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Abstract

A computational nonlinear cochlear filter model with adaptive
Q circuits is described. The model is build by introducing adaptive
Q circuits into the linear cascade/parallel cochlear filter-bank. The
adaptive Q circuit is composed of two part: a second order low-
pass function (LPF) and a Q decision circuit which calculates LPF's
Q in every time frame according to the input spectrum level. This
model functionally simulates three level dependent characteristics
observed in the basilar membrane motion: level dependent
selectivity, level dependent sensitivity and level dependent
resonance frequency shift. The model output gives better internal
speech spectrum representation than those of a linear cochlear
filter-bank. Namely, (1) weak consonants and higher formants are
enhanced, (2) both the temporal and the harmonic structure are
consistent at the same time frame, and (3) the spectrum are
spread and enhanced where the spectrum changes abruptly.
These advantages, which are the phenomena observed in the real
auditory frequency analysis, support the effectiveness of the
model.

Introduction

The spectral analysis performed in the auditory pathway is
quite different from spectral analysis based upon the digital signal
processing we usually use. This means that the internal spectrum,
the sound spectrum representation in the auditory pathway,
differs from the physical spectrum. Hence we believe the internal
spectrum is superior to the physical spectrum when discussing
perceptual cues of speech, evaluating the quality of synthesized
speech or using it as an input vector of an automatic speech
recognition system.

In order to obtain the internal spectrum representation,
there have been many attempts to build an auwditory model which
adequately reflects the sound spectral transformation that takes
place in the human auditory pathway, particularly in the cochlea .
The cochlea 1is a nonlinear spectral analyzer composed of two
systems: the basilar membrane vibrating system which performs
an active nonlinear filtering with outer hair cells, and the inner



hair cell systcm‘ which activates the eighth-nerve according to the
basilar membrane displacement.

Many previous auditory models tried to simulate this
nonlinear signal processing in the cochlea using a linear filter
bank stage followed by a nonlinear processing stage. In those
auditory models, several basic auditory functions, such as level
dependent filtering characteristics, could not be realized since
nonlinear basilar membrane motion was simulated by a linear
filter.[Lyon(1982), Allen(1985), Shamma(1985), Seneff(1986),
Ghitza (1986), Linngard (1986), Komakine et al. (1988)]

On the other hand, there are several nonlinear basilar
membrane models which deal with active vibrating mechanisms
of the basilar membrane.[de Bore(1983), Neely et al.(1985),
Kohda(1986), Li Deng et al. (1987)] Although many of these
models are described by partial differential equations based on
cochlear hydrodynamics, they require considerable computational
time to produce the model output. A few models succeeded in
building an efficient nonlinear cochlear preprocessing model by
using an analogue circuit [Zwicker (1986), Lyon et al. (1988)].

In this paper, we describe an efficient computational model
of the nonlinear filtering performed at the basilar membrane
system that is constructed by introducing adaptive Q circuits to
the cascade/parallel linear cochlear filter-bank. We show the
details of the nonlinear cochlear filter with adaptive Q circuits and
discuss the model characteristics. Then the spectrogram obtained
by the proposed model is compared with that of the traditional
linear cochlear filter-bank.

Nonlinearity of the basilar membrane system

Since von Békésy observed basilar membrane motion, it had
been believed that the basilar membrane is a passive linear
system having a broad frequency selectivity. However,
observations of the basilar membrane motion in fully functioning
cochlear indicated that the basilar membrane itself has very sharp
frequency selectivity for low sound pressure level input as
measured neuro-physiologically at the eighth-nerve.[Khanna et




al.(1982), Sellick et al. (1982)] Moreover, it is shown that the
transfer characteristics of the basilar membrane system vary
depending on the input signal level. Furthermore, findings of the
cochlear echo [Kemp (1980)] and studies on oto-acoustic emission
[Zurek (1980)] suggest that the basilar membrane is an active
system.

In Fig.l, basilar membrane displacement observed at the
place corresponding to 18kHz for four sound pressure levels is
plotted as a function of input signal frequency. [replotted from
B.Johnstone et al., (1986)]. In Fig.l, three interesting points of
behavior of the basilar membrane motion are indicated; (1) level-
dependent frequency selectivity, (2) level-dependent nonlinear
reduction of the relative gain at the resonance frequency, and (3)
level-dependent resonance frequency shift. The first two
characteristics make the basilar membrane system an excellent
spectral analyzer, that is, increasing the signal-to-noise ratio for
weak components of the input by increasing not only the gain but
also the resonance Q of the channel. However, the advantage of the
third point of behavior for an auditory spectral analyzer is not yet
known.

An adaptive Q circuit

In order to simulate nonlinearity of the basilar membrane
system mentioned above, the adaptive Q circuit in Fig.2 ‘s
introduced. The adaptive Q circuit consists of two parts; a second
order low-pass function and a Q decision circuit.

First, when the gain at DC is set at unity, the transfer
function of the second order low-pass function LPF(s) is given by
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where @, and Q; are the pole frequency in radian and the Q

LPE(s) =

(quality factor) at the pole, respectively. Its magnitude frequency
response
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is shown in Fig.2 for four Q, values. The maximum value of
ILPRG®)! is

: Q
Gmax = lLPF(J(Dmax)I = Wl/(4Q12) [3]
where
Omax = {1-1/(2Q)} 0, [4]

When Q; is large, the formulae [3] and [4] show that the second
order low-pass function reaches a maximum gain Q) at ®=w®;. At
this time, its transfer characteristic is that of a low-pass filter with
a single resonance at ®jand with Q of the resonance nearly equal
to Q). Then, the decrease in Q; brings the reduction of G ,,, the
lower shift of Wy, and the Q decrease simultaneously. When Q is
below 1/V2, the transfer characteristic becomes that of a simple
low-pass filter, where ®; and Q; are not significant. This means
that we can control the maximum gain, the resonance frequency
and the Q, simultaneously by choosing adequate values of Q.

Next, let us consider a Q-decision circuit which calculates
Q(t), the Q of the second order low-pass function at the time
frame t, from controlling signal y(t) in every time frame using the
following formulae.

Qmax p(t) Spmin
Qi(t) = Qmax{1-p(t)*}+Qmin pmin < p(t) <Pmax [5]
Qmin pmax < p(t)
where
p(t) = (p(t) - pmin)/(prmax - pmin) [6]

While Qmax, Qmin, pmax, pmin and a are constant, p(t) is the
logarithmic power of the controlling signal at time frame t, which
is given by '

P = log( ' Iy()1av8) (7

where O is a constant which determines the renewal period of
Q1(t). The input-output function of the Q-decision circuit for a=1 is
shown in Fig.2. This Q-decision circuit generates the largest Q
when p(t) is smaller than rmin and the smallest Q) when P(t) is

greater than rmax. When p(t) is between pmin and pmax, an
intermediate Q] value is generated inversely proportional to p(t).




Cochlear filter with adaptive Q circuits

There are several ways to build a cochlear filter-bank with
the adaptive Q circuit. Fig.3(a) shows a parallel type ‘system in
which adaptive Q circuits are connected to each output of the N
channel parallel band-pass filter bank. Fig.3(b) shows a cascade
type system where the N adaptive Q circuits are connected in
cascade. R.F.Lyon's analogue cochlear LSI has this architecture.
Fig.3(c) shows a cascade/ parallel type system in which adaptive Q
circuits are connected to each . output of the N channel
cascade/parallel filter bank, as shown in Fig.3. __

We chose the cascade/parallel type architecture to build a
model since cascade/parallel type filter well simulate not only the
amplitude but also the phase characteristics of the real cochlea
with less difficulty than the other types. In Fig.4, the i-the
section’s block diagram of the cascade/parallel nonlinear cochlear
filter model with adaptive Q circuits is shown. In the model, first,
the i cascaded low-pass type notch filters form a low-pass filter

with very sharp cut off characteristics. Next, by connecting a
band-pass filter BPF; to the i-th notch filter's output, the transfer

characteristics from system input to BPF; output become those of
an asymmetrical band-pass filter with steep high cut off and
gradual tail at lower frequency. Finally, the output of the BPF; is
led to the second order low-pass function LPF; of the i-th adaptive
Q circuit, where the output of the BPF; is also fed forward as the
control signal of the Q-decision circuit. |

Transfer functions and parameters of each part of the model
are summarized in Table 1. Parameters of notch filters and band- -
pass filters are determined by the same procedure as in the linear
cascade/parallel cochlear filter. The only difference is that Qb, the
value of each band-pass filter's Q, takes a smaller value in the
model (Qb=4.5) compared with in the linear model (Qb=20 to 50),
since Qb determines the minimum effective Q value. of each
channel for the maximum input level in the model.

In the model, Rl, the ratio of wb; to ®1;, is set up to be
greater than 1 so as to lower the resonance frequency of each
channel according to the Ql; decrease. When Rl;=1, the resonance
frequency is only slightly affected by the Ql,.



Chafacteristics of the model

In this section, several characteristics of the proposed model
are described. The model consists of a 61 channel nonlinear
cascade/parallel type cochlear filter with adaptive Q
circuits spanning the frequency region from 1 to 21 Bark in 1/3
Bark increment. In the model, the frequency scale transformation
from Hz to Bark is performed by Zwicker's formula (Zwicker et al.
1980). Furthermore, the relation between the channel number i
and the Bark frequency is i=3*Bark.

Amplitude frequency responses for the 27th channel of the
model for five input levels (Lin) are depicted in Fig.5. This plot
shows the frequency response for a certain place. As shown in
Fig.5, the model realizes asymmetrical band-pass characteristics
with three level dependent characteristics: resonance Q decreases
as Lin increases, relative gain at resonance decreases as Lin
increases and the resonance frequency shifts lower as Lin
increases.

Fig.6 shows the place response for a certain frequency for a
9 Bark pure tone at five input levels. Such a plot shows the
equivalent of the basilar membrane displacement along the
basilar membrane on a logarithmic scale. As shown in Fig.6, for
high input levels, the place response shows broad peak, whereas
for low input levels, the response sharply peaks indicating that
the adaptive Q circuits produce sharp tuning at low input levels.
In addition, it shows that the model reflects the basilar membrane
vibration, in which displacement is large at the place down to the
place of the input signal frequency while it is suddenly dumped
beyond that place.

Fig.7 shows effective Q of several channels as a function of
Ql. Since amplitude frequency rtesponse of each channel is
asymmetrical against the resonance frequency, the effective Q of
each channel is defined by

Qeff = (01 - ©")/wg (8]
where ®* and ®- represent upper and lower -3dB frequency and
w( 1s the resonance frequency. Effective Q of each channel is
determined by the sharp role off characteristics of cascaded notch
filters, Qb and QI, thus the Qeff varies in proportion to the Ql.




Fig.8 shows the maximum gain of several channel as a
function of Ql. The maximum gain of each channel is determined
by the second order low-pass filter's gain in the adaptive Q circuit,
then increases in logarithmically as QI increases. Since the gain of
the filters before adaptive Q circuits are not flat, the maximum
gains of the 60th channel (20 Bark) is smaller than the others.

Spectral analysis by the model

Sound spectrograms obtained by three types of cochlear
filter models are shown in Fig.9 Fig.9(a) and (b) show the
spectrogram obtained by a cascade/parallel linear cochlear filter-
bank without adaptive Q circuits, in which Qs are fixed: (a) Qb=4.5
and (b) Qb=30. Fig.9(c) shows that obtained by the proposed
nonlinear cochlear filter-bank with adaptive Q circuits. Each filter
has 61' channels covering 1 to 21 Bark in 1/3 bark increment (3rd
to 63rd channels). In each spectrogram, the logarithmic power of
each filter output calculated using a 2 msec. rectangular window
without overlapping are represented in 36 gray levels with an
80dB dynamic range. Input speech is the Japanese sentence
"Sangatsu kokonoka" (March ninth ) spoken by a male, which is
sampled at 20kHz with 16 bit accuracy.

Weak consonants, such as unvoiced fricative /s/, /tsu/ and
voiceless stop /k/, and higher formants are represented more
clearly in the spectrogram by the adaptive Q filter (c) than
spectrograms by fixed Q filters (a) or (b). These enhancements are
the result of an AGC effect brought by the variable gain
characteristics of the adaptive Q circuit.

The low Q filtering provides good time . resolution, black
vertical stripes synchronized with the fundamental period are
seen in Fig.9(a). The high Q filtering however provides good
frequency resolution, horizontal stripes, which are the harmonic
components of the fundamental frequency (FO), seen in Fig.9(b).
On the other hand, both the time and the frequency resolution are
high in the same time frame in Fig.9(c), since the filtering Q of
each channel is varied according to the spectral level of each
channel at every time frame. For example, the FO harmonic



structure seen in the lower frequency region of the vowel part
(lower than the 21st channel) 1is the proof of the high Q filtering,
while vertical stripes seen in the higher frequency region (higher
than the 21st channel) are the proof of the low Q filtering.

Fig.10 shows the spectrogram by the proposed model for a 9
Bark pure tone burst. The spectrum spreading and enhancement
at onset and offset shown in Fig.10 are effects of the adaptive Q
circuits. Namely, the input signal is analyzed with high Ql at the
onset since Ql can not follow the abrupt change in the input level.
This spectrum spreading and enhancement at a sudden spectral
change are observed in the results of spatio-temporal masking
experiments. [Miyasaka (1983), Hirahara (1987)]

Fig.11 shows spectral slices of synthesized vowel /a/
(F0=1.23, F1=6.77, F2=9.63, F3=14.73 and F4=16.94 Bark) with
several input levels. Fig.11(a) shows the output of the linear
cochlear filter bank with fixed Q (Qb=4.5). Fig.11(b) shows the
output of the proposed nonlinear cochlear filter with adaptive Q
circuit. The output spectrum of the linear filter are the same for
any input level. Only the absolute spectrum level shifts according
to the input level. On the other hand, the output spectrum of the
nonlinear filter varies according to the input level. Spectral
envelope peaks corresponding to formants are enhanced. In
particular, spectral peaks corresponding to F3 and F4 become
clearer by decreasing the input level.

Conclusion

In this paper, a computational cochlear nonlinear
preprocessing model realized by introducing adaptive Q circuits
into the cascade/parallel cochlear filter is described. This model
functionally simulates three level dependent characteristics
observed in the basilar membrane displacement: level dependent
resonance Q change, level dependent gain reduction and level
dependent resonance frequency shift.

Spectrograms obtained by the nonlinear cochlear filter with
adaptive Q circuits are compared with those of an ordinary linear
cascade/parallel linear cochlear filter. The advantages of the




proposed model are as follows. (1) Weak consonants and higher
formants are enhanced by the AGC effect. (2) As the analysis is
~done by different Q value at each channel, both the temporal and
the harmonic structure are consistent at the same time frame. (3)
Spectra are spread and enhanced where the spectral level changes
abruptly. These advantages, which are the phenomena observed
“in the real auditory frequency analysis, support the effectiveness
of the model.

It was confirmed that speech features were represented
more adequately on our auditory spectrogram than the traditional
spectrogram. Therefore, we believe that well designed auditory
models should be more useful in many fields of speech science,
particularly in the automatic speech recognition works. However,
in order to judge whether an auditory-based spectral analyzer will
pay off in automatic speech recognition or not, systematic
application researches, such as recognition experiments inquiring
distance measures and recognition methods, are needed.
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Block Diagram of the Model
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Fig.4 i-th section block diagram of the proposed nonlinear cochlear filter with
adaptive Q circuits. -

Table 1 Transfer functions and parameters of the model.
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