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ABSTRACT

MELP (Mixed Excitation Linear Prediction)
vocoder produces much hmproved voice quality
compared with the traditional LPC vocoder., A
LPC synthesis filter which mimics the vocal tract
characteristics is excited with the mixture of pulse
and noise instead of noise alone. Jittering is in-
troduced to the excitation pulse train in terms of
both amplitude and period to increase the natu-
ralness of speech, Furthermore, the mixture ratio
of pulse to noise is controlled individually for each
of & asub-bands. Since voice analysis extracts PAR-
COR parameters and sub-band gains to transmit
for synthesis at a remote location, a low bit-rate
of 2.4 kbps is sufficient for telephony applications.
This paper describes an implementation of MELP
which uses the lifting wavelet transform in place
of the bandpass filter bank required for sub-band
division in the MELP vocoder. A new method to
generate an appropriate glottal waveform is also
described. In addition, three kinds of Auetuations
observed in the steady parts of voiced speech are
incorporated to enhance the naturaluess of syn-
thesized speech,

1. INTRODUCTION

MELP wvocoder as a speech codec is more ad-
vantageous when the data rate is limited, Tes

vilce quality is potentially eomparable to 4.8 kbps
CELP (Code Excited Linear Predictive) vocoders,
in spite that it runs at 2.4 kbps data rate [6]
The main concept of MELP wvocoder is to per-
forin voiced/unvoiced decision in each subband
and to generate excitation signals based on the
decision. Mixing periodic and aperiodic comnpo-
nents in voiced excitation signals contributes to
enhance the naturalness of synthesized speech. In
the MELF vocoder, usually 5 subbands are con-
sidered to analyze their spectral components for
the decision making. A filter bank consisting of 5
handpass filters are used for this purpose. Since
the wavelet transform can efficiently divide speech
signals into subband components, the filter hank
can be replaced by the wavelet transform. A
fast algorithi of the wavelet transform, lifting
scheme [3], was employed to perform the subband
division in our MELP implementation. The Lft-
ing scheme is suited particularly for the real-time
implementation of MELP vocoder becanse of its
computational efficiency,

Another factor which significantly influences
the voice qualily is the characteristics of glot-
tal wavelorm [5, 6]. This paper mentions a new
method to maodify the triangular pulse nsed in
voiced excitation, so that its excitation ratio that
determines voice quality can be adjusted. In or-
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der to improve the frequency characteristics of a
triangnlar pulse which tends to degrade at high
frequencies, the randomn fractalness observed in
source signals obtained by LPC inverse filtering
was added to the triangular pulse. In an acousti-
cally clean environment, the MELF vocoder worls
as a normal LPC vocoder, sinece every snbhand
tends to decide voiced speech as “voleed” due to
the high signal-to-noise ratio, Under such cireum-
stances, Lhe voice tends to be huzzer-like, In order
to mitigate this degradation, three kinds of fluc-
tuations which are always observed in the steady
parts of voiced speech were incorporated into our
MELP vocoder [1].

2. LIFTING WAVELET TRANSFORM

The lifting scheme is a fast algorithm of the
wavelet transform [3]. Low-pass and high-pass fil-
tering by convolution used in the classical wavelet,
transform procedure are avoided.  Instead as
shown in Fig. 1, the lifting scheme follows the pro-
cess of (1) aplitting an original sequence into an
even and an odd sequence, (2) subtracting the pre-
diction estimated by the even sequence from the
odd sequence, and [3) updating the even sequence
with the estimate in order to avoid aliasing ef-
fects (3] Splitting the even sequence resulis in fur-
ther dividing the signal into two subbands, Apply-
ing this procedure make the even sequence repre-
sent the coefficients of the scaling function and the
odd sequence to represent the wavelet coefficients.
The lilting scheme ecan reduce the computational
redundancy involved in the classical seheme, Fur-
thermore, in-place calenlation can be performed
to save the extra memory needed to store the re-
sults of convolution.  The sealing function and
wavelet used in this study s shown in Fig. 2.
The prediction utilizes four adjacent even samples
whose weights are (-1/16, 9/16, 9/16, -1/16), This
6 called eubic interpolating wavelet transforn [3)].
The lifting wavelet transform of cubic interpaola-
tion requires & FLOPS (floating operations) for
caleulating a coefficient of scaling function and a
wavelet coefficient, while the classical implemen-
Lation requires 17 FLOPS. Figure 3 shows the fre-
quency characteristics of the five subbands divided
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Figure 1: Wavelet transform: {a) classical imple-
mentation, (b) lifting scheme,
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Figure 2: Cubic interpolating wavelet transform:
[a) scaling function, (b} wavelet,

by the lifting wavelet transform. Sinee the pre-
diction nzes only four even samples, subbands are
not well separated. This problem can be resolved
by increasing the number of samples used in the
prediction. However, this leads to increasing the
computation by the factor of two [3]. Priority is
given to computational efliciency over the precise
subband division for the sake of real-time imple-
mentation, Figure 4 shows the examples of the
reconstrncted signal in each subband.

Voiced imvoiced decision was made in each of
the 5 subbands by evalnating the magnitude of
normnalized autocorrelation function of the wavelet
coeflicients (level —1 to —4) as well as the coeffi-
cients of scaling function {below level —4) allow-
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ing a lag of the estimated piteh period [6]. Since
the mumber of the samples available for the auto-
correlation caleulation is getting smaller progres-
sively at lower levels, this also reduces the com-
putation. In order to enhance the robustness of
the decision making, a normalized antocorrela-
tion function after rectifying and smoothing the
coefficients was also attempted [6]. Smoothing
was performed by a —6 dB/obtave low-pass filter.
FPitch period was estimated from the periodicity
in the antocorrelation function of the residual sig-
nal smnoothed by the same —6 dB foctave low-pass
filter.

3. MODIFYING TRIANGULAR PULSE
BY RANDOM FRACTAL
INTERPOLATION

The signal model of the excitation signals for LPC
vocoders are defined as spectral —6 dB/octave
in the frequency domain, which ineluded —12
dB/octave glottal and +6 dB/octave radiation
characteristics from the mouth [5]. As mentioned
in the literature [6], excitation signals that em-
ploy a triangular pulse are considered to be more
proper for synthesizing human-like natural voice
guality, since it has no discontinuities as observed
in the conventional rectangular pulse excitation.
However, the frequency characteristics of trian-
gular pulses do not meet this required frequency
characteristics for LPC vocoders, especially in the
high frequency region [6].

The graph (a) in the upper panel of Fig. 5
shows an example of triangular pulses for which
nain excitation ratio (FR) s 327512, where main
excitation ratio is defined as a ratio of the largest
to the fastest change in an execitation signal. The
[recuuency characteristic of the triangular pulse is
shown by graph (a) in the bottom panel of Fig,
5. Apparently, the frequency characteristic decays
faster than —6 dB/oct. In order to mitigate this
problem, a technique called random [ractal inter-
polation was devised [2]. It takes advantage of the
random fractalness observed in the source signals
obtained by the LPC inverse filtering. The curve
(b} in the npper panel of Fig, 5 shows an example
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Figure 3: Frequency characteristies of fve sub-
bands.

of such triangular pulses that are modified by the
proposed method, The lower panel of Fig. 5 shows
that the frequency characteristies of the modified
triangular pulse hecome more compliant with the
signal model of LFC vocoders, since it approx-
imates —6 dB/octave. The modified triangular
pulse, however, still maintaing almost the same ex-
citation ratio as the original triangular pulse even
after the frequency characteristics is changed,

Vaice cuality of synthesized speech changes as
a function of the excitation ratio [4]. The smaller
the excitation ratio, the clearer is the voice. The
larger the excitation ratio, the softer sounds the
voice. In this implementation, the excitation ratio

was determined to be inversely proportional to the
peakiness defined in Eq.(1] [4, 6].
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4. THREE TYPES OF FLUCTUATIONS
IN STEADY VOICED SPEECH

Even in the most steady part of voiced speech,
speech signals are not completely periodic. Flue-
tuations in pitch period and in maximum am-
plitude are always observed. In addition, wave-
form itself changes slightly from a piteh period
to a pitch period. These three types of Quetu-
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Figure 4: (a) Residual signal. {b} - {I) Recon-
structed signals in five subbands: {b) level -1, (o)
level =2, (d) level =3, (e) level —4, and (£} less
than level —4.

ations are considered to be the contributing fac-
tors for the naturalness of voiced speech [1]. Our
earlier study indicates that pitch period fuetu-
ation and maximum amplitude fluctuation ean
be modeled as 1/f Nuctuation [1]. The model
for waveform fluctuation can be simply a white
noise when excitation signals are regarded as —6
dB/oct [3]. When implementing these Quctuations
i the MELFP vocoder, the standard deviation for
the pitch period was set to 0,05 msee, and the co-
efficient of variation was set to 7.5 %. The power
ratio of the waveforim fluctuation to the modified
trinngular pulse was set to —30 dB. An “aperi-
odie flag” which indicates the peakiness defined by
Eq.(1) [6] was incarparated in the MELP vocoder.
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Figure &: (a} Triangular pulse. (b} Resull of ran-
dom fractal interpolation.

When the aperiedic flag was true, the standard
deviation of piteh period fluctuation was increased
to (.1 msec.

5. IMPLEMENTATION OF MELP
VOCODER

A block diagram for the synthesis stage of
our MELP vocoder is shown in Fig. 6. TFor
the volced speech, the modified triangular pulse
was repeatedly concatenated to generate periodic
excitation signals. Then, the wavelet transform
was applied to the excitation signals. Using the
voiced funvaiced information for each subband ob-
tained in the analysis stage, random wavelet eo-
efficients were added to such subbands that are
marked as unvoiced.

This MELFP wvocoder was implemented on a
DSP evalnation board (TMS320C62 [7]). to con-
firm a feasibility to execute in real-time the MELP
vocoder as deseribed in this paper., The MELP
vocoder was programmed in C language. Com-
pared with ordinary LPC vocoders, the voice qual-
ity was more natural, Buzzer-like volce was also
less noticeable. Three kinds of fluctuations in-
corporated into our MELP vocoder have signifi-
cantly enbanced the naturalness. Ewven when all
subbands are switched to the voiced excitation, no
buzzer-like voice was heard. Especially, the nat-
uralness of female speech which tends to degrade
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Figure €i: Blockdiagram of the synthesis stage of the MELP vocoder: (a) excitation for voiced speech,

(b} speech synthesizer.

with the ordinary LPC vocoder was remarkably
improved.

6. CONCLUDING REMARKS

This study confirmed that mixing periodic and
aperiodic components in excitation signals con-
siderably enhanced the naturalness of the svo-
thesized speech. Despite the added features in-
troduced based on the preceding research efforts,
Le. inclusion of the fractal interpolation and three
types of fluctuations found in voiced speech, the
MELFP wvocoder was successfully mplemented in
its entirety by using a TMA320C62 DSP system,
The suecess largely owes the lifting scheme of the
wavelet for its computational efficiency in subband
filtering,
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