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1 Introduction

Some speech recognition systems are of practical use. However, their performances reduce
in noisy environments. Especially hearing aid users feel noisiness. Addtionally, back-
ground noises interfere understanding conversations. Extraction of speech waveforms and
features in noisy environments are needed for use of speech signal processing as speech
analysis/synthesis and speech segregation. Kawahara et al. proposed a fundamental fre-
quency (F0) estimation method (TEMPO2) using fixed points of frequency to instanta-
neous frequency map[1]. Although TEMPO2 can estimate FOs for clean speech accurately,
it cannot work in noisy environments. On the other hand, although another method us-
ing comb filters proposed by Unoki et al[2] can estimate FOs in noisy environment, the
estimated F0Os are not accurate enough. This paper proposes a robust and accurate FO
estimation and noise reduction methods, which consists of a comb filter with controllable
pass bands, TEMPO2, and a F0 estimation method using comb filters.

2 QOutline of the proposed method

An overview of the proposed method is shown in Figure 1.
A mixed signal z(¢) with a harmonic target signal s(¢) and noise n(t) is observed by
a single microphone. In the F0 estimation section,

1. FO (F0) of the target signal are estimated roughly by the method using comb filters
[2] from the observed mixed signal z(t).
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Figure 1: Outline of the proposed method

2. Noise reduction is achieved using a comb filter with controllable pass bands, whose
center frequencies are multiples of the estimated F0 roughly and whose band-widths

are controlled not to reduce harmonic components of speech.

When reducing noise, time warping of the mixed signal for fixing FO is performed

to decrease errors for noise reduction.

3. TEMPO2 [1] is applied to the noise-reduced signal §'(¢) for accurate F0 estimation.

Furthermore, in the noise reduction section,

4. Noise reduction is achieved using the comb filter whose center frequencies are the

estimated FOs accurately.

Then, the target signal §(t) is obtained.



3 Noise reduction using the comb filter with con-
trollable pass bands

A mixed signal z(t) is defined as follows,

z(t) = s(t) +n() (1)
— Z amej(mwo(t)t+0m) + Z bkej(WktJer) (2)
m k

(wo(?) = 27/T(1)),
where s(t) is a harmonic signal with a fundamental period T'(¢) and n(¢) is a noise signal.
Assuming T'(= 27 /wy) is an invariable value of T'(¢), a signal g(t), which is the subtracted
signal shifted z(¢) to 7 in time from z(t), is represented as follows.

ot) = 2x(t) — x(t —4T) —z(t+1T) 3)

= Y byedlertthe) gin? zzﬂ. (4)
k

Fourier transform G(wy) of ¢(t) is

Glwr) = N(wy)sin® "o, 5)
Wo
where N(wy) is Fourier transform of n(t). Then, the noise spectrum N(wy,) is represented
as

N(wg) = G(wy,)/ sin? Py (6)

Wo
The target signal s(t) can be estimated by subtracting the noise signal n(t), which is
inverse Fourier transform of N(wg), from z(t). However, if wi/wq is an integer, the noise
spectrum N(wg) in equation (6) is infinity. For practical applications, a parameter € is

established.
i G in? ©
Ry = | Glew)/sn® G
G(wg)

This means a comb filter that can control pass bands by a value of €.

Temporal fluctuations of fundamental periods in real speech cause errors of the esti-
mated noise 71(t), because fundamental period is assumed an invariable value in equation
(3). Thus, time warping of the mixed signal for fixing the fundamental periods is per-
formed.

sin k| > ¢
wo -

< €.

(7)

sin %k
wo

4 Fundamental frequency estimation in noisy envi-
ronment

For applications of noise reduction using the comb filter with controllable pass bands,
FO of the target signal must be estimated in noisy environments. First, performances of
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Figure 2: relationship between estimation accuracies and SNRs : white noise (upper),
pink noise (lower)

well-known FO estimation methods for noisy signals are investigated. When noises were
white and pink noises, the results showed that,

e If the signal-to-noise ratio (SNR) of the noisy signal is high, TEMPO2 is the most
accurate. However if the SNR is low, its performance reduces extremely.

o If the SNR of the noisy signal is low, the method using comb filters is the most
accurate. However if the SNR is high, its performance does not reach that of

TEMPO2.

A robust and accurate FO estimation method is constructed using noise reduction by
the comb filter with controllable pass bands, described above. Algorithm of the proposed
method consists of the comb filter with controllable pass bands and two types of FO
estimation methods, which are TEMPO2 and the method using comb filters, as described
at the FO estimation section in Figure 1.

Figure 2 shows relationship between estimation accuracy (standard deviations of esti-
mation errors) and SNRs. Figure 2 indicates that the proposed method is a robust and
accurate method, which can estimate accurate FOs in noisy environments larger than 5dB

SNR.

5 Simulations of noise reduction

Extraction of the target signals described in Table 1 is performed using the proposed
method.

Noises that SNRs are ranged from 0 to 20 dB in 5 dB steps added the target signals.
SNR, spectral distortion (SD) and auditory-oriented spectral distortion (ASD)[3] are used
as evaluation measures. Simulated results show that the proposed F0O estimation and
noise reduction methods in noisy environments are effective when the noises are white
and vowels. The method can increase SNR by 5-7dB. However, when the noise is pink,
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Table 1: experimental data

‘ Sim. No. ‘ target signal ‘ noise

1 /a/ [i/ [u/ e/ Jo] [aoi/ white noise

(Speeker mht,mau,fsu,fkn : ATR speech database)

2 /a/ [i] Ju/ e/ o/ Jaoi/ pink noise

(mht,mau,fsu,fkn) (600 6000kHz)
3 /a/ /a/
(fsu) (mht)

the method must be improved to reduce noises which remain harmonic bands of target
signals, and not to eliminate their comonents except harmonic bands.

6 Conclusion

This paper proposed robust and accurate F0O estimation and noise reduction methods that
consists of a noise reduction method using the comb filter with controllable pass bands,
TEMPO2 which is the accurate FO estimation method, and the robust FO estimation
method using comb filters. The proposed method can estimate FOs as accurate as clean
speech in noisy environments larger than 5dB SNR. Additionally,this paper proposed a
noise reduction method using comb filter whose center frequencies are the estimated F0s
accurately. The method can increase SNR by 5-7dB.
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