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AUDIOMETER DEVICE DESIGN WITH INTEGRATION OF DIFFERENT
SOURCES

SUMMARY

Audiometry is the technique to identify the nature of hearing loss and to determine
the threshold of hearing by recording responses of the patient after presenting him
with auditory stimuli with varying intensity levels. There are different audiometric
techniques and procedures used for achieving this.

The vast majority of medical devices found in the marketplace as a commercial
product for the field of audiology have been developed for clinical limited testing.
These devices cannot be used for purposes other than those specified by the
manufacturer. This has serious limitations in the experimental design of scientific
research carried out in limited budget training research hospitals, and it reduces the
quality of the research that is revealed. With the circuit designs that can be integrated
externally to the devices used in the audiology clinics, the capabilities of these
devices can be increased and the usage capacity can be increased in line with the
requirements of the clinician or researcher.

In this study, an audiometer is designed and prototyped to generate pure tone, control
both audio channels separately, control audio sources connected from external input.
The pure tone produced or the audio signal from the external source is routed
through switches and transmitted to the patient through the attenuator circuit. Device
control is performed by STM32F746 development Kit.

The device has three different modes as manual test automatic, pure tone threshold
test and volume control. In manual mode, the operator can send pure tone signals to
the patient's ear at a frequency of 250 Hz - 8000 Hz and a range of 0-110 dB with 1
dB sensitivity. According to the responses taken from the patient response button, an
audiogram is created simultaneously on the device screen. In addition, masking white
noise and pink noise with sound-loaded on the memory card can be used. The
Hughson Westlake method was used as the automatic test method. After the test is
started, hearing threshold values are recorded according to the test procedure. An
audiogram is created simultaneously on the screen during the test. In the audio
control mode, the audio signals from the external source can be independently
controlled 1 dB in two channels.

This audiometer helps contribute to academic studies. Moreover, this has been used
in graduate-degree theses in Audiometer branch of Otology in the Faculty of
Medicine in Dokuz Eylul University. Developed audiometer is also almost ready to
manufacture as a commercial device after some procedures for international test and
calibration.

Research Fund of the Izmir Katip Celebi University supported this work. Project
Number: 2016-TYL-FEBE-0031.
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FARKLI KAYNAKLARA ENTEGRE ISITME CiHAZI TASARIMI

OZET

Odyometri isitme kaybini tanimlamak ve hastaya degisen siddetlerde isitsel uyaranlar
sunduktan sonra hasta tepkisini kaydetmek suretiyle isitme esigini belirlemek igin
kullanilan bir yontemdir. Bunun i¢in kullanilan farkl teknikler ve prosediirler vardir.

Odyoloji alanina yonelik ticari bir {liriin olarak piyasada bulanan tibbi cihazlarin
biiylik cogunlugu klinik amacl olarak sinirli testleri uygulamaya yonelik gelistirilmis
olup bu cihazlarin iiretici tarafindan belirlenen amaglar disinda kullanma olanagi
sunulmamaktadir. Bu durum Ozellikle sinirli  biitcelerle egitim arastirma
hastanelerinde yliriitilen bilimsel arastirmalarin deneysel tasarimlarinda ciddi
smirliliklar getirmekte ve ortaya cikartilan arastirmanin niteligini diistirmektedir.
Odyoloji kliniklerinde kullanilan cihazlara harici olarak eklenebilecek devre
tasarimlariyla bu cihazlarin yetenekleri artirilabilir, klinisyen ya da arastirmacinin
gereksinimleri dogrultusunda kullanim kapasitesi arttirilabilir.

Bu ¢alismada saf ton ses iiretebilen, her iki kanali bagimsiz olarak kontrol edebilen,
hafiza kartinda bulunan pembe ve beyaz giiriiltii seslerini maskeleme olarak
kullanabilen, farkli kaynaklara entegre olarak ses kontrolii yapabilen bir odyometre
cithazi tasarlanmig ve prototibi gergeklestirilmistir. Saf ses fonksiyon jeneratorii ile
iiretilmektedir. Uretilen saf ses veya dis kaynaktan gelen ses sinyali anahtarlar ile
yonlendirilerek zayiflatict devreden gecerek hastaya iletilir. Cihaz kontroli
STM32F746 gelistirme kiti ile yapilmigtir.

Cihaz manuel test otomatik, saf ses esik testi ve ses kontrolii olmak iizere 3 farkl
moda sahiptir. Manuel modda operator hasta kulagina 250 Hz - 8000 Hz frekans
araliginda, 0-110dB siddetinde saf ses sinyallerini 1 dB hassasiyetle
gonderebilmektedir. Hasta cevap butonundan alinan tepkilere gore cihaz ekraninda
es zamanl olarak odyogram grafigi olusturulmaktadir. Ayrica, maskeleme sesi
olarak hafiza kartina yiiklenmis olan beyaz ve pembe giiriilti sesleri
kullanilabilmektedir. Otomatik test yontemi olarak Hughson Westlake metodu
kullanilmistir. Test baglatildiktan sonra test prosediiriine gore isitme esik degerleri
kaydedilir. Test sirasinda es zamanli olarak ekranda odyogram olusturulur. Ses
kontrol modunda ise dis kaynaktan gelen ses sinyalleri iki kanalda bagimsiz olarak 1
dB kontrol edilebilmektedir.

Tasarlanan cihaz akademik c¢aligmalara katki saglayacak diizeydedir. Dahasi Dokuz
Eyliil Universitesi, Tip Fakiiltesi, Kulak Burun Bogaz Ana Bilim Dali, Odyometri
Yiiksek Lisans ve Doktora programlarindaki tezlerde kullanilmistir. Gelistirilen
odyometre cihazi ayn1 zamanda uluslararasi test ve kalibrasyon islemleri yapildiktan
sonra ticari olarak iiretilebilir diizeydedir.
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1. INTRODUCTION

1.1 Auditory System

The human hearing system comprises of two sections: (i) a peripheral section, which
is an ear, and (ii) a central section located in the brain, which carries the sensation
from the ears to the auditory area of the cerebral cortex. The auditory area of the
cerebral cortex (called auditory cortex) is the area of the brain, which consecrated to
interpreting the sound that comes to ears. The ear receives the sound in the form of
sound energy, which is a form of air vibration. This vibrating energy comes into the
external part of the ear (called external auditory meatus) and vibrates the eardrum
(technically known as tympanic membrane). A chain of small bones called malleus,
incus and stapes, which conduct this vibration to a specialised organ called cochlea,
picks up this quivering of the tympanic membrane [1]. The cochlea is the transducer
of the hearing system. The function of the cochlea is to convent the vibratory energy
into electrical energy. Once this has been achieved, this electrical energy enters the
nerve of hearing (called auditory nerve) and carries the sensation through different
parts of the brain to the auditory cortex, where the sensation of sound is analysed and
interpreted. For proper hearing, each part of this system right from the external
auditory meatus to the auditory cortex has to be normal. A disorder in any of them

may cause the loss of hearing.

The ear has three sections: the external auditory meatus, the middle ear and the inner
ear (Figure 1.1). Each section plays significant and unique roles in decomposing and
converting acoustical waves into electrochemical impulse signals to prepare signals

to use by the brain.

The external ear is the area from the pinna (technically called auricle) to the eardrum.
The middle ear is from the eardrum to the cochlea, it consists of the three small
bones called ossicles, which are placed in a closed space (called tympanum) filled
with air. The inner ear is the portion of the ear deeper to this, it houses the transducer

(called cochlea), and the organ of balance (called vestibular labyrinth).
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Figure 1.1: Cross-section of the human ear [3].

When sound reaches the inner ear through the eardrum, this phenomenon is called air
conduction. This is the usual path of sounds to reach the eardrum. Sound, particularly
in the low frequency range, may reach the inner ear via the bones in the head rather
than from the eardrum, this phenomenon is called bone conduction [2]. The normal
process via the ear canal is called air conduction. Wearing earplugs results in a
greater percentage of the sound heard coming from bone conduction. Normally only
a small fraction of sound is received in this way; however, deaf people whose inner
ear still functions normally may be able to hear sound conducted to the ear in this
way, for instance by holding between the teeth a wooden rod connected to a vibrating

object.

1.1.1 Anatomy and physiology of the ear

The ear has three main sections as shown in Figure 1.1:
. Outer Ear,

. Middle Ear and

. Inner Ear.

1.1.1.1 The outer ear

The main duty of the outer ear is to guide and concentrate acoustic vibrations to the

eardrum. The divisions of the outer ears are:



Pinna

This is the external flap of cartilage surrounding the entrance to the ear. The shape of
the pinna causes a resonance effect that will alter the amplitude of the pressure wave
at different frequencies. Since this spectrum shaping changes based on the sounds
origin, the pinna also helps with sound localization.

Auditory canal

The auditory canal is a complex cavity roughly 3-cm long. It acts as a resonator that
further shapes the spectrum. Specifically, this resonator amplifies the spectrum
between 2 kHz and 5 kHz. This is an important range for speech recognition. The

combination of the auditory canal and the pinna together is also called as the meatus.
Tympanic membrane (eardrum)

It is located at the end of auditory canal. The function of the tympanic membrane is
to collect air vibrations and to convert them into mechanical movements in the
middle ear. It is an incredible sensitive instrument and it operates the range of more
than 100 dB. In other words, the eardrum can detect more than 10,000,000,000 times

the minimum sound level (SPL, sound pressure level).

1.1.1.2 The middle ear

The middle ear is a 2-cm space between the tympanic membrane and the cochlea. It
consists of three bones (the malleus, incus, and stapes) surrounded by air, which is
shown in Figure 1.2. These bones, are also known as the ossicles, are among the
smallest bones in the human body. The function of .the middle ear is to correct the
impedance mismatch between the air in the outer ear and the fluid in the inner ear by
collecting energy in the comparatively large tympanic membrane and focusing it on
the relatively small oval window that sits at the base of the stapes. Similar to every

medium, the middle ear will also more or less change the spectrum.
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Figure 1.2: The middle ear [3].

1.1.1.3 Theinner ear

The most important portion of the inner ear is the cochlea, shown in Figure 1.3. It is
an approximately 35 mm long coiled tube. This tube is full of a lymphatic fluid and
is divided lengthwise by the basilar membrane and organ of corti. The stapes
connects to the cochlea at its base through the oval window. Vibrations from the
stapes travel through the lymphatic fluid to the apex of the cochlea and then back
down the other side of the partition to the round window. This induces movement of
the partition. The manner in which the partition moves plays an important part in

how the sound is encoded into neural impulses.

semicircular
canals

" auditory

incus & » NErve

malleus

Figure 1.3: The inner ear [3].



Figure 1.4 shows a cross-section of the cochlea. Along the left side there are a series
of nerves that are fed into the middle of the cochlea. This area is known as the organ
of corti and is where transduction (conversion of physical movement to neural
impulses) occurs. It sits at top the basilar membrane and below the tectorial
membrane. As the basilar membrane moves up and down the tectorial membrane
sheers across the organ of corti. This causes the cilia that sit above the hair cells to
bend. This results in the firing of the nerves attached to the hair cells. It is important
to note that at different points along the cochlea the organ of corti may be registering
different levels of vibration. All told, there are about 30,000 sensory hair cells

measuring the exact movement of the cochlea.

Figure 1.4: Cross-section of the cochlea [3].

1.1.2 Sound perception

Sound is generated in nature whenever an object vibrates in an elastic medium like
air. Sounds in nature are complex and not pure tone or sine waves [4]. However, all
complex sounds can be considered as a mixture of different pure tone sounds of

different frequencies.

The ear is not equally sensitive to all frequencies, particularly in the low and high
frequency ranges. The frequency response over the entire audio range has been
charted, originally by Fletcher and Munson in 1933, with later revisions by other
authors, as a set of curves showing the sound pressure levels of pure tones that are
perceived as being equally loud [1]. The curves are plotted for each 10 dB rise in
level with the reference tone being at 1 kHz, also called loudness level contours and
the Fletcher-Munson curves (Figure 1.5). The lowest curve represents the threshold

of hearing, the highest the threshold of pain.
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Figure 1.5: Fletcher and Munson curves to show the response of a human hearing
mechanism by means of frequency and loudness levels.

The curves are lowest in the range from 1 to 5 kHz, with a dip at 4 kHz, indicating
that the ear is most sensitive to frequencies in this range. The intensity level of higher
or lower tones must be raised substantially in order to create the same impression of
loudness. The phon scale was devised to express this subjective impression of
loudness, since the decibel scale alone refers to actual sound pressure or sound

intensity levels.

Although human hearing ranges from 20 Hz to 20 kHz, there is little speech
information above 8000 Hz, and perception of frequencies below 100 Hz is
increasingly tactile in nature, making them difficult to assess. In addition, the loss of
hearing sensitivity is observed first at high frequency (8 kHz) and later on as the loss
progresses, its effect is observed in the mid-frequency region (1-2 kHz) as well. By
the time the loss is observed in the low frequency region, the subject will be near to
deafness. Hence, audiometric tests carried out in the low frequency region do not
give any significant information about hearing loss. Therefore, audiologists routinely
test only in the range of 250-8000 Hz, often in octave steps. Standardized frequencies
tested include 250, 500, 1000, 1500, 2000, 3000, 4000, 6000, and 8000 Hz. This
represents octave intervals, by convention, but intervening frequencies may also be
tested [1].



The sound level of acoustic measurements given in dB, is calculated by assuming the
sound pressure of 20 microPa as the reference level, is known as sound pressure level
(SPL).

Sound level dB SPL = 20 log (measured sound pressure / 20 microPa) (1.2

However, the sound level of pure tones is calculated by taking average hearing
threshold in dB of normal hearing young adults as the reference, and is known as

hearing level (HL) in audiometry [5].
Sound level dB HL = 20 log (measured sound —average threshold of normal hearing) (1.2)

The hearing threshold is frequency dependent, and hence SPL corresponding to a

given HL varies with frequency. Intensity levels in audiometers are indicated in HL.

Table 1.1 gives the dB SPL (dB HL) threshold values of a normal person for
standard frequencies. The "0 dB" hearing level in audiometry is a modal value
derived from a large population of normals. Normal values for auditory thresholds
were defined by the International Standards Organization (ISO) in 1984. These

values are derived from large population studies of normal adults 18-30 years of age.

Table 1.1: Threshold values in dB SPL for 0 dB HL (ISO, 1984) [1].

Frequency (Hz) 250 500 1k 15k 2k 3k 4k 6k 8k

dB SPL 255 115 7 6.5 9 10 9 105 13

Since both HL and SPL are logarithmic units, a certain increment in HL corresponds

to the same value increment in SPL [4].

1.1.3 The common investigations for hearing

Different audiological investigations help us to diagnose the nature of deafness and
localise the site of disorder. The commonest investigation for deafness is pure tone
audiometry. It measures hearing acuity (i.e. how perfectly the subject can hear) and
tells us whether is deafness is conductive (disorder in external auditory meatus and /
or middle ear) or sensorineural (disorder in the inner ear or in the nerve of hearing in
the brain) or whether the deafness is mixed, i.e. a disorder combining both the

conductive apparatus as well as the inner ear / nerve of hearing.



Tympanometry is also a common audiological investigation. It assesses the structural
integrity of the middle ear. It helps us to diagnose the nature of the disorder in the
middle ear in cases of conductive or mixed deafness. It can tell us whether there is
any stiffness of the ossicular chain, whether the ossicular chain is broken, or whether
there is collection of fluid in the middle or the eardrum had become immobile due to
adhesions in the middle ear.

If audiometry test has diagnosed the deafness to be sensorineural in type, there are
some specialised test like- short increment sensitivity index (SISI), tone decay,
speech audiometry and acoustic reflex tests which can tell us whether the disorder is
in the cochlea or in the nerve of hearing [2]. The brain-stem evoked response
audiometry (BERA) is used for sensorineural deafness and is usually done to
objectively assess the site of lesion in retrocochlear type of sensorineural deafness
(i.e. if a lesion is expected in the auditory nerve or in the neural pathways, which
carry the sensation through the brain). It is also used to objectively assess the hearing

acuity of children who cannot respond properly.

1.2 Audiometry

Audiometry is the technique to identify the nature of hearing loss and to determine
the threshold of hearing by recording responses of the patient after presenting him
with auditory stimuli with varying intensity levels. There are different audiometric
techniques and procedures used for achieving this. For air conduction testing, stimuli
are presented to each ear independently with specialized earphones. For bone
conduction testing, a bone vibrator is placed onto the mastoid process of either right
or left temporal bone; external auditory canals are not usually occluded [6]. All
equipment must be continually calibrated to conform with international standards.
This ensures that a gradual loss of hearing noted on serial testing is truly valid and
not due to machine error. Audiometry is performed in an isolated sound-dampened
environment. As with other psychoacoustic testing, all audiometric equipment is

discretely arranged so that visual (nonacoustic) cues are minimized [6].

1.2.1 Masking in audiometry
In audiometry, both ears are tested separately. In air and bone conduction audiometry

where sound is applied to one ear, the contra lateral cochlea is also stimulated by



transmission through the bone of the skull. In case the sound in one ear is sufficient
to stimulate the second ear, it is called cross hearing.

During the air conduction test, the stimuli while passing from test ear to cochlea of
the non-test ear gets attenuated. This loss of sound energy is called interaural
attenuation and varies between 45 to 80 dB [4]. However, during bone conduction
test, the cochleae of both sides are equally stimulated i.e. the inter-aural attenuation
is of 0 dB. Hence, cross hearing is a serious concern in case of bone conduction test
than it is for air conduction. A bone vibrator is placed over the mastoid process of the
appropriate ear and pure tones are transmitted. Factors such as vibrator placement
and pressure may influence results. Fewer frequencies are tested: 250, 500, 1000,
2000, 3000, and 4000 Hz. In addition, audiometer output is limited to approximately
80 dB due to distortion and other technical factors. Interrupted signals in an
ascending series are again preferred. Whenever cross hearing is suspected, it is

necessary to remove the non-test ear from procedure.

A simple procedure by which this can be done is to deliver a noise to the non-test ear
in order to remove it from the test procedure by masking. Here masking noise is loud
enough to prevent the tone reaching and stimulating the non-test ear, but at the same
time, it should not mask the sensitivity of the test ear over-masking [4]. Thus, an
audiologist should provide appropriate level of masking. The masking noise is often
selected to be a wide-band noise, or narrow band noise with the band centered about
the test frequency. Wide-band noise has uniform power density spectrum over all the
audible frequency range i.e. from 250 Hz to 8 kHz. However, the masking effect is
actually contributed by frequency components centered on the test tone frequency,
over a bandwidth of about 1/3 to 1/2 octave, known as critical band. Broadband noise
band-pass filtered with a band approximately corresponding to the critical band is
known as narrow band noise, and compared to wide band noise it gives the same

masking effect at a lower sound pressure level.



1.2.2 Audiogram

An audiogram is a plot of threshold intensity versus frequency. The intensity scale in
HL increases downwards, and hence the audiogram resembles like an attenuation
response, a lower point on the audiogram indicating higher loss. A typical audiogram
(dB HL vs. frequency graph) comparing normal and impaired hearing is shown in
Figure 1.6. The dip or notch at 4 kHz as shown, or at 6 kHz, is a symptom of noise-

induced hearing loss.
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Figure 1.6: Audiogram of normal ears and impaired ears [2].

Most thresholds are approximately 0 dB HL for a normal ear. Points below 0 dB HL
on the scale denote louder threshold levels, whereas those above, expressed in
negative decibels with respect to the zero level, are less intense levels, because of
individual hearing differences, some people may normally hear. Thresholds for the
left ear typically appear in blue and for the right ear, in red. The symbols used on

most audiograms are

x - left air conduction

0 - right air conduction

o - left air conduction with masking

A - right air conduction with masking
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1.3 Techniques And Procedures
There are two types of audiometric techniques, subjective type and objective type.

In subjective test, the patient has to respond when he hears the presented sound.
Subjective type audiometric test involves presentation of systematically varying

acoustic stimuli to the subject and recording the responses.

Obijective test only requires co-operation from the patient towards attachment of the

measuring electrodes or probes.

There are different audiometeric procedures depending on the stimuli used.

1.3.1 Pure tone audiometry

Pure tone audiometry is a procedure for determination of the extent of hearing loss
and the cause, i.e. conduction or sensorineural loss. The subject is hearing threshold
for acoustic stimuli of different frequencies are measured. The initial level of the

stimuli is selected by the audiologist.

In this technique, at the outset, patient is instructed to signal the audiologist each
time a tone is perceived. A variety of response signals may be employed - responding
"yes" with each tone, tapping the rhythm of tones, or pointing to the ear where the
tone is heard, or better by a response switch. For air conduction thresholds,
earphones are comfortably positioned and the better ear tested first, if known. If not
known, some audiologists will quickly screen each ear using the same initial
frequency and the better ear tentatively determined. Tones are often presented in an
ascending series, that is, from low to high frequency [6]. Initially a single frequency
stimulus at some presumed level is presented to the patient. Initially a pure tone of 30
dB HL is presented to the subject. If the response is positive, the tone level is
decreased in steps of 10 dB until the patient does not give response. On the other
hand, after applying 30 dB tone at first time, if the patient does not hear it, the level
is raised in steps of 10 dB step until it is heard for first time. Once, the response is
positive, the tone is decreased by 10 dB. If the patient hears this tone, the tone is
again decreased by 5 dB. If the patient does not hear it, the tone is again raised by 5
dB. In this way by several presentations, the hearing threshold is obtained. Often,
tone intensities slightly above and below this auditory threshold are tested to verify

and help "hone in" on the precise threshold value. The minimum presentation level at
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which the subject responds at least 50% times (3 responses out of 6 tone

presentations), is taken as the hearing threshold.

1.3.1.1 Hughson-Westlake technique

The basic audiometric assessment method is called the Hughson-Westlake technique.
When you are performing audiometric assessment, you can use whether an ascending
technique or a descending technique or a combination. The words ascending and
descending mean going up and going down. When applied to audiometry, they relate
to the clinician increasing the level of the sound or decreasing the level of the sound
to determine the client’s hearing threshold. The Hughson-Westlake technique is the
most common testing technique used. It is more common form known as the
modified Hughson-westlake technique in which the original method has been
changed slightly. It is an ascending method and is sometimes referred to as the “up
5dB -down 10dB’ procedure.

The first presentation is reasonably loud e.g. 60dBHTL. If the client responds, the
intensity is reduced by 10dB until there is no response. It is then increased by 5dB
until there is a response. The intensity is again reduced by 10dB until there is no
response and then increased by 5dB until there is a response. If the initial sound is
not responded to, increase the level of intensity by 5dB until the client responds.
Sometimes starting at 60dBHTL is too loud. If the client were likely to have normal
or near normal hearing, it would be better to start at 30dBHTL. Occasionally it is

best to start at 0dB and increase from there.

The threshold is determined when there are 2 out of 3 responses.(Figure 1.7) Only
the responses on the ascending series are taken into account, which is why it is called

an ascending technique [7].
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Figure 1.7: Hughson-Westlake technique threshold selection [8].
For example,
There was no response at 0 dB HL after initial descent.
5 dB HL - no response
10 dB HL — response
0 dB HL — no response
5 dB HL - response (there has now been a response in 1 of 2 presentations)
-5 dB HL — no response

0 dB HL- response (At the level 0 dB HL, there were 0 / 3 responses. This not
threshold.)

5 dB HL - response (There have been 2 / 3 responses, this is threshold).

The results of the audiometry are reported in an audiogram. Different shapes of
audiograms are associated with different types of hearing loss [4]. When prescribing
hearing aids the audiogram will guide the degree of amplification required at various

frequencies.

1.3.2 Tone decay test (TDT)

Of all the auditory tests designed for detection of the site of pathology in the
sensorineural pathway, the tone decay test is the most commonly used [1]. This is
because the test can be reliably carried out on any pure tone audiometer. It has been
statistically shown that a pathology in the auditory nerve causes an abnormally rapid

deterioration in the threshold of hearing of a tone if presented continuously to the ear.
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In this test, we try to quantify the deterioration in the auditory nerve. This test can be
carried out with or without detecting the hearing threshold of the subject.

The operator selects the frequency. The subject is instructed to press the response
switch as soon as he hears the tone and he will once again press the switch if he
doesn’t hear the tone. The duration between these two responses is measured. The
tone is presented and the level is incremented, starting form 30 dB HL, until the
subject responds. If the subject is able to hear the tone for more than one-minute [4],
the tone level is decremented in steps of 5 dB, and the same procedure is repeated
until the tone is audible for less than a minute. If the subject is not able to hear the
tone continuously for more than one minute, the intensity is incremented by 5 dB and
again tested for the same. The tone is either incremented or decremented without
switching off the tone. The lowest intensity for which patient is able to hear the tone
for about 1 min. is considered as threshold at that frequency for tone decay test.
Similarly, the testing is done for other frequencies and the relation between threshold
and frequency is obtained. Tone decay test is used to diagnose the sensorineural
deafness [4].

Tone decay is usually classified as normal if decay is 0 to 5 dB, as mild if 10 to 15
dB, as moderate if 20 to 25 dB, and as severe if 30 dB or above. Severe decay is
considered to be suggestive of a retrocochlear lesion and warrants further
investigation. If tone decay in excess of 30 dB exists the patient should be subjected

to thorough and detailed neuro-otological examination.

1.3.3 Short increment sensitivity index test(SISI)

The SISI test is used to detect the pathology in cochlear or retrocochlear lesions [4].
This test is normally carried out after finding the pure tone hearing threshold using
normal pure tone audiometry This test determines the capacity of a patient to detect a
brief 1 dB increment in intensity, provided at 5 seconds interval at a particular

frequency.

In SISI test, the operator will select the test frequency and set the level to 20 dB
supra-threshold level. The tone is presented with brief bursts of 1 dB modulation
above the carrier tone at every 5 s. The 1 dB increment is presented for an interval of
300 ms, out of which the rise time and fall time are 50 ms each. The patient is asked
to press the response button whenever he detects a change in the level [4]. Twenty
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such bursts are given and out of them, the number of bursts the patient is able to
detect is recorded. The no. of responses is converted to percentage and stored as the
test results. The same procedure is repeated for each frequency, and the result is
stored. A SISI audiogram is plotted on the basis of percent score for each of the test

frequencies.

1.3.4 Bekesy audiometry

This is another form of pure tone audiometry, its specialty being that, a self-
recording audiometer is used in which the changes in intensity as well as frequency
are done automatically by means of a motor [4]. The change in frequency can occur
in forward or in backward manner. Conventionally, a forward change is used. The
motor drive attenuator is controlled by a switch, which is operated by the patient.
The patient presses the switch as soon as he hears a sound and releases it as soon as
he stops hearing the sound. The audiometer is so programmed that a tracing is
recorded only when the patient presses the switch, the frequency being continually
changed either in the forward or backward manner. A graphical representation of the
patients hearing threshold across the entire frequency range is thus obtained by the
successive crossing and recrossing of the hearing threshold in the form of a jugged
line. Two tracings are recorded for each ear, one by presenting a continuous tone and

other by presenting a pulsed tone [4].

In type 1, the tracings for the continuous and pulsed tones are superimposed upon
each other, found in normal ears and ears with conductive deafness. In type I, the
tracings for the continuous and pulsed tones are superimposed up to 1k Hz, but above
1k Hz, the tracing for continuous tone falls below that of the pulsed tone. In type IlII,
the tracing for continuous tone falls considerably below that of the pulsed tone right
from the start. In type IV, the tracing for continuous tone falls below that of pulsed
tone right from low frequencies but not as much as type Ill. In type V, the continuous

tone is above the pulsed tone [4].

1.3.5 Speech audiometry

While pure tone threshold testing attempts to assess sensitivity, speech audiometry
testing attempts to address the integrity of the entire auditory system by assessing the
ability to here clearly and to understand speech communication. The main use of

speech audiometry is in the identification of neural types of hearing loss, in which
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both the reception as well as the discrimination of speech is impaired more markedly
than in cochlear or conductive hearing loss. There are two types of speech

audiometric tests, speech discrimination test and speech-reception threshold test.

1.3.5.1 Speech discrimination test

In this test, lists of monosyllable-speech discrimination words are presented over
earphones for each ear which patient is asked to repeat. The percentage of the total
number of words presented that the patient is able to identify correctly gives the
speech discrimination score (SDS). The SDS is determined when the patient repeats
50% of the words correctly. The result of this test is from 0 to 100%. Generally, a
high score is associated with normal hearing or conductive hearing loss and low

score is associated with sensorineural loss.

1.3.5.2 Speech reception threshold test

This test is almost similar to the speech discrimination test. This test uses two
syllable words with equal stress (spondees) and these words are attenuated
successively. The SRT (speech reception threshold) is supposed to the lowest hearing
level in dB HL where the subject correctly identifies 50% of spondee words among
lists applied to the subject. To estimate SRT, a group of six spondee words is
presented at 25 dB above the average pure tone audiometry threshold for 500 Hz and
1000 Hz, and then at successively lower intensities. When the level is such that the
subject is able to identify three words out of six correctly, the level is taken as SRT.
The SRT of a normal subject is very closely related to his pure tone-hearing
threshold and the SRT is generally 2 dB lower than average of pure tone hearing
level thresholds at 500 Hz and 1 kHz. A list of 36 such words in English language
are prepared by the Central Institute for the Deaf.

A way of differentiating between neural and other types of hearing loss is by
graphically plotting the performance intensity function. This is done by ascertaining
the speech discrimination score at different sensation levels and plotting the
percentage of correctly identified words as a function of the intensity of presentation

of the words.
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1.4 Audiometer

An audiometer is a medical device that is used for carrying out these hearing tests
and procedures. Audiometer can designed in different types depending upon the
different criteria: frequency range, range of acoustic output, mode of acoustic
presentation, masking facility, procedures used, and types of acoustic stimuli. It
should be capable of generating pure tones at a specific frequency, specific intensity,

and duration, either singly or in series.

A conventional audiometer must handle the frequency selection with calibrated scale
and tone masking with noise level selection. After carefully observing the responses
of the subject, the audiologist changes the level of the stimulus manually. This comes
with some limitations and drawbacks. For example, the interrupter switch is used for
tone switching mechanically. The presence of some mechanical parts makes the
instrument more susceptible to dust and humidity. Moreover, the calibration is

necessary once in six months at least.

The enhancement in technology has helped producing the various switches as simple,
flexible, and noise free. Furthermore, the hearing test procedure becomes automated.
The application of microprocessor (or even PC) in audiology offers many advantages
in terms of flexibility and simplicity over their conventional counterparts. In
addition, increased accuracy and precision removes the need for frequent calibration

of audiometer, which was required for earlier audiometers.

A generalized block diagram of an audiometer is given in Figure 1.8. It consists of
two audio source channels, which are tone generator (or oscillator) and noise
generator. Each channel has an equalization circuit, an attenuator circuit, and a power
amplifier. The tone generator should produce pure-tone sinusoid signal having a
frequency range from 250 Hz to 8 kHz. The frequency of the generator can vary by
an external frequency control input. The generated signal must be almost stable. The
signal is allowed to fluctuate within £3 percentage of the indicated frequency. The
generated signal reaches the equalization circuit first to provide frequency dependent
attenuation. This is required to calibrate the output sound levels in dB HL and to
provide different amount of attenuation for different output devices like headphone,
loudspeaker, and vibrator. The attenuator, known as the hearing or tone level control,
should be capable of controlling the output sound level over a desired range in steps

of 5 dB. Calibration should ensure the output sound level to be within + 3 dB of the
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indicated value. For the masking purpose, the noise generator should provide wide-
band noise, which has energy spectrum equally distributed over the test frequency
range i.e. up to 8 kHz. There should also be a facility for narrow band noise, wherein
the narrow band noise output should be distributed around the test frequency. The
output power available from the power amplifier determines the maximum sound
pressure level available from the headphones and the bone vibrator. The amplifier
must have low distortion and a good S/N ratio to meet the standard requirements. A

response switch is given to the patient, to indicate his response.

Tone level control O ¢ Noize level control
Frequncy control  Cr—
Signal Interrupter MNoise
Generator
Oscillater — Indication
Equalization g—rt
Attenuator |4 ) Attenuator
Power Power
Amplifier Amplfier
Test Mon-test Patient
Ear Ear Response
+ Stimulus Masker Button

Figure 1.8: A general block diagram of audiometer[5].

1.4.1 Comparison of different audiometers

A comparison of various audiometers are summarized in this subsection (Table 1.2).
These screening audiometers are produced for commercial purposes. As seen in the
table, these audiometers have frequency values between 125-8000 Hz and they have
not masking features. In addition, they have manual and automated audio test

features. These devices are used Hughson-Westlake method for automatic audio test.

The purpose of this thesis, designing an audiometer that can be controlled with the
touch screen, capable of automatic and manual audio test, capable of audio control of
integrated to different sources, capable of masking which can use audio files on the

memory card and audio from integrated sources as a masking audio.
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Table 1.2: Comparison of different audiometers.

MASKING

CONTROL &

BRAND MODEL TYPE OF TEST FREQ. RANGE NOISE OUTPUT DEVICE INDICATION OPERATION INTERFACE
Grason-Stadler GSI 18 Air conduction Test 125-8000Hz (-9 Head Phone LCD Manual ()
Interacoustics AS608 Air conduction Test 125-8000Hz () Head Phone LCD/PC Software Manual/ usB
Auto (Hughson-Westlake)
Maico MA30 Air conduction Test 250-8000Hz ) Head Phone LCD Manual/ )
Auto (Hughson-Westlake)
. . . LCD Manual/
Otometrics RA800 Air conduction Test 250-8000Hz () Head Phone (Touch Screen) Auto (Hughson-Westlake) ()
Previous Study[9]
Microcontroller-Based Audiometer . . . Manual/
Device Design [9] Air conduction Test 250-2000Hz () Head Phone Led Display Auto RS 232
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2. DESIGN AND INSTRUMENTATION

The designed device is composed of various parts (Figure 2.1).These sections;

1. Audiometer Box
e Main Control Card (STM32F746G-DISCO)
e Signal Generator (Pure Tone Generator)
e Attenuator Circuits
e Analog Switches
e External Input dB meter Circuit
e Power Supply Board
2. Headset
3. Patient Response Button

Audio Output

Analog v

S [\L/: I\B/I_V_,//

Switch
Circuit

Attenuator Circuit

Attenuator Circuit

COC.
Pure Tone . """ MAIN CONTROL BOARD

Generator ~.
/ 7
/'/
A 4.3inch TFT
\ \\ Touch Screen
\

N\

dB Meter Circuit

A_\

2 ¢
— 1 Audio Input |

\ ~ /
\\_ L) @) ,,,,/

w1
N, N
N s N
o L Audio SD Card -
e “Qutput ~ Slot
\ﬁ/

,,___\\

/

7

// \\ // \\‘

/ L /P A AN
Anis atient ™\
Button Response

Button

Figure 2.1: General block diagram of device.

Audio signals which are generated in pure tone generator, played from memory card
or transmitted from integrated devices, are transmitted to attenuators with selector
switches. Audio signals are processed at this part of audiometer and transmitted to

the patients. Patients’ responses are taken by patient response button. Users can

control the audiometer by the touch screen.
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2.1 Main Control Card

STM32F746G-DISCO discovery board manages all control operations of audiometer
(Figure 2.2). The STM32F746G-DISCO discovery board (32F746GDISCOVERY) is
a complete demonstration and development platform for STMicroelectronics ARM®
Cortex®-M7-core based STM32F746NGH6 microcontroller. This microcontroller
features four 12Cs, six SPIs with three multiplexed simplex 12S, SDMMC, four
USARTS, four UARTS, two CANSs, three 12-bit ADCs, two 12-bit DACs, two SAls,
8- to 14-bit digital camera module interface, internal 320+16+4-Kbyte SRAM and 1-
Mbyte Flash memory, USB HS OTG, USB FS OTG, Ethernet MAC, FMC interface,
Quad-SPI interface, SWD debugging support.

The full range of hardware features on the board helps evaluate almost all peripherals
(USB OTG HS, USB OTG FS, 10/100-Mbit Ethernet, microSD card, USART, SAI
Audio DAC stereo with audio jack input and output, MEMS digital microphones,
SDRAM, Quad-SPI Flash memory, 4.3-inch color LCD-TFT with a capacitive multi-
touch panel, SPDIF RCA input, etc.) and to develop applications [10].
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Figure 2.2: STM32F746G-DISCO discovery board.

With the embedded program that is written into the STM32F746NGH6
microcontroller on the main control card, Graphical User Interface (GUI) is designed
and memory card audio player is programmed. Pure tone generator circuit and
attenuator circuits are controlled by SPI 3-wire serial communication and audio

signals are controlled via 74HC4066 analog switch.

22



2.2 Pure Tone Generator

Pure tone is generated with XR2206 function generator that is capable of producing
high quality sine waveform of high-stability and accuracy. The circuit for sine wave
generation with minimum harmonic distortion is designed (Figure 2.3). In addition,
DS1868 digital potentiometer is used for adjusting frequency and amplitude of pure

tone by main controller board with serial communication.

The DS1868 Dual Digital Potentiometer Chip consists of two digitally controlled
solid-state potentiometers. Each potentiometer is composed of 256 resistive sections.
Between each resistive section and both ends of the potentiometer are tap points that
are accessible to the wiper. The position of the wiper on the resistor array is set by an
8-bit value that controls which tap point is connected to the wiper output.
Communication and control of the device is accomplished via a 3-wire serial port
interface. This interface allows the device wiper position to be read or written.
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Figure 2.3: Pure tone generator circuit.

The harmonic content of sinusoidal output can be reduced to -0.5% by adjustments.
The potentiometer RA adjust the sine-shaping resistor and RB provides the fine

adjustment for the waveform symmetry. The adjustment procedure is as follows:

e Set RB at midpoint and adjust RA for minimum distortion

e With RA set as above, adjust RB to further reduce distortion.
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The frequency of oscillation fO is determined by the external timing capacitor (C)
across pin 5 and 6, and by the timing resistor of DS1868 digital potentiometer is used

for timing resistor connected to pin 7. The frequency is given at equation 2.1.;

fO = R_C Hz (21)

The value of timing capacitor is 0.1uF. DS1868 digital potentiometer chip can be
adjusted between 0-50kQ (H1-W1-L1). The calculation of frequencies are shown in
Table 2.1.

Table 2.1: Calculation of digital potentiometer.

Frequency (Hz) C (uF) R (Q)
250 0.1 40000
500 0.1 20000
1000 0.1 10000
2000 0.1 5000
4000 0.1 2500
8000 0.1 1250

Maximum output amplitude is inversely proportional to external resistor DS1868
(Figure 2.4). Amplitude is extremely 60mV peak per kQ of DS1868 digital
potentiometer chip (HO-WO0-LO). Output amplitude is set to 100dB sound level of

headset.
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Figure 2.4: Output amplitude as a function of DS1868 [11].

2.2.1 Communication with DS1868
Communication and control of the DS1868 is accomplished through a 3-wire serial

port interface that drives an internal control logic unit. The 3-wire serial interface
consists of the three input signals: RST, CLK, and DQ.

24



The RST control signal is used to enable the 3-wire serial port operation of the
device. The RST signal is an active high input and is required to begin any
communication to the DS1868. The CLK signal input is used to provide timing
synchronization for data input and output. The DQ signal line is used to transmit
potentiometer wiper settings and the stack select bit configuration to the 17-bit I/O
shift register of the DS1868 (Figure 2.5).

STACK SELECT BIT

b16 POTENTIOMETER-O b9 b8 POTENTIOMETER-1 b1 b0

Figure 2.5: 17 bit 1/O shift register [11].

2.3 External Input dB Meter

Audio signals’ volume are measured by dB meter circuits and shown on the screen.
Audio signals processed in the dB meter and divided to 0-5V for analog inputs of

main controller board (Figure 2.6). Moreover, dB value is calculated by embedded

software.
D1
J14 ¢ <] doleft
PIN DIODE
db measurement pin left R10
Sk
R8
1k ——C18
nF
R9
—C1 1k
nF
D2
J15 K < abrignt
PN DIODE
db measurement pin flgm R1 3
5k
R11
K = C21
nF
R12
—— C20 1k
1nF

Figure 2.6: dB meter circuit.

Meters acquire AC rms voltage on measuring, recording, and output levels in an

electronic gear in general. For a given resistor R, the power is

V2/R 2.2)
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So, the difference in voltage level is
20 log(V2/V1) dB = 10 log (V22 / V12) dB = 10log (=) (2.3)
or, absolute voltage level

20log () (2.4)

where Vref is reference voltage.

The obvious level to choose is one-volt rms, and in this case, the level is written as
dBV. This is rational, and convenient with modern analog-digital cards whose
maximum range is often about one volt rms. There is no simple method to convert
dBV into dB of sound level. It depends on how you convert the electrical power into
sound power. Even if your electrical signal is connected directly to a loudspeaker, the
conversion will depend on the efficiency and impedance of your loudspeaker. In this
study impedance of headset, which are TDH39 model, is 10Q. Calculations of dB
meter made by main board according to TDH39 Headset [12].

2.4 Attenuator Circuits

Audio signals that are generated from pure tone generator and audio player calibrated
to 90 dB volume, transmitted to attenuator circuits. In addition, audio signals from
different sources are measured by dB meter circuit and transmitted to attenuator

circuits. PGA2311 stereo audio controller is used on the circuits.

The PGA2311 device is a high-performance, stereo audio volume control designed
for professional and high-end consumer audio systems. The PGA2311 uses an
internal high-performance operational amplifier to yield low noise and distortion.
The PGA2311 also provides the capability to drive 660-Q loads directly without
buffering. The 3-wire serial control interface allows for connection to a wide variety
of host controllers, in addition to support for daisy chaining of multiple PGA2311

devices.

The heart of the PGA2311 is a resistor network, an analog switch array, and a high-
performance operational amplifier stage. The switches select taps in the resistor
network that determine the gain of the amplifier stage. Switch selections are
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programmed using a serial control port. The serial port allows connection to a wide
variety of host controllers. The Functional Block Diagram shows a model diagram of
the PGA2311 (Figure 2.7).
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Figure 2.7: Functional block diagram of PGA2311 [13].

The gain for each channel is set by its corresponding 8-bit code, either R[7:0] or
L[7:0]. The gain code data is straight binary format. If N equals the decimal
equivalent of R[7:0] or L[7:0], then the following relationships exist for the gain

settings:

e For N = 0: Mute Condition. The input multiplexer is connected to analog
ground (AGNDR or AGNDL).
e ForN=1to255

Gain (dB) = 31.5 — [0.5w (255 — N)] (2.5)
This results in a gain range of +31.5 dB (with N = 255) to —95.5 dB (with N =1). In
design of attenuator circuits, the daisy changing of multiple PGA2311 chips feature
Is used. 16+16=32bits shift register data is sent to these chips. The first 16 bits of
data is set the volume of first chip and second half of the data is set volume of second
chip. Thus, two PGA2311 chips are controlled one 3-wire serial connections. The
PGA2311 also provides the capability to drive 660Q loads without buffering.
Therefore, there is no need to design buffering circuit for TDH39 (10 Q) Headsets.
Attenuator circuits are designed according to recommended connection diagram of

device (Figure 2.8).
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The serial control port is used to program the gain settings for the PGA2311. The
serial control port includes three input pins and one output pin. The inputs include

Figure 2.8: Attenuator circuits.

CS (pin 2), SDI (pin 3), and SCLK (pin 6). The output pin is SDO (pin 7).

The CS pin functions as the chip-select input. Data can be written to the PGA2311
only when CS is LOW. SDI is the serial data input pin. Control data are provided as
a 16-bit word at the SDI pin, 8 bits each for the left and right channel gain settings
(Figure 2.9). Data are formatted as MSB first, in straight binary code. SCLK is the

serial clock input. Data are clocked into SDI on the rising edge of SCLK.

28




oI |R7|RB|R5|R4|R3|H2|H1|R0|L7|L8|L5|L4|L3|L2|L1|L0|

SsDO |R7|R6|H5|R4IH3|R2|R1|RO|L7|L6|L5|L4|L3|L2|L1|L0|

Figure 2.9: Serial interface protocol [13].

2.5 Source Switch Circuit

Audio signals, which are generated from pure tone generator audio player and
different sources, are transmitted to patient by selection of analog switches. There are
2 74HC4066 analog switch chips used on this audiometer. One of them located to
output of pure tone generator and used for selection of right and left channel. Other
one is used for controlling external inputs and audio player outputs that transmits the
audio signal to the headsets according to audiometer’s operating mode. As an
example, the transmission of pure tone audio signal to the right channel is shown
below (Figure 2.10).

74HC4066

> v 1z L L
1E

External Input

o

STM32F46 Audio Output
Attenuator
Circuit

>
D >

Pure Tone Generator -

Audio Output

Attenuator
Circuit
2

.Closed
D Open

Figure 2.10: The transmission of pure tone audio signal to the right channel.

2.6 Power Supply Board

The power supply could be designed as a linear structure. In this type of power
supply, line voltage is reduced to designed voltage with transformer. After

rectification and filtering process, output voltage is regulated. Using line-frequency
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transformers and huge size of filtering equipment are cause lots of cost, power

consumption and large sizes.

Next, in the process of regulation, voltage of regulation chip turns to thermal energy
depends to drawn of current. In practice, SMPS power supply is designed with the
help of manual and application manual of TOP244Y embedded system and 12V DC
is obtained (Figure 2.11). Then this voltage level inverted to +-5V level with
Meanwell DCWO08A-05 and SCWO08A-05.

PERFORMANCE SUMMARY
Output Power: 30w
Regulation: +4%
Efficiency >79% 22Nk c14 RIS
Ripple: <50 mV pk-pk - | 1nF 1500
> . : LS 12
_L 33 pH @ 2.5A
c3 H
4ToF : D8 c10 cn ci2
| MBR10G0 560 uF == 560 uF 220 uF
H T 35V T 35V T a5V
D1 i ORTN
UF4005
M~
| %l
R4 | D2
2Me § 1N4148 R6 €
1U2W < H : ” 150 @< RS <
R1 1 : H C6  pecdceef., 1B00QF
<47 MQ ! 0.1pF! !
aé:wF__ 2w - i é v w2
= B !
oty of | ropswitch-x I . " | LTVEITA
u1 CONTROL
TOP244Y N c
RS <
s| x |F 680% VR2
78 1N5240G
o
$ w lc.*s— 10V, 2%
T9.09KQ 4T uF
10V
PI|-2857-07 1900

Figure 2.11: Power supply circuit [14].

2.7 Software

In this audiometer, audio input-output processes, pure tone generator and attenuator
circuits are controlled by main control board that is STM32F746NG-DISCO
development kit. The user interface of touch screen is designed on main control
board and easy to use device is provided. Main control board controls audio input
and outputs by making Low and High nE inputs of audio switches. Pure tone
generator and attenuator control is performed with a 3-wire serial control interface.
3-wire serial communication contains shift registers that controls right and left
channels. In addition, the volume of external inputs are measured by dB meter circuit
using analog inputs of main control board. Wav files, which are masking sounds in

the SD card, are played with embedded software and transmitted to patients’ ear.
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STM32F746G microcontroller software is written in C++ and compiled by ARM
mbed (Figure 2.12). The software size is 127kb.

mbed FigitOmerUZUN-Thesis/main.cpp
7 New v £ Import (%] compile v | @ Commit v (%) Revision | «» @ T N | [L1Hep D1sco-F746G [
Program Workspace < I 2 mainapp x
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21 y o, 100,
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SDFilzSystem_HelloWorld DisplayStringhe(
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E3] B5P_DISCO_F746NG
(&) F746_6U1 Find results Gccurances: 0 Fies: 0
(& Fr45_sa1 10
53] LCo_prsco_FreenG Resource Resource In Folder Location
€ Ts_DIsCo_Fr48hG
] main.cop
) mbed
YigitOmerUZUtThesis_co v
< > Compile Output | Find Results ‘ Notifications v
Ready. In1 wlt | 612 | v | EE |y

Figure 2.12: ARM mbed [15].

2.7.1 Flowcharts
The general structure of the program is designed as shown in Figure 2.13. Interrupts

are created with the modes selected from the home page and it goes to the related

page.

START

Figure 2.13: First page.
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In Mode 1, operations are performed according to the information received from the
touch screen and buttons. The flowchart is shown in Figure 2.14.
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Figure 2.14: Mod 1 software flowchart.
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In Mode 2, the Modified Hughson-Westlake Method was applied as an automatic
test. This method is a common method used in manual tests. In this mode, voice
signals are sent to the patient's ear for about 5 seconds. This time is provided by the

loop delay. Mode 2 software flowchart is shown in Figure 2.15.
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Figure 2.15: Mod 2 software flowchart.
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Figure 2.15(Continue): Mod 2 software flowchart .
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In Mode 3, the sound signals from the external source are attenuated according to the
desired sound intensity and controlled with 1 dB sensitivity. The flowchart is shown

in Figure 2.16.
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Figure 2.16: Mod 3 software flowchart.
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3. RESULTS

3.1 Graphical User Interface (GUI)

In this study, 4.3-inch LCD-TFT with capacitive touch screen, which is on the
STM32F746G-DISCO discovery Kit, is used. Three different interfaces are designed
according to audiometer design. The menu, first page screen is provided switch
between these interfaces (Figure 3.1).

Please Select Mode..

e = ﬂ

Manual Automatic Audio Control
Test Test

Figure 3.1: First page screen.

On the manual test screen, there is an audiogram chart, which draw an audiogram
synchronously, and there are indicators that show the channel selection with colour
change (Figure 3.2). In addition, there are buttons set the frequency, audio volume
and there is a masking menu under this section. Patient response indicator, which is

at the bottom of screen, turns green when patient push the response button.

Figure 3.2: Manual test screen.
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There are audiogram chart, channel selection buttons, frequency and volume
indicators and patient response button on the automatic test screen (Figure 3.3).

Figure 3.3: Automatic test screen.

There are on-off buttons, source selection, and input-output volume adjustment
buttons for both channels. With the menu button, which is at the bottom-left corner

of screen, is turns to menu screen and provided switch between screens (Figure 3.4).

Figure 3.4: Audio control screen.

3.2 Output Signals and Calibration

Device output signals are pure sound, noise sounds and external source sounds. The
pure tone signal is adjusted by comparing the sample signal with the aid of an
oscilloscope program designed in computer environment according to the procedure
(Figure 3.5). This computer program also has the signal generator feature. The signal

generated by the program and produced by the device.
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Figure 3.5: Comparison of 1000 Hz pure tone.

In addition, the white and pink noise signals played from the memory card are

compared with the computer-generated signals (Figures 3.6 and 3.7).

[
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Figure 3.7: Comparison of pink noise.
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The input and output signals are compared to observe the output of any signal from
the external source. In the designed pure tone generator, the amplitude value can be
adjusted by the resistor RA. The frequency value is set by the DS1868 digital
potentiometer. The pure tone generator output amplitude should be set to 90 dB.
Since the PGA system can control the audio signal with 0.5 dB sensitivity, the
calibration can be digitally corrected even if it is distorted at the generator level. The
signal outputs according to the resistance values shown in Table 2.1 of Section 2 are
as follows (Figures 3.8, 3.9, and 3.10).
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Figure 3.8: 500 Hz pure tone FFT.

0.18 -
0.165
0.145
0.125
0.1
0.035
0.065
0.043
0.02-
0- Ll N
0 2000 4000 6000 8000 10000 12000 14000 16000 18000 19980
Frequency [Hz]

£99.81 Hz magpitude |226.854

[=] 1ol
Figure 3.9: 1000 Hz pure tone FFT.
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Figure 3.10: 8000 Hz pure tone FFT.

3.3 Thesis Outputs

In the course of this thesis study, a sound control card (Figure 3.11) was produced to
help research that will be done in the doctoral dissertation of the faculty of health
sciences of the Dokuz Eylul University. The aim of the doctoral dissertation is to
compare the findings of auditory evoked cortical potentials (AEP) obtained from the
low and high geriatric population with word recognition score (PRS) [16].

Figure 3.11: Sound card and HEARLAB.

The HEARLab® System-Cortical Auditory Evoked Potential Analyser was used.
This was followed by auditory evoked cortical potency tests (Figure 3.12).
Introducing the headset from the headset is offered at 80dB SPL. The sound control
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card adds a modulated speech stimulus to the Hearlab system's field and a 75dB SPL

volume-limited speech stimulus at the earpiece and the desired intensity.

Figure 3.12: Test environment [16].

In addition, the designed sound control card contributed to another academic
research [17]. The HEARLAB evoked potential test system is a device used to obtain
auditory evoked potentials, especially for hearing aids or cochlear infants, and for
young children to provide information about whether the device is calibrated
correctly. The device is capable of delivering speech stimuli produced from the "m",
"g" and "t" phonemes at 55, 65, and 75 dB SPL volume with the free-field speaker
and recording the resulting cortical potentials with these stimuli. Research needs to
make an ear-specific recording, and masking is required. However, this device does
not allow speech stimuli to be emitted from the headset and provide mask noises.
With the external integration of the device, the stimuli can be delivered at the desired
volume from a headset without making any changes to the device. At the input of the
second channel of the transition, a sound source, which plays a mask sound

recording, is connected and the mask sound is given at the desired sound level.

The implemented electronic card is packed as a device (Figures 3.13 and 3.14) with

an external user button, which must be located by near the subject.
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Figure 3.13: Designed audiometer prototype (Front view).

Figure 3.14: Designed audiometer prototype (Rear view).

As a result of these studies, two papers of "The Effect of Signal to Noise Ratio on
Cortical Auditory Evoked Potentials in Patients with Presbycusis” and "Designing a

New Audiometer Device" were published in 12th Congress of the European
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Federation of Audiology Society (EFAS). In addition, the output of this thesis study
was accepted in the National Congress of Medical Technologies (TIPTEKNO2016),
entitled "Audiometer Device Design with Integration of Different Sources”, and was
invited to the special issue of Istanbul University Journal of Electrical and

Electronics Engineering.
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4. CONCLUSION AND DISCUSSION

At the end of this study, an audiometer that can conduct basic hearing tests and
volume control with integrated to different sources is designed and its prototype is
produced. STM32F746G-DISCO development kit is used as a main controller board
on prototype. Pure tone is generated by XR2206 function generator. In addition,
instead of designing masking sound generator, SD card slot of development Kit is
used. Masking sounds installed in SD card played by development kit and
transmitted to patients’ ear. PGA structure is used to adjust the volume. In this way,
volume control is made by 0.5 dB resolution. The device is successfully controlled

audio signals from different sources.

A designed audiometer device has a 4.3-inch TFT touch screen and one button.
Different signals on both channels can be produced by using touch screen. Audio
signals from -10 to +100dB are produced independently. Via the touch screen 125,
250, 500, 1000, 2000, 4000 and 8000 Hz seven different standard audio signal
frequency are produced. In addition, white noise and pink noise options are available
for masking. In addition, audio signals coming from different sources can be used for
masking. The volume is controlled by 1 dB range. The adjustments are carried out
independently for each channel. Audio signal is sent to the patient via the button on

the device.

In this study, first of all a device designed to be controlled via graphic LCD and
buttons. However, the board will be designed for integration to other devices.
Masking noise generators and a board for controlling graphic LCD. All of these
would cause large dimension and high cost. It is decided to use development kit
(STM32F746G-DISCO) as a main controller board. Except pure tone generator and
attenuator circuit, other boards are removed. There is an SD card slot on the main
controller board. Thus, masking sounds are played back from the memory card.
Likewise, pure tones of different frequencies can be loaded on the memory card,
played back and transmitted to the patient. Nevertheless, the possibility of calibration

for changes of frequency value will disappear. Because of that, pure tone generator is
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not removed from device design. Frequency of audio output is set with digital
potentiometers. Potentiometer values are calculated and written to embedded
software codes. If this design desired to be produced for commercial purposes

calibration option need to be added to the setting page.

In first, audio volume of different source is set by user via touch screen and
controlled by device. However, with this type of control because of output resistance,
audio output volume could not be same with output volume of integrated source. In
addition to this drawback, it is also lack of control audio from pc or mp3 player etc.
Because, the audiometer calibration is performed according to the headset TDH39.
The resistance of headset is 10Q. To solve this defect, a dBmeter is designed to
measure external input audio volume. Audio signals from external input are
transmitted to attenuator circuit by switches, and then transmitted to the patient.
Thus, the desired volume for the input value is known, by adjusting the output
volume attenuator circuit is adjusted as desired by the user.

In the field of audiology, the method that is used for functional evaluation of hearing
systems is based on the overall analysis of physiological responses obtained from the
patient consciously or standardized against acoustic stimuli. According to purpose of
test, acoustic signal and presentation of it is determined. Acoustic stimuli in these

tests usually include the following three transducers:

e Headset
e Bone vibrator

e Free field speakers

Any audiometer, which is only used with headset, becomes available for bone
vibrator or free field-tests with this work. Likewise, it provides that can be used for a

device, which is designed for free field tests.

This device has the ability to integrate different sources can expand functionality,
unlike audiometers in the market. With this feature, it will be the most important
contribution to academic studies. In 2015, HEARLAB device is intended to be used
for academic study at the Dokuz Eylul University. HEARLAB, which is evoked
potential testing system, is used in the acquisition of auditory evoked critical
potentials and especially used for control of adjustment of hearing aids and cochlear

implant for infants and young children. Device produces speech stimuli that includes
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m, g and t phonemes at the level of 55, 65 and 75 dB SPL by the free field speaker

and can record the cortical potentials revealed by these stimuli.

Research should be subject to specific registration of ears need to be heard and
masking is required. However, to make this device the headset speech stimuli, and
does not allow to give the mask noise. Improved integration with external devices in
this new audiometer design, this device could be a stimulus for the desired volume
level from the headphones without performing any permanent changes. An audio
player that plays recorded masking noises, connected to the second channel input and

masking noise sounds could be given at desired volume.

The prototype is at the level of manufacturing as a commercial device, after the
international tests and calibration procedures. Upon execution of the production in

Turkey, it is believe to contribute to the economy and academic researches.
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