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Abstract

The necessity and interest of audiologists to finely tune and customize sound frequen-
cies according to individual patient needs, has inspired us to develop and integrate
an equalizer to a bone conduction stethoscope. The project designs an analog am-
plifier equalizer circuit that is used for volume control and frequency selection. It
captures sounds from the skull bone with the help of a skin microphone hoping to
provide audiologists a flexible tool that can isolate specific frequency bands for anal-
ysis, auditory experience diagnosis and troubleshooting of bone conduction hearing
aids. The switching options designed on the equalizer has bandpass filters for the
audiometric frequencies with the possibility to focus the listening range to both low
and high frequencies and thereby encourage audiologists to select the desired ranges
of inspection. The project plan was designed to use the electronic features to cat-
egorize audio spectrum into bass (125 Hz to 1 kHz), wide (125 Hz to 8 kHz) and
treble (1-8 kHz) for testing. The test is done on two subjects with the use of a skin
microphone having a strategy to check one’s own voice to understand the perception
of booming effect, crispness and clarity along with normal speech auditory range of
bone conduction voice. The test subjects also experimented by hearing each other’s
voice through the equalizer to understand the audio spectrum as mimicked in normal
hearing conditions as a reference. The results showed that the auditory experience
was in sync with the theoretical expectations. To conclude, the design and testing
of the prototype showed that it is a promising tool for audiologists in near future.

Keywords: Skin Microphone, Bone Conduction, Air Conduction, Hearing Aid, Equal-
izer, Volume Controller.
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Introduction

Researchers in this field of audiology have long been interested by the complex mech-
anisms that enable auditory transmission. There are two main ways that sound is
transmitted to our senses: through the air and through the bones. Perceiving sound
is a complex process. The latter uses sound waves that pass through the ear canal,
whilst the former uses direct vibration transmission to the skull bones, avoiding the
outer and middle ear. The difficulties associated with bone conduction hearing aids
have created a pressing need for creative solutions as technology develops. The goal
of this research project is to understand the details of auditory perception through
the creation and use of a particular device called bone conduction (BC) stethoscope.

Overcoming to the challenges caused by bone conduction technology is the innova-
tive bone conduction stethoscope. This specialty equipment records change to sound
that is emitted by the skull bone via the skin when the microphone is carefully placed
on the forehead. With its revolutionary approach to evaluating the effectiveness of
bone conduction hearing aids, its unique utility goes beyond traditional diagnostic
tools. As the project aims to further the field of audiological research and thera-
peutic practices, this introduction lays the groundwork for a discussion of the goals,
approaches, and anticipated results [1].

The precise tuning of sound frequencies to meet everyone’s specific requirements is
critical in the field of audiology. An equalization integrated into BC stethoscope is
an inventive solution that was made possible by this need and the growing interest
in customized auditory experiences. With the help of this work, audiologists will
be able to better meet the needs of their patients by providing an adaptable tool
that can be used to precisely adjust sound frequencies. This project attempts to
transform the examination, diagnosis, and debugging of bone conduction hearing
aids by integrating an analog amplifier equalizer circuit with volume control and
frequency selection capabilities.

1.1 Purpose of the Project

The primary goal of this project is to design an analog amplifier filter circuit that
satisfies the unique needs of the bone conduction stethoscope. Sophisticated tools are
needed for volume control and frequency selection on this device, which is essential
for capturing sounds from the skull bone through the skin. The initiative hopes to
provide audiologists with a flexible tool that can isolate specific frequency bands
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and adjust volume by putting these characteristics into practice. It is intended that
this improved capabilities will make a substantial contribution to the discipline of
audiology, namely in the areas of auditory experience diagnosis and troubleshooting
related to BC hearing aids.

1.2 Outline

The project proceeds systematically, beginning with an extensive review of the lit-
erature to understand the many spectrum ranges that affect speech transmission.
This method divides contributing components into discrete frequency ranges and ad-
dresses things like voice harmonics, fundamental frequency, discrimination in speech,
sharpness and clarity. Multisim software is used during the design to verify that ev-
ery circuit component functions as intended and to validate the band pass gain
amplifier and frequency selector parameters. The upcoming selections will provide
a more thorough examination of this creative effort by looking deeper into the ap-
proach, design details, and simulation results.
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Theory

2.1 Auditory Sound Transmission

Air Conduction (AC) and Bone Conduction (BC) are the two basic mechanisms of
sound transmission that the auditory system uses to enable the remarkable ability
of humans to sense sound. For the cochlea, which converts mechanical vibrations
into neural impulses that the brain interprets as sound, these natural channels are
essential for carrying sound [2]. As a method of transmitting sound, bone conduction
has special qualities for auditory perception. It stands out in especially for its ability
to transfer sound waves through the skull bone, offering a substitute for the more
common air-to-eardrum approach. BC is known for its ability to improve sound
quality in two-way communication systems, particularly in settings where typical
AC transmission is difficult, likely very noisy areas that require the use of ear-canal
hearing protection equipment [3].

2.1.1 Air and Bone Conduction Hearing

In the field of air conduction hearing, changes in air pressure are used to transfer
sound waves through the atmosphere. The start of this process is when outside
noises enter the ear canal and vibrate the eardrum. The fluid inside the cochlea
moves as a result of these vibrations passing through the sensitive ossicles of the
middle ear, the malleus, incus and stapes. The cochlea’s hair cells are stimulated
by this movement, resulting in electrical signals that are transmitted to the brain
and processed to produce the sense of sound. For those whose auditory nerves and
cochleae are unharmed, AC hearing is the primary mode [4][5]. Around half of it
comes from the bone conduction, which varies somewhat with each unique sound
and how it is produced [3].

BC hearing implies the direct passage of sound waves from the skull to the cochlea,
which directly stimulates it. However, there are other pathways involved. For in-
stance, sound can radiate into the ear canal, where it then follows the AC pathway
to reach the cochlea. Even in cases where the conventional AC channel is blocked,
sound can still be perceived through this approach. In BC hearing, vibrations are
produced using a BC vibrator, which avoids the middle and outer ear and instead
stimulates the cochlea directly. Direct transmission through bone is a helpful alter-
native for those with certain forms of hearing loss because it allows them to hear
sounds even in situations where the typical air channel may be blocked [4][5]. See
figure 2.1.
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Sound Transmission Path

|
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Bone Conduction (BC) Air Conduction (AC)

l Outer Ear
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Auditory nerve / Brainstem
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Figure 2.1: Pathway of auditory perception

In audiology, identifying the type and severity of a hearing loss is essential to provid-
ing suitable rehabilitation options. An important part of this diagnostic procedure is
determining the BC thresholds, which are determined with a bone vibrator. Audiol-
ogists can determine the kind of hearing loss and suggest suitable solutions by com-
paring the hearing threshold in BC and AC. For patients suffering from single-sided
deafness, mixed hearing loss, or conductive hearing loss, this diagnostic strategy is
essential [4]. The sensitivity differences between AC and BC have been investigated
in a number of studies that have focused on different sound sources. Based on the
research, it was shown that for most sounds in the 1-2 kHz range, the BC component
is predominant. The BC component of the sound was frequently 40 to 60 dB lower
than the AC part, according to an analysis of the sensitivity differences between the
two types of sound from the surroundings sound field. This knowledge is essential
to comprehending the possible advantages of employing BC microphones to record
voice in noisy environments, as BC can significantly enhance signal-to-noise ratios

[3].

2.2 Hearing Rehabilitation

2.2.1 Hearing Loss

When a person’s hearing thresholds in both ears are 20 dB or above, and they are
unable to hear as well as someone with normal hearing, they are considered to have

4
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a hearing loss [6]. A person may experience one or both ears of hearing loss, which
can range in severity from modest to profound [6]. Some of the main causes of hear-
ing loss are age-related hearing loss, noise- induced hearing loss, persistent middle
ear infections, ototoxic medicines that harm the inner ear, and congental or early
onset children hearing loss [6]. Academic achievement and career prospects may
suffer in places where there are insufficient adaptations for hearing impairments [6].
Education is sometimes inaccessible to children who are deaf or have hearing loss in
impoverished nations. In terms of health sector expenses, educational support, lost
productivity, and societal expenditures, the World Health Organization (WHO) es-
timates that untreated hearing loss costs the world economy about US $ 980 billion
yearly [6].

2.3 Speech Intelligibility

Speech Intelligibility is a measure of how much of a speech signal is able to be per-
ceived or rather comprehensible under conditions of limitations. It usually refers
to measure of extend of an acoustic signal produced by a speaker, being correctly
recovered by a listener [7]. Sound is created when air passes through the vocal
cords. Efforts made in changing pressure levels on the vocal cords can influence the
sound levels, pitch and frequency spectrum of the voice sound. The pharyngeal, oral
and nasal cavities above the vocal cords are important contributing factors towards
the filtering of the voice spectrum. Affecting these filtering cavities and the efforts
made on and by the vocal cords are individualistic meaning that the perception
differs from one person to another. It has also dependence upon the spoken lan-
guage. Some languages are tonal while others are non-tonal. The spoken speech
signal covers a wide range of the complete audible frequency spectrum. In tonal
languages like Chinese or Thai, speakers convey message through the use of their
fundamental frequency adapting their lexical tones. In non tonal languages, usually
speech signals are made up of vowels and consonants [8].

The vowels are generated by the vocal cords and natural filtering methods employed
through affecting the vocal cavities help in the formation of different vowel sounds.
Thus the vowels are created by tuning of resonances of the vocal cavities [9]. Gen-
erally, at normal intensities, the energy of the vowels start diminishing after 1 kHz
[10]. However, when the voice is raised, the speech spectrum shifts to one or two
octaves towards higher frequencies and it has to be noted that the sound level of
consonants do not increase as much as the increase observed in the level of vowels.
The consonants are created due to the air blockages and the noise sounds produced
by the passage of air through throat, mouth and tongue. They form one of the
important parts of non tonal languages predominantly existing above 500 Hz. spe-
cially ranging between 2 to 4 kHz [9]. Studies suggest the importance of consonants
in understanding intelligibility. They reveal that a high pass filter of cut off 500 Hz
on speech spectrum decreases intelligibility by 5 percentage. However having higher
cut off decreases speech intelligibility by higher rates. Also, having a low pass filter
at 1 kHz decreases intelligibility by 40 percentage. The frequencies between 1 to 4
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kHz are of higher importance to speech intelligibility [9].

Background noise, frequency response with respect to background noise, quality of
the signal, reverberation and the acoustic effects of surrounding environment are
some of the influencing factors affecting speech intelligibility [11]. An optimum
speech level is achieved when the background noise is maintained below 40 dB and
for sound signals having noise more than 40 dB. maintaining a SNR of around 12
dB, thus by having the speech signal four times louder than the background noise,
a optimal speech signal can be perceived. Emphasis has to be made to maintain
strict filtering conditions for frequencies in range of 1 to 4 kHz. Any prevailing
music or background sound in this frequency spectrum has to be reduced by a
factor of 5 to 10 dB to improve intelligibility [9]. Reverberation, though perceived
to enhance steady state vowels smears out consonant words and masks gaps and
transitions between sentences. Factors such as direction of speech, position of head
and neck also add to be influencing factors predicting intelligibility. In general, the
fundamental frequency or pitch for most of men lie around 100Hz and women exhibit
one octave higher while children have pitch around 300 Hz [9]. Research suggest
that standing at a distance of 1 metre from the speech source help to perceive signals
naturally with highest intelligibility [12].

2.3.1 Hearing Aids and Fitting

On the fifth anniversary of the Hear the World initiative, a study was commis-
sioned by the authors involving more than 4000 participants across five countries on
topic related to effects of hearing on all areas of life [13]. This study which finally
concluded emphasizing on the tagline "Hearing is for living" provided insights that
revolved around three important findings.Improved hearing can benefit all areas of
life leading to enhanced quality of life leading to better communication with family
and friends. Improved hearing can lead to more active and healthy life with perks of
having higher concentration,less stress and a relaxed mindset associated with gen-
eral well being of an individual. Finally, the study suggested that the hearing aids
that helps in recovery of hearing loss has open and positive approach among the
groups of people surrounding the affected individual having welcoming open hands
towards the tech.

There have been attempts to treat hearing loss for hundreds of years, according to
historical records [14]. From simple instruments like ear trumpets to revolutionary
digital technologies, hearing aid technology has advanced dramatically over time
[14]. The BCI is an example of an active transcutaneous bone conduction device
(BCD) that was created to stimulate the skull bone directly while maintaining skin
integrity [15]. Research on BCI patients’ long-term follow-up has shown how safe
and successful it is at helping people with mild-to-moderate mixed hearing loss and
conductive hearing loss receive hearing rehabilitation [15].

An audiologist is a healthcare professional evaluating and determining the type
and degree of hearing loss to suggest and fix hearing aids to people. Results are

6
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compounded by certain audiometer tests where there is a repetition of sounds and
words at different sound levels to possibly find the quietest level at which the in-
dividual can hear. Based upon the results, customised hearing aids with specific
features are recommended by the audiologists. They also suggest techniques associ-
ated with hearing aids involving communication strategies and assistive technologies
to aid during challenging situation. Some of the important features provided by the
hearing aids are having directional microphones focusing on speech in noisy envi-
ronments, Noise cancellation features assisting communication and understanding
in noisy situations, Feedback cancellation alleviating the annoyance of buzz and
whistle sounds and streaming programs to tap sounds from audio sources.

The design of an analog equalizer that can be embedded to the skin stethoscope
promises features that help audiologists during the support and rehabilitation phase.
The project design aims to provide options for the bone conduction stethoscope with
volume control and frequency selector ranging over particular bandwidth. These
bandwidths are categorised with respect to bass, mid and treble frequency ranges.
The feature can help the audiologists to focus on particular bandwidth controlling
the volume to detect interesting findings regarding individualistic hearing loss per-
ception. The design also includes a tuner for tuning into resonant frequencies to
understand the unique perception The inferences made can be useful in customising
the hearing aids specifically. The component box providing these processing op-
tions,being an embedded part of the stethoscope makes it quite easy to be portable
and reliable too.

2.3.2 Bone-Anchored Hearing Aid (BAHA) and Bone Con-
duction Device (BCD)

Sound waves are directly transmitted to the skull bone using the Bone Conduction
Implant (BCI) device. By stimulating the ear canal, eardrum, and middle ear com-
ponents, AC hearing aids, on the other hand, follow the conventional method of
sound waves travelling through air. A minimally invasive yet extremely effective
remedy for hearing loss, the BCI’s revolutionary design avoids skin penetration,
showcasing its benefit over percutaneous bone anchored hearing aid (BAHA) sys-
tems. Based on preclinical and clinical data, the BCI system has the potential to
transform the field of hearing aids by eliminating the drawbacks of conventional
bone-anchored devices [16].

In contrast to standard BAHAs, the transcutaneous BCI appears to provide com-
parable patient satisfication and audiological rehabilitation. Several audiometric
measurements and patient related outcomes were assessed as part of an observa-
tional study involving matched pairs of patients in order to perform this comparison
[17]. While patient related outcomes modestly favored the BCI, the data showed no
statistically significant diffrence in audiological parameters between the BAHA and
BCI groups [17]. In addition, the significance of maintaining appropriate audibility
for patients is shown by the objective testing of audibility in BCDs. Regardless of
the type of BCD (percutaneous, active transcutaneous, or passive transcutaneous),

7
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using a skin microphone to objectively tesy audibility in patients offers a promising
clinical technique [18]. Better outcomes and increase audibility for patients using
bone conduction technology are ultimately possible with this method’s accurate as-
sessment and gain adjustment of the device. Through the objective evaluation of
audibility using a skin microphone, physician may precisely evaluate and adjust the
device settings to assure enhanced speech intelligibility and overall hearing perfor-
mance for patients with different kinds of BCDs [18].

2.4 Bone Conduction Stethoscope

2.4.1 Skin Microphone

The field of auditory research has made significant progress in recent years, and
the introduction of new technologies, such the skin microphone, has been crucial in
deepening our understanding of the mechanics underlying sound transmission. The
purpose of the skin microphone is to directly record and collect sound waves from the
skin’s surface [1][19]. In general, a skin microphone consists of an electric condenser
microphone applied to the skin’s surface, especially the forehead [1]. The positioning
of this device enables it to both record and transducer vibrations caused by BC
sound, offering a unique point of view for the study of auditory phenomena. Using a
skin microphone is essential, particularly when using bone conduction devices such
as the BCI. Instead of conventional microphones positioned in the external auditory
canal to measure AC, a skin microphone is positioned in a way that directly records
vibrations through the skull bone [1]. The skin microphone is an essential tool
for evaluating thresholds, maximum power output (MPO), and voice responses in
studies pertaining to all BCDs.

2.4.2 Equalizers

Equalizers are instrumental tools that are capable of influencing relative amplitudes
of various frequencies in an audio spectrum. They are creative in the way they
alter the tonal quality of the audio spectrum. They are made up of multiple filter
circuits that have isolated ranges on which certain algorithms can be implemented
[20]. The equalizer is provided with the volume control feature in the project which
is discussed in detail in the next section. There are filter types depending upon the
mechanism and features of filtering such as shelving filters, high pass filters, low
pass filters, band pass and band stop filters [20]. High pass filters, which reduce the
level of frequencies below the cut off frequency and low pass filters, which reduce
the level of frequencies above a certain cut off frequency are used in the equalizer
design of the project. The basic characteristics of equalizers are dependent upon
their slope, frequency, Q-factor and gain. The slope determines how aggressively
the frequencies are attenuated or boosted once the cut off frequency is reached. The
Q-factor which stands for quotient of change factor determines the bandwidth of the
equalizer. When the Q factor is less than 1, the resulting bandwidth is wide and if
it is greater than 1, the resulting bandwidth is more tighter and sharper around the
cut off frequency. The gain which can be interpreted as both positive and negative

8
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gain corresponds to level boost and level cut respectively [20].

Every sound perceptible to human hearing is composed of a fundamental frequency
and its harmonics. The different kinds of audio frequency spectrum ranges and its
characteristics [21] are discussed as follows. Fundamental frequency is the lowest
audible pitch of the spectrum. Harmonics are integer multiples of the fundamental
frequencies adding timbre and brightness to the tonal quality. Deeper exploration
into the frequency range groups help us to relate frequencies with the way of feeling
connected to the total auditory experience. The sub bass spectrum ranging from
20Hz to 60 Hz covers the spectrum of deep foundations of sound. Sounds of this
spectrum adds to the raw power giving edge over feeling than to hear. But generally
electronic noises produced by components lies around 50 Hz and steps are taken to
filter frequencies below 100Hz to remove these noise signals. Maybe in the near
future, research to filter only sub bass sounds corresponding to original audio will
be helpful to retrieve the emotional intensity. But for the scope of the project limits
the range owing to the challenge created by noise. The bass spectrum covering 100
to 250 Hz forms the basic foundation of sound adding to the power. Human ears
are not very sensitive to the range and enhancements made in this range alter the
sonic property of the perceived audio. A moderate boost of frequencies around 250
Hz range can increase the warmth, whereas same effect on the low end of spectrum
increases the thickness. A high boost on the spectrum leads to a booming effect.
The lower mid range frequencies ranging from 250 Hz to 500 Hz covers the spectrum
that shapes the character of a sound. The fundamental frequencies of vowels are in
this range and low order harmonics add richness and complexity to speech. Boosting
frequencies around 300 Hz enhances bass clarity and around 500 Hz adds depth to
the voice [22].

The mid range and upper mid range covers frequencies around 500 Hz to 2 kHz and
2 kHz to 4 kHz respectively. In our project, we consider mid range starting from 1
kHz. The mid frequency consonants that convey sounds like m,n,ng and some kind
of i and r sounds are in the range of 500 Hz to 1 kHz. This range also includes
the harmonics and formant frequencies of vowel perception, thus including them
into a total bass unit. The sounds particularly around 1 kHz frequency are more
sensitive to vocals and care has to be taken while boosting around this range. The
upper mid range frequencies covering 2 to 4 kHz defines the clarity and character
of speech. The ear canal resonates at 3.5 kHz showing the natural emphasis of its
higher sensitivity as to even a mild boost could easily alter the timbre of the sound
produced [23]. The 4 kHz to 6 kHz frequency range defines and creates presence
to the sound source. The range more than 6 kHz termed to be the brilliance audio
spectrum adds to the sibilant sounds which are the usually the unwanted whistling
sounds, for example when stress over s is emphasized. It helps in adding to the
sparkle and sharpness of the sound.

The low frequencies travel slightly faster than their high frequency counterparts ,and
so, if greater is the distance from the sound source, the greater will be the time lag
between the fundamental frequency and its harmonics. The variation in the phase
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relationship between different frequencies creates a sense of distance reducing the
need to give attention. Also when the sound travels through air passage, the higher
the frequency the higher is the absorption of it due to frictional loses in air. This
accounts to the spectral changes in the audio. Similar kind of effects are generally
observed in people with hearing loss. They tend to miss out more on the sharpness
and level of higher frequencies considering effects of distance. Sounds similar to one
another in the mid range tend to overlap the spectral perception [24].

Audiologists would find themselves aiding patients to overcome these challenges
with the help of equalizer. Considering the challenges mentioned above, altering
high frequency components and increasing the volume help to compensate for losses
due to air friction. The equalizer also compensates for the phase changes induced
by reducing the delay of higher harmonics and increasing the illusion of closeness of
sound [25]. As how to high frequency sounds can affect the attention to a sound, low
frequency sounds affect the subliminal effects. These effects are usually felt strongly
when subjected to rhythmic, repetitive sounds and equalization on this band aids in
feeling the depth of sound [25].The mid range control can be played upon to restore
the original subjective balance and reduce the spectral overlapping.

Thus audiologists can tune equalizers according to patient needs to match for the
losses over specific frequency range. Gain or attenuation over their affected frequen-
cies can help them hear normally. The BC stethoscope can give us the perception
of every individual and the study of each audio spectrum can help audiologists to
tune the directional microphones on the hearing aids to focus on the person based
on their head movements [26], thus by increasing attention. Background noise fil-
tering, wind interference cancellation and speech enhancements can isolate words
and result in increased clarity [26]. The tool is quite useful capable of mitigating
unwanted feedback such as whistling and squealing sounds that generally happen in
hearing aids. Equalizers are helpful in identifying the problematic frequencies and
customisation on its characteristics can make hearing more pleasant. Tinnitus, a
perception of buzzing or ringing sounds often occurring in people with hearing loss,
can be healed by using the tool as a part of sound therapy where customisation
on various sound source and adjustments on certain frequencies can create sound
stimuli masking the effects and perception of tinnitus [27].

2.4.3 Volume control

The use of variable gain amplifiers is a backbone of efficient signal control in the
field of communication and imaging systems. Volume control is necessary because of
the amplitude of the signals that are encountered throughout the transmission and
receiving processes are dynamic. Efficiency and dependability of the system as a
whole are improved by their smooth integration into current analog signal processing
systems.

10



2. Theory

2.4.4 State of Art

The state-of-art in BC sound assessing microphone technology is a major step for-
ward in tackling the global issue of hearing loss. Researchers have undertaken exten-
sive investigations to find the ideal position for accurately collecting bone conducted
sound created in the skull bone, using a skin microphone based on an electric con-
denser microphone from Sonion [5]. Modern microphone technology makes it possi-
ble to quantify sound quality precisely when wearing bone conduction hearing aids,
which helps people with conductive or mixed hearing loss subjectively evaluate their
auditory experiences. Researches have discovered important elements including hair
interference and ideal placement positions through careful evaluation with a variety
of transducers and testing procedures. These discoveries have led to insights that
guide the development and application of bone conduction devices. Modern micro-
phone technology not only improves measurement accuracy and reliability, but it
also sets the stage for future studies that investigate other factors like sound leak-
age and pressure effects on measurement results, expanding the field of BC sound
evaluating and hearing aid optimization [5].

Research groups focusing on developing methods to optimise strategies for BC hear-
ing aids fitting and usage, proposed the usage of skin microphone to measure vi-
brations on the skull bone and to use the skin microphone as a stethoscope [28] to
listen and reflect is the planning approach of the corresponding research team.
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Method

3.1 Initial considerations and strategy

In order to build and construct a prototype component box that equalizes sound on
a BC audio system, consideration is given to the input signal, the desired output, as
well as the logic and distinctive features of the electrical components that are used
throughout the process. A thorough review of the literature provides a chance to
investigate related subjects and fosters a deeper awareness of the parameters and
limitations of our activity. The acoustic impulses that are retrieved from the skull
bone are sent by the skin microphone, which serves as the input component. Fol-
lowing the input microphone calibration, attention is directed toward the equalizer’s
design and development. Various options for electronic design are tried out until
the most straightforward and efficient one is chosen in the end to become the pro-
totype. The design section that follows covers different approaches. The operation
of electronic counterparts that assist us in realizing the results of frequency range
selection and loudness control must be emphasized.

The audiologists adjust the sound level through the BC stethoscope by using the
volume control feature. An amplifier’s gain can be electronically changed to change
the output voltage in relation to the input voltage. The chosen control mechanism
determines whether the gain factor is increased or decreased. Resistors and poten-
tiometers are important components in determining the gain factor and gain control,
respectively, and the voltages are directly proportional to the sound levels. The sta-
bility and likelihood of negative gain are taken into consideration when working on
an inverting amplifier. The next stage is filtering. Since we are isolating specific fre-
quency ranges, band pass filters are used. The high pass and the low pass filters are
implemented at the desired cut off frequency ranges.

3.2 Functional Blocks

The volume control is a mix up of gain and attenuation from the input sound having
control over both increasing volume to listen more intensely on specific frequency
and decreasing volume to fade away some range of less importance or to under-
stand whether the corresponding attenuation strategy would anyhow ease patient’s
comfort.

The figure 3.1 describes a simple inverting operational amplifier. It is a closed
loop circuit, hence making the resistor R2, a feedback resistor and the resistor R1
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Figure 3.1: A simple inverting amplifier circuit

connected to the input terminal acting as the input impedance. With the help
of Kirchhoft’s current law, the gain of the inverting operational amplifier can be
calculated as follows

Gain(Av) =-R2/R1 = -R(feedback) /R (input). The negative sign indicates the phase
inversion.

The purpose of the high pass and low pass filters is to designate particular cut off
frequency bands. The high pass and low pass filters are shown in figures 3.2 and
3.3, respectively.

C2
™~ _“_ 26
i e {)
Vin 1pF 1k Vout
|
Figure 3.2: A simple high pass circuit
R3
L —AAN 25
we | e ﬁ
Vin T 1uF Vout

Figure 3.3: A simple low pass circuit

3.2.1 Design Requirement

The design of the volume controller requires the selection of a maximum for both
gain and attenuation. After some testing, we were able to identify the boundaries,
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with an upper limit of +10dB and a lower limit of -40dB being ideal with regard
to the output of the skin microphone. To electronically impose control over values
between these bounds a potentiometer was utilized. The provided variable resistance
modifies the voltage over the specified transduced range. Regarding the choice of
frequency range, there are three frequency ranges: 125 Hz to 1 kHz for bass, 125 Hz
to 8 kHz for wide, and 1 kHz to 8 kHz for treble.

3.3 Calibration of the device

We use a speaker that can maintain a consistent sound pressure level to calibrate
the device. First, the microphone is calibrated to guarantee precise readings. Next,
the skin microphone is positioned close by to measure its output. Any relative dif-
ferences between the two devices are shown in this comparison. The calibration
procedure is carried out at a frequency of 1 kHz and a sound pressure level of 114
dB. The microphone is then placed inside a test chamber and wired to an amplifier.
It is also connected to an additional amplifier, which helps to filter out unwanted
noise interference, especially at frequencies that are outside of the range that pro-
duces a flat response. The signal is amplified by 20 dB using this secondary amplifier.

Two 9 V batteries provide the amplifier’s power. The source, which functions sim-
ilarly to a function generator, connects to the signal analyzer’s rear input, and the
speaker is attached as the amplifier’s input. As such, the speaker’s input and the mi-
crophone’s output comprise the signal path. In order to finish the calibration setup
for accurate and dependable performance, the technique also includes measuring the
input signal to the speaker.

3.4 Headphone compatibility

Headphone compatibility is a crucial factor for people with hearing loss since it
affects how they interact with different audio devices, such as computers, tablets,
cellphones, and entertainment systems. The development of technology in hear-
ing aids has greatly enhanced their compatibility with headphones, providing users
with more mobility and accessibility in their everyday routines [29][30]. Conven-
tional hearing aids presented difficulties with headphones because of problems like
feedback, discomfort, and compatibility restrictions. However, compatibility issues
have mostly been resolved with the development of digital hearing aids (BAHAS).
The seamless integration of modern hearing aids with headphones allows users to
enjoy crystal-clear audio without any pain or disturbance [29][30]. Users can wear
headphones more comfortably and experience increased hearing according to its per-
cutaneous design, which reduces interference with headphone positioning. Users can
completely employ headphones for diverse audio needs due to the system’s audiologi-
cal outcomes, which show major gains against unaided thresholds [31]. Furthermore,
improvements in active transcutaneous bone conduction devices, such the BCI have
increased the range of headphones that can be used by people with mixed and con-
ductive hearing loss. The devices enable users to wear headphones painlessly and
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without trouble since they promote bone conduction without damaging the skin’s
integrity [15].

Modern hearing aid technology, such as active transcutaneous bone conduction de-
vices and bone anchored hearing systems, making them more accessible and offering
users better audio quality across a wider range of audio devices. These developments
highlight the continued dedication to innovation in the field of hearing healthcare,
guaranteeing that people with hearing loss can take full advantage of the modern, in-
terconnected world. In the project the equalizer is made compatible with Sennheiser
HDA 300 (Sennheiser, Hannover, DE).

3.5 Simulation and Testing

The intended circuit is simulated using the NI Multisim software and the ELVIS
platform prototyping board (National Instrument, US) is used to examine the built
circuit, and the results need to be verified for the operation of the functional blocks
before being examined for compatibility with headphones.

3.6 Prototype building

On the prototype board, volume control and frequency range selecting functions
are combined. In order to keep the prototype safe and straightforward, switching
strategies were chosen. To make the tool easy to use, the electronics are soldered,
placed inside a component box, and buttons and connections are made on the box.

3.7 Subjective testing

Two test volunteers took part in the prototype’s testing. In order to determine the
efficiency of the hearing aid and to listen to various perceptions utilizing the tool’s
options, the equalizer is tested by inserting a skin microphone on the forehead.
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Design

The analog equalizer combines the functional units of volume control and frequency
range selection. There can be different possible approaches for the design plan
implementation. The options of using variable resistors to tune between different cut
off frequencies, band pass filters to set well defined frequency ranges and frequency
resonant circuit to focus on particular frequency along with variable impedances to
tune the window are are simulated tested and conclusive decision is made on the
final design. Here are the several equalizer design approaches that are shown using
the block diagram. It is discussed how to use the functional units and what their
limitations are.

4.1 Designl - Tunable frequency selectors

4.1.1 Stethoscope

The main device used to record sounds conveyed through BC is the stethoscope. A
skin microphone that is positioned to detect vibrations coming from the skull bone
is integrated into the design. This microphone accurately transmits auditory signals
to the circuit’s subsequent components because it is sensitive to even the smallest
variations in sound waves.

4.1.2 Component Box

The component box contains all of the necessary components for controlling and
processing signals. Different blocks inside this enclosure carry out certain tasks to
improve the caliber and fidelity of the audio signals that are delivered. The following
parts make up the component box:

Source

Incoming audio signals from the stethoscope are first received by the source mod-
ule. It serves as a channel for carrying the recorded sounds to further phases of
the circuit’s processing. In addition to guaranteeing effective signal transport, this
component lays the framework for additional amplification and filtering.
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High Pass Filter with Gain Control

High frequencies are allowed to go through while low frequency components of the
audio stream are selectively attenuated or eliminated. The high-pass filter in the
circuit attenuates frequencies below a predetermined cutoff point, so removing un-
desired bass frequencies, noise, and rumble. Furthermore, following high-pass filter-
ing, the gain control features allows signal level adjustment, which assures the best
signal-to-noise ratio and compliance with subsequent processing steps.

Low Pass Filter

The "Low Pass Filter'attenuates higher frequencies in the audio stream while en-
abling only low frequency components to get through. It works in the opposite
manner as the "High Pass Filter". It is comprised of a circuit for a low-pass filter
that has a cutoff frequency that suppresses higher frequencies earlier. The audio
stream can be made cleaner and smoother by using the low pass filter to eliminate
high frequency noise or distortion.

Low Frequency Selection

Changing frequencies in the lower range of the audio range is the main goal of low
frequency selection. Users can increase or decrease the apparent bass response of the
audio signal by adjusting the loudness of the bass frequencies with this component.
Low frequency selection is frequently used to adjust the bass output to particular
listener’s choice or to balance out the playback environment’s auditory qualities.

Mid Frequency Selection

An audio spectrum’s mid range contains frequencies that can be targeted and ad-
justed by users through a signal processing technique termed "mid frequency se-
lection". The audio signal’s tonal balance and clarity can be adjusted with this
capability, which allows for the selective boosting or attenuation of frequencies that
are commonly connected to voice, instruments, and other mid range content.

High Frequency Selection

The ability to target and modify frequencies in the upper range of the audio spectrum
is provided by high frequency selection. With the exact control this component offers
over the audio signal’s treble response, users can adjust high frequency material
to suit their tastes and make it louder or softer.In audio mixing and mastering
applications in particular, high frequency selection is crucial to obtaining a detailed
and well balanced sound reproduction.

4.1.3 Headphones

The headphones functions as the last output step, converting processed audio signals
into waves of sound that the user can perceive. Comfort and fidelity are given first
priority in the design, assuring precise reproduction of filtered and boosted signals.
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The headphones’ crisp, clear sound output helps audiologists evaluate and interpret
auditory data confidently and precisely, which improves patient care and diagnostic
accuracy in the end.

Stethoscope ——m— ComponentBox ————»  Headphones

-

—

Frequency
Selection

g
el

High Pass Mid
. . Low Pass Vi
Source —— Filter With — — " Frequency £

Gain Control Filter Selection

.

High
— Frequency -
Selection .-

Figure 4.1: Block Diagram of the Design 1

The limitation of the design is the fact that the tunable ranges, though have im-
pact in listening to different window lengths, it was not accurate enough to select
particular value range of choice. The feature of adjusting window lengths, though
can be more effective and aid audiologists with complex inferences, seems to be
lacking accuracy comparing to its usefulness. Complex calibration and adjustments
are needed to define switching ranges which goes out of the project scope to keep it
simple.

The inside of the component box is the only part displayed in the upcoming block
diagrams, as the other sections remain the same:

4.2 Design2 - Resonant circuit to capture frequency
of choice

In this design, source, high pass filter with gain control, and low pass filter are the
same as design 1.

A circuit consisting of an electronic inductor, a capacitor, and electrically actuated
switches is known as resonant circuit with switches. By selectively tuning to a par-
ticular resonance frequency, the resonant circuit can be set up to enhance desirable
signals while filtering out unwanted ones. Increasing the circuit’s adaptability and
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functionality in signal processing applications are the switches that allow it to switch
between several resonant modes or adjust the resonance frequency.

High Pass Filter ircuit wi
g Low Pass Filter Resonant Circuit with

Source . A
with Gain Control Switches

Figure 4.2: Block Diagram of the Design 2

The resonant circuits were able to filter out particular frequency value and the the
window width depended upon the resonant components. During the testing phase,
the inability to have control over the covered window range was observed. The
capacitance and the inductance values are very high to maintain optimal Q-factor,
which gives the narrowness of the window width. The switching mechanism to toggle
between different selection also is complex and out of scope of he project.

4.3 Design3 - Band pass filters to set defined ranges

In design3 source and low pass filter are same as designl and design2. It consist of
the following parts:

Band Pass for Bass

While attenuating frequencies outside of its designated range, a band pass filter
permits a specific range, or "band", of frequencies to flow through. This specific case
is designed to pass only the bass frequencies; it usually cuts off both the high and
low frequencies that are outside of the intended bass range.

Band Pass for Wide

This band pass filter is set up to pass a specified range of frequencies, similar to
the last one, but it covers a wider range of frequencies. Depending on the desired
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outcome, it is made to pass through frequencies ranging from low to high range.

Band Pass for Treble

This band pass filter is different from the others in that it is designed to pass only
treble frequencies through while blocking both nid range and bass frequencies.

High Pass Filter

With this filter, frequencies below the cutoff are attenuated while frequencies above
the cutoff are allowed to pass through. It is frequently used to cut out desired bass
or low frequency noise from a signal so that higher frequencies can still flow through.

Gain Controller

By precisely adjusting the signal amplification levels, the gain control amplifier
module makes it possible to fine-tune the audio output to suit specific needs and
preferences. This part offers adaptability and control over signal intensity, guaran-
teeing the ideal ratio of clarity to volume. Gain control features allows the circuit
to adapt to different listening situations and user demands, which improves the user
experience in general.

Band Pass for Bass
High Pass Filter Low Pass Filter
Band Pass for Wide
Source » Gain #  High PassFilter Low Pass Filter
Controller
Band Pass for Treble
High Pass Filter Low Pass Filter

Figure 4.3: Block Diagram of the Design 3

The design made up of band pass filters is the most optimal and suiting design for
the project plan. Well defined frequency ranges can be isolated and volume control
function can be exercised on it with good accuracy, equalizing sound for further
inferences. The design is simple with easy switching options and even though not
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applicable for detailed distribution and understanding of effects of various audio
spectrum, the predefined ranges are good enough to infer a lot of basic information
related to hearing loss and hearing aids. Thus this simple design is implemented to
create the prototype.

A switching strategy is implemented having separate buttons to activate the band
equalization and the block diagram of the switching strategy is given in Figure 4.4.

Source

—_—

Gain
Controller

——

>

s

Bass Band Pass Filter

Wide Band Pass Filter

Treble Band Pass Filter

Bass Toggle switch

o—
OFF ON

Wide Toggle switch

/o

[0 S—
OFF ON

Treble Toggle switch

o—

OFF

Figure 4.4: Block Diagram of the Switches

The gain controller also allows users to change the amounts of signal amplification
in the specified frequency ranges. Users can precisely tune and customize the audio
output by toggling these switches between their ON and OFF positions, giving
them effective control over the frequency ranges and signal amplification to suit
their preferences.

4.4 Circuit Diagram of the Equalizer

The values of the electronic components are calculated and are implemented as in
Figure 4.5.

4.5 The Equalizer Prototype

Figure 4.5 showing the circuit diagram of the equalizer, featuring wide, bass and
treble bands.
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Figure 4.6: PCB design of the equalizer

=

o
O
-

3
.
.
.
pa

.
.
.
.
.

N
.

OO0 COo

e

e e e

¥

SKIN
MICROPHONE

e,-d‘"‘\
,‘i

,,,f*f/g

ERuanzER,

@ Brss
@wu»:

@ TRBE

%c?

Figure 4.7: A pictorial realization of the equalizer prototype
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Results

5.1 Simulation results

The simulation findings were based on a 1V input voltage, with the equalization
volume gain set to +10dB. The input signal was an AC Sweep signal to determine
the system’s response to all frequency ranges (1 Hz to 100 kHz).

5.1.1 Band pass filters to set defined ranges

The simulations were run by pushing three switches to pick the desired frequency
band. Figure 5.1 , figure 5.2 and figure 5.3 represent the wide, bass and treble band
respectively. The gain (dB) is plotted against frequencies (Hz).

AC Sweep 1

18

12 75

(6.6069 kHz, 9.3211 dB)

-100
1 10 100 1k 10k 100k

Figure 5.1: AC Sweep simulation of Wide Band(125-8000)Hz

Figures 5.4, 5.5, and 5.6 depict simulation results at various volume tuning levels.
There are three cases, one examined for gain attenuation (i.e., less than 0 dB),
another for gain amplification (i.e., more than 0 dB), and the last example checking
for the most minimal volume. The gain (dB) is plotted against frequencies (Hz) in
all the figures.
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AC Sweep 1
100
18 —Mag: PR5: V(5)
—Mag: PRé: V(1)

(288.40 Hz, 9.4482 dB)

24
30
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-36

Figure 5.2: AC Sweep simulation of Bass Band(125-1000)Hz

AC Sweep 1

— Mag: PR5: V(5]
—Mag: PR6: V(1)

(1.0000 kHz, 9.1795 dB)

Magnitude (dB

-100
1 10 100 1k 10k 100k

Figure 5.3: AC Sweep simulation of Treble Band(1000-8000)Hz

5.1.2 Resonant Tuner circuit

Resonant frequency selector and window length tuner was designed and implemented
through the circuit diagram as follows. The changes in the capacitance values with
having a constant inductance value of 100 mH helps in realising tuning of resonant
frequencies. The capacitance values range from 16uF to 0.0025 uF for covering
resonant frequencies of range 125 Hz to 10 kHz. With having a 10 k potentiometer
to tune the window length, we observed that window bandwidth tuning is ranging
from 50 Hz to 550 Hz approximately. The results of the multisim simulation are
also plotted.
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AC Sweep 1
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Figure 5.4: AC Sweep simulation of full volume down

AC Sweep 1
100

.—Phase: PR5: V(5)

Figure 5.5: AC Sweep simulation of gain amplification

5.2 Tunable frequency selectors

Bass equalizer

The circuit design of bass equalizer is as follows.The bass frequency spectrum covers
a frequency range of 100 Hz to 1000 Hz.The equaliser is designed to tune to adjust
the frequency from a range of (100 Hz-200 Hz) bandwidth to (100 Hz-1000 Hz)
bandwidth . The results of the boundary values using a bode analyser is also plotted
having a maximum volume gain of 10 dB.
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Figure 5.6: AC Sweep simulation of gain attenuation
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Figure 5.8: 125 Hz to 1 kHz - 50 Hz window length
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Figure 5.9: 125 Hz to 1 kHz - 550 Hz window length

Figure 5.10: 1 kHz to 6 kHz - 50 Hz window length

Mid equalizer

The circuit design of mid equalizer is as follows.The mid frequency spectrum covers
a frequency range of 1000 Hz to 4000 Hz.The equaliser is designed to tune to adjust
the frequency from a range of (1000 Hz-2000 Hz) bandwidth to (1000 Hz-4000 Hz)
bandwidth . The results of the boundary values using a bode analyser is also plotted
having a maximum volume gain of 10 dB.

Treble equalizer

The circuit design of treble equalizer is as follows.The treble frequency spectrum
covers a frequency range of 4000 Hz to 10000 Hz.The equaliser is designed to tune
to adjust the frequency from a range of (4000 Hz-5000 Hz) bandwidth to (4000 Hz-
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Figure 5.11: 1 kHz to 6 kHz - 550 Hz window length

Figure 5.12: 8 kHz to 10 kHz - 50 Hz window length

10000 Hz) bandwidth . The results of the boundary values using a bode analyser is
also plotted having a maximum volume gain of 10 dB.

We were able to observe that the difference between perception of bass, mid and
treble equalizers showed similar traits that there was only difference in the sound
level perception between different bandwidth ranges. For example in bass equalizer,
the bandwidth of (100 Hz-200 Hz) had less sound levels comparing (100 Hz-1000
Hz). This may be due to A-weighted filtering that occurs in our hearing perception.

5.3 Measurement results

The prototype was developed and tested to ensure its functionality. The frequency
bands were switched between bass, broad, and treble modes, with the results shown
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Figure 5.13: 8 kHz to 10 kHz - 550 Hz window length
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Figure 5.14: Bass equalizer min range

in figures 5.7, 5.8, and 5.9, respectively. The input signal was an AC sweep signal
created by the NI Elvis board with frequencies ranging from 10 Hz to 100 kHz
having peak voltage of 0.02 V. The circuit’s response is demonstrated by plotting
the gain (dB) versus the frequencies (Hz). The volume tuner is kept at its maximum
setting in all three circumstances when the system’s reaction must be checked at
the greatest feasible level.

The volume controller is tested for the same simulation testing plan.Figure 5.11 rep-
resents the full volume down test case and a clear -40 dB is visible as the attenuated
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Figure 5.15: Bass equalizer max range
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Figure 5.16: Mid equalizer min range

gain level. Similarly, figures 5.10 and 5.12 represent the gain attenuation and gain
amplification test cases.
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Figure 5.17: Mid equalizer max range
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Figure 5.18: Treble equalizer min range

5.4 The built prototype

The prototype is designed with a switching strategy that includes three push buttons
for selecting the frequency range.It also features a volume controller with input and
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Figure 5.19: Treble equalizer max range

output ports located on top. Figure 5.13 shows a picture of the built prototype

5.5 Subjective Testing

Two test case scenarios were used for the subjective testing. The prototype was used
to listen to teammate’s bone conduction voice in the first instance.To reduce the
effects of air transmitted sound, a skin microphone was appropriately insulated and
placed on the head of a colleague.In the second test instance, listening to one’s own
voice was the task.

Insights from Bone Conduction Sound Perception

In the first case, using the wide push button option produced a sound that was
quite similar to the natural sound of the original voice as heard in a regular lis-
tening environment. Gain amplification and volume control modifications made in
response to another person’s voice, relayed through bone conduction, allowed for
the fine tuning of sound levels and the appearance of close proximity to the speaker.
Notably, the choice of bass amplification gave the reverb effect more depth, however
it was said to be less noticeable than one’s own voice, which can be related to natu-
ral gender variances in voice characteristics. In addition, the second person’s vocal
tone balanced the high frequencies quite well, producing a distinct audio impression.

In the second case, hearing one’s own voice via bone conduction led to an unique
experience. When closed the eyes, the bass frequencies created a really booming

34



5. Results

Bl Bode Analyzer - NI ELVISmx - H
u— Measurement Settings
iﬂ LabV|EW_ Stimulus Channel Response Channel
Connections: SCOPE CH 0 - FGEN SCOPE CH 1 - Signal SCOPECHO | SCOPECH 1 [wr
Start Frequency
10,00 [5|Hz
Stop Frequency

100,00k 5 Hz

Steps
5 3| (per decade)
Op-Amp
Peak Amplitude Signal Polarity
0,055 Narmal |«
R I1IIZIII:'
Graph Settings
Mapping
Logarithmic |+ [A Autoscale
Cursor Settings
[Jcursors ©n Position
S —— Left <><> Right

Instrument Control
Device
Dev17 (MIELVIS II4) |+

100 Run Stop Print Log Help

Phase (deg) -13 .: 13,28 L | & || & @

Figure 5.20: Bode analyser plot of bass band(125 Hz -1000 Hz)

impact that changed the way that perceived the acoustics of the surrounding area.
It was like the echo chamber or cave reverberations. A unique character was added
to the audio by the direct conduction of sound through one’s bones, which covered
a wide range of speech frequencies with remarkable clarity. Furthermore,it was be-
lieved that the high frequencies added to the feedback loop, improving the speaker’s
own articulation. The ability to control word stress levels was proved by purpose-
ful changes in voice clarity, which also highlighted the complex interaction between
bone conducted sound and individual vocalization approaches.
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Figure 5.21: Bode analyser plot of wide band(125 Hz -8000 Hz)
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Figure 5.22: Bode analyser plot of treble band(1 kHz -8 kHz)
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Figure 5.23: Bode analyser plot of volume tuning - gain attenuation

38



5. Results

B8 Bode Analyzer - NI ELVISmx - *
Measurement Settings
Stimulus Channel Response Channel
SCOPE CH 1 - Signal SCOPECHO || | SCOPECH1 [w
Start Frequency
10,00 |3 Hz
Stop Frequency
100,00k (5 |[Hz
Steps
5 51 (per decade)
Op-Amp
Peak Amplitude Signal Polarity
1,00 5 Mormal |«
Graph Settings
Mapping
Logarithmic |« ] Autoscale
Cursor Settings
[Jcursors On Position
Instrument Control
Device
Devi7 (NIELVIS II4) |«
Run Stop Print Log Help
n 0,00 Gain (d 2 * u = g @

Figure 5.24: Bode analyser plot of volume tuning - full volume down
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Figure 5.25: Bode analyser plot of volume tuning - gain amplification
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Figure 5.26: The equaliser prototype connected with skin microphone and head-
phones
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Discussion

The design of the analog equalizer investigated three different approaches to include
frequency range selection and volume control features. Design3 which used the band
pass filters was developed as a result of a final conclusion.Every design choice was
carefully weighed in terms of its functionality components, constrains, and suitabil-
ity for achieving the project’s goals.

Tunable frequency selectors were utilized in Design 1 to modify the bandwidth. This
design included a skin microphone incorporated to precisely detect vibrations from
the skull bone, and a stethoscope as the main device for capturing sounds delivered
through bone conduction. A source module, low-pass filter, high-pass filter with
gain control, and components for low, mid, and high frequency, and frequency selec-
tion were among the crucial part of the signal processing component box. Though
useful in altering window lengths, the adjustable ranges were not precise enough to
choose certain value ranges, requiring laborious calibration and tweak beyond the
scope of the project. Despite this drawback, Design 1 offered useful information
about adjusting the frequency range, especially for the treble, mid and bass bands.

The focus of Design 2 was to record desired frequencies by use of resonant circuitry.
It included a component box including necessary signal processing components and
a stethoscope as the primary recording device, much like Design 1. Instead of using
tunable frequency pickers, Design 2 used switches to filter out particular frequency
values from resonant circuits. Despite having the ability to filter certain frequencies,
Design 2 had difficulty managing the covered window range because of the narrow
window widths caused by high capacitance and inductance values. Furthermore,
more work than needed for the project was involved in the switching process. Res-
onant circuits have potential in frequency selection, as demonstrated by Design 2,
despite these drawbacks.

The most effective approach was found in Design 3, which uses band pass filters to
select certain frequency ranges. Design 3 made use of a stethoscope and a compo-
nent box containing signal processing parts, just as the earlier versions. But rather
than having resonant circuits or tunable frequency selectors, Design 3 had high pass,
low pass and band pass filters for the treble, bass and wide frequency ranges in ad-
dition to a gain controller. Because of the clearly defined frequency ranges provided
by this architecture, precise isolation and volume control were made possible along
with straightforward switching options. Despite lacking the level of details found in
other designs, Design 3’s material was adequate to draw fundamental conclusions
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about hearing loss and aids, which was in line with the project’s goals.

The outcomes validate the equalizer’s operation. The results closely resemble the
predicted values. The lowest volume level is approximately -40dB, while the max-
imum is approximately 4+9.6dB. By definition, cut off frequencies are where the
amplification is 3 dB lower than the maximum intended amplification level. Design
has been made to elevate the cut off frequencies to be 1 dB lower than the intended
amplification or attenuation, taking into account the sensitivity of speech and audio
signals. Equalization is established and the bandwidth is isolated within the appro-
priate range using the frequency selector switches.

Different observations were initially observed when high input peak voltage(more
than 0.3V) and operational amplifiers with a weaker class AB amplifier were used.
The instability was observed only when headphones were connected as load to listen
to the equalizer circuit. Headphones have inductors which add reactive components
leading to phase shifts and instability. An inclusion of a proper class AB amplifier
and taking care of the simulated peak voltage when using AC sweep helps us to
overcome the low power. Usually the peak voltage of skin microphone output is
very low(less than 0.30 V), therefore the peak voltage issue is automatically sorted
out when the tool is used for its corresponding input parameter The TLO72 opera-
tional amplifiers are dual amplifiers embedded with class AM amplifiers already in
them. Hence using TL072 amplifiers automatically cancel out the instability issue.
Headphones compatibility is also crucial factor as the loading effects change between
different headphones. The headphones used in the testing has a resistive load of 25
ohms along with its varying inductive load and becomes half when connected in
parallel.

The prototype’s objective was clear: it should be built as the simplest and most
user-friendly form of an assistance tool for audiologists. The necessity to keep things
simple helped us define the extent and boundaries of technology and possibilities.
The scope for making the tool very simple included preferring analog design over
digital, implementing logic and algorithms through electronic components rather
than supporting embedded microcontrollers, using replaceable batteries instead of
rechargeable batteries, and omitting indicators to represent or highlight function-
ality. Even the functional blocks function simply yet are quite useful. Even if the
necessity to meet complicated criteria and high performance with many extra fea-
tures is compromised, the efficacy of the tool to aid audiologists in listening to basic
equalization frequency ranges remains constant. Thus, a simple and efficient tool is
created.

The functional blocks that comprise the equalizers are those for frequency selection
and volume control. The volume control provides a framework for implementing or
improvising various frequency selection techniques. Additional features that could
be readily added to the current base enables the prototype to support upgrade
options. A configurable bandwidth window and aresonant circuit that can pick au-
diometric frequency values for analysis are examples of potential improvements.
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6.1 Future work

The functional blocks that comprise the equalizers are those for frequency selection
and volume control. The volume control provides a framework for implementing or
improvising various frequency selection techniques. Additional features that could
be readily added to the current base enables the prototype to support upgrade
options. A configurable bandwidth window and aresonant circuit that can pick au-
diometric frequency values for analysis are examples of potential improvements.

Future development will focus on other applications that may use the equalizer tool.
Control choices can be improved from the standpoint of the prototype. Additional
bandwidth possibilities can be defined by a thorough calibration and design. Adding
adjustable resistors and capacitors can aid in more precisely choosing desired fre-
quency values. In order to delve further into pitch and tonality, resonant circuits
can be implemented as an extra feature to separate tonal frequencies, their octave,
and harmonics. Using an embedded controller board, digital signal processing meth-
ods can be integrated to add more capabilities. With the current developments in
machine learning and signal processing, digital technology can assist patients in
controlling and personalizing their sense of hearing.

The instrument can be used as a biofeedback and control assisting device or as
a diagnostic and BC testing verification tool. Other fields of study interested in
deciphering the secrets of bone conductivity can also use the instrument.
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Conclusion

The effective appearance of the equalizer prototype’s capabilities is emphasized by
the design implementation’s completion. The prototype efficiently uses signal pro-
cessing techniques to accomplish simple inference tasks through careful planning and
implementation. The preset frequency ranges and volume control functions, which
enable accurate adjusting of the audio output to fit specific requirements, are crucial
to its functionality. The equalizer prototype improves listening quality overall by
allowing users to easily isolate and modify different audio spectrum sections through
the provision of predefined frequency bands.

The design’s portability and ease of use are two of its most noticeable features. The
portability option and ease of deployment in a variety of environments are ensured
by using 9V replaceable batteries. This power source selection improves the sys-
tem’s adaptability and removes the need for complicated wiring or additional power
supplies, making it user friendly and available to a variety of users. Additionally,
the design achieves an acceptable equilibrium between usability, simplicity, and ac-
curacy, all factors that are crucial to achieving the project’s goals. The equalizer
prototype has sophisticated signal processing capabilities, but despite this, its user
interface is simple and easy to use, making it easy for users to navigate and change
settings. The resulting balance assures that the equalization system stays useful
and effective in practical implementations, satisfying the various demands of users
in various scenarios.

The conclusion essentially emphasizes the effective conversion of design thoughts
into a practical and useful equalization prototype. The prototype successfully sat-
isfies the project’s criteria while providing a smooth user experience by carefully
taking into account a number of variables, including power source selection, sig-
nal processing methodologies, and user interface design. In order to maintain the
equalization system’s relevance and influence in the audio processing industry and
beyond, more improvements and alternations can be done as the project progresses
to maximize its functionality and performance.

The prototype’s capacity to provide predetermined frequency ranges and volume
control. which let users customize the audio output to their unique needs and pref-
erences, is one of its main strengths. The prototype makes precise modifications that
improve the overall listening experience easier by offering preset frequency bands,
which make it easier to isolate and manipulate different audio range parts. A gain
controller is also included to further increase the prototype’s adaptability by allow-
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7. Conclusion

ing users to adjust the signal amplification levels for the best possible clarity and
integrity.

Conclusively, the equalizer prototype’s effective implementation marks a remark-
able breakthrough in the project’s development path. The project’s goal of offering
a useful and effective solution for audio processing duties is realized in the proto-
type through careful design and execution. In order to maintain the prototype’s
relevance and influence in the field of audio processing and beyond, more improve-
ments and optimizations can be performed in the future to improve its functionality
and performance.
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