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ivABSTRACTPURE TONE AUDIOMETER DESIGNAudiometry is a te
hnique whi
h is used to measure where the hearing de�
itstems from in aural way and what the degree of severity of de�
it is.This thesis work basi
ally fo
used on a prototype of pure tone audiometer gene-rating pure tone, wide and narrow band noise and warble tone. Dire
t Digital Synthe-sis (DDS) and logarithmi
 shaping methods are utilized for sine wave generation. Fornoise, �rstly wide band noise is generated and then it is �ltered by swit
hed 
apa
itor�lter for narrow band noise. Warble tone is frequen
y modulated signal. Frequen
ymodulation is implemented by Voltage Controlled Os
illator. All the obtained signalsare made suitable to output apparatus and opening (80 dB) level via Digitally Con-trollable Potentiometer (DCP). Desired signal is sele
ted via the multiplexer for rightor left 
hannel. Sequentially in order to mat
h the signal between the -10 dB and 100dB, its volume is readjusted in a spe
ial fun
tional unit. Ultimately to supply thedesired 
urrent drive for the TDH39 and bone vibrator, a 
urrent feedba
k operationalampli�er is used. All the fun
tional units are managed with the mi
ro
ontroller 
odedas MSP430FG439 and the status of the devi
e is showed on Liquid Crystal Display(LCD).In Turkey, audiometer is not manufa
tured. Despite the fa
t that this prototypeof audiometer is not appropriate to 
ome on the market, it may give idea for produ
tionof more 
omplex ones. Moreover, be
ause of the fa
t that many hearing testing devi
eshave analogous units with this prototype, inspe
ting this work 
arefully may give usefulideas about implementation of those devi
es. This prototype is tried to work out basedon the standard of TS 9595-1-4 (EN60645-1-4) of Turkish Standards Institution.Keywords: Pure tone audiometer, MSP430, DDS, Warble tone, Narrow band noise.



vÖZETSAF TON ODYOMETRE TASARIMIOdyometri ki³ide, i³itme bozuklu§unun, i³itme sisteminin neresinden kaynakland�§�n�nve bu bozuklu§un dere
esinin ölçülmesinde bir teknik olarak kullan�lmaktad�r.Bu çal�³mada saf ton; dar band, geni³ band gürültü ile warble ton üretebilensaf ton odyometresi prototipi üzerinde çal�³�lm�³t�r. Saf ton üretimi için Do§rudanSay�sal Sentez (DSS) ve logaritmik sinus benzetimi yöntemleri kullan�lm�³t�r. Gürültüiçin; ön
elikle geni³ band gürültü üretilmi³tir. Daha sonra anahtarlamal� kapasitör�ltresi ile ilgili bandlarda �ltrelenerek dar band gürültü elde edilmi³tir. Warble tonise frekans modüleli sinyaldir. Frekans modülayonu ise Voltaj Kontrollü Sal�n�
� kul-lan�larak gerçekle³tirilmi³tir. Elde edilen tüm sinyaller say�sal kontrol edilebilir potan-siyometre'den geçirilerek ba³lang�ç sinyal seviyesine (80 dB) ve ç�k�³ aparat�na uygunhale getirilmi³tir. �stenen sinyal sa§ veya sol kanal için seçi
ilerden seçilir. Daha sonraseçilen sinyallerin -10 dB ve 100 dB seviyeleri aras�nda herhangi bir de§eri alabilmesiiçin, ses ³iddeti, özel bir fonksiyonel birimde ayarlanm�³t�r. Son olarak ise ç�k�³ aparat�olan TDH39 ve kemik titre³tiri
isini sürebilmek için ak�m geri beslemeli güç yükselti
isikullan�lm�³ gerekli ak�m sa§lanm�³t�r. Tüm birimler MSP430FG439 kodlu mikrokon-trol
ü ile kontrol edilmi³tir ve i³lemler Likit Kristal Ekran' da gösterilmi³tir.Türkiye'de odyometre üretimi yap�lmamaktad�r. Bu prototip ti
ari olarak piyasayauygun olmasa da yerli mal� kompleks odyometre üretimi için �kir verebilir. Ayr�
aduyma üzerine yap�lan bir çok test 
ihaz� bu prototipteki i³levsel birimlere sahipoldu§undan, prototip in
elenerek bu 
ihazlar�n gerçekle³tirimi hakk�nda da fakir sahibiolunabilir. Bu çal�³madaki prototip Türk Standartlar� Enstitüsü 'nün TS 9595-1-4 (EN60645-1-4) standard�na uygun olarak gerçekle³tirilmeye çal�³�lm�³t�r.Anahtar Söz
ükler: Saf ton odyometre, MSP430, DSS, Warble ton, Dar band gürültü.
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11. INTRODUCTION
1.1 Audiometry and AudiometersHumankind has been experien
ing hearing loss for 
enturies due to the di�erentkind of reasons. It is reported that there are many people who are su�ering fromnoise indu
ed hearing loss be
ause of to be exposed to elevated sound levels as a resultof living very 
losely to the Nile Waterfalls in An
ient Egypt [1℄. However this isunintentional and involuntary; today, people inevitably exposed to very high soundlevels in dis
os, in buildings under 
onstru
tion, and even in the roads while they arewalking. A

ording to the O

upational Safety and Health Administration (OSHA)about 1 million industry workers in the USA have noise-indu
ed hearing loss parti
ularyin frequen
ies 1000, 2000 and 3000 Hz. Furthermore there are some sensorial hearingloss so-
alled prespya
usis whi
h arises with the in
reasing age. It is also known thatsome hearing aid devi
es also give some damage to the auditory organs as a side e�e
t.Audiometry provides valuable data when assessing the degree of the hearing loss ordiagnosing the reason of the 
ommuni
ation de�
ien
y [1℄.Audiometry is the te
hnique to identify and quantitatively determine the degreeof hearing loss of a person by measuring his hearing sensitivity, so that suitable medi
altreatment or one of the appropriate hearing aids and assistive devi
e 
an be pres
ribed.In this te
hnique, auditory stimuli with varying intensity levels are presented to theperson who responds to these stimuli. The minimum intensity level of these stimuli towhi
h 
onsistent responses are obtained is taken as the threshold of hearing. Dependingon this threshold, the subje
t's hearing sensitivity 
an be estimated by obtaining anaudiogram (An audiogram is a plot of threshold intensity versus frequen
y.) [2℄.Depending on the pro
edure, logi
 and obje
tive; audiometry 
an be performedwith distin
tively equipped audiometers. That is to say; thanks to the developingte
hnology from the primitive audiometry to today's state of the art audiometers,



2developers have been presenting di�erent types of audiometri
 pro
edures. Essentiallythey are Tone De
ay Test (TDT), Short In
rement Sensitivity Index (SISI), BekesyAudiometry, Spee
h Audiometry and Pure Tone Audiometry.All auditory tests are proposed to 
orre
tly lo
ate the defe
ted sensorineuralpathway related to hearing organs. Of all these, most 
ommonly used one is ToneDe
ay Test (TDT). The devi
e used for this test is as the same as the one used inthe Pure Tone Audiometry. In TDT for a 
ertain frequen
y signal level whi
h is 10dB below the hearing threshold in related frequen
y is applied to the subje
t. And atimer is started. If subje
t responds within the 1 minute after the tone appli
ation,obje
t is said to be all right in this frequen
y. But if s/he does not, instant, whenthe subje
t 
eased to hear, is re
orded and the intensity level is in
remented 5 dB.These in
rements keep on above the 30 dB of the threshold for the related frequen
y.If subje
t still 
an not maintain hearing for 1 minute, test is halted and subje
t is saidpositive [3℄.SISI Test is another audiometri
 test whi
h is used to as
ertain the de�
ien
y in
o
hlea. After �nding normal threshold obje
t is subje
ted to the 1 dB signal in
rease inparti
ular frequen
y. In SISI test, modulated signal is applied with a burst of 5 se
ondsinterval and 1 dB modulating signal in
rease. 20 bursts are given to the subje
t andthe number of the hearing events are noted. Then this is plotted as per
ent, as hearingrepresentation in 
orresponding frequen
y [3℄. It is freely asserted that this pro
edurerequires extra hardware for audiometer.Moreover Bekesy Audiometry 
omprised of nearly the same type of test stepsbut it ne
essitates a little bit 
ompli
ated hardware and it is 
onvenient for self-test. Inthis test audiometer is programmed to either in
rease or de
rease the frequen
y. Whensubje
t responds, tone is 
eased and devi
e sets itself to the 
onse
utive frequen
y.This tone 
an be pulsed or 
ontinuous and useful to dete
t the middle ear or 8th nervelesions [3, 4℄.One of the other important hearing testing is Spee
h Audiometry. It is mainly



3used to identify the neural dysfun
tion instead of 
o
hlear or 
ondu
tive path dysfun
-tions. It is well suited to determine both re
eptive and dis
riminative spee
h inability.One subse
tion of the Spee
h Audiometry is Spee
h Re
eption Threshold (SRT) Test.In this test 6 spondee words between prede�ned 36 is given to the subje
t nearly 25 dBabove the normal hearing threshold (for 500 Hz and 1 kHz) and 
onse
utively signalintensity is de
reased. If the subje
t pronoun
es the 3 out of 6 
orre
tly than this levelis marked as SRT. In Spee
h Dis
rimination Test at this time monosyllable words arepresented via the headphones to the subje
t and asked to repeat after the devi
e. Bydoing so, a per
entage is obtained whi
h shows how 
orre
tly the obje
t dis
riminatesthe words and that per
ent is noted as Spee
h Dis
rimination S
ore (SDS). After that,plot of the intensity versus per
entage of the words dis
riminated 
orre
tly (SDS), isused to separate the neural or other types of hearing loss [4℄.Pure Tone Audiometry 
an be regarded as basi
 and indispensable pro
edurein 
lini
al environment. Pure tone audiometri
 air 
ondu
tion testing is performed bypresenting a pure tone to the ear through an earphone and measuring the lowest inten-sity in de
ibels (dB) at whi
h this tone is per
eived 50% of the time. This measurementis 
alled threshold. The testing pro
edure is repeated at spe
i�
 frequen
ies from 250to 8000 Hertz (Hz, or 
y
les per se
ond) for ea
h ear, and the thresholds are re
ordedon a graph 
alled an audiogram. Bone 
ondu
tion testing is 
arried out by pla
ing avibrator on the mastoid and marking the exa
t spots where the subje
t is able to sense.Masking noise is sometimes used in the non-tested ear to prevent its interferen
e tothe tested one. Furthermore sometimes warble tones are highly desirable be
ause ofthe indu
ed standing waves between sour
e and destination. Standing wave formationis one phenomenon when the wavelength of the test tone is the integer multiple of thedistan
e between surfa
es of the test booth. In spite of high sound absorption 
onstantof the surfa
es of the booths, indu
ed reverberation brings about some areas wherethe sound amplitude 
hanges unintentionally. This leads wrong audiograms and wrongdiagnosis.By the way, needless to say, all these te
hniques mentioned above 
an be putinto the 
lass of subje
tive audiometri
 te
hniques.



4It has been already said that basi
 audiometer is designed to give some predeter-mined stimulus to the ear or mastoid whi
h are very important in terms of evaluatingthe e�
ien
y of the human hearing system. Fundamentally, an audiometer 
omposedof signal generators (sine wave, noise, warble, short tone), equalization 
ir
uitry, atten-uator and power ampli�er (see Figure 1.1). In generator se
tions pure tone sine waveis generated with suitable stru
ture of os
illators starting from 125 Hz to the 20 kHzas an upper edge. In addition, generated sine wave must obey the frequen
y a

ura
yand distortion 
onstraints of the standards if it is thought as a 
ommer
ial devi
e.

Figure 1.1 Basi
 Audiometer Ar
hite
tureNoise Generator is the sour
e of the masking noise. In audiometry, however thesignal is supplied only one ear there arises interaural interferen
e owing to the boneskull. In air 
ondu
tion audiometry the level of attenuation is in the range of 45, 80dB (Even so sometimes masking is used.). On the other hand in bone 
ondu
tionaudiometry, this level is on the order of 0 dB, means interferen
e is una

eptablyhigh [4℄. Therefore non tested ear 
hannel is masked with the narrow band noisewhose frequen
y is 
entered to tested ear pure tone. Warble tone is another optionwhen proper energy transfer to aural way is the primary interest in the existen
e of



5the standing waves. In fa
t, warble tone is nothing but frequen
y modulation of twosignals; pure tone sine wave as 
arrier and another sine wave generated by dedi
atedsour
e as modulating wave.Equalization 
ir
uitry is mainly used to make a 
alibration on the generatedsignals' amplitude on a

ount of the fa
t that power ampli�er not only drives a uniqueapparatus but also drives mastoid vibrators. Hen
e it is apt to adjust the signalsbefore sending the attenuator in order to make their apparent amplitude equal butabsolute amplitude 
ustomized a

ording to devi
e 
onne
ted to the power ampli�ers.Then signal is applied to the attenuator. Attenuator simply takes the signal andintensi�es or lessens the voltage of the signal a

ording to the preset value by theaudiologist. Then signal is send to the power ampli�er. Ampli�er ensures the ne
essary
urrent drive instead of voltage ampli�
ation. Then signal is 
ondu
ted to the ja
ks.Coordinating all this blo
ks may be a
hieved by some sort of rotary en
oders, buttonsand dials as in the 
ase in older designs. But 
ontemporary audiometers a

ommodatemi
ro
ontrollers for handling all these fun
tional blo
ks as well as user interfa
e. Thatis, user is not dire
t 
ollo
utor for the blo
ks but s/he only addresses the orders to themi
ro
ontrollers via user interfa
e. With regard to integrity; hardware is not formedmerely these blo
ks. There should be an interrupter whi
h stops the signal appli
ationto the obje
t. Apart from this there should be some kind of memory unit to store theobtained hearing levels from ea
h individual obje
t. Again there should be a s
reen todenote the status of the audiometer.
1.2 Aim and MotivationAudiometry 
onsists of quite many bran
hes and hardware. In this thesis, itis planned to work out basi
 pure tone audiometer. It is dual 
hannel. Its frequen
yrange extends from 125 Hz to 16 kHz. It also has noise masking 
apability. Besidesit is planned to show the status of the audiometer with 2x40 Liquid Cyrstal Display(LCD). All the 
ooperation, regulation and 
ommuni
ation will be managed by a mi-
ro
ontroller. After hardware implementation some measurements proving the system



6a

ura
y, adheren
e to the some distortion obligations and overall system performan
ewill be examined.After all; it is important to note that there is no 
ommer
ially available audiome-ter devi
e manufa
tured in Turkey. But substantial volume of audiometer market inTurkey 
an not be negle
ted. A devi
e 
omplying with the international standards hasthe potential to be marketed world wide. Although it is not easy to 
ompete againstwell established, powerful audiometer brands, our design will have signi�
ant di�er-en
es utilizing the state of the art te
hnology. As a result of this thesis prototype willbe developed to be introdu
ed to the lo
al manufa
turers.Parti
ularly some devi
es are, highly analogous with the internal ar
hite
ture ofthe basi
 pure tone audiometer. One of them is Hearing Aid Analyzer manufa
tured bynumerous �rms. This devi
e 
he
ks the proper working of the hearing aids. SimilarlyHearing Aid Analyzer use pure tones warble tones and di�erent types of noise. In thesame way with the audiometer this devi
e uses attenuator and equalization 
ir
uitryand some drivers. All in all when audiometer is well designed than it is no hard toredesign the Hearing Aid Analyzer inspiring from the audiometer. Therefore su
h a
ompany with its well developed audiometer ar
hite
ture it may easily broaden itsprodu
t portfolio.In addition designing a 
heap and sensitive audiometer, it 
an be important bythe aspe
t of early dete
tion of ear de�
ien
y or illness and pre
ise diagnosis 
an leadthe future therapies in the right way.
1.3 Thesis OutlineThe thesis 
ontains di�erent 
hapters summarizing topi
s related to the hard-ware and some other theoreti
al explanations of di�erent fun
tional blo
ks of the PureTone Audiometer (PTA).



7In the �rst 
hapter, de�nition of the audiometry and PTA is given. Some
ontemporary types of audiometry and internal stru
tures of audiometer are mentionedroughly. The obje
tives and motivation of this thesis work is 
learly indi
ated.In the se
ond 
hapter, physiology of hearing and some 
ertain 
hara
teristi
s(anatomy) of human ear is brie�y presented. Theory of audiometry a

ording to thephysiology of ear, some aural diseases that 
an be dete
ted by the audiometri
 testsand their 
hara
teristi
s in the audiogram are explained.In the third 
hapter, the spe
i�
ations of the PTA based on the TSE (Turk-ish Standards Institution) are expressed. Apart from this our design mat
hing andmismat
hing to the standards is highlighted.The forth 
hapter may be the most important 
hapter of this thesis work. Inthis part the fun
tional parts of the designed PTA, are investigated. Furthermore theinstruments in the design explained in detail. Conne
tions between the fun
tional partsand mi
ro
ontroller are explained. Moreover, Printed Cir
uit Board (PCB) implemen-tations of the 
ir
uits are presented. Program utilized while produ
ing the PCBs isshortly mentioned. At the same time some limitations of the mi
ro
ontroller are in-
luded in this se
tion. Additionally one 
an easily �nd the information about the�rmware used to form the C 
odes of the mi
ro
ontroller.In 
hapter �ve, software tools are introdu
ed and their pros and 
ons in thisdesign are dis
ussed.In 
hapter six, results of the measurements related to the distortion, a

ura
yand overall e�
ien
y of the devi
e are reported.The last 
hapter unders
ores the deviations (if there is any) of obtained re-sults with respe
t to desired results. Chapter seven 
on
ludes with the future worksabout the devi
e. This 
hapter also in
ludes some renovations, some 
ost and designoptimizations pertaining to the devi
e.



82. HEARING MECHANISM
2.1 A Brief Introdu
tion to Ear Anatomy"The ear is marvelously sensitive stru
ture. Its sensory re
eptors 
an 
onvertsound vibrations into ele
tri
al signals 1000 times faster than photore
eptors 
an re-spond the light [5℄." As well as these fast responding re
eptors it is equipped with somebalan
ing formations in the inner and middle ear but these stru
tures are beyond thes
ope of this thesis.

Figure 2.1 Anatomy of Ear [7℄.Anatomi
 stru
ture of the ear is divided into three parts; outer ear, middle earand inner ear. Outer ear is the unique part of the ear that dire
tly 
onta
ts with thephysi
al world. It a

umulates the sound waves and dire
ts them into the middle ear.In the middle ear sound is a
tually transmitted as vibrations through three spe
ializedbones. Finally, these vibrations 
ondu
ted into the inner ear whi
h is a formation ofbone 
anals �led with some kind of bodily �uid and 
onverted into the neural impulsesby the Organ of Corti [6℄.



92.1.1 Outer Ear and Middle EarOuter ear 
omposed of Auri
le, external auditory 
anal and eardrum (see Figure2.1). Thanks to the spe
ialized stru
ture auri
le 
olle
ts the sound. A
tually it playsnotable role 
olle
ting the sound waves. Apart from the Auri
le, External AuditoryCanal, a tube like stru
ture, 
olle
ts and dire
ts the sound waves to the Eardrum.Eardrum 
onverts the sound waves into the bone vibrations and passes them inward tothe middle ear. Middle ear has the three rigid bone fragments so-
alled auditory Ossi-
les; malleus, in
us, stapes. They 
ondu
t the vibrations loss free in the air �lled envi-ronment. There are also two important striated mus
les, tensor tympani and stapedius.Contra
tion of the former pulls the manabrium of the malleus medially and de
reasesthe vibrations of the tympani
 membrane, however 
ontra
tion of the latter pulls thefootplate of the stapes out of the oval window [6℄.

Figure 2.2 Frequen
y response of stru
tures pertaining to the outer ear [8℄. Ear 
anal and Pinnastrengthens the signals between 1000 Hz and 6000 Hz.
2.1.2 Inner EarInner ear is part of the ear where pressure 
hanges are translated into the neuralimpulses via some spe
ialized 
ells named as hair 
ells. Inner ear 
ontains 
o
hlea andsemi
ir
ular 
anals. The former one is responsible from a
hieving the hearing and
ontains Organ of Corti; latter one is the sense organ for equilibrium and balan
e(beyond the s
ope of this work). In addition to these there is another bony stru
ture



10named as vestibule. Similarly it is another organ of equilibrium.A transverse 
ut through the 
o
hlea, shows that it is divided into three 
anals:the s
ala vestibule, the s
ala tympani and s
ala media (see Figure 2.3). S
ala vestibulestarts with the oval window and its leftmost 
anal between these there 
anal systems.However s
ala tympani ends in the round window whi
h is lo
ated right under the ovalwindow. Both 
anals 
ontain perilymph and totally separated from ea
h other ex
eptthe point the apex named as heli
othrema. On the other hand, the third 
anal named ass
ala media and di�erently it is full with the endolymph whi
h is stru
turally di�erentbut fun
tionally same �uid. Most importantly, s
ala media surrounds the Organ ofCorti [6℄.

Figure 2.3 Co
hlea.Organ of Corti 
onsists of some supporting 
ells and hair 
ells whi
h are alignedas outer and inner 
ells. Organ of Corti is in 
onta
t with basilar membrane from thetympani
 side and vestibular membrane from the vestibular side. Moreover the outerhair 
ells are shielded with the te
torial membrane [6℄.



112.2 Physiology of HearingFirstly sounds are 
olle
ted and dire
ted to the external auditory pathway bythe auri
le. Then external pathway leads the sound waves to the eardrum, this 
ausessome vibrations in the eardrum. The louder the sound the stronger the vibrationsindu
ed by it. Nevertheless eardrum vibrates more slowly in response to low-pit
hedsounds and more fastly in response to high-pit
hed sounds. Owing to the fa
t thatthe eardrum binds the malleus, sound vibrations transmitted malleus, in
us and stepssequentially. Further vibrations 
ause ba
k and forth movements in the oval windowand forms pressure in the perilymph (in the vestibular 
anal). Be
ause of the fa
t thatthe �uids 
an't be 
ompressed, pressure leaded to the tympani
 du
t also and bulgethe round window towards the middle ear. At the same time as the s
ale tympaniand s
ale vestibule are deformed by the pressure they push the vestibular membraneba
k and forth 
ausing pressure waves in the endolymph. As a result basilar membranemoves the hair 
ells towards the te
torial membrane, hairs of these 
ells undulate whi
his a self-triggering e�e
t to release the neurotransmitters to the synapses between theneurons belonging to the vestibulo
o
hlear nerve and hair 
ells (see Figure 2.4) [5℄.

Figure 2.4 Organ of Corti.The inner hair 
ells 
onsist of a single row running the length of the 
o
hlea andlying 
loser to the 
ore of the 
o
hlea. Sensor neurons are in 
lose 
onta
t with the



12top surfa
e of ea
h re
eptor hair 
ell and they transmit ele
tri
al 
hanges to the brainthrough the basilar membrane when sound waves disturb the �uids in the vestibularand tympani
 
anals. There are three or four rows of outer hair 
ells, whi
h are furtheraway sideways to the length of the 
o
hlea, through whi
h the brain sends messagesba
k to the 
o
hlear to mediate a
tivity that the inner hairs have transmitted. Theouter hair 
ells 
omplete the feedba
k loop from the brain ba
k to the inner ear. Thereturning messages re�ne the sensitivity and frequen
y sele
tivity of the me
hani
alvibrations of the �uids in the 
o
hlea by 
ausing the outer hairs to inje
t inhibitor
hemi
als to 
ountera
t the a
tion of the inner hairsti �uids [6℄.Basilar membrane has spe
i�ed regions for di�erent signals whose pit
h rate isdi�erent from ea
h other. The base �eld of the 
o
hlea is sti�er and tiny with respe
t tothe other side so maximum energy transfer o

urs between high pit
h sound waves andbasilar membrane nonetheless base side is more �exible and bold respe
tively. Hen
elow pit
h signals transfer maximum energy to the basilar membrane there. This isnothing than resonan
e a
tually.

Figure 2.5 Sensitivity map of the 
o
hlea.In
identally it is bene�
ial to say that the loudness 
ounter-equivalent of theintensity. If the intensity of the sound waves in
reases so the basilar membrane vibra-



13tions elevated and this in
rease the �ring rate of the nerves. This also means higherfrequen
y of impulses rea
hing the 
erebrum [6℄.
2.3 Frequen
y and Amplitude Dependent Chara
teristi
s of EarHuman ear is 
apable of getting and pro
essing sounds in the frequen
y rangeof 20 Hz - 20 kHz. As to intensity, 140 dB is the sound level generally a

epted ashigh as to 
ause permanent hearing loss. Also it is stated that the intensity of theear is best between the frequen
ies 1 kHz and 5 kHz. To absolutely spe
ify the degreeof the magnitude of the signal a referen
e level must be stated. This referen
e levelis determined as testing healthy young people in several times. A

ording to ANSIS1.1-1994, 20 µPa at 1000 Hz is a

epted as the best available pressure level [9℄. Ingeneral any sound level is measured against 20 µPa in a logarithmi
 s
ale and has aunit of dB SPL. Mathemati
ally it is de�ned as [10℄:

Lp = 20× log
prms

pref
(2.1)where prms is measured sound pressure level and pref is 20 µPa. For instan
e a

ordingto the formula we 
an determine the 0.002 Pa Sound Pressure Level as 40 dB (a quietlibrary), 6.3 Pa as 110 dB (
hainsaw 1m distan
e), 200 Pa as 140 dB (jet air
raft 50meters away) [11℄.Human ear is not sensitive to all frequen
ies in its sensing band. The sensitivityis best at 1 kHz and 5 kHz but gradually worsens at lower and higher frequen
y. Figure2.5 illustrates the frequen
y response of ear to the sounds having di�erent frequen
ies.This graph is a referen
e graph as newly updated equal loudness 
ontours whi
hare determined by the ISO 226:2003. An equal-loudness-level 
ontour represents afrequen
y 
hara
teristi
 of the sensitivity of human auditory system, to be drawn by
onne
ting sound pressure points sounding identi
ally loud for di�erent frequen
ies,representing an equal sensation 
ontour in the sound-pressure-level and frequen
y plane



14[12℄.

Figure 2.6 Redetermined Equal Loudness Levels and Hearing Thereshold [26℄."By de�nition any two sine tones that have equal phons are equally loud. The
urves of equal phons are 
alled equal-loudness 
ontours." In other words, frequen
ye�e
t on loudness is 
ompensated 
lassifying the two signals in same phon level [12℄.For example on the basis of the graph above 60 phons sound level at 2000 Hz equals to60 dB SPL however 60 phons sound level at 90 Hz equals to 80 dB SPL. Namely thelatter one must be 20 dB SPL greater than the former to be heard at the same phonlevel. However there is another unit to express the intensity of hearing, named asHearing Level (HL), usually written as dB HL. This term is the threshold of hearingwith respe
t to the normal hearing level (SPL). For example if somebody hears 
ertainfrequen
y of sound at 70 dB HL; this means that this subje
t hears 70 dB as bad asthe normal hearing subje
t does [10℄. Figure 2.7, shows the 
orresponding 
onversionvalues between dB SPL and dB HL.Based on the International Organization for Standardization (2003), Figure 2.7



15exhibits 0 dB HL and its 
orresponding dB SPL for some frequen
ies [13℄.
Figure 2.7 Chart showing the relation between dB SPL and dB HL for some frequen
ies [13℄.
2.4 AudiogramAudiogram is a 
hart showing the hearing 
hara
teristi
s of the subje
t. It isan indispensable tool 
lueing the physi
ian about the possible hearing de�
ien
y of thesubje
t. It is used in the PTA. In this type of audiometri
 test, tones having di�erentfrequen
ies applied to the subje
t and when the subje
t hit the tone interrupter, appliedtest tone amplitude is marked to the 
hart as "O" or "X" as representative shapes rightand left ears respe
tively. Apart from this "["and "℄" shows test tone amplitude in bone
ondu
tion of right and left mastoid respe
tively. In a standard 
hart frequen
ies from250 Hz to 8000 Hz are shown in the x axis. Amplitude levels are shown in the y axisfrom -10 dB HL to 120 dB HL.Some patterns in the audiogram belong to a spe
i�
 disease so when thesekinds of patterns are en
ountered physi
ian may easily diagnose the patient be
ausethis pattern is pe
uliar to that unique disease. For example Figure 2.8 shows the
hara
teristi
 audiogram of Presby
usis (left 
hart). This disease is age related andsensorineural and it 
auses remarkable loss in the high frequen
ies. In Figure 2.8 inthe left 
hart both ears exhibit same 
hara
teristi
 so there is only one 
urve. In thesame �gure, the 
hart in the left exhibits a normal hearing 
hara
teristi
. In this 
hart"X" indi
ates left "O" indi
ates right ear.
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Figure 2.8 Audiograms representing the 
hara
teristi
s of a subje
t who is su�ering from Presby
usis(left) and representing Normal Hearing Subje
t (right). Adapted from [14℄.



173. STANDARDS AND SPECIFICATIONS OFMATERIALIZED DEVICE
3.1 Requirements for PTA Based on Turkish Standards Insti-tuteThe �rst indu
tion 
oil audiometer was developed by Hartman (1878) in DuBois Raymonds Laboratory in Berlin. Others were developed in a variety of 
ountriesin an independent manner over the next 
ouple of years and the ones produ
ed byHögyes (1879) in Hungary and Hughes (1879) in London may be asserted as the best[15℄. In 1937 the Mai
o D-5 audiometer was introdu
ed. This was the �rst audiometerwith a zero referen
e level that was adjusted automati
ally for ea
h frequen
y. The�rst arti
les that dealt with the design of soundproofed rooms appeared in the pro-fessional literature in 1938. One of the greatest breakthroughs in terms of diagnosti
audiology o

urred when the two-
hannel audiometer was developed [16℄. And up tilltoday many manufa
turers are in
luded to the 
ontest of produ
ing new audiometersin terms of te
hnology, fun
tionality and modularity. Be
ause of huge number of man-ufa
turers, institutions like IEC, ANSI published some standards about di�erent partsof the audiometers. These are the obligatory and international rules for the 
ommer
ialaudiometer brands.Audiometer devised in this study is based on the EN 60645-1 (2003) and TS9595-1 (2006) and EN 60645-4 (partially). In reality TSE is 
ustomized form the ENStandards. Some parts of the mentioned standards will be refered and 
learly indi
atedin this part and than spe
i�
ations of audiometer implemented in this work, will be
lari�ed.The obje
tive of thesis proje
t is to design a PTA instrument in 
omplian
e withType 3 (see Table 3.1) of TS 9595-1 standard whi
h is 
lassi�ed as Basi
 Diagnosti
.



18Table 3.1Minimum requirements for �xed tone Audiometers [17℄.Fun
tion type 1 type 2 type 3 type 4advan
ed 
lini
al basi
 diagnosis monitoring
lini
al resear
hair 
ondu
tion-two earphones x x x x-plug earphone xbone 
ondu
tion x x xnarrow band masking x x xexternal input xtone swit
hing-tone presentation x x x x-tone interruption x x-pulsed tone xreferen
e tone-variable presentation x x-syn
ronized presentation xsubje
t response system x x x xele
tri
al signal output x xsignal display x xspee
hless 
ommuni
ation-from operator to subje
t x x-from subje
t to operator xaudible monitoring 
omponent for signal-pure tone and noise x-external input xAn audiometer of Type 3 should yield minimum and maximum sound levelsa

ording to Table 3.2.Table 3.3 summarizes the maximum allowable THD at the output of the vibratorand the headphones [17℄.Table 3.4 is the list of 
ut-o� frequen
ies for the applied narrow band noisesounds a

ording to TS 9595-1. Noise bands that are thought to be produ
ed must besele
ted between the frequen
ies of signals whi
h are generated by the pure tone se
tion.Therefore bands between the 250 Hz and 8000 Hz are a

epted as 
enter frequen
iesof narrow band noise sounds. It is de
ided that 16000 Hz narrow band noise not



19Table 3.2Minimum and maximum hearing levels [17℄.Hearing Levels (dB)Frequen
y(Hz) Type 1 Type 2 Type 3 Type 4Air Bone Air Bone Air Bone Air125 70 - 60 - - - -250 90 45 80 45 70 35 70500 120 60 110 60 100 50 70750 120 60 - - - - -1000 120 70 110 70 100 60 701500 120 70 110 70 - - -2000 120 70 110 70 100 60 703000 120 70 110 70 100 60 704000 120 60 110 60 100 50 706000 110 50 100 - 90 - 708000 100 - 90 - 80 - -Table 3.3Maximum allowable THD as per
entage of vibrating for
e or sound pressure [17℄.Frequen
y Region(Hz) Air Condu
tion Bone Condu
tion125-250 315-400 500-5000 250-400 500-800 1000-4000Hearing Level(dB) 75 90 110 20 50 60TDH (%) 2,5 2,5 2,5 5,5 5,5 5,5ne
essary at present. Nonetheless implemented devi
e is 
apable of produ
ing thatband of narrow band noise."Frequen
y deviation should be no higher than %2 for Type 3 and Type 4audiometer." This is another important statement written in EN 60645-1 (TS9595-1).And the implemented devi
e will be designed based on this limitation both in puretone generation and 
entral frequen
y assigning in narrow band noise generation.Another important requirement of the standard is the adjustability of the output



20Table 3.4Upper and lower frequen
y roll-o� edges for band pass �lters [17℄.Central Frequen
y (Hz) Lower 
ut-o� Frequen
y (Hz) Upper 
ut-o� Frequen
y (Hz)Lowest Highest Lowest Highest125 105 111 140 149250 210 223 281 297500 420 445 561 595750 631 668 842 8921000 841 891 1120 11901500 1260 1340 1680 17802000 1680 1780 2240 23803000 2520 2670 3370 35704000 3360 3560 4490 47606000 5050 5350 6730 71408000 6730 7130 8980 9510Based on the IEC 61260.of the audiometer with a 5 dB SPL step size. This is also a

omplished in our design.Furthermore as an option to the devi
e, it 
an a
hieve 1 dB amplitude resolution atthe output. Other spe
i�
ations are listed below:
• Masking level attenuation : Variable intensity with a 5 dB step,
• Voltage requirements : 220 volts AC, 50 Hz
• Frequen
y modulated output distortion : 2%
• Frequen
y modulating signal a

ura
y : 2%



214. DESIGN AND INSTRUMENTATION
Audiometers are among the state of the art health devi
es. Doubtlessly, theya

ommodate very stri
t THD and frequen
y a

ura
y standards. Thus, in some partsof the audiometers pre
ision ampli�ers are widely used instead of general purposeoperational ampli�ers whi
h rise up the produ
tion 
ost. Human ear has very largedynami
 range ("The dynami
 range of ear ex
eeds 130 dB, but at the extremes ofthis range, the ear is either straining to hear or is in pain [18℄."). The 
ir
uitry inthe audiometers is su
h a 
ir
uitry that it 
an yield signals �tting the aforementioneddynami
 range. Hen
e many op amps have limitations when su
h high dynami
 range is
onsidered, it 
ould be alleged that designing the 
ir
uitry supplying this spe
i�
ationto the audiometer is the most 
hallenging part of it. The output of a PTA is obtainedthrough ja
k so
kets. Di�erent sorts of tones are available at the outputs, like puretone, noise et
. Some 
onverters like headphones, mastoid vibrators are inserted to theja
k so
kets in order to 
onvert the ele
tri
al energy to sound energy or me
hani
alvibrations. At this point, there suddenly appears another important issue; driving these
onverters. Assume that audiometer settings are tuned to output sine wave having 100dB SPL at 16000 Hz. Output ampli�er must render this signal ready in ja
k so
kets.However if power amps are investigated, designer will easily 
omprehend that powerampli�ers 
an output high 
urrent but their dynami
 range �atness is sustained for onlyfew hundreds of hertz even less than this. However employing di�erent 
ombination ofelements makes it easy to attain su
h dynami
 ranges in higher frequen
ies. On theother hand if 
ommer
ially available op-amps are 
onsidered 
urrent feedba
k ampli�ers
an be the most suitable 
hoi
e for implementing the power stages.There are more than one apparatus 
onne
ted to the output of the audiometers.They are di�erent intrinsi
 
hara
teristi
s so they have di�erent voltage and 
urrentneeds. However, they 
an be 
alibrated for the same hearing level at the output. Thisjob is pro
essed in "Equalization" module (see Figure 1.1). In this se
tion signal am-plitude is set to a suitable absolute amplitude level thanks to the available 
ir
uitry



22like resistor divider networks. In this work this part is implemented using DigitallyControllable Potentiometers. Signal levels regulated dis
retely utilizing su
h 
ompo-nent. Despite the fa
t that analog potentiometers o�er more pre
ise regulation, theyare not preferred due to the s
ar
e of the ports of the mi
ro
ontroller (One potentiome-ter is required for every single type of signal.). Figure 4.1 shows the blo
k diagram

Figure 4.1 Blo
k diagram of Right 
hannel (Pale lines demonstrate signal propagation dire
tion,however bold ones demonstrate 
ontrol bus or line).representation of one of the 
hannels. The bold lines indi
ate the 
onne
tions betweenthe mi
ro
ontroller and pertaining fun
tional unit. They in
lude more than one lineto 
ontrol the unit. However grey lines (pale) shows the output of the unit and itis a single line. As realized there are two mi
ro
ontroller established as master slavestru
ture. Slave one is dedi
ated to the noise blo
k to feed the pertaining IC withits 
lo
k output. Mi
ro
ontroller's �nite loop ne
essity and main program's �rmwarestru
ture 
ause indispensably doubling the number of the mi
ro
ontrollers. This pointwill be 
lari�ed later. Other fun
tional units are LCD (2 x 40) and buttons thought asseparate units to a
hieve the user interfa
e for this prototype. LCD lets the user knowthe state of the devi
e. Mi
ro
ontroller lo
ates the 
ursor to the dedi
ated pla
e andwrites data at the 
ursor position. State of the devi
e is shown in the lower line in LCDs
reen, however warnings about the fun
tioning of the devi
e is shown in the upperline for about �ve se
onds to supply additional time to user to read it 
orre
tly and
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leared later (see Figure 4.2). Additionally buttons 
hanging the gain and frequen
yof the pertaining 
hannel and toggle a
tive 
hannels as well. For the sake of simpli
ity

Figure 4.2 Representative showing of two di�erent states of LCD s
reen.and 
ost alleviation, in this prototype, stop button (tone interrupter) whi
h must be inthe hand of the patient, pla
ed near the other buttons. Power ampli�er is thought tobe as a voltage follower. Its output is as the same as the attenuator's output howeverit provides the required 
urrent to drive the headphones and mastoid vibrator.
4.1 Pure Tone Generator (PCB-1)Pure tone generation is one of the most important tasks when the system a
-
ura
y is 
onsidered. It is strongly desired that the frequen
y deviation and TotalHarmoni
 Distortion (THD) of the generated waveform should be as low as possible.The �rst 
ir
uit tried in this thesis work is explained in Se
tion 4.1.1. Yet it is notpreferred as the pure tone generator 
ir
uit. Be
ause; in Figure 4.3 the variable resis-tor R1 is repla
ed 16 x 1 multiplexer and related resistors in ea
h 
hannel to obtaindesired frequen
ies from 125 Hz to 16000 Hz. And it is thought to a
tivate the suit-able 
hannel by the four address line of multiplexer. Unfortunately, when the 
ir
uit
onstru
ted over this ar
hite
ture, 
hannels of the multiplexer are not separated fromea
h other be
ause of the low "o�" resistan
e (22 Mohms) of the related 
hannel. Thisbrings about unbearable 
rosstalk between the 
hannels. Thus output is observed assummation of band of frequen
ies between 125 Hz and 16000 Hz. As an alternateapproa
h Dire
t Digital Synthesis (DDS) method is tried. As the name implies it is



24not an analog method of generating sine wave. It needs more 
ompli
ated �rmwarepro
edure on the mi
ro
ontroller. Yet, as will be seen later it is more a

urate andstable when 
ompared with the former one.
4.1.1 Sine Approximation: Logarithmi
 ShapingOne of the pure tone generators designed for the audiometer in this thesis isshown in Figure 4.3. Generator is 
arried out using 2 di�erent topologies. One ofthem is responsible from triangle wave generation and the other one is responsiblefrom logarithmi
 shaping of the triangle wave to obtain sine wave. There are tworeasons to prefer this 
ir
uit as a pure tone generator. Firstly this 
ir
uit is 
apableof generating frequen
ies in the range of 125 Hz to 16000 Hz only by 
hanging oneresistor, R1. Se
ondly 
ir
uit generates sine waves with very low distortion of about2%. With spe
ial 
on
ern this ratio 
an be redu
ed to 1% [19℄.Triangle wave is generated thanks to the loop formed by LF356 and LM311(see Figure 4.3). LF356 works as 
onstant 
urrent driver and LM311 as 
omparator.Furthermore diode bridge with Zener diode forms a voltage 
lamp ( Vclp) at voltage;

+Vclp = +(Vz + 2Vdon), (4.1)and
−Vclp = +(Vz + 2Vdon), (4.2)where Vdon and Vz diode on voltage and Zener voltage respe
tively. LM311 fun
tionsas a S
hmidt trigger and Rb and Ra 
onstitute its swit
hing thresholds as [19℄:
+Vsw = +(Rb/Ra)Vclp, (4.3)morover,
−Vsw = (−Rb/Ra)Vclp, (4.4)



25When the 
ir
uit is powered on, suppose that the LM311's output swings to
−Vclp. Then the 
apa
itor will be 
harged by the 
urrent;

I = −(Vclp + 2Vdon)/R1. (4.5)Hen
e LF356 inverts the polarity, the voltage at Vx , equals:
Vx =

−(−Vclp + 2Vdon)

RC
t, Vx = 0. (4.6)It is seen that the output goes positive when the output of the LM311 negative(note that 2Vdon < Vclp).Similarly when the output of the LM311 is at +Vclp, a negativeramp is seen at the output of the LF356,Vx = 0. To �nd the 
ir
uit frequen
y, steps

Figure 4.3 Pure tone generator.
an be written as follows:Vx ramps up from −Vsw to +Vsw at about T/2 se
onds and;
C∆V = I∆t, (4.7)



26so we have;
C(2Vsw) =

Vclp

R1

T/2. (4.8)Using the fa
t that
Vclp

Vsw

=
Ra

Rb

, (4.9)and expressing f = 1/T we get:
f =

(Ra/Rb)

4R1C
. (4.10)LF356 itself has low input bias 
urrent and reasonable slew rate spe
i�
ationstherefore suitable 
hoi
e for that stage. Apart from this 
omparator must be highspeed whi
h is enough for this appli
ation.Triangular output is divided using 5k wave shape trimpot and 200 ohms. Be-
ause experimentally it is inspe
ted that larger triangular waves 
ause more distortionat the output of the log shaper. Log shaper is formed by the two IC namely; U1 andU2 and it is the most expensive part of the 
ir
uit. Both U1 an U2 are mat
hed pairs,that's why they are the most expensive. U2 is 
onne
ted to the 
ir
uit in the form ofdi�eren
e ampli�er. And it has logarithmi
 voltage transfer fun
tion .Thus it roundsthe tips and verges of the triangular wave that is it gradually 
onverts the triangularwave to the sine wave [19℄. This is the non-linear e�e
t of the U1. U2 is 
onne
tedas a 
urrent mirror to 
onvert the U1's 
olle
tor 
urrent di�eren
e to the single ended
urrent. Then this 
urrent is divided to mat
h it to the input of the LF351 and then
onverted to the output voltage by the feedba
k resistor. U1 is sele
ted as MAT01 andU2 as SSM2220. In addition amplitude-adjust resistor and frequen
y-adjust resistorR1 is multiplexed to obtain 12 di�erent frequen
ies at di�erent amplitude. In fa
t am-



27plitude adjustment has another important role. When a sine is generated in a 
ertainfrequen
y than it is equalized to 80 dB equivalent of it at the output of the TDH39(headphone) Then attenuator only elevate it 100 dB or de
rease it -10 dB to attainfull dynami
 range 
lari�ed in the standards. Trimpots are sensitive to allow pre
iseadjustment. All the resistor values, obtained frequen
ies and THDs will be given inthe Results se
tion.4.1.2 Dire
t Digital Synthesis (DDS)Sinusoid fun
tions are not linear regarding their amplitudes but they are linearin the sense of their phase values. The phase of a sinusoid fun
tion 
hanges between0 and 2π; and it repeats itself in every step of 2π. AD9833 whi
h is sele
ted fromthe DDS produ
t portfolio of Analog Devi
es bene�ts this prin
iple. This 
hip gets areferen
e sinusoid signal, therefore basi
 phase equation be
omes the starting point as:
ω = ∆Phase/∆t = 2πf, (4.11)where, ω is the angular velo
ity and f is the frequen
y.Solving for f and substitutingthe referen
e 
lo
k frequen
y (fMCLK) for the referen
e period:
f =

∆Phase× fMCLK

2π
(4.12)Be
ause of the fa
t that 2π radians are 
oded with 28 bits registers the Equation4.12 
an be written as:

f =
∆Phase× fMCLK

228
. (4.13)A fun
tional unit, Numeri
ally Controlled Os
illator (see Figure 4.4), inside the
hip produ
es signals a

ording to the Equation 4.13. ∆Phase is also 
oded by thehelp of FREQ0 or FREQ1 whi
h are 28-bit registers to sele
t the desired frequen
y.Signal is applied to SIN ROM and DAC after Numeri
ally 
ontrolled Os
illator. In SIN



28ROM phase information (signal) is repla
ed with the sine wave amplitude informationbased on its phase signal. This is nothing but a lookup table that 
onverts the digitalinformation to amplitude information. Finally DAC gets the words from the SIN ROMand 
onverts them to 
orresponding analog voltages [20℄. But before writing the related

Figure 4.4 Internal stru
ture of AD9833.registers, 
ontrol register of the 
hip must be programmed. It 
ontains a set of bitswhi
h determines whi
h frequen
y register will be used between two, or whether thephase modulation will be performed, or what kind of signal (triangle, sine, et
.) will beready at the output. The 
ir
uit set up for this work is depi
ted in Figure 4.5 [20℄. The
ir
uit 
omposed of some de
oupling 
apa
itor 
ombination whi
h eliminates supplynoise, a referen
e 
apa
itor whi
h sets the internal referen
e voltage (pin 1), 25 MHzos
illator and its ground, supply 
onne
tions, and o
tal bu�er so as to remove the noisedue to transitions at logi
 states at interfa
e pins. All the frequen
ies produ
ed by the
hip have 608 mV peak to peak amplitude and a 
onsiderable o�set voltage at about300-400 mV. The measured total harmoni
 distortions for the targeted frequen
iesare tabulated in Table 4.1.
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Figure 4.5 S
hemati
 of Sine Wave Generator.4.2 Noise Generator and Noise Filter (Main Board)Noise generator is the other fun
tional blo
k in the designed audiometer. First ofall it is bene�
ial to say noise is used to mask the ear that is not being tested. In hearingtesting (air 
ondu
tion), 
ontribution to the tested ear by the non-tested ear is low butit is extremely high in bone 
ondu
tion testing. Namely, non-tested ear, undesirablyhelps the tested ear in hearing be
ause of the sound vibrations 
ondu
ted by the skull.Therefore subje
t under examination may have good hearing results though, s-he hasinsu�
ient hearing 
apability. Audiologists always advi
e 
ommen
ing the pro
essfrom the better ear. When test is 
ompleted for the better one; routine is repeatedagain for badly hearing ear. If the HL di�eren
e between the two is higher than 20dB pro
ess is repeated for badly hearing ear again with the masking on the better ear.Also it is re
ommended that the applied noise amplitude must surpass the pure toneor warble or pulsed tone applied to the tested ear. The word "noise" in this studyrefers to narrow band white noise. However in some audiometers wide band noise isused. The proposed design, 
an easily be modi�ed to implement wide band noise.White noise is obtained in the frequen
y range of 0 to 100 kHz reasonably �at. Whitenoise generating module is analog. A reverse biased Zener diode (LM336) is the sour
e



30Table 4.1Total Harmoni
 Distortion of all the frequen
ies.Frequen
y(Hz) Total Harmoni
 Frequen
y(Hz) Total Harmoni
Distortion (%) Distortion (%)125 0.092 2000 0.081250 0.090 3000 0.079500 0.088 4000 0.078750 0.083 6000 0.0781000 0.084 8000 0.0651500 0.082 16000 0.023of the noise. The Zener noise is ampli�ed using LM386 known as low 
urrent power

Figure 4.6 White noise generator.operational ampli�er. It has a voltage gain of 200 as its maximum. The noise at theoutput of the generator was 8 volts peak to peak. Therefore the original Zener voltageis: 8/(200×200) = 50µV .If more 
urrent is inje
ted to the 
athode of the Zener then thenoise 
urrent will in
rease and so the noise voltage at the output. C2 and C4 in Figure4.6 are advised as 10 µF to rea
h to the maximum gain of the LM386. If the obtainednoise voltage is higher than the desired voltage level, then it 
an be simply de
reasedby a trimpot 
onne
ted to the output of the se
ond LM386. Another widely usedmethod in the 
ommer
ially available method implemented in the audiometer's noisegenerator, pseudorandom pattern generation by using linear feedba
k shift registers,LFSR, Figure 4.7. Using Digital to Analog Converter (DAC) one 
an obtain whitenoise. So 
lo
k rate is the dominant parameter of the 
ir
uit in determining the noise
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Figure 4.7 Linear feedba
k shift register.behaviour. The user would 
reate an LFSR that is mu
h bigger than three bits to geta large number of pseudorandom patterns, before the patterns are repeated. However,there are some pra
ti
al restri
tions to the length of the LFSR. A 32-bit maximal-length LFSR would 
reate over 4 billion patterns, at a 16-MHz 
lo
k rate, would takealmost 5 minutes to generate the whole pattern set [21℄. Thus the white noise generatorused in this study is preferred over the LFSR based designs, in terms of e�
ien
y and
ost. Noise generator provides wide band noise to a 4th order bandpass �lter module asseen in Figure 4.8. It is a swit
hed 
apa
itor �lter manufa
tured by Maxim (MAX261).Due to the fa
t that it is swit
hed devi
e sampling is performed. On a

ount of thefa
t that this 4th order �lter makes sampling, frequen
y 
omponents over half of thesampling rate 
ause aliasing. This is an obstru
tive 
ondition whi
h is eliminated bythe higher order anti aliasing �lter. Minimum 
lo
k frequen
y utilized by the 4th ordernoise �lter is 32767 Hz. 32767 Hz is divided by 2, for some reason internally. Thus thelowest sampling rate is 16384 Hz and frequen
ies above the 8192 Hz will 
ause aliasing[22℄. For example 9000 Hz 
omponent of the noise 
ause re�e
tion ba
k to the 808 Hz
(9000− 8192). But with the roll-o� frequen
y of the anti-aliasing �lter set at 8300 Hzaliasing will be totally eliminated. Furthermore if this interferen
e is disregarded androll-o� frequen
y set to; let's say 16250; then the 
ir
uit will produ
e a narrow bandnoise in the verge of 16000 Hz. Additionally anti-aliasing �lter used in this designis an 8th order �lter, hen
e it eliminates important part of the interfering element.Fourth order noise �lter is 
ontrolled by the mi
ro
ontroller. Be
ause of the fa
t thatthere are many di�erent bands of noise 
entered at the di�erent frequen
ies, it will be
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Figure 4.8 Noise blo
k.wise to show only the 
al
ulations belonging to the one of them, let's say band 
enteredaround the 2000 Hz. First of all from EN60645-1, upper and lower 
uto� frequen
ies, aswell as attenuation 
hara
teristi
s of the �lter are determined. They are: Lower 
uto�frequen
y : between 1680 Hz and 1780 Hz (1730 Hz is assigned) Upper 
uto� frequen
y: between 2240 Hz and 2380 Hz (2300 Hz is assigned) Attenuation band requirement :at least 12dB/O
tave Frequen
y a

ura
y : 2% Then se
ond mi
ropro
essor provides
lo
k frequen
y as 257 kHz. If fclk/f0 is sele
ted as 128.81 f0 is obtained as 1995.2 Hz[18℄. Q(quality fa
tor) is de�ned as:
Q =

f0
(fu − fl)

. (4.14)so Q is obtained as: Q = 2000/(2300−1730) ∼= 3.51, where; f0 is 
enter frequen
y, fclkis 
lo
k frequen
y, fl is lower 
ut-o� frequen
y, fu is upper 
ut-o� frequen
y. Both ofthe 2nd order se
tions of the 4th order �lter (MAX261) are used as 
as
ade to ensurethe desired attenuation. Also they operate at Mode 1. Thus Q of ea
h se
tion isassessed as its gain at the same time [22℄. On the other hand be
ause of its 
as
adedstru
ture, Q is multiplied by 1.55, therefore Q should be sele
ted as 3.51/1.55 = 2.26.Thus 2.29 is a

epted as a Q value presented in the table (see [22℄ for the mentioned Qvalue table). Then binary 
odes of fclk/f0 ratio and Q are sent to the �lter. Also notethat during the experiments it is noti
ed that the mi
ro
ontroller MSP430FG439 isn'table to provide 
orre
t 
lo
k frequen
y. This made the design a little bit sophisti
ated.
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Figure 4.9 Obtained results for 2000 Hz using 4
th order swit
hed 
apa
itor �lter from Maxim.Besides designer must 
onsider the amplitudes at the end of the noise blo
k, be
ausethe 4th order noise �lter multiply the amplitude of the signal with 3.51. For 2000 Hzresults are shown in Figure 4.9. Besides 216 Hz and 18400 Hz in Figure 4.9 are 3 o
tavessmaller forms of 1766 Hz and 3 o
taves bigger form of 2351 Hz, respe
tively. Noti
ethat frequen
y deviation is not larger than 2% of 
enter frequen
y and attenuation isgreater than 36 dB after 3 o
taves far from the lower and upper 
uto� frequen
ies.

4.3 Warble Tone GeneratorWarble tones are frequen
y modulated waves. They are used to prevent forma-tion of standing wave patterns whi
h are 
onfronted when using single-frequen
y testtones. Audiometri
 tests are 
arried out in nearly full absorbent booths but they arenot perfe
t. These imperfe
tions 
ause e
hoing from the walls of the booth. Owing tothe fa
t that wall of the booth may be assigned as �xed or 
losed end, in
ident waveis re�e
ted ba
k as 180 degrees out of phase. Therefore standing nodes and sweepingantinodes are indu
ed in every step of λ/2 and λ/4 respe
tively. This has the e�e
t of



34produ
ing ambiguous results when attempting to measure the energy gradient of thedire
tly radiated signal. On the other hand warble tone 
ontains band of frequen
iesinstead of one kind of frequen
y. So every single frequen
y inside this band 
hangesthe lo
ations of nodes and antinodes and produ
es a substantially or 
ompletely ho-mogeneous energy gradient that is measurable and predi
table [23, 25℄. The 
ir
uitimplementing Frequen
y Modulation (FM) is given in Figure 4.10. In this 
ir
uit allthe frequen
ies generated in pure tone generator, generated again by LM565 as squareor triangle wave. As a matter of fa
t LM565 is Phase Lo
ked Loop (PLL) IC however,it 
ontains a Voltage Controlled Os
illator (VCO) inside and this stru
ture is takenadvantage of to reprodu
e all the frequen
ies from 125 Hz up to 16000 Hz as 
arrierwaves. This is a
hieved s
aling the DC voltage applied to the 7th pin of the IC. Every

Figure 4.10 Blo
k diagram of Warble Tone Generator.single level in this pin stands for a periodi
 signal at unique frequen
y. Besides to ex-pand the range of generated frequen
ies two 
apa
itor swit
hing is required. Thereforeas swit
hing 
ir
uit, a multiplexer is used. Seventh pin of the mi
ro
ontroller imple-ments another important job. Thanks to the message signal superposed over its DC
omponent it 
hanges its own output frequen
y whi
h is available at pin 4 in reversemanner i.e. when the message signal amplitude in
reasing the frequen
y of the outputwave is de
reasing and vi
e versa.



35Figure 4.11 shows more detailed 
ir
uit of the important parts of the warble tonegenerator. A

ording to this representation output frequen
y (before message signalappli
ation, only 
arrier is available at the output) 
an be formulated as:
f =

2.4(Vcc − Vs)

R1CcVcc

, (4.15)where; Vcc is the supply voltage, Vs is the voltage on pin 7 and Cc is the e�e
tive
apa
itan
e on pin 9.

Figure 4.11 Detailed depi
tion of LM565 and its 
onne
tions.Furthermore, e�e
tive 
apa
itan
e on pin 9 and sets the modulator sensitivity.It is assigned as 500 Hz/V olts in this 
ir
uit. Besides message signal frequen
y issele
ted as 10 Hz, and maximum frequen
y deviation is sele
ted as 10%. In
identally,message signal is generated by ICL8038 whi
h is obsolete today. But few of themare available and it simpli�es the overall 
ir
uit be
ause it needs only few 
apa
itorsand resistors to output the desired frequen
y. On the other using AD9833 in pla
e ofICL8038 gives more and more ex
ellent results but mi
ro
ontroller doesn't have enoughnumber of pins for AD9833 to program it via its digital interfa
e.



364.4 EqualizerEqualizer is one of the requisite module, when the design topology is regarded.Equalizer implements equalization of the output levels of ea
h generator and for ea
hspe
i�
 signal. This level is assigned as 80 dB for pure tone signal and 60 dB for noiseat the start up. For example pure tone generator outputs 608 mV peak to peak sinewave in every frequen
y. However in 125 Hz 799.2 mV (absolute level) 
orrespondsto 80 dB SPL but in 250 Hz only 198 mV rises up the sound pressure level to 80dB SPL. Therefore produ
ed level (608mV) must be equalized to its 
orrespondingdB SPL absolute level. This is also required for noise signal and warble tones so thisse
tion in
ludes dedi
ated 
hannels for ea
h kind of signal. Initially in
oming signalis applied to the high pass �lter to eliminate the o�set of the signal. Be
ause thiso�set may elevate the signal and 
ause 
lipping at he upper or lower side of the signals.Furthermore noise signal is low pass �ltered to weaken the e�e
t of 
lo
k feedthroughand sampling frequen
y as a 
omponent inside the noise. Se
ondly suitable o�set isadded to the signals to mat
h them to the input range of the Digitally ControllablePotentiometer (DCP). (Note that DCP is powered by 5 Volts only, not symmetri
voltages i.e. +5, -5 Volts.) AD8403 (Analog Devi
es) is used as DCP. It has got 4
hannels namely 4 potentiometers ea
h of whi
h is 10 Kohms. Ea
h potentiometer has256 tabs. IC has 10 bit 
ontrol register whose most signi�
ant two bits are utilized forsele
ting the 
hannel and rest is used for setting the tabs in prede�ned potentiometers.Every potentiometer inside the IC has 3 endings, named as A, B and W and the leastsigni�
ant 8 bits set the resistan
e between B and W terminal as:
RWB(D) =

D

256
× RAB +RW , (4.16)where; D is data that stores the tap information; RWB, RAB, RW are resistan
es be-tween W and B terminals, A and B terminals and wiper resistan
e, respe
tively [24℄.So, thirdly one of the op-amp is 
on�gured as non-inverting operational ampli�er butits feedba
k path is totally 
onstru
ted by one potentiometer of the DCP. Doing so, itis intended to amplify signal if desired output is higher than the in
oming signal; onthe other hand unless the desired output signal is higher than the in
oming signal, then
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Figure 4.12 S
hemati
 of Equalizer se
tion (Single 
hannel).non-inverting ampli�er exhibits bu�er behavior. Next the signal is applied to another
hannel of the DCP for a more pre
ise setting. Hen
e two 
hannel of the DCP is usedfor one type of a signal. As �nal step signal is dire
ted to a high pass �lter to removeits d
 part. For one 
hannel of signal (e.g. noise) four op amps are used. In order toalleviate the tangle of op-amps one IC that 
ontains four separate op-amps (Quad) isused that is named as TL064. AD8403 has serial port interfa
e, therefore only threelines are enough to program it. These pins have standard names as Serial Data In-put (SDI), Clo
k (CLK), and Chip Sele
t (CS). Furthermore AD8403 has Serial DataOutput (SDO) pin whi
h renders programming with only there lines for more thanone 
hip. Between AD8403 and mi
ro
ontroller one pin of port 3 of mi
ro
ontroller isassigned as 
lo
k line. Writing the desired word to the 
hip is implemented as a
tivat-ing 
hip �rst by CS line, loading the SDI pin and shifting the CLK line to high levelsequentially.



384.5 Attenuator (Main Board)Attenuator is almost the most important part of the 
ir
uit. Hearing systemhas a large dynami
 range so that the audiometers must also 
omply with. Thismakes the audiometer design a 
hallenge. When signal level 
ontrol required it 
anbe performed using digital potentiometers. Digital audiometers 
an �x the signals tothe user de�ned values, free of me
hani
al problems whi
h are great 
on
ern in analogpotentiometers. Nevertheless, digital audiometers su�er from la
k of large dynami
range for audiometri
 appli
ations. Their easy-to-use feature rapidly be
omes senselessbe
ause of this. There is a se
ond 
on�guration exploited to build the attenuator stagein audiometers. It is nothing but a little bit 
ompli
ated voltage divider network withresistors. Assume that for a headphone 
onne
ted to the output of the audiometer,80 dB SPL 
orresponds to 0.5 Vrms signal amplitude level in 1 kHz. This signal 
anbe diminished or enhan
ed by a series of resistor networks. Resistors have su
h apla
ement that they provide for example 5 dB steps in ea
h swit
h a
tion. Su
h aswit
h 
an easily be assigned as rotary en
oder. In ea
h step, it 
onta
ts one outputtab of the resistor network to provide the desired signal amplitude, relatively. Inthis design, Burr Brown's PGA2310 is used. It has digital gain 
ontrol. It has two
hannels handling 
apa
ity, hen
e named as stereo but not fa
ilitated in this manner.There are three 
ru
ial reasons preferring this IC. It has 120 dB dynami
 range whi
hmat
hes our expe
tation ex
eedingly (Our range stret
hes from -10 dB to 100 dB.). Ithas 0.5 dB gain 
ontrol (step size) whi
h makes these 
hips alluring for audiometri
appli
ation. In
identally, as a part of standards, 5 dB step size is de�nitely required.It has very low THD (0.0004 %). On the other hand internal noise is somewhathigher than the expe
ted (13 µV rms). Sin
e input signal shrinks to the order of fewmi
rovolts, internal noise of the 
hip may possibly deteriorate the quality of the signalextremely. But experiments showed no su
h indi
ation. However noise addition will bemore appre
iable when the signals applied to the headphones by the power ampli�er.Moreover, this 
ontributes minimally to noise at the instant of digital gain setting bythe 
ontroller, thanks to the zero-
rossing-enable fun
tion. Due to this fun
tion newgain is set at only the zero 
rossing of the signal. Partially some tests are performedwith a sine wave having 2 Volts peak to peak amplitude. Signal state is observed in



39very low gains at -60 dB and -80 dB. Figure 4.13 summarizes the 
onne
tions of theattenuator for one 
hannel. The attenuator has got two 
hannels whi
h are dedi
ated

Figure 4.13 Attenuator and its 
onne
tions.for stereo volume 
ontrol. These two 
hannels are not used to utilize the stereo featureof the IC, instead these 
hannels simply allo
ated for right and left 
hannel. Multiplexerin the Figure 4.13 is pre
ision multiplexer used to sele
t, pure tone, warble tone or noisesignals. For three di�erent line sele
tion 2 
ontrol lines are enough therefore a 4 to 1multiplexer is used. Attenuator is also 
ontrolled by (master) mi
ro
ontroller. Fivelines from mi
ro
ontroller are 
onne
ted to the attenuator as SDI, ZCEN , MUTE, CLK and CS. SDI is data line. Gain information of ea
h 
hannel is sent to theattenuator 
hip as 8 bits stream and right 
hannel is 
on
eded �rst. CS is anotherline between the mi
ro
ontroller and PGA2310 and a
tivates the 
hip when it is a
tivelow. ZCEN is a line to a
hieve noise free gain transition inside the 
hip. Additionally
MUTE is a pin of the 
hip whi
h is binds the output of the PGA2310 to the analogground of the system. CLK line is utilized by the 
hip to a
quire the data in the SDI pinin its rising edge. So in ea
h programming of the gain, for both 
hannels, sixteen 
lo
k
y
les sequentially are sent to the PGA2310. The 
hip is dea
tivated using CS pin.Output of the attenuator is dire
ted to the power ampli�er to drive the headphonesand the mastoid vibrator.



404.6 Power Ampli�er (Main Board)After the attenuator, the rest of the blo
ks that the signal dire
ted must possessat least the same dynami
 range with the attenuator as well as their owns featurepertaining to the fun
tions. But we have only one fun
tional blo
k, after the attenuator.It is power ampli�er. Some measurements 
arried out about the 
urrent requirementof the headphone for pure tone and noise 
onditions. 125 Hz, 16000Hz (for pure tone);8000 Hz (for noise) sine waves and noise bands ne
essitate the highest 
urrent drives.Besides, in 
ase of sine wave appli
ation to the bone vibrator (in 60 dB) highest 
urrentrequirement is observed at 16000 Hz. While headphone driving is not a problem;
urrent requirement of the mastoid is a problem. Its 
urrent requirements 
an be ashigh as 400 mA based on the measured data. Therefore Current Feedba
k Ampli�er(CFA-AD815) from Analog Devi
es is suitable for this stage whi
h 
an supply 500 mAfor one 
hannel over a load of 10 ohms. It is a dual 
hannel IC. In higher 
urrentrequirements input may be 
onne
ted di�erentially. As expe
ted its THD is a little bithigh (66 dB) but not una

eptable. The favored feature of this ampli�er is its widedynami
 range even at higher frequen
ies. CFAs, in 
ontrast to traditional voltagefeedba
k ampli�ers (VFA), have no dominant pole 
apa
itor and therefore 
an operatemu
h more 
losely to their maximum frequen
y at higher gain. Stated another way, thegain/bandwidth dependen
e of VFA has been broken. It enables the system to drivethe apparatus even in higher gain settings, in higher frequen
ies with a �at open loopgain (It is nearly �at up to 20 kHz, see Figure 4.14). The other worthy to say advantageof the CFAs is they have no slew rate limitations. But this design does not deal withhigh speed signals, this feature as an advantage does not appeal us. Conversely thedisadvantages of CFAs are high o�set voltages whi
h urge the designer to insert theo�set adjustment 
ir
uitry before the CFA.
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Figure 4.14 Open loop 
hara
teristi
 of the power ampli�er Note that the ampli�er is a 
urrentfeedba
k ampli�er, therefore open loop gain is represented as transimpeden
e.4.7 Control Panel (PCB-3)Interfa
e between the devi
e and user is implemented by this blo
k. It is sepa-rated from the other modules and implemented on a board pe
uliar to it. So that thisblo
k 
ompletely free from the others and if an en
asing is thought than it will easilyput to a visually 
onvenient pla
e. This will ease the 
ontrol also, be
ause the boardin
ludes 
ontrol buttons on it. This board 
ontains master mi
ro
ontroller, 
ontrolbuttons, LCD, swit
h deboun
ing 
ir
uitry and 
onne
tors providing 
ommuni
ationbetween mi
ro
ontroller, main board and 
ontrol panel themselves. Mi
ro
ontroller inthis board is atta
hed to the solder side to prevent any blo
kage of view and 
ontrol.LCD is just over the buttons and buttons are grouped based on their tasks.LCD is 2 x 40 
hara
ters wide, manufa
tured by Yes Optoele
troni
s (YMS402) and 
ontrolled with 16 lines (Sixteen lines are standard for all 
hara
ter LCDs).It is powered from 5 Volts. The R/W line is 
onne
ted to the ground to maintainthe LCD always in write mode. However, only 2 
ontrol lines are used to managethe LCD. Enable pin (E) and register sele
t (RS) pins are used to a
tivate the LCDand to inform it whether the information sent is data or instru
tion. Additionallyeight bit lines are 
onne
ted between LCD and mi
ro
ontroller to a

omplish parallel
ommuni
ation. A

ording to the state of the RS pin transferred bits are assessed as



42data or instru
tion. Also note that if instru
tion 
ommand is sele
ted by the RS pin,programmer must be 
areful about the exe
ution duration of ea
h instru
tion whi
h
onstitutes no problem when data mode is sele
ted by the RS pin.Buttons are pla
ed to sele
t the tone type as noise, pure tone, and warble; toa
tive or dea
tivate right or left 
hannels and de
rease/in
rease the gain or frequen
yof the test signal. Hen
e the �rmware is interrupt-driven. Ea
h of these buttons triggeran interrupt event to exe
ute a 
ertain job. Furthermore there are "apply" and "stop"buttons to apply and 
ease the adjusted signal to the subje
t. "apply" button shouldbe lo
ated to the 
ontroller side. This is as expe
ted. But tone interrupting button(stop button) is also lo
ated on the 
ontrol panel. This is not a suitable format butthis version of the devi
e is only a prototype at the moment. Buttons are simplepush buttons and they produ
e boun
e at the time of pressing whi
h 
auses the wronginterpretation by the mi
ro
ontroller. Sometimes this 
an 
ause skipping more thenone tap for frequen
y or amplitude adjustment. One of the deboun
er 
ir
uit namedas "RC deboun
er" is a useful 
ir
uitry to diminish the unwanted signal transitionsduring the pressing. RC deboun
er is 
omprised of a RC network and a S
hmiddttrigger. The key to get boun
e free transitions when swit
h is 
losed, is to s
ale thetime 
onstant of the 
ir
uit below the upper threshold of the S
hmiddt trigger. The

Figure 4.15 Deboun
er [27℄.voltage of the 
apa
itor 
an be formulated as follows (see Figure 4.15):
Vcap = Vcc exp(−t/R2C), (4.17)



43where; Vcap is the 
apa
itor voltage.Then R2 
an be obtained as:
R2 =

−t

C ln(Vcap

Vcc

)
(4.18)

Assuming boun
e time as 20 ms, in the worst 
ase, Vcc volts, Vcap as upperthreshold of 1.7 volts R2 is obtained as 18.5 Kohms. 18 Kohms is used instead. Likewisewhen 
harging equations are written, R1
an be extra
ted from these equations. Thesame values are utilized to 
al
ulate the R1, ex
ept Vcap whi
h must be set as 0.9 voltas lower threshold. Then R1 is obtained as 100 Kohms; however 82 Kohms is usedinstead. So even higher swit
hing stru
ture yields boun
e free transitions. In Figure

Figure 4.16 Control panel.4.16 four of the 
onne
tors lo
ated at the bottom of the board are allo
ated to themi
ro
ontroller. The mi
ro
ontroller (master) that is mounted to the solder side of the
ontrol panel (board) is depi
ted with dashed lines in Figure 4.16. A
tually not onlythe mi
ro
ontroller but its evaluation board (MSP-TS430PN80 Rev1.0) whose size is72 x 72 mm is also 
ompletely mounted on to the 
ontrol panel (board). Howeverit is not smart; high 
oast of the IC so
ket of the mi
ropro
essor impels the over alldesign in this way. Moreover there are two 
onne
tors at the left side of the ControlPanel. The one soldered to the upmost provides the 
ommuni
ation between LCD andmi
ro
ontroller and the other provides the 
ommuni
ation between main board and
ontrol panel (board). The former one is 2 x 8 and later one is 2 x 13.



444.8 Mi
ro
ontrollers and Supply VoltagesMi
ro
ontrollers are also 
ru
ial parts of the devi
e. This audiometer design istotally based on the Texas Instrument's MSP430FG439 mi
ro
ontroller. It has 80 pinssurfa
e mount (SO) pa
kage. But it is mounted on MSP-TS430PN80 Rev1.0 evaluationboard, supplied by TI. Two MSP-TS430PN80 Rev1.0 boards are totally mounted tothe designed PC boards. MSP430FG439 has many fun
tional modules like DAC, ADC,timers, operational ampli�ers, LCD 
ontrol units, serial 
ommuni
ation ports et
. Ithas six input/output ports. Ea
h pin of the port 
an be programmed as an input,output or a spe
ial fun
tion pin. Apart form these, port 1 and port 2 a

ept inter-rupts from the external 
omponents fa
ilitating an interrupt driven programs. Anotherblo
k of the mi
ro
ontroller is its phase lo
ked loop (FLL) 
lo
k module 
ontrol blo
k.This part 
ontrols the system 
lo
k. It has 3 di�erent 
lo
k signals so-
alled MCLK(Master 
lo
k) SMCLK (Sub-main 
lo
k) and ACLK (Auxiliary 
lo
k). ACLK needsa spe
ial 
rystal. When the 
rystal is 
onne
ted to the evaluation board it provides32767 Hz 
lo
k pulse. Furthermore the 
lo
k frequen
y 
an be divided by 2, 4, 8 bythe internal registers of the PLL module. SMCLK is another 
lo
k line but again itneeds a spe
ial 
rystal 
onne
tion to fun
tion properly. MCLK is the system 
lo
k.It operates as 
ertain integer multiplies of the 32767 when wat
h 
rystal for ACLK isfun
tional. In this work, 
lo
k utilization is parti
ularly important. Sixty �fth pin ofMSP430FG439 is allo
ated to the MCLK that is appointed for noise masking mod-ule of the audiometer. Owing to the fa
t that a swit
hed 
apa
itor �lter is used andit requires 
lo
k pulses to perform sampling, MCLK output is dire
tly 
onne
ted to
lo
k input of the swit
hed 
apa
itor �lter. One of the mi
ro
ontrollers is the mastermi
ro
ontroller whi
h manages all the fun
tional blo
ks as well as the slave mi
ro
on-troller. The slave mi
ro
ontroller that responsible from the generation of 
lo
k pulsesfor the swit
hed 
apa
itor �lter. Communi
ation between these two mi
ro
ontrollersis provided using the USART interfa
e of ea
h mi
ro
ontroller in UART mode. Itwill also be explanatory that there is no reason to 
all the 
ontrollers as master andslave when the mediating 
ommuni
ation type 
on
erned by the 
ontrollers but thisrenders easy when somebody wants to dis
riminate them. Merely the transmit pin(UTX0) is enabled in master; however in slave, re
eive pin (URX0) is enabled. Hen
e
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ommuni
ation is unidire
tional. Baud rate is set to 2400 baud and ACLK is used asUART module 
lo
k. Re
eiver 
ontinuously waits for an interrupt. As an interrupt is
aptured, then it sets its MCLK to the desired frequen
y and reverts ba
k to its in�niteloop. Note also that master disables its UART module after the transmission of thepertaining 
ontrol 
hara
ter. This impedes unintentional transmissions. A problemen
ountered during the design is the a

ura
y of the mi
ro
ontroller while generating
lo
k pulses. SCFI0 is one of the register of the FLL module. When it is programmedusing FLLD8 (symboli
 representation of dividing 8) and FLLD4 (symboli
 represen-tation of dividing 4) system 
lo
k deviates from its a
tual value for about 5 kHz. Theproblem is over
ome thanks to the wide range of 
lo
k programming 
oe�
ients of theswit
hed 
apa
itor �lter.Symmetri
 voltages, used in the system are; ±15V , ±5V , ±9V . They areobtained using the LM317 (for positive voltages) and LM337 (for negative voltages).Basi
 
ir
uitry re
ommended in the datasheet is set up. Besides ±15V and ±5Vvolts are supplied from the power supplies (GE Dual tra
king power supplies) in thelaboratory. Heatsinks are used for the LM317 and LM337 pair whi
h generates ±9V ,a

ording to the 
al
ulations de
lared in the "heatsink requirement" se
tion of therelated 
omponents.

Figure 4.17 Lo
ation and 
onne
tions of Mi
ro
ontrollers.



465. SOFTWARE/FIRMWARE
5.1 Program for Printed Cir
uit Board (PCB) Produ
tionThe system 
omprises three di�erent 
ir
uit boards. First board is a pure tonesine wave generator. Sometimes it is 
alled PCB-1 as well, in this do
ument. It is a 80x 160 mm, dual layer PCB. Unfortunately PCB-1 is dis
arded be
ause of a design errorand an alternative one is designed and produ
ed via a more 
lassi
al method (et
hingand exposing ultraviolet light). This new version of PC board 
ontains a sine wavegenerator with DDS method (see Se
tion 4.1.2). There is also a se
ond board whi
h isprodu
ed via 
lassi
al method, 
alled Equalizer. Yet it is dis
arded and its breadboardversion is adapted to the overall 
ir
uit. Se
ond board is Main Board. Sometimesit is 
alled PCB-2 as well, in this do
ument. Noise sour
e and �lters, signal sele
tormultiplexers, attenuator, power ampli�er and ja
k so
kets are pla
ed on PCB-2. It isalso dual layer and both layers are partially 
opper 
overed. The region where powerampli�er lo
ated parti
ularly is not 
overed with 
opper. It is re
ommended in powerampli�er's datasheet that, 
overage and pins of ampli�er must be separated from ea
hother for about 5 mm. Hen
e settings are valid for entire board, this 
auses formationof many ground islands 
onne
ted to the nowhere. Therefore lo
us of power ampli�eris kept un
overed. Main board is 160 x 160 mm. Third board is the 
ontrol panel.Sometimes it is 
alled PCB-3 in the do
ument. It is a dual layer design. It is fully
opper 
overed and this 
overage is assigned as digital ground. It a

ommodates LCD,interrupt buttons, master mi
ro
ontroller with its spe
i�
 PCB. It is 100 x 160 mm indimension.All these there boards are worked out by Eagle 5.0 professional edition. Otherversions of Eagle are impotent of implementing the boards in terms of dimension. Eagleis preferred against the others like Proteus, Or
ad. Be
ause it is very easy to learn.Apart from this, almost none of the IC pa
kages used in this design are available in anyof the PCB design tools. Designing these pa
kages as a library �le is very 
umbersome



47in other programs. Nearly 10 pa
kages have been designed as library �les during thisproje
t. Moreover, many 
omponent libraries are downloaded from the o�
ial siteof Eagle. Another useful feature of the Eagle is that, it has an autorouter whosesettings are de
lared by the user and it 
onne
ts the airwires in a whole PC boardin a very short time, even for remarkably large board. After that user may do somearrangements on the PC board to obey some widely a

epted rules to optimize thee�
ien
y and its 
ost. Namely, autorouter saves your time woks as a se
ond personon a PC board implementation in a proje
t. But one handi
ap of Eagle is, it does noto�er an opportunity to run a fun
tional simulation to see the results before the PCBfabri
ation.
5.2 Program on The Master Mi
ro
ontrollerPrograms running on the mi
ro
ontrollers (on both mi
ro
ontrollers) are ini-tially 
ompiled using IAR Workben
h v4.11. This is free edition of IAR with 8 kBytesof 
ode memory limitation. The �nal program is about 24 kBytes long whi
h was
ompiled with. That's why IAR is omitted for a while and Code Composer Essentialsv3.0 (Professional Edition) IAR is used to write programs, to 
ompile and run themon the mi
ro
ontroller for peripheral units whi
h have digital 
ontrol interfa
e withmi
ro
ontroller at the beginning of the proje
t. Formed 
ode segments are saved as".
pp", however they exhibit the 
hara
teristi
 features of C 
odes. Namely they arenot obje
t oriented. The main program a
tually formed by the pat
hes. These pat
hesare nothing but the previously written 
ode segments. They are only merged to 
on-stitute an interrupt-driven C program. It is worthy to say that in some sites of the
ode there are fun
tion 
alls inside the other fun
tion. Bran
hing in
reases up to 4thorder leading ine�
ient sta
k use but this does not bring forth any problem.Figure 5.2 summarizes the logi
 of the main program running on the mastermi
ro
ontroller. The program is founded on a variable whose type is "stru
t" in Cprogramming language. It is de�ned as in Figure 5.1: Next, two variables (r, l) de�nedas type is "stru
t alan". Program begins with setting all peripheral units like LCD,
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Figure 5.1 Snapshot of 'stru
t alan'.attenuator as well as mi
ro
ontroller's ports. Initial values are re�e
ted on to thes
reen (LCD). Interrupts are a
tivated during the initialization. Then program entersin an in�nite loop and 
ontinuously monitors the pins whi
h buttons are 
onne
ted inorder to 
at
h an interrupt. Assume that there is an interrupt from the button of right
hannel "r.w" variable. That means a
tivate short tone by settings its value to 1. Asanother example providing that there is an interrupt from the gain buttons, �rstly itis determined whether it is a gain in
rease or de
rease button. If it is a gain in
reasebutton, then "gainind" whi
h is the member of the variable r or l is in
remented by 1.So it is value, presumably may in
rease from 7 to 8 means gain is in
reased from 55dB to 60 dB. The indu
ed 
hanges are shown on the LCD. If the interrupt sour
e is"apply" or "stop" button, no 
hanges are done on the members of the variables "r" or"l". If "apply" button is pressed, (a

ording to the settings done before); peripheralunits are 
on�gured and lastly the attenuator is a
tivated. For the a
tivation "mute"pin of the PGA2310 is dea
tivated. If interrupt is triggered by the "stop" button, thenthe attenuator output is simply 
onne
ted to the ground. When these operations are
ompleted, mi
ro
ontroller program �ow is dire
ted to the site where the in�nite loopstarts. This �ow maintains itself during the "on" state of the devi
e.
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Figure 5.2 Flow 
hart of the main program.



506. CALIBRATION
Similar to the other audiometers, this audiometer requires two types of 
alibra-tion. One of them is frequen
y 
alibration and the other one is amplitude 
alibration.Frequen
y 
alibration 
an be appli
able for only pure tone generator and warble tonegenerator. On a

ount of the fa
t that, warble tone generator is not ready for thiswork, frequen
y 
alibration is the prime interest just for the pure tone generator. Dig-ital 
odes, sent to the AD9833, are kept in a two dimensional array whi
h is 
alledas "hold" in the program of the master mi
ro
ontroller. The AD9833 is programmedat either .1 or .3 Hz above the desired frequen
y. For instan
e if 125 Hz is desired tobe generated, the devi
e is set to generate 125.3 Hz. This means a frequen
y error of0.24% whi
h is better than the requirements of the standard (2%). Deviations in otherfrequen
ies are better than this as per
entage error. .1 or .3 Hz deviations are sele
tedby the programmer. A few amount of frequen
y deviation is suggested if the desiredfrequen
y is an integer multiply of the 
lo
k sour
e in the design tool, ADI simDDS [20℄of the AD9833 with a 
aution as; "The desired output frequen
y should not have aninteger or near integer relationship to the internal 
lo
k frequen
y." (Clo
k frequen
yis 25 MHz in this design.). In this tool it is asserted that violation of this suggestionmay lead to in
reased spur levels and ex
essive jitter. Therefore error rate in frequen
ya

ura
y is �rmware programmable. Amplitude 
alibration with a
hieved as �rmwaredriven adjustments again: Every single frequen
y is set to 80 dB SPL as the openinglevel. The initial parameters are kept in a two dimensional array that is des
ribedas in Figure 6.1 Ea
h 
olumn in this array is formed by a method of trial and errormeasurements and ea
h of them represents the 80 dB SPL of pure sine wave and noiserespe
tively ex
ept the last 
olumn whi
h represents the 40 dB SPL (opening levelfor bone 
ondu
tion) of pure sine wave for mastoid drive. Some frequen
ies exhibitsdi�erent 
hara
teristi
s and need high voltage levels. Di�eren
e between the voltagelevels makes this design 
hallenging be
ause every level in this array 
orrespondingsingle frequen
y, is attenuated or ampli�ed by the same amount without saturation orloss. Amplitude 
alibration 
an be a
hieved by manipulating these levels for 80 dB.
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Figure 6.1 Snapshot of 'Amplitude Calibration Matrix'At other levels 
alibration is a
hieved by a dedi
ated array for tone and noise outputs.For example in pure sine wave 85 dB SPL level is rea
hed by 5.5 dB augmentation.However, theoreti
ally 85 dB level must be rea
hed only 5 dB augmentation over 80dB. Calibration for 
enter frequen
y in every band of noise (there are 10 di�erentbands of noise) 
ould be a
hieved by reprogramming the MAX261 via the fun
tion"setnoisesettings()". It has spe
ial se
tions for every band of frequen
ies, but note that
enter frequen
y determination is done by applying single frequen
y to the MAX261and inspe
ting 
enter and 3 dB frequen
ies for every band. Shortly 
enter frequen
y
alibration for noise is not needed be
ause best settings are obtained by trial and errormethod after many attempts.



527. RESULTS
An audiometer applied on a patient through:a ) Headphones (air 
ondu
tion),b ) Mastoid Vibrator (bone 
ondu
tion),
 ) Free �eld.The proposed devi
e aims at two widely used media "a" and "b". For the designedaudiometer to be 
onsidered as a su

essful design we must verify the set frequen
ies,amplitudes within the spe
i�
ations of standard TS 9595-1. The veri�
ation system isalso a well established 
alibration and test system for audiometri
 appli
ations. The
alibration/test system 
omprises:(i ) Headphone transdu
er (TDH39): Ele
tri
al signals whi
h are available at theja
k so
kets are transmitted to the TDH39, headphone, via its ja
k and 
able
onne
tion. It is used in air 
ondu
tion.(ii ) Mastoid vibrator transdu
er: It 
onverts ele
tri
al energy to me
hani
al energy.It is pla
ed just over the mastoid bone right behind the ear. It is 
onne
ted tothe ja
k so
ket in the Main Board via its ja
k. It is used in bone 
ondu
tion.(iii ) Arti�
ial Ear (Coupler Set) is 
omposed of a very sensitive membrane mi
ro-phone, a steel body, and a squeezing arm for TDH39. It is used as arti�
ial earand the headphone is mounted on it. Arti�
ial Ear is manufa
tured by GRAS.(iv ) Arti�
ial Mastoid is a 
ylindri
al steel body whi
h imitates the mastoid bone. Ithas a squeezing unit for the mastoid vibrator and is 
onne
ted to the Noise meterby a very sensitive and fragile 
able. It is manufa
tured by Brüel & Kjaer.



53(v ) Pre ampli�er: This unit undertakes the ampli�
ation of signals in air 
ondu
tion.It feeds the Noise meter for signal analysis. It is manufa
tured by GRAS.(vi ) Noise meter (Measuring Ampli�er): it has an analog display that shows therelative amplitude of an ele
tri
al signal. It has a very high dynami
 range (10to 170 dB SPL). The Noise meter also has built-in weighting �lters a

ording tothe type of input. Moreover it has a sensitivity knob whi
h is set a

ording tothe type of measurement. Its frequen
y range is between 5 Hz and 500 kHz. Itis manufa
tured by the NF (M 2174). Manuel 
alibration is possible for Noisemeter.(vii ) Distortion analyzer: it is used for measuring the distortion of a sine wave. It givesthe distortion either as per
entage or dB. It 
ould also be used as an os
illos
ope.It is manufa
tured by NTI and named as Minilyzer ML1.(viii ) Calibrator: it produ
es 1 kHz audio sine waves at two di�erent amplitudes (94and 114 dB SPL). It is used for 
alibration of the Noise meter at the beginningof the tests/
alibration.
7.1 Air Condu
tionFigure 7.1 depi
ts the test/
alibration setup for the air 
ondu
tion. TDH39 isinserted to the ja
k so
kets.TDH39 headphone 
onverts the ele
tri
al energy into sound energy. On the
ontrary GRAS Coupler Set 
onverts sound energy into ele
tri
al signal. Resultantsignals are ampli�ed and displayed in the Measuring ampli�er. THD is measured forsele
ted frequen
ies and tabulated in Table 7.1. Moreover set amplitude levels for in 5dB SPL steps are tabulated in Table 7.2 and in Table 7.3 . But in Table 7.2 and in Table7.3 measurements whi
h is below 75 dB SPL have "*". This means these measurementsare 
arried out with a voltmeter (Fluke True rms 189). A
tually environmental noisedominates the signal in the laboratory and this hinders Measuring ampli�er (Noise
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Figure 7.1 Representative showing of the air 
ondu
tion 
alibration/test system.Table 7.1THD in pure sine wave appli
ation to TDH39(A

ording to the TS 9595-1 THD must be smallerthan 2.5%).Measurement Frequen
y (Hz) THD (%)Level (dB SPL)95 125 0.310250 0.338
100

500 0.312750 0.3621000 0.2951500 0.2952000 0.2703000 0.4304000 0.2626000 0.5308000 0.10016000 0.048meter) to dete
t and show the signal in its s
reen 
orre
tly. Same problem is validfor noise appli
ation to the headphones. Considering this fa
t multimeter readings are
onverted to Noise meter readings as forming a linear equation.



55Table 7.2Measured signal levels for pure tone (Pre
eding 6 frequen
ies) when TDH39 is 
onne
ted to devi
e(Look at the Table 7.3 for the rest of the 6 frequen
ies. Signal level deviation must be smaller than
±3 dB SPL.).Signal Level(dB SPL) Measured Signal LeveldB SPL125 Hz 250 Hz 500 Hz 750 Hz 1000 Hz 1500 Hz100 99.8 99.9 99.6 99.8 99.7 99.895 94.8 94.9 94.6 94.8 94.8 94.890 89.8 89.9 89.6 89.7 89.7 89.885 84.9 85 84.6 84.8 84.8 84.880 80.2 80.1 79.8 79.9 80 8075 75.4 75.4 75.1 75.2 75.2 75.270 (69.35)* (70.3)* (70.4)* (69.7)* (70.48)* (70.44)*65 (64.33)* (65.4)* (65.6)* (64.8)* (65.8)* (65.75)*60 (60.1)* (60.7)* (61.4)* (60.1)* (61.35)* (61.26)*55 (55.6)* (56.4)* (57.3)* (56.1)* (56.5)* (56.47)*50 (51.1)* (51.9)* (52.7)* (52.5)* (52.8)* (52.8)*Table 7.3Measured signal levels for pure tone (Following 6 frequen
ies) when TDH39 is 
onne
ted to devi
e(Look at the Table 7.2 for the pre
eding 6 frequen
ies. Signal level deviation must be smaller than
±3 dB SPL.).Signal Level(dB SPL) Measured Signal LeveldB SPL2000 Hz 3000 Hz 4000 Hz 6000 Hz 80000 Hz 16000 Hz100 100.2 99.8 99.7 100 99.9 99.495 95.1 94.8 94.8 95 95 94.490 90.4 89.8 89.7 90 89.8 89.485 85.2 84.8 84.6 85 84.8 84.780 80.3 80 79.9 80.2 80 8075 75.6 75.4 75.2 75.4 75.2 75.070 (70.96)* (70.85)* (70.6)* (70.88)* (70.1)* (70.3)*65 (66.37)* (66.4)* (65.94)* (66.36)* (65.3)* (64.98)*60 (61.93)* (62.2)* (61.65)* (62.4)* (60.4)* (60.03)*55 (57.28)* (57.46)* (56.8)* (57.7)* (54.52)* (54.28)*50 (52.69)* (�) (52.16)* (�) (48.2)* (47.45)*45 (�) (�) (�) (�) (44.72)* (43.69)*40 (�) (�) (�) (�) (41.2)* (39.93)*



56Table 7.4Measured signal levels for noise (pre
eding 5 bands) when TDH39 is 
onne
ted to devi
e. Single
hannel is a
tive (Look at the Table 7.5 for the rest of bands. Signal level deviation must be smallerthan ±3 dB SPL.).Measured Signal LevelSignal Level dB SPL(dB SPL) 250 Hz 500 Hz 750 Hz 1000 Hz 1500 Hzlower upper lower upper lower upper lower upper lower upperdB SPL dB SPL dB SPL dB SPL dB SPL100 99 100.5 99.5 100.5 99.8 100 100 100.2 99.6 10095 95 95.8 94 95 94.6 94.8 94.4 94.8 94.6 94.890 89 90 89 90 89.6 90.2 89.6 90 � 89.685 84.5 85.5 84.4 85 84.6 85 84.8 85 84.6 84.880 80 81 79.8 80.5 80 80.4 � 80 80 80.475 � 76 75 75.6 � 75 � 75 � 7570 (�) (70.55)* (�) (71.74*) (�) (71.53)* (�) (69.7)* (�) (70.61)*65 (�) (66.34)* (�) (66.14)* (�) (67.01)* (�) (64.8)* (�) (65.77)*60 (�) (61.45)* (�) (61.4)* (�) (62.86)* (�) (59.7))* (�) (61.4)*55 (�) (56.52)* (�) (56.6)* (�) (57.3)* (�) (54.4)* (�) (56.6)*50 (�) (51.98)* (�) (52.3)* (�) (�) (�) (50.22*) (�) (52.34)*This linear equation is written using two di�erent points whi
h aremeasurable byNoise meter (Measuring amplifer) as well as multimeter (Fluke). Multimeter's readingsare appointed as abs
issa and Noise meter readings are appointed as 
orrespondingordinate of the mentioned points. Afterwards every multimeter readings are 
onvertedto the 
orresponding Noise meter readings. Therefore the values below the 75 dB SPLin Table 7.2, 7.3, 7.4 and 7.5 are marked with "*".



57Table 7.5Measured signal levels for noise (following 5 bands) when TDH39 is 
onne
ted.Single 
hannel isa
tive (Look at the Table 7.4 for the pre
eding bands. Signal level deviation must be smaller than
±3 dB SPL.).Measured Signal LevelSignal Level dB SPL(dB SPL) 2000 Hz 3000 Hz 4000 Hz 6000 Hz 8000 Hzlower upper lower upper lower upper lower upper lower upperdB SPL dB SPL dB SPL dB SPL dB SPL100 �� 99.8 99.4 99.9 �� 99.8 99.5 100 �� 99.895 �� 94.5 �� 94.4 �� 94.7 �� 94.4 �� 94.790 89.8 90.1 89.4 90 �� 89.7 �� 89.6 �� 89.885 �� 84.7 �� 85 �� 84.8 �� 84.6 �� 8580 79.6 80.2 �� 80 �� 80 80 80.2 80 80.275 75.2 76 75.5 76 75 74.6 75 75.270 (�) (70.0)* (�) (70.0)* (�) (70.1)* (�) (69.48)* (�) (70.2)*65 (�) (65.2)* (�) (65.3)* (�) (65.3)* (�) (64.25)* (�) (65.4)*60 (�) (60.45)* (�) (60.5)* (�) (60.8)* (�) (59.54)* (�) (60.4)*55 (�) (55.6)* (�) (56.2)* (�) (56.0)* (�) (54.82)* (�) (55.01)*50 (�) (�) (�) (52.7)* (�) (52.3)* (�) (52.04)* (�) (49.97)*7.2 Bone Condu
tionIn bone 
ondu
tion testing, mastoid vibrator is 
onne
ted to the ja
k so
ketsin the designed audiometer. Vibrator transdu
es the ele
tri
al energy into me
hani
alenergy. On the 
ontrary Arti�
ial Mastoid 
onverts me
hani
al energy into ele
tri
alsignal and this signal is dire
ted to the Noise meter via a very sensitive 
able (see Figure7.2). Resultant signals are ampli�ed and displayed on the Measuring ampli�er. THDis measured for every frequen
y as tabulated in Table 7.6. Moreover set amplitudelevels for ea
h 5 dB SPL step 
hange of designed audiometer is tabulated in Table 7.7and Table 7.8.
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Figure 7.2 Representative showing of the bone 
ondu
tion 
alibration/test system.
Table 7.6THD in pure sine wave appli
ation to Mastoid vibrator (A

ording to the TS 9595-1 THD must besmaller than 2.5%).Measurement Frequen
y (Hz) THD (%)Level (dB SPL)40 125 0.716250 2.9

60
500 4.9750 2.11000 2.011500 2.12000 0.93000 0.464000 0.456000 1.068000 0.9516000 0.017
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Table 7.7Measured signal levels for pure tone (Pre
eding 6 frequen
ies) when Mastoid vibrator is 
onne
tedto devi
e (Look at the Table 7.8 for the rest of frequen
ies. Signal level deviation must be smallerthan ±3 dB SPL.).Signal Level(dB SPL) Measured Signal LeveldB SPL125 Hz 250 Hz 500 Hz 750 Hz 1000 Hz 1500 Hz60 59.9 60.4 59.3 60.5 59.8 6155 55.9 56.4 55.3 56.5 55.6 56.850 50 50.4 49.3 50.5 49.7 50.945 44.9 45.3 44.3 45.5 44.8 45.840 39.9 40.3 39.3 40.4 39.6 40.935 34.8 35.2 34.2 35.5 34.6 35.730 29.9 30.1 29.2 30.4 29.5 30.625 24.7 25 24.2 25.3 24.5 25.720 19.8 20.5 19.3 20.4 19.6 20.815 13.5 14.5 13.5 14.2 14.2 13.610 10.2 10 10 10.4 9.5 10.55 �- �- �- �- �- �-0 �- �- �- �- �- �-
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Table 7.8Measured signal levels for pure tone (Following 6 frequen
ies) when Mastoid vibrator is 
onne
tedto devi
e (Look at the Table 7.7 for the pre
eding frequen
ies. Signal level deviation must be smallerthan ±3 dB SPL).Signal Level(dB SPL) Measured Signal LeveldB SPL2000 Hz 3000 Hz 4000 Hz 6000 Hz 8000 Hz 16000 Hz60 60.5 60.1 60.2 60.2 60.4 60.255 56.2 56 56 56 56.4 5750 50.4 50.1 50.2 50 50.4 50.645 45.3 45 45 45 45.4 45.340 40.2 40 40 40 40.4 4035 35.3 35 35 35 35.3 34.930 30.3 29.9 30 29.9 30.3 29.825 25.2 25 25 24.9 25.3 24.820 20.2 20 20 19.9 20.3 19.815 13 13 13 13 13 1310 10.7 10.2 10.2 10 10.3 10.25 �- �- �- �- �- �-0 �- �- �- �- �- �-



618. CONCLUSIONS AND DISCUSSION ABOUT THEFOLLOWING IMPROVEMENTS
It is intended to devise basi
 diagnosti
 Type 3 pure tone audiometer in thiswork. Its design pro
ess divided into many threads like pure tone generator, (narrowband) noise generator, warble tone generator, multiplexers (signal sele
tors), attenuatorand power operational ampli�er. At the end 12 kinds of frequen
ies for air and bone
ondu
tion at 11 di�erent levels are measurable. However there are 11 unmeasurablelevels for air 
ondu
tion and 3 for bone 
ondu
tion. Narrow band noise is produ
ed bydevi
e as non-test ear masker. There are 10 frequen
y bands whi
h 
an be presented at11 di�erent measurable levels. However there are also 11 unmeasurable levels between50 dB and -10 dB with the devi
es 
urrently available for masker. This audiometer
hanges the signal level with �ve (dB SPL) steps with a deviation of less than ±1dBfor every step 
hanges. Considering this feature it 
an be anti
ipated that devi
ea
tually provides unmeasured levels with the desired step 
hanges. Moreover, puretone distortions for every single frequen
y don't ex
eed the 2.01% for air 
ondu
tion,4.9% for bone 
ondu
tion. These limits are 2.5% for air 
ondu
tion and 5.5% for bone
ondu
tion a

ording to TS 9595-1 standard (see Table 3.3). This is another ful�lledfeature whi
h is strongly highlighted in standards.Warble tone generator se
tion is a

identally designed as short tone generatorin main board. Short tone 
apability is also important but, on a

ount of the fa
t thatwarble tone presentation be
omes a "must" of 
ommer
ial audiometers short tone se
-tion is omitted and warble tone generator is 
onstru
ted to a board and will be adaptedto the 
ir
uit later. All hardware and 
odes running on the master mi
ro
ontroller areplanned a

ording to existen
e of a warble tone generator. This will make the devi
emore 
ompetitive when 
ompared with the 
ontemporary ones.All modular units are tried to determine meti
ulously. So as to meet the THDrequirements for pure tone; seemingly well sine wave generation te
hnique that is named



62as logarithmi
 shaping is attempted. Nevertheless, it was frustrating for pure tonegeneration module due to on-board 
alibration trimpots whi
h are sele
ted by the 16 x1 multiplexers. This leads to waste of money and lots of time. But, 
onsequently DDSmethod has supplied the desired frequen
ies with the desired a

ura
y and stability.DDS se
tion is also 
apable to generate the frequen
ies ne
essary for High Frequen
yAudiometry. Moreover logarithmi
 shaping method that was abandoned might violatethe THD limits with its 0.8% THD just at its output.Noise (narrow band) generator module is the most original part of the design.It is the most expansive unit with its dedi
ated mi
ro
ontroller and 4th order �lter.Mi
ro
ontroller is only responsible to generate the 
lo
k for the 4th order �lter, and�lter is meti
ulously programmed to abide by the determined 
ut-o� frequen
ies by thestandards. Nonetheless the 
ost of this module 
an be redu
ed as simply by repla
ingthe development board with the mi
ro
ontroller itself.The a

ura
y of the system may be in
reased by repla
ing the 256 steps digitalpotentiometer lo
ated in the equalizer se
tion with 1024 steps potentiometer. This willespe
ially improve the opening level (80 dB) a

ura
y of the system. 256 steps digitalpotentiometer had been obtained before the 1024 steps potentiometer namely, timingprevented some optimizations. Also note that, attenuator has 1 dB resolution thatis, it 
an amplify or diminish the signal with 1 dB step size. This 
an also be a ni
efeature of the system. Besides power ampli�er supplies the needed 
urrent drive andneeds no repla
ement.Overall system 
osts nearly 700 TL ex
luding the mi
ro
ontrollers whi
h are lo-
ated on and under the PCBs. Ea
h of them is $99. Furthermore a software whi
h 
osts$499 is ordered but no 
harge is paid be
ause of 
ollaboration with Texas Instruments.Despite the expenditures PCBs are not perfe
t. Some modules' ne
essity is understoodin the 
ourse of time and they are integrated to the system. And some modules aretransported and re
onstru
ted on board like noise generator and noise masker. Thispart was problemati
 be
ause of the non-
ondu
tive wire on PCB and 
aused the lossof one and a half month. Su
h errors repeated in di�erent parts of the board.



63APPENDIX A. SCHEMATICS

Figure A.1 S
hemati
 of Control Panel (Drawn in Eagle 5.0.0 S
hemati
 Editor)
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Figure A.2 S
hemati
 of dis
arded Signal Generator (Drawn in Eagle 5.0.0 S
hemati
 Editor)
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Figure A.3 S
hemati
 of revised Main Board (Drawn in Eagle 5.0.0 S
hemati
 Editor)
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Figure A.4 S
hemati
 of Equalizer (Drawn in Eagle 5.0.0 S
hemati
 Editor)



67APPENDIX B. PRESENTATION OF THE SYSTEM

Figure B.1 Pi
ture of the System



681 . Power ampli�er2 . Slave mi
ro
ontroller3 . Attenuator4 . Multiplexers (Right and Left)5 . Noise generator and noise masker6 . Equalizer (Noise and tone 
hannel)7 . Pure tone generator8 . Control panel9 . LCD10 . Ja
ks

Figure B.2 Pi
ture of the dis
arded Signal Generator
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