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1 Introduction

Recently, Stream Segregation that a single stream is grouped from sequences and the
prediction of frequency modulation have researched.

Aikawa et al[1] have reported that the mechanism of pitch tracking is described by
second order system. However, it could predict only the peak of frequency. On the other
hand, Masuda et al[2] have investigated perception of vowels at the end added noise of
the vowel-to-vowel transition and suggest the existence of extrapolation for the temporal
change of spectrum. They have reported that phonemic restoration is replicated using
IFIS.

This papar presents, a method for extracting signal in interfering noise by predict-
ing and tracking transitions of four parameters(frequency, amplitude, bandwidth, and
symmetry) which represent spectral peaks using Auditory Cortex 1 model.

2 Spectral peak-tracking model

2.1 Spectral representation in the primary auditory cortex(A1)

In Figure 1(A), representation of A1 described by Shamma[3] is approximated by Ga-
bor function  (!) and is given from an input spectral envelope p(!) by wavelet trans-
forms along the frequency axis. The response r(s; f; t) of A1 in time t is formulated by
Equation(1).
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Figure 1: The spectral peak-tracking model
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where, s is the scaling parameter, f is the position of frequency, jrj is the amplitude, arg r
is the symmetry, and � indicates the complex conjugate. Input for the spectral peak-
tracking model is log spectral sequences estimated by the unbiased estimation method.

2.2 Algorithm for sampling spectral peaks

In Figure 1(B), peak frequencies are extracted from the input spectral envelope using
auto-regressive line. This value is a candidate of the peak frequency given a maximum
amplitude jrj. Scale s0(t), peak frequency f0(t), peak amplitude jrj, symmetry arg r are
�xed by searching the maximum amplitude jr(s0; f0; t)j within the limit of f .

2.3 Prediction of parameters

In Figure 1(C), the four parameters are predicted by a second di�erential Equation(2).

a(1� w)y00(t) + fb(1� w) + cwgy0(t) + y(t) = (1� w)x(t) (2)

where, a, b, and c are constants, x(t) and y(t) are input and output corresponding to four
parameters, and w is a weight function.
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2.3.1 Prediction in noise-free section

In noise-free section, Equation(2) is transformed into Equation(3) as w = 0.

y[n] = Gx[n� 1]� �1y[n� 1]� �2y[n� 2] (3)

G =
2

2a+ b

�1 =
2(1� 2a)

2a+ b

�2 =
2a� b

2a+ b

where, �1 and �2 are linear prediction coe�cients, and G is a gain constant of the system.
Output y[n] is given by the linear combination of input x[n � 1], output y[n � 1], and
y[n� 2].

When signal is polluted by noise, it uses the output instead of the input as Equation(4).

G = 1 + �1 + �2 (4)

2.3.2 Prediction in noisy section

Kurakata et al[4] conducted a psychophysical experiment about perception of sweep tone
followed by noise. As a result, it is thought that auditory system predict a sound using
information before noise. Then, frequency and symmetry parameters are predicted by
Equation(5) because it is thought that a amount of change are constant in noisy section.

y[n] = y[n� 1] + (y[n� 1]� y[n� 2]) (5)

On the other hand, it is supposed that the power level of amplitude decrease and the
band width of scale increase. Aikawa have reported that if noise is continued a measure
of time, peak faded out. Therefore Equation(7) is transformed into Equation(3) as w = 1
in noisy section. The amplitude and scale parameter are predicted using Equation (6)
and Equation(7) respectively.

y[n] =
c

c+ 1
y[n� 1] (6)

amplitude � scale = const: (7)

2.4 Prediction of some peaks

If some peaks exist instantaneously, the question is whether next peak is chosen from
some peaks and next peak is decided by choosing a nearest peak.
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Table 1: Condition

Parameter Value

sampling frequency 20 [kHz]
frame length 25.6 [msec]
shift length 6.4 [msec]

cepstrum order 60
natural frequency 18 [Hz]
dumping factor 1

c 0.0064

2.5 Reconstruction

In Figure 1(D), spectral envelopes are reconstructed by the inverse wavelet transform
using predicted four parameters r̂(ŝ0; f̂0; t).

p(!; t) =
1
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2

(8)

3 Simulation

As simulated data vowels were synthesized by the Klatt formant synthesizer, whose pitch
frequency is 140 Hz and the sampling frequency is 20 kHz.

� Synthesized Vowels

{ stationary vowels /a/ and /i/ whose duration is 200-ms.

{ each stationary vowel connected with 100-ms transition.

{ a transition from /a/ to /i/ is polluted by white noise from 50 to 100-ms.

� Simulation condition (Table 1)
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Figure 2: Outline of input spectrum

Transition of synthesized vowel from /a/ to /i/ is interfered by white noise, shown in
Figure 2. Figure 4 shows the result of the simulation with noise. Frequency transition is
perceived as the formants being extend into the noise by man. The synthesized vowel can
be predicted even in noisy section.

4 Conclusion

A sound signal is extracted by predicting and tracking the trajectries of four parame-
ters(frequency, amplitude, bandwidth, and symmetry) using Auditory Cortex 1 model.
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Figure 3: Input spectral sequences
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Figure 4: Output spectral sequences
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