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High resolution system for improved transient-evoked otoacoustic
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Abstract—Transient-evoked otoacoustic emissions (TEOAE)
are generated by the cochlea in response to clicks. They are
obtained by averaging post-onset acoustic responses which are
composed of the stimulus-related meatal response (MR) and
the TEOAEs. TEOAEs are typically below normal hearing
thresholds and are obstructed by the MR, which is several
orders of magnitude higher. For click stimuli, MRs typically
last about 5 ms and obstruct the early latency emissions.
TEOAESs become compressively nonlinear as the MR increases,
and this property is commonly exploited by obtaining a derived
nonlinear response (DNLR) which reduces the MR artifact. In
this study we report the development of a high-resolution
system which linearly acquires both MRs and TEOAEs.
Results show that the duration of the artifact can be reduced,
making the high frequency content of TEOAESs observable.

I. INTRODUCTION

RANSIENT-evoked otoacoustic emissions (TEOAE)

are sounds that are generated within the cochlea in

response to short-duration stimuli, such as clicks and
tone pips [1]. These emissions are predicted in the active
cochlear model of the ear, as outer hair cells enhance the
backwards traveling coherent reflections caused by
impedance variations along the basilar membrane [2], [3].
TEOAE:s are extremely prevalent among the normal hearing
population, and are commonly used as a hearing screening
tool [4]. In the acquisition of TEOAEs, the stimulus and
response are simultaneously recorded, with the stimulus
lasting approximately 5 ms and the response lasting about 20
ms. The acoustic stimulus, sometimes called the meatal
response (MR), is considered an artifact in the recording, as
it obscures the early latency TEOAEs from being observed.
This is due in part to the fact that the stimulus, depending on
its intensity level, can be upwards of 50 dB higher in
intensity than the response. Several methods have been
proposed for the removal of the stimulus artifact from the
response, including linear prediction [5], independent
component analysis [6], wavelet based methods [7], digital
subtraction [8], and the derived nonlinear response (DNLR)
method [9]-[11], and a two-source DNLR method [12].
Among these, the DNLR method is the most commonly
used; only the input stimuli are varied with little additional

Manuscript received April 6, 2009.

C.L. Bennett is with the Biomedical Engineering Department, University
of Miami, Coral Gables, FL 33146 USA (phone: 305-284-5272; fax: 303-
284-6494; e-mail: c.bennett@umiami.edu).

0. Ozdamar is with the Department of Biomedical Engineering at the
University of Miami, and also with the Departments of Otolaryngology,
Pediatrics, and Neuroscience at the University of Miami Miller School of
Medicine, Miami, FL (e-mail: oozdamar@miami.edu).

978-1-4244-3296-7/09/$25.00 ©2009 IEEE

computation needed, which allows for simple integration
into a linear-mode system.

In a DNLR recording, the peak TEOAE response, R,
will typically be less than 1 mPa in amplitude. While the
MR will vary, its peak amplitude, MR,,,., can reach 250
mPa, as in the case of an 82 dB-SPL stimulus. The number
of bits needed to cover this dynamic range is given by the
log, of the quotient of these numbers. The result must be
rounded up (indicated by the ceiling function) since the
number of bits are an element of the set of positive integers.
In the case of a medium bit-depth system, the analog-to-
digital converter (ADC) has 12 or 16 bit resolution, given by
Nyysem-  For these systems, it is not feasible to record the
entire dynamic range of the MR and reserve a sufficient
number of bits for the TEOAE, given by Npgo4e For
example, if the entire amplitude-range of the MR is recorded
via a 12-bit ADC (such as in the Otodynamics ILO88), then
only 4 bits remain for the TEOAE, corresponding to a -24
dB digital noise floor (see Fig. 1a, Eqn. 1).

MRmax
Nsystem = Nrgoag + [IOgZ (R—)] (D

max

On the other hand, if all 12 bits are reserved for the
TEOAE, then a more appropriate digital noise floor of -72
dB can be obtained, however the stimulus will saturate the
ADC (see Fig. 1b). In order to recover both the MR and the
TEOAE, a higher bit-depth will be needed. In fact, if 12 bits
are reserved exclusively for the TEOAE, which could have a
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Fig. 1. A typical MR and TEOAE from a subject (01). (a) The entire
metal response recovered using a 12-bit system leaves only 4 bits for
representation of the TEOAE. (b) 125x gain applied to the recovered
response which gives a full 12 bits to the TEOAE, but saturates the
meatal response. (c¢) The spectrum of the meatal response. (d) 1 ms
Hann window (of the raised Cosine family) applied at 5 ms to remove
the meatal artifact.
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magnitude of approximately 1 mPa (on the high end), then in
order to also recover the meatal response, or stimulus
artifact, then at least 20 bits will be required. If greater bit-
depth than 12 is desired for the TEOAE, then the system bit-
depth must be comparably increased as well (eg., a 24-bit
ADC is required if reserving 16 bits for Ntgoag).

The frequency response of the meatus is subject-
dependent, but will generally have a resonant peak in the 3-4
kHz range due to the length and volume of the meatus (see
Fig. 1c). The ringing of the MR obscures the TEOAE, so
windowing is used to eliminate the artifact, and subsequently
the early latency TEOAEs as well (see Fig. 1d).

It was shown in [13] that the response of TEOAEs begins
to saturate with increasing stimulus intensity. The MR is
approximately linear with respect to the stimulus level,
however the TEOAE response is nonlinear and grows
compressively. So at high stimulus levels, an increase in
intensity will comparably increase the amplitude of the MR,
but only marginally increase the amplitude of the TEOAE.
The growth of the TEOAE with respect to the input stimulus
level can be given by a dB/dB slope. A slope of 1 dB/dB
represents perfect linearity, and a slope of 0 dB/dB
represents complete saturation [14]. It was found in [15]
that a slope of 0.33 dB/dB exists in the nonlinear region.

The DNLR recovery method is a technique to partially
cancel the stimulus artifact from the recorded TEOAE
signal. The DNLR method exploits the compressive
nonlinearities of TEOAEs by averaging groups of four
responses; three of which are in the linear range of TEOAE
response, and the fourth which is opposite polarity, and three
times the magnitude, and thus in the nonlinear range of
TEOAE response. The stimulus artifact is assumed to be
linear, whereas the TEOAE response is compressively
nonlinear. By summing the four MRs, the stimulus will
theoretically cancel itself out. However, in a situation where
the MR is saturating the ADC, as in a 12 or 16-bit system,
only part of the MR is entirely obtained. This portion will,
for the most part cancel, but the portion that saturates the
ADC will not be able to cancel (see Fig. 2). 24-bit
acquisition of the MR allows for near-complete cancellation
of the entire artifact. With improved recovery of TEOAEs,
it becomes possible to implement linear operands for further
post-processing or signal analysis.

II. MATERIAL AND METHODS

A. Subjects

Data were acquired from 10 ears of 5 volunteers (3 male
and 2 female) of ages ranging from 22 to 31, all in
accordance with an IRB-approved protocol. All subjects had
click-stimulus thresholds better than 25 dB-HL. For
TEOAE acquisition, the subjects sat or lied down in an
acoustically attenuated environment. An Etymotic Research
ER-10D OAE probe fitted with a rubber tip was inserted into
the meatus to form an acoustic seal with the meatal wall.

B. Equipment and signal processing

Fig. 3 shows the block diagram of the system designed.
The probe interfaced with a digital signal processor (Analog
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Fig. 2. 16-bit vs. 24-bit systems in DNLR acquisition mode. A 16-bit

system, panels (a) and (b), will saturate the ADC and result in

imperfect cancellation of the MR artifact in the 0-5 ms region. A 24-

bit system, panels (c) and (d), can fully capture the MR and so artifact

cancellation is much improved.
Devices ADSP-21364 Sharc EZ-Kit Lite) with an on-board
ADC/DAC (AD1835: 24-bit, 48kHz). The output of the
DAC was calibrated to the sound source specifications of the
ER-10D probe, in which a 1 Vyys signal is equivalent to 86
dB-SPL. Since the AD1835 DAC has a maximum peak
output voltage of 1 V, then the maximum stimulus intensity
level is 83 dB-SPL, or about 283 mPa. The ADC voltage
levels were calibrated to pressure by taking into account the
voltage range of the ADC, V,,, and the sensitivity of the
probe microphone, V.  The microphone sensitivity
indicates how the microphone converts acoustic pressure
into voltage and is given as 50 ™ /p,. The digital-to-pressure
scaling equation is given in Eqn. 2.
Vpp 5.0V

Rmpa = P T— Raigitar = 7224.0.05% *Raigital )

So the equivalent pressure value in mPa, R,,,, becomes a
function of the input in fixed-point integer, Rizii; Whereby,
Rupa = 5.9605%10° %R jigisar

Noise floor recordings were taken by measuring the RMS
value of a zero input to the ADC, and using Eqn. 2 to
convert to pressure. The noise floor of the probe and
amplifier is nominally -15 dB SPL, and the noise floor of the
Sharc EZ-Kit was measured to be -14 dB SPL, for a
combined system noise floor of about -8.5 dB SPL, or about
7.5 pPa. This noise floor will be reduced even further
through the process of synchronous averaging.

During subject testing, the investigator makes parametric
adjustments to the stimulus type (such as pulse width, rate,
number of epochs, etc.) in a MATLAB GUI. The GUI
communicates to the Sharc EZ-Kit through via UART. A C-
header file is updated with the stimulus information, and is
loaded via serial port into the Sharc EZ-Kit real-time (see
Fig. 3). The on-board program memory triggers the stimulus
on the DAC and acquires the amplified recording on the
ADC which passes through a hardware DC-blocking filter,
built-in to the AD1835. The signal is synchronously
averaged in a data memory buffer, which is passed back to
MATLAB for post-processing.

Upon acquiring the averaged and scaled responses, the
signals were digitally filtered forwards and backwards to
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prevent phase distortion. A 4-pole Butterworth filter with
cutoff frequencies of 0.3 and 8 kHz was used.

C. Stimuli

The acoustic clicks were generated by S5-sample wide
(104.2 ps) rectangular pulses. DNLR responses were
recorded at 82 dB-SPL (252 mPa), 76 dB-SPL (126 mPa),
and 70 dB-SPL (63 mPa). A mixed amplitude train of 4
clicks was presented to each subject. Since the intensities of
each 4-click sequence vary, then it is imperative to reconcile
the nominal intensity of the stimuli with the effective
averaged intensity. The described intensity level used
throughout the manuscript corresponds to the base-to-peak
equivalent sound pressure level, or dB pe-SPL as defined in
[16]. In order to calibrate the effective intensity of the 4
click average, the 3 rarefaction clicks are a factor of -3.5 dB
lower than the nominal intensity, and the condensation click
is a factor of 6 dB greater than the nominal intensity. The
resultant nonlinear-mode average is equal in intensity to a
linear-mode average of 2 clicks.

4096 sweeps of DNL sequences, equivalent to 2048 linear
sweeps, were synchronously averaged using mean
averaging. The averaging window was 25 ms, or 1200
samples at a 48 kHz sampling rate. The stimuli were
presented to the subjects at a rate of 39.1 Hz in order to
reduce the impact of electromagnetic interference through
the process of averaging. Artifact rejection of 5 mPa (48 dB
SPL) was used during the time window of 5 to 25 ms post-
stimulus onset.

D. Analysis of artifact size

The process of DNLR artifact reduction is not possible
without the utility of a high bit-depth TEOAE acquisition
system. The saturating part of the MR in a medium bit-
depth system can never be removed through subtraction or
any other linear process. Suffice to say that the MR of a 24-
bit system will necessarily be smaller than in a 16-bit system
since the entire MR is susceptible to linear subtraction (see
Figs. 2 and 4 for a visual representation).

In this study, the artifact size of a 24-bit DNLR
acquisition was compared to that of a standard 16-bit.
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Fig. 3. High resolution OAE system block diagram. The investigator
chooses the stimulus properties from a GUIL and this information is
sent to the AD Sharc EZ-Kit via UART. The main program acquires
from the ADC, using the DAC as a trigger. After a DC-Blocking
filter, the response is synchronously averaged in a data memory
buffer. After recording, the signal is passed back to MATLAB for
post-processing, which includes scaling, DNLR averaging, zero
phase-distortion BPF, and windowing.
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Fig. 4. DNLR response from a subject (04). A representation of a
filtered, but unwindowed TEOAE. The solid line shows a 24-bit
DNLR recovery, and the dashed line shows a 16-bit DNLR recovery.
The 24-bit system has a greatly reduced artifact since the MR does
not saturate the ADC.
Therefore, in order to study the effects of artifact reduction,
an estimate of the artifact size must be obtained. This is
determined by a peak-to-peak measurement, or the range, of
the artifact. The range of the artifact-reduced MR can be
compared to the range of the MR acquired using a standard
DNLR technique to obtain a percent reduction in range,
given by Eqn. 3.

range[MR,—pit]—range[MR,,—pi¢

1. 100% (3)

%R ion =
YoReductio rangelMRso—pr]

E. Analysis of artifact duration

An objective method for analyzing the duration of the MRs
was selected in order to compare 16-bit to 24-bit DNLR
acquisition. The MPEG-7 standards delineate a specific
temporal descriptor, which is intended to identify the
effective duration of a transient [17]. This measure first
derives the temporal envelope estimation by the process of
moving a selectable window across the calculated energy of
the signal, which is given by Eqn. 4.

eln] = (% Zh o MRIT @

The temporal envelope estimation is based on the short-
time average energy, where the 1 ms window, N, acts as a
low-pass filter of the energy, and n is the digitized time
index. The effective duration, e, is the amount of time that
the envelope is above a given threshold. A threshold of 1
mPa was chosen, so as not to exclude any TEOAEs, and to
choose a level low enough such that the MR will not
obstruct the TEOAE response significantly.

III. CONCLUSIONS

The results of this study show that a high bit-depth
acquisition system can significantly improve the
characteristics of the TEOAE. As shown in the results, the
size of the meatal artifact acquired by the DNLR method is
drastically reduced compared to medium or low bit-depth
systems. The reduction of the stimulus artifact should, and
does, lead to a reduction in the MR duration. This reduction
helps reveal the early latency TEOAEs, which are expected
to be high frequency (>4 kHz). It is thought that even a
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subtle improvement in MR duration can greatly improve the
recovery of early latency TEOAEs. Exponential models, eg.
those derived in [18] and [19], indicate that the frequency
content of the early latency TEOAEs will increase greatly
even with an analysis window that only marginally
approaches the stimulus onset.

At stimulus intensities of 70, 76, and 82 dB SPL, the mean
MR effective duration for the DNLR technique is below that
of the tested DNLR technique, with improvements of 0.22
ms, 0.38 ms, and 0.53 ms respectively (see Figs. 5 and 6b).
These values represent statistically significant improvements
for intensity values of 76 and 82 dB-SPL.

The percent reduction of the artifact amplitude is shown in
Fig. 6a. At relatively low stimulus levels (63 mPa), the
reduction in stimulus artifact is modest (<23%). However,
as the stimulus intensity increases, so does the reduction in
the artifact, such that at 82 dB SPL (252 mPa) there is a 93%
reduction in stimulus artifact size. The improvement in
artifact amplitude range reduction is significant at all three
stimulus intensities, with a T-test value of p<0.01

In conventional systems, the high-frequency (early
latency) portion of the TEAOEs has been generally
discarded due to the obstruction of the meatal artifact. There
are several hearing disorders in which the recording of the
high-frequency information provides diagnostic and
therapeutic value. It is noted that after the treatment of
patients with the drug Cisplatin, ototoxic effects are readily
observable [20]. Ototoxic monitoring methods have been
devised to allow for a moderated dosage in order to prevent
sensorineural hearing loss. One clinical application for the
recovery of higher TEOAE frequency content could be the
monitoring of the ototoxic effects of Cisplatin. Further such
studies may elucidate the effects of this drug on very high
frequency cochlear functioning. The effectiveness of these
methods currently has been hampered by the lack of
information regarding high frequencies. The high resolution
system described in this study provides those capabilities.

70dB SPL 76 dB SPL

82dB SPL

16-bit DNLR

24-bit DNLR

Fig. 5. Average MR effective duration. For 16-bit ADCs, the
amplitude of the temporal envelope increases with stimulus intensity,
causing an increase in effective duration at a 1 mPa threshold.
However, with 24bit ADCs, the temporal envelope stays relatively
constant, with a consistently lower average effective duration. Solid
lines: mean, dashed lines: mean + std dev, and dotted lines: threshold.
The arrow indicates the offset boundary of the average artifact.
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Fig. 6. (a) Percent reduction in MR using 24-bit mode. As the
stimulus intensity increases, the improvement of the 24-bit mode
increases as well, given as a percentage of the artifact amplitude. (b)
MR duration for 16-bit and 24-bit acquisition modes. The 24-bit
mode has a shorter MR duration than the typical 16-bit mode at all
three tested stimulus levels. (Statistical significance: * indicates
p<0.05 and ** indicates p<0.01).
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