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ABSTRACT

Relative to the speech production and perception models,
spectral envelopes play an important role in speech analysis,
synthesis, and coding. Recently, spectral envelope estimation
technique has made a rapid progress. There are several ways to
obtain spectral envelope. These ways include SEEVOC
technique, discrete cepstrum method, regularized discrete
cepstum estimation, DAP, MVDR, etc. In this paper, we
compared the different spectral estimation techniques by using
the different spectral-distortion measures. It aims to compare the
different envelope estimation techniques from some different
perspective. The work is implemented in a low bit-rate coder
based on the sinusoidal model by using the different techniques
to captures the spectral amplitudes.

1. INTRODUCTION

In recent years, much attention has been paid to the Sinusoidal
Model. This is mainly because the Sinusoidal model [1] is a
useful and flexible signal model that lends itself well to many
applications, such as speech synthesis, speech coding, and
speech enhancement. As an application to the low bit-rate speech
coders, how to estimate a continuous frequency envelope from
the value of the envelope at discrete frequencies more accurate is
a key factor. Now, there are several ways to estimate spectral
envelope. Linear prediction(LP) is a popular method for spectral
envelope estimation. But LP spectral envelopes overestimate and
overemphasize the medium and high pitch voiced speech spectral
powers partly because the LP error criterion matches the
autocorrelation of the continuous all-pole to the autocorrelation
of the given signal without taking into account the aliasing that
has occurred in the discrete spectrum [2][7]. There are some
revised techniques, such as discrete al-pole modeling (DAP),
minimum variance distortionless response (MVDR), and
iterative all-pole modeling (IAP). The comparison of those
spectral  estimation techniques was done [5]. The Cepstrum
technique [7] consists of smoothing the short-term signal by low-
pass filtering its log magnitude as if it was a signal. This
technique can characterize the shape of the voca tract.
Compared with LP algorithm, Cepstrum technique has some
advantage in speech coding and synthesis. In sinusoidal coding
system, a cepstral based approach will be pursued with the goal
of achieving a more robust, less speech-dependent system[1].

However, cepstrum is alow pass filter result of the logarithm of
the magnitude spectrum, which makes the cepstrum actualy a
smoothed spectrum over the entire spectrum. In order to improve
the cepstrum estimation accuracy, SEEVOC (Spectral Envelope
Estimation Vocoder)[8] utilize a standard smoothing method to
interpolate the discrete frequency points. The Discrete Cepstrum
[7] doesn't care for anything going on in the signal except the
spectral peaks. It will generate a smoothly interpolated curve that
tries to link the peaks. Other techniques include regularized
discrete cepstum estimation [4], OL C cepstum estimation [2][3].
In this paper, we compared the rest different spectral estimation
techniques by using some different spectral-distortion measures.
The reason why we use the different spectral-distortion measures
is to view the different envelope estimation techniques from
different perspectives. Because these different envelope
estimation techniques use different error criterions, in some case
an envelope estimation technique may be desirable to a spectral-
distortion measures but not suitable to others. All this work is
implemented in a low bit-rate coder based on the sinusoidal
model.

2. CEPSTUM ESTIMATION

2.1 Basic cepstrum

The source filter model is an important model of speech
production. In this model, speech sounds are produced by the
action of a filter, the vocal tract, on a sound source, either an
impulse train for the voiced speech component, or a random
signal for the unvoiced component. In a other word, Speech

(X(n)) is split into a rapidy varying excitation
signal (e(N)) and aslowly varying filter (N(N)) :

x(n) = &(n)* h(n) )
In frequency-domain, we can write this transfer functions as:
X(») = E(w)H () )

Taking the logrithm of the absolute value of the Fourier
transforms will yields:

log| X(@)|=log| E(@) [+log|H ()| ®)
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Applying a Fourier transform, we can get the cepstrum c:

c=F (logX(@))=F *(IodE(@))+F *(logH(@) ) (4

When we truncate the ¢ to p point, where p refer to the order of
the cepstrum. We reserve the slow fluctuation components,
thereby the smoothing of the spectrum of X become a spectral
envelope. And we can estimate the amplitude spectral envelope

by the C, (i=1...p) [7].

The advantages of using the cepstral parameter are prominence:
The algorithm is simple, so cepstrum method is widely used, and
the cepstra parameters can be used to exploit perceptual
properties of the ear to obtain a better envelope representation, or
equally alower bit-rate in a speech coder, etc.

2.2 revised cepstrum

In this method, the cepstrum is estimated not from X (a)) but
from SEEVOC envelope. The SEEVOC technique is based on
the remark that if the source signal is a periodic impulse train,
then the observed signal is a sum of sinusoids and thus only
provides information concerning the value of the spectral
envelope at the frequencies of the harmonicg[2].

This technique follows three steps. First, SEEVOC agorithm
uses an average pitch period to search for al peaks in the short-
time Fourier transform (STFT ) by an iterative process.
Second, the algorithm interpolate the estimated spectral envelope

between these peaks points using a standard smoothing technique.

Finaly, we can obtain the cepstral representation for the
SEEVOC envelope.

As said in [1][2], the procedure is not dependent on the peaks
being harmonic or on the exact value of the average pitch, since
the procedure resets itself after each peak has been found. And
any low-level peaks within a pitch interval will masked by the
largest peak, presumably a peak that is close to an underlying
harmonic.

2.3 discrete cepstrum

There are some disadvantages in the previous methods. Such as
it can generate accurate envelope, only when we use sufficient
number of cepstrum. The envelope estimated by using cepstrum
descends down into the space between the partials when they are
spaced far apart. All this problems can be avoided by the discrete
cepstrum method [4].

Unlike the previous two methods, cepstrum or revised cepstrum,
which is computed from a spectral representation of the signal
with points spaced regularly on the frequency axis, the discrete
cepstrum is computed from distinct points in the frequency-
amplitude plane.

This property is more desirable because in a sinusoidal model,
some spectral peaks of a sound do not have to be regularly
spaced in frequency.

Let’'s suppose that the amplitude envelope is known at L discrete
normalized frequencys fk and @, is the amplitude envelope

measured at frequency fk . Then the log-amplitude envelope

A.(f) canbecalculated by the real cepstrum parameters C, .

A(f):c0+22p:c, cos(2xfi) (5)

i=1
Now, the problem is to determine the real cepstrum parameters

C in order to make the log-amplitude envelope At(f)

1
calculated a f, is as close as the desired amplitudes @, .

Contrary to the method used by the previous two methods, which
applying a Fourier transform directly, the real cepstrum

parameters C are estimated by introduced a weigthed least

I
squares criterion which takes the simple form.

L
g:zwk | 20l0g,, a, —A:(fk)llz (6)
k=1

W, are weights that can be used to obtain a better fit at certain

discrete frequencies. This criterion can be concisely
represented in a matrix form as:

e=|la-Mc|? =(a-Mc)"W(a-Mc) (7
where
a:2q|0910(a1)---|0910(aL)]T
1 2cos(24f,2) ... 2cos(24f, p)
M=|: : :
1 2cos(24f, 2) ... 2cos(24f, p)
and W =diag(wW,,W,,---W, ) is the diagonal matrix of
weights.

Then the solution of the C, is:

c=(M "WM) M "Wa ©)

But this method is not perfect, there are some disadvantage and
some review can be found in [4].

2.4 regularized discrete cepstrum

This technique is based on the Galas/Rodet approach and makes
use of regularization technique. This method revises the least-
sguares criterion (6) as follews:

8=Zwk lI20l0g,, & — A (T) IF + ARA(T)] ©



where R A, (f,)] isapenalty functional: when the envelope

is smooth, R is small, and when the envelope is too steep, Ris
large, A isthe regularization parameter[4].

In the following, we use

RA] = [ [SA ()P (10)

12" df

as asomoothness criterion. And C; take the form:
c=(M"WM + AR) "M "Wa (11)

and R is the diagona matrix whose diagona entries are

87°[01%,2%,---P?].

2.5 discrete cepstrum based on the optimization of the
Likelihood Criterion

This method introduce a new performance criterion referred to as:
OLC for “optimization of the Likelihood Criterion”, which is
different from that used by discrete cepstrum and regularized
discrete cepstrum[2]. The criterionis:

e—EIom( 3&+A(fk) —lody(2 q"?l(fk))]MR[A(fk)] (12)

As is said, the likelihood criterion is convex with high
probability in a neighborhood of the true envelope for low noise
levels and the optimization procedure is not very sensitive to the
its initialization. But the iterative optimaization approach is too
demanding.

3. EVALUATION
In order to test each spectral estimation technique, we
integrate all of the spectral envelope estimation methods into a
sinusoidal coder. When we put the real speech into the coder,
each method will produce an output. The next thing we must do
is to measure each of the output to determined which result is
more desirable.

Nowaday, in speech coding and speech recognition, there are
some objective spectral distance measure methods have been
widely used [9], such as Euclidean distance between Mel-
frequency cepstral coefficients, the most commonly used
distance measure in automatic speech recognition. However,
Itakura-Saito Distortion Measure(lS), Log-Likelihood Ratio
Measure[LLR], Log-Area-Ratio Measure[LAR], Weighted
Spectral Slope MeasurefWSS], etc are standard criteria in
speech coding[8]. Now that all the experiments are implemented
in a coder, so we select these methods as algorithm performance
criteria. The reason why we use the different spectral-distortion
measures is to view the different envelope estimation techniques
from different perspectives. Because these different envelope
estimation techniques use different error criterions, in some case

an envelope estimation technique may be desirable to a spectral-
distortion measures but not suitable to others.

As the same time, taking the different dynamic ranges in the
result generated by different spectral distance measure methods
into account, we select the Auto-Regressive(AR) approach for a
reference. And all other result is divided by the result obtained
by the AR approach.

As is said in paper [9], there are several ways to obtain overall
quality score. For most measures, finding a mean across a large
test set is reasonable. In this experiment, we take the similar
method, 1) eliminate the exceptional value. 2) find the mean
using the first 95% of the frames.

(table 1)**

I I 1 v \%

IS 1.042 1.032 1.002 0.988 0.985

LLR 1.407 1.051 1.072 0.895 1.180

LAR 1.138 1.129 1.035 1.002 1.093

WSS 0.973 0.973 0.918 0.865 0.951

Table of normalized average spectral distortion results for real
speech, the pitch is about 110hz. The Signa- to — Noise
Rate(SNR) is 50db.

(table 1)

I I I v \%

IS 0.955 0.965 0.982 0.981 0.964

LLR 1.073 1.073 0.995 0.994 1011

LAR 1.0915 | 1.021 0.993 0.992 0.978

WSS 0.938 0.933 0.880 0.878 0.944

Table of normalized average spectral distortion results for real
speech, the pitch is about 110hz. The Signal- to — Noise
Rate(SNR) is 10db.

According to the two tables, we will find that if we divided the
five spectral envelopes estimation methods into two class, class |
include method | and 11, and the othersin class 1, the class
Il issuperior to class|. Whilein class I, method Il is more
desirable.

The method V in class I is not as good as we expected, |
guess that method V is focused on the voiced parts of
speech, while in the real speech, there are many unvoiced
parts.

1+ Note: (1) refer to the method mentioned in 2.1.



4. CONCLUSION

In this study, we have compared some spectra envelope
estimation methods. Although the final result of the spectral
envelope estimation based on the optimization of the
Likelihood Criterion is not the best, it is not means that it
is not a good method. Because this method mainly aims to
the voiced parts of speech. We believed that if this method
can extend to the unvoiced parts of speech, it will be better.
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