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ABSTRACT

This paper describes a method to achieve high-quality
synthesis of speech from data coded in LPC-10 format. The
method utilizes the Multi-Band Excitation (MBE) model for
speech generation. In order to drive the MBE synthesizer, a
set of voiced/unvoiced (V/UV) decisions for the pitch
harmonics has to be regenerated from the coded LPC data.
In this paper, we introduce a training and classification
technique to extract the correlation information related to the
spectrum envelope and the excitation. It was found that the
speech spectrum envelope and the excitation are highly
correlated, and a footprint of the V/UV mixture function can
be extracted during the training stage and then stored
alongside with the spectrum envelope information. This
V/UV information can later be used to estimate a set of
V/UV decisions for MBE synthesis. Unlike the conventional
LPC speech which sounds buzzyness due to a single V/UV
switch for the whole spectrum, it was demonstrated that the
speech generated by the new method sounds very natural and
of high quality.
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1. INTRODUCTION

Linear predictive coding (LPC) is a mature technique for
coding speech signals to 2.4 kbit/s. Although LPC speech is
intelligent, the speech quality is rather poor. The reason
behind this is mainly due to a simple model it uses to generate
the excitation. The rigid classification of speech signals into
voiced and unvoiced parts introduces distinct mechanical
sounds into the synthesized speech. Recently, multiband
excitation (MBE) model has been shown capable in producing
high-quality natural-sounding speechf1]. Instead of using a
single voiced/unvoiced (V/UV) decision for the whole speech
spectrum, in multiband model, the excitation signal is
represented by a series of V/UV decisions on the harmonics
of the fundamental frequency. This allows voiced and
unvoiced excitations co-exist within the signal band, and as a
result of this improvement in modelling, the quality of the
synthesized speech is increased. Since LPC has long been
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established with many applications, there exists a large
number of speech signals coded in LPC format. It is thus
worth developing techniques to improve the quality of the
synthesized speech while keeping the LPC encoding format.

In LPC-10 format, the short-term spectrum information is
represented by 10 reflection coefficients. A single-bit V/UV
flag indicates whether the entire spectrum is declared voiced
or unvoiced. In case of voiced speech, the pitch value is also
coded. There is also a parameter specifying the gain of the
synthesis system. The parameters for MBE synthesis
compose of a pitch frequency, the spectrum magnitudes and
the V/UV decisions for all pitch harmonics. Since the pitch
information is available, a straight forward method to obtain
the spectrum magnitudes for MBE synthesis is by sampling
the LPC spectrum on the pitch harmonic frequencies.
Obviously, in order to drive the MBE synthesizer, a set of
V/UV decisions has to be regenerated from all the available
information encoded in LPC-10 format. Since the only
available information are a single-bit V/UV decision and the
LPC spectrum envelope, we have to find ways to recover the
V/UV decisions for all pitch harmonics from these
parameters.

2. GENERATION OF THE V/UV DECISIONS

We now hypothesis that correlation exists between the short-
term speech spectrum envelop and the degree in mixture of
voiced and unvoiced excitations. This hypothesis can be
easily verified by examining some typical spectrums of voiced
and unvoiced frames shown in Fig. 1(a) and Fig. 1(b). For
voiced frames, there are spectrum regions with strong
formants and the excitations near the formant regions are
most likely to be voiced. However, for unvoiced frames,
there are unlikely to have strong formants in the spectrum and
the chance for excitations to be classified as unvoiced is high.
Also, it is most likely that speech signals at the high
frequency regions are unvoiced. By using a long-term
statistical approach based on training from real speech signals,
it is possible to extract these correlations and save them in a
knowledge base so as to regenerate the V/UV decisions for
MBE synthesis.
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Fig. 1 (a) Voiced & (b) Unvoiced Speech Spectrums

The idea to extract V/UV excitation information is relatively
simple. In the first step of training, vector quantization (VQ)
is applied to classify speech spectrum vectors into a finite set
of prototype vectors[2]. Then, the training procedure
proceeds as follows: For each input speech segment, an MBE
analysis is performed to obtain a pitch frequency and a set of
V/UV mixture values over the pitch harmonics. Note that it
is not necessarily to have a rigid decision for each harmonic
as in the original MBE coding system, instead a value
indicating the degree in mixture of voiced and unvoiced
components is used as the reason that will become obvious
later. By assuming that the V/UV mixture values are constant
within the harmonic band, then a V/UV mixture function
(which is a function of frequency) can be constructed for each
input spectrum. Meanwhile, the spectrum of the same speech
segment is mapped to one of the prototype vectors in the
codebook by using a nearest neighbor rule similar to VQ
encoding. This analysis/classification procedure continues
until all input speech frames are analyzed and mapped. After
the mapping, each prototype spectrum vector should have a
cluster of speech spectrums; each of them has an associated
V/UV mixture function as parameter. In the next step,
speech vectors in each cluster are grouped, and the V/UV
mixture functions are averaged. The averaged V/UV mixture
function are then compared with a V/UV threshold. For a
value below this threshold, it is clipped to zero indicating
unvoiced excitation , otherwise it is clipped to one indicating
voiced excitation. As a result of this grouping process, a
binary V/UV mixture function is obtained in each cluster.
These parameters will be stored alongside with the
corresponding prototype spectrum vector in a table which will
be used by the MBE synthesizer. In the synthesizer, the
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decoded LPC spectrum is matched to the prototype spectrum
in the VQ table. The binary V/UV mixture function
corresponding to the closet prototype spectrum is then
extracted. Together with the decoded pitch value, a set of
V/UV decisions will be obtained by sampling and grouping
the extracted V/UV mixture function over the pitch
harmonics.

3. TRAINING PROCEDURE AND MBE ANALYSIS

In this work, a large speech corpus comprised of male and
female speakers is used for training. The speech data were
carefully chosen so that they cover a wide range of pitch
frequency variations and also they contain a right proportion
of voiced and unvoiced sounds. Speech signals are sampled
at 8 kHz. A VQ codebook having 64 codevectors are
generated using the Generalized Lloyd algorithm{2]. We use
autocorrelation analysis and likelihood ratio distortion for
codebook generation. Experimentally, we found that a table
size of 64 (6 bits spectrum codebook) is sufficient to capture
all possible variations in V/UV mixture in speech signals.
We utilize a technique developed by Griffin for MBE
analysis[1]. In this analysis, the input speech spectrum S(w)
is matched to the synthetic spectrum by minimizing the error
function £(p) with respect to the pitch frequency p, i.e.,
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where B is a weighting factor for unbiasing the pitch
dependent error, and A,, is the band magnitude defined as
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with p, being the pitch frequency such that E(p) is

minimum. If there are N frequency samples over the whole
speech spectrum, then
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The excitation spectrum E(w) is constructed from shifted
main lobes of a transformed Hamming window. The error in

each individual band £, €[0,1] is calculated as
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which is an indication of the degree of voiced and unvoiced
excitation in band m with centre frequency ,. The band

is voiced if £,~0 and is unvoiced if §,~1. Assume that

this error is constant over the entire band, we can define a
V/UV mixture function as
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Therefore, we can generate one a(w) for each input speech
segment. In actual implementation, the speech signal is
windowed by a 256-point Hamming window and then
transformed to frequency domain using FFT. All 128 useful
frequency samples are then up-sampled 3 times and linearly
interpolated to obtain 384 samples for analysis. Therefore,
fractional pitch of one third of the integer pitch can be

achieved and a(w) consists of 384 points. Once all input
training vectors are mapped to the spectrum codebook, each
codevector in the codebook should own a cluster of training

vectors. All a(w)’s within the cluster are then averaged to
achieve a single V/UV mixture function «(w) for each

codevector. Afterward, a(w) is clipped to a threshold level
of 0.5, and a 384-bit binary number is formed and stored
alongside with the corresponding codevector. Because there
is a possibility that speech segments having voiced excitation
and speech segments having unvoiced excitation are all

mapped to the same codevector. Averaging a(w)’s would
thus degrade the discriminative power of the V/UV mixture
function. Therefore, we further utilize the single-bit V/UV
information encoded in conventional LPC format to improve
the performance of our system. A voiced/unvoiced
classification (for the whole speech spectrum) will also be
performed in MBE analysis during the training. By doing
this, a codevector now owns two clusters; one contains speech
vectors which are classified as voiced and the other contains
unvoiced speech vectors. Two averaged V/UV mixture
functions for each spectrum codeword are then derived.
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Fig. 2 Plots of V/UV Mixture Functions
for a Prototype Spectrum

Fig. 2 shows the plots of a(w) for both voiced and unvoiced
speech and the LPC spectrum of the corresponding
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codevector. The results were achieved using the training
method described above. We can see from these plots that
each averaged V/UV mixture value falls naturally either in the
voiced or unvoiced level; this means that the V/UV levels in
similar speech frames are strongly correlated. Also, it is
interesting to point out that the V/UV mixture functions for
the voiced and unvoiced speech are distinctively different. In
order to evaluate the performance of this classification
scheme, we calculate the percentage error of incorrect V/UV
decisions by counting the number of wrongly classified V/UV
decisions as

T
1 n;

(. -=Y|—

v X |0,

where n, and M, are the number of wrongly classified

decisions and the total number of harmonic bands in each

speech frame, respectively, and T is the total number of the
training vectors. Table I shows the percentage errors for
various spectrum codebooks of different sizes.

}xloo% ©®

Codebook Size 32 64 128
Cw 19.4 14.3 13.5

Table 1
4. SPEECH SYNTHESIS BY USING MBE MODEL

A block diagram of the proposed speech synthesis system is
shown in Fig. 3. The LPC-10 data are firstly decoded. The
short-term speech spectrum parameters represented by 10
reflection coefficients are then VQ encoded using the trained
codebook (with 64 codevectors). In actual implementation,
10 reflection coefficients are used to generate a covariance
sequence, and the sequence is matched to the codevectors in
the codebook using likelihood ratio distortion measure. By
using the decoded V/UYV flag to select the voiced or unvoiced
tables, a binary V/UV function associated with the optimal
codevector is then extracted. With an aid of a decoded pitch
value, a set V/UV decisions over the harmonic bands is
derived by counting the majority of voiced and unvoiced
components within the band. These V/UYV decisions together
with the decoded pitch value and the sampled LPC spectrum
magnitudes are then fed to a MBE synthesizer for speech
generation. Practically, the voiced excitation is synthesized
in time domain by summing the outputs of sine wave
oscillators with the oscillating frequencies at the pitch
harmonics declared voiced. The amplitude of the sine wave
is set to the decoded band magnitude. The oscillating
frequencies and amplitudes are linearly interpolated between
adjacent frames. Since phases of the pitch harmonics are not
available, a phase interpolation scheme based on a quadratic
polynomial function is used to achieve smooth evolution of
phases[3].  The unvoiced excitation is synthesized in
frequency domain. A segment of Gausian white noise is
firstly generated and windowed by a Hamming window. The
windowed noise are then transformed to frequency domain
and normalized to have unit energy. Noise in the unvoiced
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bands are scaled by the band magnitudes while noise in the
voiced bands are set to zero. The filtered noise spectrum is
then inverse transformed and added to the voiced excitation
using a weighted overlap-add procedure. In fact, there is
another approach to synthesize speech by firstly generating a
multiband excitation sequence and then using this sequence to
excite an LPC filter. However, we found that the first
approach, in general, achieves better quality of speech.
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V/UV Mixture] |V/UV Mixture Spectrum
Codebook Codebook Magnitude
{Unvoiced) {Volced) Sampiier
V/UV Declsions
for Each Harmonic
(v/uv] l {A} Pitch
L MBE Synthesis

l Speech Output

Fig. 3 Block Diagram of Speech Synthesis System

There is a noticeable problem in synthesizing speech data
stored in LPC-10 format. Since no pitch value is coded if the
speech frame is declared as unvoiced, we have to find way to
generate suitable pitch values during unvoiced period. By
detail examination of voiced and unvoiced transition regions,
we found that in some cases during voiced to unvoiced
transition, the pitch periods actually increase rapidly as the
vocal cord comes to settle down. We therefore employed a
strategy that during a voiced to unvoiced transition the pitch
period from the last voiced frame is used as initial pitch
period for the following unvoiced frames and this pitch value
is gradually increased frame-by-frame up to the highest
possible pitch period. The pitch values for other unvoiced
frames are set to the highest pitch period. In our MBE
synthesis system, the minimum and maximum number of
pitch harmonics in the signal spectrum are 7 and 48,
respectively, which corresponds to a pitch range from 1.75
ms to 12 ms.

5. SIMULATION RESULTS

The developed synthesis system was tested using speech data
encoded in Texas Instruments 5220 LPC format. The original
speech signals were coded using the OROS LPC speech
development system. These speech signals were not included
in the training set for generating the V/UV table. For the
time being, we haven't performed any DRT test on the
synthesized speech, but informal listening tests show that the
synthetic speech sounds much more natural than the LPC
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speech. It does not have the unpleasant buzzyness occurred
when the synthesizer is switched between voiced and unvoiced
excitations. Another noticeable improvement is the
disappearance of very "harmonic” like sounds occurred when
there is a constant pitch contour in LPC speech. We have
also tested our system using a text-to-speech (TTS) system
where an LPC synthesizer is employed as the acoustics front-
end. In this TTS system the LPC parameters are completely
rule-driven. This test also reveals that the quality of the
synthetic speech is improved with the reduction of mechanical
sounds. Fig. 4 shows the spectrograms of speech signal
generated by the conventional LPC (top) and the proposed
method (bottom). Presently, our research goal is to develop
an IC chip to replace the existing LPC synthesizers which
confront to the TI 5220 LPC format.

Fig. 4 Spectrograms: (Top) LPC, (Bottom) New Method
6. CONCLUSION

This paper describe a novel method to regenerate the V/UV
excitation information from the coded LPC data for MBE
synthesis. This is achieved by extracting the correlation
information between the spectrum envelop and the excitation
using an analysis/classification technique. Simulation results
show that speech generated by the proposed method sounds
much more natural than LPC speech.
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