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ABSTRACT
Speech synthetizers, based on "multipulse excitation" are characterized
by a good voice reproduction quality.
Previous work have suggested sub-optimal iterative procedures addressed
to identify the positions and amplitudes of the excitation pulses in an
environment substantially stationary. )
In this paper the "unsolved ambiguities" related to the non-stationary
nature of the speech signal are shown.
Then a new approach is suggested, providing the distance between the ori-
ginal signal and the synthetic one, that allows an improvement of the
signal to coding noise ratio and reduces the computation time.
1. INTRODUCTION ! !
The speech coding and synthesis through a pre- .
diction analysis introduces a broad class of PULSE s ALL-POLE sl
synthetizers, likely represented in the general GENERATOR DIGITAL [—»
scheme of Figure la. FILTER
Rk | 30k | FIGURE 1b - MULTIPULSE SYNTHETIZER
EXCITATION ALL-POLE 2 . L
RENERETOR oIGITAL  F——— The optimal amplitudes and p051E1ons can be
FILTER theoretically calculated by an "analysis th-
rough synthesis" procedure which minimizes a

frequency weighted mean square error between
the original speech waveform and the synthetic
one (Figure 2). The error weighting # {-

perties of the human ear.

/
Al M takes int t the audit ki }
) YN th&M\_ akes into accoun e auditory masking pro-

SPECTRAL FINE  SPECTRAL  SYNTHETIC The error minimization procedure leads to a
STRUCTURE ENVELOPE SPECTRUM non linear system. In order to solve this
problem a sub-optimal iterative procedure is
FIGURE la - GENERAL LPC SYNTHETIZER proposed by Atal and Remde [3]. This procedure
performes the error minimization searching a
The all poles filter reproduces the short time pulse (amplitude and position) at a time, with
speech spectral envelope and the filter coef- no further recalculation of the amplitudes and
ficients are obtained through linear predic- positions of the previously selected pulses.
tion of speech signal, that leads to the well- Prr—
known covariance or autocorrelation procedures
(11, [2). | A0 SPEECH
The excitation generator strongly influences %k | §liE RARE
the speech quality. In the traditional LPC +-| PULSE SYNTHESIS
vocoders, the excitation is constituted, ac- r GENERATOR FILTER _
cording to the nature of the incoming speech 1
signal, either by pulse generator for voiced : OPTIMIZED
sounds, or by a white noise generator for un- | AMPLITUDES AND e(k]
voiced sounds (Figure 1b). | POSITIONS T/ ()
A multipulse excitation has been proposed by
Atal and Remde [3], to improve the voice qua- [___ ERROR a ERROR
lity. This excitation is constituted by a MINIMIZATION [* WEIGHTING
stream of pulses in opportune positions and
with suitable amplitudes. Obviously a more
detailed source description implies an in- FIGURE 2 - ANALYSIS THROUGH SYNTHESIS
crease of the bit rate from 2.4 Kbps (tradi- PROCEDURE FOR OPTIMAL PULSE
tional LPC vocoder) to 9.6 - 12 Kbps. SEARCH
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In practical situations, taking into account
the non-stationary nature of the speech signal,
different error criterium, i.e. different di-
stance measures between the original and the
synthetic signals, can be derived from the
previously mentioned approach.

In this paper a new distance measure is pro-
posed. This distance tries to overcome the pro-
blems connected with a non-stationary speech
model, improves the synthetic speech quality
and reduces the calculation amount.

2. ERROR CRITERIA FOR A SUB-OPTIMAL PULSE
SEARCH

Starting from the general error criterium ou-
t1ined in introduction, a non-ambiguous di-
stance can be derived assuming that:

i) The transformation ¥ {.| is time-invariant.
(

ii) The speech signal is time limited, say k=0
to N.

In this hypothesis,. #{.}can be described by the
transfer function:

1

Hif) =

F3 - 1
1—}__‘2’",,[,,.1 7. d2mt/2W (1)

The weighting function is generally described,
(31, (5], by means of a linear filter ¥W{.}
time-invariant in this case, whose transfer
function is:
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in which yis a constant in the range from 0.8
to 0.9. The distance to be minimized by the
multipulse sequence x[k] is given by:

~ 2 ) 2
D=l-I \EH)W(Hldf= Z:‘e“]*wﬂl% (3)
- k=0

2W

where E(f) = S(f)-S(f) and S(f), 5(f) are the
DFT of S[k], S[k] respectively.

Unlikely, in real situations, the speech si-
gnal has an indefinite length and the predic-
tion coefficients are updated every N samples;
therefore the transformation J#{-} and W}
can be considered to be stationary only in
limited time intervals, and the environment
becomes non-stationary.

Nevertheless a non-stationary approach can
be avoided if, the time-invariance of the pre-
diction coefficients in each frame (N samples
length) is taken into account. With this as-
sumption two possible approaches have been
presented (3], La].

The first approach leads to choice the mul-

tipulse sequence R[J][k] (*) for each frame §s
which minimizes in frequency domain the di-
stance (3) evgluated for frame j.

In formula xliJ [k], is chosen in order to mini-
mize:

J "z @) e W
o, )=E%VJ’J E (W (f)ldf=2;;)e[ [kl* w (k] ( (4)

where the simbol * stands for convolution in
time and W4 (k] is the impulse response of the
weighting filter. .

In a second approach, (a7, i[J] [k] f{s selec-
ted for each frame j by minimizing the weigh-
ted error along the frame duration. In other
words, %LiJ[k] is chosen in order to minimize
the quantity:

< N-1 2
Dz(J)= Z }e“llk]* w('”lk] (5)
k=0

Both methods (4), (5) are not satisfactory
from a theoretical point of view. To focuse
this aspects let us introduce the prediction
residual, [1]:

x(k)=. 7" s[k]% (6)
and then let decompose s[k] and e[k] as follows
(Figure 3):

k= & witn: s“)me.%ti“‘m{ (7)

J=1

aliwl ij Dt with: okl ss“’lkl—.%;i“){ % {(8)

After, let us suppose that the lenght of im-
pulse response of all filters used is lower
than N so that the duration of signal (Figure
3):

(J) B 0' for k<N
0 1kl = e(J)[k]forKZN (9)

is lower than N, also in case of perceptual
weighting. With the previous notations and
hypotheses the (4), (5) become respectively:

(*) In that follows, we indicate by j the cur-
rent frame index, by a superscript (j) a
generic quantity related with the frame J,
by superscript [j] a generic signal mul-
tiplied with a rectangular window having
the same frame length. In addition, the
subscript j represents signal filtered by
the weighting function (2), (with the pa-
rameters calculated in the frame j), and
the index k ranging from 0 to N-1 in the
frame j.
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0< k <N (12)
tél)[kl=€Z/”¢;kg;u°[k]$‘ (13)

and a, and m, are respectively the pulses am-
plitude and positions in the frame j.

Let us analyze the obtained distance measu-
res, (10), (11). From (11) it is to say that
the pulses contribution depends from their
positions. In effect the pulses near to the
right edge of the frame, give a poor contri-
bution to the error D2, and therefore are
often discarded. This fact gives rise to a
residual error component which varies within
the frame (buzz noise) and then, does not re-
present an optimal choice for the distance
criteria.

From (10), we observe:

i) The first term depends only from the multi-
pulse sequence in the frame j;
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FIGURE 3 - PLOTTING IN TIME OF THE VA-
RIOUS SIGNALS INTRODUCED IN
THE TEXT

ii) The second term depends only from the mul -
tipulse sequence in the previous frame

i-1;

iii) The third term depends both from RD'J] (k]
and x4 [k, but is generally very small
c?mpared to the previous ones;

iv) The forth term depends only from i[J] [k].

and it subtracts to the energy of the si-

gnal e;(j) (k] the component outside the

frame interval j.

Therefore, the pulses allocated near to the
right edge of the frame give their contri-
bution to the term 0141}, through the compo-
nent ii, (that do not contribute to the choice
of 2lil[k]) and not to the term D14}, due to
the subtractive component iv; in turn, this
fact produces again an increase of error at
the edges of each frame.

Now, observing that in the distance averaged
over all frames, the terms ii) and iv) tend to
be eliminated, since the components 4;'i'[k]?
(from D14J) ) andqfﬁz [(k1%(fromp;li~1)) arise
from the same term o i) [k],” fijltered hy
weighting functions belonging to contiguous
frames. This circumstance is very favourable,
because it allows to erase both terms ii) and
iv) in eq (11); this fact, in turn, produces a
little variation in the definition of the ave-
rage distance, but ?‘noticeable improvement on
the sensivity of D1W'on £ld1[k] , and on the
insensivity of D™, n # j, on X J1 k). As a
result, our proposal is to choice x0] [k]
so that the distance

). go[ej(-j)[k]]"'zg)o“-‘)lk]-ej<j)[k] 14)

or equivalently:
00 N 2
Y ge}n[k]+d}J_q[k] (15)
k=0

is minimized. This procedure is more advanta-
geous over those previously mentioned for the
structural simplicity and the considerable
elaboration saving, since it does not require
contour treatments.

3. EVALUATION OF SIMULATION RESULTS

On the basis of the new distance criterium
proposed in paragraph 2., simulation tests
have been performed. The results have been
compared with those obtained using previous
proposed distances. In particular the distance
D1 has been taken as significant benchmark.
As general comment on the results is to say
that with our proposed distance a better si-
gnal to coding noise ratio and a reduction
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of computation time have been obtained. With
reference to the computation time, an impor-
tant result comes relevant; infact, we have
noted that neglegting the component of error
é(J_')[k] coming from previous analysis frame,
only a little degradation occours, in the syn-
thetized speech signal. Using the distance
measure D1, instead, these degradations are
not neglegeables. Thus, using our distance
criterium a more straightforward procedure can
be defined that uses only linear stationary
filters. This fact leads to a relevant compu-
tational saving (more than a order of magnitu-
de).

The curves in Figure 4 illustrate the beha-
viour of the segmental signal to noise ratio
vs the number of pulses per frame. The first
case refers to calculation without the use
of the term¥"[k],and the other with the term
0li-1[k] . The frame length has been selected
to 128 samples, the preemphasis coefficient is
set to 0.4, the number of LPC coefficient s
12 and y = 0.8. The results are obtdined ave-
ranging over two sentences of male and female
speaker each of 1.3 second Tlength. Both sen-
tences are in English language. Figure 5 il-
lustrates the distribution of the average er-
ror along the analysis frame for our proposed
distance and the distance D1. This figure con-
firms the results theoretically obtained, i.e.
the error D1 has higher error components near
the frame edge than those presented using the
proposed distance criterium.
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4, CONCLUSIONS

In this paper a new procedure for calculating
positions and amplitudes of pulses for multi-
pulse voice synthetizer has been proposed.
This procedure is based on a new distance cri-
terium between original and synthetic signals,
that overcomes problems due to non-stationary
nature of the speech signal. Using this proce-
dure, improvement in signal to coding noise
ratio and considerable saving of calculation
has been obtained in comparison with previou-
sly presented algorithms.
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