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Abstract. The sinusoidal speech model represents a speech signal as a linear combination of
sinusoids with time-varying parameters {amplitudes, frequencies, and phases}. However, one
drawback of this model is that the analysis window width is generally fixed in analyzing the
signal. Since each sinusoidal parameter has different frequencies, an analysis window with
fixed width can’t guarantee an optimum spectral resolution to each sinusoidal parameter. In
this paper, we propose and implement a multiresolution sinusoidal speech model using ellip-
tic band pass filter to overcome this drawback and to estimate the sinusoidal parameters more
precisely. Experimental results have shown that the proposed model can achieve better per-
formance than that of the classical sinusoidal model.

1 Introduction

The sinusoidal model has been applied to a broad range of speech and audio signal analy-
sis/synthesis, coding, modification, and co-channel separation since it was proposed[1-6]. The
sinusoidal speech model represents a speech signal as a linear combination of sinusoids with time-
varying amplitudes, frequencies, and phases. In voiced speech regions, the speech signal is repre-
sented as the sum of a finite number of corresponding sinusoidal parameters at the fundamental
frequency and its harmonics. In unvoiced speech regions, it is represented as the sum of numbers
of corresponding sinusoidal components at the peaks in the spectral domain[1-4].

In the classical sinusoidal speech model, the analysis window width is fixed to a size of about
two times or more of the average pitch period[1-4]. However, since each sinusoidal parameter has
different frequencies, it is not good for guaranteeing an optimum spectral resolution to each sinu-
soidal parameter. Another problem caused by fixed window width is difficulty in modeling noise-
like components and time-localized transient event. And thus these result in reconstruction artifact
such as pre-echo distortion in synthetic speech signal[7][8].

In this paper, to overcome these drawbacks and to estimate the sinusoidal parameters more pre-
cisely, we propose and implement a multiresolution sinusoidal speech model using an elliptic band
pass filter in the classical model. In the proposed model, after decomposing an input speech signal
into some filtered signals using the elliptic band pass filter, classical sinusoidal models with dif-
ferent window widths are applied to each filtered signals, respectively.

Hereinafter, section 2 reviews a detailed description of the classical sinusoidal speech model.
Then, section 3 examines a multiresolution analysis and the proposed multiresolution sinusoidal
speech model. Some experimental results are presented in section 4, and conclusions are provided
in section 5.

2 Classical Sinusoidal Speech Model

In the sinusoidal speech model, the excitation signal is represented as the sum of a finite number
of corresponding sinusoidal parameters at the fundamental frequency and its harmonics during
voiced speech regions, and is represented as numbers of corresponding sinusoidal parameters at
peaks in the spectral domain during unvoiced speech regions[1-4]. In this model, the input speech
signal is given by



s(n) = gA, cos(@,n+4,) a)

where L is the number of sinusoidal parameters, and 4,, o,, and ¢, represent the time-varying

amplitude, frequency, and phase of each sine wave. If the amplitudes, frequencies, and phases that

are estimated for the k th segmentation are denoted by 4, @/ , and ¢’ respectively, the syn-

thetic speech signal 5" (n) can be represented as
Lk
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Fig. 1 shows an analysis/synthesis system of the classical sinusoidal speech model. In analysis
system, first, the input speech signal is windowed and DFT(Discrete Fourier Transform) is taken.
Peak picking is then applied to the amplitude spectrum of the DFT to obtain a list of frequencies
and corresponding amplitudes at those frequencies. Then, in the synthesis system, synthetic speech
signal is reconstructed with these sinusoidal parameters.
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Fig. 1. Analysis/synthesis system of classical sinusoidal speech model

3 Proposed Sinusoidal Speech Model Using Elliptic Band Pass Filter

In the classical sinusoidal speech model, an analysis window has fixed width and is about two
times or more of an average pitch period[1-4]. This approach is not very effective in terms of
achieving an optimum spectral resolution to each sinusoidal parameter. Another problem is diffi-
culty in modeling noise-like components and time-localized transient events. These result in pre-
echo distortion in the synthetic speech signal[7][8]. In order to solve these problems and to esti-
mate sinusoidal parameters more precisely, we propose and implement a multiresolution sinusoi-
dal speech model using an elliptic band pass filter in the classical model.

The elliptic filter, also called a Cauer filter, has equiripple passband, an equiripple stopband, a
sharp cuff off, obtained by use of transmission zeros on the frequency axis. It offers steeper roll-
off characteristics than Butterworth and Chebysheyv filter, and is the filter of choice stringent mag-
nitude response requirements. In addition, of the classical filter types, elliptic filter usually meet a
given set of filter performance specification with the lowest filter order[9][10].

In the proposed multiresolution sinusoidal speech model, first input signal is decomposed into
some filtered signals using an elliptic band pass filter. High frequency sinusoidal parameters are
estimated with high time resolution but poor frequency resolution, and lower frequency parame-
ters are calculated with high frequency resolution but poor time resolution.

Fig. 2 shows a block diagram of the proposed sinusoidal speech model, and Fig. 3 shows the 4"
order elliptic band pass filter structure used in this paper. In this model, the input speech signal is
decomposed into filtered signals using a band pass filter. These filtered signals are then independ-
ently analyzed and synthesized with the classical sinusoidal speech model.
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Fig. 2. Block diagram of proposed multiresolution sinusoidal speech model
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Fig. 3. 4" order elliptic band pass filter structure

4 Experimental Results

In this paper, we compared and analyzed the waveform, spectrum, and phase of original and syn-
thetic speech signal synthesized using the classical and proposed sinusoidal speech model. The
performance of the proposed model has been evaluated in terms of the PESQ(Perceptual Evalua-
tion of Speech Quality)[11] test based on objective speech quality tests. Ten speech signals were
sampled at 8KHz with 16 bits quantization per sample. In the classical model, the analysis window
width is set to 20ms. Hamming window was used in the analysis system, and a triangular window
was used in the synthesis system. For the multiresolution approach, we used a 4™ order elliptic
band pass filter. We decomposed input speech signals into 3 filtered signals, 1 to 2000Hz, 2000Hz
to 3000Hz, and 3000Hz to 4000Hz, using band pass filter shown in Fig. 3. Ranging from the low-
est to highest band, the analysis window width is 30ms, 20ms, and 10ms respectively.

The one division of original and synthetic speech signals synthesized using the classical and the
proposed sinusoidal speech model is illustrated in Fig. 4. Fig. 5 shows a spectrum of the original
and synthetic speech signals, and Fig. 6 shows a phase characteristic of the original and synthetic
speech signals.
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Fig. 4. Waveform between original and synthetic speech signal(using 20 sinusoids)

(bSyeti spee sial ng s

f.-l""ll" haatt wm Y ”

(cynthetipee sial ng oposed model

Fig. 5. Spectrum between original and synthetic speech signal(using 20 sinusoids)
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Fig. 6. Phase between original and synthetic speech signal(solid:original, dashed:classical, dotted:proposed)

In these figures, we can see that the synthetic speech signal waveform synthesized using the
proposed model is similar to that using the classical model. However, the spectral characteristic of
the synthetic speech signal indicates that the proposed model achieves better performance than the
classical model. It is also demonstrated the phase of the synthetic speech signal from the proposed
model accurately approximates that of the original speech signal.

The result of the PESQ test is shown in Table 1. A comparison of synthetic speech quality
shows that the proposed model improves MOS compared with the classical model.

Table 1. Result of PESQ test for the synthetic speech signals

. . Sentence

Model Sinusoid number 1 7 3 ) S 6 7 3 9 10 Total
Classical 10 3.01|3.01345(3.12|3.46|3.25|3.45|3.29|3.08|3.38| 3.25
Proposed 321|3.01|3.67|3.44|3.483.34|3.58/3.66| 3.1 |3.59| 341
Classical 20 3.61|3.52|3.82|3.88(3.713.76|4.00|3.91|3.51|3.85|3.78
Proposed 3.64|3.64|3.87|397|3.78,3.78|4.12]13.96|3.55|391| 3.82
Classical 30 3.66 3.64|3.87|4.02|3.813.89|4.16|3.98|3.62|3.92| 3.86
Proposed 3.673.70 |3.87|4.01|3.83,391|4.20|3.97|3.62|3.93| 3.87
Classical 40 3.66 3.67|3.88[4.02|3.82/3.89|4.16|3.98|3.63|3.92| 3.86
Proposed 3.69|3.71 3.89|4.01|3.85/4.00|4.21 |4.00|3.65|3.94| 3.90

5 Conclusions

In order to enhance performance of the parameters estimation in the classical sinusoidal speech
model, we proposed and implemented a multiresolution sinusoidal speech model using an elliptic
band pass filter. Experimental results showed that the proposed model achieved better perform-
ance in terms of spectrum characteristic, phase characteristic, and speech quality.

The proposed model provides natural speech signal decomposition, high quality output, and a
combination of modification flexibility.
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