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ABSTRACT: Hearing loss can be caused by multiple factors, such as genetics, aging, or exposure to noise or infections. It 
can contribute to the onset of depression and anxiety and was identified as an area of emerging research, particularly in its 
application to children. This study demonstrates the use of programming methodology and novel mathematical derivations to 
improve hearing aid functionality. 

In Year One of the research, a method was developed to localize environmental sound. An audio sample was played from a fixed 
position and recorded using four microphones. Recordings were compared by cross-correlation, yielding the calculated position of 
sound origin, and compared to actual origin. Then FFT-IFFT technique removed high-frequency noise. Analysis of data revealed 
most sounds were found within a 40-degree angle of error. 

In Year Two of the research, an additional method reduced ambient sound by removing object-reflected noise, interfering in 
sound localization. A formula was derived, audio input minus an error, representing object-reflected noise, and was then run using 
the Year 1 method. Results yielded data with half the margin of error as that of the Year One method, showing demonstrable 
improvement. Localization of sound, as opposed to only amplification of sound, can be a useful additional feature in hearing aids.

KEYWORDS: Engineering Mechanics; Computational Mechanics; Mathematics; Sound Localization; Noise Cancellation. 

�   Introduction
Development and improvement of auditory assistive devices 

is critical, as fifteen percent of Americans report trouble hear-
ing, and about 28.8 million American adults could benefit from 
the use of hearing aids.¹ Hearing loss can be caused by multiple 
factors, such as genetics, aging, or exposure to noise or infec-
tions.²,³ It can contribute to onset of depression and anxiety 
and was identified as an area of emerging research, particu-
larly in its application to children.²,⁴ The market for auditory 
assistive devices is continuing to expand. In particular, audio vi-
sualization devices represent an innovative way to improve life 
for the hearing impaired. Devices could be used to display the 
locations of sound sources, to show icons representing familiar 
sounds, or to convert speech to text.  

 The purpose of this project in Year Two was to reduce error 
of sound localization using auditory input data by cancelling 
“noise”, otherwise referred to as object-reflected sound, that 
amplifies ambient sound and interferes with localizing sound 
of interest from its point of origin.⁵ This project differentiates 
itself from its Year One purpose of finding ways to distinguish 
between multiple sounds occurring at the same time. Methods 
for distinguishing between sounds include the use of the am-
plitude, frequency, or other such variables help to improve the 
poor frequency resolution, one of the functional consequenc-
es of impaired hearing.⁶ Devices are already available that can 
measure the amplitude of sound waves in order to evaluate 
sounds. Thus, this project focused on frequency as an identify-
ing factor for sounds. It was hypothesized that if frequency was 
used in cross correlation of audio recordings, then the location 
of sound sources could be identified, and simultaneous sounds 
of different frequencies could be differentiated.

Sound localization refers to the ability to detect the origin of 
a sound source. Human sound localization is primarily based 
on two factors: interaural time and intensity differences.⁷,⁸ 
Sound intensity is more commonly understood and refers to 
the “loudness” or power carried by sound waves. This factor 
is used to understand the distance from which noise is being 
produced. Interaural time difference refers to the lag time be-
tween sound arrival to each ear. This subtle difference can be 
used to subconsciously calculate the angle from which sound 
is arriving. 

Other factors also play a role in creation of a usable device, 
making the process even more difficult. For example, us-
ers would need to be able to distinguish sounds of different 
frequencies from each other.¹,⁷ Multiple sounds are often pro-
duced simultaneously, and ambient noise is present in nearly 
every real-life setting.¹⁴ A device that cannot distinguish be-
tween multiple sound sources would render itself unusable by 
producing an inaccurate location for what it assumes is only 
one sound. Users of audio visualization devices would rely 
heavily upon the devices to provide cues that are essential to 
daily life. Despite the clear importance of audio visualization 
devices, development continues to be very limited. Current 
prototypes cannot provide a comprehensive analysis of noise 
and provide little aid in real-world applications.

One example of a previous prototype included sound lo-
calization and visualization through LED lights or other 
indicators.9 Instead of a screen or similar interface, this device 
used lights placed around a pair of glasses to indicate the di-
rection from which sound is coming. The simplistic nature of 
this device prevents the user from understanding other char-
acteristics of sound, including the intensity or source type. 
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Other prototypes included spectrograph and “Positional Rip-
ples” visualization of sound source locations.⁷ The “Positional 
Ripples” display was among the most user-friendly, in that it 
portrayed sound location, source type, and other such neces-
sary factors. However, each of these prototypes proved to be 
ineffective in spaces with ambient noise due to difficulty in 
distinguishing the target sound.

The purpose of this project was to find ways to distinguish 
between multiple sounds occurring at the same time. Methods 
for distinguishing between sounds include use of the ampli-
tude, frequency, or other such variables. Devices are already 
available that can measure the amplitude of sound waves in or-
der to evaluate sounds. Thus, this project focused on frequency 
as an identifying factor for sounds. It was hypothesized that 
if frequency was used in cross correlation of audio recordings, 
then the location of sound sources could be identified, and 
simultaneous sounds of different frequencies could be differ-
entiated.
�   Methods
Principles and Theory :
Cross-correlation is a method of measuring the similarity of 

two series by evaluating the displacement of one series relative 
to the other. If two series x(i) and y(i) are evaluated and i = 0, 
1, 2, … N-1, the cross-correlation r at delay d can be defined 
where mx and my are the means of the series x and y (see 
Equation 1). If r is evaluated for all delays, d = 0, 1, 2, … N-1, 
then it results in a cross-correlation series twice the length of 
the original series. 

Equation 1. Cross correlation r at delay d.

The output is a number which can be used to determine the 
difference in the distances between two microphones and the 
sound source. Using the six values returned by four shared mi-
crophones, a region with the highest probability of the source 
being in it can be approximated. 

Another technique used was the FFT-IFFT technique, 
which converts time domain audio recordings into frequency 
domain data, and then converts the data back into the original 
time domain data. 

FFT is an algorithm that computes the discrete Fourier 
transform (DFT) of a sequence, or its inverse (IDFT).⁶ The 
DFT is obtained by decomposing a sequence of values into 
components of different frequencies (see Equation 2). An 
FFT rapidly computes such transformations by factorizing the 
DFT matrix into a product of sparse (mostly zero) factors.⁶ 

Equation 2. Formula for discrete Fourier transform (DFT).

Method 1: Single Source Localization :
The first set of data was collected through single source lo-

calization methodology. Four microphones were arranged into 
a tetrahedral formation to ensure that recordings could be used 
to determine a specific point in the 3D grid. A single sound 

file was played at nine different locations (30, 60, and 90 cm 
horizontally from mics 1, 2, and 3) and captured using the four 
microphones.

From recordings captured by each microphone, the differ-
ence in time (Δtime) when the sound was captured by each 
microphone was calculated using cross correlation function 
on Matlab, similar to the use of interaural time difference in 
mammals. This Δtime was converted into Δdistance by mul-
tiplying it with sound velocity. The Δdistance was calculated 
between each set of 2 microphones (mics 1 & 2, mics 1 & 3, 
mics 1 & 4, mics 2 & 3, mics 2 & 4, and mics 3 & 4), giving a 
total of six combinations of microphones. 

The blue circles in Figure 2 represent the four microphones 
used to capture sound. The pink circles represent the three 
locations from which sound was produced. The red lines are 
examples of sound that is reflected from the wall instead of be-
ing recorded directly into the microphones. The two bold red 
lines (L2 and L3) are an example of such reflection that travels 
from Sound Source #3 to Mic #2. The angle at which the re-
flected sound (noise) is produced is represented in the figure by 
“Theta”, the angle between the sound vector that travels to the 
wall (L2) and the line vector from Sound Source #3 perpen-
dicular to the wall (H2). X represents the length of wall from 
which sound is reflected between the point of reflection to the 
point perpendicular to Sound Source #3 (H2). X is used to cal-

Figure 1: Recording environment and the position search diagram. 

Figure 2: Dimension for noise path calculation. 
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culate the remaining width of the wall (W-x), representing 
the portion of the wall that sound is reflected from, between 
points perpendicular to Mic#2 (H1) and Sound Source #3 
(H2). These values are used to calculate the difference in time, 
d(t), that reflected sound (noise) reaches the microphone after 
non-reflected sound (audio straight from Sound Source). This 
calculated noise value is subtracted from overall recording at 
each microphone to determine the real sound signal without 
noise.

The recording environment was scanned in 10-centimeter 
increments (see Figure 1). At each increment, distance between 
that point and each of the 4 microphones was calculated and 
compared to the 6 Δdistance values. If the values were equal, 
this meant that the point was a match for the sound source. 
This method shall be referred to as “Position Search” within 
the subsequent sections of this paper. 

Angle of error was determined from two vectors: first was 
the position of known sound source, and second was the posi-
tion of calculated sound source. Angles of error were charted 
for each of the 9 tested sound sources (see Figure 4).

Method 2: Noise Cancellation:
Noise was assumed to be a reflected signal from the top wall. 

One path of noise was drawn in the picture above. The dif-
ference of the noise path (L2+L3) and signal path (L1) was 
divided by sound velocity to get the time difference of the same 
sound. The same sound originated from the sound source was 
recorded in the mike through L1 or L2+L3 path. The distance 
was calculated as below. The theta is swept from -90 degree to 
+90 degree to cover the whole reflection (Figure 2).

The noise portion was accumulated from all the theta 
values. The f(Δt) means the sum of the noise elements ar-
riving after time Δt. These values decreased exponentially as 
a function of Δt (Figure 3). That means that noise is critical 
only for a certain time interval. From this, we calculated the 
real signal without noise from the measured signal/noise 
mixed recording. If we assume that only f(Δt) term is tak-
en while f(2Δt), f(3Δt), … and f(Δt)*f(Δt) terms are ignored, 

�   Results and Discussion
Accumulative noise distribution and Single sound source lo-

calization are shown in Figures 1 and 2.  The most important 
result is Trial #6, which demonstrates the maximum capability 
of Method 1, which is a proof of concept that shows that it is 
possible to get a higher degree of accuracy than the average of 
the trials indicates; however, it also demonstrates a point of 
improvement for Method 1 in narrowing the range of results 
and improving the degree of accuracy of identifying the sound 
source.

In the set of trials titled “Single Source Localization,” the 
majority of the sound source positions were found with less 
than 40-degree error (see Figure 4). This error value is quite 
low considering that the recording was done in a closed room 

Figure 3: Accumulative noise distribution. 

Figure 4: Single sound source localization. Y-axis represents angle of 
difference between actual sound source and calculated sound source. X-axis 
shows each of the nine tested sound sources. 

Figure 5: Comparison of the single source localization with original sound 
source and noise cancelled sound source. High accuracy was obtained with 
the noise cancelling technique. 
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with the potential of sound reflecting off the walls and cre-
ating high level of background noise in the recordings. Though 
more efforts should be done in future research to reduce the 
error, current results are very promising.

As expected for the Frequency Selection Localization trials, 
calculating sound source position with mixed voice sound files 
did not yield accurate results. The angles of error were generally 
larger than the single sound source case. This indicates that the 
sounds occurring simultaneously caused errors when interpret-
ed as one source. 

However, upon removing one of the voices (isolating low 
frequency or high frequency sound), angles of error were 
greatly reduced. These results suggest that positions of sound 
sources can be accurately determined using the cross-correla-
tion technique. The frequency-isolation method, calculated 
using the FFT-IFFT technique, yielded much more accurate 
sound source position calculations and higher resolution of 
sound. This increase in accuracy may be a result of isolating one 
voice from the original recordings. The removal of one of the 
frequencies may have reduced data noise (background static, 
sound reflecting off of walls, etc.), which may have interfered 
with sound position calculations in the first Single Source Lo-
calization method (Figure 5). 

Thus, the hypothesis was accepted, and frequency was suc-
cessfully used in cross correlation in both methodologies tested. 
Evaluating the frequency of audio recordings allowed sound 
source localization and differentiation between simultaneous 
sounds of varied frequencies.  
�   Conclusion
Hearing aids can be enhanced by implementing a method 

that localized sound-of-interest (e.g., voice with which the 
wearer is in conversation) and noise-cancellation of ambient 
sound. Both Year One and Year Two of this research shows a 
proof of concept for an improved method of auditory sound 
input that may be added to existing hearing aids.

A novel method of sound source localization was deter-
mined through the isolation of sounds of different frequencies. 
Results indicate that future research could involve the use of 
this program to create devices for use as an auditory aid. Work 
has been done on speech-to-text, which can be used along-
side sound localization software in order to create a usable 
device. Future research should focus on implementation of this 
methodology in commercially applicable devices with good vi-
sualization of sound localization.

A noise-cancelling technique was developed. The signal re-
flected from the room wall was considered as a noise source 
and the amount of noise was calculated based on the geometry. 
From this calculated noise distribution, a real signal with-
out this noise was calculated from the recorded signal. The 
high frequency portion of the signal was removed using the 
FFT-iFFT technique to reduce the phase interference effect. 
A great improvement was achieved with this noise-cancelling 
technique showing a promising application of this methodol-
ogy.
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