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Abstract

Presented in this report is the design and testing of an open-air active noise control system. The initial
project scope aimed to use an FXLMS algorithm to reduce single tone, multitone, white noise, and a sine
swept signal by at least 1 decibel. Using a closed loop feedback system between an error microphone and
anti-noise speaker, the project aimed to reach steady state noise control in under 1 second. This report
successfully presents single tone noise control for a 528 Hz signal by up to -28 dB (voltage scale) and
multitone control with 528 and 392 Hz signals by up to -10.9 dB and -1.9 dB respectively. The final product
reaches steady state within 10 seconds but could be improved with minor changes.

Page 1 of 31



Contents

Y o153 1 T PSSP T TV PR P OPRRRPR 1
I o] [ Y = T YRS 3
TADIE OF TADIES. ..ttt sttt st st b e b e s ae e st e ettt et e h e e sae e saresaneeane 4
T A goTe [V 4T ] o HUU OO TSP TOVSROPROP 5
1Y [ 11V o Lo T o P TSROSO 5
2o = o U TaTo I 2 U<TY Y- | of VO USSP 5
Y ol0] o1 5
DESIGN DECISIONS ..eeiiieieeiiiittete ettt e e e e e sttt et e e e s s s eabb ittt e eeessesaasbaateeeeesasansbataaeeessassssbaaaeeesssanansnsaaaaeenens 6
Types of Active NOiSE CONTIOI (ANC).......eeiiieeciieeiieecee ettt stee et e e ste e e te e e saseesteesssseesasesesaeesnsesessseesaseesns 6
TaR e Ta Tl [ o M@ o 1T oLy N1 Y [ PP 7
IS Y SR AN F= o T 1 o o o TSRS 8
V=7 a VoY Fo] oY .Y 2SS 10
o oIV Tor= | I 0 aT o] 1=Y 2 V=T o} = 4T o PSPPSR 10
LI 10T =4 [a e I =T = o o PSR 12
Yo 1oE L Gl G e TU L o111 g T T =TS 12
Diagnosing SECoNdary Path ErTOr ........vii ittt et e et e e e ate e e e e atee e s enrae e e ennees 14
FINAl ProdUCt RESUITS. ...cueiiiieiieiieeeee ettt sttt ettt e bt sbe e st e san e et e b e e s bt e smeeemees 16
Safety, Ethical and Environmental Considerations........ccuuiiieiiiiiiiiiee et ree e e 20
Y (=AY e T 1 e LT = 14 Lo o PP 20
Ethical CoNSIAEIATIONS. ... eiiiieiieei e sttt et b e b e sbe e st e st e et e e b e e saeesaeeeaees 20
Environmental CoNSIderations. ........coiiiiiiiiieiieeeeereerte ettt sttt sttt b e b st saeeenne s 20
D11 o{ U1 o o PSPPSR 20
oo T oY o | Tol AN 0 = 1YL LR 21
CONCIUSION .ttt ettt e s bt e e bt e e s st e e s bt e e sabeesabeeebbeesabeeesbeesabeesabeeesabeesabeeenbeesabaeenareenn 23
REFEIBINCES .ttt b ettt e b e et e s bt e s he e s at e s bt et e e bt e sbe e saeesateea b e e beesbeesaeesatesabeenbeenbes 24
F YT o1<] o Vo L U 26

Page 2 of 31



Table of Figures

Figure 1: three types of ANC NN: feedback (FB), feedforward (FF), and hybrid Feedback-feedforward
(HFF). Circuitry of all of which aim to produce deconstructive interfering waves to cancel unwanted
Lol oYU K ol o g = | K= A= 10 e [ =Y o ol TR SRR 7
Figure 2: Ansys simulation of vibroacoustic waves at 1000 Hz coupling from a simple loudspeaker
through air into a planar window (1/8-inch thickness) with fixed edges. An excitation frequency of 0.5

N/mA2 is applied fOr the lOUASPEAKEN. .....cc.vei ettt ettt et et eae e et e eeateeeteeeeneeas 7
Figure 3: SISO ANC visualized as a single layer neural NetWOIK. .......cccceeiiiiieiiiiiie e 8
Figure 4: Diagram of the FXLMS algorithm with arrows representing how information flows throughout

L8 TSNV =L 1 1SR PP 9
Figure 5: Diagram depicting how weights are updated during each frame. The red curve is the error
signal, while the black curve is either the filtered sine or cosine reference functions. .........ccccceceevveeennneee. 9
Figure 6: Gantt chart for the project showing each stage and its corresponding duration. ...................... 10

Figure 7: Diagram of the physical setup for a single tone ANC system using the Block-FXLMS algorithm.
The setup uses two speakers and one microphone, with a USB soundcard acting as an ADC and DAC.

The laptop runs Python code to implement the signal processing. .......ccccvveeeiiiiieecciiee e 11
Figure 8: Physical setup of experiment. This includes the sound chamber to mitigate outside noise, an

input for the disturbance speaker as well as the computer to run Block-FxLMS algorithm. ..................... 11
Figure 9: Inside the sound chamber and all components acting to achieve active noise cancelling. ........ 12

Figure 10: Error microphone signal over time plotted in python. Data captured using a standard frame
rate of 44100 fps, signal phase is shifted by 1 frame every second. Phase changes are visible but difficult
to discern due to frequency drift in the error MicrophoNe. .........coocciiii i 13
Figure 11: Error microphone signal over time measured in frames. Taken again at a standard frame rate
of 44100, this time using Bose Loudspeakers. Areas of destructive interference are observed during
frame counts of 300000, 650000, and 1000000...........ccceetiiiiiiiiiieeeeieeeeeeeeeeeeee ettt e e e e e e e e e e e e e e e e e e e aeaeees 13
Figure 12: Calculated transfer function for the first trial run plotted in python. The blue curve is the
digital signal the speaker is commanded to output, while the red curve is the signal the error

microphone reads. Note, for this trial these signals are roughly in phase. .......cccccceeeiiiiiiciieeecccieee e, 14
Figure 13: Calculated transfer function for the second trial run. Note, these curves are now out of

o] g F= T =TS US 14
Figure 14: Normal distribution fit to the phase change data of the secondary path transfer function for
20 trials. X axis is phase change between the output sound and the error microphone signal................ 15

Figure 15: ANC example 1 plotted in python. Red and blue signals denote the error microphone and
output sound signal respectively. Time is on the x axis in units of frames, taken at a standard frame rate
Lo 0 USRS 16
Figure 16: Initial vs Steady state amplitude comparison for ANC example 1 (top graph) visualized in
MATLAB's signal analyzer. Fourier transformed signal with an applied bandpass filter between 450 and
600 Hz (bottom graph). A cursor identifies the 528 signal and the decibel drop between initial and final

L 101 01U PP PUPPPPPT 17
Figure 17: ANC example 2 at 528 Hz with a doubled frame size, creating smoother responses. Red and
blue curves represent the error microphone and output signal respectively........ccccocoveiieiiieeccciiee e, 17

Figure 18: Initial vs Steady state amplitude comparison for ANC example 2 (top graph) visualized in
MATLAB's signal analyzer. Fourier transformed signal with an applied bandpass filter between 450 and
10 [0l o PN (oYY uuoT o a1 ={ =1 ] 1) RSP 18

Page 3 of 31



Figure 19: Multitone noise cancellation at 528 Hz and 392 Hz over a 10 second sample. The red and blue
curves denote the error microphone and speaker output signal respectively. ......cccccceeeiieecciiiieeeeeeieenns 18
Figure 20: Initial vs Steady state amplitude comparison for multitone ANC (top graph) visualized in
MATLAB's signal analyzer. Fourier transformed signal with an applied bandpass filter between 300 and
600 Hz (bottom graph). Two cursors identify the 528 and 392 Hz signals and the decibel drop between

[alid L o Te N A1 a Y=Y o TV o o 11 PSSR 19
Figure 21: Pie chart of product expenditure as related to total provided budget of $1000...................... 22
Figure 22: Setup code to import all libraries and check which input and output indices to use when
plugged into the SOUNACAId. .......ccuiiiiiec e e e e e e e e e sb e e e e s abre e e e sabeeeeesanees 26
Figure 23: Parameters for the ANC code including secondary path measurement and noise cancelling.
Note that this is for two tone canCellation. .........ociiiiiiiiiiii et 27

Figure 24: Main method that opens the audio stream and sets up a delay of 20 seconds to perform the
secondary path measurement and noise cancelling. After the delay, the error signal and output signal

T <o (o) =T e PRSP SP 27
Figure 25: For the first 100 frames, the transfer function is measured. ..........ccccceeevciiiiecciiee e, 28
Figure 26: After measuring, take one frame to calculate the transfer function and save it to a file. ........ 28
Figure 27: 100 frames of delay to start the disturbance signal, then the remaining frames are used to

cancel the two-tone signal. The main method is called at the end of the code..........cccceeeecririecrinennene. 29
Figure 28: FXLMS simulations for a constant frequency and a periodically increasing frequency............. 30

Table Of Tables

Table 1: Table comparing initial goals to achieved g0als......cccccoecuiiiiiiiii e 19
Table 2: Table outlining a breakdown of costs during the project and total expenditure......................... 21
Table 3: Table outlining a breakdown of product COSt......ccuuiiiiiiiiiice e 22

Page 4 of 31



Introduction

Motivation

The adverse health effects of noise pollution range from disturbance of rest and sleep to noise-induced
hearing impairment, which is globally “the most prevalent irreversible occupational hazard” and affects
millions of people daily [1]. With an increase in urban living density, the number of residential homes
exposed to noise pollution has significantly increased, from sources such as highway or airport traffic noise

[2].

This raises the engineering question of “how can we effectively mitigate noise pollution in residential
areas?” One avenue is investigating the architectural properties of these residential buildings. Many
residential buildings are constructed with materials such as wood, brick, and drywall which have strong
sound dampening properties [3]. Comparatively, glass windows are poor insulators of low frequency
ambient noise, creating a pathway for noise pollution [4].

This project will focus on solving this engineering challenge, specifically investigating how noise can be
reduced through windows as a pathway.

Key stakeholders have been identified as (1) Businesses that require quiet environments, (2) Users of noisy
public spaces, (3) Individuals with sensory issues, and (4) Educational institutions.

Background Research

Conventional methods for noise controlling involve passive systems, including noise absorption or
attenuation, like fiberglass ceiling panels or double-pane windows, others include noise baffles like sound-
deflecting highway barriers [5]. However, while these are comparatively well explored, the team
investigated an alternative to these solutions — active noise cancellation (ANC).

The premise of ANC was first investigated in 1933 by Paul Lueg, who patented the theory of using phase-
advancing waves to cancel sinusoidal tones in ducts and inverting polarity to cancel sounds around a
loudspeaker [6]. However, this remained theoretical at the time, given the lack of suitably sensitive
equipment. From there advancements on the technology were completed by the Air Force Research
Laboratory which focused on hearing conservation and protection for pilots, and later Bose released
working prototypes for acoustic noise cancelling headphones [7].

Recent developments in noise control have investigated the use of piezoelectric devices operating as
sensors and as actuators in active noise control systems. An example of such design includes the use of
an array of piezoelectric actuators positioned on the inner surface of a jet engine inlet cylinder to provide
an interfering noise field [8].

Scope
The time allocated for the project was 13 weeks, with a budget of $1000. Given these constraints it is
necessary to appropriately scope out the project’s mission and specific goals.

The project mission is to detect, analyze, and invert high nuisance outdoor noise to destructively reduce
unwanted noise. Initially this was to be achieved by analyzing sounds incident on a closed window and
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generating a destructively interfering signal using a transducer. This was later realigned to focus on open-
air noise cancellation, achieved through a microphone and speaker setup.

Below is a list of quantifiable and measurable objectives for the product to achieve. The success of which
will be discussed in the Final Product Results section.

A minimum viable product will aim to:

1. Reduce the intensity of a single-tone signal in the frequency range of a human voice (50 — 3000
Hz) by a minimum 1dB, a rough estimate of the sound reduction provided by switching a single
pane window to a double pane window [9]

A final product will aim to do the above, as well as:

1. Reduce the intensity of multi-tone signal, with frequencies taken in the frequency range of a
human voice (50 — 3000 Hz), by a minimum 1dB

2. Reduce a sine swept signal ranging from 100Hz to 2000Hz by a minimum of 1dB

White noise cancellation by 1dB

4. Reach “steady state” within 1 second

w

Design Decisions

Types of Active Noise Control (ANC)

There are two main ANC methodologies, feedback (FB) and feedforward (FF) control. For feedback ANC,
the microphone is placed behind the source and anti-noise speaker, picking up a superposition of both
signals. This net signal is then processed by an algorithm that inverts the source noise’s phase which is
sent to the anti-noise speaker, ideally creating a silence zone at the microphone’s location. Any failure of
the system will result in noise recorded at the microphone which is why this noise is hence referred to as
the error signal. This means that feedback systems have high response latency but can fine tune their
operation for maximum cancellation of the source noise as the signal approaches the steady state.

For feedforward ANC, the microphone is placed between the noise source and anti-noise speaker,
receiving only the source signal. The source signal is then inverted by the algorithm and sent to the anti-
noise speaker to destructively interfere in the same way as feedback ANC. Feedforward ANC has the
capability to adapt to changes in the source noise, before the system sends the anti-noise to the area of
interest, allowing for time variant control. This does mean that feedforward systems cannot measure the
noise at the area of interest, meaning miscalibration or other errors in processing cannot be detected. As
such, feedforward ANC works best in controlled environments with fewer well defined noise sources. If
the sources of noise are arranged too diversely the performance of a feedforward ANC deteriorates due
to the various geometries and direction of the acoustic sources creating unknown dephasing between the
reference microphone and area of interest [9].

The hybrid feedback-feedforward (HFF) adaptive system uses two microphones to measure both the
source signal and error signal [10]. HFF is highly accurate, yet the system is more costly and complicated
than the other two ANC methods. All ANC design options are summarized in Figure 1.
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Figure 1: three types of ANC NN: feedback (FB), feedforward (FF), and hybrid Feedback-feedforward (HFF). Circuitry of all of
which aim to produce deconstructive interfering waves to cancel unwanted acoustic signals at audience.

In-Pane and Open-Air ANC

Windows are the most significant source of unwanted noise for domestic residents [10]. As such, the
initially proposed device would cancel vibrations using a window as the medium for sound propagation.
Testing was performed with some small piezoelectric transducers using a speaker to vibrate the window,
but measurements taken with an Arduino compared to an oscilloscope did not match because the
transducers were not sensitive enough to make accurate detections.

Figure 2: Ansys simulation of vibroacoustic waves at 1000 Hz coupling from a simple loudspeaker through air into a planar
window (1/8-inch thickness) with fixed edges. An excitation frequency of 0.5 N/m*2 is applied for the loudspeaker.

To determine the feasibility of measuring the vibrations of a planar window, an Ansys simulation
modelling the vibroacoustic coupling from soundwaves produced by a conical speaker unit into a window
through the air was developed. This simulation was designed to determine the degree of deformation
and mode shape of the window assuming clamped edges. The simulation results using excitation
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frequencies from 100 to 1000 Hz developed a maximum window displacement on the nanometer scale
(7 nm). This simulation proved that the piezoelectric transducers available in the lab would be insufficient
for detecting such small vibrations. As such, the scope was adjusted to focus on open-air noise
cancellation using microphones and speakers.

The FxLMS Algorithm

Modern ANC systems use digital signal processing algorithms to measure a disturbance signal and
adaptively generate a destructively interfering output signal [11]. One of the most common algorithms is
the Filtered-x Least Mean Squares (FXLMS), which uses a simple neural network for feedback ANC. The
algorithm assumes one microphone measures the total noise, which is the error signal, while two speakers
produce the disturbance and anti-noise signals. While the disturbance is on, a vector of length L holds the
previous L error samples, which are multiplied by a set of weight values to generate the next anti-noise
sample. The weights are adjusted with gradient descent to minimize the error signal, and the cycle repeats
[12]. Due to hardware delay, the team decided to implement the Block-FxLMS algorithm instead, which
processes and outputs data in N-sample frames.

An important consideration for the FxLMS algorithm is the secondary path, which is the physical path
between the anti-noise speaker and the microphone. When anti-noise is played through the speaker, the
microphone picks up a signal that is slightly quieter and out of phase with the initial signal. To obtain
destructive interference at the microphone, this amplitude and phase difference must be accounted for
in the anti-noise output [12].

For this project, the minimum viable product is an ANC system capable of cancelling a single known
frequency. Inthis case, the feedforward neural network is modified slightly. For each frame of error data,
a reference sine and cosine function are generated and filtered through the secondary path before
updating the weights with equation (1). Then, these new weights are used to generate the next frame of
anti-noise data using according to equation (2). This type of control is called sine-in-sine-out (SISO) ANC
since the inputs and outputs are always pure sinusoids, as seen in Figure 3.

Wo
/\/ sin(2nfx) ——» O\.
—— y=WO0sin(2nfx) + W1 cos(2nfx)
\/ cos(2nfx) — Q/

w1

Figure 3: SISO ANC visualized as a single layer neural network.

In the following equations, W is the weight vector, e is the error data, x is the reference vector, x’ is the
filtered reference vector, y is the anti-noise data, and a is an adjustable learning rate. The weight vector
has two components, while the reference vector and filtered reference vector have two rows which are
the sine and cosine function values for the given data frame. The error and anti-noise are both one frame
of signal data.
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Multiplying the error data by the filtered reference sine and cosine and summing up the resulting vectors
gives a value that represents how in phase or out of phase the signals are. For example, a large positive
value occurs if the error is in phase with the filtered sine function, meaning the weight coefficient of the
sine function should decrease. A large negative value occurs if the error is out of phase with the filtered
sine function, meaning the weight coefficient should increase. This method quickly finds the desired
phase of the anti-noise signal. A diagram of the Block-FxLMS algorithm is shown below in Figure 4, with
the weight update method shown in Figure 5.

x(n) W(n) = y(n)

o S

¥

FXLMS ¢ e(n)

x'(n)

Figure 4: Diagram of the FxLMS algorithm with arrows representing how information flows throughout the system.

Out of phase
XMW )
e —  Negative number
In Phase
X 2
— —— »  Positive number

Figure 5: Diagram depicting how weights are updated during each frame. The red curve is the error signal, while the black curve
is either the filtered sine or cosine reference functions.

To filter the reference sine and cosine functions, the transfer function can be expressed in real and
imaginary parts and then multiplied by the reference signal as in equation (3). Multiplying by an imaginary
number is equivalent to a phase shift to the left by 90 degrees, so sine becomes cosine and cosine
becomes negative sine according to equation (4) [13].

x'(n) = [Re(H) + i(Im(H))]%(n) (3)
isin(x) = cos(x),icos(x) = —sin(x) 4)
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Other ANC algorithms exist but are generally more complicated to implement, such as the linear system
of phasors algorithm (LSP) [12] or the recursive least mean squares (RLMS) [14].

Methodology

A Gantt chart showing the stages of project development is shown below in Figure 6.

STAGE

|W2 W3 W4 W5 RBE WE W7 WB W9 WI10WI11 W12 W13

Proposal

TWQ A3 Proposals
Revised Proposal

Design v1: Prototype

Prototyping
Integration

Preparing
Working

Deadiine
Test vl i
Design + Build Update
Design v2: MVP
MVP
Integraticn
Testv2
MVP Demo + Presentation
Refining: Complete
Build Tweaks
Written Report
Oral Presentation

% Stage in Progress

Figure 6: Gantt chart for the project showing each stage and its corresponding duration.

Physical Implementation

A flow chart of the full operational system including all hardware and software components can be seen
in Figure 7. The microphone and both speakers were housed in a sound chamber with foam insulation to
absorb reflections and minimize noise pollution during testing. Pictures of the chamber are shown below
in Figure 8 and the inside in Figure 9.
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Figure 7: Diagram of the physical setup for a single tone ANC system using the Block-FxLMS algorithm. The setup uses two
speakers and one microphone, with a USB soundcard acting as an ADC and DAC. The laptop runs Python code to implement the

Sound
Chamberty

signal processing.

(

Input ; | '

"

X \

Moise

Python Code

Figure 8: Physical setup of experiment. This includes the sound chamber to mitigate outside noise, an input for the disturbance
speaker as well as the computer to run Block-FxLMS algorithm.
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Distarbance

Speaker

Figure 9: Inside the sound chamber and all components acting to achieve active noise cancelling.

Testing and Iteration

Speaker Troubleshooting

The experimentation of open-air noise control began with testing ANC algorithms using 2 Bose color sound
link portable speakers, to no success. By performing a controlled test unrelated to the cancelling
algorithm, the team was able to determine that the speakers had a non-linear frequency drift. The test
setup consisted of playing a noisy single tone signal (528 Hz) through both speakers, and systematically
altering the phase of one signal at even time intervals. If the signals are outputting the same frequency,
the phase change (performed computationally by skipping frames) should iterate through regions of
constructive and destructive interference. Initial testing with the portable speakers is seen in Figure 10.
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Phase Changing with 2 Speakers at the Same Frequency

02 -
@
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Figure 10: Error microphone signal over time plotted in python. Data captured using a standard frame rate of 44100 fps, signal
phase is shifted by 1 frame every second. Phase changes are visible but difficult to discern due to frequency drift in the error
microphone.

After analyzing the data in Figure 10, the team determined that the speakers must be at fault. New Bose
loudspeakers were acquired, and when performing the same test again found results which matched

theory well.

Phase Changing with 2 Speakers at the Same Frequency

0.08
0.06 1
0.04 1

0.02 4

Sound Amplitude

0.00 1
-0.02 1
-0.04 1

-0.06 1

-0.08 *— T T T T r T
0.0 02 04 0.6 08 10 12

Sample

Figure 11: Error microphone signal over time measured in frames. Taken again at a standard frame rate of 44100, this time
using Bose Loudspeakers. Areas of destructive interference are observed during frame counts of 300000, 650000, and 1000000.

Distinct areas of destructive and constructive interference are observed in the new data, validating the
hypothesis that the ANC algorithm was initially unsuccessful due to hardware inaccuracies.
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Diagnosing Secondary Path Error

Initial success came with cancelling a single tone 528 Hz signal after changing speakers, however results
were inconsistent. Individual trials experienced variable success, some interfering destructively, but only
to a mild extent, while others interfered constructively. This was due to transfer function variations

between trials.

Responses to a Single Frequency with Different Audio Streams

= (Caontrol Signal
04” ﬂ n ” ﬂ ﬂ ﬂ n—kes;:nsegSmnal
302
s . . ANNNNNANNNNNN
< fTMMMMMMMMMM M
.§—0.2

SRR AN

200000 200200 200400 200600 200800 201000
Sample

Figure 12: Calculated transfer function for the first trial run plotted in python. The blue curve is the digital signal the speaker is
commanded to output, while the red curve is the signal the error microphone reads. Note, for this trial these signals are roughly
in phase.

Responses to a Single Frequency with Different Audio Streams

G-

§ 0.2 1
R AVAVAVAVAVATAVAVAYATAUAL
I |

SIRARRRAARR

300000 300200 300400 300600 300800 301000
Sample

Figure 13: Calculated transfer function for the second trial run. Note, these curves are now out of phase.

Theoretically, the transfer function for a given speaker position should not change. This is because the
physical distance through which sound propagates, and their nature as spherical harmonic pressure
waves, is consistent. As observed in Figure 12 and Figure 13, this was not the case. It was hypothesized
that when initiating an audio stream, there is some variable start-up delay between when the speaker is
commanded to play and when the anti-noise begins playing. As a result, the transfer function’s phase
varies by as much as 360 degrees between trial runs.
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20 sample transfer functions were measured, with the expectation that the phase data would fit a normal
distribution around some central region. The data, however, does not support this claim as the phase
change varies by as much as 360 degrees and possess 2 local maximums around 150 and 300 degrees as
can be seen in Figure 14.

<107

T
— Phase Emor Data
= Normal Fit

s -

: AN
| // N

1 1 L 1 1
0 50 100 150 200 250 300
Transfer Function Phase [Deg]

Figure 14: Normal distribution fit to the phase change data of the secondary path transfer function for 20 trials. X axis is phase
change between the output sound and the error microphone signal.

Fixing this issue required amalgamating existing sets of code so the transfer function and ANC algorithm
could play on the same audio stream. This proved successful and results became consistent. Figure 15
shows a successful ANC trial with noise diminishing over 15 seconds.
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Final Product Results
Error Microphone Noise vs. Anti-Noise Output at 528 Hz

02
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) == Error Signal

0 100000 200000 300000 400000 500000 600000
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Figure 15: ANC example 1 plotted in python. Red and blue signals denote the error microphone and output sound signal
respectively. Time is on the x axis in units of frames, taken at a standard frame rate of 44100.

Steady state is never completely reached due to variations in error signal amplitude. Data between the
beginning and end of the error signal is analyzed in Figure 16, showing a 28.4 decibel decrease between
the 2 regions of interest, on a voltage scale. This translates to a 96% reduction in noise amplitude
according to equation (5). Of note is that this noise reduction is measured in the frequency domain for a
distinct value, not the overall noise level which is higher due to ambient lab sound and variable frequency

responses in the speaker.

Ve
ngain = 20log;o final 5)
Vinitial
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Figure 16: Initial vs Steady state amplitude comparison for ANC example 1 (top graph) visualized in MATLAB’s signal analyzer.
Fourier transformed signal with an applied bandpass filter between 450 and 600 Hz (bottom graph). A cursor identifies the 528
signal and the decibel drop between initial and final output.

Results for a secondary trial run with a doubled frame size (2048) are seen in Figure 17 and Figure 18.
Similar results are produced with a notably smoother curve, but longer time requirements to reach a
steady state. The noise reduction is measured at -25.4 dB, equivalent to a 95% amplitude reduction at

steady state.
Error Microphone Noise vs. Anti-Noise Output at 528 Hz
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Figure 17: ANC example 2 at 528 Hz with a doubled frame size, creating smoother responses. Red and blue curves represent the
error microphone and output signal respectively.
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Figure 18: Initial vs Steady state amplitude comparison for ANC example 2 (top graph) visualized in MATLAB’s signal analyzer.
Fourier transformed signal with an applied bandpass filter between 450 and 600 Hz (bottom graph).

The final testing phase comprised adjusting the code to include multitone noise. Frequencies at 528 and
392 Hz were cancelled using the updated algorithm to a lesser extent than single tone noise. Figure 19
plots the multitone noise over time for a 10 second sample while Figure 20 shows the frequency
component reduction between the beginning and end of the signal. The noise reduction is not consistent
between either frequency. The 392 Hz and 528 Hz signals experienced a -10.9 dB and -1.9 dB reduction
respectively.

| = anti-Noise
075 { — Error Signal
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0.25 A
0.00 A

-0.25 A
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-0.75 1

=1.00 -
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Figure 19: Multitone noise cancellation at 528 Hz and 392 Hz over a 10 second sample. The red and blue curves denote the error
microphone and speaker output signal respectively.
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Figure 20: Initial vs Steady state amplitude comparison for multitone ANC (top graph) visualized in MATLAB’s signal analyzer.
Fourier transformed signal with an applied bandpass filter between 300 and 600 Hz (bottom graph). Two cursors identify the
528 and 392 Hz signals and the decibel drop between initial and final output.

The final product successfully achieved 3 out of the 6 revised project outcomes, including the cancellation
of single and multitone noise by more than 1 dB and implementation of an automatic frequency finder.
The current code base could be expanded to reach steady state in a lower time frame with minor
adjustments. Incomplete objectives include the cancellation of white noise and a sine swept signal as

these objectives would require the implementation of a feedforward microphone due to their time
dependent variations.

Table 1: Table comparing initial goals to achieved goals

Single tone steady state cancellation
of 1dB or 20% (power scale)

Multitone cancellation of 1dB

Automated Frequency Finder

White noise cancellation by 1dB

Reach steady state within 1 second.

Sinusoidal sweep noise control by 1 dB
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Safety, Ethical and Environmental Considerations

When performing an experiment safety is paramount, but ethical and environmental considerations are
major factors that must be accounted for to ensure a holistically beneficial process.

Safety Considerations

The main safety concerns during this project were the construction and transport of the sound chamber,
the use of electric devices, and prolonged exposure to loud noises. To fabricate the sound chamber power
tools and woodworking machines were used. To ensure sufficient safety the team went through a
machine shop training module before use and always wore the appropriate protective equipment, such
as eyewear and steel toed boots. Electrical hazards are always present when handling electrical
equipment. In this project the only exposure to electrical hazards were low current well insulated
connections used in food and drink prohibited areas. This well controlled environment and the team's
prioritization of cable management created a very low electrical risk. Finally, due to the nature of the
project, experimentation consisted of extended loud noises, which can cause damage to one’s hearing
[15]. As a safety precaution and, the sound chamber constructed for the initial in-pane cancellation was
repurposed and further insulated to contain the experimental setup, dampening the noise reaching
experimenters and others nearby.

Ethical Considerations

Even with the implementation of the sound chamber to reduce noise from experiments, the noise
produced by the team was unfair to others in the same environment. The steady high frequency noises
could cause irritation and distraction while they worked on their own projects [16]. To ameliorate this
the team relocated the experimental setup to a more private location where any noise pollution would
be far removed from other students.

Environmental Considerations

The largest environmental cost of this project was undoubtedly the manufacture and transportation of
components ordered online. The team attempted to minimize this, but components for the initial in-pane
noise cancellation method were ordered before the change in scope to open air cancellation. These
piezoelectric parts became useless for the project, creating unnecessary environmental strain which is
worsened by the fact that they may not be used much by other students in the future.

Discussion

The system was able to autonomously identify and reduce steady single discrete frequency noise by 28dB
in roughly 10 seconds, overshooting initial expectations for noise reduction. Proof of concept was
achieved for multi tone noise cancellation, but performance was inconsistent between the cancelled
frequencies suggesting further iteration is necessary. This level of functionality achieved three of the six
goals set out at the start of the design process. The goals that were not met were white noise cancellation,
1 second cancellation time, and the cancellation of a frequency sine sweep. White noise was not cancelled
because the code can only handle discrete frequencies, not a continuous spectrum of frequencies as is
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found in white noise; the cancellation time was not reduced below 1 second due to poor saturation control
leading to errors in the anti-noise signal if the learning rate got too high; and the sine sweep was not
cancelled because the change in scope to open air noise control led to implementing a soundboard that
did not have the number of ports necessary for hybrid feedback/forward control. All these goals are
implementable with the current system but could not be completed withing the time constraints of the
semester.

Additionally, there were several unforeseen limitations to the system, such as high sensitivity to noise
external to the source signal and an unstable transfer function. The external noise sensitivity was
problematic because conversation level noise near the sound chamber could lead to reduced cancellation
efficacy or even amplification. To address this noise was carefully controlled during experimentation, but
this is unrealistic in a real-world application. Furthermore, the variable error in the transfer function
mandated a short period of source silence to calibrate the secondary path before every cancellation cycle,
a process which is impractical for a final product as there will be no control over the source noise outside
of the testing environment. A currently undefined contributor to system error is the frequency finding
function used to identify noise for cancellation. Without high precision equipment the exact difference
between the calculated and real frequencies of the source noise was not quantified, which could have
been a significant contributor to error especially later in cancellation cycles when dephasing would be
greatest.

Economic Analysis

This project was given a budget of one thousand dollars ($1000) to be completed and was completed
under budget at a total cost of $423.91 for all actual expenditures. Of the $424 spent, actual project
expenditures were equipment and experimental testing based, with 13% being spent on prototyping
parts, 21% on the experimental setup, and 66% on the final design. Labour cost has not been accounted
for in this number, though an approximate 624 hours (8 hours a week for 13 weeks, for 6 individuals) was
spent on the project. A high-level budget of project expenditure can be found in Table 2 below. A pie
chart of project expenditure of total budget given can be found in Figure 21 below.

Table 2: Table outlining a breakdown of costs during the project and total expenditure

1 |Sound Proof Foam x3 5  B9.97
2 Focusrite Scarlett 2i2 5 281.37
3 Piezoelectrics Sensors x5 5  13.79
4  |ADC 5 27.74
3 |DAC 5 11.04
TOTAL SPEMT DURIMG PROJECT (incl. HST) S 423.01
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Figure 21: Pie chart of product expenditure as related to total provided budget of S1000

13% of spent budget went towards purchasing DAC and ADCs necessary for investigating the use of
Piezoelectric sensors as an interface. As discussed in Design Decisions, the purchased equipment was
found to be too ineffective for the desired purpose. Upon investigation, acquiring suitable equipment
would have been out of the projects allocated budget. These purchases can still be considered essential
and worthwhile as they allowed for quantifiable demonstration that the initial solution was ineffective,
which would not have been possible without the equipment.

For the product itself, equipment such as microphones and speakers were sourced at no cost to the team.
To recreate a product identical to the team’s would cost an estimated $940, not including a computer to
run the code. However, the product could realistically be designed and produced more cheaply
considering the product functionally only requires: one microphone, one speaker, and hardware to
interface and run python code. A high-level breakdown of equipment and associated estimated cost can
be found in Table 3 below.

Table 3: Table outlining a breakdown of product cost

1 Focusrite Scarlett 2i2 5 281.37
2 |Rode Microphones 5 259.00
3 |Bose Speakers 5 400.00
TOTAL COST OF PRODUCT 5 940.37

The product is currently not market viable, considering the narrow use case, unreliability of product, and
expensive product parts. To bring this product to market would require further development time and
expenditure to become competitive with existing products such as ANC headphones and equipment
testing to procure suitable and inexpensive microphone and speakers. To list two potential opportunities,
this product could be realised as a software solution for customers and businesses to run on already
owned microphones and speakers, or alternatively, sold as a pre-integrated product requiring minimal
user setup, including selected equipment. To date, there are no identical products on the market for
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open-air noise cancellation, however, noise cancelling devices such as ANC headphones on market cost in
the range of $100 - $400 and have become widely accepted by consumers worldwide.

Conclusion

The team began the project by aiming to create a vibroacoustic noise cancelling device to reduce the
transmission of sound through a windowpane as a partial solution to the adverse effects of noise pollution
on civilian life. As this initial aim was found to be unrealistic given the constraints on the project, the team
pivoted to open air noise control. The final design was able to achieve the minimum viable goal of the
project by identifying and reducing steady, discrete, and multi-tone noise by more than 1dB.

Despite this success, the system requires substantial improvement before it satisfies all initial goals. In a
real-world application, the noise targeted by the system will be time-variant over a continuous frequency
spectrum and signal processing will need to occur on the timescale of 10s of milliseconds.

Next steps to improve on the systems design include:

1. Upgrading the system to time-variant control by replacing the soundcard with an ADC/DAC unit
with three ports instead of two. This is to accommodate the additional microphone necessary for
feedforward control. This reference microphone will extract incoming noise to be processed and
be outputted as anti-noise before passing the anti-noise to the speaker, enabling dynamic control.

2. Reducing the processing time of the system, likely by implementing the algorithm on a custom
PCB (which could include the ADC/DAC ports mentioned previously).

3. Eliminating the variable phase delay observed in the experimentally recorded transfer functions
of the system. Likely to be achieved with custom hardware, allowing for high precision calibration
of the transfer function during setup to be used for every subsequent operation, instead of the
current recalibration necessary before each cancellation process.

4. Improving the code for continuous frequency spectrum cancellation. Implementing a frequency
finding function is compatible with the currently employed FxLMS algorithm, though will require
alterations to the information encoding system currently in place.

These improvements address the start of the necessary changes to achieve commercially viable
functionality. The remaining challenges would also include packaging, fabricating, and marketing the
system into a cohesive easily installable product.
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Appendix

pyaudio
wave
time

numpy np

matplotlib
scipy.
soundcard

speakers = sc.
(speakers)

default_speaker

(default_speaker)

mics = sc.
(mics)

default_mic = sc.
(default_mic)

sc.
one_mic = sc.

p - pyaudio.

info = p.

numdevices = info.
(numdevices)

pyplot
sig

plt

Figure 22: Setup code to import all libraries and check which input and output indices to use when plugged into the soundcard.
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CHUNK

FORMAT = pyaudio.
CHANNELS 1

RATE 441ee

p = pyaudio. 0

NumFreqgs 2
X=np. (©,CHUNK, 1)

response_frames - np. ([n
control_frames = np. ([

control_frames = np.
count e

frames = np. (D
output = np. (CHUNK)

outputs = np. ([n
response - np. (CHUNK)
responses - np. ([

normal_cutoff = 5

((4,1))

(control_frames, np.

(CHUNK))
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b, a - sig. (6, normal_cutoff, btype

high', analog

Figure 23: Parameters for the ANC code including secondary path measurement and noise cancelling. Note that this is for two

QO:

stream

stream.

tone cancellation.

p- FORMAT,
channels-CHANNELS,
rate-RATE,
output b

)
input_device_index = 1,
output_device index = 4,
frames_per_buffer-CHUNK,
stream_callback-callback)

0

stream. ():
time. (
stream. (§)

stream.

numpydata = np.

numpydatal = np.

plt.
plt.
plt.
plt.
plt.
plt.
plt.
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Figure 24: Main method that opens the audio stream and sets up a delay of 20 seconds to perform the secondary path
measurement and noise cancelling. After the delay, the error signal and output signal are plotted.
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(in_data, frame_count, time_info, flag):
response_frames, control_frames, output_sin, frames, outputs, responses, x, count, S, Fregs

input_audio - in_data

(count < 1

response_frames = np. (response_frames, np. (input_audio, dtype=np.
output_sin = © (np.sin(2*np. 2%(1/RATE)*x)+np.sin(2*np. 8%(1/RATE)“x))
X = X+CHUNK

output_audio - output_sin
control_frames = np. (control_frames, output_audio)

count - count
y_out - output_audio

Figure 25: For the first 100 frames, the transfer function is measured.

(count

input_audio - in_data
y_out = np. (CHUNK)

[f,sXY] = sig. (control_frames, response_frames, fs=RATE, window='hanning', nperseg-nfft, noverlap=nfft/2, nfft=nfft)
[f,sXX] = sig. (control_frames, fs-RATE, window-'hanning', nperseg-nfft, noverlap-nfft/2, nfft-nfft)

Freqs - FreqFinder(response_frames[-5“CHUNK:-1], NumFreqs - NumFregs)
Fregs = np. (Fregs)
S = np. ((len(Fregs), 2))

i (len(Fregs)):

index = (np.abs(f-Freqs[i])).

s[i][e] = np. (H[index])

S[i][1] = np. (H[index])

np. 'Filter. ., S)
count count 1

Figure 26: After measuring, take one frame to calculate the transfer function and save it to a file.
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{count

y_out = np. (CHUNK)

count count 1

error = input audio
frames = np.
errorData = sig.

x_reference sin@
x_reference cos@

x_reference_sinl
x_reference cosl
x = x+CHUNK

filtered sin@
filtered_cos@
filtered sinl
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(b, a, np.
(2
(2

@
(2

(error, np. ))
(error, dtype=np.
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0]*x_reference cosl
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S[1][1]*x_reference cosl
S[1][1]*x_reference sinl

(LR) *np. {errorData“filtered_sin@)
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(errorData
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x_sin_next@ _sin(
x_cos_next® _cos(

x_sin_nextl _sin(
x_cos_nextl _cos{

output = W[@]*x_sin_next®

outputs np.
y_out = output

(y_out. (np.

2¢np. (1/RATE)
2¢np. (1/RATE)

2np. (1/RATE)
2+np.pi*528+(1/RATE)

(outputs, output.

x)
x)

x)
x)

W[1]*x cos_next® + W[2]*x_sin_nextl + W[3]*x cos_nextl

(np. ))

(), pyaudio.

Figure 27: 100 frames of delay to start the disturbance signal, then the remaining frames are used to cancel the two-tone signal.

The main method is called at the end of the code.
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Figure 28: FxLMS simulations for a constant frequency and a periodically increasing frequency.

All code can be downloaded from the following GitHub repository:
https://github.com/MatthewBoxer/SISO-Active-Noise-Controller
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