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ABSTRACT

The dyadic wavelet transform can be used to
separate out the energy of a signal in various bands.
The transform makes use of smoothing functions
and wavelet functions that result in a very efficient
method of signal decomposition and reconstrcution.
In this paper wavelet transform techniques are
applied to separate out the spectral envelope from
a Short Time Fourier Transform of a frame of
speech. The results are compared to the spectral
envelope estimation using LPC  and- cepstral
methods.

1. INTRODUCTION

In a text-to-speech system the prosodic rules
generate a fundamental frequency contour. If the
synthesis is based on a library of tokens of natural
speech, such as diphones, the pitch of the natural
speech token must be modified to the required value
for synthesis.

This may be achieved by separating the harmonic
content of voiced speech from the spectral
envelope, and then altering the spectrum of the
harmonic content [1],[2]. Various methods exist to
separate the spectral envelope from the excitation,
including filter bank methods [3], linear prediction
analysis [4], homomorphic deconvolutional methods
[5], and harmonic analysis methods [6].

In the methods presented here the separation is
achieved by operating in the frequency domain.
Based on the assumption that the spectral properties
of the excitation and the vocal tract filter are
distinct, a smoothing filter can be chosen to
remove the harmonic content from the magnitude
DFT leaving only the spectral envelope. Assuming
the pitch period for voiced speech is known, the
system can be made adaptive by choosing an
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appropriate smoothing filter. Since the smoothing
filter is being convolved with the magnitude
spectrum in the frequency domain no assumption
is being made about the linearity of the process
producing the spectrum. Further by using the
multiresolution wavelet decomposition technique,
values for both the spectral envelope and the
excitation can be derived directly.

2. SPECTRAL ENVELOPE BASED ON
SMOOTHING FUNCTIONS

The scheme described here treats the magnitude
spectrum as a time series. This series has a
frequency spectrum in which the low frequency
content relates to slow variations in the peak values
of the magnitude spectrum, due to the vocal tract
spectral envelope, while the high frequency content
relates to the fine structure of the speech spectrum.
This fine structure is either the regular harmonic
structure due to voiced speech, or the random
structure derived from unvoiced speech. Thus

DFT[S(k)] =S(Q) =5,(Q) +5,(Q) @D

where S,(Q) is due to the spectral envelope and
S,(Q) is due to the high frequency variations. In the
case of voiced speech, the harmonic peak
separation as a number of samples, m, within the
magnitude spectrum waveform, depends on the
fundamental frequency and on the DFT size and is
given by :

NDFI‘ (2)

where m is the pitch frequency of the spectrum
in terms of DFT samples; f, is the sampling
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frequency of the original time waveform; Npgr 18
the size of the DFT in samples and £, is the pitch
frequency of the original voiced speech window,
and

fS
fus ™ 3)

where N, is the number of time samples within a
pitch period so that

m = NoFr @)

To remove the harmonic energy, the magnitude
spectrum waveform needs to be convolved with the
inverse Fourier Transform of a lowpass filter,
whose frequency domain cut off is just less than
1/m, to ensure that the energy representing the
glottal excitation is separated out from the
magnitude spectrum. The spectral envelope is given
by

S,(®) = Sk * L(z) )

where S,(k) is the Inverse Discrete Fourier
Transform (IDFT) of S1(Q), and L(t) is an
appropriate lowpass filter function with parameter
T=m. Tis the half width of the main lobe of the
smoothing function, chosen to smooth out the
lowest value of the harmonic structure (the
fundamental frequency). Hence the low-pass filter
can be adapted to the pitch period variations in the
speech. A suitable smoothing (scaling) function that
gives rise to a set of suitable lowpass filters has
been proposed by Mallat [7]. It has exponential
decay in the time domain and polynomial decay of
o ~* in the frequency domain. The set of smoothing
filters are derived from the smoothing function,
using

$ri(@) = H2"k. ) ©)

where 0<n<5,and 05< k £ 1, and ¢(w)
is the Lemarie cubic spline smoothing function
obtained with n=0 k=1, in (6). The
appropriate filter, L(t) is chosen by searching a
table having a set of 1T wvalues to find the
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corresponding filter transfer function. This table is
obtained by calculating the IDFT of a set of
lowpass filters using (6). Equation (5) is an
estimate of the spectral envelope. To obtain the
glottal source frequency response, a method as in
[2] has to be used involving a process of dividing
the magnitude DFT by the spectral envelope and is
based on the assumption of a linear speech model.

3. SPECTRAL ENVELOPE BASED ON
MULTIRESOLUTION DECOMPOSITION

An alternative method, being proposed here, that
can separate out the spectral envelope from the
glottal source frequency response, makes use of the
multiresolution wavelet decomposition [7]. This is
based on the use of suitable sets of highpass and
lowpass filters satisfying the requirements for
perfect reconstruction, quadrature mirror filters [8].
Denoting H, and Hg as the analysis and synthesis
highpass filter respectively, and G, and Gg as the
corresponding lowpass filters, the required relations

are

Hy=H{; Gy=6G,; H.G =0 (D

Assﬁming that each filter has an N-point FIR
impulse response, (7) becomes .

N-1 5 N-1 )
nzzghi = ;gi =1 8)
&m) = (-1)'i(N-1-n)

The decomposition uses an iterative method in
which, at each stage, values for spectral content of
different frequency regions are obtained, the
frequency resolution being doubled with each
iteration. Let S(Q) be the Fourier Transform of
S(k), the magnitude of the DFT of the original
windowed time waveform. Then assuming the
spectral envelope and glottal source occupy
separate regions of Q, let

S(Q) = S(Q) Q<X
29
S(Q) = S(Q) Q >%

where n is the number of iterations. After n
multiresolution analysis (MLA) iterations the L

252



samples of the output vectory can be separated in
a hierarchy due to the successive iterations. For L
elements where L is assumed divisible by 2°,
where ¥ is an integer, the output vector elements
can be separated into two arrays y,, and y,, given
by

L

y(i) 0<ix—=-1Q10
ylp = 2"
0 otherwise
and
0 otherwise
Y = y@ _ZIi <i<L-1 1)

where y,, are the elements representing the
remaining low pass section and y,, represent the
accumulated high pass elements from the successive
iterations.

Therefore y,, and y,, are equivalent to S,(Q2) and
S,(Q) respectively in (1). The spectral envelope is
separated out by using y,, as input vector to the
multiresolution reconstruction (MLR). This is
equivalent to the IDFT of S,(€2), which is being
denoted by S,(k). Similarly the glottal source is
obtained from the MLR using vy, as the input
vector, to obtain IDFT (S,(2)) equal to S,(k).
Finally the original magnitude spectrum, S(k), can
be recovered from

S(® =IDFT(S(2)) =IDFT(S, () +5,(Q))  (12)
= 5,0 + 5,0

4. RESULTS

The analysis makes use of a speech database which
is pitchmarked. The analysis waveforms are
obtained by generating short time frames centred on
a pitchmark. Each frame is obtained using a
Hamming window whose width is 2.5 times the
average pitch period. A 512 point DFT is then
applied and the magnitude spectrum is obtained.
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Fig. 1. Comparison of the smoothing filter based and
wavelet based spectral envelope with a cepstral spectral
envelope.

The set of smoothing filters based on (6) is
precalculated and an appropriate filter is chosen
depending on the average pitch period. The filters
vary from a cutoff of 7 to a cut off of n/50. For
each filter the IDFT is calculated. The half width
of the main lobe varies from 1.3 ms to 41 ms, for
a sampling frequency of 10 kHz. Each time
domain filter has 72 coefficients. For the
multiresolution decomposition a lowpass - highpass
pair of filters are used. Two types of smoothing
filters are used. These are the compactly supported
Daubecheis filter with 20 coefficients [9], and the
Lemarie based wavelet [7]. Both filters gave
equivalent results. In each case, the average pitch
period per frame is used to calculate the number of
iterations necessary to separate out the spectral
envelope.

Figure 1 compares results using cepstral based
envelope estimation and the two methods proposed
here. The cepstral envelope is estimated using an
adjustable rectangular lifter equal to half the local
average pitch period. The cepstral envelope and the
envelope based on smoothing functions are
similar. In fact both methods separate out the
envelope and the excitation in the frequency
domain. The computations required are also of the
same order. The spectral envelope based on the
multiresolution decomposition is suboptimal
compared to the smoothing filter method since the
cutoff frequency is: restricted to a dyadic grid
value. Figure 2 compares the LPC spectral
envelope to the wavelet envelope. The wavelet
envelope does not exhibit a bias towards the
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Fig. 2. Comparison of wavelet based spectral envelope
and LPC spectral envelope.

maxima in the spectrum as in the LPC envelope.
Figure 3 shows the spectral envelope and harmonic
outputs from the wavelet analysis for a voiced
speech segment. By adding the two waveforms the
original DFT magnitude waveform is obtained.

5. CONCLUSIONS

The dyadic wavelet method presented can separate
the spectral envelope from the excitation directly, in
a computatioally efficient way. Further, using the
original (or modified) phase information, with S,(k)
~ and S,(k), separate complex spectra are obtained for
the spectral envelope and the excitation. This makes
it possible to handle the spectral envelope and the
excitation separately for the purpose of speech
transmission or speech parameter modification.
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Fig. 3. Separate multiresolution reconstruction. (a) using
Yip and (b) using y,,.
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