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Preface

The report contains all relevant information related to the Master Thesis carried out by Group
1062 at the Acoustics Section of the Department of Electronic Systems at Aalborg University,
from February to June 2007. It is addressed to anyone interested in auditory filtering and low fre-
quency sound perception.

The report is structured in two parts. The first is the main report and it contains an introduction to
the topic, an explanation of the method, a description of the listening experiments, a presentation
of the results and the final conclusions. All information considered not essential for the report, but
related to the project work has been put apart into an Appendix. In the Appendix, related theory
and further practical details about the project development can be found. A CD is also attached
where the the programs used during the project work are presented.

The reader can also find a Bibliography with the list of all the monographes, papers and any kind
of sources that have been used to support this work. Along the report they are referenced with a
number between brackets, e.g. [4]. The number in the reference corresponds with the number that
can be found in the list. Figures, tables and equations are numbered according to the chapters, e.g.
figure 3 in chapter 2 is written as: Figure 2.3.

The authors would like to thank all the subjects that voluntarily have participated in the experi-
ments as well as Christian S. Pedersen for his valuable help.

David Robledano Carlos Jurado

Group ACO-1062, Aalborg, June 7th 2007.
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Abstract

Exposure and effects of low frequency noises demand
a better understanding of auditory filtering at low fre-
quencies. Given that below 100 Hz, auditory filters have
not been systematically studied, an effort was done in
this project to better describe auditory filters in this less
inspected frequency region.

Therefore, filter shapes and ERBs of the auditory fil-
ters in the range 31.5-125 Hz have been analyzed and
explored by means of listening experiments. The cen-
ter frequencies 31.5, 50, 80 and 125 Hz were tested.
Experiments where performed under binaural exposure
conditions in a room conditioned for controlled low
frequency sound reproduction.

To obtain the auditory filter properties, the notched
noise method was applied. The measurements consisted
on obtaining a number of thresholds for tones at the
selected center frequencies in the presence of a notched
noise masker around the tone. With these data, the
auditory filters were derived by fitting them to the rounded
exponential model.

To account for outer and middle ear attenuation, in-
dividual equal loudness contours were measured and the
notched noise stimuli were accordingly compensated.

Results indicate that the filter shape, under a noise
level of 54 dB, is generally symmetrical in this frequency
region. It was found that the ERB continues to decrease
below 100 Hz, reaching an average bandwidth of 17 Hz at
31.5 Hz. Besides, the dynamic range of the auditory filter
was found to be more limited at 31.5 Hz.
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Chapter 1

Introduction

This Master Thesis deals with a very specific field of psychoacoustics: the auditory filters at low
frequencies. In this introductory chapter, the reasons for researching in such field and the principal
objectives of the project are given. The main concepts involved in the phenomenon of the auditory
filters and the theories and models that support these concepts are also reviewed. Finally, the
specificities and difficulties that are added when working at very low frequencies are exposed.

1.1 Initial problem

The human being has always been exposed to noise, nevertheless the recent arise of new noise
sources and presence of higher sound pressure levels have caused an increasing concern about the
negative effects of this exposure. Environmental acousticians frequently agree in establishing a
first classification of noise regarding the nature of the source that originates it. Then noises might
be classified as:

1. Natural noises: This group comprises every sound that might appear naturally in our envi-
ronment, such as those provoked by flow of water or the wind through tree leaves.

2. Human noises: All sounds derived from the normal development of human being life, e.g.
steps on a corridor or conversational background noise are included here .

3. Machinery noises: Those sounds that come from the functioning of any kind of machines.

Noises of the third group have demonstrated to be the most annoying. Therefore, their study has
become essential and the perception they provoke on humans has to be carefully determined to
evaluate the annoyance they might cause.

The fundamental presence of low frequencies can be found by analyzing machinery noise spectral
composition. This has led researchers to deeper investigate human perception of low frequencies.
The increasing interest in low frequency perception may be observed in many examples. The ap-
proaches differ, as some of them are oriented to the study of the origins of annoyance, and some
of them look more into annoyance itself. Nevertheless, probably the most investigated topic in low
and infrasound frequencies is the threshold of hearing and equal loudness contours (see appendix
B). In [11], a summary of the most relevant works regarding this topic is provided. These investi-
gations, however, might not be enough to characterize noise perception in most cases, as thresholds
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CHAPTER 1. INTRODUCTION

and contours are obtained for single tones. Real noises will likely comprise broadband noises with
more than one frequency component. Later investigations, such as [2], are focusing more in the
psychological effects of such noises.

Figure 1.1: Two tones at different but close low frequencies, both below the hearing threshold of a
subject are presented independently. They are, by definition of hearing threshold, inaudible.

A particularly illustrative example of the limitations when describing hearing perception by means
of the standard equal loudness contours was found in [30]. An illustrative example is the situation
reflected in figures 1.1 and 1.21. The case on the left side of figure 1.1 shows an inaudible single
low frequency tone. On the right we can see the same case, but for a tone of slightly higher
frequency. When isolated, both sounds are not audible for the human ear, as they are below the
threshold of hearing for tones. On the other hand, if they are presented simultaneously (see fig
1.2), the result might be audible. This can be explained by means of the auditory filter concept:
regarding loudness, auditory filters integrate the components of the sound that fall within one
critical band. Therefore, individual inaudible sounds might give rise to a complex audible.

The same effect might be demonstrated for other frequency ranges as well. Nonetheless, as men-
tioned before, perception of low frequency sounds is becoming more an more interesting, as they
are the range for a big part of annoying noises. Therefore, it seems not only convenient but nec-
essary to identify the auditory filters also at very low frequencies. This can be used i.e. to predict
threshold or annoyance of such noises given their spectrum. Such identification has not been
achieved yet as far as the authors of this thesis know, both in terms of the bandwidth and shape of
the auditory filter for frequencies below 100 Hz.

1Figures adapted from http://hyperphysics.phy-astr.gsu.edu
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1.2. SCOPE OF THE PROJECT

Figure 1.2: The previous two inaudible tones are now presented simultaneously resulting in an
audible complex sound due to integration performed in the hearing system and explained by the
action of the so called auditory filters.

1.2 Scope of the project

The aim of this Master Thesis is to provide a better knowledge about auditory filters in low fre-
quencies. As far as the authors know, no precise results describing the auditory filter performance
have been shown yet in the range below 100 Hz. Therefore, it is not known in which manner sound
is being integrated in our hearing system and we cannot predict precisely the perception of com-
plex sounds at these frequencies. As long as the assumptions made during this work are correct,
the results achieved could allow a better understanding of the performance of the hearing system
in low frequencies. This would be useful, for example, in order to avoid annoyance due to low
frequency noises. Sound sources could be treated in advance, because it would be known what
their effects would be. Besides, models to predict threshold or loudness could be improved with a
better understanding of the main properties of auditory filtering in this region.

In principle, the auditory filters are assumed to act in low frequencies in the same way they do
in higher frequencies, with some particularities. Thus, interest is focused on the same properties
that have been obtained for other frequency ranges: bandwidth and filter shape. Variation of these
parameters with frequency is also a main consideration, as it has been suggested that the tendency
of a steady decrease in bandwidth with decreasing frequency is not fully valid anymore in low
frequencies (see figure1.5 and references given in it). For this reason, different center frequencies
in this frequency region will be considered. This will allow to establish comparisons, both in shape
and bandwidth, between the corresponding auditory filters.

The main focus is in the frequency domain, i.e obtaining the ERB and filter shape. Other rep-
resentations, such as functional time domain representations are, however, out of the scope of the
project. Some other related research matters, such as evolution of the auditory filters with age, or
differences between normal and impaired listeners, are also beyond the scope of this project.

9



CHAPTER 1. INTRODUCTION

1.3 The critical band and the auditory filters

Although the critical band concept has been reviewed along the last 60 years, it has always referred
to the same phenomena beyond the concept. This is the fact that our hearing system analyzes in-
coming sound splitting the audible frequency range into a number of limited bands. The manner
in which this analysis is performed is a complex process that suggests the existence of what can
be considered ’frequency filters’ in our auditory system. This has given rise to a parallel newer
concept to that of the critical band: the ’auditory filters’. Nowadays this concept is preferred, and
the authors of this project agree on using the term ’auditory filter’ instead of critical band. The
critical band term can be considered as a rough approximation of the auditory filter. However, it
fails to describe in more detail how the filtering is done. It is considered then, that the auditory
filter will provide a more detailed description of the filtering carried out by the auditory system.

Therefore, a short review on the origins of the auditory filter concept is given. A chronological
review of the concept seems appropriate. Therefore, as starting point the critical band concept
is further described. Following this, main assumptions of the masking model that was used for
determining the critical bands are given. Then, the auditory filter concept is described in more
detail.

1.3.1 The critical bands

In 1940 H. Fletcher explained an experiment that gave rise to the critical band concept. This ex-
periment consisted on measuring the detection thresholds of a sinusoidal signal as a function of
the bandwidth of a bandpass noise. The band of noise was characterized by a constant power den-
sity and its center frequency was at the frequency of the signal. He found that the threshold of
the signal increased with increasing masker bandwidth, up to a width where the threshold stabi-
lized. He named this bandwidth the critical band. Using this concept he also explained two related
phenomena:

• Wegel and Lane had shown in 1924 that a sinusoidal signal is most easily masked by other
sinusoid when they are the closest to the signal.

• Fletcher’s own work showed that when the masker is a noise, it is the components near the
the signal that dominate the masking process.

As a result Fletcher proposed a listening model in which the listener processes the sound through
a bandpass filter centered at the frequency of the signal. The more powerful the masking noise or
components in the noise are, and the closest they are to the signal, the more they influence (mask)
the perception of the signal. He suggested that, for predicting masking, the filter shape could be
simplified by a rectangle and he named the ’critical band’ the width of this rectangle filter. Even
though this shape was not realistic, derived results from this model presented good approximations
that brought attention to Fletcher’s model and to the critical band concept.

Fletcher suggested that the whole auditory system performs a frequency analysis by means of
many of those (simplified) auditory filters and he assumed that the basilar membrane was respon-
sible for this frequency analysis. He also suggested that the overall performance of the auditory
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1.3. THE CRITICAL BAND AND THE AUDITORY FILTERS

system could be seen as a frequency analyzer with overlapping filters. These filters would be cen-
tered at the same frequencies of the main components of the incoming sound, and the mentioned
critical band would be their bandwidth.

Even though Fletcher proposed simplified rectangular filters, such a model was able to explain
many other psychoacoustic effects and the critical band concept brought up great interest. Fletcher
himself continued with his research on the topic and Zwicker went further in his investigation. He
enumerated a number of phenomena reflecting the existence of a such filtering and provided meth-
ods for measuring its bandwidth. Zwicker also measured the critical bandwidth along almost the
whole audible frequency range. His results showed a steady increase in the critical bandwidth with
increasing frequency, except for the region below 500 Hz. In this region he observed an almost
constant bandwidth of 100 Hz.

The concept of critical band exists also terms of loudness. The critical band for loudness has
been already particularly distinguished by a number of researchers [13]. When a narrow noise
band is progressively broadened in such a way that the overall energy remains the same, it has
been found that the perceived loudness does not vary up to a certain bandwidth. This bandwidth
has been named ’critical bandwidth for loudness’ and differs from bandwidths found based on
other criteria.

Another use of the critical band concept is regarding frequency discrimination. Suppose we are
hearing a signal composed of to two tones of the same frequency. Our hearing system will tend to
fuse the two tones and they will be perceived as a single one. However, as the tones are separated
in frequency in a gradual manner, different sensations will be experienced by listeners. When the
tones are sufficiently close, listeners will still perceive the signal as composed by a single tone.
Increasing the separation will produce the sensation of beats. When the tones are more separated,
listeners will still perceive one sound described as rough. This sensation remains until the separa-
tion reaches a point where two different tones are clearly heard. The minimal interval for which a
listener is able to perceive two different tones has also been described as a critical band.

However, when Fletcher used his critical band concept for the first time, he was presenting a fre-
quency analysis model of the ear which he deduced from specific already known phenomena. The
phenomena were intrinsically related to the masking concept (detailed in Appendix B). The fol-
lowing section describes the fundamental assumptions that have allowed to determine the critical
band and describe the auditory filtering in our hearing system.

1.3.2 The power spectrum model

The masking effect was somehow the origin of the critical band concept. Therefore, masking was a
fundamental part in the first model used to calculate the critical band. The model relating masking
to critical band is called power spectrum model of masking. It assumes that when trying to detect
a signal in a noisy background, the listener uses a filter with center frequency positioned close to
that of the signal. The filter attenuates a great amount of the noise and passes the signal. Only the
noise components that pass through the filter will be the ones that have an effect on masking the
signal.

The threshold of the signal is assumed to be dependent on the amount of noise passing through the
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CHAPTER 1. INTRODUCTION

auditory filter. Furthermore, threshold is assumed to correspond to a specific signal to masker ratio
at the output of the filter. Fletcher considered a masker noise its spectrum being approximately flat
in the region of the signal. If the spectral density of the noise is N0, then the total power passing
through a critical band of width CB Hz, is N0 ·CB. All these assumptions are known as the power
spectrum model of masking, since the stimuli are represented by their long term power spectra
and relative phases of the components and short term fluctuations of the masker are ignored. This
model assumes that the noise power is directly proportional to the signal power at threshold Ps
and the proportionality constant is named K, so the power spectrum model of masking may be
expressed by:

Ps = K ·N0 ·CB (1.1)

or else,

Ps = K
Z ∞

−∞
N( f )W ( f )d f (1.2)

where K is the proportionality constant, f is the frequency, N(f) represents the long term spec-
trum of the masker, and W ( f ) is the auditory filter weighting function, [21].

The value of the constant K specifies the efficiency of the detection process, revealing frequency
independent effects such as practice or inattention [21]. It equals the signal to masker ratio of the
filter required to achieve threshold, a smaller K indicating more efficient processing.

Initially, the shape of the filter was not considered in this model. However, the simplified model
has been the basis for some experiments that have achieved satisfactory results. For example, the
tendency of increasing bandwidth with frequency in the critical band has been shown with this
model. This was done even though the model could not reflect anything regarding the filter shape
or changes in filter shape with frequency. Later works have reflected the same tendency when
considering the shape of the auditory filters [3].

However, rectangular filters seemed unrealistic and, moreover, did not explain phenomena such as
asymmetrical masking patterns. Because of this, most of the effort of recent research related to
auditory filtering has been centered in finding methods for determining the shape of the auditory
filters.

1.3.3 Auditory filters: bandwidth and shape

A simplification of the effective bandwidth of the auditory filter does not seem to be a very accu-
rate approximation and fails to explain phenomena such as asymmetrical masking patterns. After
Fletcher and Zwicker, new researchers investigated parallel phenomena and suggested a new con-
cept: the auditory filter. Both, the critical band and the auditory filter concepts, are closely related.
However, the second comprises more aspects than the bandwidth. Important researchers, such
as B. Moore and R. Patterson, along with other important collaborators, developed measurement
methods for determining the properties of the auditory filters. The filters were no longer consid-
ered rectangular, as in Fletcher’s model, but with a determined shape.

12



1.3. THE CRITICAL BAND AND THE AUDITORY FILTERS

The main limitation of the critical band model was that it assumed unlimited attenuation out-
side the passband and flat response within the passband. Figure 1.3 depicts a schema of the critical
band and auditory filter models. Four auditory filters are shown, one next to the other, assuming
two different shapes:

1. At first the rectangular filters proposed by Fletcher are shown (dashed lines), which manifest
abrupt cutoff frequencies. Considering signals in the neighborhood of the cutoff frequencies
for this model, no interaction could be possible between signals that fall in different filters.

2. Secondly, auditory filters with a more realistic shape are shown (solid lines). It has been
found that the auditory filters tend to have relatively sharp filter skirts, but a flatter response
just around the center frequency [3] [12].

Po
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Frequency 

Fletcher’s model of the critical band          Approximation of the real auditory filter

Figure 1.3: Two models of auditory filter: Rectangular critical bands (dashed lines) and a more
realistic representation (solid lines). The grid area shows the region where both models completely
disagree.

The non-rectangular shape has been shown to be more realistic after a number of experiments. One
of them, [27], consisted of determining the masking produced by a low passed noise with cutoff
frequency roughly below the supposed low frequency limit of the auditory filter. The auditory filter
was at the same time excited by a higher frequency tone. The masked threshold of the tone was
found to be above its threshold in silence. This shows that the shape of the filter is important and
is far from what Fletcher suggested. A substantial difference in the two approaches may easily be
observed from the grid part of figure 1.3.

Different experiments performed by different researchers have given very similar results regarding
the shape and bandwidth of the auditory filter, as well as regarding its variation with level and
frequency. While this is true for middle and high frequencies, in lower frequency range, however,
higher discrepancies are observed, specially concerning the shape of the filter [27].
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The disagreement observed in the low frequency region is not the main surprise when observ-
ing all these works. The most interesting fact -and the one that has given rise to this project- is that
no results are known to exist for really low frequencies, i. e. below 100 Hz.

1.3.4 Equivalent rectangular bandwidth

Despite the findings suggesting the auditory filter shape is far from the rectangular simplification
suggested by Fletcher, the importance of this model has led researchers to specify correspondences
between the new values of auditory filter bandwidth and the rectangle model values. Thus, for a
given auditory filter shape, its equivalence into a rectangular band is referred as the equivalent
rectangular bandwidth, commonly expressed as ERB. The ERB is equal to the bandwidth of a per-
fect rectangular filter which has a transmission in its passband equal to the maximum transmission
of a specific filter, transmitting the same power of white noise as the specific filter [12]. A more
realistic auditory filter and its respective ERB are represented in figure 1.4.
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Equivalent Rectangular Bandwidth (ERB)            Approximation of the real auditory filter

Figure 1.4: The equivalent rectangular band compared to a more realistic approximation of an
auditory filter.

Mean ERB values obtained using moderate sound levels after tests on young people with normal
hearing are frequently denoted as ERBN . In [3] an approximated formula that relates the ERBN’s
with frequency is presented:

ERB = 24.7(4.37F +1), (1.3)

where F is expressed in KHz.

This equation shows a pseudo-logarithmic increase of the critical bandwidth with frequency. This
is consistent with other perceptual phenomena already demonstrated, such as the logarithmic law
of frequency interval perception [6].
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1.4. PHYSIOLOGICAL ORIGIN TO THE AUDITORY FILTERS

1.3.5 Off-frequency listening

Until now it has not been explained clearly how sounds are analyzed through the so called audi-
tory filters. Auditory filters cannot be considered as an analogy to passive electronic filters. In
fact, these filters are active and their performance depends on some other factors. They have been
found to be level dependent [24] and they also may adapt to the frequency of the signal [20]. This
last feature means that the filters tend to be centered at the main spectral components of the sound.
If spectral components of the signal cover broader bandwidths than the critical bandwidth for a
certain auditory filter, the response of more than one filter might prevail. However, each filter will
probably still be centered close to the main components of the signal.

Nevertheless, it has been suggested [18] that the filter might not always be exactly centered at the
main component of the signal. When there is a predominant partial in a complex sound above a
background irregular noise, the filter is probably placed in such a way that the signal to noise ratio
is best for the partial at the output of the filter. The process when a listener shifts an auditory filter
to improve the S/N at the output of the filter, is referred to as off-frequency listening.

Off frequency listening is an important factor to take into account when finding the shape of the
auditory filters. This concept, and how experiments can be designed to prevent its effect to interact
with the measurements, will be further explained in following sections.

1.4 Physiological origin to the auditory filters

The origin of the auditory filters is not fully clear yet. Probably there is more than one organ and
more than one process involved. These are the reasons why detailed description of their perfor-
mance is not simple, as many factors may influence it. However, auditory filtering is closely related
to some specific parts of the auditory system. Specially those parts that participate actively in the
determination of frequency and loudness of the incoming sounds. Which are these organs and in
which way they are related to the auditory filters is briefly explained here.

Appendix A provides a rather complete description of the hearing system. Regarding frequency
analysis, the inner ear and particularly the cochlea play an essential role. A deeper look into
the cochlea’s performance and into the basilar membrane response may help to understand this
frequency analysis. It is necessary to remind at this point that two theories are the most accepted
nowadays regarding frequency analysis of incoming sound: the place theory and the temporal
theory.

1.4.1 The place theory

The place theory proposes that frequency analysis and sound coding is made according to the area
of the basilar membrane which has been excited by the incoming sound. This means that for a
determined frequency, the basilar membrane, due to its mechanical properties (see appendix A),
will respond with a specific pattern of vibration. This pattern will have a maximum in a single
area. Bekesi in 1960 was the first among a number of researchers that confirmed the fact that the
point of maximum displacement along the basilar membrane changes as the input frequency is
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varied. It has also been shown that the linear distance from the point of maximum displacement
to the apex is approximately proportional to the logarithm of the input frequency. The specific
movement originated by certain frequencies will make the hair cells in the organ of corti attached
to a corresponding area of the basilar membrane to bend. This will generate neural firings that will
run through the nerves that form the auditory nerve to superior neural centers.

Features of our hearing system, such as frequency resolution or masking, have been explained by
means of the place theory. Then, masking would occur when a masker generates a pattern in the
basilar membrane that is close in frequency to that of the signal and sufficiently stronger in inten-
sity. As a consequence, the maximum displacement point of the masked sound will strongly be
affected by the pattern of the masker (even if it is not by its maximum). The frequency resolution
will depend on the minimum frequency difference for which there will be two distinct maximums
in the basilar membrane.

In terms of the auditory filters, the place theory has turned out to be of mayor importance. In fact,
researchers [13] have discovered a correspondence between the ERB and a constant distance along
the basilar membrane. In humans 0.9 mm correspond roughly to one ERBN .

1.4.2 The temporal theory

Some experiments that could not be explained by the place theory have given rise to a second the-
ory regarding frequency coding in our hearing system. This theory, the temporal theory, indicates
that frequency information is coded by phase locking to basilar vibration. This is carried out by
specialized neurons that are able to combine their performance. This allows the hearing system
to code higher frequencies than the corresponding to the minimum relaxation period of a single
neuron.

It highly probable that both systems are combined. This may take place in specific frequency
ranges and will lead to a better frequency resolution below around 4000 Hz, where there is not
temporal coding anymore.

Normally, the critical band concept has been explained based on the older place theory. However,
the temporal coding has also been briefly presented, as the main concern of this project is dealing
with frequency resolution as well. Given that this kind of coding is also contributing to it, it might
also influence to some extent the auditory filters.

1.4.3 Auditory filters, loudness and basilar membrane performance

Frequency and loudness are deeply influenced one by each other. Thus, the place theory might be
applied to explain the phenomenon of the critical band for loudness. The ear seems to lump all
the energy within an auditory filter together and treat it as one item of sound. Therefore, when all
sound energy is concentrated within an auditory filter, loudness is proportional to the total intensity
of the sound within that auditory filter. When the frequency components of the sound extend be-
yond an auditory filter, an additional effect occurs. In this case, more than one band is contributing
to the perception of loudness and the brain appears to add the individual critical band responses to-
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gether. The effect is to increase the perceived loudness of the sound even though the total acoustic
intensity has not changed [13].

A psychophysical explanation is that, in the cochlea, the critical bands are determined by the place
at which the peak of the standing wave occurs. Therefore, all energy within a critical band will
be integrated as one overall effect at that point on the basilar membrane and will be transformed
into nerve impulses as a unit. On the other hand, energy which extends beyond one critical band
will cause other nerves to fire and it is these extra nerve firings which give rise to an increase in
loudness [13].

1.5 The auditory filters at low frequencies

Up to this point, the concept of auditory filters and some of the most important related phenomena
have been described. Now, a deeper look will be taken into the particularities of auditory filtering
and its measurement, when dealing with low frequencies.

The determination of the effective bandwidth of the auditory filters has already been subject of
many studies. However, results go only down to around 100 Hz. Besides, the lower the results
go, the more they disagree between the different researches. Fletcher proposed originally a an
exponentially increasing critical bandwidth from 500 Hz upwards. Below 500 Hz, he proposed a
stable bandwidth of 100 Hz. Later results, however, suggest that the exponential evolution of the
critical band goes much lower, although in low frequencies it seems to be shallower [12]. In figure
1.5, these results are presented. In the figure, it can be seen that no data exists at frequencies below
100 Hz, even though the great importance of this frequency region.

Figure 1.5: Results of critical bandwidth as a function of frequency after different researches,[13]

The problems in the determination of the auditory filters at such low frequencies come from differ-
ent reasons. Some of them will be presented in detail in following sections, when presenting the
possible methods for psychoacoustic measurements to be carried out. Only a rough explanation is

17



CHAPTER 1. INTRODUCTION

given at this point.

The concept of the auditory filters is theoretically the same for all frequencies. Therefore, assum-
ming that the principles observed in higher frequencies might be applied in low frequencies as
well -which might not be true-, the limitations in low frequencies are practical. For example, the
limitations could appear when trying to run the experiments, not being a direct consequence of a
wrong theoretical approach. A division into two groups of low frequency constraints can be made:

1. Perceptual problems due to the extreme characteristics of the signals required for the listen-
ing tests.

2. Limitations due to difficulty in the practical presentation of such signals to the subject.

In the first group we find the constraints caused by the human hearing system limitations, in terms
of both frequency and loudness. Regarding frequency, if the same measurement conditions applied
in the tests that led to the results of figure 1.5 were directly applied below 100 Hz, in some cases
even negative frequencies would be required. This is of course impossible and therefore, adjust-
ments have to be introduced in the methods and some of their parameters revised in order to be
able to provide results at very low frequencies.

As to loudness, the problems come because of the threshold of hearing at low frequencies. Two of
the main problems regarding this issue are:

1. The threshold of hearing is relatively high and presents a steep increase towards the lower
frequencies. This demands the presentation of high signal levels to the subject, which can be
annoying or even impossible because of dynamic range limitations in the sound reproduction
equipment.

2. As the equal loudness contours present a steep slope, the test signals should be compensated
according to this contours, being enough above threshold of hearing. This would require,
firstly to determine the threshold of hearing at very low frequencies. In fact, for some of
the methods, the threshold for infra-sounds would be needed. Secondly, the total level of
the signals presented has to be very high, at the risk of approaching annoying levels for the
subject.

In the other group of tests constraints, limitations in presenting the required signals to the subject
are found. As mentioned above, relatively high signal levels at very low frequencies are required.
The generation of the signals should not be a problem, but the reproduction of those signals may
present some difficulties. In principle, there are two options: either presenting the signals in a quiet
sound environment with a set of headphones or using loudspeakers.

In both cases, the response of whole chain should be considered and compensated. When using
headphones, compensating for the effects of the room is avoided. On the other hand, compensating
for the headphone response can be even more problematic or time consuming than for loudspeak-
ers. Moreover, the situation using a loudspeaker-room system seems to be more realistic. In this
latest case, a room and a loudspeaker or a set of loudspeakers would be needed to be able to grant
a sufficiently good response at very low frequencies.
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There is another link in the chain that could be taken into account: the outer and middle ear effects.
It is necessary to make another consideration first. It is needed to define what is precisely being
measured when evaluating the auditory filters. Auditory filtering can in principle be considered
either as a consequence of the response of whole hearing system, or because of the response of the
cochlea, the organ that is likely causing such behavior of the system. From an audiological point of
view, it seems more interesting to try to isolate the performance of the cochlea. This has been the
approach in some previous studies [15], [3]. From an acoustical point of view, more worried about
effects on the subjects due to external excitations, considering the whole hearing system might be
the best option.

In any case, the emitter-receiver chain could be compensated, either by means of pre-processing
or using post-processing of the signals. Some researchers [15], [3] have preferred the corrections
applied by numerical methods after the tests were done, i. e. post-processing. However, it should
be also taken into account that auditory filters are level dependent. Then, an approach where the
original signals already include the compensation seems to be more appropriate. Thus, the level
that reaches the cochlea is the desired one for the test signal. On the other hand, this might not be
a critical factor if the results obtained show that the auditory filters tend to be less affected by level
at very low frequencies [3], [24]. If this is true below 100 Hz, then probably a negligible difference
would be found if the compensation is made before or after the test is done.

The main constrains when performing measurements for the determination of the auditory filters
at very low frequencies have been roughly explained here. Probably, these problems have been
one of the main reasons why auditory filters at center frequencies lower than 100 Hz have not
been investigated until now, which is our purpose. All methods presented in next section were
considered so as to be able to overcome the problems just presented. One of the methods was
chosen and is the basis of the method followed in this work. The changes and adjustments that
were required to achieve results at very ow frequencies are presented in the report as well. The
main adjustments were applied when setting up for the measurements and when defining some of
the parameters in the experiments. This process will be detailed in Chapter 3 and Chapter 4.
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Chapter 2

Method

The previous chapter has given the reader an idea about the goal of this project. In the following,
the method employed to achieve this goal will be described. As different approaches can be used
to experimentally estimate the characteristics of the auditory filters, a whole section is dedicated to
describe the most commonly accepted methods. A brief discussion explains their advantages and
disadvantages.

Following this, the chosen method is described apart in detail: the notched noise method. This
method was chosen and is the basis of the present work. Basically, the approach consists on find-
ing some parameters that characterize the filters, and based on some filter shape assumptions (the
so-called roex filter model), recovering the filters.

The basic experimental data required in this method are thresholds for tones in the presence of
a notched noise masker in different configurations. Thresholds had to be found through listening
experiments carried out on several subjects. Different considerations had to be made in this mea-
surement. They are presented also in this chapter.

When preparing for the measurements, one of the most important aspects was the design of the
notched noise stimuli. Therefore, a whole section is dedicated to describe this as well.

Finally, parameters that can characterize the auditory filters are calculated with these measured
thresholds. With these parameters, the auditory filters can be derived. The last part of the chapter
details this procedure.

2.1 Methods for determining the critical bandwidth and the
auditory filter shape

The critical bands and auditory filters are one of the topics that have been most studied in psy-
choacoustics. Researchers have used sometimes totally different approaches and many of them
have been considered as possible basis for this study. Some factors have been taken into account
to choose the most adequate method. First, the method should allow to evaluate the filter shape;
second, the method should be suitable for measuring at very low frequencies; third, if possible the
method should be reliable and established or accepted in most of the reviewed literature.
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AUDITORY FILTER SHAPE

All methods considered in this study are described in the following.

2.1.1 Band limiting methods

This is the classic method following an experiment performed by Fletcher [13]. The threshold of
a sinusoidal signal was measured as a function of bandwidth of a bandpass noise masker. The
noise was centered at the signal frequency and the noise power density was kept constant. This
means, the overall noise power increased as bandwidth increased. Figure 2.1 shows an example of
the results taken from [13]. As the noise bandwidth increases the threshold of the signal increases

Figure 2.1: Threshold of a 2000 Hz sinusoidal signal as function of bandwidth of a noise masker
centered at the signal frequency (taken from [13])

until a certain bandwidth were it flattens off. From this point, further increases in bandwidth did
not alter the signal threshold significantly.

From the power spectrum model of masking assumptions, increases in the noise bandwidth will
result in more noise passing trough the auditory filter, as long as the noise bandwidth is less than
the filter bandwidth. When the noise bandwidth exceeds the filter bandwidth, further increases in
the noise bandwidth do not increase the noise passing through the filter.

The bandwidth at which the signal threshold ceased to increase was called critical bandwidth
(Fletcher, 1940). This corresponds to the breakpoint in the threshold curve shown in figure 2.1.

For ease in the analysis of the results, the filter shapes were assumed to be rectangular. For this
kind of filter, all components in the passband are passed equally and all components outside are
removed.

From the power spectrum model, when the noise just masks the tone, the power of the tone, Ps,
divided by the power of the noise inside the critical band will be equal to a constant K. Assuming
a white noise with power density N0, for an hypothetic rectangular auditory filter of bandwidth CB
Hz, the total power falling into a critical band CB will be N0 ×W . Thus, according to equation
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1.2, the critical bandwidth could be estimated indirectly by measuring the threshold of the tone in
a broadband noise as:

CB =
Ps

K ×No
(2.1)

The value of K can be seen as a measure of detection efficiency. Most recent critical band measure-
ments show that it varies with center frequency, being markedly higher (less detection efficiency)
at low center frequencies [24].

Discussion: The results of critical bandwidth estimates using this method are not in complete
agreement with measures using the same method, or with measures using other methods, specifi-
cally in low frequencies. In the mid and high frequencies different experiments have given reason-
able similar estimates of the critical band values as when using this method [13].

However, there are also contradicting results using this method, where no break point in the thresh-
old curve has been found [28]. This suggests the ear is capable of integration over bandwidths
much greater than the critical bandwidth.

If the filter is assumed to be symmetrical, this method could in principle be used to determine
the filter shape [12]. However, once the noise bandwidth is as wide as the filter passband, fur-
ther increases in the noise bandwidth produce negligible increases in the total noise power passing
through the filter. Therefore, the method is considered not sensitive enough to determine the fil-
ter shape in a useful range [12]. Besides, the power spectrum model assumptions may not hold
for the narrowest noise bands where energy fluctuations inherent in narrowband noises can have a
significant effect on the signal’s detectability [19].

2.1.2 Two-tone masking methods and psychophysical tuning curves

Two-tone masking methods are based on the measurement of the threshold of a tone or narrow-
band noise signal in the presence of two masking tones placed each at either side of the signal. As
the separation of the tones is increased the threshold of the signal drops. The tones can be placed
either symmetrically or asymmetrically around the signal. In principle, this method can directly
estimate the filter shape [31].

Psychophysical tuning curves are obtained in a similar fashion but they use only one second
tone and are restricted to low signal levels. The curves aim to represent the output of neurons of
similar center frequencies. The results are shown as the power of the second tone required to mask
the signal as a function of frequency. If the assumption was valid, the curve can be seen as an
inverted auditory filter shape [12]. Figure 2.2 shows an example of the resulting curves.

Discussion Some practical problems arise when using this methods. If the signal is a sinusoid,
when the masking tones are close to the signal they will beat with the signal. This may provide an
additional cue to the subject and the resulting filter will seem to have a notch at its center frequency
[12]. Narrowband noises can be used to avoid the beats.
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Figure 2.2: Psychophysical tuning curves for a 2000 Hz sinusoid in the presence of a sinusoidal
and a narrowband noise masker (circles and squares, respectively), at different levels ((a) 30 dB
SL, (b) 20 dB SL (c) 10 dB SL), [12].

Off frequency listening can affect both of the methods [12]. In the two-tone masking experi-
ments, when the masking tones are narrowly spaced, it is not clear whether the subject is using a
filter centered at the frequency of the signal or not, because all of the filters in the region of the
signal will have similar signal to masker ratios.

Besides, the presence of combination tones produced by interaction of the maskers and the sig-
nal can also introduce irregularities in the threshold functions.

If precautions are taken care off to reduce this problems (i.e choosing narrowband signals and
appropriate maskers for combination tones), the filters obtained with the two-tone masker method
are very similar to the ones obtained with other methods [12].

2.1.3 Rippled-noise method

In this method the filter shapes can be derived by the use of masking experiments with rippled
noise. This noise has a long term spectrum that varies sinusoidally on a linear frequency scale.
It is produced by adding a white noise to a copy of itself that has been delayed T seconds. The
delayed noise can be added in phase or out of phase. The in phase adding produces peaks at 0 Hz
and at every multiple 1/T Hz, while the out of phase adding produces deeps at those locations. The
spectrum of the rippled noise is:

N( f ) = N0(1±M cos2π f T ), (2.2)

where N0 is the original noise spectrum and M is the modulation depth determined by the attenua-
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tion of the delayed noise [12]).

Based on threshold determination of a pulse sinusoid in the presence of this noise masker ac-
cording to delay time, T, and polarity of the rippled noise, the filter shape has been determined [5].
This was done using the general masking model and a trigonometric Fourier series application.

Discussion The filter shapes that have been determined using this procedure are similar to the
ones obtained with other methods. However, there can be practical difficulties in the derivation of
the filter shapes when the ripple densities are high due to threshold differences being comparable
to measurement errors [12].

Furthermore, even in low ripple densities, small measurement errors can give noticeable irregu-
larities in the filter shape. The dynamic range of the measurements is considerably less than in
other methods and it requires more subject time in general [12].

2.1.4 Loudness experiments

As said before, the concept of critical band is not unique and can be applied to loudness percep-
tion. The loudness of a complex sound of fixed energy and bandwidth W has been found to be
independent of W as long as W is less than certain value. After this value the loudness begins to
increase with bandwidth. The value where the breakpoint begins has been called CBL, or critical
band for loudness [31], [13]. The values of CBL have been found to be a little greater than the
ERBN [13].

A possible measurement might consist simply of providing the subjects with a band increasing
noise of constant energy. The CBL would be the bandwidth for which the loudness begins to in-
crease, as it would reveal that more than one filter contains energy.

Discussion The exact value of CBL is hard to determine [13]. Besides, the resulting loudness
of a complex tone will be independent of bandwidth at low sensation levels (10-20 dB SL). Thus,
high sound pressure levels would be required to measure the CBL at low frequencies. However,
this is considered an interesting alternative approach for the determination of a critical bandwidth.

2.1.5 Perceptual frequency selectivity experiments

When two tones of fixed amplitude are presented together different perceptual effects happen when
they are close in frequency. This effects are similar as those evidenced in the two-tone masking
experiments and psychophysical tuning curves. The difference is that here no masking is required
and the tones are fixed in amplitude. Very close in frequency the tones beat together and they are
perceived as a fused tone which sounds "rough". As frequency separation increases the fused tone
gives way to two separate tones which still sound rough. With a further increase in frequency sep-
aration the two tones are perceived no longer as separate rough but a "smooth" separate sensation
starts and persists within the range of the listener’s hearing [6].

The point where the two tones are distinguishable can be seen as a point where two different
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peaks on the basilar membrane emerge from a single maximum. If the separation of the peaks is
sufficient they would be perceived as smooth separate tones [6].

The critical bandwidth, in this terms, can be obtained from the frequency difference between the
tones where the listener’s perception changes from "rough" and separate to "smooth" and sepa-
rate. Therefore, the subjective perception of smoothness can be used as a measure of the critical
bandwidth.

Discussion Not much reference material describing in detail the application of this method has
been found. Because of its nature, it would only provide a measure of the critical bandwidth
and it would not give an estimate of the auditory filter shapes. Most accepted and commonly
found estimates of the critical bandwidth are based on other methods. The subjective sensations
of "roughness" and "smoothness" may be considered weak when compared to a threshold deter-
mination in the presence of a masker. However, this method seems to be of simple application and
its use was not discarded in case alternative measures of the critical band were required or other
methods presented too many difficulties at low frequencies.

2.1.6 Notched noise method

This method allows the determination of the auditory filter shape and was designed to prevent off
frequency listening. Figure 2.3 shows an illustration of the method, as proposed by Patterson,
(1976) [18]. A signal fixed in frequency is located symmetrically at the center of a noise masker
with a bandstop or notch centered at the signal frequency.

Figure 2.3: Notched noise method schematic illustration

The deviation from each of the noise edges to the signal frequency is denoted by ∆ f . The measure-
ment consists of determining the signal threshold for different notch widths, while maintaining the
level of the noise masker constant. Since the signal is symmetrically placed at the center of the
notch, the method cannot reveal any filter asymmetries.

As the width of the notch is increased, less and less noise leaks through the filter skirts and the
threshold is reduced. The variation in threshold with notch width can be seen as a measure of the
area of the noise leaking through the filter skirts.
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Then, assuming that threshold corresponds to a constant signal to masker ratio, the filter func-
tion can be obtained by differentiating the threshold function respect to ∆ f , given that the integral
of a function between certain limits corresponds to the area under that function. This is the basic
idea that has been used to determine the filter shapes using this method.

2.1.6.1 Asymmetric notch noise method

In its original form [18], the notched noise method did not allow the measurement of filter asym-
metries. In order to determine filter asymmetries, the method has been extended so that the signal
is not placed symmetrically at the notch center [20]. In this manner, differences in the slopes of
the upper and lower filter skirts can be determined, (see figure 2.4). In this case, the differences
between the signal frequency and the lower and upper edges of the noise bands are ∆ fL and ∆ fU ,
respectively.

Figure 2.4: Asymmetric notched noise method schematic illustration

Discussion This method allows a measurement of the critical bandwidth (or the ERB) and the
calculation of the auditory filter shapes. It does not present the practical difficulties of two-tone
masking experiments, although the filter shape calculation is not direct. It requires less time and
has a better signal to noise ratio than the rippled noise method [12].

Its variations allow the measurement of filter asymmetries and to account for certain degree of
off frequency listening. There is generally good agreement between different studies estimating
the ERB with this method [14]. Besides, the notched noise method has been used to obtain filter
shapes at low frequencies (down to approx. 100 Hz [3], [24]). Therefore, for all this reasons, it is
the primarily chosen method for the critical bandwidth determination at low frequencies.

In the next section, a more detailed description of this method is given. Proposed modifications
and further description of the used technique are described in the next chapter.
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2.2 Auditory filter calculation and the notched noise method

The basic idea behind the notched noise method is that the threshold as a function of ∆ f represents
how the area of the two-band noise masker leaks under the auditory filter skirts (for example see
figures 2.3 and 2.4).

Thus, taking the derivative of the threshold function respect to ∆ f would allow to determine the
filter shape. The relationship between threshold, noise spectrum and filter shape comes from the
power spectrum model and is given by eq. 1.2. By differentiating both sides of eq. 1.2 respect
to ∆ f and choosing a masker spectrum that simplifies the integral, the weighting function of the
auditory filter can be determined.

For example, if it is assumed that the noise has flat spectrum, N0, and the distances from the
tone frequency to the lower and upper edges of the notch are ∆ fL and ∆ fU , respectively (see figure
2.4), the masking equation 1.2 will take the form [20]:

Ps = KN0

Z f0−∆ fL

−∞
W ( f )d f +KN0

Z ∞

f0+∆ fU
W ( f )d f (2.3)

In this manner, the filter function is left on its own under the integral. In order to solve this
equation and determine the critical bandwidth and filter shape in a way that describes the auditory
filter behavior as close as possible to the expected real situation, different assumptions regarding
the auditory filter properties have to be made. They are presented next.

2.2.1 Auditory filter assumptions

The following points describe the auditory filter assumptions that are often made.

A) Filter symmetry assumptions: Filter shapes obtained with other methods [5], [17], were
found to be approximately symmetrical leading to suggest the use of the symmetric notched noise
method to determine filter shapes [18].

Under these conditions ∆ fL = ∆ fU = ∆ f , and eq. 2.3 will take the form:

Ps = 2KN0

Z f0−∆ f

−∞
W ( f ) (2.4)

The symmetric filter assumption has been found to be valid only at moderate levels and middle
frequencies [18], [3]. At higher levels the lower skirt becomes broader, increasing the filter band-
width generally [9], ending up with a markedly asymmetrical shape [12].

At low frequencies the auditory filter shape has been found to be asymmetrical in general [15],
[3]. Therefore, in this project, the measurement technique will take into account the possible
asymmetry in the auditory filter shapes at low frequencies. To obtain the filter shape, the modeled
filter transfer function will then have to describe the filter skirts individually for each side of the
filter.
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B) Filter position assumptions: Early studies for the determination of the auditory filter shape
assumed the filter was centered at the frequency of the signal (see i.e [17] and [18]). More recent
studies, however, do not support this hypothesis and now it seems clear that the filter shifts to max-
imize the signal to noise ratio at its output. This is called the "max(S/N)" assumption [20],[3]. The
amount of shift is expected to be closely related to the underlaying asymmetry of the filter and the
relative position of the noise maskers.

The shift of the filter position at low frequencies will be studied from the obtained data and con-
sidered for a more proper derivation and modeling of the filter shape.

C) Filter bandwidth assumptions: The variation of the ERB (see section 1.3.4) with frequency
has been estimated in different studies [?], [14],[13]. If it is assumed that the filter is not fixed
in frequency and the shift is not negligible, a change in filter bandwidth can be expected [3].
Therefore, the change in bandwidth with filter shifting has been included in the fitting procedure
described in [3]. However, since no model of the change in bandwidth of the auditory filter at
very low frequencies has been found to exist, the change in bandwidth with filter shift will not be
considered in the fitting process. Nevertheless, it is expected to use the ERB data as a function of
center frequency to estimate the change in bandwidth of the auditory filter at very low frequencies.

In order to use the threshold data to obtain the filter shapes, a filter function has to be assumed
and its parameters have to be fitted to the data. The relationship between the threshold data and the
filter transfer function can be obtained from an expression such as equation 2.3. The mathematical
representation of the auditory filter shape as a function is discussed next.

2.2.2 Auditory filter mathematical representation

To be successful in the goal of reconstructing the auditory filters, an appropriate mathematical rep-
resentation has to be used fulfilling different criteria. The criteria may be empirical, practical or
theoretical. In general, a simple mathematical expression is desired, with a small number of free
parameters.

There has been agreement between different experimenters [20],[3], [24], to model the auditory
filters in a functional form called the rounded exponential filter or roex model. Although there
are other newer representations, such as time domain gammatone or gammachirp filters [7], focus
is put on the frequency domain and such representations are considered out of the scope of the
project.

The main reasons for choosing the roex functional form and properties of this type of filter model
are presented next.

2.2.2.1 The rounded-exponential filter model

From the results of different studies obtaining thresholds as a function of separation of notched
noise bands or two-tone maskers, an approximately linear relation between threshold and masker
separation can be inferred. Figure 2.5 depicts these findings, where the results have been corrected
compensating for different noise levels and maskers used [20].

From figure 2.5 it can be seen that the logarithm of the signal power at threshold (given in dB) is
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Figure 2.5: Threshold as a function of masker separation for different studies using symmetric
notched noise and two-tone maskers, [20]

approximately a linear function of masker separation, indicating a good first approximation of the
filter shape could be a negative exponential function [20].

Besides, the fact that the threshold functions for two-tone maskers and notched noise maskers
look similar, may provide additional support to the negative exponential function. This is because
the two-tone maskers and notched noise maskers will indicate how the filter function and area un-
der the function varies, respectively. Given that the area represents the integral of the function and
exponential functions have the same exponential function as integral (and derivative), this is strong
support towards the exponential shape.

One practical advantage of an exponential function as the auditory filter shape descriptor would be
the easiness in the prediction of threshold. The threshold can be obtained by integrating the filter
function, and an exponential function would greatly simplify the calculations.

Another argument towards an exponential function is theoretical. The power spectrum model of
masking ignores the detection mechanism that follows the filter [20]. If the detection mechanism
operates on stimulus energy, it has been shown that the filter shape would not be the derivative
of the threshold curve, but rather the square root of the threshold curve times the derivative of
the threshold curve [19]. Therefore, given that the threshold and its derivative are approximately
exponential, the power spectrum model of masking approximates the energy detection model in
most cases [20].

Notice that the data deviates consistently at both ends of the curve from the linear relationship
between threshold level and masker separation (see figure 2.5). The deviations suggest the filter
may have a flatter top, instead of just being composed of a pair of exponentials set back-to-back
[20].

A filter with a flatter top would benefit more from off frequency listening, making the auditory
filter a more reasonable filter. When shifting, such a filter would attenuate less the signal and re-
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duce the amount of noise (related to the filter skirts) to a greater extent, due to the higher slope
present at the skirts.

Therefore, an exponential function with a rounded top,a rounded exponential function (roex),
seems appropriate for the description of the auditory filter.

A two parameter function with these characteristics, a roex(p,r) filter, has been described as [21]:

W (g) = (1− r)(1+ pg)e−pg + r (2.5)

where g = | f − fc|/ f0 is the normalized distance from the center of the filter ( f is the frequency at
one edge of the noise band, fc is the filter center frequency and f0 is the tone frequency), p is the
exponential parameter and r is a constant.

The exponential parameter p will control the slope of the filter skirts, i.e a low value will be
related to a broader filter and viceversa. The value of p may be allowed to differ for each side of
the filter (pl and pu for lower and upper side, respectively), in order to reflect any filter asymmetry.

The parameter r flattens the filter at frequencies remote from the center frequency, thereby placing
a dynamic range limitation on the filter. The value of r is normally assumed to be the same for
both sides of the filter [21], [3]. The equivalent rectangular bandwidth of this filter will be approx-
imately equal to 2 fc/pu +2 fc/pl [3].

Figure 2.6 shows an example symmetrical roex filter where the effect of varying the values of
p and r can be observed. Figure 2.7 shows an example asymmetrical roex filter where p has been
allowed to vary for each side of the filter.
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Figure 2.6: Example of symmetric roex filter where the parameters p and r have been varied

The next section introduces the roex filter definition in the general masking equation, allowing
to see how the threshold data will be related to the filter parameters.
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Figure 2.7: Example of asymmetric roex filter for parameters pl = 16, pr = 7 and r = 0.15 for both
sides

2.2.3 Auditory filter parameter determination

The following derivations will assume the auditory filter can be fairly represented by a rounded
exponential function and that certain degree of asymmetry in the filter will be present.

Introducing the normalized frequency distance, g, into the general masking model (see eq. 2.3),
leads to [21]:

Ps(∆ f / f0) = KN0 f0

Z −∆ f / f0

−∞
W (g)dg+KN0 f0

Z ∞

∆ f / f0
W (g)dg (2.6)

For asymmetric notched noises the frequency distance, ∆ f , will take different values, ∆ f l and ∆ fu,
for the lower and upper side of the filter, respectively. The indefinite integral of the roex(p,r) filter
is [21]:

Z

W (g) = −(1− r)p−1(2+ pg)e−pg + rg (2.7)

Because the tail of the roex filter ends up being flat, the limits of integration have to be bounded.
A limit of normalized frequency distance of g = 0.8 has been suggested in [21], based on their
fitting procedure being satisfactory enough and insensitive beyond this point. This limit might be
different for low frequencies though.

Introducing the filter integral into the masking eq. 2.6 and using the recommended integration
limit, will give:

Ps(∆ f / f0) = KN0 f0([−(1− r)p−1
l (2+ plg)e−plg + rg]|

−∆ f / f0
−0.8 )+

KN0 f0([−(1− r)p−1
u (2+ pug)e−pug + rg]|0.8

∆ f / f0), (2.8)

where the filter has been allowed to be asymmetric by introducing different exponential parameters,
pl and pu, for the lower and upper sides of the filter respectively. For asymmetric notched noises,
the value of ∆ f and therefore g, will be different for each side of the integral.
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2.2.3.1 Fitting the threshold data to the roex(p,r) model

In order to obtain the filter parameters, pl , pu and r, that best fit the data, a minimization procedure
can be used to fit these parameters to the threshold data, so that deviations are minimized [3].

For each center frequency the notched noise method is used to define one filter. The equation
used to fit the data is an equation of the form of eq. 2.8 [21]. The limits of integration have to be
set according to the different notched noise configurations. The configurations will produce differ-
ent separations between the noise bands, in such a way that a range of thresholds can be measured
and compared to the fitted data.

Starting values of pl , pu and r can be assumed and a minimization procedure, such as the least-
squares method, can be used to minimize the mean square deviation between the data and fitted
values [3].

It is recommended to fit the threshold data measured in decibels to 10 times the logarithm of
an equation such as eq. 2.8 [12].

The value of the constant K, representing the efficiency of the detection process, will depend on
the subject, type of masker and center frequency [3]. When expressed in decibels, K is the additive
constant that adjusts the predicted thresholds so that their average coincides with the average of
the threshold data.

To summarize, the fitting can be achieved by [12]:

• Calculating a threshold curve for particular values of pl , pu and r (for a given center fre-
quency, the curve is obtained considering all masker separations).

• Calculating the mean squared deviation between the data points and the predicted threshold
function.

• Varying pl , pu and r so as to minimize the mean square deviation.

2.2.3.2 Accounting for the auditory filter assumptions in the fitting procedure

Different studies for the critical band and auditory filter shape determination have made a number
of simplifying assumptions. For example in [18] and [24] the filters were assumed to be symmet-
rical (even at high levels in [24]) and the filter position was assumed to be centered at the signal
frequency. In [15] and [20] symmetry was not assumed and the filter position was assumed to be
at "max(S/N)", but the filter bandwidth was kept fixed as the filters shifted.

In [3], the fitting procedure was modified to account for most auditory filter assumptions, avoiding
simplifications and allowing more accurate derivations. The following points will discuss how to
account for the auditory filter assumptions (outlined in section 2.2.1) in the fitting procedure.

Allowing for the determination of filter asymmetry: In [3] it is strongly recommended against
deriving filter asymmetry from symmetric notched noise data. Therefore, to obtain the filter shapes
the data will be fitted to the masking model with an equation such as eq.2.8. Given that the notch
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will be asymmetrically positioned, the value of the normalized frequency, g, will be different for
the lower and upper part of the filter.

Allowing for shifts in the auditory filter position: When fitting the data, the "max(S/N)" audi-
tory filter centering assumption will be considered. In order to understand how this position can
be estimated, an illustration of an hypothetical shift is shown in figure 2.8.

Figure 2.8: Illustration of auditory filter shift to maximize the S/N at its output

If the filter shifts a distance ∆c off frequency, the signal will be attenuated by a factor W (−∆c), and
the edges of the noise bands will be gl + ∆c below and gr + ∆c above, relative to the filter center
frequency . As the upper noise band is positioned further away from the tone (of frequency f0), the
auditory filter shifts off frequency to the right side of the tone. For this conditions, the threshold
equation will become [20]:

Ps =
KN0 f0 · IL(gL +∆c)+KN0 f0 · IU(gU −∆c)

W (−∆c)
, (2.9)

where the left and right integrals (see equation 2.8) have been expressed as IL and IR, respectively.
In order to find the max(S/N) for a given notched noise configuration, equation 2.9 can be min-
imized respect to ∆c [20]. For each particular notched noise configuration, the value of ∆c for
which equation 2.9 is minimum will be then the max(S/N) position where the auditory filter can
be assumed to be centered.

Considering changes in bandwidth with filter shifting: As mentioned in section 2.2.1, there
have been found no results yet that can lead to an estimation of the changes in bandwidth as the
filter shifts off frequency at very low frequencies. Therefore, fitting procedure will in principle not
consider this changes. Nevertheless, an estimation of the changes in auditory filter bandwidth will
be considered once some results in between each center frequency can be compared.

2.3 Measurement considerations

The main measurements required in this work consisted of a number of threshold of hearing for
notched noise masked tones determinations. The design of these measurements is a critical stage
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in this project. This section explains what has been taken into account for the measurements and
gives an overall overview of the system designed to obtain the auditory filters. It includes specifi-
cations about the chosen stimuli, sound field and equipment.

In principle, part of the measurement system can be considered as a black box where the tone-
notched noise stimuli is the input and the output are the individual thresholds obtained for each
configuration. In the diagram shown in figure 2.9, what is actually happening inside that box can
be found.

The chosen method to find the auditory filters was the notched noise method and it has already been
carefully detailed in the previous chapter. Therefore, the stimuli provided to the subjects had to be
single tones with a notched white noise around them for different frequencies and configurations.
These original stimuli had to be specially designed for one reason: it was desired to reach the inner
ear of each subjec with approximately the same non-individual notched noise stimuli. It is sup-
posed that the auditory filters have their origin from at least the inner ear [3]. Therefore, individual
compensations had to be applied to the original notched noise stimuli. Thus, the measurement had
to account for:

1. The response of the sound reproduction system and the room. This can be done by measuring
this response and applying its inverse to the original stimuli. In appendix C all measurements
and considerations regarding this issue can be found.

2. The response to the outer and middle ear. It has been proposed that the equal loudness con-
tours mostly represent the inverse of this response so they can be applied to shape the stimuli
[3]. Then, what finally arrives to the cochlea will be more likely the desired notched noise
stimuli. To individually design the stimuli, measurements of the threshold of hearing and
equal loudness contours (ELC) were performed. These listening experiments are reported in
the next chapter.

Assuming that the right signals are arriving to the subjects’ cochlea, performing a threshold of
hearing measurement for tones in presence of a white notched noise masker would provide thresh-
old values that would allow to find parameters that characterise the auditory filters. With these
parameters, the reconstruction of the auditory filter is possible.

Below, a further explanation about the just described process is given.

2.3.1 Selection of sound reproduction system for controlled exposure condi-
tions

In order to obtain valid results, certain criteria were established on the exposure conditions. The
first criteria was to achieve a controlled sound field in the overall bandwidth of the signals to re-
produce. The overall bandwidth of the notched noise signals consisted of all frequencies up to
275 Hz. The highest demand on the required sound pressure levels was expected at the very low
frequencies, with estimated levels between 120 dB and 130 dB at 8 Hz. It was also necessary to
maintain the same exposure conditions throughout the whole experiment.

The second criteria, considered less restrictive, is more directly related to human sound percep-
tion. Normally we hear with two ears, this is the most natural manner in which we are exposed
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Figure 2.9: Diagram of the process involved in finding the parameters to derive the auditory filters
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to sounds. However, most of the literature found on critical band measurements describe setups
with headphones, (where only one cup is used, see i.e [24], [15]). It is not known to what extent
our ability to discriminate sounds benefits from binaural hearing (in terms of auditory filtering).
Neither it is an objective to determine which are the benefits of binaural hearing in this project, but
it is not desired to disregard them if any. Therefore, if it was possible and criteria 1 was fulfilled, a
sound reproduction system that allowed to achieve exposure conditions as "real" as possible would
be preferred.

Based on the available equipment at the Acoustics Laboratory of Aalborg university, two op-
tions were considered: Headphone reproduction or the use of a specially designed room for low-
frequency sound reproduction. The two options were evaluated in terms of the established criteria.
This is described in what is following.

2.3.1.1 Evaluation of headphones

Headphones are often used in psychoacoustic experiments because of practical advantages over
other reproduction systems. They do not require special setups and are easy to carry. Moreover
they avoid having any influence of the room on the measurements.

For the evaluation of this reproduction alternative the response of different headphones was ex-
amined. Responses were found in the Phd. Thesis [4], page 20. Here the responses of different
headphones on 40 subjects are plotted together from 100 Hz. The responses vary considerably be-
tween headphone types and none of them can be considered flat even in low frequencies. Besides,
the response of the headphone varies depending on the subject, the variation is observed in the
overall frequency range and can reach up to approximately 10 dB around 100 Hz. Therefore, to
achieve a flat response, individual calibration would be required. This involves performing a mea-
surement of the headphone response and designing an inverse filter for each subject. Moreover
the fitting of the headphones on the subject ear is not going to be exactly the same every time the
subjects wears them.

2.3.1.2 Evaluation of low frequency room system

The advantages of doing the measurements in a room are basically two: avoiding the headphone
fitting problem and achieve a better emulation of the normal binaural hearing conditions. The
problems would come from difficulties in having a controlled sound field at such low frequencies.
Achieving a flat or at least a compensable response in the range of interest and being able to pro-
vide high enough levels is not an easy task.

The low frequency room at Aalborg University offered an optimal starting point to possibly achieve
the desired experimental conditions. The mentioned advantages as well as the fact that binaural
exposure has been less explored in terms of auditory filtering encouraged us to choose this option.

However, the previous set-up of the room was not completely suitable to perform the required
experiments. Therefore, some modifications had to be made. A full description of the room and
these modifications can be found in Appendix C.
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2.3.2 Accounting for the non-flat overall response

The threshold equations derived from the power spectrum model of masking have been simplified
in the sense that the noise spectrum (N0) has been considered as a constant and has been taken out
of the integral (see i.e equation 2.6). This, of course, assumes firstly that any spectrum coloration
of the noise signals due to the non-flat response of the sound reproduction system has been taken
into account (or that there is no coloration at all). Secondly, it assumes that the unequal efficiency
of the sound transmission through the outer and middle ear depending on frequency has also been
taken into account [3].

In fact, the response of the chain reproduction system-room-outer and middle ear is not flat at
all. In the following sections, how this response was compensated is presented.

2.3.2.1 The frequency response of the room and the reproduction system

If the frequency response of the sound reproduction system is flat, to solve the threshold equation
the noise spectrum can be in principle taken out of the integral (see i.e equation 2.6) and an ana-
lytical integral can be evaluated. Even though, this is in most of the cases unfortunately not true, it
has been the basis of earlier methods in the estimation of the auditory filter [18],[21].

One way this problem has been addressed, is to solve the threshold equation numerically, ap-
plying a correction for the frequency response of the sound reproduction system used (usually
headphones) [15], [24],[3]. The effect of applying or not the correction can affect considerably the
filter shape, and has been found to be larger at low center frequencies [3]. This method of adjust-
ing the noise shape to match the sound reproduction system response is only done after auditory
filtering, in order to fulfill the power spectrum model equation.

In [4] the responses of different headphones on many subjects have been plotted together, indi-
cating the variability in the responses and suggesting that in order to make any corrections or to
achieve a flat response when using headphones, individual equalization should be considered.

However, most of the studies where the headphone correction has been applied do not state clearly
that individual responses have been measured or that individual equalization has been applied,
leading to believe that common correction curves have been used.

Individual equalization seems to be the most proper alternative if headphones are used. However,
since it requires to measure the response on each subject, other alternatives are to be evaluated for
a more convenient sound reproduction.

Another issue is at which point the correction for the sound reproduction system is applied. It
seems reasonable to apply the correction before auditory filtering, allowing to achieve in princi-
ple a flat response of the noise, and therefore solve the power spectrum model equation with an
analytical integral. This option was also preferred because in this manner the level reached at the
cochlea is supposedly the one that has previously been determined (as the compensating filter and
the response of the room cancel each other). In appendix C, the design of this compensating filter
applied to all the stimuli is detailed. The responses of the room are depicted as well. Appendix F
describes how the compensating filter was obtained using MATLAB.
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The following section describes how to compensate for the next element in the chain between
the original notched noise stimuli and the cochlea.

2.3.2.2 The outer and middle ear sound attenuation

Another consideration is how to deal with the frequency dependent attenuation of the outer and
middle ear.

The basis of the auditory filters is presumably in the cochlea and/or in some higher stage of the
auditory system [3]. Under this terms, the frequency dependent attenuation of the outer and middle
ear can be considered as a fixed filter previous to auditory filtering. Because of this filtering, the
notched noise signals will be modified and they will no longer be flat when reaching the cochlea.

To account for this fixed attenuation, previous studies have applied a similar procedure as when
accounting for the non-flat frequency response of the sound reproduction system. This consists of
estimating the attenuation of this previous filter and numerically evaluate the integral according to
this estimation.

In order to estimate and account for the fixed attenuation of the outer and middle ear some re-
searchers have used threshold or equal loudness correction curves based on particular assumptions
[3], [22], [15],[24].

Threshold corrections curves are based on the assumption that the transducers in the cochlea in
young normally hearing subjects are equally sensitive at all audible frequencies and the variation
of absolute threshold with frequency reflects the frequency dependent attenuation of the outer and
middle ear [23].

However, part of the variation in absolute threshold in the low frequency region (below 1 KHz)
may arise in other ways [3]. Absolute threshold appears to change more rapidly with frequency
than what would be predicted from the transfer function of the outer and middle ear [32]. A pos-
sible explanation for this is that internal noise in the cochlea is greater at lower frequencies than
at higher frequencies [16]. This would rise absolute thresholds at low frequencies, but would have
little effect on the perception of low frequencies at high levels [3]. This could explain why equal
loudness contours at high levels are flatter than threshold curves, as they would be almost unaf-
fected by the internal noise.

Based on this considerations, it has been assumed that equal loudness curves at sufficient lev-
els would reflect the transfer characteristics of the outer and middle ear [15], [3]. Therefore, ELC
corrections (usually the 100 phon curve) have been used in the fitting procedure to account for this
fixed attenuation [3], [15], [22].

The threshold or ELC corrections, however, have been applied following standard curves and
individual corrections have not been found in the cited literature. Because of individual variability,
assuming the described hypothesis hold, the corrections can only be considered as rough approxi-
mations of the individual outer and middle ear transfer characteristics.

For this project it was therefore considered that individual ELC corrections would more accu-
rately describe the fixed attenuation of the outer and middle ear of subjects and, therefore, allow
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more precise estimations of the auditory filter characteristics.

Regarding at which point this correction had to be made, again it seemed more appropriate to
apply it before providing the subjects with the stimuli, i.e. it should be included in the stimuli.
This is considered more precise, taking into account that auditory filters are level dependent, as
they seem to be in middle and high frequencies [3]. Then, if the correction is made in the stimuli,
the level arriving the cochlea would be the desired one. The curves taken as references for the in-
dividual compensation are shown in Appendix E. The points shown as blue circles are the absolute
thresholds of hearing obtained as described in section 3.2. Appendix F describes how these correc-
tions were applied to the original stimuli using MATLAB. After this step, a set of individualized
simuli was obtained for the measurements.

2.4 The notched noise stimuli

This section describes the notched noise stimuli proposed configuration. The center frequencies to
investigate and main characteristics of the notched noise stimuli are given here. However, the final
properties of the stimuli were set after performing pilot psychoacoustic tests and corresponding
adjustments were done. Figures shown in this section show symmetric auditory filters just for
illustration purposes, however no symmetric filter assumption is made.

2.4.1 Choosing center frequencies to investigate

This project is low frequency-oriented, therefore the emphasis in the critical bandwidth measure-
ments is at the very low frequencies, the lower end approaching the infrasonic area. Few studies
focus on the critical band determination at very low frequencies, and what is called the "low fre-
quency region" usually spans from 1 KHz down to 100 Hz [15], [24], [22]. Measurement results
below 100 Hz have not been found in the examined literature.

In order to provide results in this uninspected area (below 100 Hz), and at the same time, be
able to compare results with previous studies, it is proposed to measure the critical band in a re-
gion that spans between 32 Hz and 125 Hz. The proposed center frequencies for the critical band
measurement and filter shape determination are: 32 Hz, 50 Hz, 80 Hz and 125 Hz. These center
frequencies were chosen so as to allow a sufficient separation between frequencies, with relatively
equal distances between them, and at the same time span the overall region of interest.

2.4.2 Determining the width of the notch bands

Another important feature in the notched noise method configuration is the width of the noise
bands. The considerations taken when determining an appropriate width of the notched noise
bands are described in the following.

One consideration is based on assumptions regarding the auditory filter bandwidth. In the notched
noise method, the noise bands are thought as always being covering the filter up to the end of the
filter skirts. Because of this, it is important to ensure that at extreme cases, no part of the auditory
filter would lay outside the region of coverage of the noise bands. This is illustrated in figure 2.10.
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Figure 2.10: Illustration of improper noise bandwidth selection

Consider the two noise bands of equal bandwidth BN . The worse case will be when they are to-
gether symmetrically over the signal frequency (∆ f = 0). As figure 2.10 depicts, if the noise bands
are not wide enough, part of the filter skirts will lay outside the noise bands. This will lead to a
wrong determination of the real underlaying relationship between threshold and amount of noise
power leaking through the filter.

Figure 2.11 illustrates how an appropriate noise bandwidth would cover the entire filter band-
width in the worse case configuration. In order to choose an appropriate width for the noise bands

Figure 2.11: Illustration of proper noise bandwidth selection

it is therefore necessary to make assumptions about the auditory filter bandwidth. Assumptions
can be based on previous results at low frequencies [15], [24], [22]. Although there is some degree
of variation in the results, the a approximate values seem to be similar. For the lowest center fre-
quencies where results are found in the literature, 100 Hz and 200 Hz, the ERB are approximately
equal to 40 Hz and 50 Hz, respectively. This means that at this low center frequencies, the ERB is
about 25% to 40% wide, relative to the center frequency.

The noise bandwidths used in most experiments may also provide a clue about what is a proper
value for the noise bandwidth. The bandwidth of each of the noise bands used by different authors
was found to vary from 0.4 f0 to 0.8 f0, where f0 is the tone center frequency. Based on the filter
width consideration and what previous studies have done, each of the noise bandwidths was cho-
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sen to be equal to 0.4 f0. Considering that at low frequencies the ERB can be around 40% f0 wide,
in the worse case configuration the two noise bands would be 80% f0 wide placed symmetrically
over the signal (i.e see figure 2.11), doubling the estimated ERB width. The noise bands can be
considered wide enough, assuming the auditory filters will be relatively sharp [15].

Choosing the bandwidth of each noise band equal to 0.4 f0 will determine a maximum normal-
ized frequency separation of 0.6 in the low frequency side, where the noise bandwidth can be kept
the same. Further separations would need a reduction in the bandwidth of the lower side noise
band. As a starting point, 0.6 will be the maximum normalized frequency separation considered,
and the bandwidth of each noise band will be kept fixed for every normalized separation.

2.4.3 Notched noise stimuli proposed configuration

The proposed notched noise stimuli configuration to be used in the psychoacoustic experiment is
described here. From what was discussed in the previous two sections, the required center frequen-
cies and appropriate noise bandwidth were determined. The center frequencies ( f0) were 32 Hz, 50
Hz, 80 Hz and 125 Hz and each noise bandwidth was chosen to be 0.4 f0 wide. Because filter sym-
metry was not assumed, the notch will be placed asymmetrically respect to the center frequency f0.

For every center frequency, the pairs of values of normalized deviations (∆) for the lower and
upper noise bands were: 0.0 and 0.2, 0.1 and 0.3, 0.2 and 0.4, 0.3 and 0.5, 0.4 and 0.6, 0.2 and
0.0, 0.3 and 0.1, 0.4 and 0.2, 0.5 and 0.3, 0.6 and 0.4. The normalized deviations were chosen in
such a way that for each deviation there was going to be a "mirror image" one respect to the signal
frequency.

The minimum spacing between both of the noise bands would be 0.2 f0 and the maximum f0.
The deviation steps were chosen to be 0.1 f0. There was always a tradeoff between the deviation
resolution and measurement time. The chosen resolution had lead to satisfactory results in other
studies [24], [15],[22].

An illustration of the notched noise configuration for a given center frequency f0 is shown in
figure 2.12.

Then, as a starting point, for each center frequency there were 10 notched noise stimuli, each of
them requiring a threshold determination.

The notched noise stimuli were generated using using MATLAB (Matlab Release 13, V. 6.5) [29].
To obtain the notched noise stimuli to be presented to the subjects in the listening experiment 3
steps were necessary. The first step was to design the filters that shape the noise stimuli according
to the design shown in figure 2.12. This filters are called here the "notched noise filters". The
second step was to shape the notched noise stimuli obtained after step 1 according to the ELC
curves that were measured for each subject. The third and final step was to apply the hybrid mode
compensation filter to the resulting signals obtained after step 2. A detailed description of each
step is given in Appendix F.
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Figure 2.12: Notched noise configuration for a particular center frequency f0
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2.5 Deriving the auditory filters

The masked threshold data is the basic information needed to reconstruct the auditory filters. How-
ever, the process of deriving the actual filter shapes is not direct, but requires many calculations.
Moreover, considerations have to be done in order to adjust appropriately the algorithms. Some of
these aspects have already been discussed in section 2.2 in general terms. In the following sections,
some practical aspects of the fitting procedure related to the proposed notched noise configurations
are given. The use of ideal examples helped to define aspects that could be used in advantage for
the threshold measurements. These examples also helped to determine the procedure to be applied
with the actual data. The discussion will be centered on three phenomena:

• The fitting performance when using asymmetrical configurations, either in one, the other, or
both sides of the notched noise

• The fitting procedure to allow for asymmetry and off frequency shifted filters.

• The interaction of these last two effects.

2.5.1 The fitting procedure and the notched noise configurations

In order to prepare for data analysis and see how the notched noise configurations can be used
for obtaining the filter shapes, some example threshold data was used for applying the fitting pro-
cedure before experimental data was available. Symmetrical and asymmetrical roex filters were
simulated to generate ideal threshold data.

At first, the fitting was applied assuming that the auditory filter was positioned at the notch center.
The fitting procedure converged satisfactorily. Secondly, the auditory filter was assumed to shift
to the max(S/N) position. The fitting procedure was modified to account for the shifting and con-
verged to the threshold curve again.

Programs were created in MATLAB to generate simulated data and apply the fitting procedure.
These programs can be found in the attached CD. The curve fitting tool in MATLAB was used as
integral part of the data analysis system [29]1.

Ideal threshold data was obtained from simulated roex filters, where the parameters of the filter
(r, p and K) were arbitrarily set, and, in the case of asymmetrical filter, p was different for each
side of the filter.

Equation 2.8 was applied and threshold points were determined at different normalized frequen-
cies. Custom equations were created in the curve fitting tool as models to fit the data. The fact
that the normalized distance in the asymmetric configurations follow the rule that gr = gl +0.2 or
gl = gr +0.2 was exploited in the threshold equations, as the integration limits will be set for both
noise bands at the same time in the normalized frequency axis.

The symmetric threshold equation was tested and parameters were accurately determined using

1Given that the equations used to fit the data have the slope parameters of the filter on exponential terms, this is a
non linear minimization problem. The curve fitting toolbox in MATLAB uses for this case a "trust region reflective
Newton method" [29].
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the curve fitting toolbox. For the asymmetric case, a roex filter with parameters pl = 5; pr = 8;
r = 0.025, and K = 3 was simulated. Threshold was determined by integrating the filter function
under the limits set by the proposed notched noise configurations (see section 2.4.3) and extended
to further separations.

Both asymmetrical cases, one where the upper band is further away from the tone and the mir-
ror image condition, were tested. Figure 2.13 shows the filter function and the thresholds achieved
with the two asymmetrical cases. As can be seen, due to the underlying asymmetry of the auditory
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Figure 2.13: Simulated filter response and calculated thresholds achieved in both asymmetrical
conditions

filter function, thresholds achieved by placing the bands in exact mirror image conditions respect
to the center of the notch are clearly different.

The curve fitting tool was used to estimate the filter parameters in each case, using either gu =
gl +0.2 or gl = gu +0.2 to set the integration limits when either the upper or the lower band were
0.2 normalized frequencies away from the notch center.

Figure 2.14 shows the fitted curves and the data points for each case. As can be seen, in both
cases the estimations are very accurate, and the parameters obtained are the same ones and correct
in both cases.
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Figure 2.14: Fitting example for threshold data obtained for both asymmetrical configurations

This means that, in principle, the filter shape can be estimated with only one asymmetrical config-
uration (even though threshold data will be different). This is possible because when estimating
threshold in one asymmetrical configuration, information about both sides of the filter is being
used. Therefore, if the integration limits are correctly set, threshold can be predicted without the
use of the mirror image asymmetrical condition.

The fitting procedure shown here considers more threshold values than what can be measured
in reasonable time. Nevertheless, the fitting was tested for the 5 discrete points (for each asymmet-
rical condition) that will be available from the measurements and the estimations worked equally
well.

The results may indicate that it would be enough to measure threshold under just one set of asym-
metrical configurations without the mirror image condition for each case. However, given that at
that point only assumptions could be made about auditory filter properties in this frequency region,
it was also thought that measuring both conditions could provide a more complete description of
the auditory filter.

The fitting procedure so far had been tested with ideal threshold data and assuming the auditory
filter is positioned at the notch center. However, this unfortunately does not give the best fit when
dealing with real threshold data [3]. The following will discuss how the fitting can account for
shifting in the auditory filter to the max(S/N) positions.

2.5.1.1 Shifting the auditory filter to the max(S/N) position and modified fitting procedure

For the same given parameters (pl = 5; pr = 8;r = 0.025, and K = 3), the max(S/N) position for
each asymmetrical configuration was determined. This was done by applying equation 2.9 and
finding the shift ∆c for which threshold was minimum.

Shifts were not allowed to exceed 0.2 normalized frequencies following recommendations given
in [3]. It was assumed that given that the shifts are small, the filter shape will practically not vary
when shifting [3].
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For this case, threshold data will be the thresholds achieved after shifting the filter to the max(S/N)
positions.

The fitting procedure in this case consisted of the following steps:

1. From starting values (experimenters’ best guess) of pl ,pr,r and K calculate the max(S/N)
filter shifts.

2. Use the filter shifts to calculate threshold values using the parameters coming from point 1).
Equation 2.9 is applied here.

3. Vary the filter parameters to minimize deviations between estimated threshold in point 2) and
the "measured threshold". Measured threshold in this case consists of the threshold achieved
after shifting the original filter to the max(S/N) positions.

4. Go back to point 1) and replace starting values of the parameters with the values achieved
after point 3)

The routine is repeated until deviations are minimized. Using this procedure, the initial parameters
of the unshifted filter were exactly recovered. This means that in principle, the max(S/N) shifting
can also obtain the filter parameters by using either of the asymmetrical configurations.

Summary The fitting procedure with and without the max(S/N) assumption was working sat-
isfactorily. The tests were performed on ideal threshold data, obtained from a determined filter
shape, under the assumptions set by the power spectrum model of masking.

Given that information about both sides of the filter is used when achieving a threshold (either
in symmetrical or asymmetrical configurations), the fitting can in principle find the filter param-
eters with only one set of asymmetrical configurations. The mirror image conditions, although
yielding a differen threshold, will lead to the same resulting filter parameters.

Because only assumptions about auditory filter properties could be made in this frequency re-
gion, it was thought that measuring both asymmetrical conditions will provide a more complete
description of the auditory filter so this possibility was not discarded at this point.

However, the possibility of reducing measurement time by only measuring one asymmetrical con-
figuration was going to be explored in pilot tests performed by the authors of this thesis. A sym-
metrical configuration is not needed, and would only be relevant if the auditory filter could safely
be assumed to be symmetrical.

2.5.2 Auditory filter asymmetry and filter shifts

The relationship between auditory filter asymmetry and shifting in the auditory filter to the max(S/N)
position is analyzed here and some examples are presented.

Assuming an asymmetrical auditory filter (pL = 5; pR = 8; r = 0.025; K = 3), the max(S/N)
positions were found by applying equation 2.9 and finding the shifts that yield minimum values
of eq. 2.9. This was done considering every separation between noise bands. Figure 2.15 shows
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a schematic illustration of auditory filter shifts for the cases where the lower and the upper band
are closer to the tone ((a) and (b), respectively). The slopes of the filter on each side are drawn ac-
cording to the assigned parameters. The filter shifts ∆c to the right and ∆c′ to the left when gu > gl
and gl > gu, respectively. Figure 2.16 shows the max(S/N) shifts obtained for the asymmetrical

Figure 2.15: Schematic representation of auditory filter shifting according to max(S/N) assumption

configurations (see section 2.4.3) in the cases where the upper noise band is further from the notch
center (a) and when the lower band is further (b), as a function of normalized separation between
bands. In order to appreciate more the effect of separation between bands, two extra separations
were added to the proposed configurations. As can be seen, the shifts are greater for case (a).
Furthermore, the shifts tend to increase with increasing separation between bands for case (a) and
tend to decrease with separation for case (b).

This can be seen as a direct consequence of the auditory filter asymmetry [20]. Looking back
at figure 2.15, the amount of area of the noise band closer to the tone removed from the filter as it
shifts can be compared to how much the tone signal is attenuated. This can give an indication of
the signal to noise ratio at the output of the auditory filter.

For case (a), given that the slope of the filter is less steep on the left side, as the filter shifts
and attenuates the tone, a greater amount of noise is removed from the filter when compared to the
mirror image case. This allows to benefit more from the shift for case (a) (assuming pl < pu), and
as a consequence, greater shifts are observed.

The variation in the amount of shift of the filter position as a function of separation between noise
bands can also be explained as consequence of filter asymmetry. As the noise bands are further
from the tone, the part of the filter skirt that leaks noise becomes less and less steep since the r
parameter starts to take effect.
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Figure 2.16: Filter shifts to maximum signal to noise positions as a function of separation between
noise bands for the cases where the upper and lower band are 0.2 normalized frequencies further
from the notch center

Since the slope of the left side of the filter is less steep than the right one, the effect of the r
parameter is more pronounced on the left side than the right side. For case (a), the amount of area
removed from the filter as it shifts and attenuates the tone is greater when compared to the same
configuration, but when r has less effect. Thus, shifts will tend to increase with increasin separa-
tion between bands for this case. Besides, the difference in the amount of noise removed from the
nearer side compared to the amount added on the other side will increase as well.

For the mirror image case, (b), as separation between bands increases, the r parameter also al-
lows to take more noise out from the right part of the filter. However, the filter seems to benefit
from shifting up to some limiting point. As the r parameter affects both sides, the amount of noise
added to the left side of the filter (less steep side) starts to grow faster with frequency separation
compared to the right side case. As a consequence, the filter no longer benefits from the shift, since
any shift would immediately add more masking noise on the left side than what is removed from
the right side of the auditory filter.
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Chapter 3

Listening experiments

In the previous chapters, the most important considerations that should be taken into account in or-
der to obtain the auditory filter shape and bandwidth have been discussed. The methods that could
be applied and their respective pros and cons have also been discussed. Finally, the chosen method
to be followed in this project work has been presented. Moreover, the whole process needed to
obtain the auditory filters has been detailed.

In the fitting procedure, there are some parameters needed that require specific measurements
in order to obtain the auditory filter shapes. The following chapter describes how these measure-
ments were designed and performed. The design and set up for the measurement is explained.
Also, some partial results are shown.

To provide the reader a more systematic description of the experiment, a practical division is made.
This division is derived from the design of the experiment itself. It was planned to account for per-
sonal specificities in hearing, in order to extract general results. This meant providing specific
stimuli so that what actually arrived to the inner ear was subjectively the same for each subject.

Therefore, the stimuli (the tone-notched noise stimuli already defined) were custom-made. This
stimuli customization required previous measurements describing the hearing features of each sub-
ject. The required measurements comprised what is called here the phase 1 of the experiment. The
main test will be referred as phase 2.

Both measurement phases had many things in common, mainly the physical setup. Therefore, this
setup will be explained first.

Thereafter, phase 1 will be described in detail, in terms of both procedure and results. The re-
sults were used as base for designing the stimuli used in the second phase.

Finally, the second phase of the experiment is described. The design of the customized stimuli has
been already described. Then, the procedure and primary results are shown.
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3.1 Measurement set-up

Many of the elements involved in the set-up were the same for both experiment phases. Therefore,
in this section only a brief review of the set-up is given, as most of it has been already described in
detail in previous sections.

3.1.1 Sound environment

The most important elements in the sound reproduction chain are the loudspeaker system and room
environment. These two elements are gathered together achieving a high degree of control in the
low frequency room at Aalborg University (see Appendix C for a detailed description). The use of
this room allowed a controlled sound field in the frequencies of interest and to achieve a sufficient
level for the reproduction of low frequencies. It also made possible to emulate the normal binaural
hearing conditions. The selection of the room as sound exposure environment influenced the whole
design of the measurements and sound stimuli. For this reason, further details about the room are
presented in Appendix C. In this section, just a summary of what is described there is presented.

The room has inner dimensions of 2.72m x 2.70 m x 2.40 m. Walls were built in double con-
crete layers to obtain a high sound isolation. To reproduce very low frequencies the chamber had
to be designed as airtight as possible. There are 20 loudspeakers on each side of two opposed
parallel walls. This configuration allows that in certain cases (free field mode) the room generates
a plane wave traveling from one of the walls (the one that produces the wave), to the other (the one
that absorbs the wave).

The physical properties of the room and the specific signal processing allow different modes of
reproduction. In the measurements, the Hybrid reproduction mode was used. This mode is a com-
bination of the two other modes, the free field and the pressure field mode (see Appendix C). In
the hybrid mode, the maximum possible sound pressure level that can be achieved in the room lies
slightly below 130 dB at very low frequencies. At higher frequencies, the maximum reachable
level is somewhat lower. However, this was not a constrain for the measurements, as only at the
lowest frequencies the demand of level was higher.

The positioning of the subjects in the low frequency room was carefully selected (see Appendix
C.3) and the frequency response of the room at that point was compensated in the stimuli.

3.1.2 Control and sound reproduction system

The low frequency room is controlled by a computer based interface in the control room next to
it. The implementation uses one channel for each loudspeaker, yielding 40 different channels. On
each channel a signal is passed through its respective amplifier and A/D converter. Each signal is
convolved with a specific FIR filter and the resulting 40 filtered signals are amplified and fed to
the loudspeakers. The FIR filters are designed to obtain the desired wave in case of the free field
mode (or in the hybrid mode at the higher frequency region, above 30 Hz).

The implemented system works with a 48 KHz sampling frequency, but the control program man-
ages files of 1 kHz. Therefore, up-sampling is required after filtering the 1 KHz input files.For
more details see Appendix ??,[26] and [25].
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3.1.3 Stimuli and signal generation

All signals provided to the subjects were handled by the control PC placed in the control room next
to the low frequency room. The signals might be generated in the PC or loaded from previously
generated files that can be stored in the PC and used for playback in the room.

In phase 1 of the experiment, a threshold and an ELC determination were carried out. Thus,
all signals were single tones played back at different levels.

In the second phase, the stimuli consisted on two components: a custom designed notched noise
signal, and a tone placed in-between at a specific center frequency. Thus, the stimuli had to be
carefully prepared. For this reason, the part of the stimuli that consisted of the notched noise, was
previously designed using MATLAB (see Appendix F). The individual notched noise files were
then transferred to the control computer, to be played back in the room. At the same time, while
the notched noise signals were continuously played back in the room, a threshold determination
measurement was performed. The threshold determination used practically the same procedure as
the one used in phase 1.

3.1.4 Subjects

Primarily 14 subjects participated in the tests. This number comprised 6 male subjects and 8 female
subjects, all aged between 23 and 28 years. A standard audiometry was performed on every subject
and all showed normal hearing. Therefore, all 14 subjects were considered for the 1st phase of the
experiment. However, due to the special conditions required for the second phase, 3 of the subjects
had to be discarded from the final experiment.

3.2 Phase 1: Threshold of hearing and ELC

In order to account for variations in the perception of loudness along frequency, the stimuli was
shaped respect to an equal loudness contour. As an approximation, standard contours could have
been used. This is the approach that has been used in some previous works [15], [3]. However,
because of individual variations, the application of individually acquired equal loudness contours
was considered better so as to be able to achieve more reliable results.

Once this individual analysis was decided, an approximate phon level of the ELC determination
had to be chosen. This level, the sound pressure level of the reference tone for the ELC determina-
tion, would be approximately the level at which the auditory filters were determined. Because of
the level-dependance of the auditory filters, the final results could depend on this phon level. The
basic criterion was to do the critical band determination at a level well above hearing threshold, in
such a way that most components of the test stimuli could be clearly audible.

On the other hand, there are dynamic range limitations in the low frequency room sound repro-
duction system. The maximum possible levels in the room have to be considered before setting an
approximate phon level, since the threshold of hearing at very low frequencies is at high levels. As
described in Appendix C, the maximum reachable level in the room is limited to around 130 dB
at 8 Hz. This is the minimum frequency in the ELC measurement and at which the highest level
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would be required.

Considering these two constraints (hearing threshold level and maximum reachable level), a com-
promised solution was applied: From inspection of the ELC standard [8], it was determined that
staying close to the 60 phon curve would allow to be sufficiently above threshold in the required
frequency range. To ensure that the levels of an ELC determination at around 60 phon fulfilled this
criteria, it was decided to measure absolute threshold of hearing for each subject. Once this was
done, an approximate 60 phon ELC determination was performed for each subject as well. In this
way, individualized stimuli could be obtained. At the same time, the threshold measurement could
be used to ensure that the level criteria was accomplished for each subject. Special attention was
paid to the lowest frequencies, were this criterion could be more difficult to achieve because of the
stretching between ELC’s in this frequency range.

The analyzed frequency range was the range between 8 and 250 Hz, as that was the region were
the notched noise stimuli contained practically all energy. In this manner, the stimuli could be
weighted respect to the measured ELC. In this first phase, all stimuli used were single tones cen-
tered at 9 frequencies: 8, 16, 31.5, 50, 63, 80, 125, 200 and 250 Hz.

3.2.1 Threshold of hearing determination: The ascending method

Many different methods can be applied to determine the threshold of hearing. One important fea-
ture to take into account when deciding for a method is its time consumption. This feature can
set important limitations in a very time restricted project. In the case of the 2 phase experiment
performed in this project, the total length of the experiment (including the 2 phases) was rather
long. This lead to the use of a time efficient method if possible. The methods of limits are a family
of methods that have demonstrated [10] to be very efficient in time. The method used in this work
is based on one of these methods: the ascending method, which is particularly fast.

The method begins with the presentation of a tone at a level that is below the hearing threshold.
The following presentations are at higher levels, increasing in 5 dB steps as long as the subject
answers that he/she does not hear the sound. When the subject hears the sound, the first reversal
in the answers is observed and a descending jump of -7.5 dB is produced in the stimulus. If the
subject does not hear the sound the level is increased again in 5 dB steps until a new reversal in the
answers. The level is then decreased by 7.5 dB again and it will be again successively increased
and decreased until at least two reversals have been observed at the same level out of three ascents.
The threshold of hearing is calculated as the mean SPL of the three ascents.

In order to provide a starting level that is below the threshold of hearing, a familiarization phase
is required. This familiarization consists on descents in steps of 10 dB from a level well above the
expected threshold value (around 30 dB more). After a reversal in the answers is observed, the
level is still pulled down another 5 dB, looking for consistency in the previous answer. Then, the
level is increased in 10 dB steps until a new turn over is reached. The starting level is set to 12.5
dB below the level of the last turnover.
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3.2.2 Equal loudness contour determination: Maximum likelihood method

To determine points in an equal loudness contour, comparisons must be made with a reference
tone. In this project, the reference point was a tone of 80 Hz at 78 dB SPL. The level was chosen
to be as close as possible to the 60 phon contour and, at the same time, without risk of exceeding
the maximum SPL for the test room. This reference SPL value (obtained after inspecting results
from [11]) was chosen to possibly guarantee the already mentioned criterion of being well above
threshold. The reference frequency was set after primary tests. The frequency of 80 Hz was chosen
because it was found that it was easier to compare with the other frequencies under analysis. The
80 Hz tone seemed neither too low to compare with the 250 Hz tone, nor too high to compare with
the lowest frequencies.

Then, comparisons were made between the loudness of the fixed 80 Hz reference tone at 78 dB
SPL and the tones at the other 8 frequencies (at different levels). These frequencies were used
to interpolate an equal loudness contour for every subject. The task was to find the level of the
variable tone that makes it sound as loud as the reference tone. However, this is not that simple
and in practical terms a range of uncertainty appears. Therefore, to obtain an equal loudness point,
statistical analysis of the responses can be applied in the method.

The method used was based in the so-called maximum likelihood estimate. This is a mathematical
term for a technique by which a set of parameters are adjusted to maximize a probability density
function. The resulting parameter values are called the maximum likelihood estimates of the true
values. In this case, the parameters are the mean µ and standard deviation σ and their estimates are
respectively µ̂ and σ̂.

The procedure to find each point in the ELC is as follows: A reference tone and variable tone are
presented (in a random order, 2 seconds long each) separated by an interval of one second. The
subjects indicates which of the tones was perceived as loudest and m̂u and σ̂ are calculated follow-
ing the maximum likelihood rule. After a new tone is presented at a pre calculated level, a new
answer is given and parameters are re-calculated. This procedure is repeated until the estimation
is considered to be accurate enough.

The maximum likelihood method requires, however two first input data to start the calculations:
one test tone level that is louder than the reference tone level and one that is lower. Then, the exper-
iment begins in a special way in which the first tone presented is an expected value to be achieved.
In this case, the values were the ones shown in table 3.1. The next test tone level is set 10 dB
lower or higher depending on whether the first level seemed louder or more quiet to the subject,
respectively. Normally the second answer will be the opposite to the first one and the algorithm
will be ready to go on. Otherwise, different levels are presented until two values are confirmed to
be above and below the starting point.

The levels for the test tones are chosen in the uncertainty region so that they provide the maxi-
mum amount of information. They were µ̂, µ̂− σ̂, µ̂− 2σ̂, µ̂ + σ̂ and µ̂ + 2σ̂. These values were
given the same probability, but already given levels were discarded. After the presentation of these
five levels the algorithm finished, calculating the last set of parameters. The measurement was
validated only if σ was smaller than 5 dB.
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3.2.3 Results

In this section a summary of the results obtained for both measurements, the threshold of hearing
and equal loudness contour (approximately 60 phon) is presented. In Appendix E, the curves ob-
tained for each subject are presented. In this section, only the most important aspects of the results
are presented.

In global terms, the first phase of the listening experiment was a previous test needed to design and
configure the main experiment. From this experiment, data was gathered for each subject so that
phase two of the experiment became an individualized test. The main information that was needed
to extract were the two results of phase 1:

• An equal loudness contour at approximately the loudness at which the stimuli will be pre-
sented. Individual results will be used to shape these stimuli, for each subject.

• A verification that for every subject the level of presentation of the stimuli (approximately
60 phon) is well above threshold of hearing.

Regarding the first of these goals, the obtained ELC are going to be used objectively, as they are
considered as a tool for the main experiment of auditory filter determination. However, it should
be pointed out that there are limitations in the conditions in which the ELC were obtained. The
estimated time for whole experiment (the two phases) was considered too long and therefore the
design of methods as short as possible was decided. In this case, this meant that no repetitions of
the ELC measurement could be done for each subject. This limitation is present both, in ELC and
threshold of hearing determination. However, considering the whole experiment, it is still thought
that a good tradeoff was achieved in terms of total measurement time, accuracy and achieving all
the proposed measurement goals.
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Figure 3.1: Threshold of hearing and equal loudness contour for subject 12. The loudness range in
low frequency seems wide enough for the experiment to be run well above threshold.

As to the second objective, unfortunately it was not possible to fulfill the condition of being clearly
above threshold for every subject. Figure 3.1 shows one of the subjects for whom the condition
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was accomplished the best. The difference between the threshold curve and the ELC was consid-
ered large enough to provide a safe working range. This was true for this subject and for most of
the rest of the subjects (see Appendix E).

However, for 3 of the subjects a tight stretching in loudness range was observed at very low fre-
quencies, limiting the working range. These were subject number 5, 8 and 9. The case of subject 8
is particularly extreme, and it was decided to discard this subject for the next experimental phase.
His response can be seen in figure 3.1.

Two other subjects showed an unusual behavior that did not allow to use them as subjects for
the second phase. In this case, the reason was the opposite. Their ELC was obtained and very high
levels at low frequencies were observed. Thus, there could have been a substantial working range
for the experiment. Unfortunately, for the lowest frequencies, the level required by the subjects
exceeded the dynamic range of the room.

Therefore, at the end of phase one, 11 subjects were found appropriate for the second phase of
the experiment. This amount comprises 5 male subjects (two of them were the experimenters) and
6 female, all aged between 23 and 28 years.
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Figure 3.2: Threshold of hearing and equal loudness contour for subject 8. The extreme stretching
observed for this subject in terms of loudness in low frequency led to discard this subject for the
second phase of the experiment.

3.3 Phase 2: Threshold of hearing with a notched noise masker

The second phase of the listening experiment is the main test. It consists of a threshold determi-
nation of single tones in the presence of a masker. The masker consists of a notched noise around
the frequency under analysis.

The experiment was carried out in the same room and with the same sound reproduction sys-
tem that was used in the first phase. The chosen position in the chamber did not change either and
the same subjects were used, except the 3 that had to be discarded.
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The measurement was based on the notched noise method procedure, but with some particular-
ities derived from the extreme frequency range. Because of this, special features of hearing were
considered, such as the possible influence in the results of stretching in the loudness contours at
low frequencies. For this reason, the stimuli were carefully individualized and therefore more
complicated to derive.

However, apart from these particularities, the measurement will still be basically a threshold de-
termination and usual procedures might be applied. Therefore, it was decided to take advantage of
one of the already designed methods. Nevertheless, the first task was to find which of the possible
methods was the most appropriate for our purposes.

In principle, accuracy was a requirement. While testing the fitting algorithms (that allow to recon-
struct the filters from obtained threshold data), it was observed that errors or inaccuracies would
imply a worse fitting when trying to incorporate the results to the roex model.

On the other hand, the chosen method had to be time efficient. From the starting notched noise
proposed configurations (see section 2.4.3), 10 threshold values were needed in order to find the
filter shape at one single frequency. Eleven subjects were going to be tested, in such a way that
average results could be obtained. Besides, it was intended to test 4 center frequencies: three of
them in the unexplored region (32, 50 and 80 Hz) and one more that would allow to make com-
parisons with results from other researchers (125 Hz). A measurement with individual subjects
at different frequencies was also desired, in order to be able to observe individual changes along
frequency as well. Considering this, for each subject 40 threshold determinations would be needed.

Moreover, repetitions in each threshold determination were needed. In the examined literature, it
was found that in all cases repetitions of the threshold determination are done to ensure accuracy
[15], [22], [24], [21]. As said before, accuracy was a primary requirement. Therefore, 2 threshold
determinations for each subject were considered as minimum for the experiment. This meant that
at least 80 threshold determinations would be needed for each subject. All this led to a previous
analysis on time consumption of the methods.

3.3.1 Chosen method

The most common methods for threshold determination that were found in the related literature
are the 2 down-1 up or 3 down-1 up methods. The two alternative forced choice (2AFC) decision
procedure was incorporated in these methods [24]. On the other hand, other traditional methods
have proved to achieve good performance as well. Among them the, the ascending method is
considered to be a fast method [10]. Moreover, this method was the one used in the first phase of
the experiment and was already available. Therefore, two methods were considered for phase two
of the listening experiment: the ascending method (used in phase one) and the implementation of
a short version of the 2 down-1 up approach used in [24].

In Appendix D, a discussion on the time consumption of these two methods is provided. In that
section, the reader can find more practical details about the methods. After this analysis, it was
decided to choose the ascending method. Its description has already been given in section 3.2.1.
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3.3.2 Grouping subjects

From the analysis given in Appendix D, it was determined that the original experiment plan was
going to take too long, whichever method was selected. A tempting solution could be to reduce
the number of repetitions for each frequency and subject. However, this could lead to very biased
results as single significant inaccuracies in a threshold determination can deeply influence the final
filter obtained. Therefore, it was preferred to reduce the number of center frequencies tested for
each subjects and use a grouping strategy. This means using a group of subjects for certain center
frequencies and other groups for other center frequencies, instead of using all subjects for all center
frequencies.

In this way, accurate enough data could be obtained to derive the auditory filters with less time
constrains. If the grouping is accordingly designed, it can still be possible to have a sufficient
number of derived filters on each center frequency. This would allow to find average values and
even to compare averaged results between different center frequencies.

3.3.3 Pilot tests and final notched noise configuration

Pilot tests were performed where the two authors of this thesis participated as subjects. The tests
were performed in order to test the setup and see how preliminary results were looking. In this
manner, adjustments in the experiment could be done before running the main experiment with
the voluntary subjects. It is thought that the adjustments performed allowed a more efficient data
recollection, considering the time constrains.

Threshold was measured 2 times for center frequencies of 32, 50, and 80 Hz for each of the two
asymmetrical conditions and for each of the 2 experimenters. The normalized deviation from the
tone frequency to the closest band was 0, 0.1, 0.2, 0.3, 0.4 and 0.5, the furthest band being +0.2
further from the tone.

Results are shown in figures 3.3, 3.4 and 3.5. The figures show the averaged threshold obtained
from the two measurements as a function of masker separation, for the two asymmetrical cases.
The threshold values were found to vary in some cases by more than 5 dB between repetitions.
However, the most common difference was within 2 dB.

The fact that variations in threshold values were found to exceed in some cases 5 dB for the
same conditions, is considered a limitation of the method. Ideally, with no time constrains, many
repetitions could be done in the main experiment and the results that deviate by more than i.e 2 dB
could be discarded. However, the main tests would become too long if more repetitions are added,
and tiredness of subjects could affect the results. Considering the time limitations and voluntary
nature of the subjects, two repetitions are considered for the main test.

It was planned, however, to perform another set of measurements by the 2 authors of this the-
sis including more repetitions in the threshold determination. The results will be analyzed for
comparison purposes. In these results, the center frequency of 125 Hz will be included so as to be
able to compare results with other studies as well.

The next sectionss describe the main observations that were done with the preliminary data. Ad-
justments done to the main threshold determination measurement are described as well.
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Figure 3.3: Measured threshold as function of masker separation for a 32 Hz tone and the 2 asym-
metric configurations, (a) Carlos, (b) David
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Figure 3.4: Measured threshold as function of masker separation for a 50 Hz tone and the 2 asym-
metric configurations, (a) Carlos, (b) David
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Figure 3.5: Measured threshold as function of masker separation for a 80 Hz tone and the 2 asym-
metric configurations, (a) Carlos, (b) David

3.3.3.1 Overall variation in threshold

Looking back at figures 3.3, 3.4 and 3.5, threshold seems to generally decrease with masker sep-
aration. The drop in threshold level seems to be, in general, less accentuated for the first masker
separations.

The overall variation in threshold with masker separation was found to increase with center fre-
quency. For example the difference between the maximum and minimum threshold found for each
center frequency increases from approximately 12 dB at 32 Hz up to 24 dB at 80 Hz center fre-
quency. From the auditory filter simulations and threshold determination programs, it was found
that a low overall variation in threshold can be associated with the two or at least one slope pa-
rameter being relatively small (i.e p close to 4). On the other hand, higher overall variations in
threshold are associated with larger p values, assuming r � 1.

3.3.3.2 Threshold variation for small masker separations

Ideal threshold obtained from simulated auditory filters indicated that in no case threshold would
increase with increasing masker separations, if assumptions made are correct. Nevertheless, for
small masker separations and shallow filter skirts, threshold drop can easily be only within 2 dB or
even less. Under these conditions, in principle, any raise in threshold level with masker separation
should be considered to be a result of limitations in the threshold determination measurement.

Given that the changes in threshold level for the smallest masker separations were in general small
(typically around 2 dB), for these cases any measurement inaccuracies would more easily produce
an apparent increase in threshold level with masker separation. Therefore, to avoid to some extent
the influence of measurement inaccuracies, it was decided that for the main experiment threshold
should be measured starting from the second masker separations (where gu +gl = 0.4).
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3.3.3.3 Measuring threshold using one or the other asymmetrical configuration

The results shown in figures 3.3, 3.4 and 3.5 show that there will be in general consistent differ-
ences when measuring threshold for one or the other asymmetrical configuration. For some cases,
one configuration tends to give higher thresholds than the other and for other cases the opposite
is true. Ideal threshold data indicates that when the lower auditory filter skirt is shallower than
the upper one, threshold will be higher when the right side band is further from the tone compared
to the mirror image case. The opposite is true if the upper filter skirt is shallower than the lower one.

Considering this, preliminary results indicate that the lower auditory filter skirt is shallower than
the upper one at 50 Hz for subjects (a) and (b) and 80 Hz center frequency for subject (a). The op-
posite is the tendency for 80 Hz center frequency subject (b) and 32 Hz center frequency subjects
(a) and (b).

When applying the fitting procedure at this point, it became clear that some refinement in the
fitting method was needed when dealing with real data. Firstly, it is not yet clear how some contra-
dicting data points will be treated, particularly when assuming that a partial grow in threshold with
masker separation is considered to be a consequence of inaccuracies in the measurement method.

Secondly, appropriate boundaries in the possible values the filter parameters may assume are
needed. Mathematically some fits can be very accurate, but the parameters sometimes reach val-
ues with no real physical significance. Therefore, before making any quantitative description of
the filter behavior with this preliminary results, some adjustments in the fitting method are planned.

However, even though no detailed description of the auditory filter behavior wass available at this
point, it was believed that the obtained preliminary threshold results indicated that the auditory
filters are clearly asymmetric. Furthermore, it was thought that the degree of asymmetry could be
consistently measured using either of the notched noise asymmetrical configurations.

3.3.3.4 Final notched noise configuration

It was desired that in the main experiment threshold was going to be determined at least for two
center frequencies for each subject. This would help to estimate the evolution of the auditory
filter with frequency. At the same time, this brought up the constraint of subject time. There-
fore, because one asymmetrical configuration was considered sufficient for determining the filter
properties, it was planned to perform the threshold determination with only one asymmetrical con-
figuration in the main test. This would provide enough data to estimate the filter shape properties,
and at the same time, estimate individual variations of these properties with frequency within rea-
sonable time.

Because focus was put on one asymmetrical configuration, it was decided to add an extra masker
separation to the final notched noise configuration. It was chosen to add an even more separated
configuration (where gl + gu = 1.4), given that more separate configurations might provide more
information about the r parameter, related to the dynamic range limitation of the auditory filter.

Thus, the final notched noise configuration for the main test consisted of one asymmetrical con-
figuration where the normalized separation between the tone and the closest noise band was: 0.1,
0.2, 0.3, 0.4, 0.5 and 0.6, the furthest band being +0.2 further from the tone. It was chosen to have
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the upper band further from the tone (gu = gl +0.2) so as to avoid decreasing the bandwidth of the
lower band as no components of the noise can fall below zero Hz.

3.3.4 Final method and grouping strategy

Before describing the final measurement plan, the results from the pilot test are summarized: It
was decided that 6 notched noise configurations were appropriate for the threshold measurements
and at least 2 repetitions were needed. It also seemed that a training session was required, as the
task was found to be more difficult due to the characteristics of the stimuli. This would slightly
increase the total time of the experiment. Moreover, the experiment seemed to produce tiredness,
if not annoyance, therefore time per session should be reduced as much as possible.

The ascending method was therefore the chosen method. This method has been described in sec-
tion 3.2.1. The particularity in this case is that the masking noise was being reproduced continuosly
during the experiment. The noise level was individually shaped but always keeping the same level
at 80 Hz. This reference level was 54 dB (the maximum not causing distortion for any subject in
any configuration of the noise). In the pilot tests it was observed that an appropriate first presenta-
tion level was around 35 dB above absolute threshold for each frequency.

After setting these levels each threshold determination took less than 70 seconds on average. This
means that around 420 seconds were required to measure one center frequency (6 notched noise
configurations). If 2 repetitions and 2 center frequencies are considered per subject, the experi-
ment would last itself around 28 minutes. Considering one break in between of 10 minutes, 10
minutes more for giving the instructions and 5 minutes for the training session, the test would take
approximately 53 minutes in total, which seemed reasonable.

On the other hand, as only two frequencies were considered per subject, it was then necessary
to perform the already mentioned grouping strategy. The next table shows how subjects were
distributed among frequencies. Note that the last two subjects (the experimenters) performed the
experiment for every center frequency considered, including 125 Hz. This frequency was no longer
considered for the rest of the subjects. The aim of the project was to achieve results below 100 Hz,
and the 125 Hz frequency was tested by the experimenters to be able to compare results with pre-
vious researches. Moreover, additional measurements were performed only by the experimenters
in the same center frequencies. A total of 4 thresholds for each center frequency and notched noise
configuration were measured. In this way, the influence of the number of repetitions on the results
could be observed.
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Subjects 31.5 Hz 50 Hz 80 Hz 125 Hz
Subject 1 × × — —
Subject 2 × × — —
Subject 3 × × — —
Subject 4 × — × —
Subject 5 × — × —
Subject 6 × — × —
Subject 7 — × × —
Subject 8 — × × —
Subject 9 — × × —
Subject 10 × × × ×
Subject 11 × × × ×
Total number of subjects 8 8 8 2
Number of repeated subjects 5 5 5 2

Table 3.1: Grouping strategy to analyze average data in the four center frequencies.
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Chapter 4

Results and analysis

In this chapter the masked threshold experimental results are given and the obtained threshold data
is analyzed. The section is divided in three parts. In the first part the threshold results are shown
and obtained data is discussed. The second part describes the filter shapes and ERB obtained for
each subject after the fitting procedure. In the third part, the filter shape and ERB data is analyzed
in terms of the grouping and statistical tests are performed on the grouped data. An expression that
approximates the variation of the ERB in the frequency range 31.5-125 Hz is suggested as well.

4.1 Masked threshold results as a function of notched noise
masker separation

The masked thresholds obtained in the listening experiment for each voluntary subject are shown
in figures 4.1 to 4.5. The figures show threshold obtained for each of the 9 voluntary subjects,
where each person was tested for 2 center frequencies and the measurement was repeated 2 times.
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Figure 4.1: Measured threshold as function of masker separation for 31.5 Hz and 50 Hz tones,
(left) Subject 1, (right) Subject 2

All figures show the averaged threshold obtained after performing the 2 repetitions of the mea-
surement. Differences between threshold values obtained in the first and second repetition were in
general small. However, in some cases differences exceeded 5 dB. For the cases where an appar-
ent increase in threshold with masker separation was found, the lower value of threshold was kept
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Figure 4.2: Measured threshold as function of masker separation, (left) Subject 3, 31.5 and 50 Hz
tones, (right) Subject 4, 31.5 and 80 Hz tones
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Figure 4.3: Measured threshold as function of masker separation for 31.5 Hz and 80 Hz tones,
(left) Subject 5, (right) Subject 6
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Figure 4.4: Measured threshold as function of masker separation for 50 Hz and 80 Hz tones, (left)
Subject 7, (right) Subject 8

instead of the average. This was not necessary in the majority of cases.

Measurements were done with more repetitions to see if the estimation of threshold as a func-
tion of masker separation could be improved. In this case, for practical reasons, the two authors
of this thesis participated as subjects (subjects 10 and 11). Figures 4.6 and 4.7 show threshold
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SEPARATION
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Figure 4.5: Measured threshold as function of masker separation for 50 and 80 Hz tone, Subject 9

obtained after averaging 4 repetitions of the measurement. In these cases, all center frequencies
were tested on each subject and the 125 Hz center frequency was included to be able to compare
results with other studies.
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Figure 4.6: Measured threshold as function of masker separation for subject 10, (left) 31.5 and 50
Hz tones, (right) 80 and 125 Hz tones
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Figure 4.7: Measured threshold as function of masker separation for subject 11, (left) 31.5 and 50
Hz tones, (right) 80 and 125 Hz tones

As can be seen from figures 4.6 and 4.7, the general trends of the obtained curves with more
averages look very much alike to the results from subjects 1 to 9 shown in figures 4.1 to 4.5.
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Nevertheless, threshold curves shown in figures 4.6 and 4.7 seem more smooth in general when
compared to the curves shown in figures 4.1 to 4.5.

The next sections describe the general observations performed on the obtained threshold data.

4.1.1 Overall variation in threshold

Considering all subjects, the overall variation in threshold increased slightly with center frequency.
The mean difference between the maximum and minimum threshold obtained for the center fre-
quencies of 32, 50 and 80 Hz was 11 dB, 13 dB and 14 dB, respectively. A T-test indicated the
differences were not significant.

Threshold values were, however, always higher for the lowest center frequency tested on each
subject when compared to the higher one. For each subject, overall threshold levels of the 32 Hz
tone where always higher than for the 50 Hz tone. The same happened when comparing thresh-
old values for the 50 Hz tone to the ones obtained for the 80 Hz tone, individually. For the two
cases where the 125 Hz center frequency was tested, overall threshold values were the lowest when
compared with the values achieved by the same subject for the other 3 center frequencies. This
indicates the detection efficiency decreases steadily with frequency.

4.1.2 Shape of the threshold curves

The shape of the threshold curves varies depending on the subject and center frequency. Most of
the curves, however, present some similar features. Threshold decreases with masker separation
and in general the degree of decrease in threshold is not so accentuated in the first masker separa-
tions.

The main differences are, in general, at the end of the threshold curve. In the last masker sep-
arations, for some subjects and center frequencies, threshold seems to have reached a point where
it flattens off or no longer decreases as strongly as in the previous separations. On the other hand,
for other cases the threshold curve does not seem to have reached that point where it "flattens off".
Compare for example threshold for Subject 9 at 32 Hz and 50 Hz (figure 4.5), for Subject 10 at
31.5 Hz and 80 Hz (figure 4.6) and subject 11 at 125 and 80 Hz (figure 4.7).

The ability to reach a point where threshold curves seemed to flatten off depended on the subject
and center frequency. This point may provide direct information about the effective bandwidth
of the auditory filters, since beyond this limit the masking noise bands do not seem to influence
threshold levels anymore. Threshold levels where the curves flattened off where found to be still
much higher than absolute threshold for the particular subjects. Therefore, it is thought that reach-
ing this point in the threshold curves will provide useful information about the dynamic range
parameter of the auditory filters (r parameter).

4.1.3 Specific cases

Some specific results are discussed here. Focus is put on results that deviate somehow from the
general cases or from the expected results.
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4.2. AUDITORY FILTER SHAPES AND ERB

For example the threshold values obtained for Subject 6 at 80 Hz deviate from the general trends
observed for the rest of the subjects (see figure 4.3, (b)). Here threshold starts at a lower value and
steadily increases to a maximum at a normalized separation of 0.8 and then abruptly decreases to
a value similar to the starting point for the last masker separations.

When running the experiment, for this subject a session had to be repeated because inconsistent an-
swers were observed. Instructions were repeated, indicating to answer when clearly distinguishing
the tone from the noise. Since it is not clear the real nature of the values obtained for this subject
at this frequency, and data deviates from the "normal" subjects, this particular measurement is dis-
carded from further analysis.

Another somehow "special" case is observed in the threshold curves obtained from Subject 8,
figure 4.4, (b). Here threshold does not seem to clearly decrease until reaching normalized masker
separations greater than 1. The measurement will not be discarded in principle, but will be treated
with care in the further analysis.

4.2 Auditory filter shapes and ERB

In this section the main results of the project work are given. All effort has been put in order to
obtain the auditory filter shapes and ERBs in this, until now, uninspected frequency region. The
section is divided in two parts. The first one details the fitting procedure applied to the data and
provides some fitting examples. In the second part, the auditory filter shapes and ERB obtained
for each subject are given. The detection efficiency is also discussed in this part of the section.

4.2.1 Applying the fitting procedure to the obtained data

The fitting procedure has been described in detail in section . However, some modifications were
needed when dealing with real threshold data. Before showing fitting examples and discussing
how the fitting worked in general with the data, the final modifications performed to the fitting
procedure are described.

4.2.1.1 Final modifications to the fitting procedure

From what was found when trying to fit the real preliminary threshold data, the fitting procedure
had to be modified to some extent. One modification was to restrict the possible values the param-
eters could reach. When applying the fitting without restricting the parameter values, sometimes
values with no physical significance where reached. The p parameters, representing the filter
slopes, where restricted to be positive from a lower boundary of 0.05 to an upper limit of 60. The
lower limit of p represents practically a flat filter and the upper limit is much sharper that what has
been found at much higher frequencies [12].

The value of the dynamic range parameter, r, was allowed to vary from a very small positive
number (10−5) to 0.95. The lower limit represents almost no effect, meaning the threshold curve
could provide practically no information about the parameter (threshold probably did not "flatten
off"). The upper limit can not exceed 1 given that the maximum gain of the filter is set to 0 dB, so
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a limit of 0.95 means the auditory filter reaches almost immediately its limiting dynamic range.

The K parameter, representing the detection efficiency, was allowed to vary from a small posi-
tive number (10−5) to 90. The values were considered adequate after fitting example threshold
data. Given that the function of K is to shift the threshold curve either up or down to match the
measured threshold curve, it can take in principle any positive values that allow it to freely shift
the required amount of dBs for any particular case.

Another modification needed was to set a higher integration limit in the threshold equation ap-
plied to fit the data (see equation 2.8). The previous limit of 0.8 had been set because of a recom-
mendation given in [21]. However, the value was recommended because in this particular study
their fitting was insensitive beyond this point. Given that the integration limits of equation 2.8 are
unbounded for the lower and upper side, in principle any high enough value could be used. In
practical terms a high enough value has to be set where the fitting works equally well for the data
set. Following this procedure, a value of 2 was found to be appropriate.

Because of practical reasons, the filter shifts to the maximum S/N position are not currently imple-
mented in this modified fitting procedure. Given that shifts are considered to be in general small,
they don’t significantly affect the filter shape and therefore the filter parameters [3]. However, it
was planned to calculate the filter shifts from the obtained parameters after the fitting, in order to
study how the auditory filter may benefit from shifting in this low frequency region.

Fitting examples and a description of the fitting performance in general and for particular cases
are given next.

4.2.1.2 Examples of fitted threshold curves and fitting performance

Figures 4.8 to 4.10 show examples of fitted threshold curves. The goodness of the fit can be
expressed in terms of the r2 value, which gives an indication of how accurate can be the threshold
prediction. A value close to 0 indicates threshold data can not be predicted by the model and close
1 indicates the model achieves an accurate prediction of threshold.
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Figure 4.8: Example of fitted threshold curves, (left) Subject 4, 31.5 Hz; (right) Subject 3, 50 Hz

In general the model fitted the threshold data with r2 values greater than 0.91. The only 2 cases
where the model could not fit accurately the data are the 2 measurements performed on subject 8
(see figure 4.4, (b)). The obtained values were already discussed in section 4.1.3. Since the model
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Figure 4.9: Example of fitted threshold curves, (left) Subject 9, 80 Hz; (right) Subject 6, 31.5 Hz
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Figure 4.10: Example of fitted threshold curves, (left) Subject 11, 31.5 Hz; (right) Subject 10, 125
Hz

cannot predict the threshold values and the threshold curves for this subject deviate from the "nor-
mal" curves, the 2 measurements performed on this subject are discarded from further analysis.

In general, it was found that the accuracy in threshold estimation improved to some extent for
the cases of subject 10 and 11, where threshold was obtained from averaging more repetitions of
the measurement. As described in section 4.1.1, threshold values obtained in this manner where
slightly smoother than in the other cases, making it easier for the model to match the measured
curve.

The next section shows the filter shapes, ERBs and detection efficiencies achieved for each subject
after fitting the model to the threshold data.

4.2.2 Obtained auditory filter shapes and ERBs

Figures 4.11 to 4.22 show the auditory filters obtained for each subject and associated center fre-
quencies. In the figures, the p and r parameter values are given as well.
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Figure 4.11: Auditory filters for Subject 1, (left) 31.5 Hz, (right) 50 Hz
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Figure 4.12: Auditory filters for Subject 2, (left) 31.5 Hz, (right) 50 Hz
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Figure 4.13: Auditory filters for Subject 3, (left) 31.5 Hz, (right) 50 Hz
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Figure 4.14: Auditory filters for Subject 4, (left) 31.5 Hz, (right) 80 Hz
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Figure 4.15: Auditory filters for Subject 5, (left) 31.5 Hz, (right) 80 Hz
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Figure 4.16: Auditory filter for Subject 6, 31.5 Hz center frequency
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Figure 4.17: Auditory filters for Subject 7, (left) 50 Hz, (right) 80 Hz
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Figure 4.18: Auditory filters for Subject 9, (left) 50 Hz, (right) 80 Hz
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Figure 4.19: Auditory filters for Subject 10, (left) 31.5 Hz, (right) 50 Hz
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Figure 4.20: Auditory filters for Subject 10, (left) 80 Hz, (right) 125 Hz
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Figure 4.21: Auditory filters for Subject 11, (left) 31.5 Hz, (right) 50 Hz
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Figure 4.22: Auditory filters for Subject 11, (left) 80 Hz, (right) 125 Hz

The results shown in figures 4.11 to 4.22 indicate the filter shapes will strongly vary depending on
subject and center frequency. However, some general features can be inferred. For example, even
though the p values were allowed to vary in an extensive range, it turned out that in 17 out of 23
cases the filters ended up being practically symmetrical.

The dynamic range parameter, r, was well determined practically in all cases where the under-
lying threshold curve had reached the point where it flattens off. For the other cases, it achieved
its minimum possible value (10−5), meaning that in the range the threshold curve was measured,
the dynamic range limitation of the auditory filter probably had still no effect on the data. For any
further measurements in this frequency range, it is therefore recommended to include even more
separated configurations.

Another feature is how the filter slope parameters at 31.5 Hz defined in general sharper filters
than at other center frequencies. At the same time, the dynamic range limitation of the filters at
31.5 Hz was better determined than at other frequencies (threshold flattened sooner), and the filters
seem to have a lower dynamic range in general compared to the other center frequencies.

4.2.2.1 Auditory filter shifts

Filter shifts were calculated with the obtained parameters. For the majority of cases, where the
auditory filters are practically symmetrical, the shifts are rather small (less than 6% of center fre-
quency). For the fewer asymmetrical cases, the shifts can easily vary from 0% to 20%, depending
on the notch noise configuration, as was seen in section 2.5.2.

4.2.2.2 ERB and detection efficiency

The ERB was calculated for every case from equation ERB = 2 f0{(1−r)pl
−1[1−(1+ pl)exp(−pl)]+

r}+ 2 f0{(1− r)pr
−1[1− (1 + pr)exp(−pr)]+ r} instead of the approximation f0{2/pr + 2/pl}

[3], given that for low p values the approximation deviates from the exact equation.

ERBs and detection efficiency (K) values obtained for every subject are shown in table 4.1. The
detection efficiency values are given in dB as 20log10(K). High detection efficiencies (small K
values) will lead to small or negative dB values and the opposite is true for poorer detection effi-
ciencies.
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Center frequency (Hz) 31.5 50 80 125
Subject 1 26.0{12.2} 58.1{−3.5} — —
Subject 2 13.6{24.1} 42.6{−0.2} — —
Subject 3 13.9{8.9} 55.0{−4.5} — —
Subject 4 12.6{18.9} — 43.1{−14.9} —
Subject 5 37.1{−0.4} — 54.0{−6.6} —
Subject 6 12.9{26.9} — — —
Subject 7 — 40.9{3.6} 80.6{−22.8} —
Subject 8 — — — —
Subject 9 — 21.4{8.5} 58.5{−14.8} —
Subject 10 9.9{23.5} 32.8{7.6} 54.3{−16.4} 49.6{−24.1}
Subject 11 12.5{13.8} 41.6{−9.2} 49.8{−19.9} 50.5{−23.3}

Table 4.1: Equivalent Rectangular Bandwidths and detection efficiency (ERB{K}) values obtained
for every subject and associated center frequencies

From table 4.1, it can be seen that the detection efficiency for every subject decreases as center fre-
quency decreases. This corresponds well with the fact that subjects needed higher SPLs to achieve
thresholds when tested for the lower center frequency cases.

Even though there is variation in the ERB values depending on subject and center frequency,
there seem to be some general trends in the data. The ERBs at 31.5 Hz appear to be substantially
lower than for the other center frequencies. This indicates the effective bandwidth of the auditory
filters does not reach its limiting point at frequencies around 100 Hz, but continues to decrease as
frequencies approach the infrasonic range.

In the next section the grouped ERB data is analyzed in more detail.

4.3 ERB as a function of frequency

For each center frequency the mean ERB value and standard deviation were calculated. The results
are shown in figure 4.23, where the standard deviation of each group of values are the vertical lines
crossing each mean (circle) value. Table 4.2 shows the mean ERB values obtained for every center
frequency.

Note that, because 3 cases had to be discarded from analysis, there are 8 ERB values at 31.5 Hz, 7
at 50 Hz and 6 at 80 Hz center frequency. The 2 values at 125 Hz were included in the graph and
table for comparison purposes.

Center frequency (Hz) 31.5 50 80 125
Mean ERB (Hz) 17.3 41.8 56.7 50.0

Table 4.2: Mean Equivalent Rectangular Bandwidth values obtained at each center frequency
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Figure 4.23: Equivalent rectangular obtained at each center frequency (mean and standard devia-
tion)

4.3.1 Differences in the ERB values obtained at each center frequency

The data were tested to see if differences between the mean ERB values obtained at 31.5, 50 and
80 Hz were statistically significant. In order to do this, T- tests were performed on the data. The T-
test compares the means of different groups of elements, testing if the differences are high enough
to be considered statistically different from 0. The null hypothesis is that the means are equal and
the alternative hypothesis is that they are different. A p value is found to support or reject the null
hypothesis.

The 31.5 Hz group was compared against the 50 Hz group and the 50 Hz group against the 80
Hz group. Because there are 8 ERB values at 31.5 Hz, 7 at 50 Hz and 6 at 80 Hz and the groups to
be compared must have the same number of elements, a rule was applied to discard one element in
each case. The element that deviates more from the mean was discarded. Then, when comparing
7 ERB values at 31.5 Hz with the 7 values at 50 Hz, a p value of 1.4% was found. This is strong
evidence against the null hypothesis, meaning the differences between the ERBs obtained at 31.5
Hz and at 50 Hz are statistically significant. When comparing 6 ERB values at 50 Hz with the 6
values at 80 Hz a p value of 10.8% was found. This indicates a substantial degree of difference
between the ERBs at 50 Hz compared to the ones at 80 Hz, although not at such a high significance
level as in the 31.5-50 Hz case.

4.3.2 Approximate expression for the ERB in the range 31.5-125 Hz

The data was fitted in order to find an approximated expression that describes the variation of the
ERB with frequency in the range 31.5-125 Hz. For the two subjects measured at 125 Hz (subjects
10 and 11), the ERB value seems to stabilize when compared to the ERB at 80 Hz for the same
subjects. Even though data at 125 Hz was obtained for just two subjects, the fact that for this
subjects the fits where the most accurate and thresholds where measured with more repetitions is
considered supporting evidence that the ERB may stabilize between 80 Hz and 125 Hz. Therefore,
the ERB value at 125 Hz was set at the same value of the average obtained at 80 Hz. In this manner,
an expression describing ERB changes between 31.5 Hz and 125 Hz would reflect data obtained

75



CHAPTER 4. RESULTS AND ANALYSIS

after averaging more subjects in the range 31.5-80 Hz, and at the same time support the hypothesis
that the ERB stabilizes between 80 Hz and 125 Hz.

In a linear frequency scale a cubic polynomial was found to fit the data satisfactorily whereas in a
logarithmic frequency scale a quadratic polynomial provided a good fit as well. The expressions
are given in equations 4.1 and 4.2.

ERB( f ) = 11.07 ·10−5( f )3 −0.03486( f )2 +3.602 f −65.03 (4.1)

ERB( fL) = −151.5( fL)
2 +611.2 fL −558.7, (4.2)

where f is the frequency in Hz and fL is the logarithm of the frequency, fL = log10( f ), ( f = 10 fL).

Because of the fewer parameters and common use of logarithmic scale, expression 2 is preferred.
Figure 4.24 shows the fitted curve using expression 4.2 and the mean ERBs for each center fre-
quency.
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Figure 4.24: Approximated curve representing the variation of the ERB in the frequency range
31.5-125 Hz

When applying the expression recommended in [3], ERB = 24.7(4.27F +1), where F is in KHz,
the ERB values deviate in general from the mean ERB values obtained in this work, the ERB
in 31.5 Hz being 65% overestimated. Therefore, expression 4.2 is recommended when trying to
estimate the ERB in this frequency range.
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Chapter 5

Conclusions

This chapter is divided in three parts. First the applied procedures for the determination of the
auditory filter properties are discussed. The pros and cons of the method and approaches with their
possible influence in the results are addresed. Following this, main conclusions extracted form the
results are suggested. Finally, proposals for further work are given.

5.1 Discussion

Exposure and effects of low frequency noises demand a better understanding of auditory filtering
at low frequencies. Given that below 100 Hz, auditory filters have not been systematically studied,
consistent descriptions of auditory filtering under 100 Hz have not been found. Because of the
importance of this frequency region when analyzing spectral components of machinery noise, an
effort was done in this project to better describe auditory filters in this less inspected frequency
region.

Therefore, main characteristics of the auditory filters in the range 31.5-125 Hz, such as filter shape
and ERB, have been analyzed and explored by means of listening experiments. The center frequen-
cies 31.5, 50, 80 and 125 Hz were tested. Experiments were performed under binaural exposure
conditions in a room conditioned for controlled low frequency sound reproduction.

To obtain the auditory filter properties, a number of threshold measurements have been performed
using the notched noise method with threshold determination based on the ascending method. In
the applied method, main assumptions are based in the power spectrum model of masking, indicat-
ing only magnitude responses are considered and relative phases of the signals are not taken into
account.

One observation regarding the threshold determination, is that the model is sensitive to small vari-
ations in threshold level. This is even more critical at low frequencies, given that overall threshold
variations where found to be much more restricted than what has been observed from other studies
focussed at higher center frequencies. Therefore, the threshold determination method should be
as accurate and reliable as possible. In the case of this project, in a tradeoff between time restric-
tions and accurary, the the ascending method was chosen. It was found that if no repetitions are
included, the method might not be the best in terms of accuracy. However, when more repetitions
were performed, averaged results showed more consistent trends.
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To account for outer and middle ear attenuation, individual equal loudness contours where mea-
sured and notched noise stimuli where accordingly compensated. A threshold determination was
also performed in order to ensure the ELC was obtained well above threshold. However, it has to
be taken into account that it is not fully clear how to estimate outer and middle ear attenuation.
The compensation applied is based on previous works which have used standard equal loudness
contours under the assumption that such responses are due to outer and middle ear attenuation
[3],[24],[15]. Thus, compensating for this response means considering the auditory system from
the cochlea up to higher stages. In this project, the origin of auditory filtering was considered to be
in the cochlea and it was assumed equal loudness contours would reflect the previous fixed attenu-
ation of the outer and middle ear. However, some questions arise regarding the applied correction:

• The first question is where it is more suitable to apply the correction. The compensation
may be applied mathematically after the measurements, in order to fulfill the power spectrum
model of masking. On the other hand, it is also possible to apply the compensation a priori, in
the stimuli. The second option was preferred because in this manner, under the assumptions
made, the signal arriving the cochlea would be the desired one. Besides, it was considered
more accurate to apply the compensation individually.

• Secondly, each stimuli consisted of two different kind of sounds, a noise and a tone. How-
ever, the ELC correction applied considers the relative loudness perception only for pure
tones. Then, a possible limitation is that the relative loudness perception of the notched
noise stimuly is not being considered and may be a better approximation. On the other hand,
in order to control the level at which the tones reach the cochlea, in principle each tone
should be compensated for each subject as well. However, in practical terms this only af-
fects the K parameter, which adjusts the threshold curves up and down in overall level. The
resulting ERB and the filter shape, would remain however, unaffected.

To determine auditory filter asymmetries, the notched noise method was applied with one asym-
metrical configuration. Previous researchers have used two sets of asymmetrical configurations
that consisted of mirror image conditions respect to the tone and a symmetrical configuration [15],
[3]. From ideal threshold data, it was determined that to measure under only one set of asymmetri-
cal configurations would provide all information needed regarding the filter parameters, according
to the assumptions made. This allowed a substantial reduction of time in the experiments, given
that mirror image conditions and symmetrical configurations could be avoided. However, it is
considered that the use of only one asymmetrical configuration to derive the filter shapes has to
be more systematically proven with more subject data using both asymmetrical configurations and
after corresponding comparisons.

Results indicate that the filter shape, under a noise level of 54 dB, is generally symmetrical in
the frequency region 31.5-125 Hz. It was found that the ERB continues to decrease below 100 Hz,
reaching an average bandwidth of 17 Hz at 31.5 Hz. Besides, the dynamic range of the auditory
filter was found to be more limited at 31.5 Hz. However, the dynamic range limit of the auditory
filters could not be fully determined in many cases, indicating masker separation was not wide
enough. For further measurements at low frequencies, it is therefore recommended to include even
more separated notched noise configurations.

Comparisons with other works indicate previous descriptions of the changes in ERB with fre-
quency are not accurate when applied below 100 Hz and compared to the obtained data. A wrong
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estimation of the ERB may have several consequences on perceptual models such as loudness mod-
els. Therefore, a new expression describing the observed behavior of the ERB in the frequency
range 31.5-125 Hz is suggested.

5.2 Conclusions

From the obtained results and according to what has been discussed, some general conclusions
have been extracted. The notched noise method had been previously applied for a wide range of
frequencies showing consistent results. However, no results had been found below 100 Hz. In
this Master Thesis, this was the chosen method to explore auditory filtering in the frequency range
31.5-125 Hz. According to the obtained results, it is considered that the notched noise method can
still be applied in this frequency region, leading to coherent results.

From the obtained results, it can be concluded that the bandwidth of the auditory filters does
not reach its limiting point at frequencies around 100 Hz, but continues to decrease as frequencies
approach the infrasonic range. Considering results from previous works, where the limit for the
determination of auditory filter properties was found to be at 100 Hz, the results obtained in this
project aim to continue and complement these previous studies.

It was also found that in general terms, at a noise level of 54 dB, the auditory filters are practi-
cally symmetrical in the 31.5-125 Hz frequency range. This agrees with results from other studies
focussed at higher frequencies, where it has been found that for low and moderate noise levels the
auditory filters tend to be symmetrical [15], [3].

The dynamic range of the auditory filters was found to be more limited at the lowest frequency
measured, 31.5 Hz. Besides, at this frequency, relatively sharper filters where found in general.
It is recommended, however, to include even wider masker separations than the ones used in this
work, to determine dynamic range limitations in this frequency range.

The results indicate that approximated expressions describing the ERB changes with frequency,
although useful in other frequency ranges, fail to describe what has been obtained in the range
31.5-125 Hz. Deviations are found in general, the average ERB at 31.5 Hz (17 Hz) being overesti-
mated. Therefore, an expression describing the observed ERB behavior is suggested. The general
ERB behavior in other frequency ranges, except below 100 Hz, has been shown in figure 4.24.
Equation 1.3 has been used to appoximate these results. In figure 5.1, a description of the ERB
in low frequencies can be observed. The frequency range 20-80 Hz has been approximated by
the new proposed expression (equation 4.2), while the rest of the frequency range is described by
equation 1.3.

5.3 Further work

Throughout the development of this project, many decisions had to be made regarding important
aspects, such as scope of the project and applied methodologies. However, at some of these deci-
sion points different approaches could have been taken as well. Main aspects that appeared to be
interesting to investigate to the authors are presented next.
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Figure 5.1: The ERB as a function of frequency. The expression suggested by the authors for
frequencies below 80 Hz is plotted together with the the expresion 1.3 used in other frequency
ranges.

• This work has considered the notched noise method for binaural exposure conditions. It
seems interesting now to explore the situation for each ear separatedly, in order to estab-
lish comparisons. In this manner, conclusions about the importance of the central auditory
system regarding auditory filtering might be done. Regarding this, a simple experiment is
proposed. It consists of determining if the filters can be also observed when the tone is pre-
sented in one ear and the masker is input to the other one. If a similar behavior is observed
in terms of auditory filtering, this would mean that central processing is at least as important
as cochlea performance in auditory filtering.

• Other methods for obtaining the ELC and thresholds could be considered. Especially for
the main experiment, as the task was considered rather difficult, a 2AFC based method may
allow better determinations. In the case of the ascending method, averaging more repetitions
is required to obtain more reliable results.

• In order to estimate individual outer and middle ear attenuations based on loudness compar-
isons, other signals but the tone could be used. Given that the signals applied and corrected
for this attenuation are the notched noise stimuli, a method that determines loudness com-
parisons using the notched noise signals may be more appropriate and could be developed.

• The use of only one set of asymmetrical configurations was found to be enough to deter-
mine auditory filter properties with ideal threshold data. However, the reliability of this
approach still needs to be tested with more subject data under mirror image conditions and
corresponding comparisons. Therefore, it is proposed to measure subjects under both asym-
metrical configurations and compare results in order to see if the resulting filter parameters
are approximately equal. This is thought to be an important feature of the notched noise
method, given that a substantial reduction of measurement time can be achieved if this ap-
proach is applied. The time saved could be directly invested in the threshold determination
method, improving its accuracy.

• The widest masker separation used in the notched noise configurations was 1.4 normalized
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frequencies (gl = 0.6; gu = 0.8). However, this was found to be not wide enough in many
cases to determine the point where the threshold curve flattens off and the dynamic range
limit of the auditory filter can be determined. Therefore, it is proposed that for any further
measurements at this frequency region, wider masker separations are used in the threshold
determination.

• During this work, only one reference level of the noise was considered. However, it is
suggested to repeat the measurements including more levels. In this manner, tendencies as
the observed in higher frequencies (for example, filters more asymmetrical at higher masker
levels) can also be evaluated in the frequency range below 100 Hz.
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Appendix A

Anatomy of the auditory system

This project concerns an specific aspect of our hearing system performance: the critical band. The
critical band in this report is considered to be closely related to the cochlea performance. But to
better understand the project and some of the considerations that have been done we are going to
present an overview on the human auditory system and the human sound perception.

In order to give a more practical explanation about the hearing system, the natural direction of
hearing process is followed, from when a sound wave arrives to the outer part of the ear to when
it evokes an auditory event. To analyze it in a more systematically way a initial division can be
made. Thus, we may consider two main parts in the auditory path of the human being, in which
they can be found many organs involved. These main parts are [1]:

1. The peripheral auditory pathway.

2. The central auditory pathway.

Both parts are very important for the understanding of human hearing, we will focus first on the
peripheral auditory pathway, in which the cochlea is included. However a brief description of the
central auditory pathway will be given too, especially because we will consider binaural hearing
and that means internal auditory information processing should be taken into account.

A.1 The peripheral auditory pathway

The main purpose of peripheral auditory pathway is to detect and, to some extent, to analyze the
sound. Three sub-parts can be considered within the peripheral auditory pathway. These three
sub-parts of the ear are shown below in figure A.1 and are called outer ear, middle ear and inner
ear.

A.1.1 The outer ear

In the peripheral auditory pathway, the outer ear receives the sound and sends it to the ear drum or
timpanic membrane through the ear canal. This is also called the Acoustic Path. Its most external
element is the pinna, in charge of the sound collection. The pinna is connected by the concha
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Figure A.1: The outer, middle and inner ear and their different organs.

to the auditory canal. In this part of the peripheral auditory pathway we can point out two main
effects. First, an effect of acoustic filtering by the pinna and the concha which will help in sound
localization ability. Second, the auditory canal will reinforce the frequency region around 4 kHz
due to a resonance effect. The outer ear-middle ear boundary is the timpanic membrane. The
tympanic membrane is a light, thin elastic structure consisting of three different layers. It converts
acoustic pressure variations from the outside into mechanical vibrations to the middle ear.

A.1.2 The middle ear

Also called timpanic cavity, it transforms the pressure variations acting at the tympanic membrane
into the internal mechanical vibrations of the bone structure formed by the hammer, the anvil and
the stirrup. Then, these vibrations will be converted into compressional waves in a fluid at the
inner ear. So it can be be considered as the bridge between the vibration of the ear drum at the end
of the outer ear and the vibration of the oval window at the inner ear. Two functions of the middle
ear must be emphasized:

1. The amplification effects due to mechanical reinforcement of the incoming vibration. It
appears thanks to:

• Lever effect of hammer and anvil.

• Area difference between the tympanic membrane the tympanic membrane and stirrup
footplate, which is attached to the oval window.

As a result of these effects the pressure at the oval window is around 34 times that at the
tympanic membrane. In fact this is going to compensate the transmission losses due to the
change of propagation media, from air at the outer ear to the inner ear liquids.

2. The protection against too high levels of the incoming sound. This feature is carried out by
two muscles in the middle ear: the tensor tympani and the stupids muscle. These muscles
contract automatically in response to sounds with levels greater than approximately 75 dB.
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This have the effect of increasing the impedance in the middle ear by stiffening the ossicular
chain. Thus, the transmission efficiency is reduced attenuating low levels signals up to 12 to
14 dB (but only for frequency signals below 1000 Hz).

A.1.3 The inner ear

Is made up of a series of intercommunicating cavities that together form the bony labyrinth: the
cochlea, the vestibule and the semicircular canals. The cochlea is the most important organ of
the three, specially in regarding the present study, because the basis on which the critical band
concept lies is the behavior of the basilar membrane. The cochlea’s main function is to transform
the energy of the compressional wave within the inner ear fluid into nerve impulses which can be
transmitted to the brain.

The cochlea consists of a tube coiled into a spiral. At one end we find the already mentioned
oval window as well as the round window. This is the base. The opposite extreme is the apex.
The tube is divided in three cavities by two membranes: the Reissner’s membrane and the Basilar
membrane. The outer channels are the scala vestibuli and the scala tympani and are filled with an
incompressible fluid known as perilymph -through which the sound vibrations are transmitted- ,
and the inner canal is the scala media. The scala vestibuli terminates at the oval window and the
the scala tympani at the round window. The figure A.2 is a cross section to the cochlea and shows
its actual aspect and its internal structure.

Figure A.2: The snail-like structure of the cochlea and its internal cavities and membranes.

The cochlea is playing the most important role in the analysis of sound by means of a frequency-
space analysis carried out by the basilar membrane. In shape, the basilar membrane is both narrow
and thin at the base end of the cochlea , becoming both wider and thicker along its length to
the apex. Thanks to this particular shape, input pure tones at different frequency will produce a
maximum basilar membrane movement at different positions or place along its length. This is
the basis of the place analysis of sound by the hearing system. the figure A.3 presents an schema
of this analysis relating position of the maximum of movement at the maximum membrane with
frequency that elicits this response.
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Figure A.3: Tonotopical analysis of frequencies along the basilar membrane.

A.1.4 Transduction from mechanic waves to neural signals

The transformation of compressional waves into nerve impulses represents the starting point of the
central auditory pathway and it is produced as follows: The receptor organ which generates nerve
impulses in response to vibration of the basilar membrane is called organ of corti. This organ lies
on the surface of basilar fiber and basilar membrane and the sensory receptor in this organ are two
types of hair cells.

1. Internal hair cells: Single row of cells roughly 3500 hair cells and of about 12 micrometer in
diameter each one.

2. External hair cells: Three or four rows of cells. There are about 25000 and have a diameter
of 8 micrometer each.

Inner and outer hair cells have very different functions. The inner cell seems to have major role in
afferent information transport, while outer cells are involved mainly in efferent information trans-
port. Most of the afferent neurons, which carry information from the cochlea to the higher level of
auditory system are connected to inner hair cells, each inner cell is contacted by about 20 neurons.

The mechanism involved in the process of converting vibrations into neural firing makes use of
these two kind of cells and can be described as follows: The hairs of the outer hair cells are fixed
to the reticular lamina. Upward movement of the basilar fibers hit the reticular lamina through
the rods of corti. The motion of the reticular lamina makes the hair moves back and forth against
the tectorial membrane which is not the case for the inner cell, since there stereocilia are not
necessarily attached to the tectorial membrane and a fluid move back and forth over the hairs and
bend them. Bending the hair in one direction depolarizes the hair cell and bending the hair in the
opposite direction hyperpolarizes them. This process excites the bases and sides of hair cells which
synapse with the network of cochlear nerve ending creating action potentials in the neurons of the
auditory nerve.
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A.2 The central auditory pathway

So far we have explained what is also known as the acoustical path: The outer ear receives the
sound and sends it to the middle ear. The middle ear serves to transform the energy of a sound
wave into the internal vibrations of the bone structure and ultimately transforms these vibrations
into a compressional wave in the inner ear. The inner converts then the energy of a compressional
wave within the inner ear fluid into nerve impulses which can be transmitted to the brain. At that
point begins what is called the central auditory pathway.

The figures A.4 shows an schema of the central auditory pathway which represents the main stages
of the sound information processing in the brain. These figures distinguish between the monaural
and binaural auditory central pathways. We are not going to look in detail on how exactly are
processed these informations, but at least we are going to mention the main process and the brain
localization of the auditory information processing centers after leaving the cochlea. These are:
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Figure A.4: Left figure: Binaural central auditory pathway. Right figure: Monaural central audi-
tory pathway.

1. Cochlea

2. Cochlear Nucleus (CN): With two main parts, the contralateral anteroventral cochlear nu-
cleus (AVCN) and the dorsal cochlear nucleus (DCN).

3. Medial nucleus of the trapezoid body (MNTB).

4. Superior Olivary Complex (SOC): With two main parts, the medial superior olive (MSO)
and the lateral superior olive (LSO).

5. Dorsal nucleus of the lateral lemniscus (DNLL)

6. Inferior Colliculus (IC).
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7. Medial geniculate nucleus (MGN).

8. Auditory Cortex (AC).

The same is represented in a more simplified way and showing its actual localization in the human
brain in figure A.5.

Figure A.5: Primary Auditory Pathway: from cochlear nerve to the auditory cortex

A.2.1 The auditory cortex

The auditory cortex is the most important center of sound processing in the brain The location of
the auditory cortex is a deep groove in the brain called fissure of Sylvius. Th auditory cortex is
divided into primary auditory cortex and several other surrounding fields. Figure A.6 shows the
location of the auditory cortex in the brain. It is in this part of the cortex where the most part of
sound interpretation take place.
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Figure A.6: The Auditory Cortex: View of the location of the auditory cortex in the brain
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Human sound perception

This section does not intend to be a profound description of the human ability of hearing, but
only a first approximation to the basic principles of sound cognition. Then, below there is a basic
explanation about how do human beings hear in terms of perception and not of the physical signal
only. Particularly, this project concerns an specific aspect of our hearing system performance: the
critical band. This concept is closely related to other features of the human sound perception.
Thus, to better understand the project and some of the considerations done, the most relevant of
these features are going to be presented in this appendix: the loudness perception and the masking
phenomenon.

B.1 Threshold and loudness

The first thing it can be analyzed is what human beings can hear and what they cannot. What
human beings perceive are changes in the pressure. So first question is what kind of changes do
they perceive as sound. This leads to the consideration of two different domains, the frequency of
the sound wave and the pressure level of sound wave. Because not every frequency of sound is
audible by human auditory system. And even if the frequency is in audible range for humans not
every sound wave can be perceived.

The standard frequency range considered as audible range is traditionally the range between 20 Hz
and 20 kHz. However this range may change much along different individuals together with aging
and in fact people is normally capable of perceiving frequencies below 20 Hz, although some fea-
tures of the sound might be lost.

On the other side the loudness perception is influenced also by other effects, as the kind of the
sonorous stimulus ( e.g. pure tones or complex sounds and its bandwidth), the frequency of this
stimulus and the possible simultaneous presence of other sound waves.

The first consideration about sound loudness perception is the pseudo-logarithmic response of
human auditory system to sound pressure changes. Because of that, sound loudness is often rep-
resented by decibels scales. But this non-linear response is not constant along the frequency. To
represent that response, measurements were made on a very large population of young subjects [8].
The results are known as the curves of human threshold of hearing and equal loudness contours
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(B.1).

Figure B.1: Hearing threshold and equal loudness contours (adapted from ISO 226: 2003). The
human auditory system response better to middle frequency stimulus.

In these curves it is observed that the ear identifies middle frequency sounds as louder than low
or high frequencies when equal sound pressure is applied. So it is in this range where human ear
is sharpener or more efficient. To perceive a similar sensation of loudness much higher pressure
is required in low and high frequencies. Furthermore, this changes in loudness perception along
frequency are different along wave pressure itself: when the level of the sound is higher the curves
become flatter.

B.2 Masking

Another important effect on loudness perception is that not every sound that is above the threshold
of hearing (the lower curve in figure B.1) can be perceived. If a sound is given to a subject, while
a louder is also present, then it is possible that the subject does not perceive the lower one. This
process seems intuitive, but on the psychoacoustic and cognitive levels it becomes very complex.
The term for this process is masking, it is probably the most researched phenomenon in audition
and depends on different parameters. These parameters are mainly the frequency of masker and
masked sounds, their spectral structures and their difference in sound level. The figure B.2 repre-
sents the masking curve produced by a single pure tone over other tones when it is reproduced at
different levels.

Definitions of masking differ according to what field it is being related. Masking as defined by
the American Standards Association (ASA) is the amount (or the process) by which the threshold
of audibility for one sound is raised by the presence of another (masking) sound . For example, a
loud car stereo could mask the car’s engine noise. The term was originally borrowed from studies
of vision, meaning the failure to recognize the presence of one stimulus in the presence of another
at a level normally adequate to elicit the first perception.
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Figure B.2: Simultaneous masking pattern of a single masking tone and for differents masker
levels. For each level, a tone under the corresponding curve, would result inaudible.
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Appendix C

The low frequency room at Aalborg
University

In this section a general description of the available facilities for the controlled reproduction of
low frequencies is presented. The setup basically consists of a low frequency room and respec-
tive control room with a control PC. This setup had been implemented in the acoustic laboratory
at Aalborg University for the use in other low frequency related projects before the start of this
project [26],[25].

A brief overview of the properties of the low frequency room and of the required processing to
achieve a desired response is given in this appendix. References are also given for further details
about the functioning of the low frequency facilities.

The main objective in the low-frequency room setup was to be able to reproduce very low fre-
quencies at relatively high sound pressure levels and, at the same time, have a controlled sound
field throughout the entire bandwidth of the signals. The different steps that were necessary to
reach this objective are described in what is following as well.

C.1 General description of the room

The room has been designed to reproduce low frequencies, including infrasonic sounds. It was
reconstructed from an existing infra-sound chamber. It has inner dimensions of 2.72m x 2.70 m x
2.40 m. Figure C.1 shows a diagram of the low frequency room.

There are 20 loudspeakers on each side of the two walls parallel to the x direction. The test cham-
ber has been designed with double concrete walls to obtain a high sound insulation. To reproduce
very low frequencies it had to be designed as airtight as possible.

More details about its construction and materials can be found in [26] and [25].
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Figure C.1: Schematic representation of the low frequency room (taken from [26])

C.2 Reproduction modes

The reproduction modes of the low-frequency room consist of a pressure field mode and a free field
mode.

C.2.1 Pressure field mode

This reproduction mode is valid when the wavelength of the sound is much larger than the room
dimensions. For the low-frequency room a pressure field reproduction can be achieved up to a
maximum frequency of about 25 Hz. In this mode, the amplitude of the sound field will be prac-
tically the same at any position, when all loudspeakers are fed with the same signal. The lowest
frequency that can be reproduced depends on the airtightness in the room. Experimentally it has
been found to be 0.07 Hz [25].

The maximum sound pressure level achieved with this mode depends on the allowed harmonic
distortion of the system. The criteria followed is that the second harmonic has to be attenuated 30
dB respect to the fundamental, third harmonic 40 dB and higher harmonics 50 dB lower than the
fundamental [25]. According to this, there will be a limitation on the maximum displacement of
the loudspeaker’s membrane. With these criteria the maximum sound pressure level achieved in
the room lies around 130 dB [25].

At frequencies lower than about 25 Hz, the response is practically flat. However, at higher fre-
quencies the excitation of the room modes becomes evident and peaks and deeps appear in the fre-
quency response curves. Special signal processing is required to achieve a flat response in higher
frequencies. The description of a free field reproduction mode that implements flat response in
higher frequencies is given next.

C.2.2 Free field mode

In order to achieve a flat response in higher frequencies, a sound equalization system has been
previously designed [26], [25]. The idea is to generate a traveling plane wave with the 20 loud-
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speakers in one wall and actively absorb the sound when it reaches the other wall using the other
20 loudspeakers.

The implementation uses one channel for each loudspeaker, yielding 40 different channels. The
input signal at each channel is convolved with a specific FIR filter and the resulting 40 filtered
signals are amplified and fed to the loudspeakers. The FIR filters are obtained from a least-squares
approximation which minimizes the error between the desired signal (a plane propagating wave)
and a measurement of the sound field for each channel at various predetermined positions [25].
Figure C.2 shows a diagram of the implemented system.

Figure C.2: Free field reproduction system diagram

The implemented system works with a 48 KHz sampling frequency, therefore upsampling is re-
quired after performing the filtering of 1 KHz input files.

The main limitation of the free field reproduction mode comes from the fact that in order to have
the same sound pressure amplitude at different frequencies, the displacement of the membrane of
the loudspeakers has to be inversely proportional to the frequency [25]. The maximum possible
SPL will therefore decrease with frequency, as more displacement is required and harmonic dis-
tortion increases with increasing displacement. For example, the maximum SPL at 10 Hz will be
approximately 106 dB [25].

The free field mode provides a listening region where the response is flat. This region consists
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of all the volume except points within 0.7 m from each of the two walls with the loudspeakers.

C.2.3 Providing a hybrid reproduction mode

Before the start of the project work, the low frequency room had been previously set up and used for
either free field or pressure field reproduction modes. However, because of the high sound pressure
levels required at low frequencies in this project, it was necessary to have the low frequencies
reproduced in the pressure field mode. At the same time, the higher frequencies were satisfactory
reproduced only in the free field reproduction mode.

Figure C.3: Flow diagram of signal path for hybrid reproduction mode in the low frequency room.
The low-pass and high-pass crossover filters are the boxes labeled as LP and HP, respectively

No mode by itself would have allowed an acceptable reproduction of the noise signals. This is
the reason why a hybrid reproduction mode was necessary to implement, reproducing both, the
low frequencies in pressure mode, and high frequencies in free field mode, at the same time. This
was done by means of a pair of crossover filters, which filtered out the lowest frequencies so that
they do not go through the special filtering required for free field reproduction mode and then they
are added back to the high frequencies after this filtering. A flow diagram of the system with the
crossover implementation is shown in figure C.3. The room frequency response with this mode
implemented is shown in figure C.4.
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Figure C.4: Room magnitude response in hybrid reproduction mode

As can be seen, the lowest frequencies up to approximately 10 Hz are reproduced fully in pres-
sure mode and from approximately 30 Hz in pure free field mode. In between, the crossover filter
increasingly attenuates the pressure field reproduction to finally meet the free field reproduction
mode at around 30 Hz. There is some small attenuation of the free field response in points close to
the point where the reproduction modes meet (from approximately 30 Hz to 40 Hz).

Based on the room frequency response, new maximum possible values of reproduction were esti-
mated. The implementation of the hybrid reproduction mode allowed to stay close to the 60 phon
curve for the ELC measurements.

C.3 Listener position in the low frequency room

In the free field reproduction mode a determined listening area where the response is flat is ob-
tained. With the new reproduction mode, however, it was not clear what listening position or
region was more adequate to use. This section illustrates how an adequate listening position was
determined.

C.3.1 The effect of the presence of the chair

With the purpose of having a controlled sound field, the effect of the chair in the low-frequency
room was measured. Figure C.5 shows the room magnitude response with and without the chair
inside the room.

As can be seen in figure C.5, there is in general little effect of the chair. The main differences
appear in the higher frequencies as expected, because of diffraction of the sound waves. For this
measurement the chair was positioned in the standard position selected for the measurements of
threshold, ELC and masked thresholds. The room response was measured at different positions of
the chair, to see if there was an optimal or more convenient position to place the listeners. This is
described next.
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Figure C.5: Room magnitude response with and without chair positioned inside.

C.3.2 The effect of the position of the chair

In order to find an optimal position of the chair for the measurements, its position was moved and
the room responses evaluated. In each case, the microphone was positioned where the listener’s
head would approximately be. The change in position consisted in considering 3 different distances
to the front wall. The distance to the lateral walls was kept the same. Figure C.6 shows a schematic
representation of the measured positions. The room magnitude responses are shown in figure C.7.

Figure C.6: Schematic representation of test positions of the chair and microphone in the low
frequency room (distances in cm, H is the room height and h the microphone height).

Figure C.7 shows that there will be almost no difference in placing the chair in position 1 or 2, but
if the chair is positioned more close to the front speakers (position 3), there will be substantially
more attenuation at the crossover point. Note that position 3 is within the "safe" free field mode
listening region, meaning that following this criterion would not have been adequate.

C.3.3 The effect of the presence of a listener

The effect of the listener in the sound field was considered also. Two measurements were per-
formed with a person inside the room. In one measurement the microphone was positioned close
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Figure C.7: Room magnitude response for different positions of the chair.

to the listener’s head and in the other more far over the head. Figure C.8 shows the results.
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Figure C.8: Room magnitude response with a listener inside for two different microphone posi-
tions.

The main differences appear approximately from 200 Hz. The fact that the response increases
between 200 and 300 Hz when the microphone is close may indicate reflections from the listener’s
head and body. The response in the far measurement position resembles the measurement without
chair (see figure C.5), indicating the microphone is in a position where the free field playback is
not disturbed by the chair and body.

It is thought that the ideal microphone position would be one just outside the pinna, but reflections
from the listener’s head would contaminate the measurement of the incoming sound. Following
the same reasoning, it may be argued that the best estimation of the sound field is the measurement
without the listener, at a position where the ears would be. Besides, the fact that different listeners
may alter differently the sound field would complicate any compensation for the room frequency
response. These are the reasons why no compensation for the presence of the listener was intended.
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C.3.4 The effect of differences in sitting positions and listener’s heights

The response of the room was measured with the chair in a fixed position (position 1 see figure
C.6, P1) with the microphone at positions where the listener’s head would be. The chosen points
aim to represent the possibility of different sitting positions and listener’s heights. The 3 tested
positions are 15 cm left from position 1, 15 cm to the right of position 1 and 20 cm from position
1 to the front wall. The results are plotted together with position 1 in figure C.9.
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Figure C.9: Room magnitude response at different points around position 1.

The results show that there will be almost no variation around position 1 considering the possibil-
ity of different sitting positions. The curve that most deviates from the others is 20 cm in front,
showing the same effect of more attenuation at the crossover point as one gets closer to the front
wall shown in figure C.7. However, the deviation is not so pronounced, and considering the fact
that the most comfortable positions will be the ones where the listeners have their back on the
chair, this position is considered more unlikely to be used.

The effect of different heights was also tested with 3 similar points around a point 20 cm higher
than position 1. The obtained results show a similar pattern as in figure C.9, with practically the
same magnitude response as the measured at point 1.

C.4 Compensating the non-flat response of the room for the
hybrid mode

The final set up used in the room (hybrid mode) resulted in an overall frequency response that was
not flat (see figure C.5). However, an overall flat response was desired.

To account for the non-flat room frequency response, a compensation filter was designed. The
target function of the filter is the inverse magnitude response of the room, so as to achieve a flat
output when reproducing the signals.

The compensation filter approximates the target magnitude response recursively using a Yule-
Walker method based on a least-squares procedure. The design produces an IIR minimum phase
approximation of the target response. The program used to obtain the filter coefficients, LFR_compensation_filters.m,
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MODE

was written in MATLAB and can be found in the attached CD.

The low frequency room response was measured with an MLSSA system and the measurement
has already been shown in section C.2.3. Given that the room impulse response was sampled at
8000 samples/sec, it was necessary to downsample before running the Yule-Walker method to ap-
proximate the target the magnitude response. This was necessary because the filter design method
tries to estimate the magnitude response in the overall bandwidth of the signal, loosing accuracy
in the estimation at very low frequencies.

Because the signals to be used in the control PC for the low frequency room require to be sam-
pled at 1000 Hz, the downsample factor was chosen to be 8. Given that the highest frequency
of the noise signals to be reproduced do not exceed approximately 350 Hz, the target response
was flattened for frequencies higher than this (up to 500 Hz which is the maximum frequency,
f s/2). Because the lowest frequency to be reproduced will be approximately 8 Hz, for the low-
est frequencies the target response was also flattened. Figure C.10 shows the target and designed
responses.
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Figure C.10: Target and designed compensation filter responses

Applying the designed filter to the MLS signal used for the previous measurements, the compen-
sated room magnitude response was measured in the room and is shown in figure C.11.
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Figure C.11: Compensated low-frequency room magnitude response

As can be seen, the response is practically flat until approximately 360 Hz. The main deviations
are less than 2 dB and are confined to the frequency region from 20 Hz to 30 Hz.
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Appendix D

Threshold determination methods and time
consumption

The most common methods for threshold determination that were found in the related literature
are the 2 down-1 up or 3 down-1 up methods. The two alternative forced choice (2AFC) decision
procedure was incorporated in these methods [24]. On the other hand, other traditional methods
have proved to achieve good performance as well. Among them the, the ascending method is
considered to be a fast method [10]. Moreover, this method was the one used in the first phase of
the experiment and was already available. Therefore, two methods were considered for phase two
of the listening experiment: the ascending method (used in phase one) and the implementation of
a short version of the 2 down-1 up approach used in [24].

D.1 The 2 down-1 up 2AFC method

This method is a descending method in which the subject is asked to answer twice for the same pre-
sentation level and only if both answers are positive the level is pulled down. If one of the answers
is different, the level of the signal is raised up (2 down-1 up). The manner in which the subject can
provide an answer is called 2 alternative forced choice. In the 2AFC the subject is presented twice
a stimulus and he or she is forced to state where the signal was present. The procedure consists of
4 level presentations as familiarization procedure with 10 dB steps. After the first two reversals, 5
dB steps in the reduction are applied. Again, after 2 reversals more, reductions in 3 dB steps are
finally applied.

The calculation of threshold can be made with the last 4 reversal levels. The minimum proposed
stimuli duration was 1.5 seconds for each alternative with a 0.5 second silence in-between. One of
the alternatives would contain only the masker and the other would comprise 0.7 seconds of only
masker and 0.8 seconds with both masker and tone. It was considered that shorter durations in the
stimuli might not be enough, given that the integration time in the ear for the lowest components
of some of the stimuli could be violated. With relatively short stimuli, the long term spectrum of
the noise would not be as planned. Besides, it is not sure if the tones could have had sufficient
number of cycles, and this might have an effect on their perception. With the proposed durations,
and assuming the subjects may take around 4.5 seconds to provide an answer, for each tone level
around 8 seconds could be used.

An ideal subject (perfectly consistent), would then require 16 presentations in an optimal case.
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+
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8 s
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(dB)

Figure D.1: Temporal structure of the 2AFC stimulus proposed for the listening experiment.

This would mean a total of 128 seconds (see figure D.2). If, for example, 2 inconsistencies are
considered as an average performance, more presentations would be needed. Considering this, an
average case would take around 20 presentations. In this case, the total time would be around 160
seconds per threshold determination.

THRESHOLD

TIME (seconds)

LEVEL
(dB)

8 secs.

128 secs.

-3 dB

5 dB

10 dB

3 dB

Figure D.2: Total time consumption of the 2down-1 up 2AFC threshold determination method for
an ideal case -shortest possible-.

If 10 notched noise configurations and 2 repetitions are needed per center frequency, more than
53 minutes of running experiment would be reached. Considering 2 breaks of 10 minutes -the
minimum we should consider-, the experiment would take 1 hour and 15 minutes per subject for
just one center frequency. Therefore, the option of considering all 4 center frequencies for each
subject should be discarded if using this method.

Another variation that could help to reduce the time consumption would be presenting continu-
ously the masking noise during the whole experiment. In this manner, each stimuli length could
be reduced as the problem regarding integration time for the noise would be solved. However, this
option would never reduce the total time to less than about 45 minutes per center frequency.
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D.2 The ascending method

The ascending method was already used in phase 1 of the experiment. Consequently, time con-
sumption was approximately known for this method. Thus, just few minor changes were consid-
ered, such as changing the familiarization starting level. As an average, subjects used around 70
seconds per threshold determination during phase 1. An average of 80 seconds is considered for
the calculations, as the task could be found more difficult in this case.

Masker

2 s

3 s approx.

Time (seconds)

Level
(dB)

Tone Tone To

Figure D.3: Structure of the stimuli for the ascending method. The noise is played back continu-
ously as the tones are reproduced for two seconds with a pause in between.

The structure of the signals can be seen in figure D.3 and the procedure and duration of one deter-
mination for a consistent subject is shown in figure D.4. A consistent subject is one who provides
only correct answers with respect to his own threshold. The total duration seems to be relatively
short, but it should noticed that the timing is just an approximation and the example is one of the
best possible cases. It should be also noticed that in the case of the ascending method, the subject
is expected to press the button during the time the sound is being played back. This makes the next
level to be presented shortly after the previous is finished, making the procedure faster.

THRESHOLD

TIME (seconds)

LEVEL
(dB)

3 secs.

42 secs.

5 dB

10 dB

5 dB 10 dB -12.5 dB - 7.5 dB 5 dB
- 7.5 dB 5 dB

Figure D.4: Example of a threshold determination with the implemented ascending method for an
ideal case with a totally consistent subject -shortest possibility-.
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As 10 threshold determinations (for each of the 10 notched noise configurations) and two repe-
titions are needed, almost 27 minutes would be required for each frequency. With one break in
between the experiment would take around 40 minutes. It would still not be possible with this
method to investigate the 4 center frequencies individually. If this was the case, the experiment
would take too long, considering subjects were volunteers. Nevertheless, 2 center frequencies
could be considered, which still offers the possibility of establishing comparisons between differ-
ent frequencies.

To conclude this time consumption comparison, it should be noticed that when doing the same
number of measurements, the 2 down-1 up 2AFC method would take almost double of time com-
pared to the ascending method.
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Appendix E

Threshold and equal loudness contours
results

In order to account for the variations on perception of loudness along frequency, the signal stimuli
were shaped with respect to the equal loudness contour of each subject for a level loud enough
to be clearly audible but not above the limit of the room. The ELC chosen as reference was that
corresponding to 78 dB at 80 Hz (around 60 phons curve).

The frequency range of interest was that between 8 and 250 KHz. For these frequencies both
the mentioned ELC and the threshold of hearing were obtained. Comparing both we can observe
the safety margin in dB from audible to maximun level admissible for each subject. However only
the ELC was directly used further in the project. For the threshold of hearing determination the
ascending method was used, and for finding the equal loudness contour the maximum likelihood
method was used.

In this appendix they are presented the results obtained for both the threshold of hearing and
equal loudness contour for 60 phons. They are shown all the curves obtained, subject by subject,
including that (subject 8) who was discarded for the rest of the test. Note that two other subjects
were analised but the required level for this subjects to match the 8 Hz tone with the reference (80),
was so high that it was not possible with the set up available. For this reason results could not be
achieved and they are not in this appendix.
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Figure E.1: Thresholds of hearing and reference equal loudness contours. Subjects 1 (left) and 2
(right).
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Figure E.2: Thresholds of hearing and reference equal loudness contours. Subjects 3 (left) and 4
(right).
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Figure E.3: Thresholds of hearing and reference equal loudness contours. Subjects 5 (left) and 6
(right).
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Figure E.4: Thresholds of hearing and reference equal loudness contours. Subjects 7(left) and 8
(right).
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Figure E.5: Thresholds of hearing and reference equal loudness contours. Subjects 9 and 10 (right).
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Figure E.6: Thresholds of hearing and reference equal loudness contours. Subjects 11 (left) and
12 (right).
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Appendix F

Generation of notched noise signals using
MATLAB

The notched noise stimuli were generated using MATLAB [29]. To obtain the notched noise
stimuli to be presented to the subjects in the listening experiment 3 steps were necessary. The
first step was to design the filters with the chosen configurations for the noise bands around the
tones. These filters are called here the "notched noise filters". The second step was to shape the
notched noise stimuli obtained after step 1 according to the ELC curves that were measured for
each subject. The third and final step was to apply the hybrid mode compensation filter to the
resulting signals obtained after step 2.

F.1 Step 1: Design of the notched-noise filters

The "Filter Design & Analysis Tool (FDA)" was used for designing the appropriate filters and ob-
taining the filter coefficients. The filter coefficients were input to a program used for generating
and filtering the noise signals. This program is called "signals.m" and can be found in the attached
CD.

In most cases three filters were needed to obtain the pre-designed notched noise configurations.
At first, a stopband filter was designed and used to filter a white noise signal. Following this, the
filtered noise signal was highpassed and then lowpassed (the order is not important since the same
result is achieved in any case). The cutoff frequencies for every notch configuration are the ones
indicated in figure 2.12. Figure F.1 shows a schematic representation of the required filtering to
obtain the notch noise configurations.

F.1.1 Determination of filter type and filter parameters

The "Filter Design & Analysis Tool" allows to enter parameters such as filter type, filter order,
stopband frequencies, stopband attenuation and sampling frequency. All this information is used
to calculate the filter’s response.

Based on inspection of the magnitude response of the filters, it was established that a Cheby-
shev type II IIR filter gave responses that were satisfactory according to what was desired. The
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Figure F.1: Filtering needed to obtain the basic shape of the notched noise signals according to the
designed configurations

filter order was chosen to be 200 in order to achieve transition bands as narrow as possible. The
stopband attenuation was set at -80 dB. The filter achieves a completely flat passband and ripple is
only observed in the stopband. An example of a designed response is shown in figure

F.2.

Figure F.2: Example stopband filter using a 200 order Chebyshev IIR filter with 75 Hz and 150 Hz
stopband frequencies

The response shown in figure F.2 is the one that is calculated in the FDA tool. The calculated filter
performs well in low frequencies and has a very sharp transition, achieving practically a square
box response.

Using the same procedure the lowpass and highpass filters were designed. The filters where also
200 order Chebyshev type II IIR, and the cutoff frequencies for each center frequency were chosen
according to the desired notched noise configuration (see figure 2.12).

Once the filters were designed, white noise signals were generated and successively filtered with
the 3 filters according to what is shown in figure F.1. Wavefiles were stored and then reopened
for testing the response. To avoid clipping, the data was normalized by the maximum value of the
noise before storing the wavefiles. FFT analysis was performed on the resulting files for testing
the response. This is described next.
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F.1.2 Testing the filter response

Once the filters were designed they were used to filter a white noise signal generated in MATLAB.
Because of the fluctuating nature of the noise, linear average of FFT’s performed on windowed
segments of the noise was used in order to display the resulting magnitude responses. To attenuate
spectral leakage, Hanning windows were used.

The FFT size was set to N = 1024, and given that fs = 1000 Hz this gives a resolution of fs/N ≈ 1
Hz for observing the results. The linear average was performed by averaging several 50 % overlap-
ping blocks of 1024 point FFT magnitude responses. Figure F.3 and F.4 show example responses
for cases of narrow notch (generally present at the low center frequencies) and wider notch (gen-
erally present at the higher center frequencies). The gains were manually set to zero dB for illus-
tration purposes (given that in MATLAB the calculated gains will have arbitrary magnitudes de-
pending on the FFT size). The program that performs this calculations is called signals_overlap.m
and can be found in the attached CD.

0 20 40 60 80 100 120 140 160 180 200
−90

−80

−70

−60

−50

−40

−30

−20

−10

0

Frequency (Hz)

M
ag

ni
tu

de
 (d

B
)

Figure F.3: Average long term spectrum of filtered white noise signal, 20 Hz wide notch
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Figure F.4: Average long term spectrum of filtered white noise signal, 160 Hz wide notch
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APPENDIX F. GENERATION OF NOTCHED NOISE SIGNALS USING MATLAB

As can be seen, the notches are very sharp. According to the threshold data shown in [3] and
[15], the signal level at threshold does not vary more than 45 dB. This considers the difference
between the threshold SPL at the narrowest notch separations and at the widest notch separations,
being the starting threshold SPL values approximately equal to the noise level. Thus, the signal
to noise ratio achieved inside the notch, that is where the tones will be placed, can be considered
sufficiently high.

F.2 Step 2: Applying the ELC shaping filters

The objective of the ELC measurement was to apply a filter that shapes the notched noise signals
so that they have the same shape as the obtained ELC curves. Given that individual ELC curves
were obtained, individual stimuli will be obtained after applying this filters.

In order to obtain a smooth continuous curve from the 8 discrete measured frequencies, a cu-
bic spline interpolation was performed [29]. Given that in the main experiment the noise levels
will be approximately the same as the levels of the ELC measurement, relative gain values respect
to the reference level (80 Hz at 78 dB) were obtained rather than absolute gain values.

The gain value at each frequency was obtained by subtracting the reference SPL level from the
SPL level obtained at each frequency where equal loudness was determined. The gain at the ref-
erence frequency (80 Hz) was set to zero dB. Following this, the interpolation was performed to
obtain a smooth continuous gain curve.

To obtain a filter that follows the desired gain curve, a Yule-Walker method to approximate a
desired magnitude response was used [29]. The desired magnitude response was obtained after
the gain values in dB were transformed into absolute magnitude values. The method used is in
principle the same used for obtaining the hybrid mode compensation filter (see section 2.3.2).

Because the required SPLs at frequencies lower than 8 Hz will be in most cases exceeding the
dynamic range of the low-frequency room, the interpolated curve was manually flattened for fre-
quencies below 8 Hz, before running the filter design method.

Figures in E show the ELC curve interpolations, where the measured values are shown in circles.

F.3 Step 3: Applying the hybrid mode compensation filter

The hybrid mode compensation filter accounts for the non flat frequency response in the room.
The filter has been tested and described in section 2.3.2. All noise signals were filtered with this
compensation filter before their storage as wavefiles.

The final signals where stored as wavefiles. To avoid clipping and allow an easier reproduction
in the low frequency room, every signal was normalized by the same factor. This factor was the
single maximum value found on the notched noise stimuli of all subjects.
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Appendix G

Listening experiments: Instructions sheets

As explained in the main report two different listening experiments sessions were needed during
this work. The first session was performed using 14 subjects and consisted of an absolute thresh-
old of hearing determination and an equal loudness contour determination (ELC) for pure tones.
The second measurement was a threshold of hearing determination for pure tones in presence of
a notched noise masker. This measurement was carried out for the 11 selected subjects from the
original 14.

To perform the experiments the subjects needed some instructions. In this appendix the reader can
find the instructions sheets that the subjects were given at the beginning of each of the two listening
experiments run during the project. When needed they were accompanied by oral explanations.
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Listening Experiment: Phase 1

Welcome to our listening experiment. This is a description of the experiment you are going to
participate in. Here we describe what will be your task and all relevant information regarding the
experiment. Please take some minutes to read carefully and feel free to ask if you have any doubts
or questions.

Please before we start we need some information about you:

• Name:

• Age:

• Occupation:

Description of the Listening Experiment

This experiment is divided in 2 parts. In each part of the experiment you will be sitting on a chair
in a listening room where sounds will be presented to you. You will have a control board with two
buttons to deliver your answers.

Part 1

In the first part of the experiment two sounds will be presented to you one after the other. Each of
the buttons of the control board will be associated to one of the sounds (left-first, right-second) and
they will light during their presentation. Your task will be to determine the sound which sounds
louder to you. After the presentation of the pair of sounds, both buttons will light and you will be
requested to press the button associated with the sound you perceived as the loudest. Loudness can
be seen as a measure of the strength of the sound, or the quality of the sound which is altered by
means of a volume control, i.e in a radio receiver. The process will be repeated several times for
different pairs of sounds. It may be possible that sometimes the sounds seem equally loud to you,
however you are requested to choose an answer, making your best choice.

Part 1 will be divided in two similar sessions with a break in between for you to relax and have
a coffee if you wish so. The overall duration of this part will be around 30 minutes (with break
included).

Following the end of Part 1, a break of approx. 10 minutes will take place. We will continue
with the second part of the experiment described in what is following.

Part 2

In the second part of the experiment, a sound will be presented to you and the volume of the sound
will vary to some extent from presentation to presentation. The left button of the control board will
light during the whole duration of this part of the experiment. Your task will be to press the left
button if you hear a sound. In some occasions you will not hear anything, in this cases you should
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APPENDIX G. LISTENING EXPERIMENTS: INSTRUCTIONS SHEETS

not press any button. After some presentations a new sound will be presented to you and the same
procedure will be repeated. Only the left button of the control board will be used in this part of the
experiment. The duration of this part will be approximately 10 minutes.

Before we start with the experiment, note that there will be no right or wrong answers, we are
interested in how you perceive the sound so we rely on your best judgment. The levels of the
presented sounds present no risk of hearing damage.

Don’t hesitate to ask any questions or comments about the experiment. Thank you in advance.

David & Carlos
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Listening Experiment: Phase 2

Welcome back to our listening experiment. The experiment you are going to participate in will
allow us to investigate aspects of human hearing performance that have never been investigated
before. The measurements have been custom-made for every one of you so we will take into ac-
count your personal hearing features. Results could be applied in many fields and will help to
predict and avoid annoyance of many of today’s daily life noises. Therefore your help is of great
importance and we’d like to thank you for participating. Here we describe what will be your task
and all relevant information regarding the experiment. Please take some minutes to read carefully
and feel free to ask if you have any doubts or questions.

Please, before we start we need some information about you:

• Name:

• Age:

• Occupation:

Description of the Listening Experiment

The experiment will be divided in two similar sessions with a break in between for you to relax.
The duration of each session will be around 15 minutes. During the experiment you will be sitting
on a chair in a listening room where sounds will be presented to you. You will have a control board
to deliver your answers.

In order to perform the experiments you will be presented two kinds of sounds. During the whole
experiment you will continuously hear a low noise in the room. At the same time a low frequency
tone will be periodically presented (a low frequency tone is a sound similar to a very low musical
note in a wind instrument). The noise will remain constant, but the tone will change in loudness in
such a way that you will sometimes hear it, and sometimes not.

The left button of the control board will light during the whole duration of each measurement.
Your task will be to press that button if you clearly distinguishthe sound out of the noise. This
doesn’t mean that you press only when the tone is powerful, as you might be able to distinguish it
even if its level is not very high. Just press the button when you notice the tone clearly.

Twelve short sets of measurements will be carried out before the break and 12 more after. But
we will first begin with one demonstration that will clarify your task.

Before we start with the experiment, note that there will be no right or wrong answers, we are
interested in if you perceive the sound so we rely on your best judgment. The levels of the pre-
sented sounds present no risk of hearing damage.

Don’t hesitate to ask any questions or comments about the experiment. Thank you in advance.

David & Carlos
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