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ABSTRACT

Harmonic plus Noise Model (HNM) is the two-band
speech model which assumes the speech signal to be com-
posed of a harmonic part and a noise part. It is very im-
portant to determine the reasonable maximum voiced fre-
quency which delimit harmonic and noise parts for high-
quality synthetic speech. In this paper, a new analysis
method for HNM, especially maximum voiced frequency,
is proposed, whereby the time-domain periodicity score is
calculated for each harmonic band and the band of max-
imum score is selected for maximum voiced frequency.
Moreover, recurrent equation of periodicity score is devel-
oped for fast implementation. This method has proven to
be robust to the inaccuracy of pitch estimation and the fre-
quency resolution problem in low-pitched speech.

1. INTRODUCTION

Harmonic plus Noise Model (HNM) is the two-band
speech model which assumes the speech signal to be com-
posed of a harmonic part and a noise part. For a voiced
speech signal, the spectrum is divided into two bands de-
limited by the maximum voiced frequency (MVF). The
lower band of the spectrum is represented by harmonically
related sine waves, while the upper band by the a time-
varying AR model. This twofold representation makes it
possible to apply different analysis and synthesis methods
to each part that has significantly different properties [1].

It is very important to determine the reasonable maxi-
mum voiced frequency for high quality synthetic speech in
HNM. In general, the maximum voiced frequency is esti-
mated by the degree of fit between original spectrum and
the pure sine wave spectrum for each harmonic band or
peak picking algorithm. Each harmonic voiced/unvoiced
(V/UV) decision is performed by comparing the error
measure with the experimental threshold. The maximum
voiced frequency is then determined from the set of V/UV
decisions through smoothing technique like median filter-
ing.

However, this analysis by band method has some prob-
lems in low-pitched speech such as male voice because
it is difficult to distinguish harmonic spectrum from noise
spectrum. Moreover, this method of analysis by each band
which is based on value of initial pitch estimation is very
sensitive to the accuracy of initial pitch estimator. In addi-
tion, there can be significant errors because the second step
is heuristically performed with the V/UV decision errors
occurred in each harmonic.

This paper describes a new algorithm to estimate the
maximum voiced frequency and other parameters for
HNM. In this algorithm, a score function is defined
based on the sub-band filtered normalized autocorrelation
which represent time-domain periodicity, and the maxi-
mum voiced frequency is determined by maximizing the
score function instead of conventional heuristic method us-
ing the experimental threshold.

The paper is organized as follows. First, the definition
of time-domain periodicity score is presented. Next, the
method for fast calculation of the score is described. This is
followed by the analysis method of HNM parameter based
on the scoring function. Finally, analysis results are pre-
sented to support our conclusions.

2. SPLIT PERIODICITY SCORE FUNCTION

2.1. Definition

The split periodicity score (SPS) function is defined as the
sum of two score functions of frequency f . It is given by

SPS(f) = SL(f) + SH(f) (1)

where SL(f) is the periodicity score function assuming
the lower band spectrum below f is pure harmonic region,
whereas SH(f) is the anti-periodicity score function as-
suming the higher band spectrum above f is pure noise re-
gion.

For the periodicity and anti-periodicity scores, we
choose the normalized autocorrelation function, which re-
flects a time-domain periodicity [2], giving much more sta-
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Figure 1. Spectral distortion between harmonic and noise
spectra and normalized autocorrelation of noise signal.
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Figure 2. Spectral distortion and normalized autocorrela-
tion for small pitch errors.

ble results than the frequency-domain error criteria. Fig. 1
shows that the spectral distortion is too low to discrimi-
nate between the harmonic and noise components when the
fundamental frequency is below 100Hz. This is mainly be-
cause the width of harmonic approaches the minimal res-
olution of frequency in low-pitched speech. However, the
normalized autocorrelation of the noise signal is almost in-
dependent of the fundamental frequency. Another point is
the robustness to the fractional error of the pitch estima-
tion. Generally, the sample pitch has one-sample or half-
sample accuracy. Fig. 2 shows that the errors between the
pure harmonic signal with the sample pitch 100 (160Hz)
and the ones with the adjacent sample pitches. As shown
in the figure, the spectral distortion is too sensitive for a
small deviation of the sample pitch especially for higher
band harmonics, therefore it forces V/UV decisions to be
made incorrectly. On the contrary, the normalized autocor-
relation changes slowly relative to the spectral distortion.
SL(f) and SH(f) are determined by the normalized au-

tocorrelation functions of the time signal corresponding to
each frequency region divided by f as

SL(f) =

PN�P

n=0 sfL(n)s
f
L(n+ P )PN�P

n=0 sfL(n+ P )2
(2)

and

SH(f) = �

PN�P

n=0 sfH(n)s
f

H(n+ P )PN�P

n=0 s
f
H(n+ P )2

(3)

where sfL(n) and sfH(n) are inverse Fourier transforms of
the spectrum below and above f , P is the sample pitch of
the current frame, and N is the frame length. Since the
autocorrelation function can be determined as the inverse
Fourier transform of the power spectrum, Eq. 2 and 3 can
be approximated by

SL(f) =
�fL(P )

�fL(0)
and SH(f) = �

�fH(P )

�fH(0)
(4)

where �
f
L(k) and �

f
H (k) are k-th coefficients of inverse

Fourier transform of power spectrum below and above f
respectively.

2.2. Recurrent Method for Fast Implementation

For SL(f) and SH(f), it is necessary to compute the au-
tocorrelation functions corresponding to the frequency f ,
�
f
L(n) and �

f
H (n). An autocorrelation function can be

computed efficiently from the inverse fast Fourier trans-
form (IFFT) of power spectrum as

�(n) =
1

N

N�1X
k=0

P (k)ej
2�kn

N (5)

where P (k) is the power spectrum of the input speech
frame and N is the size of IFFT. This method, however,
requires heavy computational complexity to compute the
Fourier transforms for all frequency points f . For the fast
implementation, we develop a recurrent equation to com-
pute SL(f) and SH(f).

Because �fL(n) is the autocorrelation function corre-
sponding to the frequency components below f , it can be
computed from the IFFT of frequency components below
f . �fL(n) can be divided into two terms by the symmetry
of P (k) as

�
f

L(n) =
1

N

(
C(n) + 2

fX
k=1

P (k)ej
2�kn

N

)
(6)

where C(n) = P (0) + P (N=2)ej�n.
From Eq. 6, the autocorrelation function for the next fre-

quency f +�f , �f+�fL (n) can be written recurrently as

�
f+�f
L (n)

=
1

N

(
C(n) + 2

f+�fX
k=1

P (k)ej
2�kn

N

)



= �
f

L(n) +
2

N

f+�fX
k=f+1

P (k)ej
2�kn

N : (7)

Because both P (k) and �f+�fL (n) are real-valued func-
tions, the exponential term in (7) can be replaced with a
cosine function as

�f+�fL (n) = �fL(n)+
2

N

f+�fX
k=f+1

P (k) cos

�
2�kn

N

�
: (8)

Similarly, �f��fH (n) can be computed from �fH(n) re-
currently as

�f��fH (n) = �fH (n) +
2

N

f�1X
k=f��f

P (k) cos

�
2�kn

N

�
:

(9)
Therefore, only 2�f times cosine computations are suf-

ficient to obtain �f+1L (n) and �f�1H (n) rather than two N-
point IFFT. The computational complexity of the proposed
method is only O(N) while that of direct IFFT method is
O(N2 logN).

3. ESTIMATION OF THE MODEL PARAMETERS

3.1. Initial Pitch Estimation

To obtain the initial pitch estimate, an error function,
E(P ) [3], is evaluated for every pitch candidates. The
function E(P ) is defined as

E(P ) =

P
1

t=�1 s2(t)w2(t)� P �

P
1

t=�1 r(l � P )�P
1

t=�1 s2(t)w2(t)
� �
1� P �

P
1

t=�1 w4(t)
�

(10)
where the function r(k) is defined as

r(k) =

1X
t=�1

s(t)w2(t)s(t+ k)w2(t+ k): (11)

In order to eliminate gross pitch errors, a pitch track-
ing method is used. The pitch track continues through
the current frame by looking forward and backward two
frames [4].

3.2. Maximum Voiced Frequency Estimation

The initial maximum voiced frequency estimate, F̂m, is
chosen simply to maximize SPS(f) as

F̂m = argmax
f

SPS(f): (12)

For the continuity of maximum voiced frequency be-
tween neighboring speech frames, tracking technique can

be used for determining the final maximum voiced fre-
quency Fm. Let SPSp(f) and F p

m be the split period-
icity score function and the maximum voiced frequency
of the previous frame. Now, backward cumulative score
CSB(F̂b) is defined as

CSB(F̂b) = SPSp(F p
m) + SPS(F̂b) (13)

where F̂b is defined as the value of frequency which lies
within the predefined range of F p

m and maximizes SPS(f).
Similarly, forward cumulative score CSF (F̂m) is defined
as

CSF (F̂m) = SPS(F̂m) + SPSf (F f
m) (14)

where SPSf (f) is the split periodicity score function of
the next frame and F f

m is defined as the value of frequency
which lies within the predefined range of F̂m and maxi-
mizes SPSf (f). Once CSB(F̂b) and CSF (F̂m) are com-
puted, the two values are compared each other. If the back-
ward cumulative score CSB(F̂b) is larger than the forward
cumulative errorCSF (F̂m), F̂b is selected as the final max-
imum voiced frequency Fm, otherwise, F̂m is selected.

3.3. Frame V/UV Decision

It is assumed that the spectrum below the estimated max-
imum voiced frequency contains pure harmonic compo-
nent of the signal. Thus, the frame V/UV decision can be
determined by comparing SL(Fm) with the experimental
threshold. If SL(Fm) is below the threshold, the frame is
marked as unvoiced, otherwise, marked as voiced.

3.4. Refining the Initial Pitch Estimation

As the pitch values estimated by the pitch detection algo-
rithm will be used in the harmonic modeling of the speech,
an accurate and fractional pitch estimation is necessary. We
compute the refined pitch by minimizing spectral distortion
between the original and pure harmonic spectra for the fre-
quency components below the estimated maximum voiced
frequency. As a result, the resolution of the pitch estimate
is improved from one sample to one quarter sample.

4. EXPERIMENTAL RESULTS

Because of the higher discriminative power in low-pitched
speech signal and irrelevance to the fractional error of sam-
ple pitch, the estimation of maximum voiced frequency us-
ing the proposed method tends to produce better results
compared to the conventional methods. An example of
such an estimation is shown in Fig. 3d. These results were
extracted from 16kHz sampled speech spoken by a male
speaker with a pitch-frequency of about 100Hz. Fig. 3c
shows the harmonic V/UV decisions using the conventional
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Figure 3. An example of maximum voiced frequency esti-
mation: (a) Speech signal (b) Magnitude spectrum (c) Con-
ventional harmonic V/UV decisions (d) SPS and maximum
voiced frequency.

method [1]. A number of V/UV decision errors can be ob-
served in the middle and high frequency regions in Fig. 3c.
These errors make it very difficult to determine the reason-
able maximum voiced frequency because the voiced and
unvoiced frequency regions cannot be divided clearly. On
the contrary, the proposed method performed well as shown
in Fig. 3d.
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Figure 4. Time signal divided by maximum voiced fre-
quency: (a) Harmonic part (b) Noise part

Fig. 4 shows the time signal of harmonic and noise parts
divided by the maximum voiced frequency estimated in
Fig. 3. It can be seen that strong noise components are ob-
served in the frequency region above the maximum voiced
frequency although the frame is voiced.

When the proposed analysis method was applied, the
synthetic speech quality was clearly better compared to that
of the conventional method especially in the case of low-
pitched male speech.

5. CONCLUSIONS

A new analysis method for harmonic plus noise model
based on the time-domain split periodicity score function
is described. We defined split periodicity score function
for the analysis of harmonic plus noise model, and devel-
oped recurrent equation for fast calculation of the function.
In the proposed method, the maximum voiced frequency is
determined by maximizing the score function instead of the
conventional heuristic decision methods, and tracking tech-
nique is used for reflecting the strong continuity between
adjacent speech frames. Experimental results showed that
the proposed method produced more robust results than the
conventional method when the fundamental frequency is
significantly low and it is robust to the fractional errors of
pitch estimation. As a result, the synthetic speech qual-
ity produced by the proposed method was clearly better
than that of the conventional method. Finally, the proposed
method can be applied to divide two bands in other two-
band speech models [5, 6].
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