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An overview of auditory filter banks

Introduction

Auditory filter banks attempt to model the frequency resolution of the human auditory system
as a filter bank of non-uniform bandpass filters. We can categorize these filter banks into those
that are modeled after psychoacoustic and/or physiological data and those that are not modeled
off of either of those measures. The classic auditory filter bank that was not directly based on
psychoacoustic experiments or physiological measures is the constant-Q filter bank, which we
can break down into the third-octave filter bank and the auditory wavelet transform filter bank.
Those modeled after psychoacoustic and physiological measures can be categorized into three
families: rounded exponential (roex), gammatone, and filter cascades. Through an exploration
of the different models, we will see how these auditory filter banks are related to each other and
also how each one differs in its strengths and weaknesses.

We will first begin with a brief explanation of how the ear is believed to work and consider the
desired characteristics of an auditory filter bank. Then we will examine the different families of
proposed auditory filter bank models as well as their strengths and weaknesses.

The Ear

An understanding of the way humans process sound is necessary when designing auditory filter
banks. When an acoustic signal enters the ear, it travels through the outer, middle, and inner
ear. It triggers a mechanical bone response which affects the fluid of the cochlea and creates
traveling waves in the basilar membrane. Each frequency that we can hear triggers a response
on the basilar membrane at a specific location. The ear decomposes the time domain signal
into a frequency representation on a nonlinear scale. The hair cells along the basilar membrane
convert this frequency response into electrical signals that are propagated to the brain [10]. The
nonlinear scale has been modeled previously on the ERB and Bark scales [17].

Many of the following filter banks begin as linear models, but have been incorporated

with nonlinear measures and parameters including level-dependence and instantaneous
nonlinearities [4, 11, 13]. An important feature of the cochlea is its ability to compress a wide
range of sound levels to a narrow range of cochlear motion. This property is modeled by level-
dependent filters that exhibit the quality where the signal level increases are paired with filter
gain decreases [14]. Instantaneous nonlinearities include combination tones such as the sound
that emanates from the ear itself [15, 16]. It has also been shown that the filter of the human
ear is approximately symmetric for low frequency input but asymmetric for higher frequency
input where there is a shallower low frequency skirt and a steeper high frequency skirt [4].

Desired characteristics for auditory filter banks
A review of the literature covering auditory filter banks reveals that each author has his or her

own criteria for a good auditory filter bank. When evaluating these models, it is important to
keep in mind the motivation for the existence of the model. For some researchers, it is the
simplicity of the description in either domain that is the most important characteristic while for
others it is perceptual or physiological accuracy that is paramount. In even other models, it is



the invertibility of the transform that holds higher importance over perceptual or physiological
preciseness. Although the criteria for the filter bank models differ, they seem to all agree on

the idea that the nonlinearities of the cochlea play a large role in the way we hear. Additionally,
because each model borrows ideas from other models, we will still find similar results in auditory
filter banks that were designed with different goals in mind.

Constant Q

The constant Q transform filter bank has been widely used to approximate the human auditory
system. Because of the constant difference in both frequency and resolution of the Fourier
transform, the Fourier transform cannot be directly used to approximate the human auditory
filter bank. The constant Q transform, on the other hand, has a similar calculation to the
discrete Fourier transform, but the ratio of center frequency to resolution is kept constant,
making it easier to map signals to what we would think of as musical frequencies or notes [1].
In this model, the time and frequency resolutions are nonuniform and bandwidth increases
as the frequency increases. A smaller window size is used in the high frequency area which
translates to better time resolution in the high frequencies. For that reason, there are usually
more samples in the higher frequencies.

Third Octave

The third octave filter bank is also a model that has been widely accepted as an imitation of
the human auditory system. In this filter bank, the input signal is decomposed into octaves and
these octave bands are further decomposed into third octave sections. The third octave filter
bank is an approximation to the critical bands of hearing as it models the idea that signals are
perceived to mask one another when they occur within a critical band of one another [8].

Auditory Wavelet Transform

The wavelet transform has also been used to model an auditory filter bank. By choosing the
correct analyzing wavelet from the impulse response of the auditory model, this filter bank
approximates the human auditory system. It has been claimed that the auditory wavelet
transform could be used to both analyze and resynthesize a signal with the help of a Hilbert
transform. Because the wavelet transform analyzes a signal on a log-linear frequency scale
with constant Q, it has been thought to be a good model for simulating the nonlinear frequency
response of the human auditory system [3].

Models motivated from psychoacoustic and physiological data
Auditory filter banks based off of psychoacoustic data include the results seen from tone-

masking experiments and notched noise masker experiments. These type of experiments

have revealed the desired skirt shape for auditory filter simulations [2,18]. Those that are
modeled after physiological data involve the reproduction of measured mechanical responses
of the basilar membrane as well as neural responses of the auditory nerve. Models based on
psychoacoustic data are not expected to agree with those based on physiological measures as
there is much neural processing in between the basilar membrane response to signals and the
perception of the signal itself. However, we can still expect the nonlinear cochlear processing to
be reflected in both types of models.

Rounded Exponential (roex) Family
The roex family of auditory filter banks is described by the power frequency response. The
simplest model of the roex family of auditory filter banks just takes into account one parameter,



the shape parameter or the bandwidth. Other related roex models take bandwidth and

skirt shape into account. Another model has been proposed to control the low side as well

as the high side of the skirt to take asymmetry into account. Several other roex filter have

been proposed with as many as six adjustable parameters. These filter banks have been
criticized for having too much flexibility. The roex family of auditory filter banks are not easily
implemented nor are they used very often. They are best used for describing an auditory filter’s
magnitude transfer function shape [16].

Gammatone Family
The gammatone family of auditory filter banks includes the gammatone filter, which is modeled

after matching the impulse response of the filter to the impulse response of the auditory
system in animals, and filters based on the gammatone filter with nonlinearities added. The
gammatone filter can be thought of as an asymmetric envelope and is simply a gamma
distribution envelope multiplied with a tone in the time-domain. The peak and skirt shape of
these filters are better than those of the roex family filters, but these filters are linear, which are
undesirable for auditory filter banks [19]. Unfortunately, by nature, the passband of these filters
are almost symmetric, which is not desired for an auditory filter bank [6]. Additionally, they are
hard to implement based on the Laplace-domain poles and zeros [13, 16].

The compressive gammachirp filter is a generalization of the gammatone filter. It was designed
based on the observation that the auditory filter changes shape depending on input signal

level in psychoacoustic masking experiments. This auditory filter includes a chirp that is often
observed in basilar membrane response. It also meets the goal of being a nonlinear filter
bank capable of both analysis and resynthesis [5]. In the frequency domain, the compressive
gammachirp filter is more realistic and controllable than the gammatone filter as it exhibits
asymmetry. Again, this filter is difficult to implement and approximate due to the lack of a pole-
zero decomposition [16]. The all-pole gammatone filter approximates the gammatone filter by
removing all the zeros [20]. The one-zero gammatone filter extends the all-pole gammatone
filter and adds an extra real zero to give more precise control of the low-frequency tail. It also
uses automatic gain control which is a feedback loop that keeps the output level from varying
too much. The output level feeds back through parameters so that higher output will lead to
lower filter gains. Both of these two filters fix the problems of the gammatone filter and the
gammachirp filter by simplifying the Laplace-domain description and implementation while still
preserving asymmetry in the frequency domain [6].

Filter Cascade

Filter cascade models are described by poles and zeros so they are inherently more easily
implemented than the previous filter banks mentioned. They are modeled as linear wave
propagations and nonlinearities are incorporated afterwards. They approximate the magnitude
and phase along the basilar membrane at various frequencies [12, 15]. The all-pole filter
cascade is similar to the all-pole gammatone filter. It is a tapped filter cascade structure that
is efficient with easily computed properties and allows for level-dependent nonlinearity with
the variation of a single parameter. Two-pole filters in cascade have been shown to be good
enough to approximate the human auditory system [14]. Its drawbacks include a high-side
that is not sharp enough and an unrealistically long delay when tuned for frequencies that are
required by the auditory system [16].

The pole-zero filter cascade is a cascade of two-pole two-zero second-order filter sections.
Each output channel has one of these filter sections. Nonlinearity has been added through an



automatic gain control feedback system. The pole-zero filter cascade has been shown to be
quite good at matching both psychoacoustic experimentation results and physiological results.
It is argued that the pole-zero filter cascade is realistic in both the time domain and frequency
domain. Itis strong where the all-pole filter cascade is not as it allows for control of the delay,
high side steepness, and low frequency tail of the filter [14, 15].

Newer models
There is much literature surrounding the above auditory filter banks, but there also exist two

other models that have recently emerged. The first is Li’s auditory-based transform in which
the goal was to create an invertible transform that is closer to the way the auditory system
works than the Fourier transform and the wavelet transform. The auditory-based transform is
actually quite similar to the gammatone filter banks, but slightly different because its main aim
was the invertibility of the transform and not emulation of the human hearing system [9, 10].
Another recently proposed model is called the synchrony-capture filter bank which is based
on an observed property of auditory nerve fibers. In this feature, when multiple harmonics
are present, the auditory nerve fibers work in a “winner-takes-all” fashion and lock onto the
dominant harmonic only. The model uses a gammatone filter bank and each filter is cascaded
with three bandpass filters. The center frequencies of the bandpass filters are adjusted and
tuned by feedback [7].

Conclusion

We have covered a wide range of auditory filter banks with the goal of giving a glimpse of the
thought process behind the design of a model that emulates human hearing. From the patterns
seen through all the previously mentioned filter banks, it seems that future models will continue
to extend former models and give a better understanding of the way human hearing works.
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