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ABSTRACT

This paper describes a method of accurate estimation of the
instantaneous speech signal harmonic parameters. The
method is based on adaptive filtering of the speech signal
along its harmonic components. A simple way of filter syn-
thesis based on the Fourier transform is also proposed. The
synthesized filters have a closed form impulse response
which can be modulated in frequency domain to achieve
better performance for components with high frequency al-
teration. This method is also applicable to give an accurate
estimate of the fundamental frequency of speech.

1. INTRODUCTION

The Harmonic+Noise representation of a speech signal [1] is
used effectively in many speech applications [2-4], for in-
stance in speech synthesis, coding, recovery and recognition;
in speaker identifying; in speech conversion and noise reduc-
tion. Accurate separation of the periodic and noise parts of
the signal has been a fundamental problem for a few recent
decades. The primary way to solve this problem is to use the
DFT (Discrete Fourier Transform) or some of its modifica-
tions. However, such method always assumes a stationary
character of the signal within an analysis frame. It means that
within some short time interval the frequency and magnitude
values of harmonic components are considered to be constant
[5-7]. Besides the assumption of the stationarity most re-
searchers assume that the frequencies of harmonics have
values exactly divisible by the fundamental frequency of
speech. Despite the fact the above mentioned assumptions
can strongly simplify estimation methods they can cause
worsening of the analysis accuracy, and lead to audible arti-
facts after the reconstruction of the signal.

In this paper we suggest a method for exact harmonic pa-
rameters estimate, assuming frequencies and magnitudes
changes for every sample of the speech signal. Also we con-
sider a possibility that the frequency of any harmonic could
have some deviation from the fundamental frequency of
speech. Similar approaches are proposed in [8-10], however
they do not consider the instantaneous fundamental fre-
quency modulations influence on the parameters’ estimate.
The energy separation technique proposed in [11] can be
efficiently applied for the instantaneous frequency and mag-
nitude calculation. However, for speech applications this
method requires additional filtering and in [11] the Gabor

filter is used for this purpose. This filter cannot provide accu-
rate frequency tracking in the frames of rapid fundamental
frequency changes.

For the accurate estimation we have developed the fre-
quency-modulated filter [12]. Its closed form impulse re-
sponse can be adjusted according to instantaneous frequen-
cies of the harmonics and the fundamental frequency modu-
lations of speech. Also we present closed form expressions
for instantaneous phase, frequency, and magnitude obtained
directly from the filter output. For the practical implementa-
tion we propose an algorithm to estimate the harmonic pa-
rameters that can be used for efficient speech signal separa-
tion. The algorithm evaluates the parameters sample per
sample by adjusting filter parameters at every step according
to estimated frequencies at the previous step and the funda-
mental frequency modulations of speech. We executed series
of experiments and proved high efficiency of the proposed
method for estimation of the instantaneous harmonic parame-
ters. Experiments were performed by using synthetic signals
with predefined parameters along with original speech sig-
nals. The method combines high accuracy and noise robust-
ness. Because of its simplicity the method can be used in
various speech applications.

2. HARMONIC MODEL

A speech signal can be efficiently represented as a sum of
two basic components the periodic and the noise ones [13].
This representation can be expressed by the following for-
mula:

s(n)=Y. A (n)cosg, (m)+r(n) (1)

where s(n) is the source signal, A, - the instantaneous

magnitude of the k -th harmonic component, K is the num-
ber of the harmonic components, 7(#) is the noise compo-
nent and ¢, () is the instantaneous phase of the & -th har-
monic component. There is a definite correlation between
@, (n) and the instantaneous frequency f, . It can be pre-

sented in the following way:

o =3" Wk(’) +0,(0),
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where £ is the sampling frequency and ¢, (0) the initial

phase of k -th harmonic. The harmonic model assumes that
the frequencies of the components are integer multiples of

the fundamental frequency: f; = kf,, where f, is the fun-
damental frequency. In the present work we assume

[fe = Kfo| < 1, @)
In other words, the instantaneous frequencies can deviate
from the multiples of the fundamental frequency for the val-

ue less than some specified f;r . To separate a certain har-

monic from the rest ones it is necessary to use a bandpass
filter [11]. Taking into account (2), an appropriate bandwidth
that covers a single specified harmonic can be found. This
assumption lets us synthesize a digital filter, which could be
able to perform the harmonic separation. Here is the list of
some special requirements for the filter:

e  to provide an ability of filtering the signal in an ar-
bitrary bandwidth. For this purpose the impulse re-
sponse should be derived as a closed form expres-
sion that uses the passband center frequency and its
width as parameters;

e  to represent the output signal as a one-component
periodic function to derive the instantaneous pa-
rameters expressions directly from the output sig-
nal;

e the impulse response should be continuous to im-
plement the time warping procedure for frequency-
modulated signals.

3. ESTIMATION OF THE INSTANTANEOUS
HARMONIC PARAMETERS

3.1  Synthesis of the stationary filter
The N -point DFT can be considered as a finite impulse
response (FIR) filter for a specified normalized frequency

f:
—12ﬂw‘

S(NH=— ZS(n)e ,

MAG[S( f)]=\/ReS( )’ +ImS(f)?

_ Im S(f)
PlS(N]= oS(/)’

the output signal can be written as a periodic function with
the constant frequency f and the constant magnitude

MAG in the following form:
5(n) = MAG[S(f)] cos(zf;’; &

—arctan

+o[S(HD-

The closed form impulse response /(7) of this filter for
frequency f in Hzis:

h(n) = cos(i—”nf).

Let us generalize this expression considering a constant fre-
quency band (from F| to F)) instead of the constant fre-

quency f . We can obtain the impulse response:

FZ
2r
h(n) = [cos(" " nf)df ,
o L
Integrating the expression we will get the impulse response
in the following form:

F,-F, n=0

F .
=5 cos(ZE(F, + F)))sin("Z (F, - F )),n # 0
r O F F

s s

h(n) =

The output signal 5(72) can be calculated as the convolution

of s(n) and h(n) It can be expressed as the sum:

S(n) = Z (Z)F os "% (5, + ).

(n— ) ' )
F,

N

sin(=———

The last expression can be rewritten in the following form:

s(n) = A(n) cos(i—ﬂ nF )+ B(n) sin(?y—ﬂ nk)),

s s

(F;, = F))

where

A(n) = Z S(l)

B(n) = Nzi s(l)F

27 27
sin(— F, (n —i))cos(— F.i),
(F A(n—1)) (F o)

s s

27 . 27
sin(— F, (n—1i))sin(— Fi),
(F A(n—1)) (F )

i=0 K s
F :F2+Fi
c 2 >
F,-F
F, 2
2

Thus the output signal of the filter can be written as the mag-
nitude and frequency-modulated cosine function:

s(n)=C(n) cos(i—ﬁ}i,n +a(n)),

C(n) =+ A*(n)+ B*(n),
LION
A(n)"

Consequently, the instantaneous frequency /', magnitude
MAG and phase @ can be determined as follows:

F(n) = an+1)—a(n)

where

a(n) = arctan(—

F +F , MAG(n)=C(n),

pn)=2xFn+a(n).
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Figure 1 — Harmonic frequency tracking with different bandwidth
filters

So then we have the required closed form filter expression
and formulas that provide us with the instantaneous values of
frequency, magnitude and phase of the harmonic component

within the assigned passband. F. should be selected close to

c
the frequency of the harmonic component in order to provide
an accurate parameters estimate. During the estimation proc-

ess F, could be set initially as F, = kf,, where k is the
number of the harmonics and f|, is the instantaneous fun-

damental frequency. Then F is set equal to the estimated

frequency of the respective harmonic. Generally speaking,
the analysis filter bank is not uniform. The result of the track-
ing method is demonstrated in Fig.1. The synthesized har-
monic component has a discontinuity in order to show the
inertness of the filters with various bandwidths. It is clear,
that filters with wider bandwidths have a closer approach to
the original frequency track; however it is not always possi-
ble to use wide filter band because of small distances be-
tween the adjacent components or because of noise in the
filter bandwidth. In order to demonstrate the comparative
noise sensitivity of the filters with different bandwidths we
present Fig.2.

We use the harmonic noise ratio (HNR) as a measure of the

noise amount in the signal. The HNR =101g Ey ,
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Figure 2 - Frequency mean error caused by the noise presence in the
signal
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Figure 3 - Inaccurate estimation of the high order harmonics be-
cause of a rapid frequency changes

where £, and E_ are the energies of the harmonic and
noise components respectively. The passband width is re-

stricted by parameter F, , which cannot be chosen arbitrar-

ily. In many cases, especially when dealing with a male
voice, it cannot exceed 30 Hz. Also, as it was shown above,
the filters with narrow bandwidth are more robust against
noise. On the other hand, a lower bandwidth filter has a
higher inertness and if the frequency of the harmonic com-
ponent changes rapidly, it may lead to tracking failure. We
established that the use of the stationary filter can provide
accurate results for estimation of the fundamental frequency,
but it is not suitable for high order harmonics as it is shown
in Fig.3.

3.2 Synthesis of the frequency-modulated filter

Since we have the closed form impulse response we can eas-
ily adapt it to the fundamental frequency contour providing
precise parameters estimate. Taking into account the funda-
mental frequency modulation the equation (3) can be written
in the following form:

S(n) = A(n) cos(ff 0, () + B(n) sin(ZF” 0, (n)).

S S
where
N/2

@ (n) = (ZF (n) - ZF (n)k,
F,(n) is the instantaneous fundamental frequency,

A(n) = z s(z)F

= s(i
Bn)=) ——
) ;(n—l)ﬁ
Instantaneous frequency /', magnitude MAG and phase

@ can be presented in the following way:

Fn) = a(n +;)7[— a(n)

n(%FA (1= cosC g, (1)

s

sin(% F, (n—i))sin(%[ 0,(n))-

s

Fo+bk, @
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MAG(n)=C(n), ¢(n) =2xFkn+a(n), where

C(n)=+A*(n)+B*(n), a(n) = arctan(—M) )

A(n)
The frequency-modulated filter has frequency-modulated
bandpass width aligned to the fundamental frequency con-
tour. It provides accurate estimate of the high order harmonic
parameters.
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Figure 4 - Accurate estimation of the high order harmonics with N
frequency-modulated filter
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Figure 5 — Impulse responses of the stationary and frequency-
modulated filters

The result of using frequency-modulated filter is shown in
Fig.4. Two impulse responses are shown in Fig.5. The first

one is the stationary filter impulse response (£, =325 Hz,
F, =35 Hz), the second one is the frequency-modulated filter
impulse response ( F,=[275,375] Hz, F, =35 Hz).

Frequency (Hz)

4. SPEECH SIGNAL PERIODIC / NOISE
DECOMPOSITION

4.1 Estimation algorithm of the harmonic parameters
For an accurate harmonic/noise separation of the speech sig-

nal it is quite necessary to know the fundamental frequency - OO TS G T
contour. It lets us to evaluate the number of filters, the band- d)

pass IQCations of filters and to synthesize frequency- modu- Figure 6 - Speech signal decomposition (a — source signal, b — fre-
lated impulse responses according to the fundamental fre- quency trajectories estimated, ¢ — synthesized periodic part, d —

quency modulation. The starting point of the fundamental noise part



16th European Signal Processing Conference (EUSIPCO 2008), Lausanne, Switzerland, August 25-29, 2008, copyright by EURASIP

frequency can be taken in the beginning of the voiced seg-
ment by applying the filters with equidistant passbands to the
low frequency range (from 65 to 470 Hz). Then the funda-
mental frequency contour can be estimated till the end of the
voiced segment as described in section 3.1. It could be de-
termined by a magnitude threshold (in the experiments we
used 1% of maximum magnitude value) whether the current
sample belongs to the voiced segment or not.
For the harmonic parameters estimation (magnitude, fre-
quency, phase) we propose the following algorithm:

1) the fundamental frequency contour estimation;

2) synthesis of the current filter bank;

3) the evaluation of the harmonic parameters from

(4) and going back to step 2).

The algorithm ends when the last sample of the signal is

reached. Initially Fck of the k -th harmonic component is

calculated as F(f =Fyk, on the further steps Fck is

equated to the evaluated frequency of the k -th harmonic.
After the harmonic parameters estimation has been made, the
periodic part of the signal can be synthesized by formula (1)
and then subtracted from the original signal in order to obtain
the noise part.

4.2  Experimental results

As an example of the speech signal decomposition we pro-
pose the result of separation of a phrase uttered by a male
speaker. The result of the decomposition is demonstrated in
Fig.6. In this example we used 161-order filters with 70 Hz
passband width for the fundamental estimation and 50 Hz
bandwidth for estimation of the harmonics. The resulting
HNR value of the separation process is 22.54 dB. It can be
easily seen that the periodic part of the signal has the same
quantity of the harmonic components and their magnitude
and frequency modulations are preserved. Moreover the pe-
riodic part contains some transient fragments, which can be
observed at the beginning and at the end of the voiced seg-
ments. Trajectories of harmonic frequencies (Fid.6. b.) are
smooth and exactly reflect frequency contours in the spectro-
gram of the source signal (Fid.6. a.) even in regions where
the energy of the correspondent component is very low. The
frequencies of high order harmonics are traced properly in-
cluding the regions where the fundamental frequency
changes rapidly.

5. CONCLUSIONS

In the present paper the method of the instantaneous har-
monic parameters (magnitude, frequency and phase) estima-
tion has been proposed. The parameters are calculated as the
result of the narrow band filtering of the speech signal. We
have proposed the method of synthesis of the frequency-
modulated filters with the closed form impulse response. The
filter frequency bounds can be determined during the com-
ponents frequency tracking and can be adjusted according to
the fundamental frequency modulations. The proposed me-
thod provides high accuracy of estimation and can be easily
implemented in applications, requiring speech periodic/noise
decomposition. We are currently working on establishing

optimal filter parameters depending on the type of signal and
estimating frequencies in order to achieve better performance
characteristics.
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