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ABSTRACT

Otoacoustic emissions (OAES) are soft sounds generated by the inner ear
and can be recorded within the ear canal. Since OAEs can reflect the functional
status of the inner ear, OAE measurements have been widely used for hearing loss
screening in the clinic. However, there are limitations in current cli@ig&
measurements, such as the restricted frequency range, low effiar@hc
inaccurate calibration.

In this dissertation project, a new method of OAE measurement which
used a swept tone to evoke the stimulus frequency OAEs (SFOAES) was
developed to overcome the limitations of current methods. In addition, an in-situ
calibration was applied to equalize the spectral level of the swept-toneustiatul
the tympanic membrane (TM). With this method, SFOAEs could be recorded
with high resolution over a wide frequency range within one or two minutes. Two
experiments were conducted to verify the accuracy of the in-situ calibratiaio a
test the performance of the swept-tone SFOAEs.

In experiment I, the calibration of the TM sound pressure was verified in
both acoustic cavities and real ears by using a second probe microphone. In
addition, the benefits of the in-situ calibration were investigated by measuring
OAEs under different calibration conditions. Results showed that the TM pressure
could be predicted correctly, and the in-situ calibration provided the most reliable
results in OAE measurements.

In experiment Il, a three-interval paradigm with a tracking-fikehnhique
was used to record the swept-tone SFOAESs in 20 normal-hearing subjects. The



test-retest reliability of the swept-tone SFOAEs was examined usepgpated-
measure design under various stimulus levels and durations. The accuracy of the
swept-tone method was evaluated by comparisons with a standard method using
discrete pure tones. Results showed that SFOAEs could be reliably and &ccurate
measured with the swept-tone method. Comparing with the pure-tone approach,
the swept-tone method showed significantly improved efficiency.

The swept-tone SFOAESs with in-situ calibration may be an alternative of
current clinical OAE measurements for more detailed evaluation of inner ea

function and accurate diagnosis.
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Chapter 1
BACKGROUND AND SIGNIFICANCE
1.1 Project overview

The inner ear is a sensory organ that converts sound vibrations into neural
signals. Within the inner ear, there are two types of hair cells: the inneehs
(IHCs) and outer hair cells (OHCs). While the IHCs are mainly respernfsibl
encoding sensory information, the OHCs provide feedback to the vibration of the
inner ear structures to maintain an optimal stimulation of the IHCs. The key
feature of OHC functions is that the mechanical feedback is compressive, with
more energy fed back to the vibration for low levels of sound inputs. As
byproducts of such OHC feedback, extra energies are gene@teth inner ear.
The generated energies propagate outwards and can be recorded asl so-calle
otoscoustic emissions (OAES) by a sensitive microphone placed inside the ear
canal. Since OAEs are closely related to normal OHC activities, theiregant
of OAEs is widely used in the clinic as a non-evasive tool for hearing loss
screening.

Although OAE measurements have been used for over 30 years, the
clinical applications of OAEs are still limited to hearing screenmdjrao further
information is available for hearing diagnosis. The purpose of this dissertation is
to develop a new method to provide more detailed information about the
functional status of the cochlea in an efficient way. The new method was # us
swept tone with the frequency sweeping continuously across a wide range and the
energy equalized at the tympanic membrane (TM). This project wasctaui in
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two steps. The first step (chapter 2) was to test the performance anitshofreef
calibration procedure to ensure the precise controlling of sound pressure at the
TM. The second step (chapter 3) was to measure a type of OAEs using swept
tones in human ears. The reliability of OAEs measured with the new method was
investigated under various signal conditions, and the accuracy was crosseudalidat
with the standard methods. The calibration procedure described in theefirst s
was used to control the stimulus level during the OAE measurements in second
step.

1.2 The auditory periphery

In order to understand the generation mechanisms and measurement
principles of OAEs, it is necessary to briefly review the structures anddnact
of the auditory periphery.

The structures of the auditory periphery include three parts (Figure 1): the
outer ear, the middle ear and the inner ear. The outer ear is composed of the pinna
and the ear canal. The middle ear contains the tympanic membrane (TM) and the
ossicles (the malleus, incus and stapes). The inner ear consists of hminly t
cochlea that is the most important structure of the auditory periphery. theide
cochlea, there is the basilar membrane which divides the fluid-fillexkspa
lengthwise into different canals, and the hair cells lie on top of the basilar
membrane. The auditory nerves connect the hair cells with the structthes in

central auditory system.



tectorial
membrane

Outer Ear

inner
outer haircell
haircells

cochlear|

" nerve
basilar

membrane

Figure 1. The main structures of the human auditory periphery (from
sciencewithme.com).

When a sound comes, the acoustic energy is collected by the pinna and
guided by the ear canal to strike the TM. The vibration of the TM then sets the
ossicles into motion which in turn moves the fluid in the cochlea. The movement
of the cochlear fluid causes the basilar membrane to vibrate. The hair cells on the
basilar membrane convert the vibration into neural pulses that are cartrezl by
auditory nerves to the brain to be interpreted as meaningful sounds.
1.2.1Ear canal

It is crucial to understand the acoustics of the ear canal because @AEs ar
measured here. The ear canal can be considered as a tube with one end open to the
air and the other end terminated by the TM. When the sound hits the TM, part of
the sound energy is reflected back to the ear canal and the rest vibrates the T
and ossicles. The reflected sound wave can interact with the incidentgBrigin
wave and cause enhancements or cancellations, dependent on the phase
relationship between the two sound waves. Such enhancements or cancellations

form a_standing wavim the ear canal, which can cause a non-uniform distribution
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of the sound pressure along the length of the ear canal. At the entry of the ear
canal, a pressure null is present when the incident and reflected wavesadre out
phase. Currently, most OAE equipment calibrates the stimulus level acctwrding
the sound pressure at the entry of the ear canal simply because it ishehere t
probe microphone is located. However, such calibration can lead to inaccurate
guantification of the stimulus level, given that the pressure at the TM can be
significantly different (Siegel, 1994, Siegel & Hirohata, 1994). In the first
experiment reported in Chapter 2, we attempted to address this issue by using an
improved calibration method.
1.2.2Middle ear

The middle ear also has significant effects on the OAE measurement sinc
it is the pathway of the stimulus and OAEs. One primary function of the middle
ear is to match the acoustic impedances between the air in the outedl gz a
fluid in the inner ear, so that the sound energy can be effectively transmatted
the outer ear into the inner ear. The impedance match is achieved by the
amplification of the pressure when a sound passes through the middle ear. The
middle-ear amplification is frequency dependent with a resonant frequency
around 1-4 kHz and it forms the shape of the human equal loudness contayr (Ros
1968). In this way, the middle ear can greatly affect the hearing semsitivit
(Moore et al., 1997) and the spectral shape of OAEs (Suzuki & Takeshima, 2004).
OAEs will be attenuated or even absent if the middle ear has problems, such as
abnormal middle-ear pressures (Marshall et al., 1997) and middle-ear effusion

(Nozza et al., 1997).



1.2.3Basilar membrane

The basilar membrane (BM) of the inner ear is the place where OAEs
originate. The BM is a spectral analyzer of incoming sounds. It goeg tie
length of the cochlea duct, and the morphological attributes differ from the base
(close to the stapes) to the apex. The BM is narrow and stiff at the baseit wshile
wide and flexible at the apex. Therefore, each location has a characteristic
frequency (CF), with high CFs located at the base and low CFs at the apax. W
a sound enters the inner ear, the pressure difference within the cochlear fluid
causes the BM to vibrate. The vibration initiates at the base and gradualky buil
up as the energy propagates towards the apex. The vibration reaches a peak at the
place where the CF of the BM equals to the frequency of the incoming sound, and
quickly dies out when it goes further. Such a sequence of vibration patterns of the
BM resembles a wave moving along the cochlea and it is called the travelling
wave For a pure-tone stimulus, the peak of the travelling wave is located at the
base for high-frequency input, and at the apex for low-frequency input.
1.2.4Hair cells

Hair cells lie on the BM and are covered by the tectorial membranes Ther
are two types of hair cells in the cochlea: inner hair cells (IHCs) andimite
cells (OHCs). There are one row of IHCs and three rows of OHCs. On top of both
types of hair cells, there are hair-like projections called stereadtliethe tips
embedded in the tectorial membrane. The travelling wave in response to a sound
input causes the relative movement between the BM and tectorial membrane,
which in turn causes the stereocilia to bend. The bending of the stereocilia opens
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the ion channels to allowKush into the hair cells along the concentration
gradient. Such ion flow causes an electrical voltage change across the plasma
membrane. Thus the mechanical energy in sound is transformed into the receptor
potential of the hair cells (electrical energy), and this process is dadled t
mechano-electrical transduction (MET). One essential charaaeastihe MET
process is its nonlinear transfer function, i.e., the relation between thamuth
deflection of the stereocilia and the corresponding receptor potential ig high
nonlinear. The transduction is most sensitive at the resting point of the dia@reoci
and it becomes compressive or saturated when the deflection increasiesrin ei
direction. The nonlinear characteristics of the transfer function can bebses
by sigmoid-shaped functions, such as a hyperbolic-tangent function (Weiss &
Leong, 1985) or a Boltzman function (Patuzzi & Moleirinho, 1998).

Although both IHCs and OHCs are involved in the MET process, their
roles are different. The voltage change originated from the MET in le#Cs to
the release of the neurotransmitters, and causes the afferent audierfibes
(ANFs) to fire. Actually, about 95% of the afferent ANFs contact with theslHC
making the IHCs the main sensory cells. In contrast, the voltage changéhf
MET process in OHCs leads to the change of the cell length due to a voltage
dependent morphological change in the plasma membrane (Brownell et al., 1985).
In this way, OHCs can convert the voltage change (electrical enexgy}dthe
BM vibration (mechanical energy) and this process is called the reversed
transduction. The OHC mechanical response in a reversed transduction can
generate mechanical forces to help amplify the vibration of the BM to improve
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the sensitivity of the IHCs. During the reversed transduction, some of thg energ
added by the OHCs is transmitted back from the inner ear to the outer ear,
recorded as otoacoustic emissions in the ear canal.

1.3 Otoacoustic Emissions

Otoacoustic emissions (OAEs) were discovered by Kemp (1978) and
became well-known phenomenon of the auditory system since then. OAEs can be
recorded by placing a sensitive microphone in the ear canal, with or without
presenting external stimuli.

The presence of the OAEs is strongly associated with the normal OHC
activities (Hamernik et al., 1998; Glen K. Martin et al., 1998). If OHCs are
damaged (such as by ototoxic drugs or by noise exposure), OAE amplitudes are
decreased or even absent (Kossl & Vater, 2000; Subramaniam et al., 1994). Thus,
OAEs provide a window to observe the functional status of the OHCs. Screening
OAEs of different frequencies can help to identify the cochlear region where
OHCs are damaged. Moreover, OAEs are relatively easy to measungsdeca
only requires an earphone to present the stimuli and a microphone to record the
ear-canal response. In addition, measuring OAEs is an objective and yet non-
invasive method of estimating the inner-ear function. Therefore, OAEs have bee
widely used as a means of audiological assessments in the clinic. OAErsgreeni
is an ideal way to screen the hearing loss in newborn babies who cannot respond
behaviorally in standard hearing tests. The measurement of OAEs isinseful
tracking ototoxicity during medical therapies using aminoglycoside antibiot
chemotherapeutic drugs (Reavis et al., 2008; Stavroulaki et al., 2002) and
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monitoring hearing functions during neuro-otologic surgeries (Telisclhi, et a
1995). OAEs are also used to assess the pathophysiological mechanisms of
Meniere's diseases (van Huffelen et al., 1998). Combined with other hearing
assessments, OAEs can assist clinicians in differential diagnosishier furt
pinpoint the cause of the hearing loss (Starr et al., 2001; Deltenre et al., 1999).
1.3.1Types of OAEs

Depending on whether there is an evoking stimulus, all OAEs are divided
into two distinct classes: spontaneous and evoked OAEs. Spontaneous OAEs
(SOAES) can be recordable in 80% of normal ears without any external stimuli
(Penner & Zhang, 1997; Burns et al., 1992). Evoked OAESs can be further
categorized into several different types based on the type of stinalicitéd by
a transient stimulus (such as a click or a tone burst), the emissions ate calle
transient evoked OAEs (TEOAES); if two pure tones are used, the acoustic
distortion products consisting of the combinations of the two evoking stimuli are
recorded as distortion product OAEs (DPOAES); if elicited by one siagks
they are referred to as the stimulus-frequency OAEs (SFOAES).

Among the different types of evoked OAEs, TEOAEs and DPOAEs are
currently used in the clinic. For TEOAES, the transient can stimulatetine e
length of the BM simultaneously and the emissions are observable after the
stimulus. High-frequency TEOAES are emitted by OHCs at the codbdearwith
shorter latencies, followed by low-frequency TEOAES that are generated f

more apical regions with longer delays. TEOAEs are commonly used in hearing



screening because they are present as long as the OHCs are functiahthgya
can be obtained efficiently.
DPOAEs are measured using two pure tones with closely spaced

frequencies €,, f,; f,/ f,~1.2). In normal ears, the recorded emissions contain a

family of distortion products (DPs) in various combinations of integer medtipl

of the primary frequenciesrf, + nf,). Among these components, the cubic
difference tone 2 f, — f,) is used in the clinic because it is the most prominent

DPOAE in humans (Telischi et al., 1995; Lonsbury-Martin et al., 1990). DPOAEs
are widely used in auditory diagnosis because they are free from costiamioy
stimulus artifacts and they are faithful indicators of the nonlineaafieschlear
transductions (Bian, 2004; Bian et al., 2002).
1.3.2Generation mechanisms

Even though OAEs are closely related to OHC functions, how they are
generated differs depending on the stimulus and the signal level. Currendy, ther
are two distinct generation mechanisms for evoked OAES: linear coherent
reflection and nonlinear distortion (Shera & Guinan, 1999). Linear coherent
reflection views the OAEs being the energy reflected from impedance
irregularities (or discontinuities) distributed randomly on the @Weig & Shera,
1995). Several factors could be responsible for the impedance irregulénities
spacing of irregular or extra OHCs (Lonsbury-Martin et al., 1988), variations
the gains resulted from the OHC activities (Strube, 1989) and the chatinge of
efferent innervations. The waves reflected by the irregulagtiéise peak region

of the travelling wave have a coherent phase and the summed energy propagates
9



as a backward travelling wave. The OAEs generated by the lirfkstion are
characterized by steep phase gradients (Schairer et al., 2006). In ctmrast
nonlinear distortion regards the OAEs as the energy originated from the aonline
interactions of the travelling waves on the BM and it is highly dependent on the
nonlinearities of the OHC activities. The nonlinear distortion is charaeteby
shallower phase gradients.

Different evoked emissions may involve different generation mechanisms.
TEOAESs are wideband signals and they are thought to originate from linear
reflections off preexisting impedance irregularities (Zweig &r&h£995).

However, there are arguments that TEOAEs may involve nonlinear inb&iscti
among different frequency components of the emissions (Withnell & Yates, 1998).
DPOAEs are generally considered as a mixture of two distinct components
(Parazzini, Wilson, et al., 2006; Shaffer et al., 2003; Kalluri & Shera, 2001; Shera
& Guinan, 1999). One component is the distortion from the overlapped region of
the two stimulus-tone travelling waves and the other is from the reflextitve

CF place ¢f, - f,for the cubic difference tone). SFOAEs are considered to be

generated from linear reflection at low to moderate stimulus levels, and ronline
distortions may also be involved at high stimulus levels (Schairer et al., 2006;
Goodman et al., 2003; Zweig & Shera, 1995).
1.3.3Limitations of TEOAEs and DPOAEs

Although TEOAEs and DPOAEs are measured in the clinic for nearly 30
years, there are still limitations that impede their further applicatroasdiology.

One limitation of TEOAEsS is that there is a lack of high-frequency OAEs
10



particularly above 4 kHz. This is because the first 2-3 ms of the temporal
waveform of the acoustic response, which contains the short-latency high-
frequency OAEs, is greatly contaminated by the stimulus artifactharefore
removed from the analysis in TEOAE systems (Kemp et al., 1990). However,
studies showed that there are compelling reasons to measure high-frequency
emissions. In most cases, cochlear damage, such as ototoxicity (Schetealzer
1984; Brummett, 1980), noise induced hearing loss (Kuronen et al., 2003) and
other cochlear insults (Ohlemiller & Siegel, 1992), appear first at highdrexes
and then proceed to low frequencies. Therefore, monitoring of high-frequency
OAEs is useful for early detections of cochlear damage. Another liomitat
TEOAEsS is that nonlinear interactions between different frequency compaments
their generation mechanism may deteriorate the spectrum (Plinkert et aj., 1999
Wagner & Plinkert, 1999).

One limitation of DPOAEsSs is their complicated generation mechanisms.
They are considered as a mixture of two components from two distinct regions (as
mentioned previously), making it difficult to attribute the abnormality of
DPOAEs to the dysfunctionality of one specific generation region (Qtr, e
2002; Heitmann et al., 1996). Another limitation is that it tests only one frequency
at a time, making it less efficient than TEOAEs. Meenderink and van der Heijden
(2011) proposed to replace one of pure-tone stimuli with six to ten tones to evoke
DPOAEs. However, the choice of the stimulus frequencies is restrictibe by
requirement of ensuring no DPs to be generated at the same frequency and
presenting multiple stimuli to a single earphone increases the chance of

11



overloading the transducer to produce distortion artifacts. Long et al (20@B3 use
continuous frequency-sweeping paradigm to evoke DPOAESs. This is an
interesting approach since it can improve the efficiency of DPOAE measute
1.3.4Advantages of SFOAEs

SFOAEs are evoked by one single tone and the emissions are generated at
the same frequency as the stimulus. Unlike TEOAEs and DPOAEs involving
complicated generation mechanisms from multiple regions, SFOAHscarght
to be generated by a simple linear reflection mechanism from a smallarochle
portion located at the peak region of the traveling wave of the stimulus (Zweig &
Shera, 1995). Thus, SFOAEs are considered to be very frequency-specific
(Schairer et al., 2006; Goodman et al., 2003) and the abnormity of SFOAESs can
map out the specific region of the damaged OHCs. The spectral distribution of
SFOAESs across a wide frequency range could be a graphical representation of
surviving OHCs which was coined by Kemp (1986) as the cochleogram. SFOAESs
are vulnerable to cochlear damage induced by noise overexposure (Bentsen et al.,
2011), and the group delay calculated from the phase spectrum can reflect
functional status of OHCs (Shera & Guinan, 2003). Therefore, SFOAEs have
advantages over other types of OAEs and show great potential to be developed as
a clinical tool to be applied in the clinic.

However, SFOAEs are currently restricted to laboratory research only
One factor to prevent SFOAEs from clinical usage is that the emissionstghare t
same frequency as their eliciting stimulus, making the extraction mdicaiif
than other types of OAEs. Another reason is the low efficiency of the

12



measurement since SFOAEs are measured frequency-by-frequencpwsing
tones. As a result, only a narrow frequency range can be measured within the
limited measurement time. It would be helpful if the frequency of the sisnul
changes continuously with time, so that a wide range of frequencies catede tes
within one single measurement.

1.4 Statement of purpose

The purposef this dissertation is to develop a new method of OAE
measurement to overcome the frequency limit of TEOAEs and to improve the
efficiency of DPOAESs. The proposed method uses swept-tones whose frequency
changes continuously with time to evoke SFOAEs that are more advantageous
than other types of OAEs. By measuring SFOAEs evoked by swept tones, the
method has the following advantages: 1) it is precise in specifying the location of
the cochlear damage; 2) it is capable of measuring OAEs of any given frgquenc
range; 3) the frequency resolution is very high since the swept-tone stimsilas ha
continuously frequency and a long duration; 4) it is highly efficient since it can
test SFOAEs over a wide range of frequencies within one single meesire
Meanwhile, an in-situ calibration is also implemented to precisely cohtol t
level of the swept-tone stimulus at the TM position to resolve the standieg wa
issue that causes inaccurate stimulus calibration.

The_hypothesesf this research are: 1) the in-situ calibration can precisely
control the swept tone level at the TM and in turn improve the reliability of OAE
measurements; 2) SFOAEs can be reliably measured with swept tones and the
results are consistent with the SFOAEs measured with traditional metsiods
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pure tones. Two experiments are designed to test the two hypotiespestively.

In the first experiment, the sound pressure at the TM was predicted byigeanult
cavity method and the predicted results were validated by measuringube a
sound pressure at the TM position using a second probe microphone. Then the
predicted TM pressure was used in the in-situ calibration to equalize thei@coust
energy across frequencies to evoke SOAESs, and the effects of the calibration on
the OAE measurements were investigated. In the second experiment, the
techniques of extracting swept-tone SFOAEs were implemented in human ears
The reliability of the swept-tone SFOAEs was investigated usingeategh

measure design and the accuracy was examined by comparing theswept-t

SFOAEs with those obtained by a conventional pure tone methods.
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Chapter 2
EXPERIMENT I

The calibration of the stimulus level refers to the adjustment of sound
energy that enters the middle-ear to be at the desired level. When the st&aulus
wide-band signal, the calibration ensures that a desired spectrum is achileved
calibration of the stimulus level in OAE measurements is important begaus
significantly affects the OAE amplitude and an inaccurate caldoratn lead to
an unreliable result. The calibration in the real ear prior to each OAE
measurement is necessary, because the sound energy can vary depending on the
insertion depth of the probe, the seal of the ear tip, and the shape of the individual
ear canal. More importantly, for certain frequencies the sound pressungr@teas
at the entry of the ear canal can be drastically different from theupeessthe
TM. This is due to the presence of a standing wave inside the ear canal which is
formed by the enhancement and cancellation between the incident sound wave
from the ear phone and the reflected wave from the TM. A typical consequence of
the standing wave is that sound pressure measured at the ear canal erstry show
deep notch at a certain frequency, but the sound level at the TM can reach a
maximal value. The standing wave problem occurs to the frequency that is
determined by the distance between the earphone probe and the TM. Therefore,
the reading from the probe microphone at the canal entry cannot reflactubé
sound pressure at the TM, at least around the frequency of the standing wave.

For OAE measurement, a commonly accepted reference of the sound
energy entering the middle ear is the TM pressure which is measuhea wit
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microphone placed within a few millimeters from the TM (Siegel, 1994; Siegel &
Hirohata, 1994). However, inserting a microphone so close to the TM could cause
discomfort and introduce potential threat of damaging the TM. As a result,
measuring the TM pressure directly is rarely used in practice. Thecoroston

method is to calibrate the stimulus level according to the sound pressure measured
from the probe microphone placed at the entry of the ear canal (called probe
pressure). In such a calibration (namely the probe calibration), thegivieitage

to the earphone is adjusted until the measured probe pressure achieves the desired
spectrum. However, the probe calibration is largely affected by théistp

waves in the ear canal. A notch is present at a certain frequency for the probe
pressure but not for the TM pressure. If the probe pressure is equated across
frequencies, the energy around the notch frequency would be over compensated.
The over compensation can be as much as 15 to 20 dB around the notch
frequency (Siegel & Hirohata, 1994). Whitehead et al (1995) used a “no
calibration” strategy, in which the driving voltage to the earphone is held nbnsta
across frequency. However, the actual spectral shape at the TM is highly
dependent on the frequency response of the earphone and the acoustic
characteristics of the ear canal.

One solution for the calibration problem is to model the ear canal as a
uniform tube (Dirks & Kincaid, 1987). While such modeling was successful in
estimating the TM pressure below 6 kHz in some ear canals, several faatbrs, s
as the curvature of the ear canal and the inclination of the TM, led to increased
estimation error of high frequencies. Other investigators tried to estinealévt
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pressure by measuring sound pressure at the TM position in the ear-canal
simulators of different lengths (Gilman & Dirks, 1986). They estimated th
distance between the probe and the TM by finding the spectral notch in the real-
ear probe pressure, and then placed the probe at the same positesimulator.
The corresponding pressure measured at the TM position in the simulator was
used as the reference of the actual TM pressure. This may be a feasibddi@alibr
method in practice. However, there is no guarantee that the acoustic
characteristics of the simulator are exactly the same as the regivea that
large individual differences exist in the ear-canal acoustics.

Recently, a calibration method based on estimating the incident pressure
(also called forward pressure) has been developed and is under intense
investigation (Burke et al., 2010; Rogers et al., 2010; Lewis et al., 2009; Withnell
et al., 2009; Scheperle et al., 2008; Neely & Gorga, 1998). This method tries to
separate the sound pressure at the entry of the ear canal into two components: the
incident and reflected pressures. It then adjusts the stimulus level agdordime
individual component, the incident pressure, so that the standing-wave problem
caused by the interactions of the two components is avoided. However, the
separated pressure components cannot be validated since the incident od reflecte
pressure alone cannot be actually measured anywhere in the ear canal.

The effects of various calibration methods on the OAE measurements
have been investigated in many studies (Burke et al., 2010; Rogers et al., 2010;
Scheperle et al., 2008; Whitehead, Stagner, et al., 1995; Siegel & Hirohata, 1994).
However, while some studies reported significant differences in OAE taihgsi
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between different calibrations (Scheperle et al., 2008; Siegel & Hirohata, 1994)
little or no calibration effects were found in other studies (Burke et al., 2010;
Whitehead, Stagner, et al., 1995). One possible reason for such conflicting results
may be that the differences in the stimulus level between differentateditor
methods may be present within a narrow frequency range, which may not be
covered by the sparse pure-tone frequencies measured by these studies. One
solution is to measure continuous-frequency OAES so that any effects of the
calibration on the OAE amplitude can be observed in any frequency range.

In this experiment, an in-situ calibration was used to estimate and adjust
the sound pressure at the TM to a target level. The in-situ calibratisteimsled
from the incident-pressure method to attempt to predict the TM pressure. The in-
situ calibration can automatically adjust the driving voltage (as a umofi
frequency) according to the predicted TM pressure until it reaches a desired
spectrum level. The predicted TM pressure was validated in a cylindricatiacous
cavity and real ear canals by the actual measurement from a second probe
microphone. Furthermore, the benefits of the in-situ calibration in OAE
measurement were investigated by measuring the swept-tone SFOAE b atks
in the next chapter) with three different calibration methods thattatigis

stimulus level according to different sound pressures.
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2.1 Methods
2.1.1Materials and subjects
A) Materials

Two plastic tubes with a uniform diameter were used for different
purposes: a calculation tube and an evaluation tube. The calculation tube was
mainly used for estimating the acoustic properties of the earphone sounety na
the source pressure and source impedance. These parameters were esktt to pr
sound pressure at the TM. The inner diameter of the tube was 7 mm, which was
similar to the diameter of the human ear canal. The total length of théatialcu
tube was about 80 mm, with one end open to be connected to the eartip and the
other end terminated by a piston. The piston could be moved to various positions
to set the tube at different effective lengths. The evaluation tube of 50 mm in
length was mainly used to validate the estimated impedance and predicted TM
pressure. For the evaluation tube, one end was open (to be connected with the
eartip) and the other end was closed by a flat plastic plate.

Calculation tube:

moveable
I < >
| |
piston
Evaluation tube:
Closed end

Figure 2. The materials used in this experiment: a calculation tubenand a

evaluation tube.
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B) Subjects

To validate the predicted TM pressure in real human ears and to examine
the effects of different calibrations on OAE measurement, five subjentalé3,
3 females) with ages ranging from 21 to 30 years old (mean age=25) were
recruited in this experiment. The subjects had normal hearing with thresholds of
20 dB HL or less for frequencies from 250 Hz to 8k Hz. An otoscopic
examination was performed prior to the test to ensure a clean ear canal and a
normal functioning middle ear. The subjects were seated in a sound-proofed booth
comfortably and the experimental procedures were clearly explained to them. T
subjects were told to be as quiet as possible during the test. The recruiting
protocols were approved by the Institutional Review Board of Arizona State
University (ASU).
2.1.2Equipment

The diagram of the sound delivering and recording system was shown in
Figure 3. A custom program developed in Labview (National InstrumentanAust
TX) was used to generate the stimulus from a personal computer. The generated
digital signal was converted to analog voltage by a 24-bit signal anguiand
generation card (PXI-4461, National Instruments). The voltage from the PXI-
4461 card was then used to drive an ER-2A earphone probe (Etymotic Research,
Elk Grove Village, IL) to present the acoustic stimulus. The earphone wasd seat
together with a low-noise ER-10B+ microphone (probe microphone) inside an
appropriately selected rubber eartip (ER-10D, Etymotic Research); whis
inserted into the open end of the tube or the ear canals. The sound pressure near
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the earphone probe (probe pressure) was recorded by the probe microphone and

then digitized by the PXI-4461 card at a sample rate of 80k sample/s.

Probe mic
(ER-10B+)

Eartip

%
PXI-4461

— cand | . Connect to ear canal
=] (or tube)
Computer

Earphone probe
(ER-2A)

Figure 3. The diagram of the sound delivering and recording system.
2.1.3Stimulus

A swept tone constructed in the frequency domain with a desired flat
spectrum was used as the stimulus in this experiment (Appendix A). The swept
tone was a frequency modulation tone whose frequency increased linearly with
time. There were three signal parameters to control the swept tone stithelus

frequency range (fronf, to f,), the duration () and the amplitude. A swept

tone with a flat amplitude spectrum was initially generated. However, the
recorded tube or ear canal frequency response was not flat due to the resonance
and the standing wave in the cavities. The amplitude of the swept-tone was
defined as the spectral level of the measured pressured at 1 kHz. For signal
calibrations, the spectral levels of the swept tone for all frequencresadpisted
based on the inverse of the tube or canal frequency response to equalize the
energy with respect to 1 kHz. The frequency response used in the calibration
could be either the probe pressure or the predicted TM pressure, thus resulting in

two type of calibration: probe and in-situ calibrations. In this experiment, the
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signal parameters weré; = 0.5 kHz, f, =10kHz, T =1s, amplitude = 50 dB

SPL.
2.1.4Procedures
A) Source calibration
The source parameters of the ER-2A earphone included the source

pressureP, and source impedancg. Thesource pressure refers to the output

pressure from the earphone without acoustic loads, and the source impsdance
the obstruction of the earphone structures to the output pressure. The source
calibration method used in this experiment was similar to Allen’s multiplgéyca

approach (1986), in whick, and z_were solved by a transmission line model.

The technical details of the multiple-cavity approach can be found in Appendix B
and the procedures are described as followed.

The eartip with the earphone and probe microphone was tightly connected
to the open end of the calculation tube and the piston was then set to five different
positions. This resulted in 5 different tube lengths that ranged from 10 to 60 mm
with roughly 10 mm apart. At each piston position, a swept-tone stimulus with a
flat spectrum of 50 dB SPL was presented and the pressure res@snserorded.

The theoretical acoustic impedance of each tube length was calculaté@dbase
equation (8) in Appendix B. Then the sound pressure responses and the tube

impedance functions of all the five piston positions were used to solwe fand

Z. in the frequency domain (see Appendix B).
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To examine whether the choice of piston positions affected the solution,

two sets of 5 piston positions were used to result in two sets of soluti¢ys of
and z_ for a comparison.

B) Prediction of TM pressure

After P, andz_ were obtained in the source calibration, the eartip was

moved to the evaluation tube or an ear canal to estimate the impedance and the
TM pressure. Then the same swept tone stimulus was presented and the probe

pressure at the earti®() was recorded. The impedance of the evaluation tube or

the ear canal could be obtained in the frequency domain by:

Z, == (1)

With the impedance of the evaluation tube or the ear canal known, the

incident pressurer ) and reflected pressure () at the entry of the ear canal

could be obtained by (Rogers et al., 2010; Withnell et al., 2009; Scheperle et al.,

2008):
1 Z
P==P@1+=2 2
+ 2 L( ZL) ()
1 Z
P=-R@l-=2 3
L =3 L ( ZL) 3)

where z, = pc( p: air density; c: sound speed). Assuming that the absorption of

the sound energy was negligible when the sound travelled from one end of the ear
canal to the other end, the two components at the TM position [the incident

pressure P ) and reflected pressur@®()] had the same amplitude as the two
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components at the entry of the ear caralgnd P ] respectively but with
different phases. Therefore, tie and P. could be obtained by shifting the phase

of P. and P (Appendix C). Finally, the predicted TM pressufgv,() could be
obtained by the sum of the two components at the TM position:
o =P+ P @
C) Verification of predicted TM pressure
It was essential to ensure that the predicted TM presﬁlue) (atched

the actual TM pressure before it could be used for the calibration. The atesriic
was conducted first in the evaluation tube then in the ear canals of the five human
subjects (Figure 4). To verify the predicted TM sound pressure, a second probe
microphone (Philips SHM3300) was routed down the tube or canal with a soft
probe tube (ER7-14) so that the sound pressure at the closed end of the tube or at
the TM could be recorded. The inner diameter of the probe tube was 1 mm and
the length was 70 mm.

The insertion depth of the probe tube was determined by estimating the
effective tube length or the ear canal depth from measuring the spectiuen of t
probe pressure. The entrance of the tube or ear canal was sealed withghe eart

and the probe tube was adjusted to ensure the tip was with 1~2 mm from the
closed end or the TM. The predicted TM presslér,rp and the actual TM

pressure measured by the second probe micropt®ng \fere compared.
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Figure 4. The verification of the predicted TM e in the tube and in the ear

canal.
In order to comparé’m and R, , the frequency responses of the two

probe microphones were measured separately ardiffiieence was used to
correct the outputs from them (see Appendix D fetads).
D) Effects of calibrations on OAE measurements

The calibration for OAE measurements refers tqptloeess of adjusting
the swept tone amplitude until the recorded sourdsure reaches a target which
is a flat amplitude spectrum set at a desired Jexe| 50 dB SPL. In this
experiment, the stimulus was a swept tone withdtiration of 1s and the
frequency range from 0.5 to 10 kHz. The adjustmeag done programmatically
with a feedback loop. The acceptable range of #natron was set to less than 1
dB across frequency.

Depending on which signal was used for the adjustntieere were three
different calibration conditions: no calibratiorrppe calibration and in-situ
calibration. The duration of the swept tone stirsulas 1s, and the frequency
range was from 0.5 to 10 kHz. For the “no calilmaticondition, the amplitude
(constant across frequency) of the swept tone dpst@d until the measured
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probe pressure at 1 kHz reached 50 dB SPL. Fdiptisbe calibration” condition,
the swept tone was adjusted until the probe pressatched a flat target of 50
dB SPL across frequency. For the “in-situ calilmaticondition, adjustment was
made to the swept tone until the predicted TM presseached a flat target of 50
dB SPL. For each subject, the swept-tone SFOAEx(itbed in the next chapter)
were measured under the three calibrations sueedssi he SFOAE amplitudes
were compared among the different calibration coons.

2.2Results

2.2.1Source calibration

In order to predict the TM pressure, the acoustiperties @, and z_) of

the earphone were determined by the source cathrabDuring the source
calibration, the piston of the calculation tube wasto five different positions

and the corresponding probe pressures were measusete forP, andz_. To

examine whether the choice of piston positionséféetts on the solution, two

sets of piston positions were used, resulting im $autions ofP, and z_ (Figure

5). The effective tube lengths of the first sepston positions were 52.1, 43.2,
39.2, 16.6 and 8.9 mm, while the lengths of th@sdset were 60.2, 47.5, 35.3,

22.7 and 12.0 mm. It was observed that the twadtisoisiof P, and z_were in

good agreement, indicated by the overlapped andglitund phase spectra across

the entire frequency range (0.5-10 kHz). The makaheaiation of P, amplitude
was 0.51 dB, and it was 0.72 dB fg[. The phase had a maximal difference of

0.06 rad forp, and 0.14 rad for_. The difference seemed to be larger at higher
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frequencies. The comparison of the two solutiorggyested that the selection of

tube lengths did not affect the estimate of thes®paramete® and z, .

P 2
70 0‘
. ' —solution 1 \
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m = N\
E [}
o 60 , T -20
3 2
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@
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frequency (kHz) frequency (kHz)

Figure 5. The amplitude and phase of the sourcapeters solved by two

different sets of tube lengths.
2.2.2Prediction in tube

Once source parameterg ( and ) were reliably obdaithey were
then used to estimate the impedance of the evafuitbe or the real ear. The

measurement in the evaluation tube provided a meagaluate the impedance

estimation, because the impedance of a tube caalba@ated from theory
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(Appendix B). The amplituddZ,,..|) and phase£z,,,) of the estimated and

tube
theoretical impedance of the evaluation tube witleffective length of 33.6 mm

are shown in Figure 6. It was observed that thertiial |Z,,..| showed deep

tube

notches at the frequency fif= 2.53kHz and its 8 harmonics 8f,). Meanwhile,

a peak could be found at the frequencyéf. For the phase’z,, , it changed

tube ?
from —z /2 to ~ /2 at the notch frequencies, and froni 2to —z / 2 at the peak
frequencies. It was also observed that the estanatpedance from the
measurement matched the theoretical impedancdavddbth the amplitude and
the phase. The only noticeable difference wastt®ahotch of the calculated
amplitude was not as deep, and the calculated paseyes at the notch (or peak)
frequency were not as abrupt. Nevertheless, trer¢hieal and estimated

impedances were in good agreement.
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Figure 6. The amplitudes and phases of the estith@atd theoretical impedances
of the evaluation tube.
Based on the estimated impedance, the presstire elbosed end of the

evaluation tube, equivalent to the TM positiontia ear canal (Figure 4), could

be predicted aéTM . Meanwhile, the actual pressure at the closed &y was
measured by a second microphone with a probe Tdtmpredicted%M and the
actual B,, are compared along with the probe pressure atineree £ ) were

compared in Figure 7. It could be observed thaptiobe pressur® had notches
at about 2.5&Hz (f,) and its third harmonic3f,). The notches could be as deep

as 50 dB. Between the two notches, a pressurevpasbkbserved at the
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frequency aroun@ f,. These notches and peaks corresponded to the

measurement d&,,..| in the same tube (Figure 6). In contrast, the deghes

tube

were not present in both the predicted and actuald pressures at the closed end
of the tube G,, and F3TM ). In other words, the sound pressures of the tvas f
the tube differed substantially around the notelgfiency and® could
underestimate the actuB,, by as much as 50 dB in the tube. However, all of
these measurements showed a peak at ahigut

More importantly, the results showed that the predi pressuref’TM and
the actual pressurg,, were in good agreement across the entire frequemge

A

(0.5-10 kHz). The maximal prediction error, defiresi®,, — B,, , was less than

1.2 dB across frequencies. The prediction seembd tiest around the peak
frequency, indicated by the overlapped lines. Tieeligtion error seemed to
slightly increase around the notch frequency agtidr frequencies above 8 kHz.

In general, the results indicated that the preaiictvas very successful in the tube.
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Figure 7. The probe pressure at one end, the peeldand measured pressure at
the other end of the evaluation tube.
2.2.3Prediction in real ear

The same approach was applied to the real earb@inan subjects to

measure the ear-canal impedance and to predisbthel pressure at the TM.

One example of the ear-canal impedadge is shown in Figure 8 (subject # 1).
It was observed that the ear-canal impedafige resembled to that of the

evaluation tube (Figure 6). The amplitude of thpéatancgZ,, | had its first

ear

notch at about 3.3 kHzf(). A second notch oz, | was present at 9.18 kHz,

which was close to the third harmonic §f. A peak was found between the two
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notches at the frequency aroud,. Note that the notches were not as deep as
the impedance of the evaluation tube. The phagg showed more fluctuations

and more gradual transitions at the notch or pesfuencies, compared with the
tube impedance. The ear-canal impedance in the 4thigbjects showed similar
patterns. Of course, the notch (or peak) frequerdiifered among subjects,
depending mainly on the length of the ear canalthadnsertion depth of the
eartip. The notch (or peak) shifted to higher frey if the ear canal was shorter

with a deeper insertion.

|z
ear

amplitude (dB)

-60

Y4
ear

4
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frequency (kHz)

Figure 8. The amplitude and phase of the ear-garmddance (subject # 1).
The estimated ear-canal impedance was then uggddt the TM

pressure in all the 5 subjects and the predicticere validated by a second
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microphone with a probe tube inserted approachiag'tM. An example of the
predicted TM pressurela(w. ), the actual TM pressurd?(, ) measured by the
second microphone and the probe pressure meadutredentry of the ear canal

(R ) is shown in Figure 9 (subject # 1). Generallg, tibservations in the ear
canal were similar to those in the evaluation t{fégure 7). TheP and B,, (or
I5TM ) showed the greatest difference (up to 15 dB)radoiy = 3.3 kHz and its
third harmonic. Compared with the tube, the notafel] in the ear canal were

not as deep. Around the frequency2ff,, all measurements showed a peak. The
prediction of the TM pressure was also successftiie ear canal, as indicated by
the overall match between tHf?M and theR,, . The mean prediction error

averaged across frequencies was 0.8 dB and thaasthdeviation was 0.5 dB.
The maximal prediction error was 2.5 dB, which stghtly larger compared

with the prediction in the tube.
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Figure 9. The probe pressure, predicted and meh3epressure in the real ear

measurement (subject # 1).
The prediction errorsi,, — ﬁ’TM ) were calculated for all frequencies from

0.5 to 10 kHz in all the 5 subjects. The occurrer(ce frequency counts) of
various differences were expressed by a histogoairegich subject (Figure 10).
The range of the prediction error was from -2 @B3among all the subjects, with
an average ranging from 0.3 to 0.8 dB. These fo&lindicated that the actual
sound pressure at the TM generally agreed witlptedicted TM pressure in all

the subjects. In other words, the sound pressufreeatM could be reliably
estimated from the sound pressure at the entiiyeogar canal based on the source

calibrations in multiple cavities.
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Figure 10. The histograms of the amplitude diffeeshetween the predicted and
measured TM pressure (prediction error) of all saty (n=5).
2.2.4Effects of calibration methods on OAE measurements

There were 3 signal calibration approaches for @#dasurements:
namely no calibration or compensation based orcaaal sound pressure,
calibration or equalization of sound energy atehecanal entrance, and at the
TM. Effects of the three types of calibration stgies were evaluated by

measuring swept-tone evoked SFOAEs (Figure 11)elRan showed the probe

pressure B ) and the corresponding predicted TM pressu}}min the no
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calibration condition without compensation. Similamprevious observations, the

P had a deep notch at around 3.5 kHz due to thelisgmave in the ear canal,

while the I3TM was relatively flat. BothlR and I3TM had a peak around 8.5 kHz.

As observed in panels (B)-(D), the swept-tone SF®ARplitude-
frequency functions demonstrated two featuresgtbleal shape (baseline
amplitude) and the fine structures (ripples). Sitmeefine-structures were
generally similar across conditions, the effectthefcalibrations were
demonstrated by the changes in the global sha@&&f amplitudes. For the no
calibration condition, the OAEs around 8.5 kHz shdvan elevation of about 7
dB compared with other methods [noted by rectaile since the sound
pressure entering the middle ear was nearly 10igiehthan the rest of the
spectrum. For the probe calibration condition, éacgmpensations (up to 12 dB)
were added around the notch frequency to equdlezedund energy at the entry
of the ear canal. As a consequence, the soundyeeetering the middle ear
would be much higher than expected, and the OAHiardps around the notch
frequency were elevated by as much as 6 dB [inelichy rectangle (2)]. In
contrast, the OAE amplitude with the in-situ caditton did not show these
undesired elevations since the stimulus level waslkzed at the TM [panel (D)].

The effects of calibrations methods on OAE ampétugtre similar in the
other 4 subjects except that the frequencies ondiieh and peak differed from
subject to subject, depending on the effectivetlenfthe ear canal. The
averaged elevation of the OAE amplitude acrossestiyas 5.2 dB around the

peak frequency for the no calibration conditiord &was 4.3 dB around the
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notch frequency for the probe calibration conditibhese observations suggested
that the SFOAEs measured under the in-situ caidsraiondition did not suffer

from the problem of inaccurate spectral amplituofethe stimulus.
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Figure 11. The effects of three different calibwas (no calibration, probe

calibration and in-situ calibration) on the ampdiéuof swept-tone SFOAES

(subject # 2).
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2.3 Discussion
2.3.1 Standing waves and ear-canal acoustics

In this study, it was found that there were notdnas peaks in the sound
pressure measured at the entry of the ear catla¢ aube (Figure 7 and 9),
although the voltage presented to the earphoneorasgant. These variations in
the probe pressure can be attributed to the stgnaive, a well-known
phenomenon in the ear canal (Whitehead, Stagnal., 4995, Siegel, 1994,
Gilman & Dirks, 1985). The standing wave is fornmdthe interactions of the
incident and the reflected sound pressure wavesirftaractions are dependent
on the phase relation between the two componemise e reflected sound

wave travelled a distance of twice the length efelar canall() to mix with the

incident pressure at the entry of the ear canalfwlo components will b&8Cout

of phase and cancel each other if distance trawesjadlsl/ 2 of the wavelength

of the signal RL=11/2), i.e., L =1/4 . Similarly, the cancellation will happen
when L equalsn/4-1 (n=3, 5,L ). This can explain the presence of the notch in
the probe pressure at the quarter-wavelength frexyuend its odd-order
harmonics. However, if the isn/2 (n=1,2,3 ) of the wavelength, the
reflection wave is in-phase with the incident puessand the two components can
interact constructively, resulting a pressure paatkie half-wavelength frequency.
However, such a cancellation and enhancement doacat at the closed-end of
the evaluation tube or at the TM where the two congnts are always in phase.

Therefore, the reflection wave can account forldinge sound pressure difference
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between the entry of the ear canal and the TM,aslpeat the quarter-
wavelength frequency.

The standing wave problem exists in both the ev@minaube and the ear
canals, and some of the observations are simgaguse of their similarity in
physical shapes. However, there are also diffeehetween the results of the
tube and the ear canal. The pressure notches asdeep as 50 dB in the tube,
and only 15 dB in the ear canals. This is prob@lelyause the sound wave can be
completely reflected by the solid wall at the efidhe tube, while only partial
sound energy is reflected back at the TM, resulting partial cancellation in the
real ear. Other factors, such as a slight curvancedifferences in cross-sectional
area, may also contribute to the differences irotheervations between the tube
and the ear canal. Furthermore, individual diffee=nin the acoustic
characteristics of the ear canal may exist betwe&le and female, children and
adults, and even different subjects within eaclugr@ruger & Ruben, 1987).
Therefore, the acoustic characteristics of thecanal must be measured for each
individual prior to OAE measurements for more aateisignal calibration
(Dalmont, 2001; Stevens et al., 1987).
2.3.2Source calibrations

The source calibration is a fundamental step whedigting the TM
pressure. The accuracy of the source calibratiarbeaaffected by many factors,
such as the number of the tube lengths selectedh(timber of piston positions in
this study), the diameter of the calculation tubd the frequency response of the
earphone (Allen, 1986). Theoretically, two tubegtrs should be sufficient since
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only two unknown variables need to be solvétl énd Z,). However, the

solutions may be inaccurate around the notch frecjase where the sound
pressure measurement is not accurate, and incgehgmumber of
measurements with different tube lengths can oveecthis problem. Studies
(Neely & Gorga, 1998; Keefe et al., 1992) recommidvad 4 to 6 tube lengths are
enough. Since the results from 5 and 6 tubes aréasiwith limited improvement,
5 different tube lengths were used in the preseiatys Regarding to the tube
diameter, we used the same calculation tube walaraeter close to the averaged
adult ear-canal since the participants were alltadtor measurement in children,
different diameters of calculation tubes shoulahesen. The frequency response
of the earphone can influence the source calibrdiecause the pressure
measurement may be inaccurate if the output pre$ssam the ER-2A earphone
is not large enough at high frequencies. This nxajyaen the source parameters
were not as accurate at high frequencies abovez§ kigure 5). Scheperle et al
(2008) found that the temperature is also a feamarthey suggested that the
calibration tube should be heated to body temperatu

When the results of the source calibration werel is@stimate the
impedance of the evaluation tube, the estimate@dapce matched the
theoretical impedance well (Figure 6). Since theueacy of the impedance
estimation is highly dependent on the reliabilitytee source parameters, the well
matched impedances indicate that the source pagesraitained from the source

calibrations are reliable and accurate.
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2.3.3Prediction of TM pressure

A key observation of this study is that the sourekpure at the end of the
tube or the TM can be accurately predicted fronntieasurement at the entrance
(Figure 7 and 9). Over the frequency range of @%Hz, the maximal prediction
error was 1.2 dB in the evaluation tube and leas $1dB in the ear canals of all
the 5 participants. The prediction was best ardhageak frequency, and the
prediction error seemed to increase at the notxfurncies and high frequencies

above 8 kHz. Since the predicted TM pressure sutated frompP_, P, andZ_,
it is affected by the accuracy of the measuremem oAt the notch frequency,
the amplitude ofP, is low and vulnerable to background noises, legthriarger

prediction errors. For similar reasons, the limibedput of sound pressure from
the earphone may be responsible for the increaselicgion error at high
frequencies.

The advantage of predicting the TM pressure isitltaies not require a
direct measurement near the eardrum. Although tdineasurement is an ideal
way to obtain the actual pressure at the TM (Sjelf®4; Siegel & Hirohata,
1994), deep insertion of a probe microphone ccedd ko discomfort of the
subjects, especially for young children who maylmotble to tolerate the
approach. Another advantage is that the predick¢ddund pressure can be
verified by a second microphone. This is differeain other similar methods
where the forward (incident) sound pressure isipted (Lewis et al., 2009;
McCreery et al., 2009; Scheperle et al., 2008; dohret al., 2007; Neely &

Gorga, 1998). Although the forward pressure is atstoaffected by the standing
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wave, it cannot be actually measured anywheredre#ln canal and therefore its
reliability cannot be validated. Predicting the sdyressure at the TM in the
present study permits the assessment of its walidit

One disadvantage of the TM pressure predictiomedisas all other
methods based on the multiple-cavity calibratisrihat it requires additional time
(about 5 min) to recalculate the parameters oetrphone source before each
ear-canal measurement to produce the best predi¢tioalternative solution is
that a single source calibration is used for mesments of all subjects. Neely and
Gorga (1998) tested the alternative solution tosuesathe behavior thresholds
and found that the threshold changes were lessltli#h Their results suggested
that even with single source calibration, the preoin method retains high
performance.
2.3.4Effects of calibrations on OAE measurement

In this study, it is observed that different cadittons can impose different
effects on the swept-tone SFOAE amplitudes (Fiddde The effects are
summarized as the following: 1) in the no calilmatcondition, the peak of the
stimulus amplitude at the half-wavelength frequecaysed significant elevation
of the OAE amplitude; 2) in the probe calibrati@mdition, the stimulus level
was over-compensated around the notch frequencit aadsed considerable
elevation of the OAE amplitude; 3) in the in-sitalibration, the OAE amplitude
is more consistent across frequencies, and no iradedevations of OAE
amplitude were found. A straightforward explanat®that the OAE amplitude
should be elevated accordingly if the TM pressores¢und energy entering the
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middle ear) is higher than what it should be. Tlesnappropriate approach is the
in-situ calibration which equalizes the sound puesst the TM and brings the
sound pressure to the desired level so that unegbetevations of the OAE
amplitudes can be avoided.

Since the stimulus is equalized across frequentyeat M, the OAE
spectrum with the in-situ calibration is more rblafor possible use for
comparing the OHC functions of different frequemegions. It is observed from
Figure 11 (D) that the global shape of the OAE atughé shows apparent
reductions at about 2 kHz and 6 kHz. One possiiaeation is that the OHCs
may be less active, or have some slight damagkee atochlear region of 2 kHz
and 6 kHz for this subject. Similarly, the relatiwtarge amplitude of OAEs at 1
and 4 kHz may be explained by the more active Ol€tions at these frequency
regions. However, other factors, such as the tearighction of the middle ear
(Puria, 2003; Paul Avan et al., 2000; Osterhamral.£1993), should be taken
into account before this method can be used forcai diagnosis of the OHCs
functions. Therefore, the normative spectral stidfgbe SFOAESs should be
established with a population study from normal harbeings.

The effects of different calibrations on the measwnt of OAEs (mainly
the DPOAES) were also investigated by others. $eyd Hirohata (1994)
calibrated the stimulus level according to the prpkessure and measured
eardrum pressure, respectively. They found thatliffierence between the
measured DPOAE amplitudes of the two calibratianddtbe as large as 20 dB.
Scheperle et al (2008) manipulated the probe-imsedepth during DPOAE
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measurement and found that the results from thieraibn according to the
sound pressure at the entry of the ear canal dératetthe greatest variability.
Burke et al (2010) calibrated the stimulus levaaading to the probe pressure
and forward pressure respectively. Surprisinglyefiects of the calibrations on
the DPOAE amplitude were found. One reason for thegative finding may be
that the frequencies they measured are too spaesereasured DPOAESs at only
five frequencies: 2, 3, 4, 6 and 8 kHz). The naitthe probe pressure may not
be present at or close to these frequencies, aneftine the over-compensation
problem was not maximally observed. In contrashgithe swept tone SFOAEs
provides a chance to closely monitor the chand@AiE levels with a high
frequency-resolution.
2.3.5Clinical implications

This study showed that the common calibration oetthat equalizes the
sound pressure at the entry of the ear canal eseaver compensations of the
stimulus level because of the existence of thedatgnvaves. Moreover, moving
the probe microphone close to the TM is not feaditt routine use, predicting
the sound pressure at the TM or the in-situ cdiitmebecomes an attractive
technique to precisely control the sound energgrerd the middle ear. The
precise prediction of the TM pressure depends labfe source calibrations
prior to ear-canal measurements. Among other edidr methods, the in-situ
calibration based on the predicted TM pressuralgi€IAEs measurements that

are the least susceptible to adverse effects o€uracy in signal calibration.
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Therefore, it is recommended by this study thatnkstu calibration method

should be further studied and be used in clinicRE@neasurements.
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Chapter 3
EXPERIMENT I

Otoacoustic emissions (OAES) are soft sounds tieagenerated from the
inner ear and the normal activities of the cochtader hair cells (OHCSs).
Therefore, they are widely used as a clinical to@ssess the inner ear function
in the clinic. Currently, two types of OAEs are rag@ed for hearing screen and
diagnosis: transient evoked otoacoustic emissibBOAES) and distortion
product otoacoustic emissions (DPOAESs). TEOAEsaoked by clicks and
present in almost all ears with normal hearindpag as the outer and middle
ears are normal (Probst et al., 1991). Clicks hoetsluration and yet broadband
stimuli that can stimulate the entire basilar mesmlersimultaneously. Thus
TEOAE test can measure a wide range of frequemgeiiekly, making it an ideal
screen tool. DPOAEs are induced by two pure tondseatra sound energies are
present at frequencies other than the frequenéidgm® dwo tone stimuli. DPOAESs
can be extracted by performing a simple spectrallyars of the ear-canal acoustic
signal. DPOAEs are good indicators of the cochhteaulinearities due to OHC
transductions (Bian & Scherrer, 2007; Bian, 200énBet al., 2002). They are
useful in detecting and monitoring hearing funcsievithin a specific cochlear
region (Davis et al., 2004; Seixas et al., 2004ia4tet al., 2001; Telischi et al.,
1995). The input-output functions of DPOAEs haverbeecently used to assess
cochlear gain control (Chen & Bian, 2011).

However, both TEOAEs and DPOAEsS have limitatiorat tlestrict their
clinical applications to mostly hearing screenimgtead of comprehensive
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assessment of the inner ear function and diffeaiediagnosis of auditory
disorders. Although TEOAEs are generally beliewetd generated from linear
reflections of the traveling waves by the OHCaat€F place of each frequency
component (Shera & Guinan, 1999). However, thezauacertainties of the
emissions generated at each frequency componeng-ffequency analysis of
TEOAE temporal waveform showed that an individwagtiency component
could occur at multiple latencies, suggesting thaltiple reflections may exist to
complicate the interpretation of the TEOAE res(@sodman et al., 2009;
Hatzopoulos et al., 2000). Distributions of acaustiergy at a particular time
moment can spread to a range of frequencies, edlyeati high frequencies
(Tognola et al., 1997). Avan et al (1993) found tha cochlear damages of high
frequencies (6-8 kHz) could lead to the reductibmBOAE amplitude at low
frequencies (1 kHz), suggesting that the TEOAE camept at an individual
frequency may consist of energy from multiple ceeahlregions. Moreover, the
stimulus artifacts which occur at the beginninghef recording, thus the first 2-3
ms of the recorded sound waveform is removed froatysis and therefore the
high-frequency OAEs (above 4 kHz) with short latea@re absent in TEOAEs
(Kemp et al., 1990). DPOAEsSs are not affected hyghis artifacts and they can
be measured from high frequencies. However, theeation mechanisms are
complicated. They are considered to be a mixtutevofcomponents generated
from two distinct cochlear locations via differenechanisms: a nonlinear
distortion component from the overlapped regiotheftwo travelling waves and
a linear reflection component from the CF plat¢éhe DP frequency (Shera &
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Guinan, 1999). The complicated generation mechanimake it difficult to
interpret DPOAE results or to relate DPOAE abnaesito a specific location of
cochlear damages. Other investigators (Long e2@08; Kalluri & Shera, 2001)
managed to unmix the two components, howeverydlues another level of data
analysis and thus another source of variabilityaddition, the exact location of
the distortion component still remains unclear nseahe overlapped region

includes an extended area basal to thelace (G. K. Martin et al., 2010; Wilson

& Lutman, 2006). Furthermore, DPOAESs are measuegliency by frequency,
making it less efficient compared with TEOAESs. Daghe above limitations,
TEOAEs and DPOAEs are mainly used to determine lvanghe cochlea is
normal or impaired, and detailed information abmthlear functions is often
missing.

To further characterize the cochlear OHC functmith more accurate
frequency specificity, a third type of OAEs, tharstlus frequency otoacoustic
emissions (SFOAESs), show some unique strengthsthed be useful to
overcome the limitations of TEOAEs and DPOAEs. SESAre emissions
evoked theoretically by one single tone. Althouggytwere discovered along
with other types of OAEs in 1978, SFOAEs are cutyamot used in clinical
practices. One reason for the lack of clinicalisgbat the SFOAESs have the
same frequency as the evoking stimulus, makingntgdicated to separate them
from the stimulus. However, SFOAESs have severdindisadvantages that weigh
over the limitations of other OAE measurementsstF8FOAES are considered to

be generated from the reflection within a localizegion of the peak of the
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traveling wave of the stimulus (Cheatham et all,220almadge et al., 2000;
Kemp & Chum, 1980). Such generation mechanisrmgplgr than TEOAES or
DPOAEs that involve multiple generation regionsef@fore, SFOAEs could be
sensitive to small damages of the generating Ohh@ddlae abnormality in
SFOAESs could map out specific regions of dysfunald®®HCs. Secondhe
amplitude of SFOAEs is dependent on the amplitddeeoforward travelling
wave, which is in turn determined by the nonlingasiof the normal OHCs.
Therefore, the measurement of SFOAESs can refledusaspects of the OHC
nonlinearities, such as the compressive growthdféehet al., 2003) and the two-
tone suppression (Kemp & Chum, 1980). Thetlidies (Siegel et al., 2005; Shera
et al., 2002) showed that the phase-frequencyifumof SFOAESs could be used
to estimate the group delay of the basilar memb(BM) and the change of the
BM group delay could be an indicator of varioustdear damages. Fourtthe
reflected and forward travelling waves can interith each other in the pathway,
causing frequency-dependent cancellations or ernagats (Goodman et al.,
2003; Zweig & Shera, 1995). Such cancellation dragmeement gives rise to the
well-known phenomenon of SFOAE amplitude: fine cilwes (quasi-periodic
amplitude fluctuations across frequencies). Fingctiires are great indicators of
normal OHC activities (Rao & Long, 2011; Wagneinkrt, et al., 2008;
Talmadge et al., 1998) and they are correlated thmicrostructures of the
hearing threshold (Lutman & Deeks, 1999).

Two special techniques are used to extract the #3#nce the ear-canal
signal contains two components (the stimulus aedStROAEs) which have the
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same frequency. One approach, the compression thettakes use of the
compressive growth of SFOAE amplitude and remokestimulus component
by scaling down the ear-canal response to a highiel of stimulus to obtain a
nonlinear residue as the SOFAE component (Kem®;200mp et al., 1990).
Another approach, the suppression method, triesetasure the ear-canal signal
with and without a suppressor tone in addition pyabe tone. Because the
SFOAES can be suppressed by the second tone fttredce between the ear-
canal signals under the two conditions is recoatethe SFOAEs (Kalluri &
Shera, 2007a; Kemp & Chum, 1980). Regardless ddifferent methods, the
extracted SFOAEs are nearly equivalent (Kallurilgef&, 2007a; Schairer &
Keefe, 2005), which provides strong support forgdas clinical applications of
SFOAEs.

A common feature of current SFOAE extraction meghigdhat they all
use pure tones as stimuli. Since SFOAEs evokedil®y/tones need to be
measured frequency-by-frequency, very limited nunabérequencies can be
measured and the SFOAEs are usually measured witigiatively narrow
frequency range. A solution is to use a frequemegeping signal as the stimulus
so that multiple frequencies of SFOAEs can be nredswithin one single test.
There are two types of frequency-sweeping sigmatsneonly used: chirps and
swept tones. Chirps are short duration swept-fregueinusoids commonly used
in radar (Roos et al., 2009; Levy & Azhari, 200Zhirps have freely selectable
frequency range, and they can stimulate selectegeraf cochlear partitions to
evoke emissions. However, the emissions evokedhiogare similar to
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TEOAES evoked by clicks (Fobel & Dau, 2004; Kedf@98; Neumann et al.,
1994). This is because the chirp is a type of teemsignal in which multiple
frequencies occur within a rather short periodroet Emissions of different
frequencies are not well separated in time andipheliteflections can occur to
complicate the chirp-evoked OAEs. Swept tones@guiency-sweeping signals
originally designed for the measurement of thesfanfunction of the audio
system, and the use of swept tones shows signifycaigher immunity against
system distortion (Muller, 2001). Swept tones dlave customizable frequency
range, allowing for the functional evaluation adedected cochlear region. Longer
durations in swept tones can ensure that thenmeoisgh dwell time for each
frequency, so that OAEs are measured in a simidgr &g pure-tone test. As
expected, a high resolution OAE gram (OAE amplitagddéunction of frequency)
with the spectrum free from the contaminations aftiple reflections could be
obtained. However, using swept tones to evoke eonmis$ias not been reported.
In this study, attempts have been made to meast@AEs evoked by
swept tones. An approach for extracting swept-®ROAEs was developed, and
the effects of different signal conditions on tinepditude and phase of swept-tone
SFOAEs were explored. The test-retest reliabilitthe swept-tone SFOAEs was
investigated by a repeated-measure design, aratthgacy was examined by
comparing the results with a standard approachgysine tones. The in-situ
calibration described in experiment | was usecalibate the level of the swept-

tone stimulus.
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3.1 Method
3.1.1Subjects

Twenty subjects (5 males and 15 females) with agaging from 23 to 33
years old (mean age=25.9) participated in this exy@nt. The subjects had
normal hearing with thresholds of 20 dB HL or l&ssfrequencies from 250 to
8000 Hz in behavioral tests. No history of outenuddle ear surgery was
reported from the subjects. An otoscopic examimatas performed prior to the
test and excessive earwax was removed to ensleara&ar canal. Before the test,
both of the ears of each subject were briefly sedausing the swept-tone
SFOAE program and only the ear with larger ovaaiplitude of OAEs was
measured. The subjects were instructed to be as agipossible during the test.
The subjects were seated in a sound-proofed baowtifioctably during the test.
Quiet reading and sleep was allowed during thelteshuse no attention or
behavioral response was required for the OAE measemts. The recruiting
protocols were approved by the Institutional Revigward of ASU.
3.1.2Equipment

A custom program was developed in Labview (Natidnsiruments,
Austin, TX) to generate the stimuli from the congguiThe generated signals
were delivered to two ER-2A earphone probes (Etyoiesearch, Elk Grove
Village, IL) through two channels on the PXI-446&kd (National Instruments).
The earphones were seated together with the ER-pé&e microphone
(Etymotic Research) in the eartip whose size wekcts®l according to the ear-
canal size of each subject. The eartip was ins@ntedhe ear canals to deliver the

53



acoustic stimuli and the sound pressure near tipdeae was recorded by the
probe microphone. The recorded response was tigéizeld by the PXI-4461
card at a sample rate of 80k sample/s.
3.1.3Stimuli
A) Stimulus presentation

A three-interval paradigm (Keefe, 1998) was useahéasure the SFOAEs
(Figure 12). Two ER-2A earphones (earphone A andd@g used to deliver two
stimulus tones: the probe toseand the suppressor toise. The § ands, could
be either the swept tones or pure tones. A ramgmpfading of 0.02 ms were
applied to the begging and end®fand s, to avoid switching noises in the
response. There were three intervals for presetttimgtimuli in a particular
manipulated order. In thé'interval, earphone A playesl and earphone B
played no sound. In théQinterval, earphone A played no sound and earpBone
playeds,. In the & interval, earphone A playes] while earphone B playes]
simultaneously. The time waveforms of the acoustsponses of the three

intervals werep,, p, and p,,, respectively. Then the SFOAEs evoked by the

swept tones could be extracted by the residudiethree responses:

P=0+P,— P (5)
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Figure 12. The three-interval paradigm to measwepstone SFOAES.

This is because the stimul (ands,) were cancelled by the subtraction
in equation (5). In contrast, the OAEs in the thiréérval (evoked by eitheg or

S,) were smaller compared with the first two intesyalue to the two-tone
suppression in the cochlea (Kemp & Chum, 1980)ré&foee, the residual would
contain a nonlinear portion of the SFOAEs evokethdty S or S,. The SFOAEsS
in this study referred to the SFOAESs evokedsby
B) Swept-tone stimuli

To record swept-tone SFOAES,and S, were both swept tones with
linearly sweeping frequencies (Fig. 12). The freguyeof S increased linearly
from 0.5 to 10 kHz within a duration df which was changed from 0.25t0 2 s in
the experiment. The, was a similar swept tone whose frequency was al®89s

Hz higher tharg (Figure 13) and the duration was the samg ashe amplitude

of S, was kept constant at 80 dB SPL. The leve$dfL) was lower thars, and

it was increased from 45 to 60 dB SPL.
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Figure 13. The frequencies of the swept-tone stimséd to evoke SFOAES.
3.1.4Procedures

The source calibrations were performed on bothheamgs in multiple
cavities to solve for the source parameters, faligvihe procedures described in
experiment |. Then the source parameters werefosdide in-situ calibration of
the level of the swept-tone or pure-tone stimulus.

Each subject participated in three successivemecin the experiment
(Figure 14): two repeated sections of swept-ton®@/A&Es (trial 1 and 2) and one
section of pure-tone SFOAESs. The repeated meastitke swept-tone SFOAEs
were to examine the test-retest reliability. Thespione SFOAES served as a
standard method to evaluate the consistency (adberacy) of the swept-tone
SFOAEs. It took about 25 minutes for one trialwept-tone SFOAE

measurements, and 30 min for the pure-tone SFOAdGSunement.
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Swept-tone SFOAEs

Swept-tone SFOAEs ——P»| Pure-tone SFOAEs |——P] (Trial 2)

(Trial 1)

(25 min) (30 min) (25 min)
Figure 14. The three sections of successive maasuts for the entire

experiment.

In the first and third section, two swept toneg(ffe 13) were used to
evoke swept-tone SFOAESs. The level of swept t§nd) and the signal duration

(T) were systemically varied to explore the effedtthe signal conditions on the
swept-tone SFOAEs. Thiewas increased from 45 to 60 dB SPL in a 5-dB step.
The in-situ calibration was used to precisely aalrttie L at the TM position. For
eachL, the swept tone was presented in four differenatitans:

T =0.25, 0.5, 1, s. The acoustic response of each condition wasagedr30

times for each signal condition.
In the second section, the same three-intervabgarawas used to evoke

pure-tone SFOAEs (Figure 12). Due to the time cairdt the probe tong was

within a narrow frequency range from 1 to 2 kHzhaABD evenly distributed

frequencies. The suppressor tag)evas 200 Hz higher thas) . The level of the

s, was set to 50 and 60 dB SPL successively, whidetel of thes, was
maintained at 80 dB SPL. The in-situ calibratiors\a&so used to set the level of
the pure-tone stimulus. The duration of the bothghand s, were 0.5 s. The

response was averaged 10 times for each signaiticond
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3.1.5Data analysis

To further extract the swept-tone SFOAEs from meisatracking filter
(Appendix E) was applied to the temporal wavefofrthe residual calculated
from Equation (4). The tracking filter was a timarying narrow band-pass filter

which only passed the swept-tone SFOAEs evoked land attenuated all other
irrelevant signals including the swept-tone SFO&#Esked bys,. Then a fast

Fourier transform (FFT) was applied to the filtecedput to yield a spectral
complex which was further analyzed to obtain thelgéode and phase spectra of
the SFOAEs. A correction for the delay of the reéaay system was applied to
the phase of the spectral complex. The noise tibtine SFOAESs was obtained
by applying the same tracking filter to the residuigh the center frequency set to

a frequency 200 Hz lower than tkewhere there were no OAEs.

To analyze the test-retest reliability of the swiepte SFOAES, the
amplitude and phase differences between resuttedivo repeated measures
were calculated for each of tHlex 4signal conditions in each subject. Then the
differences were averaged across frequency, awd-avay ANOVA was
performed to test whether there were significafgat$ of the stimulus level and
duration. The absolute amplitude difference andetation coefficients were also
calculated to further examine the similarity of Hraplitudes of the two repeated
measures.

To extract the pure-tone SFOAES, an FFT was appdi¢le residual of
each pure-tone measurement. The amplitude ofRffiecktput at the probe

frequency was taken as the amplitude of the SFAAE.phase of the pure-tone
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SFOAE was obtained by subtracting the phase ofgatobe stimulus from the
phase of the FFT output. The spectral contentseoFET outputvithin 200Hz on
both sides of the probe frequency were averagedowide an estimate of the
noise floor.

To analyze the consistency of the results betwieetvo methods, the
amplitude and phase of the swept-tone SFOAESs veenpled at the discrete
probe frequencies used for the pure-tone SFOAEsn Tite amplitude and phase
differences between the two methods were calcukgtedch frequency. The
differences averaged across frequency in all steojeere analyzed by a t-test.
The absolute amplitude difference and correlatmeffecients were also
calculated to further examine consistency betwkeriwo methods.

Specific features of the swept-tone SFOAEs were atalyzed in this
study. The details of the analyzing methods weserilged in corresponding
sections in the results.
3.2Results
3.2.10verview
A) Validation of swept-tone SFOAEs

In order to verify the effectiveness of the thrateival paradigm in
extracting the swept-tone SFOAES, the same meagsutenas carried out in a
tube (without OAESs) and an ear canal (with OAEs$)e §ignal conditions were:

the s stimulus was 60 dB SPL and the frequency changeddiy from 0.5 to 10
kHz within 1 s. Thes, stimulus was 80 dB SPL and its frequency was Rept

Hz higher than thg . A tracking filter technique was used to extraet swept-
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tone SFOAEs from the residuals calculated from egu#5). The temporal
waveform, amplitude and unwrapped phase spectteeaksponses in the tube
and in the ear canal were compared in Figure 15tHeoresponse in the tube, the
spectral amplitude never exceeded -15 dB SPL angthse randomly fluctuated
around 0 across frequencies, indicating that thielval in the tube contained
mainly noises and no OAEs or stimulus-related tesdglwere found. In contrast,
the response in the ear canal was very differdm.sSpectral amplitude of the
response could reach 20 dB SPL and apparent aaplilwctuations (fine
structures) were observed. In addition, deep pbessient was also observed
when the frequency increased. Since the fine strestand deep phase gradient
are unique features of SFOAEs (Goodman et al.,;ZD@8ig & Shera, 1995), it
was proven that the three-interval paradigm coutitsssfully obtain swept-tone

SFOAEs in healthy human ears.
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Figure 15. Temporal waveform, amplitude and phasetsa of the responses in
the tube and in the ear (subject # 1).
B) General features

As noted in Figure 15, the amplitude and phasetspetthe swept-tone
SFOAESs generated by human ears demonstrated géegratncy-dependent
features that made them differ from backgrounde®da other artifacts. For the
amplitude, it could be characterized in two aspehtsglobal shape (or the
baseline) and the fine structures (or the ripple@khough the acoustic energy was

equalized across frequencies at the TM, the glstabe of the amplitude was not
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constant with reductions presented at differerguesncies regions. The fine
structures were manifested by peaks and notchésegular frequency spacing,
which seemed to be narrower for lower frequenamesveider for higher
frequencies. The patterns of the global shapeiaedsfructures were highly
individual-dependent. Meanwhile, the phase of the-tone SFOAEs showed
rapid reduction as the frequency increased. Atflegquencies where the fine
structures were denser, the phase dropped moyragdihe amount of the phase
reduction seemed to be proportional to the numbene structures. There were
some phase discontinuities at the frequencies wheramplitude showed deep
notches.
3.2.2Effects of signal conditions

In this experiment, swept-tone SFOAEs were meaduar2d normal-
hearing subjects under 4 conditions of the ldvend 4 conditions of the duration
T. General features of the amplitude and phase fidescabove) were observed
in all subjects under various signal conditionsthia following section, examples
of the level and duration effects on these featwer® demonstrated, and then the
results of all subjects were statically analyzed.
A) Level effects

An example of the amplitude and unwrapped phaseeo$wept-tone
SFOAEs for four different stimulus levels were shaw Figure 16 T =2 s).
For the amplitude, the global amplitude showedatlens as the stimulus level
increased but the global shapes were similar. ifigestructures of the amplitude

became less pronounced and the frequency spa@ntesieto be wider at higher
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stimulus levels. Another observation was the appaezluction of the slope of
the phase-frequency function. If the total phaskicgon was noted a8 within

the frequency range from 0.5 to 10 kHz, it was ddkat thed reduced from 280
rad at 45 dB SPL to only 200 rad at 60 dB SPL. [Ekel effects on the amplitude

and phase of the swept-tone SFOAEs were similastfaer signal durations.
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Figure 16. The amplitude and phase spectra ofvileptstone SFOAEs measured

at four different stimulus levels (subject # 1).
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B) Duration effects

An example of the amplitude and phase spectraeo$wept-tone SFOAEs
measured at 4 different stimulus durations was shiawigure 17 { =50dB
SPL). It was found that both the amplitude and plsgectra were very similar
regardless of the nearly 10 fold of change in tination (or sweeping speed). For
the amplitude spectrum, both the global shape lamdirte structures were not
altered by the 4 different signal durations. Theeee some amplitude deviations
at some frequency regions where the OAEs were emallt the changes were
relatively random. For the phase spectrum, theesicorresponded to the four
durations almost overlapped with each other. Tiwgatien of the phase function
of T =2 was due to random phase jumps at notch frequent€ias duration also
had no evident effects on the swept-tone SFOAEsuned under other stimulus

levels.
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Figure 17. The amplitude and phase spectra ofweptstone SFOAEs measured
with four different durations (subject # 2).
C) Signal effects across subjects

To confirm the signal effects among all subjedts,amplitude averaged
across frequencies from 0.5 to 10 kHx)(and total phase reductiof? under
different signal conditions were shown in Figure AB ANOVA with two

independent variables (IV4: and T) was performed on two dependent variables
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(DVs: A and@), respectively. The p-values far were less than 0.001 for both
DVs, indicating thatl had significant effects on both DVs. However, no
significant effects ofl on either DV were found (p=0.30 fak, p=0.23 for@).
There were no significant interactions betweenweelVs. These effects of the
IVs could also be observed from Figure 18: aslthacreased from 45 to 60 dB
SPL, the averaged amplitudke increased from 5 to 10 dB SPL and the total
phase reductio®@ decreased from 220 to 150 rad; while for e&ghhe duration

T did not seem to have significant effects on eitAeor ¢ because the error bars

were overlapped.
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Figure 18. The mean and standard deviation of tii@itude and total phase
reduction averaged across frequency (n=20).
3.2.3Test-retest reliability

In this study, the test-retest reliability of thveept-tone SFOAES was

examined by comparing the results of two repeatedsures (trial 1 and 2) with a
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30 min interval. An example of the comparison wasvwen in Figure 19 (signal
conditions:L =50,60dB SPL; T =25s). It could be observed that the spectra of

the amplitude and phase could be largely reproductt repeated measures,
and the reproducibility was better at higher stimsukevels. For the amplitude
spectrum [panel (A) and (B)], the two amplitudeginency functions were very
similar. The correlation coefficient () of the two functions was 0.79 far50 dB
SPL and 0.90 for=60 dB SPL. For the phase spectrum [(C) and (b tivo
phase-frequency functions from the two repeatedsared greatly overlapped,
except that the phase discontinuities were larggrealower stimulus level. The
difference between the SFOAE amplitudes of therepeated measures was
calculated at each frequency, and a histogram wastrticted based on the
difference [(E) and (F)]. The histograms were cestat O for both stimulus
levels. The standard deviation was 3.6 dBlfot 50 dB SPL and 2.5 dB for

L =60dB SPL, indicating that the averaged differencesevessentially zero.
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Figure 19. The amplitude and phase spectra ofvileptstone SFOAESs of two
repeated measures (subject # 4).

For all subjects, the between-trial differenceh&f amplitude AA) and
the difference of the total phase reductia®() were averaged across frequencies

from 0.5 to 10 kHz. The mean and standard deviafohA and A@ under
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different signal conditions were shown in Figure(2)-(B). It was observed that
the amplitude differenc@AA fluctuated around O and it never exceeded 1 dB. Th
phase difference& @ varied randomly within -5 to 5 rad under differsignal
conditions. Then a two-way ANOVA (IV4. andT) was performed oA and
A6, respectively. No significant effects of the IVene found, indicating that the
mean of AA and A@ did not significantly different from O under difent signal
conditions.

To further examine the similarity of the resultdlué two repeated

measures, the absolute values of the amplituderdiite averaged across

frequency [AA) and the correlation coefficients of the two aryple-frequency
functions () were shown in Figure 20 (C)-(D). It was obseriredanel (C) the
|AA| decrease from 2.5 to 2 dB as the stimulus |évéhcreased from 45 to 60
dB SPL. For eacht, the|AA| of different durations were very similar. The

correlation coefficients in panel (D) increased within a range from 0.0.®as
either theL or theT increased. These findings indicated that the SFO®EuIlts
were replicable and the increase either the stislelvel or the duration could

reduce the between-trial deviation.
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Figure 20. The amplitude differencaA), phase differenceAN# ), absolute

amplitude difference|,(3A|) and the correlation of the amplitude-frequency

functions () between the two repeated measures (n=20).
3.2.4Consistency with pure-tone SFOAEs

The consistency with the standard methods usingubhetones
represented the accuracy of the swept-tone SFOAHSsis study, the results of
the swept-tone SFOAEs were compared with the pare-8FOAESs measured

under the same signal condition. An example ofdisalts from the two methods
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was shown in Figure 21. For the amplitude spegaadls A and B), the two
amplitude spectra seemed to match better for langaitude of SFOAEs and
more variable when the SFOAE amplitude was clog®tise floor. For the phase
spectra (panels C and D), the curves from the tethaus overlapped with each
other for most of the measured frequencies. Thednams in panel (E) and (F)
showed that the differences in SFOAE amplitude betwthe two methods were
centered at O dB with a standard deviation of alkdutdB. These observations
suggested that the SFOAESs from the two methodsethgneat consistency

under different stimulus levels.
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Figure 21. The amplitude spectra, phase spectréghartistograms of the
amplitude difference of the swept-tone and pure&t8ROAESs under different
stimulus levels (subject # 1).

To investigate the consistency across subjectgrimitude difference

(AA) and phase difference\@ ) averaged across frequency were shown in
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Figure 22 (A)-(B) under two different stimulus lév¢L). In panel (A), the
averaged amplitude difference was less than 0.fodBoth stimulus levels. A t-
test was performed oAA and no significanL effects were found (p=0.47). A
similar analysis was performed on the phase difiege\@ and the results
showed that the phase difference was not signifigaifferent from 0 for both
stimulus levels. The findings indicated that theasweements with two different
methods were identical across ears.

To further examine the similarity of the resultse absolute difference

averaged across frequen¢§x/(\l) and correlation coefficientr§ of the amplitudes

of pure-tone and swept-tone SFOAEs were comparegyure 22 (C)-(D). It was

observed that th{aml across subjects had a mean of about 2 dB anadasth

deviation of about 0.5 dB. The mean of the averagads around 0.9, and slight

larger deviation was found fdr = 60 dB SPL. No difference was found foA

andr between the 2 stimulus levels.
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Figure 22. The amplitude differencaA), phase differenceAN# ), absolute
amplitude difference|(AA |) and correlation coefficient | between the swept-
tone and pure-tone SFOAEs (n=20).
3.2.5Further observations of swept-tone SFOAEs

A common observation of SFOAESs in normal-hearingjestts was the
distinct fine structures that differed from subjexsubject. The swept-tone
SFOAE method allowed more detailed descriptiorheffine structures at a
frequency-resolution of less than 4 Hz across &\inequency range. Analyzing
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the features of the SFOAEs may provide new infoiondr the understanding
of cochlear mechanics.

A typical fine structure was bound by two neighhbgrnotches (Figure 23)
and the peak of the fine structure was obtainefinoyng the local maximum.

The width of a particular fine structuraf() was determined by the frequency
difference between the two neighboring notchéks< f , — f.,), and the center

frequency (f,) was calculated by the medn=(f,+ f.,)/ 2. The peaks might

not be always at the center of the fine structukeseligible fine structure was
gualified when the peak was 3 dB larger than eitioéch, and was confirmed by

visual inspections.
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Figure 23. A typical fine structure of the swepte¢dcSFOAES.
A) Width of fine structures

For each subiject, fine structures were searchea &6 to 10 kHz in the
amplitude spectrum of the swept-tone SFOAESs. Tlithaof the fine structures (
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Af) as a function of the center frequen€yfrom 20 subjects were plotted
together in Figure 24 for 4 different stimulus lesvé\ common trend observed
across level was that the expanded as thé, increased. Thaf was around 0.2

kHz when the center frequency was 1 kHz, and ise@ap to 1.2 kHz at10 kHz.
For each stimulus level, the scatter plot of thdtiifrequency function was fit
with a straight line, and the growing trend wasveian the last panel. The slopes

of the regression lines increased from 0.055 t6DwWhen the stimulus level was
from 45 to 60 dB SPL. A two-way ANOVA witlf, and L as IVs was performed
on theAf . Significant effects of both IVs and interactidretween them were

found (p < 0.001).
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Figure 24. The width of the fine structursf () as a function of frequencyf()

under different stimulus levels (n=20).
B) Frequency shift of notches and peaks

In the above observation, the fine structure becarder as the stimulus
level increased. In other words, there were fewer $tructures at higher stimulus
levels and there ought to be frequency changeeofdimaining fine structures.
The frequency shift of the peaks (or the notches function of the stimulus
level was therefore measured.

The frequency shifts of the notches and peaks fhmmowest level (45
dB SPL) were calculated for all the subjects (Feg2b). A negative frequency
change was found as the stimulus level increasdukrithe stimulus level

increased from 45 t0 60 dB SPL, the total frequesitit was about 40 Hz for the
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notches and it was about 50 Hz for the peaks. Avaaae ANOVA was performed
(DV: the frequency shift; I1V: the stimulus levedrfthe notches and peaks
respectively. P-values less than 0.001 (for boghnibtches and peaks) indicated

that the observed frequency shifts were statisyisagnificant (p < 0.007).
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Figure 25. The frequency shifts of the notches@eaks as functions of stimulus
level (n=20).
3.3 Discussion
3.3.1The swept tone method

This experiment has shown that swept tones couldsbd to evoke
SFOAESs. The use of swept tones allows an efficieiiteband and high-
definition measurement of SFOAES. In this studypdatk about 15-20 min to
measure SFOAEs from 1 to 2 kHz using pure tonds avftequency resolution of
50 points/octave, while it took only 1-2 minutes floe swept-tone method to
measure SFOAEs from 0.5 to 10 kHz with a much higésolution using swept

tones. For pure-tone SFOAE measurements of otheéiest it also took half an
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hour or even longer to obtain enough number ofueagies within one or two
frequency octaves (Cheatham et al., 2011; Kallu8h&ra, 2007a; Schairer &
Keefe, 2005; Schairer et al., 2003). Although usiigks to measure TEOAEs
has the similar efficiency, the OAE frequency rarggesstricted to below 4 kHz
and the frequency resolution is also poorer tharsthept-tone SFOAEs (Kemp,
1986).

The three-interval paradigm developed by Keef@8) 9vas used to
generate the swept-tone SFOAEsS in this study. Bnadigm makes use of the
two-tone suppression phenomenon in cochlear mechémobtain a nonlinear
portion of the SFOAESs from a subtraction betweenldéist interval with two-tone
stimuli and the first two intervals containing omge of the stimulus signals.
Compared with the suppression method used by othestigators (Kalluri &
Shera, 2007a; Kemp & Chum, 1980), the three-intgraeadigm is more
beneficial in measuring swept-tone SFOAESs becaus#siadvantage in
eliminating the impact of the stimulus artifacttlthat when two tones are

presented simultaneously, they can produce mutygdression on the SFOAEs

of each stimulus. Thus, the residual contains treimear portion of both ths -

and s,-evoked SFOAEs. The frequency-time functions oftiine OAE

components are two parallel lines, similar to tlesoking stimuli in Figure 13. A
conventional bandpass filter cannot separate tbeetwissions because they are
largely overlapped in frequency over the entir@rding time. Therefore, a
tracking filter (Raja Kumar & Pal, 1990) whose aarftequency adaptively

follows the instantaneous frequency the SFOAE eddikethes can effectively
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remove the background noise and the SFOAE indudheby, . Since the level of
the suppressos, was as high as 80 dB SPL and system distortiorysb@a

involved at such a high level, the SFOAEs evokedbwere not analyzed in this

study.

TEOAE frequencies are not strictly controlled bg stimulus. The
recording window is extended up to 20 ms afterstiraulus, thus any vibrational
energy including multiple reflections simultane@xsitations from multiple
locations is collected (Kemp, 1978). Swept tone AE©only contain the energy
generated by the cochlea immediately followinggtmmulus frequency, thus free
from multiple reflections and contribution from pés other than the CF location.
Thus, swept tone SFOAESs may be more indicative@®tbchlear functions
across the whole cochlea than the TEOAEs.
3.3.2Features of SFOAEs
A) Global shape

The spectral pattern of the SFOAE amplitudes igumio each subject.
The uniqueness is demonstrated in two aspectsalgiblape and fine structures.
The global shape refers to the change of the Imesatnplitude across frequency.
Although the stimulus level has been equalizeti&fliM, the global shape of the
SFOAEs is not flat with broad peaks and valleys@néed at various frequency
regions (Figure 16, Figure 17). Studies showedttiehon-flat global shape of
the SFOAE amplitude could be due to the transfiectian of the middle ear
(Paul Avan et al., 2000; Osterhammel et al., 129@®) the functional status of the

OHCs (Walsh & McGee, 1990). The global shape oSR®AE amplitude of the
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normal hearing subject shows peaks around 1 amtz4Rkigure 16 and 17). Such
peaks can be observed in the middle-ear transfietin from other studies (Gan
et al., 2007; Aibara et al., 2001). In additiorthte contribution of the middle ear
transfer function, the reduction of SFOAE amplitirdeelatively broad frequency
regions may be attributable to altered or even dmeh&®HC functions. Therefore,
if the global SFOAE amplitude pattern can be norzedl by the middle ear
transfer characteristics, it could be useful fatye@entification of cochlear
lesions.
B) Fine structures

One remarkable feature of the amplitude spectruthefwept-tone
SFOAE is the presence of the fine structures ples), defined by repeatedly
appearing peaks and notches across frequencies€Hi§, Figure 17). The high
frequency-resolution of the swept-tone SFOAE spectmakes the analysis of
fine structures more accurate and reliable. Finettres of SFOAEs were
observed in many other studies (Shera & Guinan3208lmadge et al., 2000;
Zweig & Shera, 1995). These authors attribute ithe $tructures in OAESs to the
existence of multiple reflections of traveling wava the cochlea. SFOAEs are
thought to be originated from coherent reflectiaithin the peak of the travelling
wave and the interference between the forward efhected travelling waves
could enhance or cancel the emissions dependitigearnphase relation (Schairer
et al., 2006; Zweig & Shera, 1995). The coherefi¢cton is a linear scattering
of the forward travelling wave due to the impedamesgularities within a
localized region of the peak of the traveling wéSkera & Guinan, 1999) and it
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is the dominant source of SFOAE generation at limvgus levels (Goodman et
al., 2003; Zweig & Shera, 1995). Therefore, the fstructures become less
pronounced as the stimulus level increases (Figg)elt was also observed that
the fine structures are narrow at low frequencreswider at high frequencies
(Figure 24). It has been reported that the ratitheffine-structure width over the
center frequency was roughly a constant ranging %86 to 15% across
frequency (Talmadge et al., 1998; Zweig & Sher®5)9Such a constant ratio is
also called the spectral regularity (Zweig & Sh&@95). In the present study, the
ratio, which is also the slope of the straight imé&igure 24, was about 6% which
is consistent with other studies.

Studies showed that the fine structures of SFOAEsarrelated with the
microstructures of the hearing threshold (Heitmanal., 1996), and the presence
of the fine structures is closely related to thenmal activities of the OHCs (Henin
et al., 2011; Rao & Long, 2011). Therefore, fineistures could be used as
indicators of the normal OHC activities (Wagneinkrt, et al., 2008).

C) Phase-frequency functions

While the amplitude spectrum demonstrated condieleaiation with the
presence of fine structures, the phase-frequenwstiin of the swept-tone
SFOAESs shows a relatively simple pattern (FigureFigure 17). The SFOAE
phase showed a consistent decrease with increfasmgency. The slope of the
phase-frequency curve is steeper for low frequeneaied shallower at high
frequencies. These results are consistent witfinbdengs of other studies
(Bentsen et al., 2011; Shera & Guinan, 2003; Séeah, 2002). The slopes of
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phase-frequency function represent the group delatee OAEs which can be
interpreted as the round-trip travel time of th€O@IEs. Therefore, the group
delay is longer for low frequencies and shorterhigh frequencies. An
explanation is that high-frequency SFOAEs are gdrdrat the base of the
basilar membrane and it takes shorter time for tteetravel back to the ear canal;
while low-frequency SFOAES are generated at theahgites and longer time is
needed for them to travel back.

3.3.3Effects of the stimulus level

As the stimulus level increased, the fine structutemonstrated a series
of changes, such as the increase in the frequeracyng) between neighboring
notches (Figure 24) and the downward shift of thiem (or peak) frequencies
(Figure 25). The increased of the width may be &reld by the involvement of
larger region of cochlear irregularities during tl#lection at the peak of the
travelling wave (Zweig & Shera, 1995). The downwsinift of the notch (peak)
frequency may be a result of the disappearanca@structures in the low
frequencies at high stimulus levels. Since the $itmectures are narrower at low
frequencies, some of the fine structures are nitadylto disappear as they
expand at high stimulus levels. As a result, timeaiaing fine structures show a
shift towards low frequency.

A noteworthy finding of this study is that the pbdsequency function is
level-dependent. As the stimulus level increadesphase-frequency curves
become progressively shallower (Figure 16). Suleval dependency agrees with
the results of other studies (Choi et al., 200&r&I& Guinan, 2003). When the
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phase-frequency function is expressed as grouysiedhallower phase functions
can be translated into shorter group delays atehnilgivels. The reduction in the
group delays may be explained by the shift of thedlling wave peak towards
the base at high stimulus levels (Recio et al.818uggero et al., 1997). The
flattening of the phase function also correlatethwhe widening of the fine
structures.
3.3.4Effects of the sweeping speed

Since the frequency was swept across the same (&oge0.5 to 10 kHz),
different durations correspond to different sweggspeeds. In our study, no
significant effects of the sweeping speed are faamdither the amplitude or the
phase spectrum of the swept-tone SFOAEs (FigureAljpssible explanation is
that the SFOAEs at different frequencies are gee@liadependently, production
of SFOAE at one frequency does not temporally arlte the SFOAESs
generation of the next frequency. The results sthawthe swept tone SFOAEs
are similar to pure tone evoked SFOAEsSs, thus ferféistest frequency sweeping
speed (100 kHz/0.25s), the cochlea can still follbe/frequency change in the
stimulus and respond in a similar way as pure to&msilarly, Kalluri and Shera
(2007b) varied the duration of the click stimulusidound no significant change
of the CEOAE amplitude. Further assumptions camade based on the
insignificant effects of the sweeping speed: 1¢sipure tones can be considered
as swept tones with a sweeping speed of zeroultdm®e assumed that SFOAEs
evoked by pure tones and swept tones would be a@laor equivalent. This
assumption was confirmed by the findings of thiglgt 3) since clicks can be
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considered as swept tones with an infinite sweepp®ged, the results of this
study could possibly be consistent with TEOAESs ez under the same signal
conditions. However, differences may be expectedibse the TEOAES are
largely produced after the cessation of the clekstcontaining various “free
energy” from multiple reflections and simultanea@oasitribution from multiple
locations. Whether the swept-tone SFOAEs are etpuntvéo TEOAES needs to
be tested in future research.
3.3.5Test-retest reliability

Measuring the test-retest reliability of the swapte SFOAES is a crucial
step before the clinical applications, so that emgnges in the results can be
considered as evidence of cochlear functional chamgjead of measurement
errors. There are many studies investigating thahiéty of DPOAEs (Valero &
Ratnam, 2011; Wagner, Heppelmann, et al., 200&z2am, Galloni, et al., 2006;
Parazzini, Wilson, et al., 2006; Zhao & Stephe®@899) and TEOAESs (Keppler et
al., 2010; Marshall & Heller, 1996; Franklin et,d992), but the reliability of
SFOAEs are rarely explored. In this study, theat®lity of the swept-tone
SFOAEs was accessed under various signal conditiatifferent subjects. The
results show that the amplitude and phase diffe®between the two repeated
measures are not significantly different from Ooagsrall signal conditions and
subjects (Figure 20). The mean absolute amplituftereince is less than 2.5 dB
and the mean correlation coefficient was largen thd which is similar to the
findings in the repeated measurements of DPOAEskiiagam et al., 2007;
Zhao & Stephens, 1999). Results from the presadiysthow overall good test-
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retest reliability over the entire frequency raif@®-10 kHz), especially at high
stimulus levels. Such level benefit can be explhiogthe higher signal to noise
ratio at higher stimulus levels so that the SFOAEesless likely to be affected by
noises. Similar level effects were also found imeotstudies (Parazzini, Galloni,
et al., 2006; Franklin et al., 1992). In Figure2)(the correlation coefficients
between measurements are significantly lower fapgwones of shorter duration,
especially forT =0.25 and 0.5 s. This may be because the totaldira#able for
averaging was shorter for SFOAEs evoked by shewept tones during the
experiment.
3.3.6Consistency with pure-tone SFOAEs

It is also important to verify that the resultstioé swept tone SFOAESs are
accurate. One way to verify the accuracy is to amaphe results with the well-
accepted method. In this study, the results of swme SFOAES are compared
with the standard method using pure tones undesahe signal condition. The
comparison in this study reveals good agreememidmzt the results of the two
methods (Figure 21). The averaged differencesdih Bmplitude and phase) of
the two methods are not significantly differentnfr® across all the participants
and signal levels (Figure 22). The absolute amgbditdifferent is less than 2.5 dB
with a correlation coefficient as high as 0.9. Ascdssed previously, the
sweeping speed has no significant effects on thesarement of swept-tone
SFOAESs and pure tones can be considered as svwastwoth infinitely long
durations. This result suggests that the SFOAEsmmdd by pure tones are

equivalent to SFOAEs measured by swept tones, iedlgegith long durations.
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Similarly, Long et al (2008) used continuously spiag primaries (similar to
swept tones) to measure DPOAEs and found thatethdts were nearly the same
as the DPOAEs evoked by pure tones. They madedbeiparison over the
frequency range of 0.5-2.5 kHz. The present stxdgneled the comparison range
up to 10 kHz. Kalluri and Shera (2001) comparedutm@ixed reflection
component of DPOAE with the corresponding SFOAE fad that they were
almost equivalent in both baseline amplitude anddfistructures. Later (Kalluri &
Shera, 2007b), they found that TEOAEs and SFOAEs wearly identical at low
and moderate stimulus intensities. These evideswggest that, not only
SFOAESs evoked by different types of evoking torresidentical, but also
different types of OAEs may be comparable sincyg #ileoriginate from the
OHC activities.
3.3.7Clinical implications

Based on the results observed in this study, tlepstone SFOAE
method is a practical alternative to overcome itin@dtions of current OAE
measurements. The use of swept tones allows OAEss édficiently measured in
a wide frequency band and with a high frequencglug®n. The measure of
SFOAEs could help to provide a more precise mappatgeen the obtained
OAE results and the functional status of cochleldC®, or so-called cochleogram.
The good test-retest reliability ensures that th®AEs can be reproduced over
time, so that any changes may be attributed toadilbes of cochlear functions.
The comparison with pure-tone SFOAESs indicatestti@atesults of the swept-
tone SFOAEs are accurate and consistent with steumaethods. Therefore, the
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swept-tone SFOAE method is recommended to suppleon&ven to replace the

current methods for routine OAE testing in theiclin

88



Chapter 4
SUMMARY AND FUTURE RESEARCH
4.1 Summary

The purpose of this dissertation is to addressmamr concerns of
current OAE measurements in the clinic: the inaacyin the signal calibration,
and the limited bandwidth and efficiency of curtgf@AE methods. The
approach was to use a swept tone stimuli to prélacsound pressure at the TM
and to record SFOAEs efficiently.

In experiment I, an in-situ calibration was use@dourately control the
stimulus levels that enter the middle ear. The et used a transmission line
model to predict the eardrum pressure, so thatllitket measurement of the TM
pressure was not necessary. Then the benefite afitkitu calibration on OAE
measurements were explored. The results showeththatediction of the TM
pressure was successful in both the tube andemfivnan subjects. Compared
with no calibration and probe calibration, the u-galibration was not affected
by the standing-wave problem and it could obtaertiost reliable results in OAE
measurements. The clinical implication is thatitheitu calibration should be
recommended during the OAE measurement to imptowvediability of the
results.

In experiment Il, the swept-tone SFOAE method wagetbped to solve
the second problem. The experiment employed a-thteeval paradigm and an
adaptive filter to extract the swept-tone SFOAES @ne performance were tested
under different signal conditions. The results sbdwhat wideband SFOAEs
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could be obtained with high frequency resolutiothim a short period of time.
The swept-tone SFOAEs showed excellent test-regbability in repeated
measurements with a 30 min interval. The resultained with the swept tone
approach were nearly equivalent with the standathad using pure tones under
various signal conditions. The swept-tone methed allowed for more precise
analysis of the features of SFOAESs, such as tleediiructures and growth
functions. The clinical implication is that the gst®tone SFOAEs may be an
excellent alternative to current methods to provalmble and detailed
measurement of cochlear function over an exteneepiéncy range.

4.2 Future research

One limitation of this study is that there werehsaring-impaired (HI)
subjects recruited in the experiments. Since wiétigenormal-hearing (NH)
group and HI group can be correctly identifiechis imain task of OAE screening,
the future research can be extended to includdlkigeoup. If two groups can be
identified successfully, future research will explavhether swept tone SFOAE
technique can precisely identify the frequencyoagf the hearing loss or even
the degree of the hearing impairment.

SFOAE is defined as the OAEs evoke by a single.tbiogvever, in
practice, an additional suppressor tone has tesbd to extract the emissions.
With the techniques of the swept tone and the tngchiter, it is possible to
obtain the SFOAEs without the second tone. Thia iddl be tried out in

extended studies after this dissertation project.
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APPENDIX A

CONSTRUCTION OF SWEPT TONES
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The swept tone was constructed in the frequencyadoand the
construction steps included (Muller, 2001): (1)ganee the required amplitude
spectrum (amplitude as a function of frequency) pf2pare a phase spectrum
according to the “frequency-time function” of theept tone; (3) transfer the
prepared amplitude and phase spectra by an infassEourier transform (FFT)
to get the time waveform of the swept tone. Foffitsé step, the amplitude
spectrum can be prepared by constructing arbitrarglitude-frequency functions.
For the second step, the phase spectrum can bhaeaibtay using the concept of
“group delay”, defined as “exactly at which time mentary €) a certain
frequencyf) occurs”. If the frequency is swept linearly frépto f, when the

time changes from 0 to T (in second), tHerelation is shown in Figure 26.

AT

T ,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,

0 -
fi b

Figure 26. The relation between the frequergarid group delayt) in a linear
swept tone.
The mathematical relation of Figure 26 could beresped as

r=T(f-f)/(f,—f).Onthe other hand, group delay is generally eeffias

the rate of change of the total phase shift wiipeet to frequency:
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v =—de/ (27df ). Therefore, the phase function can be obtainedkiyg the
integral and finally we obtained:

aT(f -1)?

f)=-
o(f) s

(6)

With the prepared amplitude and phase spectraethporal waveform of
the swept tone could be obtained by taking therse/€FT. The resulted swept
tone sweeps the frequency linearly fréno f, within the duration of T. The
advantage of the swept tone is that the amplitié@ach individual frequency can
be precisely controlled at the desired level. Toicthe switching noises caused
by non-zero start and end of the stimulus, a hadire window with a time length

of 20 ms was applied to the very beginning andadritle swept tone.
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APPENDIX B

SOURCE CALIBRATION
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A multiple-cavity method (Allen, 1986) was used floe source
calibration in this study. In Allen’s method, whttte earphone was connected to
an acoustic load (such as a tube or the ear can@hjevenin-equivalent circuit of

the sound delivery system was shown in FigureR7 ¢ource pressure;_:
source impedancez, : load impedancep, : pressure measured at the load).

According to Ohm’s law, the pressures and impedanee related by the
following equation:

PR P

=_L 7
ZS+ZL ZL ( )
i.e.,
ZP-RZ,=RZ, (8)
Zg

DR

Figure 27. The Thevenin-equivalent circuit of tieirsd delivery system.

For a uniform tube with a length bf the theoretical acoustic impedance

(z,) can be calculated as (Keefe et al., 1992):
Z =-jpccot(2zfL /c) (9)
where j =J-1, pis the air density, c is the sound speed in the mEifrequency

andL is the length of the tube. It could be observeddnation (9) that is the

only variable to determing,_ (other parameters, such asand c, are constants).
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The tube length could be either measured directly (from the eanghto the
other closed end of the tube when the earphonearasected to the tube), or

estimated from the probe pressure In the amplitude spectrum &f , a notch
would be present at a certain frequengy, (dependent on L) because of the
standing wave inside the tube. If tHg was measured in the spectrum of PL, the
tube length. could be calculated ag:=c/4f,.

In order to solve the two unknown variablesand z_ in equation (8),
the impedance, in Figure 27 could be replaced by 5 uniform tulvéh known
impedances, (i =1,2,3,4,£) successively and the probe pressBrén response

to the same wide-band swept-tone stimulus were uneds The results of each
uniform tube could derivate an equation (8), amhdhal five equations together

could be used to solve for the two unknown varisifle and z_) via a least mean

squares method (Generally, two equations were déntaugolve for two variables;
using five equations in this study was to imprdwve accuracy of the solution):

ZP-RZ,=PZ,

Z,R-RPZ,=PZ,

ZP-PZ =PZ, (10)
Z,h-PZ,=PZ,

ZP-RZ,=RZ,

Where the pressure (i =1, 2,3, 4,£) was measured, and the impedance
Z,could be determined by equation (8).and Z, were both expressed as

complex numbers as functions of frequency (expessthe frequency domain).
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Equation (10) was solved frequency by frequencygequently, the solutions of

P, and Z_were also complex numbers as functions of frequency

Instead of using five independent brass tubes lienfdnd others’ studies
(Burke et al., 2010; Lewis et al., 2009; Schepetlal., 2008), a plastic uniform
tube with a moving end was used in this study (lE§t8). The moving end was
achieved by using a piston that could move freetyde the tube. The advantage
of the moving-end tube is that different tube Iéxsgt) could be obtained by
moving the piston to different positions, witholé trequirement of moving the

earphone to different tubes (which could introdpossible errors).

eartip
/ moveable

[ = I +—>

To ER-2A earphone
To ER-10B mict S — |

Delivery tubes L \ piston

Figure 28. A plastic tube with a movable pistoridesvas used to calculate the

source parameters.
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APPENDIX C

OBTAINING THE EARDRUM PRESSURE
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The two components (incident pressieand reflected pressure ) at

the entry of the ear canal could be rewritten asptblar form:
P.=A(f)£6,.(f) (11)

Where A, (f) and g, (f)were the amplitudes and phase (as functions of
frequency) ofP. and P_, respectively. The incident pressupe travelled forward
along the ear canal and was measureB ashen it reached the eardrum (Figure
29). It could be assumed that and P had the same amplitude (assuming no
energy absorption by the wall of the ear canal)weleer, their phase were
different sinceP. travelled a distance af (the length of the ear canal) to arrive at
the eardrum. The phase differeneed| )] betweenP, and P. was frequency

dependent and related to the length of the eal damg A9(f) =27z fL /c(c:

sound speed). The length of the ear cdnabuld be calculated from the

frequency of the first notch of the probe pressu(ef,) by L =c/4f,. Finally,
the phase oP. could be obtained by adding the phase skift f) to the phase

of P . Similarly, the reflected pressure at the eard(#) could be obtained by
subtracting the same phase sinfi(f) from P . The corresponding equation
was:

P, =A(f)40.()+A0(1)] (12)

111



Since the eardrum pressure was the sum of theeintcahd reflected

pressures at the eardrum position, the predictetiga pressureli‘é) could be

obtained by:
P=P+P (13)

©

ef&"&s (ear canal) e;’b‘é(\)

Be =

4 ................................. —

P. P’

l L

Figure 29. The original and reflected pressurébeaentry of the ear canal and at

the eardrum position.
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APPENDIX D

CALIBRATION OF THE MICROPHONES
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There were two microphones used in Experimentel ptobe microphone and the
eardrum microphone. The probe microphone was wsprktlict the eardrum pressure,
while the eardrum microphone was used to measeradtual eardrum pressure. The
predicted and measure the pressures would be cethfmaverify the reliability of the
prediction.

The eardrum microphone must be calibrated in rater¢o the probe microphone
before the two pressures could be compared. The iched of the calibration was to let
the two microphone measure the same pressure amtifférences in their results were
recorded (Figure 30). The same ER-7 tube useckiedh canal verification was attached
to the eardrum microphone. The free end of the wdreplaced close to the opening of
the probe microphone so that the two microphones weasuring the same pressure.
Then a swept tone stimulus<500 Hz,f,=10 kHz, T=1 s and driving voltage=1 volt)

was played by the earphone probe.

fo [O
o, 704 ER-7 tube
B0py, &y T
’7@0 /C

eardrum mic

Figure 30. The diagram to calibrate the eardrunrapitone with respect to the probe
microphone.

If the response of the probe microphone wasand it wasP, for the eardrum
microphone @ and P, were expressed in the frequency domain), the cdtibe two

responses was:

(14)

v
U |0
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If the reading of the eardrum microphone in respdnsany other pressure wls then

the calibrated resultR') that was comparable to the probe microphone was:

P'=RP=_LP (15)

U |0
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APPENDIX E

THE TRACKING FILTER
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There were two parts of swept-tone SFOAEs in te@Eltal of the three-interval

paradigm: one evoked by (s -OAE) and the other evoked ky (s,-OAE). The

frequencies of the two OAEs were different and ttlegnged over time in the same way

as their evoking swept-tone stimulus [Figure 31(A)]this study, only the OAE by

was analyzed, using a tracking-filter technique.
A tracking filter is narrow band-pass filter whasnter frequency can change

with time. The frequency of -OAE, which could be estimated from the stimulus;of
was used as the center frequency of the trackitey o that it could let go only the-
OAE and attenuate all other noises. To achieve tinéspole of the tracking filterd, )

was placed at the frequency 9fOAE [Figure 31(A)]. Meanwhile, a zerg() was

placed at the frequency &f-OAE so that this part of OAE was eliminated andildo

not cause interference to the analysis éDAE. The pole and zero on the z-plane were

shown in Figure 31(B). Consequently, the trangiecfion of the tracking filter is:

H(2) =G le__ll (16)
1-pz

p=r,exp(jo) (17)

7, =1, exp(jo,) (18)

where o, is the angular frequency &f-OAE, w, is the angular frequency a&f -OAE,
r, is the radius of the pole,, r, is the radius of the zerg andG is the gain. In this

study, r,was chosen to be 1 so that the tracking filter @¢@liminate thes,-OAE to the
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largest extent. The pole radigs was close to 1, dependent on the bandwidth) Of the

tracking filter by:

Af
I’p :1—1:—72' (19)

S

Where f_ is the sampling frequency. The gdih was determined by the following
equation to ensure unity gain at tJeOAE frequency:

_ 1- o
1-r,explj @, - ,)]

(20)

0 e

Re

Frequency (kHz)

-4 -—-——_——_—_—_—_ =

0.5

0 Time (s)

Figure 31. The zeros and poles of the trackingrfilt
The tracking filter was then applied to the temparaveform of the residual

[ x(n),n=0,1,2L N - ]] by the following difference equation:
y(n) = p,y(n-1)+G[x(n)- zx(n-1)] (21)
where y(n) is the filtered output which containsmhathe swept-tone SFOAE evoked by

S-
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In this study, the bandwidth of the tracking filis&f was chosen to the square root

of the sweeping rate of the swept tone stimgus

A =J(F,— T)IT (22)

Where f, is the starting frequency, is the ending frequency afdis the duration.
Moreover, the filtered outpug(n) could be fed back to the same tracking filter s@ve
times in order to improve the selectivity of thedking filter. Such operation was
equivalent to increasing the order of the tracKiligr and therefore could improve the
performance.

In this study, the tracking filter technique wagsdi$o extract the swept-tone
SFOAEs from the residuals. One way to demonsthatetfectiveness of the tracking
filter was to analyze the spectrogram (a represientaf energy distribution as a function
of time and frequency) before and after the tragkiiering (Figure 32). As shown in
panel (A), the spectrogram of the residual befbesfiltering showed two parallel lines,

representing potential SFOAEs evoked$wand s,, respectively. Random noises were

also distributed everywhere in the spectrograreudh a residual was taken an FFT
without any pre-processing, the amplitude specfipanel (C)] was rather noisy and no

swept-tone SFOAESs could be clearly observed. Intrasty the spectrogram in panel (B)
showed that only thg -evoked SFOAESs were left after the filtering andoéther

irrelevant noises were greatly attenuated. Theesponding amplitude spectrum [panel

(D)] showed clear swept-tone SFOAEs.
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Figure 32. The spectrograms and amplitude spettreswept-tone SFOAES before

and after the tracking filtering.
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