 2. Feedforward Active Sound Cancellation in a Duct

The acoustic principle of superposition causes a small residual signal when the two

waves interfere. This can be viewed another way; the algorithm creates a complex sound

field with an artificial node at the error microphone position.

Feedforward ASC to control one-dimensional noise propagation in ducts was one of the

earliest applications of ASC. 7,8 It was soon applied in three-dimensional enclosures.9
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ASC with feedback control is not as widely used, although variations of it are being

researched and applied,10 sometimes in combination with feedforward control.11 Feedback

control performs ASC without the aid of the reference sensor (see Figure 3). ASC

headphones commonly use feedback control, as do other applications where it is difficult

to obtain a reference signal.

primary
source

error
microphonesecondary source

feedback
active sound
cancellation
system

duct

Figure 3. Feedback Active Sound Cancellation in a Duct

Feedback control is problematical because of frequency-dependent phase shifts inherent

in the components, such as speakers and electronic filters. As the phase shift approaches

180˚, negative feedback becomes positive feedback and the system will become

unstable.12 Much so-called feedback control is now a type of feedforward control, as the

error microphone signal is used to create a reference signal.13
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1.1.2 Paths

There is a standard nomenclature regarding the paths that the sound waves traverse in

ASC. The paths comprise the areas in space where the sounds travel as well as the

components through which the electronic signals travel. Figure 4 shows the paths through

space. The electronic portions of the paths are discussed in Section 1.3.4.

The sound generated by the primary source travels to the error microphone via the

primary path .

feedback path

primary path

erro
r p

ath

primary
source

secondary
source

error
microphone

reference
microphone

controller

Figure 4. ASC Paths in 3-Dimensional Feedforward Layout
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The sound generated by the secondary source travels to the error microphone via the

error path.  The secondary source's sound also travels to the reference microphone via

the feedback path. The relative positions of the components are limited by parameters

described in Section 1.3.4.

Although the feedback from the secondary source to the reference microphone can be

accounted for in the model, it is desired to minimize it. The coherence between the

reference microphone and secondary source should be low. This can be achieved by

exploiting the directionality of the secondary source, by manipulating the placement of

the components, or by using an object to break the feedback path. These techniques allow

the distance based attenuation to reduce the secondary source’s sound at the reference

microphone so that it is below the level of background noise.

1.1.3 Controller and LMS Algorithm

The controller performs two adaptive processes: system identification and computation of

the filter coefficients used to generate the secondary source. The Least Mean Square

(LMS) algorithm, originated by Widrow and Hoff,14 is commonly used in both of these

processes (see Figure 5). It uses a gradient descent mechanism to minimize an error, ε[k] .
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The equation for the LMS algorithm is

bi[k] = bi[k −1] + λ [k](ε[k])u[k − i], (1)

where u[k]  is the input signal, ε[k]  is the error, λ[k]  is the step size, and bi[k]  are the

output filter coefficients.

LMS Algorithm

∑

z-i

z-i

input signal
u[k]

λ[k]

ε[k]

bi [k-1]

bi [k]

Figure 5. Block Diagram of Least Mean Square Algorithm

Widrow and Hoff's  LMS algorithm uses a fixed value for λ[k] . In the more commonly

used normalized LMS algorithm, λ[k]  is adaptive, modified by the magnitude of the filter

coefficients, bi.:
15

λ = µ bi
2

i=1

Nb

∑





−1

, (2)

where Nb is the length of the filter and µ is a normalized step size that satisfies the

condition
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0 < µ < 2. (3)

The normalization allows the use of the maximum stable step size and improves the

convergence time of the filter weights.16

In the first process performed by the controller, system identification, a finite impulse

response (FIR) filter generates an estimate, ê[k], of the error signal e[k] sensed by the

error microphone:

ê[k] = bi

i =0

N−1

∑ [k]u[k − i], (4)

where N is the number of filter coefficients and u[k]  is the generated control signal. The

LMS algorithm then minimizes the error using a gradient descent update mechanism,

∂ε
∂bi

. The error ε in this case is the difference between the estimate ê[k] and the sensed

error signal, e[k].

The controller’s second process is the computation of an inverse filter to generate the

signal that is output by the secondary source to cancel the sound. The controller feeds

forward the reference signal, s[k], and the LMS algorithm is used in this case to minimize

the signal from the error microphone, e[k]. The two processes are shown in Figure 6.
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∑

test signal

Wi[k]

bi[k-1]

to secondary source

LMS algorithm

bi[k-1]

LMS algorithm

∑u[k]

Wi[k]

us[k]

e[k]

s[k]

e[k]

+

+ +

-

bi[k]

ê[k]

system identification

computation of secondary source

Figure 6. System Identification and Controller Structure

The sample rate of the controller must fulfill the Nyquist criterion and be high enough to

generate smooth signals at the frequencies of interest for the secondary source to

broadcast. However, the process of sampling the signal digitally will cause the frequency

spectrum to be replicated around multiples of the sample rate. If the frequency of the

primary source is f and the sampling frequency fs, the unwanted harmonics broadcast will

be (Nfs) + f and (Nfs) - f; N=(1,2,3…). These harmonics will be audible unless the

sampling rate is high enough that they are beyond the threshold of human hearing.

The usual solution is to use an external, analog low-pass filter circuit to filter the output

of the controller before it is generated by the secondary source. The cut-off frequency
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should be fs/2 to prevent aliasing. However, lowpass filters will add a delay to the system.

This can make it more difficult to satisfy the condition of causality (see Section 1.3.4).

1.1.4 Capabilities  and Limitations of ASC

The earliest applications of ASC were to control low-frequency noise. One reason for this

was that a method of sound control was much needed in that frequency range. Passive

sound control via barriers and insulation becomes ineffective as the size of the barrier is

small compared to the wavelength desired to attenuate.17 The other reason ASC started as

a low-frequency technique was because of limitations on the controller speed at that time.

However, as controller capabilities have increased, ASC beyond the limits of human

hearing (approximately 20 kHz) has become possible. For example, Lockheed Martin and

other industrial partners are working on the DARPA/ONR-sponsored Smart Sleeve

project, an application of ASC and active vibration control to torpedo noise. They have

reported control of 3 kHz bands of noise and have a goal of noise attenuation of 10 dB

over a bandwidth of 2 - 40 kHz.18

ASC in enclosures is subject to an important limitation. The excitement of higher order

acoustic modes puts an upper limit on the frequencies that can be effectively cancelled.19
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But often this limit is in a range where passive control becomes feasible. Hence the two

methods can be used together to control noise over much of the frequency spectrum.

1.2 Present Work

Researchers at UALR have been investigating ASC since 1996, and have made

significant contributions regarding the test signal used in feedforward control (see

Section 1.3.2). The present work describes the first application of UALR's ASC system

inside an enclosure. It applies and expands upon previous work on the test signal.

Significant findings regarding the size and shape of a zone of silence in a reverberant,

non-diffuse sound field are presented. The performances of causal and non-causal ASC

systems are compared, and new results presented. The knowledge gained will be

applicable in environments ranging from vehicle cabins to industrial control rooms.

1.3 Literature Review

1.3.1 ASC in Enclosures

ASC is more difficult to perform in an enclosure than in a free field or one-dimensional

setting. Multiple acoustic modes of the enclosure can be excited by a sound source, and

reflection at the interior walls of the structure creates standing waves at these modal

frequencies. This creates a more complex model of the paths, which may require non-

linear path modeling or more filter taps (hence more computation power).
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The effectiveness of ASC in an enclosure depends on the relationship between the

dimensions of the enclosure and the wavelength(s) of the primary source, the absorptivity

of the enclosure walls, the modal density in the frequency band of the primary source,

and the locations of the reference microphone, secondary source, and error

microphone(s).

There are two major strategies for ASC in enclosures. One is global control, which is the

lowering of the sound pressure level at all points in the enclosure. This strategy is

effective only in limited cases (see Section 1.3.1.1). The other strategy is local control,

the creation of a so-called “zone of silence” for a human in the enclosure. The current

work uses the second approach because it is much more practical in real-world

environments (see Section 1.3.1.2).

1.3.1.1 Global Control

Global control, the lowering of the sound pressure level in the entire enclosure, can be

successfully performed in two cases. The first case is when the modal density is low.20

Global control can be achieved when the frequency of the primary source is near that of
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an isolated normal mode and other modes are not significantly excited. Tohyama and

Suzuki calculated the possible reduction in potential energy in an enclosure for varying

modal overlap.21 Bullmore et al demonstrated global control in a 3-dimensional enclosure

using four different secondary source positions.22 The enclosure dimensions were

L1=2.264 m, L2=1.132 m, and L3=0.186 m. The smaller dimension on the x3 axis

simplified the problem considerably, as the frequency of the first mode on this axis was

860 Hz, well above the upper limit chosen for control (300 Hz). The performance

depended on the positions of the secondary sources, which enabled them to suppress

different combinations of modes. Nelson et al showed theoretically and experimentally

that when N modes are excited, N secondary sources must be used to achieve global

control.23,24

The upper frequency limit for the reduction of the sound pressure level at all positions in

the enclosure by at least 3dB using the modal approach can be expressed as a function of

the Schroeder frequency:25

f 3dB ≈ 0.35 fschroeder, (5)

or

f 3dB ≈ 700 T 60 / V, (6)
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where T60 is the reverberation time (the time necessary for a drop in sound pressure level

of 60 dB) and V is the volume of the enclosure.

Global active control is generally not effective above this frequency, except in the special

case next described.

The second case where global control can be effective is when the primary and secondary

sources are compact and function as a pair of point monopoles. The distance between

them must be less than or equal to λ/2, where λ is the wavelength of the frequency of

interest, and λ/2 must be much smaller than any dimension of the enclosure. This method

can achieve global control even in a diffuse sound field where modal density is high.26

However, the necessity that the primary source be a monopole, the strictures on the

placement of the two sources, and the relationship of the primary source frequency to the

room dimensions make it unrealistic to apply in most environments.

Improved performance of global sound reduction has been demonstrated by using metrics

other than sound pressure level. These include ASC by controlling energy density,27,28 the

particle velocity,29 and by controlling the total sound radiation of the source.30
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Global control is rarely practical.31  The cases described above put strict parameters on

the enclosure size with regard to the primary source, and generally necessitate a non-

varying or strictly band-limited primary source. Global control would rarely be possible

in the case of a frequency-varying sound source entering an enclosure from the exterior,

which is a common situation for a disturbing noise and the focus of the current research.

1.3.1.2 Local Control

The strategy of local control is to create a zone of silence in which the sound pressure

level is attenuated by at least 10 dB. The zone is positioned where a human will be

located in the enclosure. The typical size and shape of a zone of silence in a diffuse sound

field were calculated theoretically and experimentally verified in the 1990s by

researchers at the Institute of Sound and Vibration Research at the University of

Southampton, England.32,33

They showed that if a single sensor is placed with a secondary source in an enclosure

with a diffuse sound field and a sinusoidal primary source, the maximum zone of silence

will have a diameter of approximately λ/10, where λ is the wavelength of the frequency

of the primary source. A zone this size can be created within the reverberation radius (the

point at which the energy density of the direct field of the source equals the energy
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density of the reverberant field34) with a very large secondary source. In this case, the

largest zone of silence is created at a distance of approximately λ/10 from the secondary

source. The size of the secondary source necessary to create this zone is frequency

dependent and at lower frequencies would be impracticably large. Creating a zone of

silence in the near field using this technique does not significantly increase the sound

levels elsewhere in the enclosure.

If a speaker of conventional size is used, the zone of silence created in the near field stays

small, but grows as the sensor is moved farther from the secondary source. It converges

to a diameter of approximately λ/10 at a distance of approximately λ/2. At low

frequencies, the zone of quiet can be symmetrical, creating a “shell” of reduction around

the secondary source. As the error sensor is moved away from the secondary source, out

of the near field, the sound levels in the rest of the enclosure will increase significantly.

Multiple sensors have been used in attempts to enlarge the zone of silence and lessen the

increase of sound pressure level outside of the zone. Miyoshi and Kaneda35 reported a

quiet zone of 6 dB achieved in an area about λ/2 long and λ/8 wide with two error

microphones spaced λ/4 apart, canceling a broadband random disturbance in a diffuse
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field. The attenuation was 14.5 dB in a narrower zone directly between the two

microphones. They did not report the sound levels outside the zone of silence.

Garcia-Bonito and Elliott investigated the effects of a human listener's head on a zone of

quiet in a reverberant space.36 They showed that the distortion of the zone of quiet caused

by the proximity of a rigid diffracting sphere is small and generally beneficial, as the

zone extends toward the sphere when the sphere is present. Garcia-Bonito et al later

addressed the problem of how to create a zone of quiet for a person to occupy without the

necessity of an error microphone close to the head.37 The virtual microphone concept

proved to be viable and zones of quiet were successfully projected further away from the

secondary source than the actual error microphone.

Many efforts at local control in enclosures have focused on diffuse fields. But for many

enclosures, the sound field in the frequency of interest is not diffuse.38,39 One of the few

efforts at studying ASC in a non-diffuse enclosed sound field compared global and local

control in an enclosure with local control in a free field.40 An image-source model was

developed and no reference is made to the modes of the simulated enclosures.

Component placement was shown to greatly affect the size of the zone of silence in local

control (not a surprising result). Unfortunately the results were entirely in simulation and
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no experiments were run for verification. The simulations indicated that a zone of silence

much larger than λ/10 could be achieved in the non-diffuse field, depending on the

primary source frequency, component placement, and reflection coefficients of the walls.

When ASC experiments have been performed on enclosed sound fields of lower modal

density, often the primary source has been placed at or near a modal frequency.41,42

Because sound fields in enclosures respond more highly to modal frequencies, this is a

sensible starting place. However, real-world disturbances often have changing

frequencies, which eliminates as a strategy the careful placement of sensors and

secondary source to suppress only one mode.

There is clearly a need for further research on local control in enclosures, particularly

with a non-diffuse field. Experiments should be designed to emulate real-world

conditions without relying on carefully optimized primary sources and component

placements that can control only one modal frequency excited by a non-varying periodic

source.
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1.3.2 Test Signal

Most ASC systems based on feedforward control utilize a test signal to aid in the

modeling of the error path.43 The error path can change because of thermal effects or

human actions in the room such as opening doors or moving objects about. If the primary

source waveform has a narrow bandwidth, the frequency response of the error path will

not be correctly determined without the test signal.

The test signal puts additional noise into the environment where noise is desired to be

attenuated. It is desired to minimize its level. Since its use was first suggested by

Eriksson and Allie,44 little investigation has been performed on how best to minimize it.

Bao, Sas, and Van Brussel suggest that the power of the test signal be reduced or

switched off for periods of time.45 Kuo and Vijayan suggest off-line modeling of the error

path,46,47 that is, modeling the path only in the absence of the primary source. However,

the practical applications of such a system would be limited. It could not be used in

environments where the primary source is never absent. It also would be ineffective in

environments where the acoustical environment changed unpredictably, for example from

persons or objects moving about, windows or doors opening, or from thermal effects.
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Coleman and Berkman proposed a method whereby the spectral shape and level of the

test signal are derived from online measurement of the residual error response.48,49 The

algorithm maximized the power of the test signal as a function of frequency throughout

the bandwidth over which the system must be modeled, with a quantified limit in place

on the acceptable noise added to the system. The authors stated that this could result in a

faster and more uniform convergence of the plant estimate. However, the goal of limiting

the noise added to the system was secondary to that of speed of convergence. Such a

system would permit the added noise to stay at the highest allowable level since it is not

the quantity being optimized.

Kuo and Vijayan presented results by simulation that showed that modeling accuracy and

rate of convergence were better when a white noise of a larger variance was used.

However, they noted that the residual noise in the system rose corresponding to the larger

variance.50

Lan, Zhang, and Ser proposed a method of reducing the overall noise of the test signal by

lowering its level after the convergence of the system.51 This is an obvious technique that

has been used successfully in the present research. However, they present results only in

simulation, and do not quantify the “low-level” and “high-level” noise they use in



21

simulation. It is impossible to know from their publication whether the “high-level” noise

used in system identification would have been disturbing to the human ear. Also, they do

not characterize the white noise used.

In contrast to these simulated and unquantified results, several years earlier Wright and

Craig showed that an optimal power level for the test signal could be found by achieving

coherence between the test signal and the error microphone.52 Experimental results

showed that raising the test signal power beyond this level had no benefit. In a later

comparison of different test signals, Wright et al showed that white noise, Galois, and

Schroeder signals performed similarly at the same mean power spectral density for ASC

at 80 and 125 Hz.53 The Galois and Schroeder signals were more desirable because they

had smaller peak factors than the white noise, and could be designed to span a desired

frequency band. This improved convergence time, because the bandwidth could be

chosen so as to optimize reconstruction. The Galois signal was found to be superior in

most applications because it is less intrusive to the human ear than the Schroeder signal.

Nowlin et al are exploring a non-invasive system identification method that doesn’t

involve a test signal.54,55 They use an adaptive filter that performs system identification by

using blocks of input-output histories. They tested the algorithm in a reverberant

enclosure with a human occupant, and compared the results with the performance of a
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canceling algorithm that used static system models. The latter algorithm yielded

attenuation of up to 23 dB if the person did not move during system identification. The

new algorithm showed attenuation of up to 18 dB even if the person moved about.

However, Wright et al’s methods can yield a test signal that is at most times sub-audible,

which would show far less degradation of performance than the 5 dB lost by Nowlin

et al.

1.3.3 Coherence

The coherence (see Appendix A) between various signals in the ASC setup can set limits

on the cancellation possible and speed of convergence of the filters.

The coherence between the primary source and the reference signal must be close to 1.0

for sound cancellation to take place. Kuo and Morgan show theoretically that the

maximum attenuation possible at an error microphone in decibels is

−10 log10[1 − Cdx(ω)], (7)

where Cdx is the magnitude squared coherence between the primary source and the

reference signal and ω is the frequency of interest.56 Nelson and Elliott make the same
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statement for the coherence between the reference signal and error signal when no control

is present.57 In practical terms, this means in the first case that the reference microphone

should be capable of an accurate sensing over the bandwidth of the primary source, and

that in the second case the surroundings of the error microphone and reference

microphone should be as acoustically similar as possible. For instance, a situation where

one of the microphones has passive barriers between itself and the primary source and the

other does not is less than ideal. However, this is frequently necessary in the control of

noise entering enclosures. Zhang et al demonstrated good experimental results of a

method for predicting coherence between the traffic noise outside a window and that

inside a rectangular room which may prove useful for the problem of break-in noise.58

Coherence also plays a role in the use of the test signal. As discussed in Section 1.3.2,

Wright and Craig showed that an optimal power level for the test signal could be

determined by achieving coherence between the broadcast signal and the output of the

error microphone.
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1.3.4 Causality

Successful feedforward ASC depends upon the ability of the system to perform quickly

enough to output the secondary source before the primary source's sound wave has

propagated to the error microphone. While the primary source is travelling from the

reference microphone, the following events must take place:

• The reference microphone must sense the sound, and its signal must travel through

the electronic filters and arrive at the controller.

• The controller must predict the value of the primary source at the error microphone,

based on the reference microphone signal and the error microphone signal, and

output the secondary source signal.

• This signal must travel through the electronic filters and arrive at the secondary

source.

• The secondary source must output the sound, which must propagate to the error

microphone.

The cumulative electronic delay (shaded elements in Figure 7) between the sensing of the

reference signal and the output from the secondary source must be short enough that the

secondary source's output can arrive at the error microphone in time to cancel that of the

primary source.
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Figure 7. Acoustic and Electronic Paths

If the electronic delay is known, the constraint of causality can be computed. In a

simplified 2-dimensional case, LR is the distance from the reference microphone to the

error microphone, and LA is the distance from the secondary source to the error

microphone (Figure 8). If the sound waves propagate at the speed of sound, c,  δR=LR/c  is

the time it takes the primary source to propagate from the reference microphone to the
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error microphone, and δA = LA/c is the time it takes for the wave to travel from the

secondary source to the error microphone. The electronic delay is δE. It is the sum of the

respective component delays and the time needed to calculate the inverse wave, usually

one sampling period.

reference microphone error microphone

secondary source

primary source

LR

LA

primary path

error pathLE = δE/c

Primary source wave
must be no farther
than this point when
secondary source
wave is generated

Figure 8. Causality

The constraint of causality is thus a race between the sound wave of the primary source

and the ASC system. To fulfill the constraint of causality,

δR − δA ≥ δE. (8)
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For a causal setup, the components must be arranged such that their respective distances

and the electronic delay allow Equation 8 to be satisfied. This is a non-trivial problem,

given that most ASC systems implement low-pass filters with delays of several

milliseconds, and the speed of sound in air is approximately 343 m/s.

Feedforward ASC can be performed with some success in a non-causal setting if the

primary source is non-varying and periodic. The next figures illustrate this. They show an

element, e, of an acoustic wave propagating from the reference microphone to the error

microphone, as the system responds.
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Figure 9c. Element of Acoustic Wave at Time = t0+δR
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Figure 9a shows the element at time t0, when the reference microphone senses an acoustic

wave. Figure 9b shows the location of the same wave element at t0+δE, when the

electronic delay has ended. The controller has finished calculating the inverse wave and

the output signal has reached the secondary source. Figure 9c shows the situation at t0+δR,

when the element to be cancelled has arrived at the error microphone. Because the

electronic delay was too long, the secondary source's wave has not reached the error

microphone.

reference
microphone

error
microphone

secondary source

Figure 10. Cancellation Occurring in Non-causal Setup at Time = t0+δE+δA

However, at t0+δE+δA (Figure 10), when the wave from the secondary source reaches the

error microphone, the phase of the primary source may approximate its value at t0+δR.

The controller probably can make the necessary adjustments to cancel the sound.

Thus, the secondary source output was calculated to cancel the sound one or more cycles

previous to the cycle actually present at the error microphone. Because of the periodicity,
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the sound is still cancelled. But, because such a system is not truly predicting the sound

present at the error microphone, performance will degrade quickly when the primary

source is random, or periodic with dynamic frequency changes.59,60 The present work will

show that there are detrimental effects of non-causality even with a periodic disturbance.

The constraint of causality has been acknowledged since ASC was first conceived. Lueg

mentioned that active sound cancellation is dependent on the fact that “the speed of sound

is very much less than the speed of electrical impulses” and that there should be ample

time for activation of control elements within a circuit before the sound wave to be

cancelled arrives.61 Ffowcks-Williams described the constraint of causality and discussed

the causes of electronic delay.62 Nelson and Elliott presented a method for approximation

of electronic delay based on the number of poles in the low-pass filters,63 which was

repeated by Kuo and Morgan.64 For the present research, the electronic delay has been

measured, so such an approximation is not necessary.

Cancellation of random noise can be achieved to some degree in a non-causal setup.

Burdisso et al studied the effectiveness of non-causal systems on random noise and

demonstrated that sound cancellation is possible in non-causal systems, and that the non-

causality could be partially compensated by increasing the filter order.65 Janocha and Liu
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performed a causality analysis to test a simulation approach.66 The simulation, using a

white noise primary source, showed deterioration of performance as increasing delay

caused non-causality. Tseng et al performed an elegant experiment, moving the primary

source in an arc but leaving the error and reference microphones stationary as they

recorded the performance of an ASC system.67 When the primary source reached the

bounds of a causal setup, performance started to degrade.  They showed that while some

attenuation of random noise could be achieved by ASC in a non-causal setup, higher

attenuation is achieved with a causal setup. As the setup becomes less causal,

performance deteriorates quickly. Kong and Kuo demonstrated theoretically and by

simulation that the efficiency of an ASC system canceling white noise decreases

exponentially as a function of the degree of non-causality and that the efficiency also

decreases as the bandwidth of the reference signal increases.68 They also claimed that the

degree of non-causality does not affect the algorithm convergence time, showing similar

convergence in setups with differing degrees of non-causality. They did not include a

comparison with convergence in a causal setup. Bai et al discussed the constraint of

causality at length, and presented a multirate signal processing scheme to reduce

electronic delay in an ASC experiment to cancel broadband noise.69
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ASC in a non-causal setup with a periodic primary source has been demonstrated by

many other researchers by default. Because ASC is possible in a non-causal system with

a periodic primary source, there has been an assumption that a causal system is not

necessary. System causality when controlling a periodic disturbance has not been give the

attention it deserves.

Burdisso et al may have been the first to state that causality is not an issue when the

primary source is sinusoidal.70 This remark was repeated by Kuo and Morgan,71 Kang and

Kim,72 and Bai et al,73 in all cases without a citation or further comment. The present

research will show evidence to the contrary. The positive effects of causality in an ASC

system against a periodic primary source will be demonstrated.

1.4 Need for Further Research

1.4.1 Enclosures

The problem of break-in noise into an enclosure is common in industry and everyday life.

Industrial control rooms, offices on busy streets, and passenger vehicles of all kinds are

subject to intruding low-frequency noise.
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Much ASC research in enclosures has been applied in a frequency range such that the

enclosure’s sound field is diffuse. The commonly accepted limits for the size of a zone of

silence created by ASC have been calculated and experimentally verified only for

enclosures under a diffuse field.74,75 However, it is common for a low frequency primary

source entering an enclosure to create a reverberant but non-diffuse sound field where

there is low modal density.76

When ASC experiments have been performed on enclosed sound fields of lower modal

density, often the primary source has been placed at a modal frequency.77,78 Because

enclosures have heightened sound pressure levels at modal frequencies, this is a sensible

starting place. However, real-world sound sources often have changing frequencies,

which eliminates as a strategy the careful placement of sensors and secondary sources to

suppress only one mode.

There is a need for further research on ASC in enclosures with non-diffuse fields.  Such

research should explore real-world noise disturbance situations rather than simulations or

experiments with carefully optimized sources and component placements.
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1.4.2 Test Signal

As discussed in Section 1.3.2, UALR is on the forefront of research regarding the ASC

test signal. Wright and Craig showed that an optimal power level for the test signal could

be found by achieving coherence between the test signal and the error microphone.

However, their experiments were performed in a room that was large enough that its

characteristics were similar to a free field. Because of reverberation effects and modal

responses, coherence levels in a reverberant enclosure are generally lower and much

more dependent on component placement. Hence, the testing of the performance of

UALR’s ASC setup in an enclosure is a necessary step towards practical applications of

findings about the test signal.

1.4.3 Causality

Because setting up a causal ASC system requires complete knowledge of system delays,

and because ASC can work in a non-causal setup with a static, periodic primary source,

causality is often not addressed. The result of this inattention to the issues of causality is

that many of the existing experimental ASC systems would not work against real-world

noise.
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There is clearly the need for the capabilities of the causal ASC system to be explored, and

for the potential benefits of a causal setup to control a periodic primary source to be

investigated. The results may add to the understanding of ASC of random noise as well.

1.5 Problem Statement and Expected Contributions to Knowledge

1.5.1 Problem Statement

The goal of the proposed research is to create a zone of silence where sound pressure

levels are attenuated by at least 10 dB in a reverberant enclosure using active sound

cancellation with a causal setup. The primary source to be controlled will be sinusoidal.

The zone of silence will be characterized by the measurement of the sound pressure

levels at discrete points in a 3-dimensional grid throughout the enclosure. The acoustic

field for the primary source alone, and for the primary source plus secondary source, will

each be measured and mapped using level curves. The position and size of the zone of

silence will be reported. In addition, a preliminary comparison of the ASC system

behavior in a causal and non-causal setting will be shown.
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1.5.2 Expected Contributions to Knowledge

1.5.2.1 ASC in Enclosures

The sound field for an enclosure with a sound field of low modal density will be

presented in its entirety and the zone of silence characterized. Mapping of the sound

levels throughout a large enclosure with localized cancellation is not found in the

published literature. The shape of a zone of silence in a non-diffuse but reverberant sound

field has not been experimentally addressed.

1.5.2.2 Application of Test Signal Research in a Reverberant Environment

Application of UALR's ASC system in a reverberant enclosure will expand the

application of previous findings about the test signal by UALR researchers. Previous tests

were in a large room with characteristics similar to that of a free field.  Applicability in an

enclosure is critical to the practical value of the findings.

1.5.2.3 Causality

A preliminary comparison of filter weight convergence in a non-causal and causal setup

will demonstrate oscillatory behavior in the non-causal setup that has not been previously

documented. In addition, the attenuation of the primary source is much slower in the non-
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causal setup. These observations demonstrate the importance of a causal setting for ASC

under a static, periodic primary source, contrary to what is commonly stated in the

literature.

2. Experimental Setup and Methodology

2.1 Hardware and Software Setup

The ASC system was run on an embedded controller, with custom printed circuit boards

to condition the signals from the microphones and to the speakers (Figure 11). Data were

transferred between the controller and a host computer.

2 amplifier-
filter circuits

2 attenuator-
filter circuits

power amplifierpre-
amp

pre-
amp

microphones speakers

MX31
controller

RS232

Simulink
(block diagram)

Real-Time Workshop
(C code)

TI Compiler
(machine code)

Matlab

Host computer

RS232

Figure 11. Experimental Hardware
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The host computer was a Pentium 133 MHz PC with RS232 serial port and SCSI port.

The ASC algorithm was designed in block diagram form using Simulink software and

converted into C code using Real-Time Workshop. The Simulink block diagram (see

Appendix B) and custom S-functions were used unchanged from previous experiments at

UALR and are documented in a previous thesis.79

The C code was compiled using the Texas Instruments C-compiler for the TMS320

Digital Signal Processor instruction set. The executable code was downloaded through

the RS232 serial port into the Integrated Motions, Inc., MX31 embedded controller. The

baud rate was 38400. The sample rate was 1000 Hz.

Both the primary and secondary sources were generated by JBLJ520M speakers with a

flat frequency response from 70 Hz - 20 kHz. An ADCOM GFA-6000 five-channel 100

Watt-per-channel audio power amplifier drove the speakers.

The Galois test signal was used unchanged from previous work at UALR.80 It was

composed of 127 harmonics from 3.906 to 500 Hz. The frequency components of the

Galois signal actually broadcast ranged from approximately 70 Hz to 500 Hz. The lower

bound is because of the minimum frequency the speaker could generate.
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The following custom printed circuit boards (PCBs) conditioned the signals. Two

microphone preamplifier circuits amplified the low-level microphone output signal and

limited the radio frequency noise in the system. Two amplifier-filter circuits further

amplified the microphone signals to occupy the range of the ± 10 V ADC channels in the

MX31 controller and implemented a low-pass filter. Two attenuator circuits with gains of

less than one reduced the output of the MX31 to the ±5 V input range of the power

amplifier and also implemented a low-pass filter. A clock circuit set the cut-off

frequencies for the attenuator and amplifier circuits. Appendix C has detailed information

on the construction and design of the PCBs, as well as circuit diagrams.

The error and sensor microphones were both Radio Shack No. 270-090 condenser type

microphones, with a flat frequency response from 20 Hz - 20 kHz.

2.2 Enclosure

An enclosure with acoustically reflective surfaces was built using Unistrut™ steel

framing and 1/4 inch exterior grade plywood (Figure 12). The floor of the structure was

elevated from the room floor with a 0.305 m clearance so all sides of the structure would

be acoustically homogeneous. An access door was created in the side of the enclosure.
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Figure 12. Constructed Acoustic Enclosure

A rectangular grid was created on the floor of the enclosure to facilitate measurement of

component placements. A Cartesian coordinate system was used, with the origin at a

lower internal corner. The enclosure's internal dimensions were measured (Table 1).
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Measurement Location of
Dimension in cm     Measurement

x 182.9 y=0; z=0

x 183.5 y=0; z=max

x 183.5 y=max, z=0

x 184.1 y=max, z=max

y 180.3 x=0; z=0

y 183.5 x=0; z=max

y 184.2 x=max; z=0

y 184.2 x=max; z=max

z 182.9 x=0; y=0

z 182.9 x=0; y=max

z 183.5 x=max, y=0

z 182.9 x=max, y=max

Table 1. Dimensions of Enclosure

For computations regarding the acoustic characteristics of the enclosure, the averages of

these values were used (Table 2).

x 183.5 cm

y 183.1 cm

z 183.1 cm

Table 2. Averaged Dimensions of Enclosure
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The enclosure had no soundproofing, so external sounds were admitted. There was little

human activity in the room so the sounds were mainly low frequency and probably

resulted from the building ventilation system (see Figure 13).

Figure 13. Ambient Sound in Enclosure
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2.3 Instrument Stand

A stand with adjustable height was built to hold a Brüel & Kjær 2236 integrating-

averaging sound level meter. The base of the stand measured 23 cm x 23 cm and was

mounted on wheels.

2.4 Characteristics of System, Enclosure, and Test Signal

2.4.1 System Delays

To establish a causal system, it was necessary to measure the delay of all system

components. The delays of the individual and combined components are given in

Appendix D with a description of the methods used.

The initial system delay was found to be 14 ms. Such a delay would necessitate a

minimum distance between the reference and error microphone of approximately five

meters. This was nearly impossible in the room housing the acoustic enclosure.

The amplifier and attenuator circuits combined accounted for 9 ms of the 14 ms delay.

These circuits use a Linear Technology LTC 1164 eighth-order linear phase lowpass

filter chip. Its delay (D) can be computed as:

D = 180°−F( f / fc), (9)
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where F is a phase factor in degrees, f is the frequency of the signal, and fc is the cutoff

frequency, with f≤fc.

To lower the delay, the cut-off frequencies of the filter chips on the amplifier circuits and

on the attenuator circuit that conditioned the signal to the secondary source were raised

from 347 Hz to 693 Hz. These changes lowered the total system delay to 8 ms. The cut-

off frequency of the low-pass filter that conditioned the signal to the primary source

speaker was left at 347 Hz, since a delay to this speaker had no effect on the ASC

algorithm. This allowed for cleaner, more controllable broadcast signals.

Raising the cut-off frequency allowed the secondary source to generate some harmonics

(see discussion in Section 3.3). However, these were at a low SPL and were not intrusive

to the human ear.

The final combined system delay of 8 ms was used in calculating causal component

placement.
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2.4.2 Characteristics of Enclosure

A Matlab program was written (see Appendix E for program code) to compute the modal

frequencies of a rigid rectangular enclosure (see Appendix F). For the UALR enclosure,

groups of modes close to the same value (so-called degenerate modes) are generated

because the dimensions of the structure are nearly equal. The lowest non-zero frequency,

approximately 94 Hz, occurs at modes (1,0,0), (0,1,0), and (0,0,1). Its wavelength can be

computed using Equation 16:

λ = c

f
, (10)

where λ is the wavelength in length units, c is the speed of sound in length units per

second, and f is the frequency in Hz. The speed of sound in air at room temperature is

approximately 343 m/s, so the lowest mode of the enclosure has a wavelength of

approximately 3.65 meters, which is double the x, y, and z dimensions of the enclosure.

Figure 14 shows this mode in the y direction (mode [0,1,0]).
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Figure 14. Mode (0,1,0) in Enclosure

In Figure 14 the x and y dimensions represent length in the enclosure. The z dimension in

the figure is the amplitude of sound pressure at a plane of constant z value. Note the node

(zero pressure) at the center of the enclosure along the y dimension.

Rounding to the nearest Hz, there are 24 modal frequency groups between 0 and 500 Hz

predicted in the enclosure. These are: 94, 133, 162, 188, 210, 230, 266, 282, 297, 312,

326, 339, 352, 376, 388, 399, 410, 421, 431, 441, 461, 470, 480, and 489 Hz. Figure 15

shows the data in a histogram.
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Figure 15. Histogram of Calculated Modes under 500 Hz

for Rigid Walled Enclosure

Appendix G shows the frequencies for the first 343 (73) modes for the acoustic structure

built for these experiments. Although the highest mode listed is 978 Hz, occurring at

(6,6,6), this list does not include all possible modes below 1000 Hz. There are other

modal frequencies generated by the seventh and eighth modes in one or more dimensions
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in combination with lower modes that are not included. However, all possible modal

frequencies under 500 Hz are included.

The standing waves at the modal frequencies are predicted to cause a higher sound

pressure level inside the enclosure when these frequencies are excited. Experiments were

performed to measure the sound pressure level at different frequencies. Peak responses

were found to correspond to the modal frequencies (see Appendix H).

2.4.3 Coherence

Previous research has shown that coherence between the broadcast Galois noise and the

error microphone signal is necessary for the system identification algorithm to converge

and its error to decrease to a minimum.81 The power level of the Galois signal has been

shown to affect the convergence speed of the filter taps in system identification.82

Coherence experiments were performed in the acoustic enclosure to determine the

necessary test signal level for the proposed component placement (see Appendix I).

When the secondary source was placed in a corner of the enclosure, a Galois power level

of 0.03 achieved a coherence of 0.7 over the frequency of interest, 100 - 500 Hz (Figure

16). This level was barely audible to the human ear inside the enclosure.
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Figure 16. Coherence of 0.70 with Speaker in the Enclosure Corner, Galois 0.03

Raising the Galois level to 0.1 caused the coherence to rise to 0.82 over 100 - 500 Hz (see

Figure 17).
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Figure 17. Coherence of 0.82 with Speaker in the Enclosure Corner, Galois 0.1

However, it was not possible to place the secondary source in a corner for the zone of

silence experiments and adhere to the guidelines of component placement chosen (see

Section 2.5). The coherence was far poorer when the secondary source was placed near

the center of the enclosure. This is to be expected because most room modes have node in

the geometric center of an enclosure. Figures 18 and 19 show the coherence achieved at

Galois levels 0.03 and 0.1 respectively, with the secondary source centrally located in the

x and y directions.
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Figure 18. Coherence of 0.45 with Speaker near Enclosure Center, Galois 0.03
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Figure 19. Coherence of 0.49 with Speaker near Enclosure Center, Galois 0.1

The coherence was high enough at a Galois level of 0.1 for the system identification filter

weights to converge, albeit slowly, in about 90 seconds. A slightly higher coherence was

attained at a Galois level of 0.2, but caused discomfort for the experimenter and other

people in the environment over time. The level of 0.1 was used for the experiments

performed here.
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2.5 Placement of Microphones and Secondary Source

A Matlab program was created to calculate possible placements of components to achieve

a causal system (see Appendix E for code). The user entered a placement for the

reference microphone and secondary source, and the program created a plot showing

causal placements for the error microphone at a given z-plane (Figure 20).

Figure 20. Sample Output of Matlab Program for Computing

Causal Error Microphone Placement
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It was decided to mount the primary source speaker outside of the enclosure in the room

ceiling. This placement was initially chosen because of the constraints of causality and

system delay. But it emulated the common real-world situation of break-in noise, as when

an unpleasant external noise source enters a vehicle or other enclosed area where humans

need to be present.

Placements of the error microphone and secondary source were chosen considering

several criteria.

1. System causality. The Matlab program was used to determine that the position of the

error microphone was causal, given the system delay and the positions of the reference

microphone and the secondary source.

2. The acoustic characteristics of the enclosure. The error microphone was placed such

that it was unlikely to be on a node for the lower modal frequencies of the enclosure, in

case they were excited. Choosing a node for the center of a zone of silence would be

redundant, since sound is naturally attenuated there. The secondary source was placed

centrally to make the problem more difficult. Placing the secondary source centrally

made high coherence levels impossible (Section 2.4.3), and made control of some modal

frequencies that might be excited unlikely.
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3. The characteristics of the sound field in the enclosure created by the primary source

alone. The sound pressure levels inside the enclosure created by the primary source were

measured and mapped before final component placement for ASC was chosen. An area

of the enclosure where sound pressure levels were high was chosen for the position of the

error microphone. The error microphone was placed in this area so that the problem

would be the most challenging, and so that the maximum attenuation possible might be

demonstrated.

4. Avoidance of axial alignment of primary source, error microphone, and secondary

source. Axial alignment of these three components was avoided so as not to mimic a

“duct” setup in three dimensions. A speaker approximates a point source, which

generates sound waves that are roughly spherical. As they propagate away from the

source, they approach being planar. When two such waves intersect, the area attenuated

through ASC should be smaller if the waves are not axially aligned. It was desired to

make the cancellation more difficult so as to reveal the true capabilities of ASC in three

dimensions.
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2.6 Choice of Primary Source Frequency

The system was found to perform ASC successfully with a multi-sinusoidal primary

source. However a single sinusoid was chosen for the experiments presented here, for

clarity of results. The following criteria were used to choose the frequency. It should be:

1) above the first mode of the enclosure (94 Hz);

2) not equal to a mode;

3) in an area of low modal density of the enclosure so that ASC in a non-diffuse field

could be observed; and

4) well under 500 Hz, half the sampling frequency, so as to fulfill the Nyquist criteria.

A primary source frequency of 125 Hz was chosen to fit these criteria.
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3. Results

3.1 Experimental Parameters

Table 3 summarizes the experimental parameters and location of components for the

ASC experiments.

Primary source location (m) (0.025, 3.277, 2.515)

Reference microphone location (m) (0.025, 3.175, 2.515)

Secondary source location (m) (0.914, 0.914, 0.229)

Error microphone location (m) (1.245, 0.660, 0.229)

Primary source frequency 125 Hz

Test signal Galois noise

Galois level 0.1

Convergence time 90 s

Brüel & Kjær SPL meter setting dBL

Power amplifier channel gain 2.80

Table 3. Summary of Experimental Parameters

3.2 Data Acquisition

The Brüel & Kjær 2236 sound level meter was connected with a LEMO cable to a

dspSiglab Model 20-22A hardware unit, which had a SCSI interface to the host PC.

Results were collected in the Spectrum Analyzer component (VSA v.2.2) of the Siglab

program running under Matlab 4.2.
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3.2.1 Coarse Grid

The sound pressure levels created in the enclosure by the primary source alone were

measured first. An SPL measurement was taken using the Brüel & Kjær sound level

meter at each of 64 points (every 61 cm starting at the boundaries of the enclosure). A

1600-point FFT was performed over a bandwidth of 1 kHz in the Siglab Spectrum

Analyzer and saved to a file. Then the sound pressure levels created by the primary plus

secondary source were measured at the same points. The system was allowed to converge

for 90 seconds, then the Galois test signal was turned off and an SPL measurement was

taken. The results were also saved.

Information from the model run included the values of the system identification filter

weights and the signal over time at the error microphone. These data also were saved to a

file for each of the 64 points.

3.2.2 Medium Grid and Fine Grid

To document the sound pressure level before and after cancellation on a medium grid of

the enclosure, SPL readings were taken for each of 343 points in the enclosure, every

30.5 cm starting at the boundaries of the enclosure. For the set of measurements taken

when the secondary source was present, the model was not run separately for each of the
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343 points because of the excessive time that would take. Tests were performed to show

the stability of the sound cancellation after system identification was turned off. The

sound pressure levels were found to be stable for at least 30 minutes after system

identification was stopped. Therefore, for the medium grid, readings for different points

in the enclosure were taken for a period of approximately 20 minutes after system

identification. The model was then run again and the next group of data taken. The model

run data were not saved for each run.

After data from the medium grid were analyzed, additional readings were taken for the

zone of most sound attenuation. These readings were taken every 15.3 cm using the same

method described for the medium grid.

3.3 SPL Spectra

The Siglab Spectrum Analyzer was configured to provide discrete sound pressure levels

at frequencies from 1 Hz to 1 kHz. Those data were available for every point measured in

the enclosure, but only the levels for 125 Hz were used to generate the enclosure

mapping. This section presents examples of spectra from 1 Hz - 1 kHz for the primary

source alone and the primary plus secondary source. The spectra show that harmonics

were present, especially when the secondary source was active, because of the
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compromise made when raising the low-pass filter cut-off frequency (see Section 2.4.1).

However, the harmonics are not at intrusive levels.

Figure 21 shows the spectrum for the SPL of the primary source alone measured at

(1.245, 0.660, 0.010) near the error microphone.

Figure 21. SPL Spectrum at (1.245, 0.660, 0.010) of Primary Source Alone

The cut-off frequency of the low-pass filter conditioning the signal to the primary source

is 347 Hz, and the primary source is external to the enclosure. Therefore, few harmonics

are generated, and some may be generated that are damped by the enclosure, e.g., 250
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Hz. The elevated SPL at 375 Hz is probably because that frequency is both a harmonic of

the primary source and close to a group of modes of the enclosure ([4,0,0], [0,4,0], and

[0,0,4]).

Figure 22 shows the spectrum at the same location in the enclosure for the sound field

created by the primary source plus secondary source. Note that the sound at 125 Hz is

attenuated by almost 23 dB from the level of the primary source alone.

Figure 22. SPL Spectrum at (1.245, 0.660, 0.010) after ASC
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The cut-off frequency of the low-pass filter conditioning the signal to the secondary

source is 693 Hz, and the secondary source is inside the enclosure close to the error

microphone. This accounts for the larger array of harmonics seen in Figure 22. They are

generated by the secondary source because of the higher cut-off frequency. The peak at

875 Hz is both the seventh harmonic of the primary source signal and a harmonic created

by the 1 kHz sample rate: fs-f.

3.4 Enclosure Mapping

The data for the SPL at 125 Hz at the different placements of the SPL meter in the

enclosure were transcribed into a computer file and incorporated into a Matlab program.

The program (see Appendix E) created level curves for planes of constant z value for

three groups of data: sound pressure levels for the primary source alone, sound pressure

levels for the primary source plus secondary source, and the difference in sound pressure

levels between the two. The first two groups of data are mapped using the same color

scale. The values range from a minimum of -92.08 dB ref 1 V RMS to a maximum of  -

56.06 dB. The third group uses a separate color scale, for values ranging from -29.99

(difference in dB) to 24.68 (difference in dB).
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For the z-planes closest to the error microphone, z = 0 and z = 31.5 cm, results of the fine

grid measurements for the zone of most attenuation also are included. Note that these are

from a set of data taken at a different time, so the values at the points that are in common

between the medium and fine grid are similar, but not identical.
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3.5 Comparison of Causal and Non-Causal Setup

Experiments were performed with components deliberately set in non-causal placements.

The reference microphone was moved toward the error microphone such that the distance

LR was too short for the system to predict the error signal during the sound wave

propagation from the primary source. System identification was performed for 2 minutes

with the Galois noise power level set at 0.1. The behavior of the system identification

filter weights, the speed of convergence, and the attenuation achieved were compared

between the non-causal placements and a causal placement.

The minimum acoustic delay necessary between the reference microphone and error

microphone to fulfill the constraint of causality (see Section 1.3.4) was computed. The

minimum delay was a sum of the electronic delay, δE, and the propagation time from the

secondary source to the error microphone, δA. With δΕ = 8 ms and  δA  = 1.2 ms, the

necessary delay was ≥ 9.2 ms. When the propagation time from the reference microphone

to the error microphone δR was less than this value, the setup was non-causal.

Table 4 summarizes the experimental results.
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Exp.          δR (ms) Filter Weight Behavior Max Attenuation

1 7.1 (non-causal) Oscillations throughout system ID 11.3 dB

2 7.7 (non-causal) Oscillations throughout system ID 14.1 dB

3 8.4 (non-causal) Oscillations throughout system ID 17.1 dB

4 9.0 (non-causal) Oscillations throughout system ID 12.5 dB

5 9.5 (near causal Lower amplitude oscillations 22.8 dB

6 10.5 (causal) Oscillations for 10 sec 22.8 dB

Table 4. Summary of Results of Causality Experiments

Plots of the filter weight convergence (Figures 30, 31, 32) and signal from the error

microphone (Figures 33, 34, 35) for Experiments 2, 5, and 6 follow.
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Figure 30. Convergence of Filter Weights in Experiment 2 (non-causal)
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Figure 31. Convergence of Filter Weights in Experiment 5 (near-causal)



89

Figure 32. Convergence of Filter Weights in Experiment 6 (causal)
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Figure 33. Error Microphone Signal in Experiment 2 (non-causal)
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Figure 34. Error Microphone Signal in Experiment 5 (near-causal)
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Figure 35. Error Microphone Signal in Experiment 6 (causal)

4. Conclusions

Active sound cancellation was successfully implemented inside a reverberant enclosure

with a low-frequency, periodic primary source. A zone of silence where sound pressure

levels were attenuated by at least 10 dB was created. The acoustic fields of the primary

source alone, and of the primary source plus secondary source, were measured and

mapped using level curves. A preliminary comparison of the ASC system behavior in a

causal and non-causal setting was shown.
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The maximum attenuation was 26.2 dB, measured at (1.220, 0.610, 0), very close to the

error microphone. Equal attenuation was observed at (0.610, 0.915, 1.220), which was

not part of the area targeted for the zone of silence. Areas where the SPL rose due to the

ASC were limited in size, and well removed from the zone of silence.

4.1 Enclosure Sound Fields Before and After ASC

4.1.1. Primary Source Sound Field

The sound field created by the primary source was not homogeneous. Interestingly, the

highest SPLs were found the farthest away from the primary source. The primary source

speaker was mounted in the ceiling in the northwest corner of the room at coordinates

(0.025, 3.277, 2.515) m. The highest SPLs were found near the floor of the enclosure, and

particularly in the southeast corner (see Figure 23.A.1). The maximum SPL in the

enclosure under the primary source was -58.87 dB ref 1 V RMS, located at (1.220, 0.610

,0). The minimum SPL in the enclosure under the primary source was -88.56 dB, located

at (0, 0.915, 0.610) near the geometric center. An obvious node is visible on Figure 26.A.

4.1.2. Sound Field of Primary Plus Secondary Source and Zone of Silence

The ASC system created a zone of silence in the wake of the error microphone (see

Figure 36). On the floor of the enclosure, the zone (defined as attenuation ≥ 10 dB) was
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1.0 m2 and covered almost 30% of the z-plane. At z= 0.315 m, the zone was 0.6 m2. At

z=0.610 m there was still attenuation in the area of the microphone, but the zone of

silence drifted toward the corner of the enclosure and was 0.37 m2. Note that the original

SPLs under the primary source on that z-plane were also low (see Figure 25.A). A

conservative estimate of the volume of the zone of silence is 0.25 m3.
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The colors in Figure 36 are to aid in distinguishing the shape of the zone at different z-

planes and do not denote different sound pressure levels.

The shape of the zone of silence in a diffuse reverberant sound field is predicted to be

roughly spherical, with a diameter limit of λ/10 where λ is the wavelength of the

frequency of interest. For 125 Hz, this diameter would be 0.27 m. The volume of such a

sphere would be 0.01 m3. Figure 37 shows the maximum cross-sectional area of such a

sphere at the z-plane z=0.229, with the sphere centered at the error microphone position.
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The zone of silence achieved in this experiment is obviously much larger, as predicted by

simulations performed by other researchers,83 and is attributable to the non-diffuse sound

field created by the low frequency of the primary source in an enclosure of these

dimensions.

The areas in the enclosure where SPLs rose when the secondary source was active were

limited in number and size. All were removed well from the error microphone and the

targeted zone of silence, and all were found at places where the SPL of the primary

source sound field was low. The highest rise in SPL was 24.7 dB. However, the SPL was

raised only to -63.88 dB, which is lower than the maximum SPL found in the primary

source's sound field. Table 5 gives summary information about the areas where SPL rose

and Figure 38 shows the areas in the enclosure.
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Location  Distance from    Size               Primary sce      ASC    Difference

 error mic     m2             SPL             SPL

(0.305, 0.610, 0) 96 cm 0.09 -76.81 -61.53 15.3 dB

(0.305, 0.610,0.305) 94 cm 0.09 -74.2 -61.1 13.1 dB

(0, 0.915, 0.305) 127 cm 0.09 -88.6 dB -63.9 dB 24.7 dB

(0.305, 0.915, 0.610) 85 cm 0.33 -84.3 dB -64.1 dB 20.2 dB

(0, 0, 1.83) 213 cm negligible -77.1 dB -63.3 dB 13.8 dB

(0, 1.525. 1.83) 220 cm negligible -81.5 dB -65.6 dB 15.9 dB

Table 5. Areas of Greatest Rise in SPL when Secondary Source is Activated
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4.1.3. Test Signal and Coherence

The system identification filter weights converged in about 90 seconds, which is slow.

This appears to be because of the comparatively low coherence between the test signal as

output by the secondary source and the error microphone signal in the reverberant

enclosure. Future work can show this definitively. Coherence can probably be used as a

metric to determine optimal component placement in an enclosure.
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4.1.4. Causal vs. Non-Causal Setup

The filter weight values for the system identification segment are seen to oscillate

throughout system identification when the set-up is non-causal. The oscillation lessens in

amplitude as a causal setup is approached. With a causal setup, there is oscillation only

for a few seconds at the beginning of system identification (Figure 32). Although the

speed of convergence of the filter weights is the same, as are the final values, the

generation of the correct secondary source signal is seen to lag. After two minutes of

system identification, full attenuation is not achieved under the non-causal setup

(compare Figures 33 and 35).

4.2 Summary of Contributions

4.2.1 ASC in Enclosures

The sound field for an enclosure with a sound field of low modal density was presented

in its entirety and the zone of silence characterized. The size and shape of a zone of

silence in a non-diffuse but reverberant sound field has not been previously documented.

Mapping of the sound levels in an entire enclosure with localized cancellation is not

found in the published literature. Measurement and disclosure of system delays and

configuration of the ASC system to conform to the constraint of causality is shown to be

a valid approach not previously documented in the literature.
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4.2.2 Application of Test Signal Research in a Reverberant Environment

Sufficient coherence between the test signal and the error microphone signal was

achieved in the reverberant enclosure for system identification filter weights to converge.

The coherence was found to be much lower when the secondary source was placed near

the center of the enclosure, and did not increase significantly when the power level of the

test signal was raised. Reflections and normal modes appear to have a large effect on the

coherence at some locations in the enclosure.

4.2.3 Causality

A preliminary comparison of filter weight convergence in a non-causal and causal setup

demonstrates oscillatory behavior in the non-causal setup that has not been previously

documented. The inverse filter is calculated more slowly in the non-causal setup and

attenuation is achieved more slowly. These results show the benefit of a causal setting for

ASC against a static, periodic primary source.

4.3 Improvements

The system delay was not optimal, even after adjustments were made. It would be

impossible to have a causal setup with both the primary source and the secondary source



101

inside the enclosure. The low-pass filters should be re-designed with the goal of a shorter

delay.

The experiments suffered because of external environmental sounds in the room, mainly

from the HVAC system. SPL values inside the enclosure both under primary source alone

and ASC varied from day to day. If future experiments are performed with an internal

primary source, applying soundproofing material to the outside of the enclosure should

be considered.

An ongoing difficulty is that the time necessary to take multiple values inside the

enclosure means that a complete picture of the sound level at a given time and condition

is not possible. In addition to soundproofing the enclosure, automation of data collection

should be explored.

Future external circuits should be mounted in a box for compactness and ease of

troubleshooting.
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4.4 Future Work

The success of UALR's ASC system in an enclosure opens up a myriad of possibilities

for further research. Some include

• Further exploration of the causality issues. A non-causal setup could be created by

adding an electronic delay to a causal setup. This would eliminate any variables

caused by the movement of components and allow further exploration of the filter

weight convergence and system performance. The relationship between the

convergence of system identification and computation of the correct anti-sound signal

should be explored.

• The design and creation of an ASC setup where the test signal has an adjustable

power level. The power level would be allowed to rise in response to changes in the

acoustic environment under an algorithm that would balance the speed of

convergence against the added noise to the system, with the goal of optimizing the

comfort of the human listener.

• Exploration of coherence issues inside the enclosure. Coherence values of only 0.5

were found to be the maximum possible in the component setup used. This extends

the convergence time of the system identification section of the model. The

achievable coherence in the enclosure using different source and receiver positions

should be systematically evaluated.
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• Exploration of zone of silence in a non-diffuse field with use of enclosure data for

modeling. The data gathered can be used to create and verify models for future

experiments. The effects of component positions and wall absorptivity on the zone of

silence in a non-diffuse field could be systematically investigated.
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Appendix A. Coherence

The coherence between y(n) and x(n) is

γyx(ω) ≡ Syx(ω)
Syy(ω)Sxx(ω)

, (A1)

where Syy(ω) and Sxx(ω) are the power spectra of y(n) and x(n) respectively and Syx(ω)  is

the complex cross-power spectrum of the two.1 The complex cross-power spectrum is the

Fourier transform of the cross-correlation function

ryx(k) = E[y(n)x(n − k)], (A2)

where E is expected value.

The magnitude-squared coherence is often used:

Cyx(ω) ≡ γyx(ω)
2
. (A3)
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Appendix B. Simulink Model for Active Sound Cancellation

Figure A1. Simulink Model for ASC
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Appendix C. Electronic Signal Conditioning Circuits

Circuits to amplify and filter the signals from the sensor and error microphones, and to

attenuate and filter the outputs of the MX31 DAC channels were designed, fabricated,

and integrated in the ASC experimental setup (see Figure A2). The circuits were designed

to address problems of non-linearity in the phase response in the previous circuits used in

the experiment. Two amplifier circuits were fabricated for the sensor microphone and

error microphone. Two attenuator circuits were fabricated for the primary and secondary

source signals generated by the MX31 controller and output through two DAC channels.

2 amplifier-
filter circuits

2 attenuator-
filter circuits

power amplifierpre-
amp

pre-
amp

microphones speakers

MX31
controller

RS232
to/from host
computer

Figure A2. Conditioning Circuits in Experimental Setup
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Two pre-amplifier circuits for the microphone signals were used, with one modification

from the previous experiment. The amplifier, attenuator, and preamplifier circuits are

described below.

C.1.1 Amplifier-Filter Circuit

The amplifier-filter circuit conditions the output signal of the microphone pre-amp

circuit. This output signal has a normal range of approximately ± 150 mV. The amplifier-

filter circuit amplifies this signal to occupy the range of one of the ± 10 V ADC channels

in the MX31 controller. The amplifier-filter circuit also contains a low-pass filter to

attenuate frequency components outside the area of interest.

The prototype circuit includes a Burr-Brown INA 118 instrumentation amplifier, an ECS,

Inc. International ECS-300 17.734476 MHz clock oscillator, a Texas Instruments

SH74LS74AN D-type positive edge triggered flip-flop, a Linear Technology LTC 1164

eighth-order linear phase lowpass filter, and an Analog Devices AD711 BiFET op-amp

(Figure A3).
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Figure A3. Amplifier-Filter Circuit

National Semiconductor positive and negative 3-terminal voltage regulators (LM7805

and LM7905) provide a regulated voltage of ± 5 V from the ± 15 V power supply.

The differential inputs from the microphone pre-amp connect directly to the INA 118.

The gain of the INA 118 is variable and set with a single resistor. For this experiment the

gain was set to 10.

The cutoff frequency of the LTC 1164 is variable and is set by a square wave from the

clock chip. The clock output is set to its minimum, 69275 Hz. The flip-flop divides this

output by two, yielding a 34637 Hz signal. The clock-to-cutoff frequency ratio of the

LTC 1164 is set to 100:1, creating a cutoff frequency of approximately 347 Hz.
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The amplified and filtered signal is fed through a 711 op-amp with a gain of one, which

acts as a voltage follower. Its high input impedance and low output impedance isolate the

amplifier circuit and prevent signal voltage changes that would otherwise result from the

serial connection of circuits with different impedances.

C.1.2 Attenuator-Filter Circuit

The attenuator-filter circuit conditions the output signals of the DAC channels of the

MX31 controller. These signals are the primary source signal (disturbance) and the

secondary source signal, which incorporates the Galois test signal. The signals output by

the DAC have a range of ± 10V. The attenuator-filter circuit uses an amplifier with a gain

of less than one to reduce these signals to the ± 5V input range of the power amplifier.

The circuit also incorporates a low-pass filter to attenuate frequency components outside

the area of interest.

The prototype circuit includes an ECS, Inc. International ECS-300 17.734476 MHz clock

oscillator, a Texas Instruments SH74LS74AN D-type positive edge triggered flip-flop, a

Linear Technology LTC 1164 eighth-order linear phase lowpass filter, and three Analog

Devices AD711 BiFET op-amps (Figure A4). National Semiconductor positive and
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negative 3-terminal voltage regulators (LM7805 and LM7905) provide a regulated

voltage of ± 5 V from the ± 15 V power supply.

LTC 1164
1

out711
+
-

-5 V

+5  V1 kΩ

1 kΩ
1 nF

+5 V

RESET
DATA  Q

CLK    Q
SET

+5 V

ECS 17M

1
711

+
-

-15 V

+15  V

711
+
-

-5 V

+5  V

+5  V

+5  V

-5 V

-5 V

+5 V 6.8 kΩ

300 Ω

1 kΩ

G

in

.1 µF

.1 µF

Figure A4. Attenuator-Filter Circuit

The LTC 1164 is configured as in the amplifier-filter circuit, with a cutoff frequency of

approximately 347 Hz. One of the op-amps provides the gain (set to 0.1 for these

experiments). The others are voltage followers, functioning as in the amplifier circuit

described above.

C.1.3 Microphone Pre-Amplifier Circuit

The microphone pre-amplifier circuit provides input current to the microphone and

amplifies the low level microphone output signal. The circuit also performs impedance

matching and limits the radio frequency (RF) noise in the system. The pre-amplifier

circuit from previous experiments is being used without redesign. The only modification
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for the current experiment has been to equalize the gain of the circuits used for the sensor

and error microphones. Previously the sensor microphone gain was reduced with regard

to that of the error microphones in order for the microphone to be placed extremely close

to a high decibel (>100 dB) primary source output. That was not necessary for the present

experiment. The schematic of the microphone pre-amplifier circuit is seen in Figure A5.

27k

i /p

100

6V

100 H

1k

10 F
.022 F

20 F

100k
1k

10 F

1 F

.0033 F

10k

Vcc

Vcc

1k

Figure A5. Pre-Amplifier Circuit

C.2 Fabrication

Prototype amplifier-filter and attenuator-filter circuits were created and tested on a

breadboard. Electronics Workbench Layout software was used to create layouts for

printed circuit boards. The clock and flip-flop common to both circuits were moved onto

a separate board, to allow one clock signal to serve all the circuits.
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Two amplifier-filter circuits were fabricated to condition the signals of the sensor

microphone and the error microphone (see Figure A6). Two attenuator-filter circuits were

fabricated to condition the outputs of the MX31 DAC channels (see Figure A7). One

clock circuit was fabricated (see Figure A8). The five fabricated circuits were mounted

on a compact plywood base and connected to a ±15V power supply.

The clock PCB was later adapted to provide two separate output signals: 69275 Hz and

34637 Hz. The attenuator circuit that conditioned the primary source signal used the

original clock signal of 34637 Hz. The other attenuator circuit and the two amplifier

circuits used the higher clock signal, which was provided by taking the direct output of

the clock chip and bypassing the flip-flop. The higher clock signal created a cutoff

frequency of 693 Hz for these circuits, which was necessary to reduce system delays.

Fabricating and mounting PCBs had the advantages of making the experimental

apparatus more compact, more transportable, easier to connect, less vulnerable to

accident, and easier to replace. Future enhancements will include installing the boards

and power supply in a case.
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Figure A6. Amplifier-Filter Circuit PCB

Figure A7. Attenuator-Filter Circuit PCB
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Figure A8. Clock PCB

C.3 Performance

The amplifier-filter and attenuator-filter circuits used for these experiments were

designed to remedy non-linear phase shifts introduced by the previously used circuits.

The previous circuits used the Linear Technology LTC 1063 clock tunable fifth order

Butterworth lowpass filter. However, this chip introduced a non-linear phase shift in the

filtered signal (Figure A9). The LTC 1164 improved the phase response, as shown in

Figure A10. Although the phase delay is greater on the new circuits, it is more linear,

thus easier to model. Shown here is the performance of the old and new amplifier-filter

circuits; the improvement in the attenuator-filter circuit is comparable.
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Figure A9. Phase Delay of Former Amplifier-Filter Circuit
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Figure A10. Phase Delay of New Amplifier-Filter Circuit
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In addition, the INA 118 instrumentation amplifier used in the new amplifier-filter circuit

is an improvement over the single input non-inverting amplifier used in the former

circuit. The INA 118 utilizes the differential outputs of the microphones and removes a

potential source of ground loops.



A-14

Appendix D. Component and System Delays

The components of the ASC system were tested, separately and in combination, for

delays so the total delay of the system could be known.

D.1 Individual Component Delays

The individual components were tested at different frequencies and sample times. Using

a 125 Hz square wave sampled at 1 kHz, the attenuator circuit had a 5 ms delay, the

amplifier circuit had a 4 ms delay, the MX31 had a 1 ms delay (one sample period), and

the speaker, microphone, and pre-amp circuit had a combined delay of 2 ms.

D.2 Total Hardware and Acoustic Delay

To measure the combined hardware delay, square waves at 100, 125, 200, and 250 Hz

were generated in a Simulink model, output through a DAC block to the MX31, and

output from the MX31 to the attenuator circuit. The signal from the attenuator circuit was

fed to the power amp, which generated an output to the speaker. The acoustic waves

propagated 15 cm to the microphone. The microphone signal then was fed to the pre-

amplifier, then to the amplifier circuit. The output of the amplifier circuit was input to the

MX31, then fed to the workspace through an A/D block (see FigureA11).
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Simulink
model on
host PC

MX31 Attenuator
circuit

Power
amplifier

Speaker

acoustic propagation

MicrophonePre-ampAmplifier
circuit

Figure A11. Hardware Delay Testing Setup

Sampling was performed at 1 kHz and 2 kHz for all the test frequencies. The initial delay

at 125 Hz sampled at both 1 kHz and 2 kHz was14 ms. This agrees well with the sum of

the delays of the individual components. The initial delay at 250 Hz sampled at both 1

kHz and 2 kHz was 13 ms. In both cases less than 500 µs can be attributed to the acoustic

delay. Figure A12 shows the total system delay for a square wave of 125 Hz, sampled at

1 kHz.
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Figure A12. Initial System Delay of 14 ms

This delay was too long. Testing of individual components had showed that the majority

of the system delay was created by the amplifier and attenuator circuits. The cut-off

frequencies of these circuits were raised and the delays were reduced to 4 ms combined,

to yield a final system delay of 8 ms (Figure A13).
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Figure A13. Final System Delay of 8 ms
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Appendix E. Matlab Code and Sound Data

E.1
function x = resfreqt()
%  RESFREQT.M

% This program computes the resonance frequencies for a maximum

% index chosen by the user.

% Equation is derived from A. Wright's Acoustics class notes, p. 61:

% Final Solution for a Rigid Box

% Also appears in Kinsler and Frey book, p. 247, eq. 9.2.7

format short

%Constants

c0 = 331.45;    %Speed of sound without temperature adjustment, m/s

%Initializations

f = 0;

x=1;

%Inputs

Tc=input('What is the air temperature (C)?')

c=c0 + .6*(Tc); % compute speed of sound in this temperature

Lmx=input('What is the x dimension in meters? ')

Lmy=input('What is the y dimension in meters? ')

Lmz=input('What is the z dimension in meters? ')

max=input('Max value for l, m, n (mode numbers)? ')

%Storage space for results

grid=zeros((max+1)^3,4);

%compute frequencies for normal modes

for l=1:1:max+1

for m=1:1:max+1

for n=1:1:max+1

f=c*(((l-1)/(Lmx*2))^2 + ((m-1)/(Lmy*2))^2 + ((n-1)/(Lmz*2))^2)^.5;

grid(x,1)=l-1;

grid(x,2)=m-1;

grid(x,3)=n-1;

grid(x,4)=f;

x=x+1;

end
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end

end

grid2=SORTROWS(grid, [4]) %sort rows by frequency and display on screen

stem(grid2(1:end, 4)) %Plot

title('Predicted frequencies for normal modes in acoustic enclosure'), ylabel('Frequency(Hz)'),

xlabel('Mode')
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E.2
function x = medgridt()
%MEDGRIDT.M

%This program contains the experimental SPL data for the medium grid:

%7^3 = 343 data points, every 0.305 m

%Data is from ASC and disturbance readings taken 11/25/03 - 12/5/03

%The user is prompted to choose a z-plane by number.

% z=0 is plane 1, z=0.305 is plane 2, etc.

%The user is prompted to choose to view the disturbance data,

%the ASC data, or the difference between the two.

%Level curves are generated for that plane and data set.

%The color axis is defined by the minimum and maximum for all ASC and

%disturbance, values, not just the plane being plotted, so it is consistent

%throughout. A separate color axis is used to plot the difference in SPL.

%but it is also consistent for all planes plotted.

asc=zeros(7,7,7); %initialize storage space for ASC data

dis=zeros(7,7,7); %initialize storage space for disturbance data

%ASC data

asc(:,:,1) = [

-64.39 -60.67  -66.75  -79.40  -70.07  -66.28  -63.01

-60.67 -61.59  -65.90  -76.53  -77.22  -69.73  -69.27

-61.98 -61.53  -66.74  -72.51  -85.05  -74.42  -74.36

-63.89 -63.70  -66.13  -65.22  -73.24  -85.24  -84.70

-64.58 -64.22  -64.84  -67.42  -74.70  -78.95  -75.12

-64.46 -66.45  -66.27  -67.84  -76.02  -72.53  -70.38

-62.64 -66.34  -67.25  -70.78  -69.53  -71.85  -66.81];

asc(:,:,2) = [

-61.03  -60.86  -62.93  -70.78  -70.67 -74.77   -69.58

-60.17 -60.58  -63.60 -69.52 -72.86 -68.97 -67.91

-60.13 -61.07 -65.12 -72.05 -80.69 -73.28 -71.71

-62.85 -63.00 -65.12 -57.37 -77.43 -76.24 -73.88

-62.63 -63.36 -64.82 -66.94 -74.80 -78.67 -73.26

-63.16 -65.01 -66.17 -67.74 -72.83 -77.13 -72.71

-65.39 -66.20 -68.02 -70.06 -71.16 -75.56 -72.34];

asc(:,:,3) = [

-60.76 -61.09 -62.95 -66.33 -65.97 -64.93 -65.01

-60.21 -61.05 -63.81 -67.09 -67.02 -65.40 -64.12

-61.72 -61.92 -65.57 -70.45 -70.23 -67.68 -66.24

-63.88 -64.14 -67.49 -75.52 -79.33 -70.04 -68.50

-64.95 -66.74 -68.20 -72.41 -83.84 -79.31 -74.66
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-67.08 -69.19 -68.45 -70.83 -77.13 -89.62 -85.56

-75.00 -68.89 -69.80 -72.63 -76.42 -86.35 -84.00];

asc(:,:,4) = [

-63.35 -63.33 -64.91 -66.20 -65.10 -63.15 -62.98

-63.37 -64.07 -65.72 -66.94 -65.16 -63.55 -63.27

-65.25 -65.39 -69.05 -71.41 -66.95 -65.35 -64.34

-67.39 -68.35 -73.39 -80.29 -72.81 -67.82 -66.38

-70.81 -71.67 -73.98 -82.37 -80.01 -72.39 -71.19

-71.94 -70.82 -71.04 -72.38 -74.59 -77.22 -77.49

-72.44 -70.77 -69.31 -68.81 -70.76 -74.02 -75.78];

asc(:,:,5) = [

-67.36 -69.08 -75.33 -68.25 -64.19 -61.94 -62.57

-68.53 -68.53 -74.89 -68.80 -63.74 -61.76 -61.35

-71.64 -73.89 -81.96 -74.47 -64.59 -62.82 -62.55

-73.40 -73.45 -92.08 -76.07 -68.09 -65.65 -65.13

-72.28 -71.94 -73.58 -73.41 -71.33 -69.08 -68.99

-70.23 -68.84 -69.36 -68.90 -71.32 -72.99 -74.39

-67.04 -66.58 -66.27 -66.01 -68.74 -73.49 -73.06];

asc(:,:,6) = [

-66.95 -70.68 -81.21 -72.29 -66.72 -64.02 -67.29

-71.37 -71.33 -86.67 -71.43 -65.42 -63.87 -63.85

-73.50 -73.42 -74.71 -73.20 -66.54 -64.87 -65.13

-70.39 -71.08 -74.04 -72.20 -68.25 -67.53 -68.65

-67.83 -68.16 -68.88 -69.22 -69.78 -70.08 -70.82

-65.83 -66.32 -66.38 -67.55 -70.41 -71.69 -77.04

-65.02 -65.65 -66.05 -67.31 -68.62 -74.96 -72.46];

asc(:,:,7) = [

-63.29 -66.26 -68.51 -74.57 -70.28 -70.07 -74.03

-67.76 -68.25 -76.96 -75.27 -67.13 -66.89 -69.98

-67.79 -70.10 -71.21 -73.21 -67.02 -66.83 -70.63

-66.19 -68.26 -70.80 -69.90 -68.86 -70.01 -77.29

-65.99 -66.77 -66.99 -68.30 -69.77 -71.54 -87.06

-65.59 -65.71 -65.99 -67.57 -70.96 -78.23 -77.84

-63.44 -65.40 -66.19 -68.50 -77.61 -73.00 -67.97];

%Disturbance alone data

dis(:,:,1) = [

-69.13 -69.99 -69.88 -66.39 -59.48 -60.87 -61.16

-69.20 -73.41 -66.53 -63.70 -60.18 -59.30 -58.96

-68.66 -76.81 -66.89 -62.66 -58.87 -59.33 -61.58

-71.52 -70.81 -65.51 -62.33 -60.95 -60.75 -66.16
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-71.04 -70.64 -64.16 -63.38 -63.14 -61.78 -65.31

-70.07 -68.01 -66.26 -65.45 -61.73 -63.78 -66.36

-70.44 -70.09 -64.71 -71.11 -66.25 -65.18 -70.46];

dis(:,:,2) = [

-67.71 -69.10 -66.78 -65.08 -61.08 -59.73 -61.02

-69.53 -68.85 -70.15 -63.01 -60.52 -59.78 -59.23

-71.16 -74.23 -74.34 -62.91 -59.66 -59.94 -60.51

-74.12 -73.90 -65.87 -63.21 -61.28 -61.02 -65.53

-73.66 -71.09 -64.11 -65.97 -62.48 -61.59 -63.11

-69.02 -71.13 -64.24 -63.57 -62.97 -65.91 -66.40

-72.05 -68.49 -63.06 -63.98 -62.88 -64.72 -69.57];

dis(:,:,3) = [

-68.83 -71.67 -71.83 -66.95 -64.05 -60.80 -62.36

-72.59 -71.63 -71.32 -66.36 -62.21 -61.30 -60.64

-77.88 -74.88 -77.79 -66.51 -62.37 -61.94 -62.08

-88.56 -84.27 -75.09 -67.01 -65.60 -63.57 -66.51

-71.67 -71.49 -69.25 -70.05 -65.44 -65.25 -66.70

-68.61 -69.09 -66.63 -66.74 -65.72 -66.23 -69.88

-74.66 -68.63 -68.63 -65.67 -64.37 -66.81 -73.00];

dis(:,:,4) = [

-64.78 -65.61 -66.92 -68.33 -64.98 -62.93 -63.36

-65.13 -66.42 -66.97 -68.31 -65.43 -63.43 -63.43

-67.20 -68.04 -69.57 -71.25 -68.34 -65.69 -65.17

-70.97 -71.38 -76.22 -84.89 -72.89 -68.43 -69.64

-70.25 -71.75 -73.03 -75.81 -76.16 -75.84 -74.63

-70.15 -70.12 -68.97 -67.90 -68.85 -70.94 -74.43

-69.28 -67.06 -65.89 -66.56 -66.66 -69.92 -69.07];

dis(:,:,5) = [

-63.12 -63.34 -62.33 -64.39 -63.72 -63.82 -66.00

-62.43 -62.09 -63.13 -64.15 -63.82 -63.51 -64.38

-62.96 -63.56 -64.61 -65.13 -64.53 -65.67 -65.72

-65.72 -65.31 -65.84 -68.18 -69.89 -69.02 -67.04

-67.41 -66.58 -69.22 -70.15 -72.85 -69.70 -72.03

-67.46 -67.99 -68.49 -65.88 -67.11 -67.57 -67.34

-69.72 -66.32 -68.05 -67.47 -67.01 -66.01 -66.99];

dis(:,:,6) = [

-63.70 -62.57 -61.69 -62.41 -61.95 -62.64 -66.80

-62.04 -61.13 -61.36 -61.29 -61.72 -62.64 -63.32

-63.99 -61.94 -63.55 -62.04 -60.92 -62.87 -63.13

-64.16 -63.89 -62.53 -64.96 -63.02 -63.02 -65.03
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-67.26 -64.41 -66.71 -65.51 -62.51 -62.30 -64.74

-71.22 -67.96 -66.70 -64.20 -62.66 -62.08 -62.27

-76.56 -67.76 -69.26 -66.45 -64.06 -62.60 -62.80];

dis(:,:,7) = [

-77.08 -68.05 -65.87 -64.77 -64.83 -66.41 -72.06

-67.69 -63.32 -62.52 -62.19 -62.46 -63.96 -65.84

-65.82 -62.99 -61.17 -61.60 -61.17 -62.89 -64.34

-68.54 -64.58 -62.73 -65.56 -61.51 -64.10 -65.26

-70.06 -64.94 -63.88 -61.69 -60.41 -61.30 -63.12

-81.48 -67.64 -63.91 -61.26 -59.80 -60.35 -60.40

-69.35 -71.88 -67.34 -64.25 -62.06 -60.78 -61.39];

dif=asc-dis; %computation of difference data

level=input('What Z-plane do you want to plot (1 - 7)?');

typ=input('Do you want to plot dis, asc, or dif?');

if typ==dif

V=[-29.99 24.68]; %these represent the min and max from dif (med and fine)

typtxt='Difference';

else

V=[-92.08 -56.06];  %these represent the min and max from both dis and asc (med and fine)

end

if typ==dis

typtxt='Disturbance';

elseif typ==asc

typtxt='ASC';

end

x=[0 .305 .61 .915 1.22 1.525 1.83]; %set up values for contour

y=[0 .305 .61 .915 1.22 1.525 1.83];

contour(x,y,typ(:,:,level),12) %plot the contour

set(gca,'xtick',[0:.305:1.83])

set(gca,'ytick',[0:.305:1.83])

axis square

caxis(V)

Title([typtxt ' at Z = ', num2str((level-1)*.305),' meters'])

COLORBAR('horiz')

xlabel('X dimension of enclosure, meters')
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ylabel('Y dimension of enclosure, meters')

if typ~=dis

text(1.24,.66,'o   Error microphone') %Show position of error microphone

end

%Put in lines indicating zone of fine grid, if plotting level 1 or 2

hold on

if level < 3

plot([.915 1.525], [.305 .305], 'k')

plot([.915 1.525], [.915 .915], 'k')

plot([.915 .915], [.305 .915], 'k')

plot([1.525 1.525], [.305 .915], 'k')

text(1.1,.35,'See detail')

end

text(-.51,-.6, 'dB ref 1 V RMS')
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E.3
function y = cohert()
%COHERT.M

%This program reads in two signals from a .mat file.

%Signals are from 5000 to 6000 samples long.

%The program selects 2048 adjacent values from the middle of the signals

%(to avoid sampling during the startup of the acoustic tone)

%and plots the coherence.

%Program prints out average coherence across the spectrum

%and average coherence in the range from 100 - 500 Hz.

clear

sprintf('This program computes the coherence \nbetween two signals embedded in the same file.')

fn=input('What is the name of the file to load?','s')

load(fn)

out=galout(2001:4048);

in=galin(2001:4048);

norm=0:1000/128:1000; %set up frequency index

norm=norm';

[Cxy,F]=cohere(out,in,256,1000); %compute coherence

plot(norm,Cxy);

h=line([70 70], [0 1])

set(h,'Color',[0 0 0])

set(h, 'LineWidth', [1.5])

j=line([500 500], [0 1])

set(j,'Color',[0 0 0])

set(j, 'LineWidth', [1.5])

sprintf('The average coherence across the spectrum \nis %0.5g', mean(Cxy))

sprintf('The average coherence between 100 - 500 Hz \nis %0.5g',mean(Cxy(13:64)))

title('Coherence with Input Power Speaker Location of XX')

xlabel('Frequency, Hz')

text(80,.9,'<-Bandwidth of Galois signal->')
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E.4
function y = causplot()
%  CAUSPLOT.M

% This program checks a plane at a given z value to determine

% whether each potential position of a single error

% microphone would be causal, given the position of

% the sensor mic, cancellation speaker, and the system delay

clear

c=343;

'All linear dimensions should be given in meters. Coordinates are Cartesian.'

'SYSTEM DELAY\n'

delay=input('What is the system delay in seconds?')

'LOCATION OF SENSOR MIC (CLOSE TO DISTURBANCE SOURCE)\n'

disx=input('What is the x value of the sensor mic location? ')

disy=input('What is the y value of the sensor mic location? ')

disz=input('What is the z value of the sensor mic location? ')

'LOCATION OF ACTUATOR (CANCELLATION SOURCE)\n'

canx=input('What is the x value of the actuator location? ')

cany=input('What is the y value of the actuator location? ')

canz=input('What is the z value of the actuator location? ')

'LOCATION OF Z VALUE OF ERROR MIC\n'

ez=input('What is the z value of the plane to check for the error mic position? ')

hold off

for ex=0:.1:1.8;

   for ey=0:.1:1.8;

r0=sqrt((canx-ex)^2+(cany-ey)^2+(canz-ez)^2);

r1=sqrt((disx-ex)^2+(disy-ey)^2+(disz-ez)^2);

if r1>=r0+(delay*c) %if position is causal, put a green +

   plot(ex, ey,'g+')

else r1 %else put a red diamond

   plot(ex, ey,'r*')

end

hold on

end

end

plot(disx, disy, 'ks')
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hold on

plot(canx, cany, 'ks')

text(1, .925, 'Actuator')

plot(0, 0, 'ko')

axis([0 2.5 0 2.5])

title('Causal area of plane for error mic placement at z = 0 with system delay of 8 ms   ')

xlabel('X dimension of enclosure, meters')

ylabel('Y dimension of enclosure, meters')

line([0 1.83], [1.83 1.83])

line([1.83 1.83], [0 1.83])

line([0 1.83], [0 0])

line([0 0], [0 1.83])

text(1.5, 2.3, 'Green + is causal')

text(1.5, 2.0, 'Red * is non-causal')
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E.5
function x = zonet()
%ZONET.M

%This program uses the Patch command to map zone of silence at

%3 levels of the acoustic enclosure. The area of >=10dB of cancellation

%was determined by examining the data for the difference in SPL between

%the enclosure under disturbance and with ASC. The shape of the zone

%was defined by manually entering its vertices in this program.

v1 = [...

.915 0 0 %vertices at z=0

1.22 0 0

1.525 .305 0

1.83 .305 0

1.83 1.22 0

1.525 1.525 0

1.22 1.525 0

1.22 .915 0

.915 .61 0

.915 .305 0

1.22 .305 0

1.83 .915 0

1.22 1.22 0

];

f1 = [

10 1 2 3 %faces at z=0

8 9 10 11

8 11 4 12

13 8 12 5

7 13 5 6

  ];

v2 = [...

1.22 .305 .305 %vertices at z=0.305

1.525 .305 .305

1.525 .915 .305

1.83 1.22 .305

1.525 1.525 .305

1.525 1.83 .305

1.22 1.525 .305
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1.22 .915 .305

.915 .61 .305

1.525 .61 .305

1.22 1.22 .305

];

f2 = [

9 1 2 10 %faces at z=0.305

8 9 10 3

11 8 3 4

7 11 4 5

6 7 8 3

];

v3 = [...

1.22 .915 .61

1.83 1.525 .61

1.83 1.83 .61

1.22 1.83 .61

];

f3 = [

1 2 3 4

];

patch('Vertices',v1,'Faces',f1,  'FaceColor',[1 0 0], 'Edgecolor','none'); %zone at z=0 is mapped

hold on

patch('Vertices',v2,'Faces',f2, 'FaceColor',[0 0 1],  'Edgecolor','none'); %zone at z=0.305 is mapped

patch('Vertices',v3,'Faces',f3, 'FaceColor',[0 1 0], 'Edgecolor','none'); %zone at z=0.610 is mapped

text(1.24,.66,'o   Error microphone')

text(.3, 1.22, 1.3, 'Zone of silence at z = 0.61')

text(.3, 1.22, .6, 'Zone of silence at z = 0.305')

text(.3, 1.22, 'Zone of silence at z = 0')

view(3)

grid on

axis([0 1.83 0 1.83 0 1.83])

set(gca,'xtick',[0:.305:1.83])

set(gca,'ytick',[0:.305:1.83])

set(gca,'ztick',[0:.305:1.83])

xlabel('X dimension of enclosure, meters')

ylabel('Y dimension of enclosure, meters')

title('ASC Zone of Silence: Attenuation of 10 dB or More')
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E.6
function y = modeplot()
%MODEPLOT.M

%Reads in a data from 3 different files

%so as to plot predicted modes over a frequency range,

%enclosure SPL response over the range, and enclosure

%phase response over the range.

clear

format long

%GET PHASE DATA

fid=fopen('phs1211.txt'); %Name of file with phase data

%read in two columns

phs=fscanf(fid,'%e  %e ',[2 26]); %specifies # of values

fclose(fid)

phs=phs';

hz=phs(:,1);

difms1=phs(:,2);

w=phs(:,1).*2*pi;

difphs1=difms1.*w*.001; %convert to radians from ms

%PLOT PHASE DATA

hold off

subplot(3,1,3), plot(hz,difphs1,'b')

axis([270 320 0 2*pi])

hold on

title('Phase difference between broadcast signal and sensed signal')

xlabel('Frequency, Hz')

ylabel('Phase difference,radians')

%GET MODE DATA

fid=fopen('modes.txt'); %Name of file with predicted mode locations

%read in two columns

mod=fscanf(fid,'%e %e',[2 50]);%specifies # of values

fclose(fid)

mod=mod';

hz1=mod(:,1);

mag=mod(:,2);

%PLOT MODE DATA

subplot(3,1,1), stem(hz1(8:10),mag(8:10))

axis([270 320 0 9])

title('Predicted Modes')
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xlabel('Frequency, Hz')

ylabel('Number of Coincident Modes')

%GET SPL DATA

fid=fopen('SP270310n.txt'); %Name of file with SPL values

spl=fscanf(fid,'%e %e',[2 50]);%specifies # of values

fclose(fid)

spl=spl';

db=spl(:,2);

%PLOT SPL DATA

subplot(3,1,2), plot(hz(1:26),db)

axis([270 320 -76 -40 ])

title('SPL Response in Enclosure to Internally Broadcast Tones')

xlabel('Frequency, Hz')

ylabel('dB re: 1 V RMS')
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Appendix F: Theory: Acoustics of Enclosures

F.1 Basis Function

The basis function for an enclosed rigid box with an internal harmonic source is

ψ(x, y, z) = cos(kxx)cos(kyy)cos(kzz) , (F1)

with

k = kmnp = ωmnp

c
= πm

Lx







2

+ πn

Ly







2

+ πp

Lz







2

, (F2)

where ωmnp are frequencies in radians, c is the speed of sound in length units per second,

Lx, Ly, and Lz are the dimensions of the enclosure in the same length units as the speed of

sound and m, n, and p = 0, 1, 2,…2

The allowable frequencies are quantized. Given that

f = ω
2π

, (F3)

then



A-33

fmnp = c
m

2Lx







2

+ n

2Ly







2

+ p

2Lz







2

. (F4)

 These are the allowable frequencies, in Hertz, of the standing waves, or normal modes,

that could be excited in an enclosed rigid box.

F.2 Nodes

A node is a point of zero acoustic pressure. Locations of nodes in an enclosure are

frequency dependent and determined by the acoustic mode shapes. All normal modes

have anti-nodes (pressure maxima) at the boundaries of a rectangular enclosure. The

majority of acoustic modes have nodes at the center of the enclosure; only those whose

components are all even, such as (2,0,0), do not.

An acoustic source at a given modal frequency, placed at a node for that frequency, will

not project sound well. A receiver placed at a node for a frequency being output

elsewhere will receive minimal sound at that frequency.
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F.3 Modal Density

The normal modes become more dense as the frequency rises (see Figure 15). Morse and

Ingard showed that the number of modes characteristic for a given enclosure that are less

than or equal to a frequency f can be approximated with:

4πVf 3

3c3 + πf 2 A

4c2 + fL

8c
, (F5)

where V is the room volume, A the total wall area, and L is the sum of the lengths of all

the edges of the room: 4(lx+ly+lz).
3 The number of modes within a frequency band of

width df is found by differentiating Equation 12:

4πVf 2

c3 + πfA

2c2 + L

8c
. (F6)

If the sound field of an enclosure is excited in a frequency range where modal density is

high, there are many reflections and standing waves, and the sound field is said to be

diffuse.4 In a diffuse field the energy density is the same throughout and all propagation

directions are equally probable.

The approximate frequency at which the sound field in an enclosure will become diffuse

can be calculated:

f ≥ 2000 T 60 / V , (F7)
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where T60 is the time in seconds necessary for a reverberation decay of 60 dB, and V is

the metric volume  of the enclosure. This is known as the Schroeder frequency.

Another parameter used to describe the nature of an enclosed sound field is the modal

overlap M(ω), the number of modes in that can be excited by a single frequency.5 M(ω)

can be approximated as

M(ω) = ∆ωn(ω), (F8)

where ∆ω is the 3 dB bandwidth  of any one mode at frequency ω and n(ω) is the average

number of modes per unit angular frequency.6
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Appendix G. Modes of Enclosure

Enclosure dimensions are 1.835 x 1.831 x 1.831 m.

Air temperature used for calculation was 22 C.

Predicted Frequencies (Hz) of First Six Modes in Enclosure

             x dimension     y dimension   z dimension         Hz
0 0 0 0.00
1 0 0 93.90
0 0 1 94.15
0 1 0 94.15
1 0 1 132.97
1 1 0 132.97
0 1 1 133.15
1 1 1 162.93
2 0 0 187.80
0 0 2 188.30
0 2 0 188.30
2 0 1 210.08
2 1 0 210.08
1 0 2 210.42
1 2 0 210.42
0 1 2 210.53
0 2 1 210.53
2 1 1 230.22
1 1 2 230.52
1 2 1 230.52
2 0 2 265.95
2 2 0 265.95
0 2 2 266.30
3 0 0 281.71
2 1 2 282.12
2 2 1 282.12
1 2 2 282.37
0 0 3 282.45
0 3 0 282.45
3 0 1 297.02
3 1 0 297.02
1 0 3 297.65
1 3 0 297.65
0 1 3 297.73
0 3 1 297.73
3 1 1 311.59
1 1 3 312.19
1 3 1 312.19
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2 2 2 325.86
3 0 2 338.84
3 2 0 338.84
2 0 3 339.19
2 3 0 339.19
0 2 3 339.46
0 3 2 339.46
3 1 2 351.68
3 2 1 351.68
2 1 3 352.01
2 3 1 352.01
1 2 3 352.21
1 3 2 352.21
4 0 0 375.61
0 0 4 376.60
0 4 0 376.60
4 0 1 387.23
4 1 0 387.23
3 2 2 387.65
2 2 3 387.95
2 3 2 387.95
1 0 4 388.13
1 4 0 388.13
0 1 4 388.19
0 4 1 388.19
4 1 1 398.51
3 0 3 398.92
3 3 0 398.92
1 1 4 399.39
1 4 1 399.39
0 3 3 399.44
3 1 3 409.88
3 3 1 409.88
1 3 3 410.33
4 0 2 420.17
4 2 0 420.17
2 0 4 420.83
2 4 0 420.83
0 2 4 421.05
0 4 2 421.05
4 1 2 430.59
4 2 1 430.59
2 1 4 431.23
2 4 1 431.23
1 2 4 431.40
1 4 2 431.40
3 2 3 441.13
3 3 2 441.13
2 3 3 441.39
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4 2 2 460.43
2 2 4 461.04
2 4 2 461.04
5 0 0 469.51
4 0 3 469.96
4 3 0 469.96
3 0 4 470.30
3 4 0 470.30
0 0 5 470.75
0 3 4 470.75
0 4 3 470.75
0 5 0 470.75
5 0 1 478.86
5 1 0 478.86
4 1 3 479.30
4 3 1 479.30
3 1 4 479.64
3 4 1 479.64
1 4 3 480.02
1 0 5 480.02
1 3 4 480.02
1 5 0 480.02
0 1 5 480.07
0 5 1 480.07
5 1 1 488.03
3 3 3 488.79
1 1 5 489.17
1 5 1 489.17
5 0 2 505.86
5 2 0 505.86
4 2 3 506.28
4 3 2 506.28
3 2 4 506.60
3 4 2 506.60
2 0 5 506.83
2 3 4 506.83
2 4 3 506.83
2 5 0 506.83
0 2 5 507.01
0 5 2 507.01
5 1 2 514.55
5 2 1 514.55
2 1 5 515.50
2 5 1 515.50
1 2 5 515.64
1 5 2 515.64
4 0 4 531.89
4 4 0 531.89
0 4 4 532.59
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5 2 2 539.77
4 1 4 540.16
4 4 1 540.16
2 2 5 540.68
2 5 2 540.68
1 4 4 540.81
5 0 3 547.92
5 3 0 547.92
4 3 3 548.31
3 0 5 548.60
3 3 4 548.60
3 4 3 548.60
3 5 0 548.60
0 3 5 548.98
0 5 3 548.98
5 1 3 555.95
5 3 1 555.95
3 1 5 556.62
3 5 1 556.62
1 3 5 556.96
1 5 3 556.96
6 0 0 563.41
4 2 4 564.24
4 4 2 564.24
2 4 4 564.74
0 0 6 564.90
0 6 0 564.90
6 0 1 571.23
6 1 0 571.23
1 0 6 572.65
1 6 0 572.65
0 1 6 572.69
0 6 1 572.69
6 1 1 578.93
5 2 3 579.38
5 3 2 579.38
3 5 2 580.02
3 2 5 580.02
2 3 5 580.22
2 5 3 580.22
1 1 6 580.34
1 6 1 580.34
6 0 2 594.05
6 2 0 594.05
2 0 6 595.30
2 6 0 595.30
0 2 6 595.46
0 6 2 595.46
6 1 2 601.46
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6 2 1 601.46
5 0 4 601.89
5 4 0 601.89
4 0 5 602.24
4 3 4 602.24
4 4 3 602.24
4 5 0 602.24
3 4 4 602.51
2 1 6 602.70
2 6 1 602.70
1 2 6 602.82
1 6 2 602.82
0 4 5 602.85
0 5 4 602.85
5 1 4 609.21
5 4 1 609.21
4 1 5 609.55
4 5 1 609.55
1 4 5 610.12
1 5 4 610.12
5 3 3 616.44
3 3 5 617.04
3 5 3 617.04
6 2 2 623.18
2 2 6 624.37
2 6 2 624.37
6 0 3 630.25
6 3 0 630.25
5 2 4 630.66
5 4 2 630.66
4 2 5 630.99
4 5 2 630.99
3 0 6 631.25
3 6 0 631.25
2 4 5 631.43
2 5 4 631.43
0 3 6 631.58
0 6 3 631.58
6 1 3 637.24
6 3 1 637.24
3 1 6 638.23
3 6 1 638.23
1 3 6 638.52
1 6 3 638.52
4 4 4 651.72
6 2 3 657.78
6 3 2 657.78
3 2 6 658.73
3 6 2 658.73
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2 3 6 658.91
2 6 3 658.91
5 0 5 664.87
5 3 4 664.87
5 4 3 664.87
5 5 0 664.87
4 3 5 665.18
4 5 3 665.18
3 4 5 665.43
3 5 4 665.43
0 5 5 665.74
5 1 5 671.50
5 5 1 671.50
1 5 5 672.33
6 0 4 677.69
6 4 0 677.69
4 0 6 678.38
4 6 0 678.38
0 4 6 678.93
0 6 4 678.93
6 1 4 684.20
6 4 1 684.20
4 1 6 684.88
4 6 1 684.88
1 4 6 685.39
1 6 4 685.39
6 3 3 690.65
5 2 5 691.02
5 5 2 691.02
3 3 6 691.56
3 6 3 691.56
2 5 5 691.72
6 2 4 703.36
6 4 2 703.36
4 2 6 704.03
4 6 2 704.03
2 4 6 704.42
2 6 4 704.42
5 4 4 710.00
4 4 5 710.29
4 5 4 710.29
5 3 5 722.37
5 5 3 722.37
3 5 5 722.89
6 0 5 734.19
6 3 4 734.19
6 4 3 734.19
6 5 0 734.19
5 0 6 734.54
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5 6 0 734.54
4 3 6 734.83
4 6 3 734.83
3 4 6 735.05
3 6 4 735.05
0 5 6 735.33
0 6 5 735.33
6 1 5 740.21
6 5 1 740.21
5 1 6 740.55
5 6 1 740.55
1 5 6 741.31
1 6 5 741.31
6 2 5 757.96
6 5 2 757.96
5 2 6 758.29
5 6 2 758.29
2 5 6 758.94
2 6 5 758.94
5 4 5 764.12
5 5 4 764.12
4 5 5 764.39
6 4 4 775.30
4 4 6 775.90
4 6 4 775.90
6 3 5 786.65
6 5 3 786.65
5 3 6 786.98
5 6 3 786.98
3 5 6 787.45
3 6 5 787.45
6 0 6 797.84
6 6 0 797.84
0 6 6 798.89
6 1 6 803.38
6 6 1 803.38
1 6 6 804.39
5 5 5 814.65
6 2 6 819.76
6 6 2 819.76
2 6 6 820.67
6 4 5 825.15
6 5 4 825.15
5 4 6 825.46
5 6 4 825.46
4 5 6 825.71
4 6 5 825.71
6 3 6 846.36
6 6 3 846.36
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3 6 6 847.10
6 5 5 872.15
5 5 6 872.44
5 6 5 872.44
6 4 6 882.26
6 6 4 882.26
4 6 6 882.78
6 5 6 926.37
6 6 5 926.37
5 6 6 926.64
6 6 6 977.58
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Appendix H: Mode Experiments

A speaker and a Brüel & Kjær 2240 integrating-averaging sound level meter were placed

in the acoustic enclosure. The speaker was placed near a trihedral corner of the enclosure

facing centrally, at coordinates (1.45, 0.36, 0.13). The corner placement ensured that the

speaker was located at a pressure antinode, to maximize the excitation of standing

waves7. The Brüel & Kjær sound level meter was placed at coordinates (0.71, 1.45, 0.13),

which are between a corner and the center of the enclosure. The center of the enclosure

was avoided because the majority of modes have nodes at that location.

The enclosure was sealed. Sinusoids from 80 to 180 Hz, and 270 to 320 Hz were

sequentially generated and broadcast through the speaker inside the enclosure, with

frequency and amplitude controlled in the Siglab Virtual Function Generator module

(VFG 2.2).

G.1 Sound Pressure Level Response

The Siglab Spectrum Analyzer module (VSA 2.2) was used to process the data from the

SPL meter at each frequency generated. A Fast Fourier Transform (FFT) was performed

to display the frequency response across a bandwidth of 500 Hz. The broadcast and
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sensed signals were recorded in dB referenced to 1 V rms. The SPL was recorded for

each broadcast frequency.

G.2 Phase Response

The Siglab Oscilloscope module was used to process the data from the SPL meter at each

frequency generated. A dual display showed simultaneously the sinusoidal broadcast

signal and the sensed sinusoid.

A peak of the broadcast sinusoid was located and marked. The next following peak of the

detected signal was marked.

The marked values were displayed by the Siglab Oscilloscope module in milliseconds

starting from the dual sample origin. The difference between the two readings in

milliseconds was converted to a phase difference in a Matlab program.

Figure A14 juxtaposes the predicted modes, SPL, and phase data for the frequency range

270 to 320 Hz. This frequency range is predicted to include multiple degenerate modes

near 282, 297, and 312 Hz. The SPL is seen to peak about 5 Hz before the predicted

modes. The phase difference is zero very close to the predicted modes at 297 and 312 Hz,
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and is zero at 6 Hz before the predicted mode at 282 Hz. Although it is from 1 - 6 Hz

lower than predicted, presence of a modal response in the enclosure is clearly seen.

270 275 280 285 290 295 300 305 310 315 320
0

2

4

6
Phase difference between broadcast signal and sensed signal

Frequency, Hz

270 275 280 285 290 295 300 305 310 315 320
0

2

4

6

8

Predicted Modes

Frequency, Hz

270 275 280 285 290 295 300 305 310 315 320

-70

-60

-50

-40
SPL Response in Enclosure to Internally Broadcast Tones

Frequency, Hz

Figure A14. Predicted Modes, SPL Response, and Phase Difference
of Enclosure from 270 - 320 Hz
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Appendix I. Coherence Experiments

A speaker and microphone were placed in the enclosure. For the first experiment, the

speaker was placed in a corner facing the center (0.300, 1.500, 0.230) and the error

microphone was placed at (0.620, 1.180, 0.230), approximately 45 cm away. In the

second, the speaker was placed at the center of the enclosure (in the x and y directions) at

(0.920, 0.920, 0.230). The microphone was placed at (1.250, 0.660, 0.230),

approximately 42 cm away.

The enclosure was sealed and the Galois signal was broadcast alone at different power

levels. Data from the Galois signal and the microphone signal were saved. A Matlab

program (see Appendix E) computed the coherence between the broadcast signal and the

microphone signal.

Much higher coherence at all Galois levels was achieved with the speaker in the corner.

The coherence rose across the spectrum and in the frequency of interest as the Galois

level was raised to 0.2. However, when the speaker was placed in the center, coherence

was low, and similar at all Galois levels across the frequency range of interest. Raising

the level had much less effect. Tables A1 and A2 summarize the results.
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Galois Level Coherence across

Spectrum

Coherence from

100 - 500 Hz

0.03 0.414 0.700

0.05 0.492 0.783

0.1 0.539 0.822

0.2 0.617 0.934

0.3 0.572 0.927

Table A1. Coherence with Speaker in Corner of Enclosure

Galois Level Coherence across

Spectrum

Coherence from

100 - 500 Hz

0.03 0.481 0.446

0.05 0.493 0.477

0.1 0.485 0.492

0.2 0.508 0.532

0.3 0.498 0.513

Table A2. Coherence with Speaker near Center of Enclosure
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